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Welcome from the President of the Portuguese Acoustical Society (SPA)
Dear Colleagues and friends,
On behalf of Portuguese Acoustical Society – SPA, It is with great pleasure that I welcome you
all to the Congress Euronoise2021, which includes the Iberian Encounter of Acoustics and the
Spanish Congress of Acoustics - Tecniacústica2021. These events, taking place between 25th
and 27th of October 2021, will be a Forum for presenting the most recent works and
achievements carried out in the different areas of Acoustics, contributing to its technical and
scientific progress, from a perspective of research, development and innovation.
In the frame of improving the quality of life demanded by the overall community, the issues related to Acoustics are
assuming nowadays an increasing importance in our society. The Acoustics problems are currently a matter for study and
research at Universities and Research Units, in order to respond to the demands imposed by Governmental Bodies,
Environmental Organizations, Companies, Industry and Citizens in general.
This Congress - organized by the Portuguese Acoustical Society with the collaboration of Spanish Acoustical Society – is hold
under the auspices of European Acoustics Association (EAA) and has the institutional support and the Portuguese National
Civil Engineering Laboratory (LNEC) and the Faculty of Engineering and Technology of University of Coimbra. The Congress,
initially thought to take place in the beautiful island of Madeira, due to the current pandemic situation of Covid-19, had
unfortunately to be carried out virtually, creating a new challenge to all of us, organizers, participants and exhibitors, to
whom we extend our gratitude for their understanding, commitment and dedication.
The Euronoise2021 intends to be part of the International Year of Sound 2020-2021 (IYS). For this purpose, a specific plenary
lecture (third one) was scheduled. This lecture enhances the importance of acoustics in relation to, and with, other
technical, social and scientific areas of expertise, and is respectively entitled: “Diagnostic and therapeutic applications of
ultrasound in medicine” (Prof. Xavier Serres-Créixams; Vall d'Hebron Hospital in Barcelona). The other lectures deal with
acoustics and its ramifications, thus being: “Open plan offices – Effects and Control” (Prof. Valtteri Hongisto; Turku
University of Applied Sciences); Theory versus Practical Cases in Room Acoustics” (Prof. Kristian Jambrosic; Faculty of
Electrical Engineering and Computing, University of Zagreb); and “Acoustics and Environmental Comfort” (Prof. Sérgio Luzzi;
University of Florence).
Despite the pandemic situation, that still prevents the normal physical meetings and interactions between participants, 226
papers were submitted,; and around 300 participants (90 of them being students) and 6 technical exhibitors are registered.
This number is really lower than the usual ones, but the imposed lockdowns and the decrease of global economic activities
are the reasons for that. Notwithstanding this, also, five EAA Technical Committee meetings have their annual gatherings
in the frame of Euronoise2021 and an event of Young Acousticians Network will be held joining students in a Forum of
discussion and cooperation.
Finally, I would like to thank EAA for trusting SPA to organize such an important Congress in the face of several and intangible
constraints. The Euronoise2021, tried to incorporate all relevant aspects of EAA congresses, such as the event itself, the
EAA best paper and presentation Award and the EAA Grants for young researchers. I hope we have succeeded in this
difficult endeavor. Unfortunately, there will not be the most important of any technical and scientific event held in an
Iberian territory: the Social Programs and the interactions between participants. However, let us hope that, next year,
perhaps in a physical location this could be a reality.
I wish you an excellent congress

Jorge Patricio
President of Portuguese Acoustical Society
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2 trademarks.
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SonoBlindTM panels can be sold as a
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SonoBlind can be manufactured in
any material and thus fully tailored
to customer needs.
It can be tailored to different
sources of noise at installation.

Problem: 40% of the EU
population lives or works
where noise in not tackled by
existing legislation, but still
causes stress. Typical scenarios
are open windows in summer,
a private conversation in a busy
hospital ward and a meeting in
a crowded open office.
Solution: SonoBlindTM is a user-controllable partition that gives
the customer full control on unwanted sounds. In hospitals &
homes it takes the shape of a blind, allowing light and airflow but
blocking noise. In open offices, it takes the shape of a partition
and helps to engineer silence, when needed.
Market: Metasonixx owns an acoustic metamaterial platform
technology, backed by two patents and research in two UK
universities (Sussex and Bristol). We target three beach head
markets that we will address sequentially:
1. Air conditioning
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2. Home Offices and Hospitals: Funded by a grant, we are already
testing this solution in hospitals, to manage noise in busy
wards.
3. Plantation blinds

(2018)

Competitive landscape: Uniquely, SonoBlind can be sold as a
stand-alone product or embedded into existing products.
Indoors, SonoBlind panels win as they weight much less than
competitive technologies and allow air through. Other companies
operating with acoustic metamaterials – Sonobex (UK), AMG
(HK), Phononic Vibes (Italy) -- target different markets.
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Business model: We will subcontract manufacturing of SonoBlind
panels in shapes that respond to the market, while building key
relationships with distributors in the beach head markets. We will
maintain the existing revenue in view of licensing agreements.
Current team
Gianluca Memoli, founder & acting CEO, is an expert in
sound/noise management with 15 years of experience. He is a
passionate science communicator and also holds a part-time
position at Sussex University, where he is developing mediumterm innovation for the company.
Bruce Drinkwater, founder, is a Professor in Bristol. He is an expert
in ultrasonic applications of metamaterials.
Lorenzo Bonoldi is an acoustic designer. His expertise lies with the
design of acoustic enclosures and music studios.
Letizia Chisari is an engineer. Her expertise is on acoustic
modelling and environmental noise.
Traction to date
• Current customers: Apollo Tyres, MOVYON.
• Interest from Tier 1 companies in air conditioning,
automotive, white goods and professional audio.
• Media: Daily Mail, RIBA Journal, The Engineer, New Scientist

e-mail: info@metasonixx.co.uk

(2020)

(2021)

URL: http://metasonixx.co.uk
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Welcome by the President of European Acoustics Association (EAA)
The international lockdown due to the COVID19 pandemic has considerably changed the
acoustic environment and the associated soundscapes.
Due to the important reduction of transportation activities, in a few hours, people living near
the airports were able to hear birds again and many people re-discovered the neighbourhood
noise that was masked by traffic noise.
Many publications have investigated these changes in both the airborne and the underwater
domains (reduction of maritime traffic).
Due to the sudden stop (and restart) the noise is more than ever associated to technical progress and development.
The importance of our role, as acousticians in reducing and “reshaping” transport and urban noises is increasing in
such a context. Our mission, in the future years, is to break that link between progress and noise.
The pandemic has also changed our meeting habits; it has created a turmoil in the international agenda of
conferences: many workshops and conferences had to be postponed with no prior notice and with imposed external
constraints. Organizing a conference in such an ever-changing environment was a big challenge.
On behalf of the EAA Board, I would like to warmly thank the organizers of EURONOISE 2021 for their patience, their
resilience and their adaptability.
On behalf of the Board, I would also wish to welcome you all to this virtual edition of EURONOISE and hope it will be
the opportunity for fruitful exchanges.

Prof Manell E. ZAKHARIA
President of the EAA
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Welcome from the President of the Spanish Acoustical Society (SEA)
Dear Delegates,
It is with great honor and pleasure that I welcome you on behalf of the International
Spanish Acoustical Society, to EuroNoise 2021. This congress is organized by the
Portuguese Acoustical Society (SPA), on behalf of the European Acoustical Association
(EAA) and integrates the Iberian Encounter of Acoustics and the 52nd Spanish Congress of
Acoustics - Tecniacústica2021, in cooperation with the Spanish Acoustical Society (SEA).
For three days, acousticians from all over the world will have the opportunity to share the advances in their research
in a field, such as acoustics, which is increasingly important for the development of our society.
The technical program of this Congress, which includes 31 General Sessions and 22 Structured Sessions, covers all
areas will cover the main topics of acoustics and it will make it possible to achieve the objective that is to promote
the development of acoustics and to strengthen relations between researchers in this field.
From the SEA we want to express our gratitude to all the people who have collaborated in the organization of this
event, to the technical exhibitors, who will show us the news of their companies, and, of course, to all the
participants for their valuable contributions to knowledge and the development of acoustics that will be presented
to us in the coming days, especially to young acousticians, who constitute the future of this scientific discipline.
On behalf of the Spanish Acoustical Society, we wish you all a good congress!

Antonio Pedrero
President of the Spanish Acoustical Society
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General Sessions
GS1: Acoustical Metrology
GS2: Active Noise and Vibration Control
GS3: Aeroacoustics
GS4: Aircraft Noise Modelling and Control
GS5: Animal and Bioacoustics
GS6: Auralisation
GS7: Community Noise
GS8: Costs and Benefits of Noise Control
GS9: Effects of Sound and Vibration on Humans
GS10: Environmental Noise Exposure
GS11: Hearing Protectors
GS12: Infrasound
GS13: Instrumentation and Standards
GS14: Legislation and Noise Control Policies
GS15: Musical Acoustics
GS16: Noise Control Materials
GS17: Noise Propagation in Ducts and Pipes
GS18: Non-linear Acoustics
GS19: Numerical and Computational Techniques
GS20: Psychological and Physiological Acoustics
GS21: Room and Building Acoustics
GS22: Signal Processing and Analysis
GS23: Smart Cities and Environmental Acoustics
GS24: Soundscape
GS25: Sound Quality
GS26: Speech and Sleep Disturbance
GS27: Transportation Noise
GS28: Tyre, Road and Rail Noise
GS29: Ultrasonics
GS30: Underwater Acoustics
GS31: Vibroacoustics, Isolation and Damping
Structured Sessions
SS1: Soundscape intervention
(Org.: Brigitte Schulte-Fortkamp, André Fiebig)
SS2: Acoustics of the lockdown
(Org.: Susanne Moebus, César Asensio)
SS3: Urban Sound Environment
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(Org.: Arnaud Can, Papatya Nur Dokmeci Yorukoglu)
SS4: Low-cost sensor networks for noise monitoring and advanced characterization of urban sound
environments
(Org.: Judicaël Picaut, Arnaud Can)
SS5: Open-Plan Offices
(Org.: Valtteri Hongisto, Manuj Yadav)
SS6: Scattering control by sound diffusers and metamaterials
(Org.: Noé Jimenez, Eric Ballestero, Vicent Romero-García)
SS7: Acoustic metamaterials
(Org.: Marco Miniaci, Jean-Philippe Groby)
SS8: Computational methods for acoustic materials
(Org.: Vicente Cutanda- Henriquez, Gwénaël Gabar)
SS9: Measurement of sound absorption
(Org.: Melanie Nolan, Peter d’Antonio, Ning Xiang)
SS10: Exp. and num. approaches for the characterisation of (building) struct. and mats
(Org.: Andrea Santoni, Patrizio Fausti)
SS11: Sound insulation of timber building
(Org.: Federica Morandi, Christian Simmons)
SS12: Development and application of EN ISO 12354 to national building techniques
(Org.: Antonino Di Bella, Luca Barbaresi)
SS13: BIM in acoustics
(Org.: Teresa Carrascal, Tony Lethuillier, Giovanni Semprini)
SS15: Acoustic regulations, enforcement and classification for new and retrofitted buildings
(Org.: Birgit Rasmussen, María Machimbarrena, Carolina Monteiro)
SS16: Characterisation of structure-borne sound sources
(Org.: Fabian Schöpfer, Jeffrey Mahn)
SS17: Prediction of airborne and impact sound insulation
(Org.: Stefan Schoenwald, Jeffrey Mahn)
SS18: Ground-borne noise in buildings
(Org.: Catherine Guigou, Arnold Koopmann)
SS19: Objective and perceptual evaluation of sound fields in indoor and outdoor spaces
(Org.: Louena Shtrepi, Nicola Prodi)
SS20: Parametric modelling and room acoustic simulation
(Org.: Brady Peters, Arthur van der Harten)
SS21: Acoustic environments for children: design and effects on listening and learning
(Org.: Chiara Visentin, Giuseppina Emma Puglisi, Arianna Astolfi)
SS22: Room acoustic effect on voice and instruments
(Org.: Manuj Yadav, Densil Cabrera)
SS23: Session for master students of architecture and civil engineering presenting their thesis work
(Org.: Monika Rychtarikova, Vojtech Chmelik, Yannick Sluyts)
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Sergio Luzzi

Acoustics and Environmental Comfort
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Kristian Jambrošić

Plenary conference

Theory vs. Practical Cases in Room Acoustics
Abstract
In the process of teaching acoustics in general, many theoretical facts and underlying physical principles must
be conveyed to the students. This is not always an easy task, especially if complex mathematics and/or nonlinear behaviour is involved. The beauty in learning the principles of room and building acoustics is that people
can use their own hearing experience to help them understand these principles. This also helps educators show
and explain these phenomena more comprehensively. At the same time, following these principles in the
design process of acoustically sensitive spaces without fully understanding them often leads to many flaws
and shortcomings regarding the resulting acoustics of such spaces. This presentation will show several typical
examples of theoretical principles that are demonstrated using practical, real-life cases in room and building
acoustics. The intent is to show both best practice scenarios, but also acoustical defects and failures made
either in the design phase or in-situ, when the spaces are already built.
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Valtteri Hongisto

Plenary conference

OFFICE NOISE – Effects and control
Abstract
Introduction. Open-plan office (later: office) is one the most usual work environments. Noise due to colleagues’ speech
and lack of speech privacy are among the most dissatisfactory environmental factors in these work environments. Objective
measurements in offices as well as questionnaire data support that office noise consists mainly of speech, originating from
single or several speakers. Because speech has a standardized level and spectrum, office noise effects can be globally
investigated using similar noise exposures and experimental settings. Effects of office noise. A recent experiment [1]
showed that already a 50-min exposure to intelligible speech presented at 65 dB L Aeq increased stress hormone level in
blood compared to silence 35 dB L Aeq. Because long-term stress leads to adverse health effects, the reduction of office
noise is highly justified from occupational health perspective. A recent review [2] gives strong evidence that irrelevant
speech reduces cognitive performance by 16%. Review presented a model based on vast experimental evidence according
to which worker’s performance decrement increases with increasing Speech Transmission Index (STI) of a single speaker.
Therefore, acoustic design in offices should aim at low STI value. Room acoustic design. Because of the crucial importance
of STI in noise control, international standard ISO 3382-3 [3,4] describes a measurement method which primarily
determines, how STI reduces in the office when the distance between the listener (disturbed occupant in the workstation)
and speaker (disturbing noise source) increases. The primary outcome of ISO 3382-3 measurement is distraction distance r
D. It describes the distance where STI falls below 0.50. A recent survey in 21 offices showed that short r D is associated
with smaller probability of high noise disturbance in offices [5]. Small STI value can be reached by high spatial attenuation
[6] and sound masking [7]. High spatial attenuation is achieved by covering the room boundaries (ceiling, walls) almost
entirely by class A sound absorbers. If screens are used between workstations, they should be high (1.5–1.7 m) and class B
sound-absorbing. By following these suggestions, r D values down to 2.0 meters has been measured in offices. If these
suggestions are completely violated, r D values up to 20 meters has been observed. Speech privacy pods. Nowadays, many
offices follow activity-based working (ABW) principles and the office consist of open-plan offices, isolated rooms for
concentration-demanding work, and virtual meetings, and collaboration / meeting rooms of different sizes. ABW concept
usually presumes that occupants do not have a fixed workstation, but they are expected to switch between different
workstations or areas according to the needs of their current work task. Because the need of ad hoc isolated workspaces
increases due to ABW concept, the amount of different kinds of mobile enclosed meeting pods and phone booths and
partially enclosed furniture ensembles has increased tremendously in the market. ISO 23351-1 [8,9] was recently published
to provide a robust test method to determine the acoustic performance of these products. The integration of this method to
acoustic design of offices will probably lead to better satisfaction in offices. Future research needs. There is a serious
need a simple noise-level based single-number quantity, which predicts the noise annoyance of occupants in an occupied
office. This would facilitate the evaluation process of work environments among acousticians, ergonomists, and workplace
designers. There is also a serious need of experimental evidence from real workplaces which shows the effects of proper
acoustic design on environmental satisfaction, job satisfaction, and organizational performance. This would significantly
help the reasoning of expensive noise control investments in offices since voluntary investments on work environments can
be better justified by a short payback time. There is also a need of international collaboration of developing harmonized
target values since current national target values are not in good agreement.
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Xavier Serres-Créixams

Plenary conference

Diagnostic and therapeutic applications of ultrasound in medicine

Abstract
Ultrasound applied in medicine offers a wide range of possibilities, both in the field of diagnostic ultrasound
and real-time support for interventional procedures, as well as in the field of therapeutics. In the diagnostic
field we will discuss B-mode, second harmonic, Doppler, elastography, contrast-enhanced ultrasound, image
fusion and 3D. The biological effects of ultrasound are twofold: generating heat and generating cavitation
phenomena. These two phenomena are the ones that are enhanced in therapeutic applications using highintensity focused ultrasound. On the one hand we can produce heat coagulative necrosis (HIFU: high intensity
focused ultrasound) and on the other hand tissue destruction (histotripsy).
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Sergio Luzzi

Plenary conference

Acoustics and Environmental Comfort
Abstract:
The perception of comfort is multisensory: human beings may have different sensitivities in each of the five
senses and in the combined effects that generate sensations and feelings.
Global comfort can be defined as the mental condition that expresses satisfaction with the habitat in which
human beings live and work, considering objective parameters and subjective assessments.
Well-being and perceived discomfort are both linked to the characteristics of the external and built
environments, which interact with individual neurophysiological aspects. Good and bad sounds, pleasant and
unpleasant soundscapes play an important role in defining comfort and quality of life. The full consideration
of the acoustic comfort and acoustic quality of the habitat is the new frontier for designing living and working
environments, urban spaces, places for rest and leisure.
Noise mitigation, quiet areas creation and improvement, sound masking and sound enrichment experiences
represent important incremental factors in the calculation of global comfort indices for cities. Consequently,
the design of inhabited areas, transport infrastructures, public green spaces must be inspired by maximum
containment of noise emissions and best acoustic quality solutions for improving perceived harmony.
The lecture, mentioning the International Year of Sound 2020-21 initiatives, aiming to highlight the
importance of sound in all aspects of life on earth, explores contributions of acoustics to comfort performance
indices, configured as quantitative representations of global comfort in outdoor environments. Recent inputs
given by European green deal strategies and ISO standards for sustainable development of cities and
communities are taken in account and a special consideration is also given to possible new paradigms
associated with the exit from the pandemic time and to the awareness of what the true parameters of perceived
well-being and acoustic comfort could be when everyday life will return free from the virus-induced
limitations and fears.
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General Session 18: Non-linear Acoustics

Pg. 291

ID19. Weakly Nonlinear Pulse Propagation in Large Caliber Weapons: a Time-Domain Approach based on
the Nonlinear Progressive Wave Equation
Guido Billot; Benoît Georges Marinus; Kristof Harri

Pg. 292

ID28. Acoustical shock waves interactions: Signal based determination of non-linearities
Deleu Samuel; Gojon Romain; Jérémie Gressier

Pg. 303

ID41. Parametric generation of subwavelength acoustic vortices
Noé Jiménez; Joao Ealo; Rubén MuelasHurtado; Aroune Duclos; Vicente Romero García

Pg. 315

ID264. Application of nonlinear wave modulation and break of reciprocity principle to assess corrosioninduced cracking in steel-reinforced concrete
Marina Miró; J.N. Eiras; Poveda-Martínez, Pedro; M. Á Climent; Ramis-Soriano, Jaime

Pg. 321

General Session 19: Numerical and Computational Techniques

Pg. 331

ID5. On the formulation of a BEM for solving wave propagation in acoustic domains with complex
boundary conditions
A. Romero; P. Galvín; A. Tadeu

Pg. 332

ID24. Simulation Study on the Noise Reduction Effect of Smoke Vent Layouts of Enclosed Noise Barriers
Jie Yang; Zhongxu Kang; Edgar Matas

Pg. 342

ID50. Stable Finite Element Formulation for the Perturbed Convective Wave Equation
Kaltenbacher Manfred; Roppert Klaus; Schoder Stefan; Heinz Johannes

Pg. 351

ID66. Lattice Boltzmann simulations in a rectilinear cascade configuration for the turbulence-airfoil
interaction noise evaluation and reduction through serrated leading edges
Martin Buszyk; Thomas Le Garrec; Cyril Polacsek; Raphaël Barrier

Pg. 359

ID96. Pile driving induced vibrations: prediction based on a timedomain nonlinear hyperelastic model
Tales Vieira Sofiste; Luís Godinho; Pedro Alves Costa; Delfim Soares

Pg. 369

ID101. Numerical modelling of sonic crystal noise barriers with absorbing scatterers
Matheus Duarte Veloso; Luís Godinho; Paulo Amado Mendes; Javier Redondo; Matheus Pereira

Pg. 379

ID161. Optimization of railway noise barrier design using finite element and boundary element modelling
methods
César Bustos; Vincent Jurdic; Calum Sharp; David Hiller

Pg. 390

Pg. 201

ID225. Numerical modelling of structural vibration with piece-wise constant material properties using the
nodal discontinuous
Galerkin method Indra Sihar; Jieun Yang; Maarten Hornikx

Pg. 400

ID244. Hybrid Fourier pseudospectral/discontinuous Galerkin timedomain method for urban sound
propagation in a moving atmosphere
Matthias Cosnefroy; Maarten Hornikx

Pg. 412

ID285. Development of a virtual auditorium occupied with virtual manikins used in thermo-acoustic
evaluation
Eusébio Conceição; Mª Inês L. Conceição; Mª Manuela J. R. Lúcio; João M. M. Gomes; Hazim B. Awbi

Pg. 423

ID9. Characterization of hearing aids to determine the intelligibility of hearing impaired employees in a
noisy working environment
Antoine Malrin; Joël Ducourneau; Patrick Chevret

Pg. 433

General Session 20: Psychological and Physiological Acoustics

Pg. 441

ID25. Relationship between acoustic perception and overall user experience in vacuum cleaners
Noemi Martin; Lisa-Marie Wadle

Pg. 442

ID73. Auditory perception and the subjective representation of time
Michael Haverkamp

Pg. 452

ID129. Effects of sound environment on perceived enclosure in urban street canyons
Nazmiye Gulenay Yilmaz; Pyoung-Jik Lee; Muhammad Imran; Jeong-Ho Jeong

Pg. 461

ID180. The limen of azimuth as a Function of Frequency and Interaural Level Difference Guo Wenjing;
Wang Heng; Geng Yuxuan; Li Shuaifeng; Liu Jie

Pg. 472

ID252. Challenges on level calibration of online listening test: a proposed subjective method
Léopold Kritly; Vincent Basecq; Christ Glorieux; Monika Rychtáriková

Pg. 480

D255. Influence of the COVID-19 mask on speech
Poveda-Martínez, Pedro; Carbajo-SanMartín, Jesús; Marco-Montejano, Alejandro; Castillo-Ginés, Ana B.;
Bleda Pérez, Sergio; Ramis-Soriano, Jaime

Pg. 489

General Session 21: Room and Building Acoustics

Pg. 497

ID8. The acoustic characteristics of heritage theaters in Quito Ecuador
Ernesto Ochoa; Antonio Pedrero; Mª de los Ángeles Navacerrada

Pg. 498

ID44. In situ acoustic characterization of a porous layer backed by a large air cavity
Baltazar Briere de La Hosseraye; Jieun Yang; Maarten Hornikx

Pg. 508

ID52. Curves and empirical formulas for predicting the diffraction field caused by edges of finite length
Penelope Menounou; Nikolaos Gkourlias; Petros Nikolaou

Pg. 518

ID62. Analytical solution for diffraction by finite edges in frequency domain
Petros Nikolaou; Penelope Menounou

Pg. 528

ID63. Assessment of the low-frequency procedure in the field measurements of impact sound insulation
Mikko Kylliäinen; Lauri Talus; Jesse Lietzén; Pekka Latvanne; Ville Kovalainen

Pg. 538

ID76. Sound flanking transmission by curtain wall mullions
Medelfef Youcef; Midelet Christophe; Ben Tahar Mabrouk; Lahbib Patrick

Pg. 544

ID108. Sound absorption evaluated by analytical and experimental approaches of a variable acoustic
solution composed of a multi-layer acoustic absorber
Anna Carolina Ripke Gaspar; Andreia Pereira; Luís Godinho; Paulo Amado Mendes; Diogo Manuel Rosa
Mateus; Jesús Carbajo-San-Martín; Jaime RamisSoriano; Pedro Poveda

Pg. 554

ID118. Optimization of multiple dynamic vibration absorbers for reduction of low frequency vibration of joist
floor structures
Yi Qin; Jin Jack Tan; Maarten Hornikx

Pg. 565

ID154. Double Skin Façade for university building in Mexico located in a high noise area
Antonio Bautista Kuri

Pg. 578

ID164. Study on the convenience of performing façade insulation measurements using the low-frequency
procedure in rooms with a volume above 25 m3
María Ángeles Navacerrada-Saturio; D. De la Prida; A. Pedrero; D. Caballol; A. DíazChyla; J. Pinilla

Pg. 586

ID172. The ‘Teatro Principal’ of Valencia. Acoustics for Theatre or Music. Objective evaluation supported
by acoustic simulation
Pérez-Aguilar, Blanca; Quintana Gallardo, Alberto; Guillén Guillamón, Ignacio

Pg. 595

Pg. 390

Pg. 201

ID185. A hybrid room acoustic approach for auralization
Wouter Wittebol; Maarten Hornikx

Pg. 604

ID195. Examples of constraint-based specification of room acoustic parameters
Andor T. Fürjes

Pg. 615

ID198. Positioning sound absorption – a comparative study based on different calculation methods
Andor T. Fürjes

Pg. 626

ID206. Airports: A study of the influence of spectral adaptation terms on the sound insulation of facades
reinforcement
Sónia Monteiro Antunes; Jorge Patricio

Pg. 632

ID241. Acoustic treatment for a radio studio at the Escola Politècnica Superior de Gandia (Polytechnic
School of Gandia)
Jesús Alba; Juan C. Rodríguez; Gema Gonzalez; Maria Balagué; Maria Cruz Grau; Ignacio Ramon

Pg. 639

ID280. On the use of a variable acoustic solution with perforated panels for a multi-purpose auditorium
Andreia Pereira; Gaspar A.; Godinho L.; Amado Mendes P.; Mateus D.; Carbajo J.; Ramis J.; Poveda P.

Pg. 651

General Session 22: Signal Processing and Analysis

Pg. 662

ID33. Using dark fibers in existing telecommunication cables for characterization vibration levels of railway
infrastructure
Hölscher Paul; Edwin A. Obando Hernández; Pieter Doornenbal; Hielke Zandberg

Pg. 663

ID68. Time-variant signal manipulation using frame multipliers
Christian H. Kasess; Thomas Maly; Peter Balazs; Wolfgang Kreuzer

Pg. 673

General Session 24: Soundscape

Pg. 683

ID78. Perceptual assessment of operation noises of equipment on construction sites
Joo Young Hong; Bhan Lam; Zhen-Ting Ong; Kenneth Ooi; Woon-Seng Gan; Sung Chan Lee

Pg. 684

ID170. Soundscape characterisation of two motorway service areas
Gianluca Memoli; Letizia Chisari; Lara Ginevra Del Pizzo; Vincenzo Cirimele; Benedetto Carambia

Pg. 690

ID203. Daumal method of auditory sensory tour, through the soundscapes of architecture and the city
Francesc Daumal I Domènech; Joaquim Serrat Gonzalez

Pg. 700

ID207. Validated translation into Portuguese of perceptual attributes for soundscape assessment
Sónia Monteiro Antunes; Ranny Loureiro Xavier Nascimento Michalski; Maria Luiza de Ulhôa Carvalho;
Sónia Alves

Pg. 710

ID233. Sentinel: Versatile real-time acoustic autonomous monitoring system for studying natural
soundscape
Damian Payo; Lucas E. Gonzalez; Pablo Kogan; Manuel C. Eguia

Pg. 719

ID242. The soundscape of the Ko?cieliska Valley in the Tatra National Park – case study
Dorota Czopek; Katarzyna Sochaczewska; Jerzy Wiciak

Pg. 727

General Session 25: Sound Quality

Pg. 733

ID249. Remote Evaluation of Impulse Signals in Refrigerators Using Psychophysical Models
Henrique Silveira; Erasmo Felipe Vergara

Pg. 734

ID277. Sound quality assessment: comparison of in-situ and on-line experiments Parizet Etienne; Dorian
Grappe; Chaouki Benzekri; Clément Coppel

Pg. 743

General Session 27: Transportation Noise

Pg. 748

ID54. “The airport does what it wants to do anyways” – qualitative revisiting of the 4-factor model of
fairness in the context of aviation research – first results of a focus group study
Dominik Hauptvogel; Julia Quehl; Susanne Bartels; Tobias Rothmund

Pg. 749

ID61. The synergetic effect of nocturnal road noise exposure and work-related stress on self-rated sleep
quality
Susanne Bartels; Mikael Ögren; Kim JeongLim; Sofie Fredriksson; Kerstin Persson Waye

Pg. 756

ID135. Characterizing noise barriers: SOPRANOISE half-term progress report
Jean-Pierre Clairbois; Massimo Garai; Paolo Guidorzi; Wolfram Bartolomaeus; Michael Chudalla; Fabio
Strigari; Marco Conter

Pg. 765

ID210. Performance of low height railway noise barriers
João Lázaro; Matheus Pereira; Pedro Alves Costa; Luís Godinho

Pg. 775

Pg. 201

ID274. Sound quality objective evaluation of electric and combustion engine cars
Angelia Oktaviani Purnomo; Calista Talita; Sugeng Joko Sarwono; Anugrah Sabdono Sudarsono

Pg. 785

General Session 28: Tyre, Road and Rail Noise

Pg. 794

ID2. LIFE project Cool & Low Noise Asphalt: monitoring the acoustic performance of low noise pavements
in the city center of Paris
Carlos Ribeiro; Jacopo Martini; Jérôme Lefèbvre; Giulia Custodi; Fanny Mietlicki

Pg. 795

ID10. Shifts detection in the road surface condition through tyre/road noise analysis and pattern
recognition approach
Carlos Ramos-Romero; Juan Manuel Cermeño; César Asensio

Pg. 805

ID17. Low-noise road mixtures for electric vehicles
Filippo G. Pratico; Gianfranco Pellicano; Rosario Fedele

Pg. 811

ID18. SOPRANOISE – in-situ inspection procedure for airborne sound insulation properties of existing
noise barriers
Fabio Strigari; Michael Chudalla; Wolfram Bartolomaeus; Marco Conter; Andreas Fuchs; Massimo Garai;
Christophe Nicodème; Jean-Pierre Clairbois

Pg. 821

ID87. Acoustical characterization of low-noise prototype asphalt concretes for electric vehicles
Julien Cesbron; Simon Bianchetti; MarieAgnès Pallas; Filippo G. Praticò; Rosario Fedele; Gianfranco
Pellicano; Antonino Moro; Francesco Bianco

Pg. 831

ID133. Dynamic stiffness assessment of rubberized bituminous mixtures
Gil-Abarca A.; Vázquez V.F.; García-Hoz A.M.; Terán F.; Paje S.E.

Pg. 841

ID156. Numerical tire impact model combining Finite Element and Boundary Element Methodologies
Miguel Fabra-Rodríguez; Ramón Peral Orts; Héctor Campello-Vicente; Nuria Campillo-Davó; Francisco
Javier Simón Portillo

Pg. 848

ID176. Low barriers for Railway Noise installed at Basque Country. Experience of Euskal Trenbide Sarea
in Ermua
Manuel Vazquez; Itziar Aspuru; Fernandez, Pilar; López, Cristina; Peiró, Pilar; Torrecilla, Jesús

Pg. 856

ID191. An approach to improve railway rolling noise calculations in CNOSSOS-EU: Refinement and
validation using TWINS calculations
Venkataraman; Romain Rumpler; Siv Leth; Martin Toward; Tohmmy Bustad

Pg. 866

ID201. Acoustic properties of several track types
Itziar Aspuru; Michael Dittrich; Manuel Vázquez; Alvaro Santander; Ana Leal; Marta Ruiz

Pg. 877

General Session 29: Ultrasonics

Pg. 887

ID38. Therapeutic ultrasound holograms to target thalamic nuclei through the temporal bone window
Diana Andrés; Irene Pi-Martin; Noé Jiménez; Francisco Camarena
ID69. Ultrasonic holograms to enhance hyperthermia volumes
Diana Andrés; Jonathan Vappou; Noé Jiménez; Francisco Camarena

Pg. 888
Pg. 894

ID97. Performance evaluation of image reconstruction algorithms for photoacoustic tomography
I. Pi-Martín; J.J. García-Garrigós; A. Cebrecos; N. Jiménez; F. Camarena

Pg. 901

ID152. Eigenfrequency analysis of the vibrating horn in Ultrasonic Metal Welding
Elie Abi Raad; Jose Maria Uribe; Michael Vorländer

Pg. 911

ID167. Sharp and nonlinear cavitation mapping using synchronized sinesweep imaging
Enrique González-Mateo; Nathalie Lamothe; Noé Jiménez; Francisco Camarena

Pg. 921

General Session 30: Underwater Acoustics

Pg. 925

ID283. Acoustic signatures of ships and their inclusion in underwater traffic noise prediction models
Michael Taroudakis; Emmanuel Skarsoulis

Pg. 926

ID139. Noise generation and propagation by biomimetic dynamic foil thruster
Kostas Belibassakis; Iro Malefaki

Pg. 927

General Session 31: Vibroacoustics, Isolation and Damping

Pg. 937

ID60. Time domain analysis of vibrations induced by dynamic loads in tunnels
Carlos Albino; Luís Godinho; Daniel Diasda-Costa

Pg. 938

ID237. Vibroacoustic analysis of composite thin fiberglass plate
Haydar Aygun

Pg. 749

Pg. 201

ID282. Detection of high moisture content in multilayered timber elements by means of non-destructive
imaging techniques
Federica Morandi; Andrea Gasparella; Massimo Garai; Nicolas Quaegebeur; Patrice Masson

Pg. 958

Structural Session 02: Acoustics of the lockdown

Pg. 968

ID94. Multidimensional analysis to monitor the effects of COVID19 lockdown on the urban sound
environment of Lorient
Pierre Aumond; Arnaud Can; Mathieu Lagrange; Félix Gontier; Catherine Lavandier

Pg. 969

ID124. Noise immission level reduction during the lockdown considering four main noise sources with the
greatest impact on the population
Sara Olivares; Joan Cardona; Behshad Noori

Pg. 973

ID158. Effects of COVID-19 pandemic on the sound environment of the city of Milan, Italy: a comparison of
the pre, during and post lockdown periods
Francesc Alías; Rosa Ma Alsina-Pagès; Roberto Benocci; Fabio Angelini; Giovanni Zambon

Pg. 983

ID175. Noise levels evolution before, during and after the COVID19 Lockdown in Girona
Carme Martínez-Suquía; Pau Bergadà; Rosa Maria Alsina-Pagès

Pg. 993

ID190. Perception of the acoustic environment in the remote working setting during the lockdown
Giuseppina Emma Puglisi; Sonja Di Blasio; Louena Shtrepi; Arianna Astolfi

Pg. 1002

ID194. Sounds and noises during a period of the COVID-19 pandemic in Brazil
Poliana Lopes de Oliveira; E. Felipe Vergara; Gildean do Nascimento Almeida; Maria Lúcia da Rosa
Oiticica; Jordana Teixeira da Silva; Elisabeth de Albuquerque Cavalcanti Duarte Gonçalves

Pg. 1010

Structural Session 03: Urban Sound Environment

Pg. 1019

ID3. Sounds of Smart City: a subjective review of acoustical problems appearing in creating intelligent
urban areas
Jan Ka?mierczak; Barbara Ro?a?owska; Joanna Bartnicka; Kinga Stecu?a; Waldemar Paszkowski; Artur
Kuboszek; Arkadiusz Boczkowski

Pg. 1020

ID64. A Research on the Evaluation and Usability of Mosque Gardens as Quiet Areas
Gulsen Akin Guler; Asli Ozcevik Bilen

Pg. 1030

ID141. A detailed investigation on three-dimensional sound emittance of today’s motorized vehicles in
urban contexts
Marschner Holger; Krimm Jochen; Techen Holger; Büdding Yvonne; Fiedler Ralf

Pg. 1040

ID188. Categorization of urban sound sources: A taxonomical framework based on digenesis and intention
Kivanc Kitapci; Dogukan Ozdemir

Pg. 1050

ID224. Cultural Soundscape Evaluation on Re-functionalized Historical Sites with Adaptive Reuse
Approach: Ankara Citadel Case Papatya
Nur Dökmeci Yörüko?lu; Zehra Gediz Urak; U?ur Beyza Erçakmak Osma

Pg. 1060

Structural Session 04: Low-cost sensor networks for noise mon.itoring and advanced charact. of
urban sound environments

Pg. 1070

ID53. Multilabel acoustic event classification for urban sound monitoring at a traffic intersection
Ester Vidaña-Vila; Dan Stowell; Joan Navarro; Rosa Ma Alsina-Pagès

Pg. 1071

ID57. A high density network of low cost acoustic sensors based on wired and airborne transmission of
spectral data
Ardouin Jérémy; Baron Jean-Claude; Charpentier Ludovic; David Ecotiere; Fortin Nicolas; Gontier Félix;
Guillaume Gwenael; Mathieu Lagrange

Pg. 1081

ID70. Implementation and performance assessment of a MEMS based Sound Level Meter
Kham Savanne; Marmaroli Patrick; Minier Jordan; Boulandet Romain

Pg. 1091

ID80. CENSE Project: general overview
Arnaud Can; Judicaël Picaut; Jérémy Ardouin; Pierre Crépeaux; Erwan Bocher; David Ecotière; Mathieu
Lagrange

Pg. 1101

ID93. Urban sensor network for characterizing the sound environment in Lorient (France) through an
automatic assessment of traffic, voice and bird presence ratios
Catherine Lavandier; Pierre Aumond; Arnaud Can; Félix Gontier; Mathieu Lagrange; Gwendall Petit

Pg. 1111

ID109. Faster and more accurate noise mapping combining metamodeling and data assimilation
Antoine Lesieur; Vivien Mallet; Pierre Aumond; Arnaud Can

Pg. 1121

ID122. Improvement of city noise map production processes and sensitivity analysis to noise models
inputs

Pg. 749

Pierre Aumond; Erwan Bocher; David Ecotière; Nicolas Fortin; Benoit Gauvreau; Gwenaël Guillaume;
Gwendal Petit

Pg. 1128

ID130. Capturing the spatial and temporal variability of urban noise: do low-cost sensors offer a step
towards higher resolution noise monitoring?
Tatiana Alvares-Sanches; Patrick E. Osborne; Paul R. White; Calvin Jephcote; John Gulliver

Pg. 1138

ID145. Self-calibrating Acoustic Sensor Networks with Per-Channel Energy Normalization
Vincent Lostanlen

Pg. 1146

ID183. Design of a low-cost sound measurement device with wifi connectivity
Pedro Atanasio-Moraga; Jaime Borrallo Rivera; Antonio Gordillo Guerrero; Juan Miguel Barrigón Morillas;
David Montes González; Guillermo Rey Gozalo; Guillermo Rey Gozalo

Pg. 1156

ID234. Low-cost noise monitoring: STEM education as a medium to collect population based noise
exposure data
Luc Dekoninck

Pg. 1169

ID243. Determining the origin of impulsive noise events using paired wireless sound sensors
Fabian Nemazi; Jon Nordby

Pg. 1178

Structural Session 05: Open-Plan Offices

Pg. 1187

ID6. Multimodal detection of noise-related stress in a simulated work environment
Elizabeth (Libby) Sander; James Birt; Cecelia Marques; Matthew Stead; Oliver Baumann

Pg. 1188

ID15. Measurement and Prediction of Speech Level Reduction of a Phone Booth in Three Different Openplan Offices
Jukka Keränen; Valtteri Hongisto

Pg. 1194

ID107. ISO 3382-3 Round Robin test in an open-plan office
Valtteri Hongisto; Jukka Keränen

Pg. 1203

ID143. Measurement uncertainty and unicity of acoustic single number quantities in open-plan offices
Lucas Lenne; Patrick Chevret; Etienne Parizet

Pg. 1207

ID165. Space dynamics for work performance enhancement in open plan office
Hyun In Jo; Haram Lee; Beta Bayu Santika; Jin Yong Jeon

Pg. 1214

ID184. Tagging noise sources in offices through Machine-Learning techniques
Dario Dorazio; Domenico de Salvio; Massimo Garai

Pg. 1220

ID199. Wave-based room acoustic simulations of an open plan office
Huiqing Wang; Wouter Wittebol; Matthias Cosnefroy; Maarten Hornikx; Remy Wenmaekers

Pg. 1231

ID208. How will ISO 22955 affect designs for open plan offices?
Jack Harvie-Clark; Ethan Bourdeau; Patrick Chevret; Laurent Brocolini

Pg. 1241

ID245. Investigating noise disturbance in open-plan offices using measurements of the room acoustics,
and of the sound environment during occupancy
Manuj Yadav; Densil Cabrera; Jungsoo Kim; James Love; Jonothan Holmes; Janina Fels; Richard de Dear

Pg. 1252

ID247. Office noise reduces work performance – A tool to assess the payback time of room acoustic
investments
Valtteri Hongisto

Pg. 1262

Structural Session 06: Scattering control by sound diffusers and metamaterials

Pg. 1270

ID42. Twisting acoustic reflections by spiral sound diffusers
Noé Jiménez; Jean-Philippe Groby; Vicente Romero-García

Pg. 1271

ID46. Scattering control by using correlated disorder
Vicente Romero-García; Svetlana Kuznetsova; Élie Chéron

Pg. 1275

ID59. Sound diffusing metasurfaces based on elastic plates and membranes
José Manuel Requena-Plens; Jean-Philippe Groby; Vicente Romero-García; Noé Jiménez

Pg. 1279

ID99. Application of metamaterials to control noise scattering during space vehicle lift-off
Escartí-Guillem, Mara S.; Barriuso Feijoo, Pablo; Cebrecos, Alejandro; Chimeno Manguán, Marcos; Cobo,
Pedro; GarcíaRaffi, Lluis M.; Groby, Jean-Philippe

Pg. 1287

ID113. On the use of slow sound to time delay a pulse
M. Malléjac; V. Tournat; V. RomeroGarcía; J.-P. Groby; P. Sheng

Pg. 1297

ID138. Spiraling waves and detection of phase singularities in objects immersed in inhomogeneous
acoustic fields
Ludovic Alhaïtz; Diego Baresch; Thomas Brunet; Christophe Aristégui; Olivier Poncelet

Pg. 1301

ID162. From Quasi-Perfect to Broadband Sound Diffusion Using Metadiffusers
Eric Ballestero; Noé Jiménez; Jean-Philippe Groby; Haydar Aygun; Stephen Dance; Vicent RomeroGarcía

Pg. 1307

Structural Session 07: Acoustic metamaterials

Pg. 1312

ID12. A theoretical approach on designing wideband acoustic absorbers
Ela Fasllija; Semiha Yilmazer; Cengiz Yilmazer

Pg. 1313

ID31. Fast forced response calculations of finite metamaterial plates using a Generalized Bloch Mode
Synthesis based substructuring approach
Lucas Van Belle; Claus Claeys; Elke Deckers; Wim Desmet

Pg. 1323

ID65. A Meta-structure for Low-frequency Acoustic Treatment Based on a KDamper-Inertial Amplification
Concept
Moris Kalderon; Andreas Paradeisiotis; Ioannis Antoniadis

Pg. 1333

ID85. On the use of the Angular Spectrum Method for the evaluation of acoustic metasurfaces
Abdelhalim Azbaid El Ouahabi; Gianluca Memoli

Pg. 1344

ID91. Passive equalizer with variable resonator rings for musical instruments
Lorenzo Bonoldi; Gianluca Memoli; Abdelhalim Azbaid El Ouahabi

Pg. 1354

ID92. Fundamental constraints on broadband passive acoustic treatments
Yang Meng; Vicente Romero-García; Gwénaël Gabard; Jean-Philippe Groby; Charlie Bricault; Sébastien
Goude

Pg. 1364

ID114. Inverse design of a Helmholtz resonator-based acoustic metasurface for low-frequency sound
absorption using deep neural network
K. Mahesh; S. Kumar Ranjith; R. S. Mini

Pg. 1369

ID115. Preliminary studies for metamaterial-based audio systems
Letizia Chisari; Mario Di Cola; Paolo Martignon; Gianluca Memoli

Pg. 1378

ID116. Effective properties derivation of Willis-type 1D asymmetric resonant structures
M. Malléjac; A. Merkel; D. Torrent; J. Li; V.Tournat; V. Romero-García; J.-P. Groby

Pg. 1388

ID127. Perfect broadband sound absorber metamaterial for noise reduction in a rocket launch
José M. Requena-Plens; Rubén Picó; Víctor J. Sánchez-Morcillo; Noé Jiménez; Alejandro Cebrecos; Mara
S. Escartí Guillem

Pg. 1392

ID128. Low-frequency sound transmission loss of honeycomb metastructure with in-parallel arrangement
of Helmholtz resonators
Denilson Ramos; Luis Godinho; Paulo Amado-Mendes; Paulo Mareze

Pg. 1401

ID157. Acoustic metamaterial for low frequency harmonic noise mitigation
Michal Kozupa; Beata Kotra

Pg. 1411

ID177. Redirection of flexural waves in thin plates
Jose Sanchez-Dehesa; Penglin Gao; Francisco Cervera

Pg. 1422

ID257. Natural sonic crystal absorber constituted of Aegagropilae fiber network Laurianne Barguet;
Vicente RomeroGarcía; Noé Jiménez; Luís M. Garcia-Raffi; Victor J. Sánchez-Morcillo; Jean-Philippe
Groby

Pg. 1430

Structural Session 08: Computational methods for acoustic materials

Pg. 1433

ID112. Topology optimization of plate structures for sound transmission loss improvement in specific
frequency
Daniele Giannini; Mattias Schevenels; Edwin Reynders

Pg. 1434

Structural Session 09: Measurement of sound absorption

Pg. 1442

ID7. A 2D waveguide to measure oblique incidence reflection and transmission coefficients
Ze Zhang; Hervé Denayer; Claus Claeys; Wim Desmet; Elke Deckers

Pg. 1443

ID40. Experimental techniques for measuring sound absorption through micro-perforated partitions
Bravo Teresa; Maury Cédric

Pg. 1453

ID45. Perfect acoustic absorption in reciprocal ventilated problems
Vicente Romero-García; Noé Jiménez; Vincent Pagneux

Pg. 1463

ID103. An acoustic impedance measurement technique using one cardioid microphone in a tube
Kazuma Hoshi; Toshiki Hanyu

Pg. 1470

ID111. Learning the finite size effect for in-situ absorption measurement
Elias Zea; Eric Brandao; Melanie Nolan; Joakim Anden; Jacques Cuenca; Peter Svensson

Pg. 1477

ID120. Differences in absorption coefficient determination using the Sabine and Millintong-Sette equations
for different samples of natural virgin cork
David Montes González; Juan Miguel Barrigón Morillas; Valentín Gómez Escobar; Rosendo VílchezGómez; Rubén Maderuelo-Sanz; Guillermo Rey Gozalo; Pedro Atanasio Moraga

Pg. 1487

ID131. Comparison of measurement and prediction for acoustical treatments designed with Transfer Matrix
Models
Rinaldi Petrolli; Artur Zorzo; Peter D’Antonio

Pg. 1495

ID202. An experimental approach for estimating the impedance of elastic non-porous materials
Matthieu Hartenstein; Efren FernandezGrande; Vicente Cutanda-Henriquez

Pg. 1505

ID218. On the Estimation of Directional Decay Times in Reverberation Rooms
Marco Berzborn; Jamilla Balint; Michael Vorländer
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A narrowband virtual sensing Active Noise Control system using
ESPRIT for an aircraft interior.
Erspamer A., Mylonas D., Yiakopoulos C., Antoniadis I.
National Technical University of Athens, School of Mechanical Engineering, Department of Mechanical Design &
Automatic Control, Laboratory of Dynamics and Structures, Athens, Greece.

Abstract
In present work, an Active Noise Control system is proposed, aimed at the attenuation of low frequency,
periodic noise. This type of noise, that is produced by internal combustion engines of vehicles is a serious
problem due to low efficiency of traditional, passive sound insulation methods. Besides that, it can produce
fatigue and lack of concentration to humans who are exposed for long periods. The 3 input/4 output
multichannel ANC system presented in this work, consists of three parallel notch filters. Each of them is
responsible for the attenuation of one tone of the noise of interest. Moreover, ESPRIT algorithm is used to
estimate the frequencies of these periodic noise components. Finally, a forward difference prediction technique
is proposed for the relocation of the quiet zone from the space around the physical microphones to an area far
from them. This result is important for a headrest system of a vehicle’s seat because it is usually inconvenient
to place physical sensors around passengers’ ears. The developed ANC structure has been tested by extensive
experiments of a synthetic low frequency tonal and beat noise in a small wooden aircraft’s cabin mockup. The
experimental results show that an important reduction of the overall SPL is achieved around the virtual
locations determined by sound pressure extrapolation technique. The quiet zone being formed is large enough
to ensure freedom of movement of passenger’s head. In addition, the frequency estimation through ESPRIT
technique is fast enough to ensure the convergence of control algorithm an to minimize frequency mismatches.
Keywords: active noise control; adaptive notch filter; virtual sensing; first-order pressure prediction
technique; ESPRIT.

1

Introduction

Low frequency harmonic noise is a serious problem for small single engine aircraft cabins because not only
can cause damage to passengers’ and pilots’ hearing but also leads to fatigue, feeling of discomfort and loss of
concentration for long periods of exposure. This noise is mainly consisted of the first three harmonics of the
propeller’s Blade Passage Frequency (BPF) and is transmitted to the cabin through several paths, including
the engine mounts into the wing structure and the fuselage [1]. While noise of higher frequencies may be
reduced using passive techniques, the longer wavelength associated with low frequencies would lead to
impractically large and massive sound insulating structures. Moreover, this kind of structures do not comply
with the actual trend of making lighter aircrafts that consume less fuel and as a result are more environmentally
friendly [2]. To overcome the issues above Active Noise Control (ANC) techniques have attracted considerable
interest. Several attempts have been made in the direction of making a robust ANC system that creates an
adequate quiet zone around the ears of an aircraft’s passenger and some of them have been developed into
commercial applications [3]. Most of them are based on Filtered-x Least Mean Square algorithm which is
widely used for noise level reduction applications due to its robustness and low computational complexity.
Siswanto et al. [4] proposed a two-input two output ANC headrest system using multichannel feedback FxLMS
1
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algorithm with satisfactory results regarding the quiet zone created around the passengers’ ears. Moreover in
[1,5] different approaches of multichannel ANC systems are presented for the cabins of light aircrafts. The
differences are associated with the kind of the control method (feedforward or feedback) and the number of
sensors and actuators used for the system’s implementation. In addition, much research has been made on
adaptive notch filters connected in parallel for low frequency noise attenuation. Wang et al. [6] adopted a
multi-tone ANC system to control a signal constituted by three tones and broadband noise. Similar attempts
with considerable results have been made in [7,9]. However, none of these studies present results regarding
the size of the quiet zone which is created. In the present research a multi-tone narrowband ANC system based
on parallel adaptive notch filters [8] is proposed in order to enhance the noise attenuation levels inside an
extended quiet zone, around the ears of an aircraft’s passenger. The main approach to do so is the integration
of an extrapolation-based virtual sensing technique in the traditional multichannel FxLMS algorithm to update
the weights of the notch filters. Each notch filter is responsible for the attenuation of a single tone. Moreover,
the extrapolation-based virtual sensing technique, based on the first-order pressure prediction, can expand this
attenuation forming a large quiet zone. Additional issues that arise in multi-tone ANC systems based on
adaptive notch filters are related with the method used for the estimation of the reference signal’s frequencies
and the performance degradation caused by the frequency mismatches. A simple frequency estimator that
counts the time between zero crossings is presented in [8]. In [6] a parallel adaptive notch filter algorithm is
proposed to obtain accurate frequency estimation which is used to create reference signals. A narrowband
ANC system structure with an FIR filter as a magnitude phase adjuster is also made to cope with frequency
mismatches in [10]. Finally, another narrowband ANC scheme that incorporates a frequency estimator which
deals with reference frequency mismatches is proposed by Jeon et al. in [9]. In current work a frequency
estimator that uses parametric frequency estimation method ESPRIT is proposed to track the frequency
changes of the reference signals. The developed multi-tone ANC structure, using ESPRIT has been tested with
real-time experiments in an aircraft cabin mockup under synthetic, low frequency tonal and beat noise which
simulates the noise produced by the engines of a small aircraft. The experimental results demonstrate that
proposed system creates a large quiet zone around passengers’ ears with significant attenuation of BPF. The
size of the quiet zone and the attenuation of narrowband noise are presented in detailed diagrams. Moreover,
the results show that frequency estimation is fast and accurate enough to ensure the stability and convergence
of the proposed ANC algorithm.

2
2.1

Algorithm analysis
Multichannel Narrowband ANC

The ANC system presented in this work is based on three parallel multichannel sub-systems. Each of them is
responsible for the attenuation of one sinusoidal component of the noise produced by the aircraft’s propeller,
acting as an adaptive notch filter. As a result, the proposed system can control up to 3 harmonics. In addition,
it can be expanded depending on the available hardware resources. J reference signals are obtained by creating
a cosine waveform for each frequency

𝑥𝑥𝑗𝑗 (𝑛𝑛) = 𝐴𝐴𝑗𝑗 cos�𝜔𝜔𝑗𝑗 𝑛𝑛� , 𝑗𝑗 = 1,2,3

(1)

The adaptation algorithm is single reference/ multiple-input/ multiple-output FxLMS. More specifically three
error signals are used for the adaptation process and four output signals are produced, one for each loudspeaker
(Fig. 1). The iterative equation of MIMO FxLMS algorithm that updates the filter weights can be expressed as
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3

where

′
(𝑛𝑛)𝑒𝑒𝑚𝑚 ,
𝑤𝑤𝑘𝑘𝑘𝑘 (𝑛𝑛 + 1) = 𝑤𝑤𝑘𝑘𝑘𝑘 (𝑛𝑛) + 𝜇𝜇 � 𝑥𝑥𝑗𝑗𝑗𝑗𝑗𝑗
𝑚𝑚=1

𝑘𝑘 = 1, … ,4.

′
𝑥𝑥𝑗𝑗𝑗𝑗𝑗𝑗
= 𝑠𝑠̂𝑚𝑚𝑚𝑚 ∗ 𝑥𝑥𝑗𝑗 (𝑛𝑛)

(2)
(3)

Each reference input is filtered by the secondary path estimate 𝑠𝑠̂𝑚𝑚𝑚𝑚 that is the electroacoustic path between m
(m=1,2,3) error microphone and k (k=1,…, 4) loudspeaker. Finally, the driving signal for each loudspeaker is
the sum of 3 adaptive filters’ outputs, if the sound disturbance consists of three main frequencies (Fig. 1):
3

and

𝑦𝑦𝑘𝑘 (𝑛𝑛) = � 𝑦𝑦𝑘𝑘𝑘𝑘 (𝑛𝑛)

(4)

𝑗𝑗=1

𝐿𝐿−1

𝑦𝑦𝑘𝑘𝑘𝑘 (𝑛𝑛) = � 𝑤𝑤𝑘𝑘𝑘𝑘 (𝑛𝑛)𝑥𝑥𝑗𝑗 (𝑛𝑛 − 𝑙𝑙),
𝑙𝑙=0

𝐿𝐿 = 10.

(5)

Figure 1- Single reference/ Multiple Input/ Multiple Output ANC subsystem for the attenuation of a single
sinusoid. Three such subsystems are included in the total system.
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2.2

Relocation of quiet zone

The ANC scheme presented above can create an efficient quiet zone around the physical error microphones.
However, in a real system it is inconvenient to mount the sensors around the passenger’s ears. As a result, a
relocation of the quiet zone is necessary. In a 3D enclosure, under a low frequency noise (<500 HZ) the change
of pressure for closely spaced locations in terms of wavelength is small. Thus, in this case the sound pressure
at a virtual location (ear) can be estimated in real time by fitting a polynomial to the measured sound pressures
from an array of physical error microphones (Fig. 2a), which are installed sequentially one after the other in
the same direction and horizontal plane, and then extrapolating the produced line or curve to a virtual location
[11]. In this work, a first order polynomial has been used to estimate the sound pressure at distances 𝑥𝑥 between
the virtual and the nearest physical error microphone (Fig. 2b). The sound pressure at the virtual position has
been calculated from equation (6).
𝑒𝑒̂𝑣𝑣 (𝑛𝑛) =

𝑒𝑒𝑝𝑝2 (𝑛𝑛) − 𝑒𝑒𝑝𝑝1 (𝑛𝑛)
𝑥𝑥 + 𝑒𝑒𝑝𝑝2 (𝑛𝑛)
𝑎𝑎

(6)

Figure 2- Estimation of the acoustic pressure at virtual location through a linear extrapolation technique.
Then the sum of the estimated pressures has been put in equation (2) to create a relocated quiet zone around
the estimated sensors. We can also assume that the secondary paths of the virtual sensors are approached by
𝑠𝑠̂𝑝𝑝𝑝𝑝 . This result can be obtained, if we consider that the acoustic path between the physical and the virtual
sensors is a pure delay with impulse response
ℎ(𝑛𝑛) = 𝛿𝛿(𝑛𝑛 − 𝐷𝐷)

(7)

𝑣𝑣𝑣𝑣𝑣𝑣𝑣𝑣𝑣𝑣𝑣𝑣𝑣𝑣
= 𝑠𝑠̂𝑚𝑚𝑚𝑚 ∗ 𝛿𝛿(𝑛𝑛 − 𝐷𝐷)
𝑠𝑠̂𝑚𝑚𝑚𝑚

(8)

Thus, the secondary path for the virtual sensor would be

and the reference signals filtered by the “virtual” secondary paths would be
′
𝑥𝑥𝑗𝑗𝑗𝑗𝑗𝑗
= 𝑠𝑠̂𝑚𝑚𝑚𝑚 ∗ 𝑥𝑥𝑗𝑗 ∗ 𝛿𝛿(𝑛𝑛 − 𝐷𝐷) = 𝑠𝑠̂𝑚𝑚𝑚𝑚 ∗ 𝑥𝑥𝑗𝑗 (𝑛𝑛 − 𝐷𝐷) ≅ 𝑠𝑠̂𝑚𝑚𝑚𝑚 ∗ 𝑥𝑥𝑗𝑗 (𝑛𝑛)

(9)

The assumption above can be made for sinusoids with big wavelengths and for a small distance between
physical and virtual sensors. In this case the delay D is less than one sample, and the values of acoustic pressure
are almost same.
2.3

ESPRIT algorithm

ESPRIT algorithm, which was proposed by Paulraj et al. [12] is a very efficient algorithm with relatively low
computational complexity that is used to estimate important parameters of a signal like the number of sources
and DOA’s. For the ANC system being presented in the current research, ESPRIT has been used to estimate
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the frequencies produced by aircraft’s propeller that are embedded in a noisy signal. Below the steps of the
algorithm are briefly presented:
1.
Compute the covariance matrices 𝑅𝑅𝑦𝑦𝑦𝑦 and 𝑅𝑅𝑦𝑦𝑦𝑦 , where y(n) is the reference signal being obtained by a
physical sensor and z(n)=y(n+1).
2. Define the eigenvalues of 𝑅𝑅𝑦𝑦𝑦𝑦 . For M>p, where M is the length of the input buffer and p is the number of
embedded sinusoids, the minimum eigenvalue is an estimation of 𝜎𝜎𝑤𝑤 2 , where w(n) is the noise component
of y(n).
0 0 0 … 0
0
⎡1 0 0 … 0
0⎤
⎢0 1 0 … 0
⎥
.
. 0⎥.
3. Compute matrices 𝐶𝐶̂𝑦𝑦𝑦𝑦 = 𝑅𝑅𝑦𝑦𝑦𝑦 − 𝜎𝜎�𝑤𝑤2 𝐼𝐼 and 𝐶𝐶̂𝑦𝑦𝑦𝑦 = 𝑅𝑅𝑦𝑦𝑦𝑦 − 𝜎𝜎�𝑤𝑤2 𝑄𝑄, where 𝑄𝑄 = ⎢ . . .
⎢ . . .
⎥
.
.
⎢ . . .
⎥
.
.
⎣0 0 0 … 1
0⎦

� 𝑦𝑦𝑦𝑦 �. There are p eigenvalues on the unit
4. Define the generalized eigenvalues of the matrix pair �𝐶𝐶̂𝑦𝑦𝑦𝑦 ,𝐶𝐶
circle (or near it), which are the estimation of the reference signal frequencies. [14]

3

Experimental analysis

3.1

Experimental setup

As mentioned in paragraph 2.1, the proposed ANC system consists of 4 medium-sized control loudspeakers
model Visaton FR 6,5 and 3 pairs of microphones model MX183 Shure (Fig. 3a).

Figure 3- (a) the hardware configuration of the ANC system and the grille used to measure the size of the
quiet zone (b) and the wooden cabin mockup.
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The control algorithm was implemented in a NI cRIO-9030 controller using LabView FPGA platform. The
cRIO utilizes an embedded Xilinx Kintex-7 FPGA with a 40 MHz clock. The sampling of the error
microphones has been made through a NI 9220 analog input module and the digital to analog conversion
through a NI 9264 analog output module. The whole system has been installed inside a cabin mockup made of
wood, 2m high and with radius equal to 1.375m (Fig. 3b). The details and the dimensions of the ANC system
configuration are shown in figure 4.

Figure 4-Front view and top view of the proposed ANC system configuration.
In addition, the synthetic sound disturbance, that simulates the noise produced by the propellers of a small
aircraft has been created in LabView platform and reproduced by a subwoofer model Omnitronix BX 1250
driven by a power amplifier model Behringer KM750. Finally, a reference microphone model MX183 Shure
has been placed in front of the subwoofer and 10 cm far from it to “feed” ESPRIT technique and to obtain the
tones embedded in the noise.
3.2

Performance of ANC system

The ANC system was tested for a signal with one harmonic at 110 Hz and a beat signal with two frequencies
at 110 Hz and 114 Hz. To simulate better the sound disturbance produced by a small aircraft, a 30db Gaussian
noise was added to the final signal. The SPL distribution on a horizontal and flat test area 𝐴𝐴 = 0.4𝑥𝑥0.5 𝑚𝑚2 is
calculated mounting observation microphones on a wooden grille (Fig. 3a). A vertical displacement of this
grille was applied to build a 3D measurement grid consisting of four flat planes. The separating distance
between two planes was 10 cm. First plane’s position was set to be at level 10 cm from the base of the lower
loudspeakers. For clarity reasons we should say that in the figures that follow there are no SPL measurements
for a small distance in front of the loudspeakers because this area is not accessible by the passenger’s ears.
The parameters of the adaptation algorithm (Eq. 2) have been tuned to ensure fast convergence and stability.
The step size has been chosen equal to 𝜇𝜇 = 1𝑒𝑒 − 5 and the notch filter taps equal to N=30. In addition, the
parameter x for the linear extrapolation technique was set to 12 cm.
In the case of one tone signal while ANC system is off, the overall SPL varied from 80db to 85db at the four
different planes. Then the system was activated and the reduction of the SPL is shown in figure 5. Especially
for planes B and C (20cm and 30cm from the base of lower loudspeakers) a significant sound attenuation of
18db to 25db is achieved up to 20cm far from the loudspeakers. Moreover, an SPL reduction of 6db to 12db
has been achieved for 30cm far from the headrest for the planes mentioned above. The system’s performance
at these levels is important because it coincides with the ear level of a passenger around 175cm to 185cm. The
noise attenuation gets worse at planes A and D (3db to 9db). Thus, the quiet zone is spread over a space of
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volume 𝑉𝑉 = 0.4𝑥𝑥0.3𝑥𝑥0.3 𝑚𝑚3 (𝑊𝑊𝑊𝑊𝑊𝑊𝑊𝑊𝑊𝑊) which is adequate for the movements of a passenger around the
headrest.

Figure 5- Total SPL difference before and after the ANC activation at different horizontal contours (a) A plane,
(b) B plane, (c) C plane, (d) and D plane. The ‘o’ indicates the basic location of the ears.
The significant attenuation of the harmonic at 110 Hz is also depicted in the spectrums of figure 6.

Figure 6- Spectrums of monitoring signals close to the (a) left and (b) right ear of an 175 cm person (B plane)
while the ANC system using the proposed methodology is off (red dot line) and on (black line).
In the second experiment the proposed ANC system was analyzed for a beat signal with two frequencies at
110 Hz and 114 Hz, that simulates the sound produced by two non-synchronized engines of a propeller aircraft.
The algorithm parameters remained the same as in the first experiment. The only difference is that in the case
7
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of the beat signal has been used two parallel adaptive notch filters, each for the attenuation of one frequency.
The overall SPL at four planes before the activation of ANC varied from 79 db to 82 db and the overall SPL
reduction achieved by the ANC is depicted in figure 7.

Figure 7- Total SPL difference before and after the ANC activation at different horizontal contours in the case
of beat signal (a) A plane, (b) B plane, (c) C plane, (d) and D plane. The ‘o’ indicates the basic location of the
ears.

Figure 8- Spectrums of monitoring signals close to the (a) left and (b) right ear of an 175 cm person (B plane)
while the ANC system using the proposed methodology is off (red dot line) and on (black line).
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In figure 7 is shown that, when ANC was activated, the SPL reduction at planes B and C ranges from 9 db to
24 db for distance up to 20cm far from the headrest. At plane B the length of the quite zone is even bigger and
reaches 30cm. At planes A and D, the noise attenuation gets worse similar to the first experiment. However,
especially for the plane A the SPL reduction is about 10 db around the passenger’s ears, which is sufficient to
ensure the enhancement of passenger’s experience. The significant attenuation of the two frequencies that form
the beat signal around the ears is depicted in figure 8. The attenuation of the frequency at 110 Hz is around 12
db and the attenuation of 114 Hz varies from 7db to 17 db at the right ear of the passenger.

4

Conclusions

This manuscript introduces a simple multichannel ANC scheme for the attenuation of narrowband noise
produced by the propellers of a small aircraft. The system consists of three parallel adaptive notch filters and
is able to control three frequencies. Moreover, a linear extrapolation technique is used in order to relocate the
quiet zone far from the error microphones and ESPRIT method has been chosen as a frequency estimator for
the reference signal. The ANC system was experimentally tested for one tone signal and a beat signal as
primary sound disturbance. The results show a significant attenuation of narrowband noise in a large area and
the creation of a quiet zone that allows big freedom of movement for the passenger’s head. In addition, ESPRIT
algorithm estimates in a satisfactory way the frequencies of the reference signal and doesn’t create any
problems in the convergence of the ANC algorithm.
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Abstract
This paper introduces an application of a plasma-based actuator for active noise reduction problems. The
actuator is based on an atmospheric corona discharge in a wire-to-mesh geometry. Its satisfactory
electroacoustic characteristics and the absence of moving parts make the corona discharge actuator a serious
alternative to conventional electrodynamic loudspeakers for active impedance control techniques. In this work,
a pressure-velocity feedback impedance control strategy for active sound absorption adapted to corona
discharge actuators is presented. Two approaches of particle velocity estimation with two microphones are
considered. The first is based on the linear approximation of pressure gradient, the second measures flow
velocity through an additional resistive layer in front of the actuator. The experimental validation is performed
in an impedance tube under the normal sound incidence. According to the results, such a system with a corona
discharge actuator as a controlled transducer can provide high sound absorption over a wide frequency range
using any of the methods of velocity estimation.
Keywords: active noise control, sound absorption, corona discharge, plasma actuator.

1

Introduction

With recent advances in real-time digital controllers active sound control becomes a common solution for noise
reduction problems in low and middle audio frequency ranges. Various techniques such as noise cancellation
and impedance control find their applications in different areas [1]-[5]. The electrodynamic loudspeakers are
commonly used as controlled sources to manipulate the sound field. Low cost, ease of implementation,
frequency response and low distortion qualify these transducers as an optimal choice for many cases. However,
in certain situations an alternative transducer may be preferred. For instance, implementation of active noise
control systems in window panels requires transparency of the transducer. Although piezoelectric films are
proposed [6], the polymer-based membrane can be fragile to a mechanical impact. Also, in the many cases
where weight and available space are the main factors, such as acoustic liners [7][8], light, compact but still
resistant to harsh environment solutions would be beneficial. Moreover, conventional loudspeakers have
typically circular or elliptical membrane shape, whereas more flexibility in design might be needed in order to
optimally cover a treated area in complex installations. Finally, electrodynamic loudspeaker presents a
mechanical resonator which limits the absorption bandwidth in impedance control methods [9]. Thus, there is
a great potential for active control methods to benefit from the alternative electroacoustic transducers that do
not exhibit the abovementioned shortcomings.
Plasma-based transducers are considered as a possible candidate for active noise control applications.
Extensively studied in the field of flow control [10], these actuators can also produce sound [11]. Sound
generation results from direct transfer of mechanical momentum from ionized particles to the surrounding
medium and a heat release from a discharge zone. Thus, without any moving parts, the plasma-based actuators
1
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are simple in design and lightweight, have short response time to the input signal. In the previous work [12],
the authors studied the transducer operating on the principle of the atmospheric corona discharge (CD). The
analysis of basic acoustic characteristics such as frequency response, directivity, and harmonic distortion
brought to the conclusion that the CD actuator is potentially suitable for active noise control. The follow-up
work presented the implementation of the so-called “hybrid absorption method” with the use of CD actuators
[13]. Although high and broadband absorption was achieved under normal incidence, the FxLMS based
methods need the measurement of reference noise, which is not always available. Moreover, in this control
strategy, the fixed resistance of a passive porous layer determines the target acoustic impedance. Thus, any
change in impedance for optimal absorption, e.g. grazing sound incidence, requires a change of material, which
is impractical. In this study, we design a feedback impedance control method, which relies on direct
measurements of acoustic pressure and velocity. The target impedance for optimal absorption can be changed
numerically without any intervention into the hardware. Two approaches of estimating velocity are considered.
Finally, the system is implemented experimentally and the sound absorption performance is evaluated in the
impedance tube.

2

Control methods

The knowledge of an analytical model of the actuator helps reduce the number of used sensors and
consequently the cost of implementation of noise control system [9]. However, electroacoustic dynamics of
the corona discharge depends on a number of medium properties such as humidity and ion mobility, which
can vary during operation, making the development of actuator model and its implementation to real-time
control an arduous task. Thus, pressure-velocity feedback method can be applied to control acoustic impedance
in front of the CD actuator.
The absence of any moving part in the actuator poses some constraints on how the particle velocity can be
estimated, as a laser velocimeter or accelerometer cannot be used. In this study the particle velocity is estimated
with two different methods illustrated in Figure 1 and Figure 2 using a pair of microphones. Their relative
performance is compared in the impedance tube in the next section. Since there are no acoustic sources between
two microphones in Figure 1, velocity can be measured using one dimensional Euler equation. If the pressure
gradient is approximated by a simple difference (𝑝1 − 𝑝2 )/𝑙, the estimated velocity between the microphones
can be written in frequency domain as:

𝑣𝑒𝑠𝑡 =

𝑝1 −𝑝2
𝜌𝑙𝑠

,

(1)

where 𝑠 = 𝑗𝜔 is a Laplace variable, 𝑙 is the separation between two microphones, 𝜌 is the air density. The
accuracy of velocity estimation depends on the ratio of the sound wavelength to distance between microphones:
𝑙 should be fairly small compared to wavelength. However, if the wavelength is too large, the parasitic noise
in the sensors can be greater than the actual pressure difference at positions 𝑝1 and 𝑝2 . Thus, a compromise in
a desired frequency range of operation should be found. The pressure measurement 𝑝2 with desired acoustic
impedance 𝑍𝑡𝑔 (target impedance) defines the target velocity 𝑣𝑡𝑔 = 𝑝2 /𝑍𝑡𝑔 that is needed in order to achieve
𝑍𝑡𝑔 in front of the actuator. The difference between 𝑣𝑡𝑔 and 𝑣𝑒𝑠𝑡 yields the error signal which should be
minimized. The error is amplified by a dimensional gain 𝐺 and forms a voltage 𝑢 that applies to the actuator.
Higher the gain, closer the achieved impedance should be to 𝑍𝑡𝑔 . However in practice, there is always a limit
above which the system becomes unstable. Rectangular blocks represent continuous-time transfer functions
which should be discretised and implemented on a hardware. The transfer function 1/𝑍𝑡𝑔 is stable and proper.
Within these requirements various complex frequency-dependent target impedances can be implemented.
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Figure 1. Scheme 1: pressure-velocity feedback impedance control schematic 1 for corona discharge
actuator. Velocity is estimated with two microphones separated by 30 mm.
Figure 2 illustrates the control scheme similar to one mentioned above but with different approach to estimate
particle velocity in front of the actuator. A thin porous layer, e.g. a wire mesh, with known flow resistance 𝑅
is placed between the microphones. At low frequencies the particle velocity through a porous layer is controlled
by its resistance [14]. Therefore, the estimation for acoustic velocity reads:

𝑣𝑒𝑠𝑡 =

𝑝1 −𝑝2
𝑅

.

(2)

Figure 2. Scheme 2: pressure-velocity feedback impedance control schematic 2 for corona discharge
actuator. Velocity is estimated with two microphones separated by a wire mesh with resistance of 0.3𝜌𝑐.
3
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At high frequencies inertial forces become non-negligible reducing the accuracy of equation (2). In Figure 2
the target velocity is calculated with the use of microphone 𝑝1 since the total impedance presented by an active
absorber is the one on the front face of the wiremesh.
Target acoustic impedance can be changed digitally in the controller that allows adjusting the system to optimal
absorption in various configurations. Moreover, since it is possible to set a complex frequency-dependent
impedance, this method is advantageous compared to the hybrid absorption method under grazing incidence
[8][13].

3

Implementation and achieved absorption

This section presents an overview of corona discharge actuator used in the laboratory measurements,
experimental setup and achieved performance of impedance control with two methods of velocity estimation.
3.1

Corona discharge actuator

The corona discharge actuator prototype is built in a wire-to-mesh geometry (Figure 3). The frame with 50x50
𝑚𝑚2 hollow area is manufactured on a 3D printer from PLA plastic. The high voltage electrode is made from
a single 0.1 mm in diameter nichrome wire which passes five times the internal area. All parts of high voltage
wire are parallel and separated by 10 mm forming a plane. The grounded electrode is made from a stainless
steel perforated plate which is fixed parallel to high voltage electrode plane at the distance of 6 mm. Due to
the coarse perforation, the plate presents negligible acoustic resistance and thus is almost transparent to sound.
In this configuration a stable positive corona discharge can be formed, at atmospheric conditions, within the
voltage range ~6-10 kV with interelectrode current up to 1 mA. When a constant positive voltage is applied to
the high voltage electrode, positive ions are generated close to it and drift towards the grounded plate. In the
interelectrode volume ions elastically interact with the neutral air particles transferring mechanical momentum
and consequently creating the air flow. Part of total energy locally releases in the form of heat. If the constant
voltage is superimposed with alternating one, the modulation of airflow and heat release finally creates a sound
wave. For more details, refer to [12].

Figure 3. Photo of corona discharge actuator in a wire-to-mesh geometry used in this study.
3.2

Experimental setup

To evaluate the absorption performance of the impedance control methods with CD actuator, the measurements
under normal sound incidence are performed in the impedance tube. The length of the tube is 1.1 m, cross
section is 50x50 mm2. The actuator is backed by rectangular enclosure with 50x50 mm2 cross section and 20
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mm depth and fixed at one termination of the impedance tube. A 10 mm-thick layer of melamine foam is fixed
at the enclosure termination in order to increase control stability (due to sound reflections on the back wall).
Such dimensions allow to study absorption qualities under normal plane wave incidence at frequencies below
3 kHz. The termination at the left is closed by a loudspeaker used to generate bidirectional sinusoidal sweep.
Microphones 𝑀1 and 𝑀2 placed 50 mm apart assess acoustic impedance and absorption coefficient of CDbased active absorber according to ISO-10534-2 standard [15]. Signals from these microphones are processed
with Brüel&Kjaer Pulse frequency analyzer.
The hardware used to control the CD actuator is depicted at the right in Figure 4. A pair of PCB130D20 quarter
inch microphones sense the pressure at positions 𝑝1 and 𝑝2 . The control schemes from Figure 1 and Figure 2
are implemented in real-time platform Speedgoat IO-334. The discretised loop runs at frequency 50 kHz. As
the controller cannot generate high voltage, the following procedure is performed. The voltage calculated by
controller to supply the actuator (in the range of kV) is reduced by a factor 1000 before the output. Controller
is then connected to TREK 615–10 high voltage AC/DC amplifier (±10 kV, 10 mA) which amplifies the signal
back by 1000 and supplies the actuator.
The performance of the active absorber is evaluated in the frequency range 100 – 2000 Hz so that the lower
limit is higher than the cut off frequency of the control microphones (50 Hz) and the higher limit is sufficiently
lower than the sampling rate of the controller. Therefore, to estimate velocity in scheme 1 the separation 𝑙 =30
mm was chosen as a compromise to keep the sound absorbing system small and work in the considered
frequency range. When 𝑣𝑒𝑠𝑡 is measured according to scheme 2, the wire mesh with thickness of 0.3 mm and
flow resistance 𝑅 = 0.3𝜌𝑐 is installed, 𝑙 =9 mm.

Figure 4. The schematic of experimental setup. The impedance control system is depicted on the right. To
implement scheme 1, wire mesh is removed, 𝑙 = 30 mm. To implement scheme 2, wiremesh is installed, 𝑙 = 9
mm. Not to scale.
3.3

Achieved impedance and sound absorption

Performance of plasma-based sound absorber is evaluated sequentially for two approaches of particle velocity
estimation. The measurements are carried out in the same environmental conditions and levels of sound source
excitation. The feedback gain 𝐺 in both cases is set the highest before the control system becomes unstable.
The target impedance is set to 𝑍𝑡𝑔 = 𝜌𝑐 ≈ 418 Pa∙s/m in order to aim the maximal absorption in the impedance
tube. Figure 5 represents the performance of the active system in terms of achieved impedance in comparison
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with passive operation. For scheme 1 the plane of impedance measurement is positioned in the middle between
the two control microphones; for scheme 2 it is located at the front face of the wire mesh. When the actuator
is not controlled (passive case), the low frequency behaviour in both scheme 1 and scheme 2 (dashed lines) is
mostly governed by the stiffness of the actuator enclosure. It leads to high magnitudes and negative phase of
measured impedance. At frequencies above 1000 Hz the trends are rather different for two installations since
the impedance measurement is carried out at slightly different distances from the back wall, and additional
resistive wire mesh is installed in scheme 2. When the control is on (solid lines in Figure 5), the impedance
magnitude in both cases drops to values much closer to 𝜌𝑐, than in passive operation. The phase of the
impedance shifts closer towards zero, since target impedance is purely real. In the range from 1 kHz the actively
achieved impedance tends closer to the passive values. This can mean that the control either loses its efficiency
or the passive absorption increases towards high frequencies and strong control action is not needed anymore.
In passive case for scheme 2 (dashed orange line) it is visible that the impedance magnitude and phase are
relatively close to 𝑍𝑡𝑔 towards 2000 Hz. Bottom line, the acoustic impedance is both active cases moves
towards 𝑍𝑡𝑔 = 𝜌𝑐 in the whole frequency range considered.

Figure 5. Frequency responses of acoustic impedances measured for scheme 1 (blue lines) and scheme 2
(orange lines) in two cases: the actuator is supplied only with DC voltage (passive, dashed lines), and the
actuator is controlled (active, solid lines). Magnitude is normalized by 𝜌𝑐.
The analysis of acoustic impedance above is supported by the achieved sound absorption shown in Figure 6.
At low frequencies, the passive systems almost do not absorb sound. In scheme 1 all passive absorption is
provided by a 10 mm melamine layer. Thus, it reaches only 50% at 2000 Hz. In scheme 2 additional resistive
wire mesh transforms passive system to a quarter wavelength resonator with size of approximately 40 mm,
which substantially increases absorption at higher frequencies. However, it does not reach perfect absorption
as the mesh resistance is not matched to 𝜌𝑐.
Both active schemes reach absorption values higher than 0.8 in the whole considered frequency range which
proves the efficiency of the concept to use CD actuator as the controlled source. It can be seen, that sound
absorption gradually decreases for scheme 1 (blue solid line in Figure 6) above 1000 Hz. Authors suggest that
it can be the result of growing error in 𝑣𝑒𝑠𝑡 as the sound wavelength decreases compared to microphone
separation making linear approximation of pressure gradient less accurate. Absorption performance of active
absorber in scheme 2 (orange solid line in Figure 6) also locally decreases till 500 Hz. Since the assumption
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of purely resistive wire mesh is valid only at low frequencies, the increasing error in 𝑣𝑒𝑠𝑡 can be the reason of
such dynamics. At higher frequencies this effect is compensated by growing passive absorption of the system.
Therefore, velocity estimation through the Euler equation (1) (used in scheme 1) leads to a slightly higher
absorption at frequencies from 250 Hz to 1150 Hz than with the second approach. Above this, up to 2000 Hz,
the system with a wiremesh performs better. In the low frequency range both approaches provide absorption
more than 90%. Nevertheless, the achieved bandwidth of effective absorption covers the whole studied range
from 100 Hz to 2000 Hz and can be possibly extended to lower frequencies with different control microphones.

Figure 6. Sound absorption coefficient calculated for scheme 1 (blue lines) and scheme 2 (orange lines) in
two cases: the actuator is supplied only with DC voltage (passive, dashed lines), and the actuator is
controlled (active, solid lines).

4

Conclusions

In this study the application of active acoustic impedance control method to an electroacoustic actuator based
on corona discharge is presented. Specifically, pressure-velocity feedback approach is implemented since the
model of the actuator is unknown. Estimation of particle velocity is performed in two ways using two
microphones: based on the Euler equation, and based on low frequency approximation of flow velocity through
a resistive layer. The absorber performance is evaluated in the impedance tube under normal incidence.
The achieved sound absorption remains higher than 80 % in the frequency range from 100 to 2000 Hz.
The motivation to use the plasma-based actuators in active noise control consists in their simple, flexible, and
mechanically robust design. Porous electrodes make the transducer transparent for sound and flow. In contrast
to conventional loudspeakers, where the presence of acoustic mass and stiffness cannot be completely
mitigated [9], the CD actuator does not present any resonant behaviour. As a consequence, it does not impose
any additional physical limitation on the control performance and allows achieving greater bandwidth of
effective absorption as demonstrated in this work. On the other side, the voltage range that can be applied to
the actuator is bounded between the beginning of ionization process and transition to a continuous arc.
Therefore, a particular CD actuator has a limit on the output power which is not straightforward to overcome.
Compared to a hybrid absorption strategy, the direct impedance control provides flexibility in change of the
target impedance assuming the closed loop transfer function is stable, which makes this approach attractive
for grazing incidence absorption. Although in scheme 2 the impedance presented by the passive wire mesh
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should be taken into account (it limits the lower resistance to aim), the system appeared to be more compact
than in scheme 1 which needs greater microphone separation for accurate measurements.
The performance of the active feedback impedance control strategy with the use of the CD actuator reveals a
great potential of this transducer for active control purposes.
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As refrigerators become indispensable for modern kitchens, the comfort they provide to the user has
become important as well as their cooling performance. One of the parameters affecting user comfort is
the sound power level of the product. In No-frost refrigerators, the most dominant sound source after
compressor is the fans. This paper describes the numerical and experimental aeroacoustic performance
investigation of a No-frost refrigerator freezer compartment. The study consists of two main parts. The
first part covers the numerical investigation of flow and flow induced noise around the axial fan in the
freezer compartment. The numerical solution, including pressure based unsteady RANS and Ffowcs
Williams & Hawkings solutions, is experimentally verified with the volume flow rate and sound pressure
information at certain points. In the second part of the study, this validated model is applied for the
entire freezer section. Regions where the flow noise is intense are determined by looking at the velocity
and turbulent kinetic energy distribution. The sound pressures created by the sound waves emitted from
the front, back and side surfaces of the numerically analysed freezer volume at certain microphone
positions are examined. The compatibility between numerical and experimental studies was examined
and suggestions were made to increase it.
Keywords: refrigerator, freezer compartment, aeroacoustic, URANS, Ffowcs Williams & Hawkings

1

Introduction

Refrigeration is a process that supplies cooling by providing heat transfer from a volume at lower temperature
to higher temperature. One of the usage area of this process is refrigerators to keep nutrients fresh by decreasing
the rate of spoilage. The first stones of artificial refrigeration were built by Professor William Cullen in 1755.
He used diethyl ether and a pump to reduce the heat of surrounding area [1]. In 1911, an American company
invented the first commercial domestic refrigerator. The refrigerator based on vapour absorption process was
first made in 1931. In addition, the first dual temperature refrigerator with two chambers was introduced in
1939 [2].
With the developments in cooling technology, the use of static refrigerators in homes was increased over time.
Static refrigerator models are consist of four main parts of vapour compression system which are compressor,
evaporator, condenser and capillary. These refrigerator model generally include both freezer and fresh food
compartments. Evaporator pipes are located on the top, bottom and side surfaces of the freezer and back surface
of the fresh food compartment. Since the refrigerant is much colder than the refrigerator inside, icing occurs
on the evaporator related surfaces over time. Ice layer thicker than 3-4 mm reduces the cooling performance
and energy efficiency of the product. In order to overcome this problem, the ice layer should be removed with
1
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defrosting regularly. In 1987, new No-frost technology was introduced with its several usefulness. No-frost
technology comprises powerful fans additional to four main compression vapour cycle components. These
fans absorb the relatively hot air in the cabinet towards the evaporator pipes. Then, cooled air from the
interaction with evaporator are blew out to the cabinet inside.
Although the cooling performance has been improved with the No-frost technology, the acoustic emission has
increased. Engineering studies are carried out to reduce the sound power level of the refrigerator in order to
increase user comfort and comply with acoustic regulations. In No-frost refrigerators, the most dominant sound
source after compressor is the fans. The types of fans used are usually axial or radial. Experimental and
numerical aeroacoustic performance studies of these fan types have been studied in the literature [3-8]. This
paper aims to examine aeroacoustic performance of a No-frost refrigerator and to make design
recommendations to reduce acoustic emission.

2

Solo Axial Fan Investigation

The axial fan in the freezer compartment consists of 4 blades equally spaced on the hub as presented in Figure
1. The outer diameter of the fan is 115 mm and the tip chord length is 82 mm. The operating speed of the fan
is 1200 rpm. Depending on the blade tip speed and tip chord length, Reynolds Number is approximately
29,500.

Figure 1: Freezer fan model of refrigerator
2.1

Axial Fan Numerical Investigation

In order to predict the flow characteristic properties and performance, three dimensional incompressible
Unsteady Reynolds Averaged Navier Stokes (URANS) were used as the governing equations.
𝜕𝜐̅𝑖
=0
𝜕𝑥𝑖

(1)

′′ ′′
̅̅̅̅̅̅̅
𝜕𝜐
𝜕𝜐̅𝑖
𝜕
1 𝜕𝑝̅
𝜕 2 𝜐̅𝑖
𝑖 𝜐𝑗
(𝜐̅𝑖 𝜐̅𝑗 ) = −
+
+𝜈
−
𝜕𝑡 𝜕𝑥𝑗
𝜌 𝜕𝑥𝑖
𝜕𝑥𝑗 𝜕𝑥𝑗
𝜕𝑥𝑗

(2)

The computational fluid dynamics analysis were performed by ANSYS Fluent which is based on finite volume
method. Fluent solved the flow governing equations under three dimensional, unsteady and time dependent,
viscous, incompressible flow assumptions. In the analysis, Shear Stress Transport (SST) model which is
combination of 𝑘 − 𝜀 and 𝑘 − 𝜔 was preferred as the turbulence model. The 𝑘 − 𝜀 turbulent model is weak at
determining shear stress in adverse pressure gradient flows and it requires modification for near wall region
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[9]. The 𝑘 − 𝜔 model is better than 𝑘 − 𝜀 to predict adverse pressure gradient flow’s shear stress. However, it
depends on the free stream value of specific turbulent dissipation rate [9]. SST model solves 𝑘 − 𝜔 model in
the boundary layer and 𝑘 − 𝜀 in the outer region. The combination of these two eddy viscosity models uses
𝜀
𝜔 = (𝛽∗𝑘) relation where 𝛽∗ = 𝑐𝜇 . In order to switch the coefficients from 𝑘 − 𝜔 to 𝑘 − 𝜀, 𝐹1 function is used.
It is 1 for 𝑘 − 𝜔 region and 0 for 𝑘 − 𝜀 region.
𝐹1 = tanh(𝜉 4 )
𝜉 = 𝑚𝑖𝑛 [𝑚𝑎𝑥 {

√𝑘 500𝜈 4𝜎𝜔𝑘−𝜀 𝑘
}
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,
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During the analysis, the flow area was divided into three regions, one rotating and two stationary, and the
movement of these regions relative to each other was modelled by sliding mesh method. The flow volume was
divided into finite volumes by using polyhedral mesh types on the walls and boundary layer; and hexahedron
mesh types in the core. Mesh quality was checked according to skewness values. Mesh quantities and qualities
are indicated in Table 1. As the boundary conditions, 0 pa gauge total pressure at the inlet and 0 pa atmospheric
pressure (gauge) at the outlet were defined.
Table 1 – Detailed mesh information of solo axial fan fluid domain
Region name
Up fluid
Down fluid
Rotating body
Overall summary

Maximum quality
0.6935
0.7764
0.8074
0.8074

Cell count
789,292
444,623
7,481,914
8,715,829

As it is indicated in Figure 2, the axial fan produces turbulence. It starts at the wing tips, which are also the
region with maximum turbulence kinetic energy. The eddies coming out of the wing tip continue along the
wing line with decreasing energy.

Figure 2: Turbulence kinetic energy contour plot of solo fan wind tunnel simulation
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A low-energy zone is formed behind the hub. However, after a short distance, the energy of the eddies
emanating from the wings affects this region as well. Energy distribution shows a symmetrical distribution
when the fan center is taken as reference. At a distance of about 7 times the rotating body, the high-energy
turbulence field ends.
As the second step of the numerical investigation of solo axial fan, acoustic model was established. Numerical
acoustic studies have some difficulties due to the low energy of acoustic waves and the challenge on calculating
the properties that are the source of sounds in the near field. These difficulties can be minimized by correct
creation of the flow volume, fine mesh removal, and installation of the appropriate model. In these hybrid
aeroacoustic solutions from ANSYS, the outputs of the flow analyses form the inputs for the acoustic analysis.
The acoustic model used was Ffowcs Williams & Hawkings (FW-H), one of the acoustic solutions provided
by ANSYS. The FW-H equation is an inhomogeneous wave equation obtained by solving the continuity
equation and the Navier-Stokes equations together.
1 𝜕 2 𝑝′
𝜕2
𝜕
2 ′
{𝑇𝑖𝑗 𝐻 (𝑓)} −
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−
∇
𝑝
=
2 𝜕𝑡 ′
𝜕𝑥𝑖 𝜕𝑥𝑗
𝜕𝑥𝑖
𝑎0
+

𝜕
{[𝜌 𝑣 + 𝜌(𝑢𝑛 − 𝑣𝑛 )]𝛿(𝑓)}
𝜕𝑡 0 𝑛

(9)

The first term on the right side of Equation 9 indicates quadrupole source, meaning volume distribution due to
flow outside surfaces. The second term indicates a dipole source, which is a surface distribution due to the
interaction of the flow with moving bodies, and the third term indicates a monopole source, which is a surface
distribution due to the volume displacement of the liquid during the movement of the surfaces.
2.2

Axial Fan Experimental Investigation

Within this study, model validation was performed for both the flow solution and the acoustic solution
separately. For flow solution verification, a volumetric flow rate test was performed in the wind tunnel of the
respective axial fan. There are three nozzles with 0.8'', 1.6'' and 3'' diameters in the second section of the axial
wind tunnel constructed according to ANSI AMCA 210-85 standard. It is decided which nozzle to be closed
and which to be left open during the measurement by looking at the characteristic curves determined for flow
and pressure. The purpose of the wire plates placed one after the other in various parts of the tunnel is to ensure
the uniformity of the flow and thus to prevent incorrect measurements that may arise from turbulence.

Figure 3: Wind tunnel schematic drawing
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Flow measurements up to 1000 𝑚 3 /ℎ can be made in the wind tunnel. The measuring setup consists of flow
regulators, nozzles, pressure sockets and the fan located at the air outlet of the wind tunnel, as shown in Figure
3. The P-V diagram of the working fan was created by measurements made in the wind tunnel whose schematic
is shown. The axial fan is sealed to the tunnel by means of the duct on the blowing side. After the completion
of the test preparations, the tests are carried out in room conditions, with the use of appropriate nozzles.
Experiments are made in cases where the tunnel exit is fully closed and fully open and by using a booster when
necessary. The measuring points are pressure sockets placed at the inlet and outlet of the nozzles in accordance
with the standard. After the preparations, the axial fan was driven between 6 and 12 volts and the volume flow
rate under different pressure loads was reflected in the graph shown in Figure 4. As obtained in numerical
studies, the volumetric flow rate was confirmed by experiments as 19 L/s under 0 pressure difference for 1200
rpm rotation speed. These operating conditions were reached when the fan is running at 6 volts.

Figure 4: P-V diagram of the solo fan
Acoustic experiments were carried out in a full anechoic room with dimensions of 6.95 m × 6 m × 6 m. The
microphones used for the measurements are B&K 4955. Sound pressure data were collected from a total of 12
points placed at equal angular distances around the fan. Comparison of the experimental measurement results
from the fan blowing zone with the numerical measurement results is shown in Figure 5. Blade passing
frequency (BPF) of the axial fan is 80 Hz. This distinctive frequency was also obtained in numerical studies
in accordance with the experimental results. Both numerical and experimental curves have similar behavior,
although the level of numerical data is lower.

Figure 5: Sound pressure level comparison
This amplitude difference between the two curves may be due to fan motor noise and some assumptions used
to speed up numerical calculations. By using more realistic flow models such as DNS and LES, the turbulence
field can be resolved at a higher rate and the obtained results can be closer to the experimental results.
5
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3

Freezer Compartment Investigation

The simplified freezer compartment geometry includes 3 drawers, an evaporator mask, an axial fan and the
walls surrounding them which is shown in Figure 6. The freezer volume is recessed inward as the compressor
and other cabinet bottom components are located in the rear lower compartment. The evaporator mask has
parallel lines with the geometry of the back wall of the volume. The axial fan is located in the upper middle
part of the mask. The drawers are placed in such a way that there is enough space between the evaporator mask
and the drawers to ensure air flow.

Figure 6: Freezer compartment model
3.1

Freezer Numerical Investigation

For flow analyses of the freezer volume, transient SST 𝑘 − 𝜔 model was used, which was previously validated
with axial fan operation. The governing equations were solved under three dimensional, unsteady and time
dependent, viscous, incompressible flow assumptions. The fluid domain was divided into 18,155,765
polyhedral and hexahedron meshes with the worst quality 0.83 skewness. In order to shorten the convergence
time, the model was first solved steady, and after convergence, the transient was solved for 5 full rotations of
the fan. Figure 7 shows turbulence kinetic energy contour plot, velocity contour plot and velocity vector plot
of the freezer flow analysis, respectively.

Figure 7: Plots of freezer compartment flow features
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The fan draws air from the lower part of the evaporator mask and blows it towards the upper drawer.
Turbulence formation starts at the wing tips as observed in solo fan analyses. The eddies coming out of the fan
blade tips concentrate especially on the upper wall of the freezer volume and in the space between the upper
two drawers. Besides, turbulence is observed in the region starting from the lower part of the evaporator mask
and extending towards the fan suction area.
After the flow solution, which takes 5 fan revolutions, acoustic analysis was performed for the time required
for the fan to make one full rotation. As the acoustic solution model, FW-H was used.
3.2

Freezer Experimental Investigation

In this part of the study, acoustic experiments were carried. Experiments were made in a Full Anechoic Room
where solo fan analyses were also performed. The experimental environment is shown in Figure 8. Before
starting the experiment, the fan was run for a while and expected to be in regime. Sound pressure measurements
were taken from two different distances from the front, back and side surfaces of the freezer volume with B&K
4955 microphones. In order to minimize the measurement instability, the experiment was repeated at different
times and averaged.

Figure 8: Acoustic test environment
Measured sound pressure level for different surfaces and distances are indicated in Table 2. Sound pressure
values were measured as 26.7 at distance 𝑎 and 23.3 at a distance of 2𝑎, in the measurements taken from the
back surface. Back surface is the closest surface to the axial fan, which is the only sound source in the study.
The energy of the sound waves decreases until they reach the front surface, therefore, in the measurements
taken from the front surface, the sound pressure values are measured as 20.5 with a decrease of 6.2 dBA at
distance 𝑎.
Table 2 – Freezer sound pressure levels
Measurement surface

Microphone distance

Front
Front
Back
Back
Left
Left
Right
Right

𝑎
2𝑎
𝑎
2𝑎
𝑎
2𝑎
𝑎
2𝑎

Sound pressure
level (dBA)
20.5
19
26.7
23.3
17.5
14.1
16.5
14
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Sound pressure level spectrum obtained through experiments are shown in Figure 9. BPF is clearly seen as 80,
however unlike solo fan measurements, the amplitudes of the BPF harmonics are not significant.

Figure 9: Sound pressure level spectrum at distance 𝑎 (left) and distance 2𝑎 (right)

4

Conclusion

The air flow-induced noise level of the freezer volume of the combi type refrigerator was investigated. The
axial fan, which is the sound source in the system, was analyzed solo and within the freezer volume. In the
first step, the flow solutions of the system were modeled with unsteady RANS, SST 𝑘 − ω turbulence model.
The results of the flow solution were given as input to the acoustic solution with Ffowcs Williams & Hawking
model. A strong agreement was observed between the results of the solo fan analysis and the experimental
flow and acoustic measurements. The validated model was repeated over the entire freezer volume. By
examining the turbulence formed, the parts where the flow energy increased were determined. In addition to
being intense especially at the axial fan blade tips, turbulence was also observed in the upper ceiling, between
the upper two drawers and behind the evaporator mask. Sound pressure data were collected from the front,
back and side surfaces within the scope of the freezer volume experimental acoustic studies. It has been
observed that the pressure values created by the sound waves emitted from the back surface, which is the
closest surface to the sound source, at the microphone positions are the highest. Since the axial fan cannot be
changed, acoustic improvement can be achieved with various geometric optimizations and air duct designs by
focusing on the turbulence formation behind the evaporator mask.
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Abstract
The prediction of the acoustic field produced by a known sound source around a rigid 2-D obstacle is
investigated. Consider, for example, the cross section of a house (simplified as a polygon) or an ancient
theater (simplified as right-angled steps). Sound is reflected from the edges of the cross section and
diffracted by its vertices. A method is presented that (i) identifies all propagation paths between source and
receiver, (ii) associates each propagation path with a corresponding virtual source and (iii) employs newly
presented empirical formulas to compute the contribution of each virtual source at the receiver location. The
employment of empirical formulas instead of analytical solutions for the virtual sources reduces the
computational time by orders of magnitude. Results agree favorably with available measured data. As
opposed to traditional computational aeroacoustics methods, the computational cost does not depend on the
frequency or the propagation distance. Finally, as opposed to other similar methods (that handle the
propagation effects separately), the proposed method accounts for high order diffractions. Also, it can work
directly in the time domain for the prediction of the impulse response
Keywords: virtual sources, higher-order diffraction, empirical formulas, impulse response

1

Introduction

The acoustic field that a known sound source produces around a rigid 2-D obstacle is investigated. The
problem is usually handled with computational aeroacouctics methods (e.g. [1]). In this category belong the
acoustic analogies methods, the Kirchhoff method or other boundary element methods, computational fluid
dynamics methods, or the two step computational fluid dynamics/computational aeroacoustics formulations.
These methods have been used extensively and allow predictions around complex geometries and through
complex propagation environments. Their main disadvantage is the computational cost, which increases
dramatically with increased propagation distances and increased source frequencies. A widely used
alternative are virtual source methods, ray tracing and beam tracing methods, which have also been used
extensively (e.g. [2]). A disadvantage of the ray tracing methods is the undersampling, (i.e the amount of
rays emanating is not enough to sufficiently cover the whole space and thus find all propagation paths) or the
creation of caustics. The present work is an extension to the virtual sources method. The virtual source
method is based on creating virtual sources by mirroring the position of a physical or a virtual source. In the
present work the effect of first order, as well as higher order diffraction is included. Every physically
possible propagation path is identified and an elementary solution is associated to each identified
propagation path (section 2).The method presented here can work directly both in the frequency and in the
time domain (section 3). Existing analytical solutions termed Directive Line Source Model (DLSM) are
employed for the formulation of the elementary solutions in both the frequency [3] and time domain [4]. The
1
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time domain formulation allows the direct prediction of the impulse response and the involved computations
are easy and fast to compute. The frequency domain formulations are time consuming, as they require the
evaluation of Fresnel integrals. Employment of empirical formulas [5] (instead of the frequency domain
elementary solution) reduces the computational time by orders of magnitude. Results are presented and
compared with measured data in the frequency domain (section 4) and in the time domain (section 5). Virtual
source methods do not suffer from undersampling or caustics nor is their computational cost increased with
frequency or propagation distance. Finally, the presented method handles each propagation path separately
and thus helps in the physical understanding of the studied problem (see section 5). Compared to our
previously published work [6] on virtual source methods, the present work incorporates higher-order
diffraction, the employment of empirical formulas and the direct formulation in the time domain.

2

Path identification and virtual source types

A ray tracing algorithm is employed to identify all propagation paths from source (S) to receiver (Rrec). The
propagation path can be either (i) a direct path - a propagation path directly between source and receiver, if
the receiver is directly illuminated by the source, or (ii) a path undergoing reflections on the edges Em and/or
diffractions on the vertices Vn of a 2-D geometry before reaching the receiver. The path S-E1-E2-V4-V7-V10E11-E12-Rrec shown in Fig.1 is an example of a propagation path in the form of SREF(M1)
DIF(N)REF(M2)Rrec. REF(M1) and REF(M2) indicate reflection-only portions in the propagation path, where
sound undergoes M1=2 and M2=2 successive reflections on the edges of the geometry and DIF(N) indicates a
diffraction-only portion, where sound undergoes N=3 successive diffractions on the vertices of the geometry.
The corresponding virtual source for a reflection-only portion is a Virtual Point Source (VPS), while for a
diffraction-only portion a Virtual Edge Source (VES). For the mixed path, such as SREF(M1)
DIF(N)REF(M2)Rrec, the virtual source is of a Virtual Source of Mixed Type (VpeS). The mixed type VpeS
is essentially a VES corresponding to DIF(N) with its source being not the physical source S, but a virtual
point source of M1 order, and the receiver not the physical receiver, but a virtual receiver of M2 order. For
the path depicted in Fig.1 (S-E1-E2-V4-V7-V10-E11-E12-Rrec), the virtual point source of M1=2 order is created
by 2 successive mirrorings of the physical source. The source illuminates the edge E1, a virtual point source
(VPS(1)) is created that is located at the mirror location of the source with respect to edge E1. The created
point source VPS(1) illuminates the edge E2, and a new virtual source (VPS(2)) is created at the mirror
location of VPS(1) with respect to the illuminated edge E2. Associated with the mirroring is the distance that
sound travels from the source to reach the first vertex V4 of the propagation path after it has undergone M1=2
successive reflections. Or equivalently, the distance between the last virtual point source VPS(M1=2)and vertex
V4. Similarly, the virtual receiver of order M2=2 is created by successive mirroring of the physical receiver 2
times, on the edges E12 and E11, until the last vertex V10 of the propagation path is reached. This is the same
path from the vertex V10 to the physical receiver, but traveled on the opposite direction. Here, again, the
associated distance is the total distance sound travels from vertex V10 to reach the physical receiver.

Figure 1 - Example of propagation path.
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3

Computation of acoustics pressure

In the present section the mathematical expressions are provided for the different contributions in both the
frequency and the time domain. In the present work four different types of contributions are considered: (i)
the contribution from the incident field, (ii) the contribution from reflection-only paths, (iii) the contributions
from diffraction-only paths, and (iv) contributions from mixed paths.
3.1

Frequency domain analytical solution

Contributions from the incident field are taken into account only if the receiver is directly illuminated by the
physical source

Pdirect

eikrdirect
,
 P0
rdirect

(1)

where rdirect is the distance between source and receiver and P0 is the amplitude of the sound source.
Contributions from reflections-only propagation paths (i.e. Virtual Point Sources) are evaluated as
ikr ( M )

(M)
VPS

P

e rp
 P0 ( M ) ,
rrp

(2)

where rrp( M ) is the distance between the M-th order VPS, (VPS(M)) and the receiver. An existing analytical
solution (DLSM) for diffraction in the frequency domain ([3][5]) is employed for the contributions from
diffraction-only propagation paths (i.e. Virtual Edge Sources)
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where H 0  is the Hankel function of the first kind and of zero order, L(1) the distance L(1)  ( r0  r1 ) 2 (see
1

Fig.2), D ( n ) a directivity function that corresponds to vertex Vn and is associated to the wedge diffraction
problem with wedge angle  n (see Fig.2), and N  N is the number of vertices, if any, that share a common
edge (in Fig.1 V4 and V5 share a common edge, while V4 and V7 do not). The directivity functions of each
wedge problem, D ( n ) , depend on the corresponding wedge angle  n and on the radial and angular locations

rn , n , rn 1 , o( n ) (see Fig.2)
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where F denotes the Fresnel integral, 1( n ) ,  (2n ) are functions of the angular locations n , (on ) and the wedge
angle  n and u1(2) , u2(2) are functions of normalized distances
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Contributions from mixed paths are also computed via Eq.(3) but with the location of the source and the
receiver being as indicated in section 2.

Figure 2 - Geometry of the problem of N successive diffractions.
3.2

Frequency domain empirical formulas

The computations for the direct path or the reflection-only paths are straight-forward and easy to perform.
The diffraction contributions, on the other hand, are computationally expensive, as they require the
evaluation of multiple Fresnel integrals. Empirical formulas are proposed instead. In the present work the
empirical formulas presented in ref. [5] are employed. They provide the insertion loss IL
2

 P rms ( A) 
IL  10 log  drms
 ,
 Po ( A) 

(8)

( A) is the root mean square (rms) value of the diffracted field Pd at A, and Porms ( A) the rms
value of the free field at the same location. The acoustic pressure can be obtained by the IL as follows [5]:
where Pd

rms
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where Rdirect is the Euclidian distance between source and receiver and the distances rn arre as shown in
Fig.2. The empirical formulas for receivers in the shadow zone are:
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Time domain analytical solutions

One of the advantages of the presented method is that it can work directly in the time domain providing the
impulse response at a receiver location. The time domain counterparts of Eqs (1) and (2) of the direct signal
and of the reflection-only signal are

pdirect
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,

rrp
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where  is the Dirac function. For the computation of the diffraction contribution, an existing time domain
solution is employed [4]. Based on that solution, the time domain counterpart of the Eq. (3) is obtained :
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where H is the Heaviside function and d ( n ) , similarly to the frequency domain, is the directivity function of
the n-th wedge problem :
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It is noted that the time domain computations are much faster than the frequency domain computations and
therefore there is no need for empirical formulas.

4

Frequency domain applications

The case of a wide barrier of infinite height is considered as shown in Fig.3(left). For receiver locations on
the source side of the obstacle (region A) three paths are identified: (i) the direct path S-Rrec, (ii) a reflectiononly path S-E2-Rrec and (iii) a diffraction-only path S-V2-Rrec (1st order diffraction). For receivers in region
B an additional diffraction-only path is identified S-V2-V3-Rrec (2nd order diffraction). For receivers in region
C the reflection-only path S-E2-Rrec is not longer present. For receivers in region D both the direct path S-Rrec
and the reflection-only path S-E2-Rrec disappear. Only diffraction paths can be identified. Specifically, the
diffraction-only paths S-V2-Rrec (1st order diffraction) and S-V2-V3-Rrec (2nd order diffraction) can be
identified. For receivers in region E only the 2nd order diffraction path S-V2-V3-Rrec can be identified.

Figure 3 – Wide obstacle of infinite height and regions with different number of propagation paths around it
(left), wide obstacle on rigid ground and paths for receivers behind the obstacle (middle), specific sourcereceiver configuration where measurements were taken (right) .
Figure 4 (right column) shows the sound field around the obstacle. If 2nd order diffractions are ignored,
region E is a complete shadow zone (see the middle column of the same figure). If both 1st and 2nd order
diffractions are ignored, regions D and E become complete shadow zones (left column). The comparison
shows that ignoring diffraction introduces errors, particularly in regions D and E. It should also be noted that
the vertices V2 and V3 share a common edge and thus N  1 in Eq.(3).
The case of a wide barrier on a rigid ground is considered next [see Fig.3 (middle)]. The configuration gives
rise to reflections from the barrier and also from the ground, as well as to diffraction by the vertices of the
barrier. It is noted that only the vertices V2 and V3 of the barrier give rise to diffraction. The vertices V1 and
V4 correspond to non-diffracting angles 2Ω=2700. Non-diffracting angles produce no diffraction field. As
discussed previously, we focus our attention to receiver locations in the shadow zone behind the obstacle.
Four different paths are identified in the shadow zone [see Fig.3 (middle)]. The first is a diffraction-only path
S-V2-V3-Rrec, the other three are of the mixed type involving ground reflections on either side of the obstacle
(S-E1-V2-V3-Rrec, S-V2-V3- E5-Rrec) and on both sides of the obstacle (S-E1-V2-V3-E5- Rrec).
Figure 5 shows results obtained by the analytical solution (DLMS) and by the empirical formulas for
receiver locations in the shadow zone. It is shown that the results obtained by the analytical solutions are
close to the results obtained by the empirical solutions. For the results depicted in Fig.5, the maximum
difference between DLSM and empirical is less than 2.5 dB, while the discrepancies reduce with increasing
frequency. The main advantage of the empirical formula is that it is order of magnitude faster to compute.
For a receiver grid of 165000 receivers, the evaluation of the empirical formula takes 8 min to compute,
while for the analytical solutions 20 hours. The comparisons have been performed with MATLAB on a
personal computer with AMD Ryzen 7 3700X 4.0 GHz processor.
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Figure 4 - Wide obstacle of infinite height: geometrical acoustics contributions only (left); geometrical
acoustics contributions and 1st order diffraction contributions (middle); geometrical acoustics contributions
and 1st and 2nd order diffraction contributions (right); f  500 Hz
Finally, results are compared with measured data. The calculations are done for a fixed source and receiver
location [see Fig.3 (right)] at different frequencies with both the analytical solution and the empirical
formula. Figure 5 shows that predictions obtained by the analytical solution and the empirical formulas are in
good agreement with each other and also in reasonably good agreement with measured data taken from [7].

Figure 5- Wide obstacle on rigid ground : predicted sound field in the shadow zone employing analytical
solutions (left) and empirical formulas (middle) for the diffraction contribution, f  5000 Hz; comparisons
between predictions and measured data for the configuration in Figure 3 taken from [7](right).

5

Time domain applications

A cross section of the theater of Epidaurus is considered simplified as right-angled steps. The cross section
shown in Fig.6 (left) shows the arrangement of the real theater (depicting the lower koilon, the upper koilon
and the diazoma between them) but the geometrical details (curvatures and recesses) of each step are
ignored. The sound source is located in the middle of the orchestra (12.86 m horizontal distance from the
first step) at a height of 1.485 m. The source is a Dirac function and the impulse response is sought at a
listener seating at an arbitrary row (at a height of 0.8 m above each seat and 0.2 m away from the front vertex
of each seat).
Several paths are identified. Consider the geometrical acoustics contributions first. The following paths are
identified: (i) the direct path (at all listeners) (ii) the reflection-only path S-orchestra-Rrec (at all listener
locations), (iii) the reflection-only path S-back of the seat- Rrec (for listeners at the rows 1-4 and 9-24), (iv)
the reflection-only path S-orchestra- back of seat- Rrec (for listeners at rows 1-6). Figure 6 (right) shows the
acoustics signals associated with the above paths at selected listener locations.
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Paths associated with diffraction by the vertices of the steps are also identified. For example, direct sound
from the source reaches the vertices of all steps and gives rise to diffracted signals that eventually reach a
listener seating at an arbitrary row. Figure 7 shows the diffracted signals that are created by the vertices of all
steps and reach a listener at the 20th step. It is noted that the depicted diffracted signals originate from the
direct sound: the corresponding paths are S-vertex- Rrec (for all vertices). Similar trails of diffracted signals
originate from sound reflected on the orchestra. The corresponding paths are S-orchestra-vertex- Rrec, for all
vertices. Similarly, with the other reflection-only paths mentioned above. The diffracted signals depicted in
Fig.7regard 1st order diffraction. Second order diffraction has not been considered, since all listeners are
illuminated directly by the source and higher order diffraction is not expected to affect the results (see
discussion in previous section).

Figure 6-Cross section of the theater of Epidaurus (left), geometrical acoustics contributions at selected rows
(right).
The study of the results has shown that, irrespective of the listener position, diffracted signals coming from
vertices below the listener come close together and with relative small amplitude. On the other hand,
diffracted signals from vertices above the listener come further apart, some with very large amplitude and
almost all with negative polarity (see Fig.7)

Figure 7 – Diffraction contributions originating from the direct signal from the sound source at the 20th row
(left); diffraction contributions coming from vertices below (middle) and above (right) the receiver.
One of the advantages of the presented method is that it handles each propagation effect separately. Consider
the total impulse response predicted at the 20th step as shown in Fig.8 (left). The Speech Echo Criterion is a
acoustic parameter defined ([8],[9])


TS   t  g (t)

2


3

dt

0



g (t)

2

3

dt ,

(21)

0

where g (t ) is the total impulse response at the receiver location. The lower the value of TS , the better the
intelligibility at the receiver location. The Speech Echo Criterion TS is computed at each step of the theater
and is depicted in Fig.8 (right). The criterion is computed for the total impulse solutions (Geom+Dtot) but
also for various different subset of contributions: only the geometrical acoustics contributions (Geometrical),
the geometrical acoustics contributions together with all diffracted contributions coming from steps lower
than the receiver (Geom+DLow) and the geometrical acoustics contributions together with all diffracted
contributions coming from steps higher than the receiver (Geom+Dup). The following observations can be
8
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made. If only the geometrical acoustics contributions were present (i.e. the direct signal and the reflections
from the orchestra or the back of the seats), the intelligibility would have been the best among the cases
considered. The diffracted signals coming from lower seats do not affect the intelligibility. On the other
hand, the diffracted signals coming from the upper seats considerably deteriorate the intelligibility. Also, the
diffracted signals from the upper seats seem to be the most important contribution to the total field. Finally,
the following observation is worth mentioning. The intelligibility is better at the seats closer to the orchestra
(and thus to the sound source). Geometrical acoustics contributions and lower diffracted signals cause the
intelligibility to vary substantially between the lower seats (first rows) and the upper seats (last rows). The
upper diffracted signals smooth out the discrepancies in the intelligibility between the first seats/rows and the
last seat/rows.

Figure 8 - Predicted total impulse response at the 20th row (left), predicted Speech Echo Criterion TS on each
row for different subset of acoustic contributions.
Finally, the predicted impulse responses are used to compute two acoustics indices. Firstly, the Clarity Index
(or Klarheit), which characterizes the transparency of the sound ([8],[9]) is computed

 80 ms
2
C80  10 log   g  t  dt
 0









80 ms

g t   dt   10 log EE
2

0 80

.

(22)

80 

The Clarity Index compares the energy that arrives at the receiver the first 80 ms ( E080 ) with the energy
that arrives after the 80 ms ( E80  ). The higher the value of the Clarity Index at a receiver location, the
better the intelligibility of speech. The index C80 is computed at all receiver/step locations and the results are
shown in Fig.9 (left).

Figure 9 - Comparison of predicted values of Clarity Index C80 (left) and Definition Index D50 (right) with
measured values taken at the theater of Epidaurus from ref. [10].
It is noted that the predicted values of C80 are reasonably close to the measured valued at receivers at 5th step
and the 29th step (1.65dB difference at the 5th step and 1.69 dB difference at the 29th step ). The measured
data are taken from field measurements in the theater of Epidaurus published in ref [10]. The discrepancy
between measured data and predictions at higher steps is expected, because the details of the geometry at the
high end of the upper koilon are not included in the simplified geometry considered. Also, the geometrical
9
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acoustics contributions that arrive from the sides of the curved koilon after 80 ms are not modeled by our
simplified 2D model. The sharp increase in the values of C80 for the upper seats predicted by our model is
attributed to the latter simplification: no arrival after 80ms are predicted.
The Definition Index (or Deutlichkeit) is also computed ([8],[9])

 50 ms
2
D50    g  t  dt
 0









  g  t   dt  100%  E
2

E050

100% .

(23)

0 

0

The value of the Definition Index is directly related to the intelligibility of speech. The higher the value of
the Definition Index the better the intelligibility. Comparisons with measured data taken from ref [10] show
that at the 5th step the predicted value deviates from the measured value by 7 % , while at the 29th step and
the 48th step the agreement is very good (the deviations are 0.67% and 1.28% respectively) .

6

Conclusions

A virtual source method has been presented that predicts the sound field around rigid 2D obstacles. The
method works both in the frequency and time domain and results are in good agreement with available
experimental data. Employment of empirical formulas in the frequency domain reduces the computational
time by orders of magnitude.
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Abstract
A Bayesian method based on factor analysis is used to extract acoustic information from noisy cross-spectral
matrices measured in a wind tunnel facility. Background noise measurements are incorporated as a prior
probability distribution to infer the structure of the noise contaminating the signal. When using flush-mounted
microphones on a wind tunnel, this technique allows the rejection of the hydrodynamic contribution due to the
turbulent boundary layer developing on the walls of the test section as well as spurious sources of noise, while
retaining only the acoustic part of the cross-spectral matrix due to the source of interest. The proposed method
is applied on data measured on a model-scale dual stream aircraft engine operating at under-expanded
conditions in a transonic wind tunnel. A wavenumber analysis of the considered test point shows that the
denoised signals lend themselves well to acoustic imaging. It is shown that the signature of broadband shockassociated noise (BBSAN) is successfully separated from the background noise by inspecting the acoustic
content of the denoised signals.
Keywords: denoising, broadband shock associated noise, Bayesian factor analysis.

1

Introduction

In the frame of aeroacoustic experiments aiming at localizing, quantifying and characterizing sources of noise,
pressure signals are frequently acquired with microphone arrays placed directly inside the flow or flushmounted on a rigid surface in order to sample the acoustic field as close as possible to its origin. In such
situations, measurements are inevitably contaminated by noise: hydrodynamic perturbations and uninteresting
acoustic waves may complicate the interpretation of the measurements and mask interesting components when
applying acoustic imaging methods based on the measured cross-spectral matrix (CSM).
Hence, a number of denoising methods have been proposed to eliminate as much as possible of the noise while
retaining only the acoustic signature of interest. Methods using the assumption of diagonal or sparse noise [1,
2, 3, 4] have proved successful in the high-frequency range where weak correlation is expected between pairs
of microphones. When noise is highly correlated, further information may be used to achieve proper separation
of signal and noise. For instance, the Coherent Output Power method [5, 6] uses additional sensors located
outside of the flow to filter out hydrodynamic components. A different approach is adopted by Dinsenmeyer
et al. [7], which combines factor analysis and a modelling of the TBL to infer the structure of the noise, thus
avoiding the cost of additional hardware.
Whenever an independent background noise reference (measured by switching-off the source of interest) is
available, it can be exploited to perform a relevant separation of signal and noise. The simplest approach
consists in subtracting the background noise reference from the measured CSM (as in ref. [8], for instance),
however, this method is known to be very sensitive to the quality of the background noise measurement
especially when the signal-to-noise ratio (SNR) is very low, which is often the case in practical applications.
It is in many cases very difficult to ensure that the reference CSM is perfectly equal to the noise CSM masking
1
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the signal for two main reasons. First, estimation errors due to the finite length of the signals make the perfect
equality of both CSMs impossible, since perfect convergence is never achieved. Second, small discrepancies
between both setups (source switched-on and source switched-off) leads to a certain degree of variability of
the CSM. These issues can cause the subtracted CSM to have negative autopowers or wrong phases on the
cross-spectra. Efforts have been made to mitigate this issue by thresholding the subtracted CSM [9] or by
identifying separate signal and noise subspaces before projecting the data onto the signal subspace [10], but
their success generally rely on the accuracy of the reference background noise CSM.
Since the former scenario is often encountered in the context of flight tests or closed-section wind tunnel tests,
the present works aim at exploiting the information contained in the structure of the background noise CSM,
but regarding this structure as uncertain. The proposed approach thus allows the identified noise to slightly
depart from the measured background noise reference. The Bayesian formalism is adopted, and a methodology
similar to ref [11] is used, given the good results yielded by factor analysis on various benchmarks [12, 13]. In
this context, the independent background noise reference is incorporated as a prior probability density in the
model.
The second part of the article gives details about the inference method. In the third part of the article, this
technique is used to denoise aeroacoustic signals measured in a transonic wind tunnel. Benefits for the
characterization of the source are shown through acoustic imaging results.

2

2.1

Bayesian factor analysis

Data model

Final papers will be published in the conference proceedings. In the following, it is assumed that pressure
signals are acquired with an array of 𝑀 microphones. Measured signals are typically post-processed using
Welch’s method, which yields 𝑁_𝑠 snapshots of Fourier coefficients. Therefore, at each frequency bin,
pressure may be represented as a collection of 𝑁_𝑠 vectors in ℂ𝑀 : (𝐩𝐢 )(1≤𝑖≤𝑁𝑠 ) . From a statistical point of
view, pressure snapshots are considered as independent and identically distributed, since we consider
stationary signals.
Let us decompose these vectors into a noise part (𝐧𝐢 )(1≤𝑖≤𝑁𝑠 ) , and the acoustic signal of interest (𝐚𝐢 )(1≤𝑖≤𝑁𝑠 ) :
𝐩𝑖 = 𝐚𝑖 + 𝐧𝑖 ,

1 ≤ 𝑖 ≤ 𝑁𝑠 .

(1)

The idea behind factor analysis is that the statistical behavior of the 𝑀-dimensionnal signal may be well
represented by a small number (say 𝐾) of random latent factors (𝐜𝐢 )(1≤𝑖≤𝑁𝑠 ) . The weights linking the factors
to the actual signal are gathered in a loading matrix 𝐋, which is independent of the snapshot index:
𝐚𝑖 = 𝐋𝐜𝑖 .

(2)

Thus, vector 𝐧𝑖 is the residual error between the factor analysis part and the measured data, and acts as a
nuisance parameter.
Factor Analysis is an inference problem, since the statistical distribution of the factors and the residuals as well
as the loading matrix, have to be determined from the available data. Here, a Bayesian point of view is adopted
to solve this problem, which allows completing the available information –obtained from measurements–with
prior knowledge of some parameters–obtained from additional measurements, user experience, theoretical
considerations, or numerical computation, for instance. Complementary knowledge is introduced in the model
using informative prior probability densities.
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In the frame of aeroacoustic wind tunnel tests, it is common practice to perform dry runs to estimate
background noise inside the facility. When microphones are flush-mounted on the wind tunnel wall,
background noise may be composed of hydrodynamic perturbations caused by the turbulent boundary layer
developing on the walls of the test section, and of parasite acoustic duct waves propagating inside the wind
tunnel. The proposed denoising method uses background noise measurements to build the prior density of 𝐧.
With the preceding notation, one gets:
𝐒𝐩𝐩 = 𝐋𝐒𝐜𝐜 𝐋𝑯 + 𝐒𝐧𝐧 ,

(3)

where for snapshots of a given quantity 𝐱, the empirical covariance matrix –also known as the Cross-Spectral
𝑁𝑠
Matrix (CSM) – is defined as 𝐒𝐩𝐩 = 𝑁𝑠 −1 ∑𝑖=1
𝐱 𝒊 𝐱𝒊 𝑯 . In the above equation, cross-terms have been neglected.
Background noise tests provide the experimenter with an estimate 𝐒̃
𝐧𝐧 of 𝐒𝐧𝐧 .
2.2

Likelihood function

In the chosen data model, additive noise is assumed to behave as a centered complex Gaussian variable with
covariance matrix 𝐒𝐧𝐧 :
𝐧𝑖 ∼ 𝒩ℂ (𝟎, 𝐒𝐧𝐧 ).

(4)

Therefore, the likelihood function of the problem reads:
𝐩𝑖 ∼ 𝒩ℂ (𝐋𝐜𝑖 , 𝐒𝐧𝐧 ).

2.3

(5)

Priors

In order to add sufficient parameterization to carry out a Bayesian inference, prior probability densities have
to be assigned to all variables of the problem.
2.3.1 Factors
The factors are also given a centred complex Gaussian prior probability density with target covariance⌈γ𝟐 ⌋:
𝐜𝑖 ∼ 𝒩ℂ (𝟎, ⌈γ𝟐 ⌋).

(6)

Since the target covariance matrix is diagonal, there is a priori no correlation between factors. Note that some
correlation may be introduced in 𝐒𝐜𝐜 by the effect of the likelihood function on the posterior probability of 𝐜𝑖 .
2.3.2 Variance of the factors
Since no prior information about the variance of the factors is available to the user, coordinates of 𝛾² are
also inferred. Their prior is set to an Inverse Gamma probability density function (p.d.f.) with parameters 𝑎,
and 𝑏 :
𝛾𝑘 2 ~ℐ𝒢(𝑎, 𝑏),

1 ≤ 𝑘 ≤ 𝐾.

(7)

Parameters 𝑎 and 𝑏 are called hyper-parameters, and are set by the user. Since no information is available
not the actual value of 𝛾𝑘 ² , they should be set such that the prior has a very large variance. Since each
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coordinate of 𝛾² can have a different value, the model is heteroscedastic, which promotes sparsity among
the factors.
2.3.3 Loading matrix
Each element of the loading matrix is assigned a centered complex Gaussian function with a constant
variance 1/𝐾 :
1
𝐋𝑖𝑗 ∼ 𝒩ℂ (0, ).
𝐾

(8)

2.3.4 Noise covariance matrix
Knowledge of the CSM of the noise can be exploited by setting a carefully chosen prior distribution for 𝐒𝐧𝐧 ,
namely a complex Inverse-Wishart distribution with scale matrix 𝐒̃
𝐧𝐧 × 𝑁𝑠 and 𝑁𝑠 degrees of freedom :
𝐒𝐧𝐧 ~ℐ𝒲ℂ (𝐒̃
𝐧𝐧 × 𝑁𝑠 , 𝑁𝑠 ).

(9)

This particular choice of prior is motivated by the fact that the complex Inverse-Wishart distribution is the
conjugate prior to the likelihood function. This means that the derivation of the posterior probability of 𝐒𝐧𝐧
also yields a complex Inverse-Wishart distribution, from which samples can easily be drawn using Bartlett
decomposition [14].
2.4

Overview of the inference method

The organization of the inference model can be summarized in a hierarchical graph shown in Fig. 1. Square
boxes are deterministic variables, circular boxes are random variables to infer. Red boxes represent hyperparameters, while blue boxes are not chosen by the experimenter. Parent-child relationships between
variables are represented by the direction of the arrows: arrows point from parent to child nodes.

Figure 1 : Hierarchical graph of the
model using plate notation.
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(𝑖)

The inference of unknown variables is achieved by drawing samples 𝚯(𝑖) = (𝐒𝐜𝐜 (𝑖) , 𝐋(𝑖) , 𝛾 2 , 𝐒𝐧𝐧 (𝑖) ) from
the posterior distribution of 𝚯. These samples are used to estimate the mean value of 𝚯 after the algorithm
has reached convergence. This inference method is a Monte-Carlo Markov chain algorithm (MCMC). A
particular type of MCMC technique, namely a Gibbs sampling is implemented here. This method only
requires the posterior conditional p.d.fs of the four elements of 𝚯. To derive the posterior conditional p.d.f.
of a given variable 𝚯𝒋 within a hierarchical model, the following relationship based on Bayes theorem is
used [15]:
[𝚯𝒋 |∞−𝚯𝒋 ] ∝ [𝚯𝒋 |parents of 𝚯𝒋 ] ×

∏

[𝚯𝒌 |parents of 𝚯𝒌 ]

(10)

𝚯𝒌 child of 𝚯𝒋

The choice of the prior p.d.fs of the present model is made such that conjugate laws are used. In other words,
the posterior conditional p.d.f. of all variables are of the same family as the prior law. The backbone of the
Gibbs sampling of the unknown variables is shown in the pseudo-code below. Typically, a thousand iterations
are necessary at each frequency. Depending on the number of microphones and factors, this algorithm runs in
a few dozen seconds up to a few minutes on a modern laptop computer. In any case, this is negligible compared
to the typical time and budget dedicated to an aeroacoustic test campaign.

Algorithm 1: Gibbs sampling of the variables of the
proposed model

3

Experimental setup

Figure 2 : Overview of the test section. The red zone
is a zoom of the nozzle. The green zone shows the
rail where the microphones are flush-mounted.
The considered data was measured during a test campaign aiming at characterizing broadband shockassociated noise generated by dual-stream aircraft engines in the presence of flight effects. Test were carried
out on a scaled aircraft engine nozzle placed in a transonic wind tunnel of section 66 × 66 inches. The
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nozzle is designed to reproduce the flow characteristics of a typical long-range aircraftf engine. The ambient
flow in the wind tunnel is set to Mach 0.85, which is representative of a cruise flight Mach of a long-haul
aircraft. In order to reproduce the signature of a real engine, the dual-stream architecture of the jet was
mimicked by using three separate flows. The primary flow is composed of a mixture of helium and air to
simulate the effect of heating by the core of the engine [16], while the ventilation, secondary, and ambient
flows are only composed of air.
The instrumentation is composed of a linear array of 129 irregularly spaced microphones visible in the green
zone in Fig. 2. Since microphones are flush-mounted on a metallic rail placed directly inside the flow, the
measured acoustic field is expected to be corrupted by strong additive noise due to the turbulent boundary
layer developing on the surface of the rail. In addition, although special care was given to minimize the
generation of parasite acoustic waves inside the test section [17], residual acoustic noise is still present. The
purpose of this study is to remove as much as possible both contributions from the measurements in order
to isolate BBSAN. Signals were synchronously acquired at a sampling rate of 102.4 kHz, and CSMs were
computed with 100 Hz resolution using Welch’s method (𝑁𝑠 ≈ 650). The Strouhal number 𝑆𝑡 , the
equivalent jet diameter 𝐷𝑗 and equivalent jet velocity 𝑈𝑗 are used to normalize the data, and are computed
according to standard ARP876F.

4

Results

In Fig. 3, all autospectra are plotted as a function of frequency. Humps corresponding to the signature of the
engine are visible in the raw autospectra, but are mostly masked by the TBL, which seriously limits the

Figure 3 : Raw, subtracted and denoised autospectra.
Microphones are indexed from 0 (most downstream
sensor) to 129 (most upstream sensor). Absolute
levels are normalized, but the scale color is the same
for all figures.
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dynamic range. Moreover, for some microphones, discrepancies in the overall level can be noticed. They
are due to small manufacturing imperfections on the flushness of the microphones. Subtracted autospectra
show better dynamics, which makes the contribution of the engine easier to see. However, in the lowfrequency range, some autospectra are negative, and the corresponding CSMs are negative-definite, which
is not physically possible. Further analysis of the setup show that the repeatability error is of the order of
0.8 dB. Therefore, the subtraction method has a limited practical ability to extract the relevant part of the
CSM, especially when the SNR is very low, i.e. when the signal part is of the same order magnitude as the
repeatability error. Signals denoised with the proposed method show improved behavior. The directivity
pattern of the jet is clearly identified. The frequency-dependent directivity observed on the autospectra is an
expected behavior of BBSAN, indicating that the extracted signal is relevant.
Fig. 4 shows the frequency-wavenumber analysis of raw, subtracted and denoised signals. The maps are
computed using Bayesian focusing [18] with a Tikhonov regularization. A source prior density is taken into
account, and computed using beamforming coherence defined as:
𝜈𝑘̃2 (𝐒𝐩𝐩 ) =

𝐰𝑘̃𝐻 𝐒𝐩𝐩 𝐰𝑘̃

,
‖𝐰𝑘̃ ‖2 𝑡𝑟(𝐒𝐩𝐩 )

(11)

Where 𝐰𝒌̃ is a vector containing the signature of a plane wave with normalized axial wavenumber 𝑘̃ = 𝑘 ×
𝐷𝑗 . The advantage of wavenumber analysis is that it provides a natural way of separating the TBL
components from the acoustic signal, since they are located in different zones of the 𝑘̃ − 𝑆𝑡 map. The limits
of the acoustic domain are shown with solid lines in Fig. 4a, 4b, and 4c. Components outside of this domain
cannot be due to propagative acoustic waves, and are mainly due to the TBL, concentrated around the
convective ridge shown by the dotted line. Components inside the acoustic domain can either be due to the
contribution of the engine, or to other parasite acoustic waves propagating inside the test section. With this
in mind, one can get a rough estimate of the acoustic CSM by applying a filter in the wavenumber domain,

Figure 4: Raw, subtracted, and denoised frequencywavenumber analysis maps. Absolute levels are
normalized, but the scale color is the same for all
figures. Solid lines represent the limits of the acoustic
domain. The dashed line represents the normal
incident plane wave. The dotted line represents the
convective ridge of hydrodynamic perturbations.
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and using it as a reference to assess the quality of the denoising. Note that this filtering method is only made
possible by the favorable configuration of the setup, and may be impossible in more complex configurations
because of aliasing due to insufficient sampling in the axial direction or when it is impossible to install a
line of microphones parallel to the jet, such as in flight tests.

Figure 5: Reference background noise frequencywavenumber analysis maps.

Fig. 4a shows that most of the energy contained in the CSM is due to the turbulent boundary layer, since the
major part of the energy is localized near the convective ridge. As mentioned above, 𝑘̃ − 𝑆𝑡 maps make it
possible to separate hydrodynamic contributions from the signature of the engine located in the acoustic
domain. The latter is composed of a sum of discrete ridges. According to Tam and Tanna’s distributed source
model [19], their slopes give indications about the convection velocity of the turbulent eddies inside the jet,
and their intercepts are linked to the spatial organization of the shock-cell pattern located downstream the
nozzle. Fig. 4b shows that subtracting the reference background noise CSM fails at suppressing the
hydrodynamic content of the CSM, since a large part of the power is still located outside of the acoustic
region. In order to be able to process the signals in the low-frequency region, the subtracted CSM was
artificially made positive-definite by projecting the raw CSM onto eigenvectors of the background noise
reference CSM and by thresholding the subtracted eigenvalues to zero. It seems that too much acoustic
energy is left in the subtracted map, because the acoustic signature of the background noise shown in Fig. 5
is still visible on the subtracted map, and overlaps the BBSAN contribution. The acoustic content of the
background noise reference is composed of a large hump located mainly at negative wavenumbers, and of
a peak centered at (𝑘̃ , 𝑆𝑡 ) = (0,1.5). These acoustic waves are likely due to mixing jet noise originating from
the inner and outer mixing layers of the co-axial (subsonic) flows, as well as from the wake of the pylon. In
Fig. 4c, most of the TBL part is efficiently removed, except for very low Strouhal numbers. The proposed
denoising method has the advantage of yielding positive-definite CSMs, which avoids applying additional
post-processing to artificially remove the non-physical components of the CSM. In order to quantify the
quality of the denoising, the ratio between the amount of energy inside the acoustic domain can be compared
to the amount of hydrodynamic energy by integrating the sources on corresponding 𝑘̃ zones. This indicator
is designed to check that the residual CSM only contains acoustic energy. Fig. 6a shows that for raw signals,
the TBL contribution is 5 dB higher than the acoustic contribution up to 𝑆𝑡 = 4. For 𝑆𝑡 > 4, the TBL ridge
is outside of the scanned 𝑘̃ region, therefore, the TBL level artificially drops, thus reducing the value of the
considered indicator. The subtraction method only allows to decrease the TBL/acoustic ratio to 0 dB,
indicating that half of the energy of the CSM is still due to hydrodynamic noise. On the contrary, the
proposed denoising method allows to reduce the TBL contribution at least 10 dB below the acoustic
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contribution for 𝑆𝑡 > 0.2. The TBL vs acoustic ratio is further decreased to −20 dB for higher frequencies,
indicating that the CSM is essentially composed of acoustic contributions.
The levels of acoustic energy can also be checked to understand how much of the acoustic energy is removed
from the original CSM. Fig. 6b shows that the subtraction of the reference CSM reduces the overall acoustic
energy of around 5 dB below 𝑆𝑡 = 3. This is due to the fact that this method partially suppresses the
broadband hump of the reference CSM centered at (𝑘̃ , 𝑆𝑡 ) = (−25,1.5) as well as the peak centered
at (𝑘̃ , 𝑆𝑡 ) = (0,1.5), although a small part of them are still present in the CSM (see Fig. 4b). The denoised
signals exhibit slightly smaller acoustic levels because the residual background noise is more efficiently
removed than in the subtracted signals, since the present method allows the identified noise to be slightly
different from the reference CSM. It can be noticed however that the peak at 𝑆𝑡 = 1.5 is still visible,
showing that this source of noise is not perfectly removed.

Figure 6: Top figure shows the ratio of TBL versus
acoustic content in the residual CSM. Bottom figure
shows the normalized acoustic level identified by the
methods.

The conclusion that can be drawn from Figs. 6a and 6b is that the subtracted CSM is dominated to a large
extent by hydrodynamic fluctuations that mask the acoustic contribution of interest. To the contrary, TBL
is almost completely removed by the proposed method, and the denoised acoustic part is similar to the one
identified in the subtracted CSM, apart from a few dBs of difference explained by the small variability of
the background noise between the two measured configurations.

5

Conclusion

A denoising method was introduced to efficiently separate the acoustic contribution from uninteresting
background noise components (TBL or parasite acoustic sources) in the context of aeroacoustic testing. It is
based on Bayesian factor analysis with a structured noise, whose characteristics have been estimated by
measuring an independent reference CSM. Unlike methods from the literature, the measured background noise
reference is seen as uncertain, and the identified noise is allowed to slightly depart from it, thus providing
additional flexibility to identify a relevant signal. Experimental results on a scaled dual-stream engine in a
transonic wind tunnel show that the proposed method allows efficient removal of the TBL contribution. It also
highlights that this technique outperforms the crude but common subtraction method, which consists in
subtracting the background noise reference CSM from the measurement. Future works might focus on
exploiting the full potential of Bayesian denoising by tackling more complex configurations where
wavenumber filtering does not suffice to extract a rough estimate of the acoustic contribution of interest.
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Abstract
Animal welfare has become a fundamental concern for western society. Studies show that animal welfare is
associated to growth and reproductive potential, as well as the production efficiency. However, the assessment
of animal welfare normally relies on momentary recordings of environmental and animal-based indicators.
Tools available for this purpose are costly, time consuming and sometimes invasive. Livestock vocalizations
can inform about their welfare in a real time and continuous manner. This contribution shows the preliminary
results of an acoustic environmental analysis conducted in a real-operation environment, in a dairy cattle farm,
to assess cow’s vocalizations. The main parameters analyzed correspond to the vocalizations, their peak
frequency and their repetitiveness, in the framework of their daily life. In this work we describe the acoustic
characterization of vocalizations and their similarities and differences, depending on factors known to affect
negatively the welfare of the cows such as feed availability (hunger), parturition (pain), among others. These
preliminary results reveal that some audio descriptors are able to inform about the welfare of cows through a
non-invasive and continuous system that can be used throughout the lifespan of the cows.

Keywords: acoustic signal processing, cow, vocalization, bioacoustics, animal welfare

1

Introduction

Dairy cattle are one of the livestock systems with the highest production shares in Europe. Over the last
decades, animal welfare has become a fundamental concern for this industry. Studies show that the welfare of
cows may adversely affect their growth and reproductive potential, as well as the quantity and the quality of
the milk they produce [1]. Furthermore, society has become increasingly aware of animal welfare, demanding
transparency and better treatment of farmed animals [2].
Demand for animal-based products is expected to increase in the next years [3]. Meeting demand depends on
the sector’s competitiveness against world exporters and improvements on quality standards compared to
Europe’s main competitors. Competitiveness can be boosted by increasing the production efficiency and
1
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aligning with the demands of consumers. Animal welfare addresses both strategies as it affects production
efficiency and consumer acceptability [4]. Studies showed that many animal welfare problems generate a stress
response, reducing feed intake and efficiency in transforming it into food products and making them more
susceptible to diseases [5]. Also, consumers are increasingly concerned with the welfare of animals in the food
production system, demanding transparency and proactive ways to ensure the welfare of animals [6]. Thus, if
animal welfare can be monitored constantly, this will allow for the implementation of relevant corrective
measures for efficiency and to provide consumers the information they demand.
The acoustic characteristics of cattle vocalizations varies according to their welfare [7]. However, despite the
efforts made in investigating the association between vocalizations and welfare, this research has never been
translated successfully into a tool available to farmers and producers. In this paper, we detail the first steps to
develop a tool to monitor vocalizations of cows for automatically detecting changes in their levels of stress or
pain and their resulting welfare status. The advantages of the future implementation of this proposal are that it
(1) offers a continuous 24x7 monitoring of the wellbeing of cows (technological advantage); (2) does not
require human effort to measure it (economic advantage); and (3) it monitors the welfare on cows throughout
their lifetime using automatic methods, giving consumers a more realistic view of animal welfare (social
advantage).
In this work we detail the interdisciplinary work in signal processing and animal welfare to carry out recording
campaigns in a real-environment of a commercial cattle farm and we describe the first approximation to
labelling of cow vocalizations, that will lead in the future to the design of a complete acoustic corpus to train
a machine learning algorithm to automatically detect the acoustic description and characterisation of the cattle
in a farm.

2

The Acoustic System

Figure 1 – Acoustical deployment in farm (left), the recording box (centre) and the recording hardware
(right) microphone position
2
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In order to collect raw cow vocalization in farm without distorting the farmer's management routine, we have
deployed an acoustic system in a commercial dairy farm (Malla, Barcelona). This system consists of a
professional handheld recorder (zoom H5 [8]) sampling at 44,100 Hz and 16 bits resolution connected to a
directional microphone Behringer ultravoice XM1800S [9] placed in the centre of the calving cow beds. Raw
recording data is continuously collected for 5 days, as longer recording was not possible due to the capacity of
the equipment limited to 32 Gb of data.
In order to gather vocalisations from a specific individual, a recording system integrated in a collar has been
designed. The core of the system is the spy recorder SOROKA 15E [10]. This recorder allows to record
uncompressed PCM audio at a different sampling rates and resolutions. Moreover, it offers a much greater
autonomy than handheld recorders. The recorder is elastically suspended inside a collar through a 3D printed
structure specially designed for this purpose (see Fig. 2).

Figure 2: (left) The collar with the small recorder suspended inside, to record individual vocalizations during
the drying-off, and (right), the installation of the acoustic sensor next to the calving cow beds.

3 Recording campaign
The recording campaign consists in three different experiments to evaluate of the cow vocalizations: i) calving
cows, ii) cows during the dry-off period, and iii) lactating cows, in the barn. These situations were chosen
because they can potentially greatly affect the production and wellbeing of cows. Calving is a painful and risky
process for both the cow and the new-born calf. Optimizing the calving process will reduce its negative
consequences on the welfare and productivity of cows [11]. The dry-off period is critically important for the
welfare of dairy cows and their production in the following lactation. The main welfare problems during the
dry-off period are an increased risk of intramammary infections, pain and discomfort due to udder engorgement
and aggressive interactions between cows [12]. Finally, lactating cows can suffer from pain in different
situations, as for instance during lameness and mastitis. Vocalisations can be used as an indicator of pain,
therefore used to monitor welfare problems associated to pain [13].
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During the three trials, the team considered the environmental noise in the farm, cows’ group vocalizations,
and also the vocalizations of individuals animals). The following three blocks of tests were designed to ensure
more reliable technical results from this proof of concept:
1.
Recording of vocalizations during calving: the dataset gathered sums up to 135 hours and 30 minutes
of calving cows, having recorded the vocalizations of several deliveries indicated by the farmer.
2.
Recording during dry-off period: with a total of 100 hours of environmental acoustic recordings of
the drying-off cows’ site. Moreover, a total of 56 hours and 29 minutes were recorded from one of the three
cows using the collar.
3.
Recording of regular lactating cows: during 200 hours and 56 minutes, which were used as the
reference of non-stressed group vocalizations.

4 Data Processing and Qualitative analysis
In this section, we make a brief summary of the first approach made to the recorded data, in this case, on the
labelling of cows in the process of calving. In particular the analysed test dataset consists of 68 minutes of
manually labelled audio containing 115 vocalizations. We first describe the taxonomy used and then discuss
the manual labelling process.

Figure 3 and 4: Vocalization labelling using Audacity. The labels can be found in the bottom of the screen.
Just above, we can observe the spectrogram, and finally, in the top part is the time representation of the same
raw acoustic audio.
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4.1 Preliminary Labelling Procedure
The labelling process is normally manual and under the watchful eye of experts, in this case, veterinarians and
acoustic signal processing engineers. We have used a free software called Audacity which allows for multiple
tagging for each audio fragment recorded on the farm, see several examples in Figures 3 and 4. It also allows
to extract the vocalizations once labelled, so that one can work without all the other environmental sounds
recorded on the farm.

4.2 Preliminary Analysis of Vocalizations
The 115 annotated vocalisations sum up a total of 141.4 seconds, representing a 3.47 % of the duration of the
whole audio file. The preliminary analysis over this data shows that the duration of the vocalisations range
between 0.49 and 2.92 s, being their average duration 1.23 s. The distribution of durations is depicted in Fig.
5. Regarding the fundamental frequency f0, they range from 73.86 to 278 Hz, and the average is 156.84 Hz.

Figure 5: duration and f0 mean of the analysed vocalisations. Whiskers are set to 5th and 95th percentile.
The spectral characteristics vary between different vocalisations. Fig. 6 shows two spectrograms corresponding
to a low and a high f0 vocalisations. According to the literature these would correspond to a relaxed or positive
state and to a stress, pain or hunger.
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Figure.6. Spectrograms of two vocalisations. The one on the left could be associated with a relaxed cow, the
other with stress or pain.

3

Discussion and Future Work

The first approximation presented in this paper has create a small corpus with high-quality recording of cows’
vocalizations in a commercial farm and their respective spectrotemporal data. The preliminary labelling of
vocalizations of cows in labour showed that previous to labour, cows perform vocalisations with a different
acoustic profile, which could be easily identified by a trained human. This encourage us to progress with the
labelling, probably creating an automatic labeller to increase the total amount of data annotated, with a
posterior supervision of experts. After enlarging the dataset available, we will carry out some tests over
machine learning algorithms to determine whether the different types of vocalizations can be distinguished in
an automatic way, by means of a small – and probably low-cost – acoustic sensor to be deployed in different
locations of a farm.

The first task focuses on working in the real-life environment of a farm, considering all the other possible
noises and interferences on our system. Farms have many physical obstacles and different types of machinery
that influence the quality of the collected audio. To consider those, it will be necessary a physical and acoustic
analysis of the potential environments of the farms under test to ensure an adequate capture of the vocalization
data. This includes a study of the coverage of the microphones and their range to determine how many animals
may be under study, and if it is necessary more than one sensor in a particular environment. In this first task,
we will also consider the connectivity platform of the sensor to enable the collection of the recorded data from
the recording set to be able to design the datasets. In a later stage this connectivity will allow the constantly
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reporting of vocalizations detected on the sensor to a central server that integrates it, analyses it over time (with
the philosophy of a longitudinal study) and generates reports of events that have occurred on the farm.

The second task focuses on the testing of the sensor in a real farm environment, to ensure its correct operation
and connectivity. This sensor will record fragments of raw acoustic data (RAW) to extract both the acoustic
level of the farm (calculated in-situ within the sensors) and examples of vocalizations that respond to different
circumstances of interest. This data will allow us to design a wider dataset, including other locations and
environmental sounds. This phase has a high cost in terms of data storage, and must be limited in time but also
in the amount of data that is stored.

The goal of this procedure is to enrich our knowledge of the acoustic environment of the farms, so that the
team can design a reliable sensor, running real-time algorithms that are able detect instantaneously any
modification in the vocalisations and monitor big data of information coming from the farms, and furthermore,
are able to respect the privacy of the farm and its workers. Finally, the last contribution of this work, when the
previous technical stages are complete, will be to predict particular health or wellbeing of the cows and to
inform the farmers or the veterinarians of any incidence.
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Abstract
In poultry farming, the chicks hatch in incubators without their mothers’ warmth and contact. After
the hatch they are transferred from their birthplace to the farm where they will grow up. The first 48
hours of life become a crucial time for the chicks since they must face various stressors to survive
and continue their growth process. These stressors affect the physical, biochemical, and
hematological parameters of the birds. In this study, an acoustic analysis, focused both in temporal
and spectral information, is carried out during the first 48 hours of life of two groups of birds, splitting
the animals into a group to which an early feeding is administered, and a group under fasting
conditions. The objective of the study is to compare the acoustic parameters of the two groups of
birds to deduce whether the administration of a feed support can mitigate the stressors compared to
the control group.
Keywords: vocalisation, bioacoustics, poultry, welfare, newborn.

1

Introduction

Bioacoustics is the study of the production, transmission and reception of sounds emitted by animals.
This interdisciplinary science can be used in ecology and conservation, for example for the detection
of animals and/or species, for the monitoring of a population, to verify how human activities can
influence animal behaviour. Thanks to the technological progress of the last decades, bioacoustics
analysis is becoming more and more automated, the use of sensors collecting data allows to avoid
human presence while the field recordings are being conducted, minimizing the interference in the
farm environment. Most of the studies on animal welfare focus on reducing the potential negative
experiences coming from their life environment in the farm that could threat animal health. Thus, the
goal becomes to improve environmental factors, such as light, stock density, housing, disease
prevention, disturbing noises, to prevent all those stressors that could negatively affect animal welfare
[1].
The poultry industry is one of the fastest growing segments of the agricultural and veterinary sector.
Nowadays, more than 40 billion chickens are produced annually worldwide. Broiler chickens are the
1
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most widely farmed fast growing species, with a stock population density that ranges from 10,000 to
30,000 birds. The substantial change in farming methods from extensive to intensive imposes a
number of significant challenges for animal welfare and health, as well as for environmental
sustainability and food safety [2].
One of the main and first stressors to which newborn broiler chicks are subjected to is prolonged
fasting caused by the routine practices they are subjected to before arriving to their final farm growing
location. The “hatch window” is the period in which the eggs of a stock are born, and can last from
24 to 48 hours. Once hatched, the chicks are selected, vaccinated, sexed, sorted and finally transported
to the farm [3]. During all these practices, which can not exceed, by law, a period of maximum 72
hours, the chicks do not have access to water and food [3]. Prolonged deprivation of water and food
can have long-term negative effects on the health and behaviour of the chick: it can hinder its growth
and the correct functional development of the gastrointestinal system [4]. Thus, effective solutions to
improve the effects of the lack of water and food should be found, to avoid the negative effects caused
by prolonged fasting. A recent innovative method for ensuring nutrition intake from the first hours of
life is the administration of hydrated gels that contain a growing variety of nutrients and additives
[3].
The objective of this preliminary study is to simulate the fasting of the first two days of life (48 hours)
of the newly hatched chicks, and to analyse the first results about whether the administration of the
hydrated gel Licuicel® Complex (Cealvet S.L.u), can improve the health and well-being of the birds
compared to a fasted control group. For this study, acoustic measurements will be carried out to
analyse and compare the difference in acoustic patrons between the two groups and to develop metrics
to infer, in an empirical way, the state of health of the animals. In order to have more data available
about the chicks evolution, the acoustic study is supported by a haematological analysis.

2

Material and Methods

The study was conducted with 120 newborn broiler Ross 308. The birds were collected at hatching
and transported (in one hour) to the study site where they were sorted into two main groups (Control
–CON- and Licuicel -LIC-) of three replicates of 20 birds each. A quantity of 0,25 ml of Licuicel ®
Complex hydrated gel was injected directly into the mouth of the LIC group’s chicks. After one more
hour of feeding the group, chicks were left in a 6m2 room until the last 3 hours of the study, when
CON group was moved to a similar room for individual recording data with identical equipment. The
animal vocalisation collection process was non-invasive, by means of a professional handheld
recorder (zoom H5 [5]) sampling at 44,100 Hz and 16 bits resolution connected to a directional
microphone Behringer ultravoice XM1800S [6]. Acoustic data was first filtered between 1 - 5 kHz to
avoid interferences of other sounds but vocalisation. Windows of 30 minutes of recorded data per
class (NewBorn, Control and Licuicel) were manually analysed using PRAAT [7] for pitch detection,
and Audacity [8] for spectrogram view and labelling.
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Figure 1 – Experiment setup for the recording campaign of the bird vocalisations.
In order to widen the acoustic study, a haematological analysis was conducted to verify whether the
data obtained at blood level could support the results of the analysis of the acoustic recordings, and
thus deduce the health conditions of the chicks. At 48 hours of age, the chicks were transferred to a
blood extraction center, the Cesac, in Reus (Spain), and blood samples were sent to the Echevarne
Laboratory, in Barcelona (Spain), where haematological parameters, like the haematocrit (HCT), the
haemoglobin, and the count of the different types of leukocytes, were analysed.

3

Acoustic Vocalization

Three visual analyses of spectrograms have been performed to detect visual differences in
spectrotemporal vocalizations. Figure 2 shows three examples of the most common pattern of
vocalisation for each class. Newborn and Control vocal pattern present similar results in frequency
range and shape, even so control is a bit shorter in vocal duration. In contrast, Licuicel spectral pattern
has a reduced frequency range compared to the others, and it also present the longest durations.
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Figure 2 – Spectrogram of the three types of vocalizations.
Listening to the raw filtered audio of NB and LIC apart from hearing the vocalisations of the birds,
the noise of the wing flapping and chick movement were usually heard and detected indicating
activity versus the CON audio files where vocalisation was the predominant audio identification.

4

Acoustic Parameters Evaluation

Fast temporal repetitions of birds’ vocalisations can be an indicator of stress according to [9]. Curtis
et al., use an indicator of high number of vocalisations repetitions (from 160 to 250 vocalisations in
45 minutes) to detect a stressful condition [7]. In previous studies [10] a correlation has been found
between maximum frequency vocalisation and food intake. Indicating that animals are better fed
when frequency vocalisation evaluated is lower. Moreover, maximum peak frequencies of all the
entire production cycle are found during the first three days of life on farm, when animals are stressed
due to the transport and the new location adaptation. High pitch value are present together with high
max frequency and are also indicators of stress.
By studying the pitch and number of vocalisation parameters, we have drawn a preliminary holistic
view of the stress and well-being of the birds under test.
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Block
Num
1
2
3
4
5
6
7
8
Mean

Table 1 – Acoustic parameters extracted at 48h of study life.
Mean Pitch Mean Pitch Mean Pitch
Num vocal Num vocal
NB (Hz)
CON (Hz)
LIC (Hz)
NB in 10s
LIC in 10s
3589.5
3432.39
3293.02
35
34
3583.63
3586.87
3265.18
34
30
3606.46
3545.77
3301.75
34
26
3553.87
3564.43
3358.97
28
31
3441.61
3573.01
3351.18
31
37
3563.73
3800.23
3571.18
32
31
4003.34
3715.37
3332.64
21
31
3484.43
3765.64
3432.36
27
33
3603.32

3622.96

3363.28

30

32

Num vocal
CON in 10s
29
38
31
38
36
39
37
48
37

In Table 1 shows the comparison between mean pitch frequencies and number of vocalisations in ten
seconds per each class. In terms of maximum vocal frequency, no clear difference (19 Hz) is observed
between NB and CON. Whereas there is a reduction of an average of 240 Hz in main vocalisation
frequency of the animals under treatment. In reference to the temporal repetition of the vocalisations,
there is an increase of number of repetitions in respect to the NB, while the animals without treatment
vocalise in average five more times than the ones with Licuicel, which have only two more
vocalisation in average.

5

Haematological Analysis

The results obtained from the haematological analysis highlight two parameters that were statistically
significant, and that may be correlated to the acoustic data obtained. These parameters are the
haematocrit value and the monocytes count (see Table 2).
The haematocrit values obtained in the LIC group are lower than those of the CON group. These
results follow those obtained by [11], which suggest that water deprivation, resulting in dehydration,
causes changes in blood parameters, particularly in haematocrit values, which increase abnormally
when the animal is not able to maintain homeostasis.
The monocyte count of our study appears to be higher in LIC group than in the CON group. Pires et
al. [12] contribution is aligned with that result; chicks under prolonged fasting had a lower percentage
of monocytes than chicks fed immediately after hatching. The type and intensity of the immune
response depends on the type and duration of stress, the age at which the stress is caused, and the
degree of fasting [12]. Therefore, the stress caused by prolonged fasting causes a significant reduction
in the number of monocytes compared to chicks that have access to a nutritional source right after
birth.

5

100

Table 2 – Haematological Analysis
Parameter
Mean in CON
Mean in LIC
Monocytes (%)
1.4667
3.1786
Monocytes MM (µL)
281.6000
540.4286
Haematocrit (%)
37.0333
34.8571

6

P value
0.0038
0.0067
0.0343

Conclusions and Future Work

LIC group analysis, with the birds fed with the hydrated gel Licuicel® Complex, present indicators
that show some stress reduction, according to both the acoustic and haematological analysis. The
acoustic descriptors corroborate the differences in the visual spectrogram vocalisation pattern
analysis. The LIC group shows a reduction of the pitch frequency when compared to the other groups.
The number of vocalisations is very similar to the Newborns, maintaining the same call frequency
compared with the Newborns that are not dehydrated.
The results obtained from the haematological parameters confirm a stress reduction of the LIC
group’s chicks compared to those of the CON group. The lower haematocrit values of the treated
group indicate a lower level of dehydration, therefore a more efficient maintenance of the homeostatic
balance. Also, the monocyte count, whose higher numbers in the LIC group suggest a lower stress
state compared to CON group, is also in agreement with the acoustic parameters.
This study has worked with a small dataset, analysed manually. In future, an automatic algorithm
based on artificial intelligence will be used to analyse the entire raw acoustic data to widen the focus
of the analysis and improve the accuracy of the results. In addition, more acoustic descriptors will be
tested to develop other acoustic descriptors that indicates stress of the animals.
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Abstract
A time domain model for predicting diffraction around rigid, infinitely long wedges is presented. An
approximate solution is derived from the inverse Fourier transform of the frequency domain diffraction
solutions provided by Oberhettinger. This solution unifies diffraction by plane, cylindrically and
spherically spreading incident signals and provides a more rigorous extension of the Directive Line Source
Model (DLSM) for diffraction around an arbitrary wedge. It is invalid for long times, wedge angles close
to non-diffracting wedge angles and close to the shadow boundaries. The solution improves the accuracy
of the original DLSM solution. It also provides significant insight into the mechanism of diffraction.
Universal parameters are defined that describe similarities in the evolution of the diffracted signal around
wedges of different angles. A generator curve is presented that embodies the diffracted signals for all
source-wedge-receiver configurations. Finally, it is shown that the diffracted signal at any source-wedgereceiver configuration can be constructed from the diffracted signal at a uniquely identified sourcereceiver configuration around a half plane.
Keywords: wedge diffraction, time domain solution, generator curve, universal parameters

1

Introduction

The phenomenon of diffraction around wedges is important in acoustics, since it has many applications in
areas such as oceanography, room acoustics, or noise barriers. It has been extensively studied, both
theoretically/numerically and experimentally. The present work focuses on approximate analytical solutions
in the time domain and its main purpose is to extend and enhance the Directive Line Source Model (DLSM)
[1][2] to wedges of arbitrary angle. The derivation of the new approximate model starts with the frequency
domain solutions for all three types of simple incident radiation (plane, cylindrical and spherical incident
waves). The time domain solutions are derived by their frequency domain counterparts and appropriate
approximations are introduced to derive the new solution (section 2). The new solution enhances the validity
region of the original DLSM solution, while it maintains its simplicity. It is shown that universal parameters
and the generator curve contemplated by the original DLSM for half planes can be extended to diffraction by
a wedge for an arbitrary angle (section 3). Finally, it is shown that the new approximate solution allows us to
correspond any source-wedge-receiver configuration of any wedge angle to a source-receiver configuration
on the half plane (section 4).
The geometry of the problem and its main parameters is shown in Figure 1. A cylindrical coordinate system
is considered with its z-axis on the diffracting edge of an infinitely long wedge. The angle of the wedge is
2Ω, and source and receiver can be located anywhere around the wedge In wedge diffraction problems, the
parameter γ is often used
1
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γ=2

 π-Ω  .

(1)

π

For γ=2/m and m an odd integer the diffracted signal at any location around the wedge becomes zero.
Accordingly, the wedges are called non-diffracting wedges (Ω=90ο,135ο…). For m an even integer, the
diffracted field resembles that around a half plane and the wedges are called neutral wedges (Ω=0ο,120ο…).
The lines BI-II and BII-III shown in Figure 1(b) are called shadow boundaries and separate the diffracted field
around the wedge into three regions, each one of which has a different number of geometrical acoustics
contributions than its neighboring region.

Figure 1: Geometry of the problem.

2
2.1

Wedge diffraction time domain solution
Unified representation of existing frequency domain solutions

For high frequencies kr>>1 (plane waves) or krr0 /L>>1 (cylindrical and spherical waves), the total
acoustic field around a rigid wedge can be decomposed into a geometrical optics ( P g.o. ) and a diffraction
field ( P diff ) component [3]
(2)
P=P g.o. +P diff .
The diffracted component P diff is the focus of the present work. Oberhettinger [4][5] presented the solution
of the diffracted field for spherically and cylindrically spreading incident waves and for a plane wave
incident on a rigid wedge. In the present work, it is proposed to consider the diffracted field caused by all
types of incident radiation (plane waves, cylindrical and spherical incident waves) at a receiver in a unified
representation as follows
1 
Pdiff =
Pspr Ddζ,
2πγ 0
(3)
-1
where ζ=cosh  F  is the equivalent angle between the source and receiver in the complex plane as defined

in the literature with respect to Sommerfeld Contours [3], F varies with the type of the incident signal
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 ct

,
 r
 c 2 t+r /c 2 -r 2 -r 2
 0  0 ,

F= 
2rr0

2
 2 2 2 2
 c t -r0 -r -  z-z 0  ,

2rr0

plane
cylindrical

(4)

spherical

where c is the speed of sound, Pspr stands for a spreading term that depends on the type of the incident wave,


 ikrcosh  ζ 
,
e
 1
Pspr =  H 0  kR  iζ   ,
 ikR  iζ 
e
 R  iζ  ,


plane
cylindrical

,

(5)

spherical

1
where H 0 is the Hankel function of the first kind, R  iζ  is the equivalent distance between the source and

the receiver in the complex plane

R  ζ  =r 2 +r02 -2rr0 cos  iζ  ,

and D is a directivity function common for all types of incident radiation
 π±θ±θ 0 
sin 

 γ 
,
D=
ζ
 π±θ±θ 0 
cosh   -cos 

γ
 γ 

(6)

(7)

where  π±θ±θ 0  /γ represents the summation of four terms.
2.2

Exact time domain solutions

In this subsection the impulse response solution is obtained by calculating the inverse Fourier transform of
the frequency domain solution [Eq. (3)] [6]. The following variable change is employed
(8)
1
dF
dζ=
dt ,

sinh  ζ  dt

while combination of Eqs. (4) and (6) yields that R  iζ  =ct . For cylindrically spreading incident waves the
1
asymptotic forms for the Hankel function H 0  kR  = 2 kRπeikR-i 4 for kR>>1 is used. The impulse
response solution obtained by the inverse Fourier transform is
p irf =p amp pspr D ,

(9)

where p amp is an amplitude factor and pspr shows the time evolution of the diffracted signal around the
wedge. The terms p amp and pspr depend on the type of incident signal, while the directivity function D is the
same as its frequency domain counterpart.
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 c 1
,
plane
 2γπ r
 c 1 c H  t-r /c 

0
p amp = , cylindrical
2
2
2
 2γπ r r0 t -r0 /c

- c 1 ,
spherical
 2γπ rr0
 1
 sinh  ζ  ,

pspr = 
- c 1 c H  t-r0 /c  *H  t-r /c  t+r0 /c ,
 2γπ r r0 t 2 -r 2 /c 2
sinh  ζ 
0


(10)

plane, spherical
cylindrical

(11)

For spherically spreading signals Equation (9) is identical to the exact Biot-Tolstoy solution [7], which in the
following will be referred to as BTMS from the names of its main contributors (Biot-Tolstoy-MedwinSvensson [8]). For plane incident signals Equation (9), after some algebraic manipulations, it can be
transformed to the exact time domain solution proposed by Friedlander [9]. The impulse response for
cylindrically spreading incident signals is approximate (recall the employment of the asymptotic form of the
Hankel function in the derivation).
2.3

Approximate time domain solutions

In this section a new approximate time domain solution is derived. The main advantage of this newly
presented solution is that it maintains the same simple form of the Directive Line Source Model [1], [2],
while it extends its region of validity, since it comes from the exact time domain solutions of Eqs. (9) - (11).
Firstly, we assume times shortly after the arrival of the diffracted signal, that is t  L/c or equivalently
F  1 . As a result, using the properties of the hyperbolic trigonometric functions, we obtain

sinh  ζ  = F+1 F-1  2 F-1 . Furthermore, the assumption of short times allows us to use the Taylor

expansions of hyperbolic trigonometric functions

sinh  ζ   ζ  2 F-1

2
2
1ζ 
1  2 F-1  .
cosh(ζ/γ)  1+    1+ 

2 γ
2
γ


(12)

Substituting Equations (12) into (9) and after some algebraic manipulation the approximate time domain
model can be described by two terms (instead of four). In the second step of the derivation, it is assumed
that τ=t-t d <<tγ 2 and Ο τ 2  0 , where Ο  τ  corresponds to the order of magnitude of τ and t d is defined

 

in Eq. (18). The new approximate solution termed modified Directive Line Source Mode (mDLSM) is the
following

pirf =-

1
A t *  Id d  ,
4π

(13)

where  is the convolution sign, Α t an amplitude parameter that depends on the incident radiation
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 1,
plane

1
  r 
Α t = H  t- 0 
, cylindrical
2
c


r

t 2 - 02

c

 1 ,
spherical
 rr
 0

(14)

Id represents the time evolution of the signal that is equivalent to radiation from a line source
Id =

(15)

2
t 2 -t d2

and d represents a new directivity function

d=d i  d r ,

d i,r = 2γt

t
+1
td

Φi,r

 2
π
2  t-t d   tγ 2 -cot   Φi,r  +Φi,r
γ



,

(16)

where Φi,r is a parameter mainly dependent on the wedge angle and the angular location of the source and
the receiver.

 θ±θ 0 
π
cos 
-cos  

 γ 
γ.
Φi,r =γ 2 t
π
sin  
γ

(17)

Moreover, the following time parameters are introduced

r
 c , plane & cylindrical
td = 
 L , spherical
 c

(18)

where t d is the time that the signal needs to travel from the edge to the receiver and t

r
 c , plane
t= 
 rr0 , cylindrical & spherical
 Lc

(19)

is another time parameter that if multiplied with the angular frequency ω, it yields the criterion for separating
the acoustic field into a geometrical and a diffraction component (i.e. for spherical incident radiation
ωt  krr0 / L  1 ). The new approximate solution [Eq. (13)] shares the same mathematical simplicity with
5
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the Directive Line Source Model in the time domain [2]. Their main difference lies in their different
directivity functions [Eq. (16)]. Both solutions have two terms
(20)
pirf  pirf ,i +pirf,r ,
where pirf,i will be called for simplicity incident term and is associated to the directivity term d i and the
incident parameter u=  θ-θ 0  γ and pirf ,r will be called reflected term and is associated to d r and the

reflected parameter v=  θ+θ 0  γ .

2.4

Accuracy of the new approximate time domain solution

The accuracy of the proposed solution is investigated by numerically comparing results obtained by the new
approximate solution (mDLSM), the original DLSM solution (DLSM) and the exact time domain solution
(BTMS). The comparison is done for spherically spreading incident signals. The comparison results are
presented in Figure 3. The relative error of the approximate models (mDLSM in Fig. 2(a)(b) and DLSM in
Fig. 2(c)(d)] with the exact BTMS solution is presented for all combinations of wedge angles Ω and all
source-receiver angular locations θ, θ 0 in a single plot. The combination of all θ, θ 0 is done via use of the
incident and reflected parameters u and v . The relative error of each term of the approximate solutions
( pirf,i associated with u and pirf ,r associated with v) is considered separately and compared against the
corresponding term of the exact BTMS solution (in the form given by Pierce as a solution of two instead of
four terms [10].) The red lines in Fig. 2 correspond to the shadow boundaries. As Ω increases (over 160ο)
the shadow boundaries come closer and closer until they collapse at Ω=180ο. The black-colored area shows
combinations of parameters that yield relative error over 10% . This happens close to the shadow boundaries
and for wedge angles close to the non-diffracting wedges. The comparisons are shown for a given time

τ* =(t * -t d )=0.025(tγ 2 ) . At longer times the black-colored areas expand, at shorter times the areas shrink.
The time τ* is based on the assumptions made for the derivation of the solution. Finally, in almost all cases,
the presented mDLSM solution improves the accuracy of the original DLSM solution.

Figure 2: Contours of relative error with the exact BTMS solution of the mDLSM [(a)(b)] and of the DLSM
solution [(c)(d)] at time τ*  0.025(tγ 2 ) . The terms pirf ,i and pirf,r in the mDLSM and the DLSM are
compared separately against the corresponding terms of the BTMS solution.

3

Universal Parameters-Similarity Conditions

Within its region of validity, the presented time domain solution allows us to define a generator curve- a
single curve that generates all diffracted signals for all source receiver locations, all types of incident
radiation and all wedge angles. The concept of the generator curve has been introduced in [2] for half planes
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and it is shown here that it can be extended to wedges of arbitrary angle. Extending the analysis in [2] we
redefine the two diffraction numbers

Π i,r =
where τ=t-t d

τ
τi,rlag

(21)

,

is the diffraction time (i.e. the time that starts when the diffracted signal arrives at the

receiver) and τi,r
lag are the diffraction delay times defined as
2

i,r
lag

τ =

Φi,r


π
2  tγ 2 -cot   Φi,r 
γ



.

(22)

.

(23)

2

 =
i,r
lag

Φi,r


π
2  tγ 2 -cot   Φi,r 
γ



The diffraction number Π is a dimensionless number that normalizes τ with the diffraction delay time, which
in turn is determined by the specific source-wedge-receiver configuration. The diffraction delay times
describe proximity to the shadow boundaries. Figure (3) shows the contours of τi,r
lag along with the shadow
boundaries (red lines) for all wedge angles Ω and all source-receiver configurations. It can be observed that
r
both τilag and τ lag
become zero at the shadow boundaries. It can also be observed that different sourcewedge-receiver configurations have the same diffraction delay time. The later observation allows to
determine angular similarities between wedges, as will be shown in section 4.
Figure 3(c) shows that at a location with large diffraction delay time τilag (i.e. away from the shadow
boundary) the corresponding impulse response pirf ,i evolves slower with time. At locations with small
diffraction delay times (close to the shadow boundaries), most of the acoustics energy is released at short
diffraction times and pirf ,i evolves faster with time.

r
(b) for different wedge angles and source-receiver
Figure 3: Diffraction delay times τilag (a), τ lag

combinations; impulse responses pirf ,i at locations with different τilag (c).
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3.1

Generator curve

As it was shown in ref. [2] any impulse response solution around a half plane can be incorporated into a
single curve, called the generator curve which depends solely on the diffraction number Π. In order to obtain
the impulse response signal from the generator curve, one should scale it with an appropriate scaling
function. It can be shown that the notion of the generator curve and the scaling function can be extended for
any arbitrary wedge as follows
(24)
4 2

E i,r =

π π Π i,r  Π i,r +1

Si,r =-

γ π
8

t
i,r
d lag

t τ Φ1/2

At ,
(25)

where E i,r corresponds to the generator curve and is the same for all types of incident signals, while the
scaling factor Si,r depends on the geometry of the specific source-receiver configuration. It is noted that the
generator curve is the same as in the case of the half plane, while the scaling factor differs. Any impulse
response regardless of the type of incident signal can be generated as follows
(26)
pirf =pirf,i +pirf,r =Si *E i +Sr *E r
Figure 4 depicts the generator curve for the incident term E i [(a)]. From the generator curve all impulse
responses pirf,i can be derived. Figure 4 shows so generated impulse responses (solid line) for plane [(b)],
spherical [(c)] and cylindrical [(d)] incident signals for different source-wedge-receiver configurations. The
impulse responses obtained directly by the analytical solution (dashed line) are the same as the impulse
responses derived by the generator curve.

Figure 4: The generator curve E i depends only on the dimensionless diffraction number  i [(a)]. The
impulse response for plane [(b)], spherical [(c)], and cylindrical [(d)] incident signals around various wedge
angles and for various source-receiver locations. The impulse responses obtained directly by the analytical
solution (dashed line) are the same as the impulse responses derived by the generator curve (solid line).

4

Mapping of all wedges into a half plane

Within its region of validity, the presented diffraction solution allows us to map any source-wedge-receiver
configuration to a uniquely identified source-receiver configuration around a half plane. The correspondence
can be important as the diffracted field around a half plane has been extensively studied (both theoretically
and experimentally); more than the diffracted field around arbitrary wedges (particularly closed wedges).
Consider an arbitrary source-wedge-receiver configuration. For constant radial and z-coordinates of source
and receiver the following angular mapping is introduced
i
r
(27)
pirf
pirf,i
pirf,r
w =W
hp + W
hp ,
hp  w

hp  w
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where W i,r

hp  w

is called the wedge factor and is the ratio of the directivity functions of the wedge and of

the half plane

i,r
i,r
i,r
d i,rw γ w Φ hp  Π hp +1 Π w
.
W
= i,r =
hp  w
d hp 2 Φi,rw  Π i,rw +1 Π i,rhp
i,r

(28)

i,r
i,r
Equations (28) and (29) can be simplified, provided that Π w =Π hp . In such case, the wedge factor becomes
i,r

γ Φ hp
W
= w i,r . The wedge factor has no time dependence and therefore Eq. (28) can be employed not
hp  w
2 Φw
i,r

only for the impulse response but for the diffracted signal caused by any arbitrary incident signal, as well.
(The diffracted signed is obtained by convolving the impulse response with the incident signal. The timeindependent wedge factor does not affect the convolution integral). The equality of two different diffraction
r
r
r
holds for any τ, provided that τ ilag,w =τilag,hp and τ lag,w
=τ lag,hp
. This results
numbers Πiw =Πihp and Π rw =Π hp
into the following equations

Φ i2, w -8tτi =0
lag

.
 2
r
Φ r , w2 -8tτ lag
=0

(29)

Equations (30) have one double solution each and therefore an arbitrary source-wedge-receiver configuration
can be mapped (corresponded) into a source-receiver configuration around a half plane. An example is
shown in Fig. (5). Consider a wedge Ω=45ο and θ=220ο, θ0=10ο. Solving for the angular locations in Eq. (30)
the corresponding source and receiver locations around a half plane are θ* =218.10ο ,θ*0 =8.67 ο . The
impulse response around the wedge obtained directly by mDLSM for the wedge (solid line) is identical to the
impulse response obtained by the corresponding configuration around the half plane [via Eq. (28)] (dashed
lined). The same holds for an N-wave response.

Figure 5: The impulse response and the N-wave response for the wedge configuration shown on the left is
identical to the impulse response and the N-wave response constructed via Eq. (28) from the impulse
response for the half plane configuration shown in the middle.
For different wedge angles the ranges of the corresponding source and receiver locations around the half
plane θ* ,θ*0 differ. Figure 6 shows the ranges of the source and receiver location in the half plane θ* ,θ*0
that correspond to all source and receiver combinations around two wedges. It can be observed that the
mapping regions (hatched areas) around the half plane shrink as the wedge angle increases.
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Figure 6: Ranges of source and receiver locations around the half plane θ* ,θ*0 that correspond to all source
and receiver combinations around a wedge of Ω=45ο and of Ω=110 ο.

5

Conclusions

A new approximate time domain solution is presented that describes the diffracted signal around a rigid
wedge of arbitrary angle. The solution is valid for short diffraction times, away from the shadow boundaries
and for wedges angles that are not very close to non-diffracting wedges. The new solution allows the
definition of universal parameters that describe the time evolution of the diffracted signal and of a generator
curves that embodies all diffracted signals for all source-wedge-receiver configuration. Finally, it is shown
that the diffracted signal at any source-wedge-receiver configuration can be constructed from the diffracted
signal at a uniquely identified source-receiver configuration around a half plane.
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Abstract
Noise with prominent impulsive sound is more annoying than continuous types of noise (without impulses or
tones) with the same equivalent sound pressure level. Therefore, an adjustment is added to the measured L Aeq
if prominent impulsive sound is present. In ISO 1996, three categories of impulsive sound have been found to
correlate best with community response, and adjustments are given for each. The list of sources of impulsive
sound for each category is incomplete.
Therefore, ISO is developing a method, ISO PAS 1996-3, based on NORDTEST NT ACOU 112, to objectively
measure the prominence of impulsive sound relative to residual sound. The resulting adjustments can be
applied directly or may be used to categorize the impulsive sources. It is intended to complement the ISO
1996-2 measurement method for general purpose environmental noise assessment.
This paper describes the background of the method and its development as a Publicly Available Specification.
Keywords: environmental noise, standards, impulses, adjustment to LAeq.

1

Introduction

Noise with prominent impulsive sound is more annoying than continuous types of noise (without impulses or
tones) with the same equivalent sound pressure level. Therefore, an adjustment is added to the measured L Aeq
if prominent impulsive sound is present.
ISO 1996-1 2003 [1] defines impulsive sound as sound characterized by brief bursts of sound pressure, and it
is noted that the duration of a single impulsive sound is usually less than 1 s. In this and in the current ISO
1996-1 [2], three categories of impulsive sound have been found to correlate best with community response,
and adjustments are given for each. The list of sources of impulsive sound for each category is incomplete.
Therefore, ISO is developing a method, ISO 1996-3 [3], based on NORDTEST NT ACOU 112 [4], to
objectively measure the prominence of impulsive sound relative to residual sound. The resulting adjustments
can be applied directly or may be used to categorize the impulsive sources. It is intended to complement the
ISO 1996-2 [5] measurement method for general purpose environmental noise assessment.
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2
2.1

Background of the Method
The ISO 1996 standard at the turn of the millennium

During development of the 2003 edition ISO 1996-1 Acoustics — Description, measurement and assessment
of environmental noise — Part 1: Basic quantities and assessment Procedures and the 2007 edition of ISO
1996-2 Acoustics – Description, measurement and assessment of environmental noise – Part 2: Determination
of environmental noise levels [6], consensus was reached that impulsive noise was best assessed by the
classification of sources into one of 3 categories.
In the definition of impulsive sound sources, updated in the 2017 edition of Part 1, it was noted that no
mathematical descriptor exists to unequivocally define the presence of impulsive sound, or to separate
impulsive sounds into the 3 categories identified. Thus, the sources of sound listed are used to define impulsive
sound sources as shown in Table 1.
Table 1 – definition of impulsive sound sources in ISO 1996-1.
Category
high-energy impulsive
sound source

highly impulsive sound
source

regular impulsive sound
source

Description
Explosive source where the equivalent mass of
TNT exceeds 50 g, or sources with comparable
characteristics and degree of intrusiveness
Sources of sonic booms include such items as
aircraft, rockets, artillery projectiles, armour
projectiles, and other similar sources.
Does not include the short duration sonic
booms generated by small arms fire and other
similar sources
Source with highly impulsive characteristics
and a high degree of intrusiveness

Impulsive sound source that is neither highly
impulsive nor high-energy impulsive sound
source
Includes sounds that are sometimes described
as impulsive, but are not normally judged to be
as intrusive as highly impulsive sounds

Examples
Quarry and mining explosions, sonic
booms, demolition, or industrial
processes that use high explosives,
explosive industrial circuit breakers,
and military ordnance (e.g. armour,
artillery, mortar fire, bombs,
explosive ignition of rockets, and
missiles)
Small arms fire, hammering on metal
or wood, nail guns, drop-hammer,
pile driver, drop forging, punch
presses, pneumatic hammering,
pavement breaking, or metal impacts
in rail-yard shunting operations
Slamming of car door, outdoor ball
games, such as football (soccer) or
basketball, and church bells. Very fast
pass-bys of low-flying military
aircraft can also fall into this category

Adjustments to the LAeq are 5 or 12 dB for regular and highly impulsive sound sources, respectively. For highenergy impulsive sounds, the adjustment depends on the C-weighted sound exposure level LEC level.
Adjustments for impulsive source character are only applied when those sources are audible at the receiver
location. When the sound cannot be separated from the sound from other sources, or the impulses are so
infrequent that they do not affect the result, then the adjustment is ignored. The minimum rate at which the
adjustment is applied is deferred to responsible authorities but typical minimum rates are given as one event
every few seconds or every few minutes.
ISO 1996 proposes that, when the bandwidth-adjusted signal-to-noise ratio, D’, exceeds 14 dB, the impulse
source sound is noticeable in the presences of residual sound [7] and should be assessed. It is important to note
that, the standard notes that some countries apply objective prominence tests to assess whether sound sources
are regular impulsive.
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2.2

National situations differing from ISO 1996

In Germany, an objective impulse adjustment method is described in TA-Lärm [8] and has been used for many
years.
In Denmark, the NORDTEST NT 112 method has been used since its publication in 2002. And, in the period
leading to the 2003 edition, the NORDTEST method was discussed in the ISO working group but was deemed
to have been insufficiently tested to influence the consensus on the methodology, particularly as it just been
published at that time.
Nevertheless, in UK, the BS 4142 rating level method [9] was updated to also utilise the NORDTEST objective
impulse detection method with to determine the impulse penalty. Subsequently, this was also adopted as a
potential assessment method in Australian standard AS1055 [10][4].
2.3

The Needs of ISO

Just after 2000, the ISO working group identified that the standard could be improved on this issue, particularly
as the impact of the impulsive noise adjustment are significant and, in several cases, more important than other
corrections. One of the main issues was that it was difficult to categorise sources not listed in the standard
without an objective method. Examples of such sources include stonemasonry, metal transport cages as used
in grocery deliveries to supermarkets, skateboard parks and powered lug wrenches. Douglas Manvell offered
to collate issues, state of the art of current knowledge and possible improvements on this topic to form the
basis of a qualified review, and the working group investigated what literature existed concerning the human
response to various impulsive sound sources: military, construction, industrial, sport, music, helicopters, etc.
As a result, several countries in the Working Group supported investigating the NORDTEST objective
impulsivity method as an ISO method to determine impulsive sources.

3

The NORDTEST method

The development of the NORDTEST ACOU 112 method started as a research project founded by the Danish
Environmental Agency, [11]. The purpose was to develop an objective method for a penalty that was in
accordance with the extra annoyance due to the impulses heard. The method should be based on the perceived
sound at the receiver position including masking from any continuous noise (including residual sound)
irrespective the category of the sound source, although military sound sources was excluded. The hypothesis
was, that the annoyance increased with the prominence of the impulses.
The method was developed on basis of the results from listening tests on recordings of impulse sound from
real sound sources in continuous background sound. The recordings were sounds with various level differences
and onset rates. The method defined an impulse as “the sudden onset of a sound” and the method calculates
the prominence P, of the impulses in accordance with the results of the listening tests. A method based on a
combination of the psychoacoustic-related measures for level difference (sone ratio: sonebackgr./sonemax.),
onset rate (sone ratio/s), and sharpness was tested. Although this was promising, the method based on Aweighted measures was preferred for practical reasons, see Figure 1.
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Figure 1. The listeners’ judgements of “Prominent” (x-axis) and the prominence predicted from the
measuring method (y-axis). The left panel shows the results for psychoacoustic measures based on sone and
sharpness. The right panel shows the prominence predicted from the preferred method based on A-weighted
measures with time weighing F. From [11].
The objective measuring method is based on the onset rate and level difference for the A-weighted time history
of the sound pressure level with time weighting F, see Figure 2

Figure 2. Time history of the A-weighted sound pressure levels with time weighting F (Fast). The figure
illustrates the onset ratio (OR) and the level difference (LD) for the two most prominent impulses. Gradients
of 10 dB/s are indicated with short line segments. From [4].
The prominence, P, of an impulse is specified as:
P = 3*log (onset rate/[dB/s]) + 2*log (level difference/[dB])

(1)

where the “onset rate” in dB/s and the “level difference” in dB are defined more closely in the method.
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From the prominence, P, the adjustment for LAeq, KI, is defined as:
KI = 1.8 * (P – 5), for P > 5, KI = 0 for P ≤ 5

(2)

The method is intended for use on sources with impulsive characteristics. Examples on use cases, but not
limited to these, are: Hammering on metal or wood, nail guns, drop-hammer, pile driver, drop forging, punch
presses, pneumatic hammering, powered lug wrenches, compressed air release, pavement breaking, scrap
handling, metal impacts in rail-yard shunting operations, slamming of car door, goods delivery, fork lift with
rattling forks, outdoor ball games, such as football (soccer) or basketball, skateboard ramps, church bells. Fast
and close pass-bys of low-flying military aircraft, trains and road traffic can also fall into this category.
Examples of the prominence and the adjustment for examples of sound sources are shown in Figure 3. The
prominence, P (x-axis) and the adjustment KI, (y-axis) calculated for some examples of sound sources

Figure 3. The prominence, P (x-axis) and the adjustment KI, (y-axis) calculated for some examples of sound
sources. From [11].
The method is intended for environmental noise for use in immission points (at neighbours) to determine how
prominent the impulse characteristics are perceived within the continuous part of the noise, including the
background noise. For such conditions the prominence is normally below 9, leading to adjustments of up to 8
dB. Nearby hammer blows on metal with low background noise, for example, may give penalties of up to 1112 dB but that is not normal for environmental noise.
The method was further developed and tested in a NORDTEST project which included a Round Robin Test
among the four Nordic laboratories that participated in the project, [12]. Among other things, the influence of
the sampling interval for the A-weighted sound pressure level with time weighting F was tested. The sampling
5
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interval had an effect on the result so a fixed and well-defined sampling interval would have been optimal but,
to enable the use of several types of measuring equipment, it was decided that sampling intervals in the range
of 10-25 ms could be allowed, with 10 ms preferred for the best accuracy. As a result, the standard deviation
of the results on the adjustment KI in the NORDTEST Round Robin test was 0.5 dB.
In proficiency tests among approximately 30 Danish laboratories approved for noise measurements, objective
measurements on impulses according to this method were included in 2003, [13], 2007, [14] and 2017, [15].
The standard deviations on KI, were 2.0, 0.7, 0.5 and 0.1-0.5 depending on the complexity of the sound
samples. Compared with the results from the NORDTEST Round Robin with a standard deviation of 0.5 dB,
it can be concluded that the deviation on KI measured by different laboratories in most cases will be around
0.5 dB. This is many times better than subjective assessments of whether impulse adjustments should be given.
The method is intended for automatic or semi-automatic analysis for periods (e.g. hours) of noise containing
impulsive sounds. An example is shown in Figure 4.

Figure 4. An example on automatic analysis of the impulses in the noise from a scrapyard. The upper blue
graph shows the A-weighted sound pressure level with time weighting F, where the onsets are marked with
red. The lower graph shows the prominence, P in green, and the adjustments, KI in black, for the impulses.
According to the method the impulse with the highest KI determines the adjustment in the corresponding 30
minutes period. From [13]
As example of an automatic analysis of the impulses from hundreds of cars passing over bridge expansion
joints see [16].
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4
4.1

Developments in ISO
Preparation in the ISO Working Group

With the publication of BS 4142: 2014, the ISO working group proposed publishing the NORDTEST method
as, for example, a Technical Report to, at least, get more international feedback. Thus, in 2015, the working
group agreed to propose a Technical Report on an objective method to determine impulsive sources and
therefore to enable categorization of impulsive sound sources for use in ISO 1996. The objective method was
to be based on the NORDTEST method with the addition of a short foreword on future research topics, issues
and application to ISO 1996. Douglas Manvell was tasked with drafting a New Work Item Proposal which,
after review in the working group, would be presented to ISO TC43/SC1 for approval as a new work item. In
the proposal, the NORDTEST method was updated to match ISO 1996 procedures and, on request from the
ISO working group, to alternatively enable adjustments based on the analysis as opposed to source
identification/classification.
4.2

Approval as a New Work Item

As a result of this, in late 2018, Danish Standards (DS) submitted a New Work Item Proposal for a Public
Available Specification ISO/PAS 1996-3 "Acoustics — Description, measurement and assessment of
environmental noise — Part 3: Objective method for the measurement of prominence of impulsive sounds and
for adjustment of LAeq" allocated to ISO/TC 43/SC 1/WG 45 "Description and measurement of environmental
noise (Revision of ISO 1996-series)", with Douglas Manvell as project leader. A Publicly Available
Specification is an ISO publication with a relatively short validity after which it must be withdrawn or
converted to another ISO document such as a full standard.
The approved scope of work is objectively to categorise sources by determining how prominent the impulse
characteristic is perceived at the receiver location through the continuous part of the noise including the
background noise. This method for measuring the prominence of impulsive sounds is intended for sources not
identified as gunfire or high-energy impulsive sound. It produces adjustments which are intended used to be
used to categorise the sources into either regular impulsive or highly impulsive sources and apply the penalty
indicated in ISO 1996-1. However, the adjustments may be applied directly.

5
5.1

New insight and next steps
Development of the Standard

During development of the PAS, the impact of the sampling rate used was investigated. It was identified that
sampling rates of 10-25 ms did not produce significant differences in results, and thus is permitted. A 100 ms
sampling rate, available in a wide range of commercial sound level meters, was also investigated and, on the
basis of the differences in some results, is permitted for survey measurements.
The period over which the impulse adjustment is applied, the ”assessment time interval”, was debated and set
as default to 30 minutes. However, for assessments with short-duration reference time intervals, shorter
assessment time intervals are permitted.
The working group confirmed that the impulse adjustment either be applied by categorizing sources in one of
the 3 categories listed in ISO 1996-1, or be used directly as the impulse adjustment, KI. In addition, the
assessment location is defined.
7
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Editorially, the standard has been refined and improved through ensuring that the scope, definitions,
terminology, wording and diagrams are clear. The bibliography has also been updated.

Figure 5. Figure from ISO PAS 1996-3 that shows the time history of the A-weighted sound pressure levels
with time weighting F, and illustrates the onset rate (OR) and the level difference (LD) for the three most
prominent impulses. It is comparable with Figure 2 in this paper.
To conclude, the working group could confirm that the method was robust enough for publication to thus
enable and promote its wider use and evaluation.
5.2

New Insights

Recently a literature study for the Danish Environmental Protection Agency has been made [17]. It is
noteworthy that most of the studies found were conducted before 2004. Only the Finnish study mentioned
below is of more recent date. Despite a thorough literature search, no significant sources have been found in
the period 2004-2019, which is surprising. The literature found that penalties of up to 8-11 dB are
representative of the extra annoyance that the impulses give rise to. This is in line with the adjustments the
objective measuring method normally operates with.
In a recent Finnish study, [18], the annoyance of repetitive artificial impulses within background sound was
compared to the annoyance of road traffic noise in a listening test, see Figure . The level difference (named DL
in the figure) and the onset rate (named ROn) for the impulses were varied in a systematic manner.
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Figure 6. The observed and calculated (with NT ACOU 112) penalties for impulse sounds. Figure from [18].
It is seen that the objective measurement method NT ACOU 112 gives good agreement with the experimental
results for slopes up to approximately 100 dB/s. Above this, a saturation effect seems to occur so that, for
greater onset rates the method seem to overestimate the size of the adjustment for the artificial sounds used in
this experiment. The results from this listening test, may indicate that setting an upper limit of the influence of
the onset rate may improve the method (e.g. by limiting or lowering or limiting the second term in Equation
1). But the findings are based on very artificial signals so, as mentioned in the article, listening tests with real
life impulses should be performed before any changes are made. When such results are available, a multipleregression analysis with level difference and onset rates as independent variables should be performed on all
available (old and new) listening tests results, and may be used to change and improve the method. Until then
we don’t have a solid background to impose changes.
Further research along these lines (annoyance of impulsive noise compared to the annoyance continuous road
traffic noise) is recommended.
5.3

Next Steps

The Publicly Available Specification has been voted and commented on in the wider acoustic standardisation
community. It was supported and could have been published. However, it was agreed that the working group
review all comments prior to final confirmation and publication. Publication is targeted for the start of 2022.
It will be reviewed 3 years after publication, after which a decision on its future will be taken. Researchers,
cognizant authorities and experienced practitioners are encouraged to use this standard in the coming years to
ensure that this review is based on a broad and solid foundation.
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6

Conclusions

The development of this ISO PAS 1996-3 method to objectively measure the prominence of impulsive sound
relative to residual sound enables noise with prominent impulsive sound to be better assessed through a
supplementary objective method that is based on methodology used in several countries over quite a few years.
It enables more sources of impulsive sound to be correctly categorised.
The resulting adjustments can be applied directly or may be used to categorize the impulsive sources. It is
intended to complement the ISO 1996-2 measurement method for general purpose environmental noise
assessment. It is hoped that it will be widely used so that, when the ISO Publicly Available Specification is
reviewed, the decision can have a wide and solid foundation.
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Abstract
New trends in construction such as lightweight building and user requirements for more effective
constructions result in the need for increased accurate design of solutions. With respect to the boundaries of
a compartment within a building, each penetration can affect the acoustic and fire integrity. This paper deals
with the impact on the integrity of a building compartment when ducts for normal ventilation and for smoke
extraction are penetrating the walls and ceilings.
Two main properties are considered: a) the lateral transmission through the duct between two rooms and b)
the risk that noise within a duct radiates to a room. With this study it is possible to evaluate the impact of
ventilation and smoke extraction ducts on the acoustic integrity without the need for extensive sound test
campaigns for each configuration installed. Because of the understanding built in this paper, fewer sound
tests can be required to cover all applications.
Keywords: Calcium silicate, duct, break in/out; flanking transmission.

1

Introduction

Worldwide building trends forecast an increasing demand for faster and lighter building methods. But, drywall structures and modular building methods can be challenging for achieving simultaneously various
performances, such as acoustics, fire safety, energy efficiency and stability. Therefore, more and more
attention is required for accurate design of solutions. Within this scope, this paper deals with the integrity of
dry-wall partitions that are penetrated by ventilation and smoke extraction ducts. Such penetrations cause
specific challenges on the different mentioned building performances, but with most severe conditions for
acoustics and fire. Some of the aspects studied can also be used for other types of enclosures, other than drywall partitions.
Building construction is strongly impacted by the new challenges to build more sustainable solutions. Hence,
also new challenges are required for building compartments. And new challenges mean new design and
solutions that can affect the essentials performances of the enclosures of building compartments, such as
mechanical strength, thermal insulation, fire resistance or acoustic insulation.
Today fire is one of the essential performances for which the technical dimensioning is a priority (e.g. as
found in building codes and mentioned in the Construction Products Regulation of Europe [14]). One of the
most efficient solution for fire protection is to use high performance calcium silicate panels. It is mandatory
to protect the occupants and rescue teams against the spread of a fire and smoke within and outside the
building, as well as the collapse of the building. Structural stability can be achieved by protecting the
structure when needed by cladding, mortars or intumescent paints. Another level of protection can be found
in appropriate smoke management. A way to address this is by smoke extraction ducts that travel through the
1
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building and as connected to a fan can extract the smoke away from the building. This approach has
advantages for fire safety as occupants have smoke free escape routes and emergency teams can locate the
fire in a fast way. In addition, such systems can limit the damage from smoke. Smoke extraction systems are
often mandatory in public buildings by fire regulation.
As those smoke extraction ducts are exposed to high temperatures and they move hot smoke through the
building, such ducts can be fabricated of PROMAT calcium silicate boards that can sustain temperatures
well above 1000°C. In fact, the fire resistance of such systems needs to be proofed by fire tests in accordance
to EN standards EN1366-1[11], EN1366-8 [12] and EN1366-9[13]. These real scale fire tests examen the
fire performance of the ducts under high pressures and standard fire exposures. Pass criteria are given to
maximum temperature increases and smoke leakage. When applied in a building, the layout of the ducts
could be that they are connected to a central vertical shaft or that they cross multiple so-called fire
compartments. A fire compartment is a zone in a building to where the spread of fire and smoke is limited.
Typical examples are one hotel room, one apartment, one floor level in a building with a maximum size.
Once different compartments are crossed with a duct, the penetration should be fire sealed around the duct
and depending on the situation also a fire damper should be installed inside the duct.
With respect to acoustics, two main problems are identified and studied in this paper. First, the lateral
acoustic transmission along the duct material and directly through its created wall penetration, by which
sound can travel between the adjacent rooms. Second, the radiation of a noise originated within the duct
towards a connected room through the in/outlet vents. In this latter case, the noise can come from the fan or
from another room that is also connected to the duct. This problem is characterised as sound reduction breakin / break-out. Experiments are conducted in a full-scale acoustic test chamber.
Hence, the paper contributes to understand the critical design parameters and as such predict the impact of
ventilation and smoke extraction ducts on the global sound insulation of the building when penetrating any
fire compartment.

2

Identification of acoustic propagation paths in duct systems

For the case of ventilation ducts, acoustic problems could come from (1) operating service noise and/or (2)
penetration of the ventilation duct through walls and ceilings.
For operating noise services, the fan will generate the highest noise level. A solution can be found in
providing acoustic silencers positioned near the fan and downstream the duct trajectory towards the building
rooms. Such a silencer can kill most of the fan generated noise. Further downstream the duct trajectory, other
parameters can regenerate noises; so-called regenerated noises. Air flow speed, changes in duct direction
and reductions in duct diameters are all possible reasons to have regenerated noises within the ventilation
duct. The material used to construct the duct panels and their joints can have a significant impact on the
perception of duct operating service noise. The role of the duct panel is to reduce the sound transmission
from inside to outside of the ventilation duct and this is called noise break out. It also happens that a noise
from a noisy room can penetrate the ventilation duct and this is called the noise break in. Both phenomena,
further illustrated in Figure 1, can be solved if the airborne sound insulation of the duct panel is adequate.
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Figure 1 – Scheme of impact of background noise due to operating noise of extraction and ventilation duct.
The second type of acoustic problem that can result from ventilation ducts is the impact from its penetration
through the walls and ceilings. Because of the penetration, there is a risk of downgrading the initial overall
performance of the airborne sound insulation of the walls or ceilings that separate the rooms. This sound
propagation path is called lateral flanking airborne insulation along the ventilation duct and is illustrated in
Figure 2. Even here the panels used to build the ducts have a major role. But in addition, also the airtightness
of the perimeter of the penetration can be a major down-grader of the acoustic performance. This is the
reason why acoustic testing should be representative for the actual on-site installation.

Figure 2 – Scheme of lateral flanking sound transmission due to duct penetration of the compartment
boundaries.

3

Break in /Break out performance to reduce operating noise of ventilation
and smoke extraction duct

The noise generated in a duct is mainly generated by the fan, which can be solved with silencers as discussed
above. But, further efforts are necessary to carefully treat the as-mentioned regenerated noises. This type of
noise can be treated by appropriate design of the duct panels. In this way, sufficient sound reduction can be
achieved to cancel noise regenerated by dampers, reductions in duct cross-section and changes in network
3
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direction. The acoustic performance of the duct panel from which the duct is constructed, is therefore an
important element in the acoustic dimensioning of ducts.
3.1

Dimensioning of background room noise

The minimum performance of airborne sound reduction that is required depends on the type of background
noise and the relevant room type. In ASHRAE [1], a distinction of background noise per room type is found,
as well as the related permissible sound levels (see Table 1).
Table 1 – Noise level criteria as specified in ASHRAE [1].

ASHRAE[1] also proposes a calculation method as given in Equation 1 to determine the resulting pressure
level Lp in the room. The airborne sound reduction Rw of the duct panels is an important input parameter in
this equation. The calculated transmission path corresponds to the mentioned sound break in. It is noted that
VDI 2081 [2] proposes a similar model.
-10log
With:

Lw(in)
S*
A
Rw
r
L

(1)
is sound power level within the duct
is the effective surface of the duct
is the equivalent absorption of the receiving rooms
is sound reduction of the duct panels
is the distance from the duct
is the length of the duct
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Rearranging the parameter of Equation 1 results in Equation 2 that allows to calculate the sound break out
that considers the case when noise is re-injected in the duct. Again the airborne sound reduction of the duct
panels is an important input parameter. When the noise level in the room is measured, it is possible to predict
with Equation 2 how much noise will be re-injected in the ventilation duct.

(2)
In conclusion, both equations present a simple tool to predict the sound level whatever the sound level is
entering (break in) or leaving the duct (break out). Those equations confirm the importance of having an
adequate airborne sound reduction of the duct to prevent induced acoustic problems of service and
background noise.
3.2

Data and tests of airborne sound reduction of duct panels

The VDI 2081 [2] presents some attenuation for different duct panel materials. However, there are no values
for panels made from high-performance calcium silicate. This is the reason why laboratory tests were
executed by the authors in compliance with ISO 10140-5 [3] and ISO 717_1 [4]. Table 2 presents the test
results of metal sheet duct in comparison to ducts made of fire-resistant calcium silicate. For the latter, two
configurations as depicted in Figure 3 are studied. First, the calcium silicate panel is used on its own,
whereas in the second, an acoustic and aesthetic lining is added to improve further the acoustic performance
and keep the level of fire resistance. The results in Table 2 show that when a higher acoustic performance is
needed, it is possible to reinforce the acoustic lining to eliminate all risks of break in and break out.
Table 2 – Comparison of the performance of a metal duct panel with a calcium silicate duct panel and its
upgrade with an additional lining (values in dB).
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Figure 3 – Drawing of tests configuration – Left: single calcium silicate duct panel – Right: acoustic lining
on calcium silicate panel.
3.3

Numerical model of sound reduction of duct panels

The acoustic performance of the panels can be assessed with a numerical model [6]. Table 3 confirms for the
calcium silicate duct panels and their additional lining the good agreement between numerical simulations
and actual sound tests. The use of this kind of models, makes it possible to design the best solution for the
acoustic lining in agreement with the specific acoustic objectives related to break in and break out. This
approach is also useful to select the most relevant options prior to laboratory sound tests.
Table 3 – Comparison of the modelled and tested sound reduction of duct panels (values in dB).

3.4

Examples of background noise calculations

Table 4 presents examples of background noise calculations by using Equation 1 and the comparison with
the given background noise criteria from ASHRAE. Cases 1 and 3 consider only break out, whereas cases 2
and 4 considers in addition break in due to adjacent machine rooms. The calculations show that metal sheet
panels are too weak to reach the requirements of background noise level for case break out (cases 1 and 3).
The calcium silicate panel can pass the requirements for break out, but the upgrade of the lining is required
to pass both break in/out.
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Table 4 – Example of background noise calculation for different cases of break in/out (values are in dB).
Case of
study

Duct panel design

1

1 mm steel duct panel

50

2

1 mm steel duct panel

3
4

4

Break Break in
out
Lw
Lwin Machine

Lp
Room 2

NC
Criteria

Results

n/a

27

25

Not passed

50

50

35

25

Not passed

30 mm calcium silicate panel

50

n/a

24

25

Passed

30 mm calcium silicate panel with
reinforced lining

50

50

24

25

Passed

Impact on acoustic integrity of building compartments due to lateral
flanking transmission from ventilation and smoke extraction ducts

Another sound transmission path could occur when a ventilation duct passes through walls or ceilings.
Consequently, in some cases the apparent performance of the main ceiling or wall will be reduced due to the
duct penetration.
4.1

Calculation of compartment integrity performance with duct penetration.

The standard [5] EN12354 gives an equation to calculate the impact of a ventilation duct that passes through
walls or ceilings, reproduced hereafter as Equation 3. The calculation is based on a simplified model that is
presented in the standard. Thanks to this equation, the noise impact of the smoke extraction and ventilation
duct when pentrating the walls and ceilings can be calculated.

(3)
With: R’w
Rw
Dn,f,w
Llab
Ltest
Ss
A0
4.2

is the weighted apparent sound reduction index for overall transmission [dB]
is the weighted flanking sound reduction index for direct transmission [dB]
is the weighted flanking sound reduction indirect transmission path [dB]
is the laboratory test length [m]
is the rel duct length [m]
is the area of the separating element [m²]
is the equivalent absorption area (10 m²) [m²]

Test results and enhancing solution

Although the impact on the acoustic performance of lateral flanking transmission of smoke extraction or
ventilation ducts can be significant, neither the VDI 2081 [2] or ASHRAE [1] provide performance
examples. This is the reason why sound tests were performed by the authors. The tests were realized in
compliance with ISO 101848-1 [7], ISO 101848-2 [8] and ISO 717_1 [4].
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Table 5 presents some results for calcium silicate duct panels. It is noted that no data has been found on
metal sheet ducts. It is found that for some relevant cases, the performances of calcium silicate panels may
not be enough to maintain the initial performance of the separating element. In those cases, similar as in
previous section, the performance could be adequately improved by reinforcing the acoustic lining and as
such eliminating all risks of downgrade of the initial acoustic performance of the main walls and ceilings.
Figure 4 shows on the left the layout of the studied standard calcium silicate duct and on the right the layout
including the additional acoustic lining.
Table 5 – Performance of lateral flanking transmission of calcium silicate ducts with and without acoustic
lining.

Sound Reductuion index [dB]

90
80
70
60
50
40
30

20
10

0

Octave frequency [Hz]

125
Duct Steel sheet panel (---)
1 mm
Duct calcium silicate pannel (___) 30 mm
Reinforce duct (
)
110 mm

___

No Data

250
No Data

26,3
40,1

500

No Data
27,5
53,9

1000
2000 Dnfw
No Data
No Data
No Data
41,2
38,7
36,7
38
67,6
77,5
81
65

Figure 4 – Tested configuration – Left: calcium silicate duct with typical structure of assembly – Right:
calcium silicate duct with additional acoustic lining.
4.3

FEM model of lateral flanking transmission test

As there is no model available in design codes to the lateral flanking transmission tests of ventilation and
smoke extraction ducts, a numerical acoustic model was developed in COMSOL 5.6 [10]. The FE model
couples Pressure Acoustics in the Frequency domain with a Structural interaction by using Solid Mechanics.
As mentioned above such model can help in the design and understanding, nonetheless a sound test is
required as a model is based on assumptions and simplification of complex phenomena and geometry. At this
8
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stage, it is studied what the prediction accuracy could be of such kind of models. Therefore, the model result
is compared with experimental data.
In Figure 5, the geometry and the used boundary conditions of the model are illustrated. A duct with size
1.32 x 1.07 x 9.26 m is made of 35 mm calcium silicate boards and penetrates a wall at its midspan. The
model represents a duct that connects a source room and a receiving room.

Figure 5 – Geometry and boundary conditions of the duct model
The sound pressure is directly implemented on the boundaries of the duct part in the source room by a sum
of a number of uncorrelated plane waves moving in random directions, representing an ideal diffuse acoustic
field [10]. The receiving room is modelled using Perfectly Matched Layers (PML). The wall at midspan is
only represented by the restriction in movement of the duct in z-direction. This approach allows to simplify
the geometry of the connected rooms and as such limit the computational demand. Further simplifications
are found in modelling only the duct boards without their actual fixations (such as staples, glue), joints and
considering 100% air tightness of the system.
The sound reduction index is calculated as 10*log10(Pin/Ptr) [dB] with Pin the total incident power at duct
boundaries source room and Ptr the total transmitted power at duct boundaries in receiving room. The sound
waves are impacting directly on the duct and the sound is then transmitted to the other chamber by
conduction through the board and the generated air waves inside the duct. Table 6 illustrates the result when
compared to experimental data. Up to 1000 Hz Octave frequency the model can capture well the test result.
Beyond this Octave frequency, deviation is found that can be attributed to a too coarse mesh due to limitation
of computational power.
Table 6 – FEM simulation of the lateral flanking transmission by the duct, in comparison to test data

Sound Reductuion index [dB]

60
50

40
30
20

10
0
125

250

500

1000

2000

Octave frequency [Hz]

Test
Model

125
37,9
36,4

Duct calcium silicate pannel (___) 35 mm
(.....)

250
39,4
39,3

500
39,7
41,9

1000
33,7
33,9

2000
28,1
49,7
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4.4

Example of calculation of the impact of duct lateral flanking transmission on wall and ceiling
performance

Table 7 presents some examples of calculation of downgrading the main walls or ceiling due to lateral
flanking transmission based on Equation 3. When the lateral flanking transmission is much below the
performance of the walls or the ceilings, it is observed that the overall performance R’w is limited to the
performance of the weakest element. To conclude, it is necessary to have a lateral flanking transmission
performance adapted to the wall or the ceiling that is penetrated.

Dnfw duct

Rw Partition

Figure 7– Scheme of the direct sound transmission of the separating element and the lateral transmission
path of the ventilation duct.
Table 7 – Calculation of sound reduction due to lateral and flanking transmission, with ventilation and
extraction duct (all values are in dB).
Case of
Duct panel design
Rw of walls Dnfw of duct
Global
study
or ceiling
R’w
1
2
3
4

5

Calcium silicate 30 mm
Calcium silicate 30 mm
Calcium silicate 30 mm with reinforced lining
Calcium silicate 30 mm with reinforced lining

40
60
40
60

38
38
68
68

37
41
40
60

Conclusions

This paper presents an overview of the acoustic dimensioning of ventilation ducts. Additional data has been
presented based on sound tests on ducts fabricated from calcium silicate technology. Present study has
shown that on the first acoustic problem of break in/out, calcium silicate panels can provide better airborne
sound insulation to operating service noise with respect to metal sheet ducts because they are heavier. In this
way, the risk of being disturbed by ventilation noises is drastically reduced. It is shown that for relevant
cases where acoustic performance requirements are utmost severe, the acoustic requirement can be achieved
easily by adding an additional lining. This lining can at first stage be dimensioned by using acoustic
numerical models.
The second acoustic challenge is to ensure that when the ducts pass through a wall or ceiling, it will not
downgrade the airborne sound insulation of the separating element. Results have shown that the risk exists
that the duct decreases the initial airborne sound insulation performance of the separating walls and ceilings.
Also for this acoustic problem, an upgrade of the lining of the calcium silicate duct results in adequate
acoustic performance. For the moment, there is no reliable model to design the solution for this type of sound
problem, although some promising FEM results were discussed. Lateral transmission sound tests are required
to study this acoustic problem.
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Abstract
A literature survey was made for the Danish EPA on the annoyance felt by people living along urban roads
and motorways. A few studies before 1992 show, that noise from motorways is more annoying than noise
from other roads. A Danish survey from 2014 with 6761 respondents shows the same. A Schweiz survey
from 2014-17 with 5364 respondents show that at motorway like roads (constant noise with no pauses)
people are 7dB “more annoyed” than people living by roads with scattered traffic and pauses at the same
noise levels. It is thus concluded that:
 Studies, incl. a background article for the WHO report on Environmental Noise Guidelines from
2018, supports the Danish noise limit on Lden = 58 dB for ordinary roads for 10 % highly annoyed
 Studies show that motorways are more annoying at the same noise levels than other roads. The
Danish investigations point to Lden = 52 dB for 10 % highly annoyed. The Swiss study suggests Lden
= 51 dB for 10% highly annoyed
It is important to note how much more annoying motorway noise is perceived. This should be taken into
account when performing socio-economic evaluations of infrastructure projects and when determining
guidelines for road noise.
Keywords: Noise from motorways, noise from urban roads, dose-response curves, noise guidelines.

1

Introduction

The Danish guideline for noise from roads is currently set at Lden = 58 dB for homes along urban roads and
motorways [1]. This should correspond to approx. 10 % of the population being highly annoyed by the noise.
The WHO report from 2018 recommends a limit value of Lden = 53 dB to keep the highly annoyance below
10 % [2]. A study from the Danish Road Directorate questions whether the limit value is correct in relation
to the noise annoyance from motorways [13].
Therefore, the Danish Environmental Protection Agency (EPA) in 2020 has requested that socio-acoustic
studies from the literature be found and referenced in order to shed light on whether the Danish EPA's limit
values [1] have been set on a professionally correct basis. On this background FORCE Technology has
performed the literature search and analysis [4].
Dose-response curves indicate the relationship between the exposure or dose, here usually the noise level,
Lden, and the effect e.g. the percentage of highly annoyed. The curve can be derived from different
mathematical formulas, e.g. second or third-degree polynomials, normal distribution or other formulas.
Dose-response curves between noise nuisance and Lden as well as 95 % confidence intervals can be
calculated, for example, by means of logistic regression, where responses regarding noise nuisance are
divided into e.g. 1 dB noise classes which are weighted according to the number of responses. Logistic
regression has been used in recent Danish studies [3] [13].
1
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The logistic dose-response curves are expressed as:
A

Where:






u
1 e

s ( E f )

(1)

A is the percentage of annoyed (HA, A, LA) respondents
u is the upper limit of A (i.e. u = 100)
s is the slope
E is the noise Exposure, Lden
f is the value of E for a fifty percent annoyance response

The Dutch researcher Miedema et. al. dose-response curves [5], also called EU reference curves after [6], are
often used as a reference for the studies presented. They come from 26 different international studies with a
total of 19,172 observations. These curves represent a collection of many different studies, and the
proportion of highways, roads, urban roads and city streets are unknown.
Initially, it should be noted that the result of a study of noise annoyance depends on both input data and
analysis method. In this context, input data comes partly from population surveys which can be performed in
different ways that can affect the result and partly from noise calculations where different noise propagation
models have been used which can also affect the result. You can also use different analysis methods to arrive
at a connection between noise load (expressed e.g. by Lden) and the noise (expressed e.g. by % highly
annoyed). For these reasons, it is rarely possible to compare different studies of the noises on a 1:1 basis. It
must therefore be made clear that minor differences between different studies may just as well be due to
differences in methods as differences in noise nuisance.

2

Kastka´s survey

In 1976 and 1988 Kastka et. al. performed a series of surveys with a total of 525 respondents [7]. It was
primarily about the annoyance of highway noise before and after the construction of noise barriers along a
number of motorways but also included surveys on urban roads [7]. FORCE has reanalysed the original
results [8] and this shows that the noise annoyance from motorways in Kastka’s study is significantly higher
than the annoyance from ordinary roads in cities at the same noise level in the range 45-75 dB (se Figure 1).

Figure 1 – Reanalysis performed by FORCE [8] of data from Kastka’s et. al. survey in 1976 and 1988.
Correlation found by logistic regression between Lden and annoyance score for motorways without barriers
(red curve) and for roads in cities (green curve) based on data from [7] and Miedema’s curve (blue). The
dotted curves indicate 95 % confidence intervals. Figure from [8].
2
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3

Miedema 1992

The purpose of a Miedema study from 1993 [9] was to shed light on differences in annoyance from the
different types of noise sources, and in the analysis of noise from roads, a distinction is made between
motorways and other roads. A series of studies conducted before 1992 with a total of 5144 respondents were
included.
The results for "other roads" are broadly similar to the later EU reference curve (see Figure 2). It appears that
the noise from motorways gives higher annoyance at the same noise level. The annoyance from motorways
is obtained at an approx. 5 dB lower noise level compared to other roads.

Figure 2 – Relationship between Lden and annoyance score for motorways and other roads from Miedema's
pre-1992 studies [9], compared with the Miedema (EU dose-response curve) [6].
Two researchers who has contributed to the WHO report from 2018 have been contacted [10][11]. They state
that the observation that traffic on local roads causes less annoyance than traffic on motorways at the same
Lden was well known in the early days of questionnaire-based noise studies but was somehow forgotten.
Perhaps the desire for simplicity in communication can explain that the difference has not been elucidated. It
was also mentioned that Miedema has not separated motorway traffic from other traffic in his later work
because in the later and more extended international data sets, he could not find a significant difference for
the two types of road traffic.

4

Danish investigations from motorway M3 and urban roads 2003 to 2009

In connection with the development of noise-reducing road surfaces, the Danish Road Directorate conducted
an annoyance survey in 2007 and 2008 before and after the replacement of old road surfaces with new noisereducing types on two urban roads in Copenhagen [3] [12]. The overall results are based on 2870
respondents. The studies showed that the noise annoyance was reduced and that the dose-response curves
were the same in the situation before and after. In 2003 and 2009 the Danish Road Directorate has also
carried out a study of noise annoyance in connection with the extension of the motorway M3 from four to six
lanes [3] [12]. The before and after situation contain a total of 1350 respondents.
The main results from these two surveys can be seen in Figure 3. The results show that the dose-response
curve for the motorway M3 is significantly higher over 58 dB than the curve from the urban roads. At the
same time it shows that the curve for urban roads is quite similar to the Miedema curve.
It can be seen that:
 At 58 dB, 9.8 % are highly annoyed by motorway M3
 At 58 dB, 8,9 % are highly annoyed by urban roads
 At 58 dB, 7.9 % are highly annoyed according to the Miedema curve (EU reference)
3
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Figure 3 – Logistic regression curves for highly annoyed (average of before and after situation). Motorway
M3 (red curve), Urban roads (green curve) and the Miedema curve (blue).
Danish data from 2003 to 2009 [12].

5

Danish Road Directorate investigations of motorways and urban roads 2014

In 2014 the Danish Road Directorate carried out a large study to investigate the differences in noise
annoyance from motorways and urban roads [13]. Motorways include 6 sections that affect residential areas
in three large cities and affect both urban communities and rural housing throughout Denmark. In total, the 6
sections represent 200 km motorway corresponding to 10 % of the total Danish motorway system. The urban
roads include 7 residential areas with a total of 22 road sections in the three largest cities in Denmark. The
roads in the cities are both urban roads with little traffic, shopping streets and major busy roads. The overall
results are based on 6.761 respondents.
The study must be considered to be very representative of the relation between noise annoyance and noise
levels from the current road types in Denmark. The study showed, that the noise annoyance is highest on
motorways and that the difference increases with increasing noise levels (see Figure 4). The study showed
good agreement with previous studies of urban roads and with the Miedema curve. Throughout the range of
noise levels, from 48 to 75 dB, there is a significant difference between the urban and motorway annoyance
curves:
 At 58 dB, 21.8 % are highly annoyed by motorways
 At 51.8 dB, 10 % are highly annoyed by the motorways
 At 58 dB, 7.5 % are highly annoyed by urban roads
 At 58 dB, 7.9 % are highly annoyed according to the Miedema curve (EU reference)
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Figure 4 – Logistic regression curves for highly annoyed on urban roads (green) and motorways (red) in
Denmark compared to the Miedema curve (blue). Danish data from 2014 [13].

6

The WHO report from 2018

The WHO report “Environmental Noise Guidelines for the European Region” [2] is based on field studies
reported in the period 2000-2014 with a total of 34,112 respondents. The studies come from different regions
of the world. The Danish studies presented in Section 4 and 5 are not included in the large dataset. There is
no division in whether the studies come from urban roads or motorways. It arrives at a total dose-response
curve (black curve in Figure 5) which is the basis for a recommended limit value for road traffic noise at Lden
= 53 dB; the noise level where 10 % are highly annoyed. The Miedema curve can also be seen in Figure 5 as
the red curve.
In the background article for the WHO report's section on noise [14], it appears that the full data set for the
WHO report includes five studies from alpine Wipptal and Inntal valleys in Austria (the black dots in Figure
5) where the noise annoyance is unusually high, as well as a number of Asian studies (the red dots in Figure
5) including a large study from Hong Kong where the noise annoyance is very low. The article states that the
comparability of the alpine studies with studies from more or less flat landscapes as well as the comparability
of studies with and without air-conditioned homes (including in Hong Kong) can be questioned.
Therefore, an additional dose-response curve has been calculated for the WHO data set for road traffic noise
excluding the five alpine studies and the 10 Asian studies (see Figure 6). It does not appear specifically from
the article [14] which studies are excluded in the reduced data set, but when Austrian, Swiss and Asian
studies are omitted, 10 studies with a total of 6,775 respondents are obtained. This is the same number of
respondents as the large Danish study of annoyance from motorways and urban roads (with 6,761
respondents) precented in Section 5.
The dose-response curve for the reduced WHO data set corresponds better to Danish conditions. According
to this curve 10 % are highly annoyed at a level of Lden = 59 dB. In [4] a logistics regression of the same data
has been performed [4]. This results in 10 % being highly annoyed at a level of Lden = 58 dB.
It must thus be concluded that when Asian and Alpine results are removed from the basis on which the WHO
report is based, there is no significant difference between the current Danish limit value for road traffic noise
at Lden = 58 dB and at the value that the background material for the WHO report results in. Incidentally,
both do not differ significantly from the previously used Miedema curve.
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Figure 5 – The overall dose-response curve from the WHO report [2] is shown in black and is based on 25
studies of road noise with a total of 34,112 respondents. The red curve is the Miedema dose-response curve.
Black symbols refer to valley studies in the Alps, red symbols refer to Asian studies, and green symbols refer
to European studies without a valley. The size of the data points corresponds to the number of participants in
the respective study. Figure from [2].

Figure 6 – Quadratic regression curves of the ratio between Lden and the calculated percentage of highly
annoyed for the full WHO data set with 25 studies (black curve) versus 10 European studies (dotted green
curve, same data set but excluding alpine and Asian studies). For comparison the Miedema curve in red is
shown. Figure from [14.
It is worth noting that it is mentioned in the background article [14] that the scientific literature shows signs
that two factors affect the perception of road traffic noise:
6
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Availability of a quiet facade
Motorway versus urban road (supplementary materials, see [14] page 39 with reference to [9].

The response may vary between different studies depending on the proportion of respondents with or without
a quiet façade or the proportion of respondents who live near motorways or urban roads, respectively.
The WHO report is an important tool for creating a political focus on the negative effects of noise, but the
wide spread in data illustrates the importance of basing local limit values on surveys that are as
representative as possible of the current area or country to a greater extent than on the average curve of the
WHO report.

7

Austrian survey 2004-2006

In the article [15] there is a comparison between two Austrian regional studies of traffic noise annoyance in
two alpine valleys Wipptal and Unterintal performed in 2004 to 2006 with the Miedema curve. There is also
an investigation whether there is a difference between annoyance from motorways and other roads. The
studies have a total of 5,273 respondents.

Figure 7 – Dose-response relationships for Wipptal over motorway (left) and main road (right) compared to
the Miedema curve (blue). Vertical lines indicate 95 % confidence intervals. The red circles are the response
of the main roads (right) which are also plotted on the graph of the motorways to the left to facilitate the
comparison of the data points. Figure from [15].
In the Wipptal valley, the annoyance response for both motorways and for main roads is at an approx. 10 dB
lower noise level than for the EU curve (see Figure 7). Meaning that the population here is as annoyed as the
EU reference curve, just at approx. 10 dB lower levels. Incidentally, there is no significant difference
between motorways and main roads.
In the Unterintal valley, the annoyance is generally higher than in the Wipptal valley, and the noise
annoyance is generally higher for main roads than for motorways (see Figure 8). The authors of [15] find it
surprising. They list a number of factors that may be the cause. It is concluded that in complex situations, the
sum of such factors can in some cases lead to greater annoyance from main roads than from motorways, and
that the use of international standard curves to assess environmental impacts can lead to misleading regional
results.
The article recognizes the standardized annoyance curves (like in the WHO report [2]) as a step forward in
implementing an evidence-based policy at national and supranational level. However, they believe that these
general curves are not suitable for small-scale impact assessments, such as at regional level, at community
level or at project level where an environmental health impact assessment is carried out. This is supported by
the large spread seen in the studies that are the background for the standardized WHO dose-response curve
(see Figure 5).
7
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Figure 8 – Noise annoyance in Unterintal. The dotted lines indicate the confidence intervals of the curves.
The data points for main roads (Wipptal) are plotted for comparison (red ellipses). Figure from [15].

8

The SiRENE project from Switzerland 2014-2017

The Swiss SIRENE project was conducted from 2014 to 2017 including a total of 5,364 respondents [16]
exposed to road noise. A major aim was to establish dose-response relationships that are representative of the
average Swiss population affected by transport noise. The study’s led to average dose-response curves (see
Figure 9), which show that 10% are highly annoyed by road noise at a level of Lden = approx. 58 dB.

Figure 9 – Dose-response curves for highly annoyed by road, rail and aircraft noise including 95 %
confidence intervals. Figure from [16].
It has also been a goal to shed light on the extent to which the acoustic indicator “Intermittency Ratio” (IR)
(defined in [16]) which reflects the level of noise events in relation to a background level, influences the
perceived noise.
The results also showed that roads with a low Intermittent Ratio (as 10 %), like motorways with heavy traffic
gave higher annoyance than roads with a high IR (as 90 %), like roads with light traffic and quiet periods
between incidents, roads where the noise consists almost exclusively of single passages with pauses between
the noise events which are typically urban roads with less traffic (see Figure 10). There was a shift of about 7
dB between the dose-response curves for low and high IR values which may indicate that highways are more
annoying than urban roads at the same noise level.
8
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Figure 10 – Modelled percentage highly annoyed of road traffic noise for three different IR values (10 %,
50 %, 90 %). Figure from [16].

9

Conclusions

The WHO report from 2018 is based on a broad collection of noise surveys. If the Asian and Austrian alpine
surveys are omitted, a noise limit of Lden = 58 dB is obtained for 10 % highly annoyed which does not
deviate significantly from the Danish noise limit. The two Danish surveys from 2007-2008 and 2014 which
include urban roads with a total of 6,188 respondents provide results that support the current limit value. The
Swiss study with 5,364 respondents from 2014-2017 shows that 10 % are highly annoyed by a noise level of
Lden = approx. 58 dB and thus also supports the Danish noise limit. The here mentioned results are broadly in
line with the general European annoyance curves (Miedema curves).
A few early studies from before 1992 show that noise from motorways is more annoying than noise from
other roads equivalent to 5 dB or more. The Danish survey of 6,761 respondents from 2014 with
representative Danish motorways shows that the noise from the motorways is more annoying than the noise
from urban roads. The study shows that at 52 dB, 10 % is highly annoyed by motorways, which is 6 dB less
than for urban roads. People living along motorways are significantly more annoyed than the general EU
annoyance curves (Miedema curves). The Swiss study shows that roads with a motorway-like noise
character, i.e. a relatively constant noise without pauses is approx. 7 dB more annoying than roads with
scattered traffic and breaks at the same noise levels. This should be taken into account when determining
guidelines for road noise.
The cost-benefit analyses that are often carried by e.g. new road projects, also includes a pricing of the noise
load of residential areas. The results could raise a consideration as to whether the noise pricing should be
reassessed and increased for motorways.
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Abstract
This paper presents the BRIC INAIL 2019 ID 14 project, and it focuses on the specific actions aiming at
investigating the onset of auditory and extra-auditory effects from exposure to noise in animals and humans.
In working environments, the definition of precautions to prevent risks correlated to noise exposure is
particularly relevant. The work involves the systematic review of scientific literature, taking into account the
consequences of exposure to noise and the damages reported to various apparatus. This is the first part of a
wider study which intends to analyse school environments, the effects of noise on health of teachers and
students and the correlation between acoustic quality and extra-auditory disease. Main results emerging from
the first year of activity are shown.
Keywords: noise exposure, extra-auditory effects, acoustic analysis.

1
1.1

Introduction
The consequences of exposure to noise

Noise is a source of harm to people, and it is defined as a stressful environmental factor. A prolonged or
particularly intense exposure to noise can generate increased blood pressure, vasoconstriction and increased
heart rate. Moreover, it may accelerate and intensify the development of latent mental disorders. Noise
exposure and related annoyance for the population turns out to be a public health problem [1]. According to
the World Health Organisation, noise can cause a range of symptoms such as anxiety, stress, nausea,
headaches and instability. In particular, in occupational and educational environments, noise affects
performance on cognitive tasks.
In humans, prolonged exposure to noise can cause damage both to the hearing, with the onset of perceptual
hearing loss, and to the extra-auditory system, with alterations mainly to the cardiovascular, gastrointestinal
and nervous-psychological systems. Besides the auditory effects that generate hearing loss impairment, the
most common response to chronic noise exposure is annoyance [2] [3] [4] [5], defined as a feeling of
displeasure, disturbance or irritation caused by a specific sound [6]. In general, the disturbance may result
from the interference of noise with normal daily activities and may be accompanied by negative reactions
and stress-related symptoms. Neurobehavioral disorders including anxiety, emotional distress, nausea,
headaches, instability, sexual impotence, mood changes, increased social conflicts, as well as general
disorders such as neurosis, psychosis, hysteria are reported [7].
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The auditory damage is represented by pathologies of the auditory system. On the other hand, the assessment
of non-auditory damage - physiological or psychological damage - deriving from exposure to noise, is more
complex to identify, since the causes of acoustic discomfort could also be linked to different factors and
depend on the subjectivity of sound perception.
Mostly, extra-auditory effects are temporary and removing the cause, the previous state is restored.
The psycho-physiological effects of noise exposure can occur at noise levels of 60 dB, and there is no
possibility of adaptation.
The link between noise and extra-auditory effects is not easy to be determined. For this reason, medical
analysis plays a fundamental role in identifying auditory and extra-auditory damage caused by noise
exposure. The definition of a cause-and-effect relationship is particularly necessary in legal matters.
1.2

BRIC INAIL 2019 ID 14 Project

The research work presented in this paper is part of the BRIC INAIL 2019 ID 14 project. The latter aims at
identifying the types of extra-auditory damage from exposure to noise, with particular attention to school
environments. In the first phase of the project, a cataloguing of the typologies of extra-auditory damages
caused by noise exposure was carried out starting from the evidence in scientific literature. The study lays
the foundations for the acoustic analysis to be carried out in selected work environments, as well as to study
the correlation between acoustic quality and behavioural reactions. Specifically, this part of the study has
reported a review of the scientific literature on noise damage among animal models and humans.

2
2.1

Methods
Literature review of extra-auditory effects from exposure to noise in animals

The review included articles published in the last 10 years, from 2010 to 15 September 2020, on the main
online databases (PubMed, Cochrane Library, Scopus, Embase, Google Scholar). The search strategy used a
combination of keywords, in combination with each other: noise, loud, sound, exposure, environment,
neurobehavioral, psychological, mental, neural. The search string used was “((noise) OR (sound)) OR (sound
level)) OR (loud)) AND ((exposure) OR (environmental) OR (environment)) AND ((neurobehavioral) OR
(behavioral) OR (behavioral) OR (neurobehavioral) OR (psychological) OR (mental) OR (neural))”.
All research fields were considered. In particular, we conducted a research strategy in the databases on the
effects of noise ‘exposure on animals by applying the PICOs statement. The study included all animals, with
no difference in species, habitat or geolocation. The intervention concerned any kind of noise exposure
(pollution caused by humans and not), in any terrestrial environment. The health outcomes considered were
those related to neurobehavioral changes in according to recent studies. In particular, we included short term
and medium-long term effects, such as changes in swimming direction and speed, burrow building, foraging
for food and reproduction, irritability, agitation, anger, changes in neurobehavioral skills. If found, hormone
excretion level or alterations in instrumental diagnostic tests, were included. In addition, we have carried out
a manual search of the selected articles and reviews for a more accurate analysis. Two independent reviewers
read the titles and abstracts of the various reports identified by the search strategy. Reviewers selected
studies based on inclusion and exclusion criteria. Doubts or disagreements were resolved by discussing them
with a third researcher.
Subsequently, the authors independently reviewed the complete texts to decide on final admissibility.
Finally, the authors eliminated duplicate studies and articles without the full texts.
Tabulated data were obtained mainly from published results but also from any other supplementary source,
when available. In particular, the authors selected the date and country of publication, the animal species
examined, and the type of disorders reported. We included studies on the main neurobehavioral
consequences of this exposure, in particular aggression, adaptation systems, nutrition, reproduction and antipredatory behaviours. All types of study designs were included, without linguistic restrictions. Publications
relating only to the human species were excluded; furthermore, we excluded articles not reporting
2
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neurobehavioral alterations, reports of lesser academic relevance, editorial articles, individual contributions
and purely descriptive studies published in scientific conferences, without any quantitative and qualitative
scientific contribution.
2.2

Literature review of extra-auditory effects from exposure to noise in workplaces

The research included articles published in the last 10 years, from 2010 to 15 September 2020, on the major
online databases (PubMed, Cochrane Library, Scopus, Embase, Google Scholar). The search strategy used a
combination of controlled vocabulary and free text terms based on the following keywords: work, job, task,
workplace, noise, loud, sound, occupational, environment, neurobehavioral, psychological, mental, neural.
All research fields were considered. The search string used was the following: (((((noise) OR (sound)) OR
(sound level)) OR (loud)) AND ((((((((workplace) OR (work)) OR (job)) OR (job task)) OR (occupation))
OR (occupational)) OR (environmental)) OR (environment))) AND (((((((neurobehavioral) OR (behavioral))
OR (behavioural)) OR (neurobehavioural)) OR (psychological)) OR (mental)) OR (neural)).
In particular, we conducted a research strategy in the databases on the effects of noise ‘exposure on workers’
health by applying the PICO statement. The studied population was composed of workers, with no difference
in age, gender or type of job. The type of intervention concerned any noise exposure in the workplace. The
considered health outcomes were related to neurobehavioral changes in according to the most recent studies.
We included short term effects and medium-long term effects, such as insomnia, sleep disturbance, fatigue,
impaired concentration and memory, changes in work performance, errors, mood changes with irritability,
anxiety, aggression, depression, annoyance. If found, physiological measures and work-life balance, such as
hormone excretion level or changes in management of social and family life, were included. Additionally,
we practiced a hand search on reference lists of the selected articles and reviews to carry out a wider
analysis. Two independent reviewers read titles and abstracts of the reports identified by the search strategy.
They selected relevant reports according to inclusion and exclusion criteria. Doubts or disagreements were
solved by discussion with a third researcher. Subsequently, they independently screened the corresponding
full text to decide on final eligibility. Finally, the authors eliminated duplicate studies and articles without
full texts. Data was mainly obtained from the published results but also from any other supplementary
sources when these were available. In particular, the authors have selected date and country of publication,
sample size, involved noise ‘source, exposure decibel and kind of reported disorders. In addition, the authors
have highlighted the number of studies included for all reviews and the length of the study, in case of trials
or cohort studies. We included studies on principal neuro-behavioral consequences to this exposure, in
particular annoyance, sleep disorders, short memory, poor concentrations and working performance. All
types of study designs were included, and no linguistic restrictions were applied. We have excluded reports
related only environmental exposure or noise pollution, not specifically conducted in a workplace setting,
publications on programmatic interventions and studies not considering diseases or disturbances linked to
noises; we have excluded reports of less academic significance, editorial articles, individual contributions
and purely descriptive studies published in scientific conferences, without any quantitative and qualitative
inferences.

3
3.1

Results
Evidence of extra-auditory effects on animals from noise exposure

The online search yielded 1119 studies: PubMed (256), Scopus (19), Cochrane Library (648), Embase (132),
and Google Scholar (64). Of these, 1082 studies were excluded because they were deemed unrelated to
alterations associated with noise exposure. Of the remaining, three publications were deleted because the full
text was not available and another three due to exclusion criteria. Finally, 31 studies were included in this
literature review (Figure 1). Of these, 2 were systematic reviews, 12 were narrative reviews, 1 were a meta3
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analysis, and 16 were original articles. Among these original articles, 9 were experimental studies, 2
observational studies, 4 case-control studies, and 1 cohort study (Table 1).
The United States of America is the country where most of the studies were published (8 articles; 25.8%).
Most of the articles were published in 2020 (9 studies; 29%), followed by 2016 (7 articles; 22.5%).
The main neurobehavioral disorders found in the groups of animals examined are alterations in movement or
swimming, with changes in nutrition or anti-predator adaptations (12 articles; 38.7), aggression and overt
anxiety (10 articles; 32.2%) and finally, alteration of autonomic reflexes and memory abilities (5 articles;
16.1%). The main groups of animals examined belong to marine fauna (fish, whales, dolphins, cephalopods)
with 13 articles (41.9%), followed by rats and mice with 8 studies (25.8%), finally other mammals of various
sizes (such as dogs, zebras, elephants) with 6 articles (19.3%).

Figure 1 – Flow-Chart of bibliographic research
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Table 1 – Included studies in this article, in alphabetical order

3.2

Evidence of extra-auditory effects on humans from occupational noise exposure

The online search yielded 4485 studies: PubMed (3056), Scopus (21), Cochrane Library (13), Embase (115),
Google Scholar (1280). Of these, 4434 studies were excluded because they were deemed unrelated to noiserelated problems. Of the remainder, 4 articles were also excluded because they were duplicates. Duplicate
publications were carefully eliminated in order not to introduce bias, by comparing the names of the authors,
the topics addressed, the workers examined, and the results obtained. Another 6 publications were deleted
because the full text was not available. In conclusion, 41 studies were finally included in this analysis (Figure
2). Of these, 4 are literature reviews (2 systematic; 2 narrative) and 37 are original articles. Among the latter,
16 are cross-sectional studies, 2 cohort studies, 5 case-control studies, 2 pilot studies, 1 observational study,
10 experimental studies and 1 mixed (cross / experimental) study (Table 2).
Sweden is the country where most of the studies were published (6/41; 14.6%). Most of the articles were
published in 2018 (9/41; 21.9%), followed by 2019 (6/41; 14.6%). Selected articles examine various
symptoms related to psychological distress and reported by the samples, such as annoyance (11/41; 26.8%),
sleep disturbances (9/41; 21.9%), reduced work / cognitive performance (14/41; 34.1%). Taking into
consideration the tasks examined, it was found that the most frequent analyses concern school staff (10/41;
24.3%), followed by employees from various industrial sectors (9/41; 21.9%) and office workers (6/41;
14.6%).
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Taking into account the widest type of article selected (i.e. the 37 "original articles"), the main disorders
examined include cognitive performance, attention and motivation in the workplace (15/37; 40.5%),
followed by annoyance (4/37; 10.8%), stress (3/37; 8.1%), mood changes with depression and / or aggression
(2/37; 5.4%), sleep disorders (1/37; 2.7%). Finally, 6 articles (6/37; 16.2%) analyse mixed disorders. With
regard to the questionnaires administered to workers, we have identified a wide variability (such as, for
example, the General Health Questionnaire (GHQ), the Patient Health Questionnaire (PHQ), the Copenhagen
Psychosocial Questionnaire (COPSOQ), the Stroop Test (ST), the Reaction Time (RT), the Memory Test and
the Sustained Attention to Response Test (SART)). As for cognitive functions or various logical and memory
skills, most authors agree that their quality decreases with exposure to noisy sources.
Another disorder frequently encountered in the selected articles is annoyance, that is, a feeling of annoyance,
malaise, constant tension. Some authors have sought a correlation between this reported disorder and some
individual or work-related factors, such as individual sensitivity, gender differences or some characteristics
related to workstations. Finally, we have identified other alterations that could be related to occupational
noise, such as states of agitation, tension, nervousness, tendency to develop aggressive behaviors or
addictions. On the other hand, with regard to the professions among the original articles, school staff is the
main category of workers analysed (11/37; 29.7%), followed by various employees (industry, farmers,
manufacturing, etc.) and administrative-employees (7/37; 18.9%), military (4/37; 10.8%) and health workers
(2/37; 5.40%).

Figure 2 – Flow-Chart of bibliographic research
Table 2 – Included studies in this article, in alphabetical order.
First Author Year Country
Abbasi

2015

Iran

Alimohamm
2019
adi

Iran

Study
pilot
study
case
control

Categories Workers
wind farmers
automotive workers

Diseases
general health, sleep disorders,
annoyance
cognitive performance,
annoyance
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Alimohamm
2018
adi
Alimohamm
2010
adi
Azuma

2017

Burns

2019

Cheng

2019

Clausen

2013

Deng

2019

Di Blasio

2019

EyselGosepath

2012

Fredriksson 2015
Fredriksson 2019
Freiberg

2018

Habibi

2013

Horsten

2018

Hua

cross
sectional
cross
Iran
sectional
cross
Japan
sectional
cross
Usa
sectional
case
China
control
cohort
Denmark
study
cross
China
sectional
cross
Italy
sectional
cross
Germany
sectional
cross
Sweden
sectional
cohort
Sweden
study
systematic
Germany
review
Iran

Iran

experime
ntal study

Netherlan systematic
d
review
case
2014 Sweden
control

automotive workers

aggressive behavior

white collar employees

annoyance

office workers

psychological distress

electronic waste workers

perceived stress

military

working memory performance

office workers

long term sickness absence

not specified

depression

office workers
teachers

annoyance, mental health, well
being
annoyance, sleep disorders,
fatigue

obstetrics

annoyance, work-related stress

teachers

work-related stress

wind industries

annoyance, sleep disorders

university personnel

speed of work, annoyance

healthcare workers

sleep disorders

employees

cognitive skills

IrgensHansen

2015

Norway

experime
ntal study

navy personnel

cognitive performance

Jahncke

2011

Sweden

experime
ntal study

open plan offices

cognitive performance

Keller

2017

Usa

experime
ntal study

military

cognitive performance

Keller

2018

healthcare workers

cognitive performance

office work, sales, manufacturing

smoking intensity

teachers

mental health, fatigue

industrial workers

sleep disorders, cognitive
performance

manufacturing workers

job performance

manual/administrative workers

aggressiveness

experime
ntal study

aircraft personnel

recognition memory, working
memory, reaction time

pilot
study

students/fast food employees

working memory performance

Switzerla observatio
nd
nal study

cross
sectional
cross
Kristiansen 2014 Denmark
sectional
Mahendra
narrative
2011
India
Prashanth
review
Zimbabw cross
Mapuranga 2020
e
sectional
case
Milenovic 2018
Serbia
control
Kim

2016

Korea

Molesworth 2015 Australia
Monteiro

2018 Portugal
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Nari
Oenning
Onchang

cross
sectional
cross
2018
Brazil
sectional
case
2018 Thailand
control
2020

Realyvásque
2016
z

Korea

employees

sleep disorders

various (public, private, domestic,
farmworkers, technicians, manager)

depressive disorders

university personnel

annoyance

manufacturing workers

working performance, job
satisfaction, aggressivity

office workers

cognitive performance,
annoyance

preschool personnel

work-related stress, sleep
disorders

Netherlan experime
d
ntal study

university personnel

work motivation

Spain

experime
ntal study

cross/expe
Schlittmeier 2013 Germany rimental
study
cross
Sjodin
2012 Sweden
sectional
Sloof

2010

Smith

2010

Uk

experime
ntal study

university personnel

working memory performance

Tomic

2018

Sweden

experime
ntal study

not specified

working memory performance

Usa

case
control

university personnel

attention

Uk

experime
ntal study

university personnel

cognitive performance,
psychological disorders

white, pink, blue collars

depressive disorders, suicidal
ideation, annoyance

manufacturing workers

annoyance, sleep disorders

Wassermann 2013
Wright

2016

Yoon

2014

Yuen

cross
sectional
narrative
2014 Malaysia
review
Korea

3.3 Future outlook
Starting from the bibliographical research, which showed different typologies of auditory and extra-auditory
effects due to noise exposure, the Project carries out acoustic analyses of schools, which are peculiar work
environments. The aim is to study the correlation between acoustic quality of schools, in terms of insulation
from noise produced outside the classrooms and acoustic comfort derived by room acoustics and building
acoustics design, and the extra-auditory effects on students and teachers. The activities planned in the
following phase consist in the selection of an adequate number of case studies to carry out analyses in. It is
therefore planned also to assess the acoustic climate of the school environments and to define the strategies
and solutions for the control of noise and the creation of working environments with a low risk of extraauditory damage. At the same time, some global comfort design rules will be applied for making more
comfortable the classrooms and other noisy areas in the school buildings. Specific guidelines for acoustic
design and noise mitigation will be developed.
Another further activity of the project could be the definition, in the frame of the guidelines, of some rules
and procedures for quantification of damage done and attribution of responsibilities where and when an
extra-auditory effect of noise exposure is identified and associated with a cause-effect relationship to a
workplace or work activity.
This aspect is particularly important, given the scarcity of references based on forensic evidence and
judgments of the labour courts.
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4

Discussion and Conclusions

The study shows that prolonged exposure to noise can cause damage both to the hearing system - with the
onset of perceptual hearing loss - and to other extra-auditory systems - mainly affecting the cardiovascular,
gastrointestinal, and nervous-psychological systems -.
Although the correlation between extra-auditory damage and exposure to noise is widely supported by
scientific literature, it has been observed that it is difficult to determine the causes of extra-auditory effects
from noise exposure not considering other influencing factors.
In the frame of the BRIC INAIL 2019 ID 14 project, the identification of the typologies of extra-auditory
damages caused by exposure to noise is the starting point for the development of the next objectives of the
Project.
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Abstract
Mental restoration after a stressful situation or a demanding activity is important for health and well-being.
This restoration can be found in a variety of ways and is rather personal. Research has already shown that
experiencing nature is a factor that promotes mental restoration in most persons. However, quantifying
this effect of the (sound) environment is challenging. This work explored the use of virtual reality (VR) to
faithfully reproduce the landscape and soundscape of environments that are perceived as either restorative
or non-restorative. Biomarkers related to stress were measured by means of electroencephalography (EEG),
functional near-infrared spectroscopy (fNIRS) and galvanic skin response (GSR). In a second phase, the setup
was moved outside the lab to capture the effect of real nature. Skin conductance results show that there is
an overall positive effect of restorative environments on mental restoration. The cognitive effect on the other
hand was not significant in the lab experiment, but was much stronger in real nature. Several explanations and
improvements are offered to overcome this ambiguity.
Keywords: EEG, fNIRS, Galvanic Skin Response, Virtual Reality, Mental Restoration.

1

Introduction

Mental distress during the COVID-19 pandemic dramatically increased the rates of mental illness and
substance use that existed prior to the current crisis. Nowadays, nearly one billion people suffer from a
stress related disorder, including depression and anxiety [1]. In order to keep stress at bay and enhance the
quality and longevity of life, it is vital to relieve stress easy and effectively. Current treatment methods are
usually focused on coping strategies and counselling, as health physiology generally disregards the effect
of the physical environment. Nevertheless, there is increasing evidence which suggests that the exposure to
natural environments is beneficial for mental health and well-being. Restoration can be defined as the process
of recovery from a depleted psychological, physiological or social resource [2]. It is key in stress relief,
and associated with the restorative qualities of surroundings. There are currently two theories that dominate
literature on restorative environments, being the attention restoration theory (ART) and the stress recovery
theory (SRT). ART focuses on attention fatigue, and assumes that attention is needed to overcome the effects
of constant stimulation in urban environments [3]. SRT, on the contrary, proposes a psycho-evolutionary
framework where the restorative response to nature is an ancient evolved adaptive threat [4]. Both theories
highlight the importance of natural environments in reducing stress and improving overall cognition and
physiological health. This research hypothesizes that mental restoration happens more quickly and thoroughly
in restorative environments in comparison to non-restorative settings. The aim of this work is to provide a
bio-monitoring tool which facilitates quantifying the effect of sound –and landscape on mental restoration, and
can be used to compare environments, based on their restorative or non-restorative qualities. If successful, this
tool can aid research on the link between surroundings and mental health, and eventually be used to optimize
healthy city design, especially in highly urbanized areas.
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2

Experimental design background

2.1. Stress induction
In order to conduct a research study on mental restoration, it is necessary to induce a state of mental stress in
the desired subject, at the right moment of time. This stress induction needs to be enough to provoke a stress
response and observe the intended effects, while still adhering to ethical standards. Traditional protocols to
induce moderate stress levels include the Cold Pressor test, which involves the immersion of the non-dominant
hand in an ice-cold water bath [5], and the Trier Social Stress test, where participants need to take over the role
of a job applicant [6]. Other methods to activate the stress response are based on the execution of specific tasks,
such as the Stroop Color Word test (SCWT). During this individual test, a color word is presented on a screen
and the participant needs to identify the font color of that word. A new color word will appear every second,
so a quick response is required [7]. Another stress inducing test is the Hamilton Letter Transformation test
(HLTT). The participant is presented with 1 to 4 letters and a number, for example, ‘A T K +2’. The goal is to
transform the given letters by moving a given distance upwards through the alphabet [8]. Hence, the answer to
this specific example is ‘C V M’. Technology is emerging at a fast pace, which opens possibilities to increase
the interactivity and realism in research settings. Several studies confirm the potential of virtual reality (VR) [9],
and augmented reality [10] in stress inducing protocols. Also, the use of video games is explored [11].
2.2. Selection of environments
To develop a bio-monitoring tool for assessing mental restoration, it is needed to select several environments
that will be perceived as either restorative or non-restorative. Because the difference is not black and white,
it is vital to carefully select the stimuli, and take into account the broader context and associative factors.
SRT claims that restoration is intimately tied to underlying human needs and is expected to be greater for
locations that promote thriving and effective functioning, crucial for survival [4]. Hence, to be restorative, an
environment needs to feel familiar and coherent in order to avoid confusion and discomfort [3]. According to
the ART, additional conditions are the sense of being away, compatibility and extent [12].
2.3. Stress assessment
Stress, and in like manner mental restoration, can be monitored objectively, as well as subjectively. As the stress
response is characterized by a homeostatic imbalance, it can be assessed by measuring biochemical markers
such as brain oxygenation by means of fNIRS. Another possibility is to check physiological changes, as the
stress response will influence the galvanic skin conductivity and neural activity. The former can be obtained
with the use of a GSR sensor, while the latter can be measured by means of EEG. Psychological alterations, like
an increase in irritability, frustration or helplessness, are often evaluated by self-report questionnaires and mood
charts. Despite accurate and reliable measurement techniques, it remains challenging to assess stress levels, as
stress is a highly individualistic experience, and is perceived and coped with differently among people [13].

3

Materials and methods

Potential biomarkers for mental restoration, including alpha and beta band power, brain oxygenation and
galvanic skin conductivity, were validated by exposing participants to a challenging cognitive task and
comparing the response during a successive relaxation period in which participants were embedded in distinct
environments. In a laboratory phase, landscapes and soundscapes of environments with mainly restorative
and non-restorative features were faithfully reproduced using VR technology. In a second phase, as a proof of
concept, part of the setup was moved to real-world natural and urban surroundings to explore their restorative
potential.
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3.1. Participants
A total of 26 healthy subjects (17 female, 9 male, mean age 27 ± 13 years) were recruited to perform the
laboratory experiments. Based on their responsiveness to stress induction, their willingness to participate a
second time and the distance of commute to the experimental locations in the midst of COVID restrictions,
6 participants (5 female, 1 male, mean age 31 ± 15 years) were re-invited for the real-world experiment.
Participants had a minimum age of 18 years old and had self-reported general good health, normal hearing
and normal or corrected to normal vision. Written informed consent was obtained from all of them prior to
participation. The study was approved by the ethics committee of the faculty of arts and philosophy of Ghent
university. As economic compensation for their participation, all subjects received a gift voucher worth €10.
No additional compensation was provided for participation in the real-world experiment.
3.2. Experimental protocol
The experimental task was designed to monitor the effect of the environment on mental restoration. The task
comprised four successive blocks, each divided into three main parts: a stress induction phase of 4 min, a
restoration phase of 9 min 30 s, and a mood chart (Figure 1). The stress induction phase was based on a
combination of the Stroop and the Hamilton test. Tests were alternated as in order to abate habituation. To
further induce stress levels, a challenging time limit was added. During the restoration phase, the participants
were allowed to relax while watching fragments of deliberately selected environments. Objective quantification
of the cognitive restoration process was achieved by including four standard arithmetic tasks of 30 s, as
analyzing the measurements during these tasks reduces the environmental bias.
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Figure 1: a) Block design of the experimental task performed in the laboratory. b) Block design of the experimental task
performed in different real-life natural and urban environments.

To allow the comparison of mental restoration in different settings, two blocks contained fragments of a
restorative environment, while the two remaining blocks included the non-restorative fragments. The order
of blocks was counterbalanced across participants. Mood charts were included at the end of each block.
Participants got 20 s to describe their mood by choosing three out of six given emoji’s, starting with the most
appropriate one. Additionally, participants were asked to fill in a final questionnaire about their perception of
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the presented environments. As the immersion of an individual with the environment is an incredibly important
component of the interaction in terms of mental restoration, the experimental task was shown through VR. To
improve the VR experience, participants were seated on a comfortable office chair, allowing a 360◦ rotation.
Simultaneous frontal and occipital EEG, frontal fNIRS and GSR recordings were performed. The whole setup
was located in a dark and sound-attenuated room.
The proof-of-concept experiments were performed on a smaller scale with the main purpose of verifying
whether the bio-monitoring tool has practical potential in real-world environments. In order to assure a viable
comparison of the results obtained in the laboratory and those collected in the real-world surroundings, the
design of the experimental task remained as unchanged as possible. Participants were transported to three or
four different locations, where they performed the previously described stress induction part in VR. During
the restoration phase, the headset was carefully taken off, and they were allowed to look at the real-world
surroundings during the next 9 min 30 s. Again, a mood chart was included at the end of each restoration phase.
During the proof-of-concept experiments, brain oxygenation and galvanic skin conductance were measured by
means of a portable fNIRS device and a GSR sensor. The used EEG equipment was not suitable for mobile
recordings, thus EEG measurements were omitted.
3.3. Equipments and data recording
Nine-channel EEG data were recorded using an ActiveTwo amplifier (BioSemi, 2048 Hz sampling rate) and
ActiView recording software. The nine active electrodes were located, according to 10−20 electrode placement,
at seven frontal (FP1, FP2, Fz, F3, F4, F7, F8) and two occipital (O1, O2) electrodes. The reference electrodes
EXG1 and EXG2 were positioned on the left and right earlobe. To ensure equivalent placement of the EEG
cap, the vertex electrode position on the cap (Cz) was placed at 50% of the distance between inion and nasion
and between left and right ear lobes. A low impedance and highly conductive electrode gel (SignaGel, Parker
laboratories Inc) was applied to keep all electrode impedances below 30kω. To measure the raw fNIRS data, a
NIRSport 2 device (NIRx, 10.17 Hz sampling rate) and the Aurora 2020.7 acquisition software were used. The
system employs two wavelengths, 760 nm for HbR and 850 nm for HbO2 . According to the 10 − 20 system,
eight sources (FPz, AF3, AF4, AFz, F1, F2, F5, F6) and eight detectors (AFP1, AFp2, AF7, AF8, AFF1h,
AFF2h, AFF5h, AFF6h) were positioned on the prefrontal cortex. Sources and detectors were integrated
together with the EEG electrodes in one single NIRx cap. Together they formed 21 source-detector pairs
or channels (Figure 2).

a)

c)

b)

Figure 2: a) GSR sensor connected to ring –and index finger. b) Combined EEG and fNIRS electrode placement. c)
Combined setup with EEG and fNIRS integrated in a single cap and adjusted VR glasses.

Skin conductivity was measured with a GSR logger sensor (NeuLog NUL-217, 2 Hz sampling rate), connected
to the ring –and index finger. The experimental task was presented using an Oculus Go VR headset. The
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goggles were slightly adapted to accommodate all electrodes without unnecessary pressure. Four fragments
(two restorative, two non-restorative) were selected from the Urban Soundscapes of the World database [14].
More details can be found in Table 1. Previews are available through the database website [14]. Four real-life
locations were selected for the second experiment. Their characteristics are summarized in Table 2.
Table 1: Overview and description of the VR fragments used during the laboratory experiments. Fragment codes are
consistent with numbering in the Urban Soundscapes of the World database [14]
Fragment

Location

Setting

R0025

Tianjin (CH), Xinkai Lake (NKU Campus)

Restorative

R0126

Vilnius (LT), Uzupis Art Incubator

Restorative

R0042

Hong Kong, Nelson Street

Non-restorative

R0047

Hong Kong, Peking Road

Non-restorative

Auditory and visual features
Serene lake, few buildings, rustling
leaves
Picturesque village at riverbank, open-air
art gallery, running water, rustling leaves,
some hikers
Crowded noisy street, passing traffic,
honking cars, talking people, flashing
traffic lights
Crowded noisy street, passing traffic,
honking cars, talking people, flashing
traffic lights

Table 2: Overview and description of the selected locations during the real-life experiments.
Fragment description (visual features)

Setting

Panoramic view of rural surroundings

Predominantly restorative

Peaceful garden scene between trees and
hedge, next to exterior house wall.

Predominantly restorative

Parking lot next to busy roundabout
Secondary street across construction site

Predominantly non-restorative
Predominantly non-restorative

Auditory features
Sound of the wind, rustling leaves,
chirping birds
Sound of the wind, rustling leaves,
chirping birds
Busy traffic noise
Driving cars, jackhammer, construction,
cars honking

3.4. Data preprocessing and analysis
Raw EEG and fNIRS data were pre-processed in MATLAB (version R2019b), using the EEGLAB [15] and
NIRS Brain AnalyzIR [16] toolbox. For the pre-processed EEG signals, the average frontal and occipital
alpha and beta powers for each arithmetic task were computed over the interval [5 s, 15 s] after task onset.
Furthermore, z-scores were calculated to account for individual differences in alpha and beta activity. The
same time window was applied for computing the mean normalized HbO2 concentration change in channel
19 for each arithmetic task. Moreover, the mean skin conductivity was calculated over the total duration of
the arithmetic tasks. Next, mental restoration was quantified by computing the changes in biomarker signals
between successive arithmetic tasks within the same environmental blocks. Additionally, the total mental
restoration within each block was assessed by calculating the difference between the first and the last task
within that block. Moreover, mood chart data was analyzed by computing the weighted score of the moods for
each environmental analysis block. Statistical analyses, including pairwise t-tests with Bonferroni correction,
were done in R (version 4.0.4). Additionally, the potential of the measured features to be used as biomarkers in
a bio-monitoring tool was explored through a generalization of multiple linear regression and receiver operating
characteristic (ROC) curve analysis.

5

161

4

Results

4.1. Laboratory experiments
From the pool of 26 participants, some were removed from the analysis due to suffering motion sickness caused
by the VR application, poor responsiveness to the stress inducing part, technical issues, or noise contaminated
signals.
EEG—For the combined sample of 17 participants there was not a statistically significant (p > 0.1) difference
of z-scored alpha and beta band power between successive arithmetic tasks, for both the restorative and the
non-restorative blocks. It was quite remarkable that the distributions of the frontal alpha power, the occipital
alpha power, and the frontal beta power portrayed a similar trend: an increase in the first half of the restoration
phase, followed by a decrease towards the end. Furthermore, the total mental restoration in the restorative and
non-restorative blocks did not significantly differ.
fNIRS—Statistical analyses performed on the data of 21 participants revealed an increasing trend of averaged
normalized change in HbO2 concentration between successive tasks of the restorative and non-restorative
blocks. Moreover, the total mental restoration in the restorative blocks was higher compared to the nonrestorative ones. Notwithstanding, differences were not statistically significant.
GSR—The skin conductivity of the 22 analyzed participants showed a decreasing trend in both the restorative
and the non-restorative restoration phases. Furthermore, the total decline over the entire restoration phase was
higher in the restorative blocks. Nonetheless, no statistical significance was observed.
Mood chart—Results showed that the 22 included participants were significantly more frustrated (p = 0.022),
less happy (p = 0.0017), and more stressed (p = 0.038) at the end of a non-restorative block compared to the
end of a restorative block. Even though not significant, the average participant reported a slight increase in
boredom, and a decrease in confidence and excitement at the end of the non-restorative blocks.
GLMM—Generalized linear mixed-effects models (GLMMs) were designed based on the computed total
mental restoration datasets and included a personal random factor. The ROC curves of the different models
are plotted in Figure 3 and the respective areas under the curve (AUC) are listed in the first row of Table 3. The
subjective model based on the mood chart data performed better than the objective models in terms of the area
under the ROC curve. Moreover, the objective models had a rather poor performance.
4.2. Real-life experiments (proof of concept)
The statistical analyses discussed in this section were performed on the data of 6 participants. Half of the
performed experimental tasks were executed in an environment with predominantly non-restorative elements,
while the other 10 trials were performed in a restorative environment. Due to technical issues, the fNIRS and
GSR data of one experiment were omitted.
fNIRS—No statistical difference was observed when computing the pairwise comparisons between successive
tasks of the non-restorative, as well as the restorative locations. Nevertheless, the total mental restoration
was significantly (p = 0.017) higher in the restorative environments, with an increase in normalized HbO2
concentration change of 2.61 ± 1.53 between the first and the last task, compared to a decrease of 0.534 ± 1.61
in the non-restorative settings.
GSR—No statistical significant difference was found between the skin conductance in successive tasks.
However, the difference between the total mental restoration in the restorative and non-restorative environments
was significant (p = 0.1). The total decrease in skin conductance in the restorative environments was
423 ± 475 nS . For the non-restorative surroundings, the skin conductance increased with 117 ± 347 nS between
the first and last task.
Mood chart— At the end of the experimental tasks executed in the restorative locations, participants were
statistically more confident (p = 0.027) and less stressed (p = 0.0021) compared to the tasks performed in
non-restorative environments. Despite the lack of statistical significance, participants felt more bored and
happier, and less excited and frustrated in the restorative environments.
GLMM—The ROC curves of the different models are plotted in Figure 3 and the respective areas under the
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curve (AUC) are listed in the second row of Table 3. All GLMMs were designed with the computed average of
the three restorative conditions and the average of the three non-restorative conditions. In terms of predictive
ability, the GLMMs with the fNIRS data included clearly outperformed the subjective model with the three
emoji’s. Moreover, all models had a relatively good fit, compared to the laboratory GLMMs.
ROC curve of total mental restoration in real-life experiment

ROC curve of total mental restoration in laboratory experiment

True positive rate

True positive rate
False positive rate

False positive rate

Figure 3: ROC curve visually comparing the models based on the fNIRS, GSR, EEG, and mood chart data computed to
assess the total mental restoration in the restorative and non-restorative environments for the laboratory (left) and
real-life (right) experiments.

Table 3: The AUC results using different models for the laboratory and real-world experiments. AUCs near to 1 denote
the good models of separability between restorative and non-restorative environments.
Experiment type
Laboratory
Real-world

5

EEG
0.6218
-

fNIRS
0.4696
0.8271

GSR
0.5885
0.7037

fNIRS+GSR
0.9259

Mood chart
0.8549
0.7716

Discussion

EEG results are questionable, as literature reports that frontal beta power is usually negatively correlated with
frontal alpha power when studying the stress response [17], which was not observed in this study. A possible
explanation could be the very low signal-to-noise ratio due to movement artifacts.
The fNIRS and GSR measurements, on the other hand, showed results confirming the hypothesis that mental
restoration happens faster and more thoroughly in restorative environments compared to non-restorative ones.
Conforming to literature, an increase in normalized HbO2 concentration change is positively correlated
with increased mental restoration [17]. Furthermore, previous studies confirmed that a decrease in skin
conductance is associated with a reduction in mental stress [18, 19]. Nevertheless, differences in the laboratory
measurements of the objective biomarkers are not as clear as expected. As changes are more prominent in
the proof-of-concept experiments, it is demonstrated that human behavior still differs between simulated and
real-world environments. Real-life stressors are suspected to be much more intense than their virtual replicates.
An additional element in favor of this assumption is social stress. In real-world settings, the presence of other
people possibly increases stress levels in the participants, as they feel a little ashamed with the EEG, fNIRS
and VR equipments on their head.
Moreover, it is important to be aware that the self-reported answers may be affected by a bias, induced from
the participants’ individual perceptions and social desirability. Laboratory findings of the mood chart analysis
demonstrated that positive feelings were more present at the end of the restorative blocks. The non-restorative
blocks were characterized by an increase in negative feelings. The results of the mood charts obtained during
the proof-of-concept experiments had the increase in frustration and stress in the non-restorative environments
in common with the laboratory experiments, but were also characterized by a higher level of excitement
compared to the moods mentioned in the restorative surroundings. The restorative environments were more
7
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associated with boredom, confidence, and happiness. Some previous studies reported the correlation of stress
and negative mood, but did not distinguish between specific moods [20, 21]. According to Kaplan’s ART
hard fascination is more likely to reduce boredom [12]. This can explain the increase in boredom in the real
natural environments, and again confirms that the effect of the environments is more pronounced in real-world
environments. When using the subjective models as a benchmark for the evaluation of the objective models, it
is clear that the objective models from the laboratory experiments fail to accurately predict the character of the
environment. The combination of GSR and fNIRS, on the other hand, is very promising as a bio-monitoring
tool, and proves that the effect of the environment on mental restoration can be objectively assessed. Beyond
any doubt, caution needs to be taken in generalizing the results from the small sample of subjects as few
studies report that the stress response can be influenced by social characteristics including gender, age, income,
ethnicity, and adverse childhood [22].
Results obtained from this study highlight that galvanic skin conductivity and brain oxygenation are suitable
biomarkers for assessing the effect of environments on mental restoration. Future research should explore
the predictive capability of EEG measurements in more detail. One of the most prominent improvements
that can be considered is the use of more efficient and robust methods in both the preprocessing and analysis
of EEG data. An experimental protocol that minimizes external and internal cerebral noise can be another
improvement. Moreover, it is recommended to instruct the participants to limit head movements as much as
possible during the arithmetic tasks. The use of portable EEG devices in outdoor settings may also be helpful
in gaining more knowledge. Several commercial options already exist, but special care should always be
taken to avoid extensive movement artifacts during analysis. Additionally, more research is needed to study
the influence of social characteristics such as gender, age, income, ethnicity, and adverse childhood on the
stress response. Some suggestions to improve the experimental protocol include the use of a VR headset with
a higher resolution, compared to the basic version used in this research. Special attention should be paid
to the selection of the virtual environments, and new ways should be explored to match these high-quality
recordings with real-world settings. Future studies should also aim at focusing on the comparison of the
different environments, instead of only labelling them as restorative or non-restorative.

6

Conclusion

The laboratory results of the z-scored alpha and beta band powers are contradicting, and not in line with
studies supporting the detection of mental stress using EEG signals [17]. This is probably due to the low
signal-to-noise ratio, mainly caused by movement artifacts. The physiological fNIRS and GSR measurements,
on the other hand, prove that mental restoration can be objectively assessed. The obtained results confirm the
hypothesis that mental restoration happens faster and more thoroughly in restorative environments compared to
non-restorative settings. Even though differences are not statistically significant in the laboratory experiments,
the effects of the surrounding on mental restoration are clearly visible during the proof-of-concept experiments.
Measurements in real-world natural settings are characterized by substantially higher increases in HbO2
concentration change compared to the urban surroundings. Furthermore, higher declines in galvanic skin
conductivity are observed. ROC curve estimation reveals that a bio-monitoring tool based on the combination
of fNIRS and GSR measurements is the most promising. Including simple subjective measures such as
mood charts can be helpful to further increase the performance of the tool. Although VR experiments have
tremendous potential, the results of this research demonstrate that human behavior still differs between
simulated and real-world environments. Experimental findings suggest that real-world stimuli are much more
intense than their virtual replicates. Hence, new ways need to be explored in order to improve the matching
of virtual environments with real-world settings. This work also highlights the importance of portable
measurement devices and employing the efficient and robust analyses for the EEG and fNIRS data in order to
conduct field experiments.
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Abstract
This study analysed the relationships between environmental noise and atherothrombotic risk (AtR). Patients
were identified from the Côte d’Or infarction observatory. From 2004 to 2008, 867 consecutive myocardial
infarction (MI) patients were included. The AtR was quantified by the TRS- 2P score. Environmental models
were used for quantifying residential noise exposure. Odds ratios (OR) were expressed for a 10-dB(A)
increase. The mean age was 68 y, 66% were male. Main CV factors were smoking, hypertension and
hypercholesterolemia. The OR of road-related noise and railway-related noise were 1.16 (1.02-1.32) and
1.03 (1.00-1.06), respectively. When stratified on sex, OR related to transportation LAeq,24h and LAeq,night were
1.24 (1.04-1.47) and 1.26 (1.08-1.47) for men and 1.01 (0.80-1.30) and 0.96 (0.76-1.20) for women,
respectively. If confirmed, the identification only in men of an association between the environmental noise
and the AtR could have major consequences in terms of public health.
Keywords: acute myocardal infarct, environmental noise, atherothrombotic risk, sex, hypertension.
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1

Introduction

The World Health Organization (WHO) has estimated that exposure to noise in Western Europe is
responsible for a million years of healthy life lost [1]. Recent epidemiological studies suggest that noise
exposure may be associated with an increase in cardiovascular disease including myocardial infarction (MI)
[2]. In 2018, a meta-analysis commissioned by the WHO concluded that, above 50 dB, road traffic noise
increased the incidence of coronary heart disease by 8% per 10 dB (A) (LDEN) [3]. However, only a few
studies have investigated the specific weight of exposure to ambient noise on atherothrombotic risk. In
addition, the question of whether home noise exposure might influence the risk of cardiovascular events after
MI remains unclear. The aim of this study is to analyse the relationships between environmental noise and
atherothrombotic risk (AtR) and to assess a possible difference between men and women in this relationship.

2

Method

Study population
Patients having presented a MI between January 2004 and December 2008 were identified from the Côte
d’Or infarction observatory (RICO). Only patients living in the Dijon urban unit (France, Burgundy, 237,000
inhabitants in 2006) at the time of their MI were included in this study.
Medical data
Demographical, clinical and biological data were collected by the RICO in the medical records, including
risk factors, comorbidities, chronic medications, heart failure (HF) and hemodynamic parameters. The
Thrombolysis in Myocardial Infarction Risk Score for Secondary Prevention (TRS-2P) was calculated to
quantify atherothrombotic risk [4], in order to assess long-term risk after recent acute MI [5,6]. TRS-2P is the
arithmetic sum of 9 parameters associated with atherothrombotic risk: age ≥75 years, diabetes mellitus,
hypertension, current smoking, peripheral artery disease (PAD), prior stroke, prior coronary artery bypass
grafting (CABG), history of HF, and renal failure (estimated glomerular filtration rate <60 mL.min−1). Four
atherothrombotic risk classes were defined: low-risk (TRS-2P = 0/1), medium-low-risk (TRS-2P = 2),
medium-high-risk (TRS-2P = 3) and high-risk (TRS-2P ≥ 4).
Environmental noise exposure
Outdoor noise levels were calculated in accordance with the European directive 2002/49/EC [7] using the
environmental noise prediction Mithra-SIG software (version 3.7, https://www.geomod.fr/fr/geomatiquemodelisation-3d/mithrasig/)[8]. Noise levels were calculated in front of the residential building of each
patient (average noise level in front of each façade and floor), using the address at the time of the MI.
Three noises sources were considered: rail traffic, road traffic, and pedestrian streets. Equivalent continuous
A-weighted sound levels were calculated considering two time periods: daily equivalent A-weighted noise
level (LAeq,24h) and night equivalent A-weighted noise level (LAeq,night) from 22:00 to 6:00.

Socio-economic level
The neighbourhood socio-economic level was estimated at the IRIS scale (geographical scale of the French
sub-municipal census block groups defined by the National Institute of Statistic and Economics Studies
(INSEE)) using the deprivation index developed by Lalloué et al. [9,10]. The index was discretized into 3
classes: advantaged, mixed and disadvantaged IRIS.
Statistical analyses
Ordinal regressions with adjacent category models with constant coefficients were used to assess the
relationship between atherothrombotic risk and noise levels. The odds ratios associated with noise exposure
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were expressed for an increase of 10 dB (A). Statistical analysis was performed using R version 4.0.2
statistical software [11].

3

Results

Of the 1350 eligible patients, 879 patients were included in the study. The majority of patients (n = 567,
64.5%) were men. Main CV factors were smoking, hypertension and hypercholesterolemia. In the
univariable analysis, the acoustical indices were positively associated with atherothrombotic risk. The OR of
road-related noise and railway-related noise were 1.16 (1.02-1.32) and 1.03 (1.00-1.06), respectively. The
association was only slightly changed after adjustment.
When stratified on sex, the association remained significant in men, but was no longer found in women. The
OR related to transportation L24h and Ln were 1.24 (1.04-1.47) and 1.26 (1.08-1.47) for men and 1.01 (0.801.30) and 0.96 (0.76-1.20) for women, respectively.

4

Conclusions

Our results suggest for the first time an association between exposure to transport noise and atherothrombotic
risk, and support the hypothesis of a specific sensitivity of men to the CV effects of chronic environmental
noise exposure. Further studies, conducted on a prospective population basis, are therefore necessary to
better understand this interaction of gender on the CV effects of environmental noise on health, and to adapt,
if necessary, the prevention messages.
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Abstract
It is well known that schools are subjected to several external and internal noise sources and how these can
influence the acoustical perception within the school environments. This study aims at investigating
students’ and teachers’ exposure to noise during school hours.
This research is carried out within the “BRIC 19 - ID14” Project, supported by the Italian National Institute
for Insurance against Accidents at Work (INAIL), which concerns the analysis of the noise extra-auditory
effects on health.
An investigation methodology in order to classify the different scenarios and choose the measurements to be
carried out in the school environments was defined. Nine schools were selected as representative sample for
the study. Regarding the correlation between acoustical analyses and psychoacoustic parameters, a
measurement campaign was performed and different questionnaires were submitted to students and teachers.
The first results of the Project are shown in the paper.
Keywords: noise exposure, school environments, acoustical analyses, subjective assessment.

1

Introduction

During the last decades, we have seen ever more awareness of environmental problems and their challenges.
Environment Sustainability is a vast problem: it concerns many different scientific-field-related problems as
well as no-scientific ones and only a multidisciplinary approach can raise the challenge to solve them. One of
the less evident problems concerns sound. Sound is a physical entity that surrounds our daily life since our
birth, and it can be limited but never completely cancelled. Human activities generate sounds that
oftenbecome noise. Noise pollution deeply affects the animals’ life in different ways; according to the
occupational safety and health limits, it can cause hearing loss if daily noise exposition overflows 85 dB; it
1
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can affect vital parameters like heart bit or breath frequency: it can cause perception’s disorders due to
masking effects or even lead to change survival activities like migrations. Humans are part of the animal
kingdom, and we are not immune from noise pollution’s effects.
Furthermore, W.H.O. published in 2018 general guidelines to observe and summarize the problem [1] and
stated that anthropic noise pollution is the second most dangerous cause of health problems [2]. Auditory
problems related to lengthy noise exposition’s physical damages at the auditory system for human beings and
extra-auditory problems linked to psychosomatic issues have been categorized. This last aspect is
represented by annoyance [3], defined as the physiological and psychological irritation caused by a specific
sound. It appears during chronical noise exposition [4,5], and it can interfere daily life activities as the
coping skill, a quality that allowed humans to adapt to any external signal [6]. Like for the other animals,
annoyance causes a wide variety of problems like behavioural disorders for human beings (anxiety, stress,
headache, impotence), even neurological disease [7], endocrine system problems [8,9] or cardiovascular
disease [10,11] (Figure 1).

Figure 1. Exposure-response curve for road traffic noise and the prevalence of myocardial infarction (left)
and all ischaemic heart diseases (right) from [11].
Since annoyance is a common problem in urban areas [12], anyone is potentially exposed. Urban noise can
be caused by anthropic activities as well as by human beings themselves. High-capacity urban facility
institutions are an interesting combination of these phenomena. Schools are places where external noise
pollution affects an indoor environment already disturbed by the occupants’ noise. It is well studied how
children face learning and concentration difficulties that can evolve into anxiety, headache, aggressively and
lower school achievement due to noising and long reverberant classrooms [12,13, 14, 15]. The problem is
highlighted in young children since they are not already provided with any stress management skills, and
issues can arise easier [16]. High background noise forces teachers to speak louder, even 10-15 dB over the
normality [17], and this routine leads to voice-related problems [18]. Although these phenomena are wellknown, there is still little evidence of correlation between extra-auditory effects of noise and recognized
health damages and responsibililities in Italy, and there is no significant reference literature apart from
W.H.O. guidelines. The extra auditory effect has recently been introduced as the cause of damage in legal
disputes, and the school classification as sensitive receptors dates back to 1995 (National Framework Law
non Noise pollution L.447/95).
On the contrary an extensive literature on environmental noise pollution is present, also referred to school
environments. Outdoor noise pollution has been widely studied for different sound sources, from the most
common road traffic noise [19] to aircraft noise [20] produced by planes and even helicopters [21]. Many
European countries have introduced thresholds for the façade noise (Table 1) [22].
The social context is also considered [23,24] as well as the different indoor architectural organization of the
schools (open space or not) [25].
This wide variety of knowledge about extra-auditory issues and the extensive literature on the
characterization of indoor and outdoor noise sources in school environment give evidence to the need of
reducing the forensic gaps on the subject. At the same time, scientific literature suggests that solutions have
2
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to be found to reduce noise and annoyance in school, saving the school achievements of future generations
and the health of children and their teachers. Here the “BRIC 19 – ID14” Project comes on the scene.

Table 1. National thresholds for external façade noise (from [22])
Nation
Belgium
Germany
Sweden
Portugal
Italy
France
Great Britain
Turkey

2

A-weighted sound pressure levels LAeq
30 dBA
30 dBA
30 dBA
35 dBA
36 dBA
38 dBA
40 dBA
35 dBA

Aim and Scope

“BRIC 19 - ID14” Project, supported by the Italian National Institute for Insurance against Accidents at
Work (INAIL), involves the University of Perugia – CIRIAF, and five other universities across Italy: Ferrara
University, “La Sapienza” University in Rome, L’Aquila University, “Roma Tre” University, and the
University of Florence.
One of the main scopes of the project is to reduce the extra auditory effects of noise exposure at work, with
particular reference to the school environments.
The general project has five specific goals; three of them are related to the different auditory issues:
- A review of all the existing material concerning the extra auditory effects, the outdoor and indoor
noise pollution analysis led in school contexts and the teachers’ vocal tract stress during learning
activities;
- the choice of selected school scenarios from a provided list of interesting existing school cases,
followed by a complete architectural acoustic analysis and the characterization of the outdoor and
indoor noise sources. This step yields a comprehensive view of the acoustic environment of the
school and the teachers’ vocal tract stress entity;
- create architectural solutions to prevent vocal stresses and extra auditory effect is the last step; this
has to be completed by an awareness program on noise and its correlated extra auditory effects and
by updating consistent guidelines.

3

Materials and Methods

With the aim of evaluating the acoustic quality of schools, specific survey scenarios and operational
guidelines to perform the acoustic analysis were assessed.
Several findings in literature were found and different sound sources, located inside and outside the
classrooms, were classified. Starting from the literature evidences, a proper survey procedure was defined,
and significant case studies were selected in order to carry out the acoustic investigations.
The identification of sound sources that are responsible of noise levels increase and of auditory and extraauditory damages to users allows to study the correlation among environmental acoustic quality, identified
damage and users behavior.
3.1

Identification and characterization of the main sound sources in schools

Classrooms are typically exposed to different noise sources, located outside or inside the class or in the
school building. In the first phase of the project, a deepened bibliographic analysis was carried out and
3
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several studies related to noise in school environments were selected. These studies come from different
countries, both developed and developing.
Selected papers refer to a wide time frame and highlight how in the last ten years the scientific research in
this field experienced a strong development (64% of the analyzed works) [19-27].
The school buildings analyzed in literature are mainly located in densely populated urban areas and most of
them are primary and secondary schools.
Starting from the literature review, the sound sources that mainly characterize school buildings, both internal
and external, were identified. It is worthy to notice that the outdoor noise is mainly due to road, rail and
airport traffic, when schools are located near this kind of infrastructure. Furthermore, other external sources
are linked to students’ activities in the school outdoor spaces: courtyards, gyms, playgrounds. In some cases,
noises from casual events or nature were detected. On the other hand, internal noise sources are mostly
related to the students’ actions within the classrooms, such as chatter, noise of tables and chairs. Taking into
account indoor noise sources, heating or cooling systems are also relevant. Also, the neighbouring
environments can be considered internal noise sources that characterize the classrooms acoustic
environment.
3.2

Measurement campaign and survey procedure

An investigation procedure was defined and shared among the research groups involved in the project, with
the aim of choosing proper parameters able to characterize the acoustic climate of schools. The objective of
this procedure is making comparable, homogeneous and complete the measurement campaigns carried out in
the selected schools, located in three different cities: Florence, Rome and Perugia.
This protocol provides survey scenarios, legislative and regulatory references and some operational
indications (measures and indicators, questionnaires and supplementary activities) for:
- measuring and evaluating the acoustic climate of the investigated environments, also through the
soundscape approach; assessing noise levels to which workers are subjected in specific settings (classrooms,
common spaces, dining halls, gyms, outdoor spaces and other spaces considered significant);
- studying correlations among acoustic and psychoacoustic parameters and classrooms geometrical,
architectural and constructive characteristics (also in terms of materials), taking into account the construction
year;
- quantifying teachers’ vocal effort and verifying a possible correlation between vocal effort and acoustic
climate of schools, as well as audiometric test results.
The protocol defines parameters, measurements and some notes about critical issues related to the context,
including the current health emergency due to Covis-19. More in detail, the protocol is divided into four
categories, regarding each survey to be carried out (Table 2).
3.3

The selected case studies and scenarios

The selected case studies were chosen among 29 schools, divided in 8 kindergarten, 9 primary schools, 12
middle/high schools. Each school was investigated by the authors, who inspected the possible survey
scenarios by filling the specific descriptive form. In all the three cities, at least one school typology was
identified. In order to carry out the acoustic investigations included in the protocol, seven representative
school scenarios were identified.
In particular, for each school the following scenarios were selected and analyzed (if present):
S1 - Teaching room
S2 - Laboratory (teaching and experimentation)
S3 - Auditorium
S4 - Gym
S5 - Common space (break or other activities)
S6 - Dining hall
S7 - External space
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Table 2. Structure of the survey procedure.
Typology

Survey

Measurement in UNOCCUPIED
environment
MEASUREMENTS AND
INDICATORS
Measurement in OCCUPIED
environment
Vocal effort

(**)

QUESTIONNAIRES

Questionnaires administration

SUPPLEMENTARY
ACTIVITY

Studying of speech transmission
in specific conditions
(according to COVID-19
emergency procedure)

SOUNDSCAPE
MEASUREMENTS

Description
Acoustic climate/outdoor environmental noise
Normalized acoustic facade insulation
Environmental noise level
Internal noise from neighboring internal environments
Plant noise
Reverberation time
Room Criteria
Acoustic climate/indoor environmental noise under
regular rooms usage
Direct measurements, recordings, dosimeters and
processing

Psychoacoustic measurements
and questionnaires
administration in schools
outdoor environment.

Impact of noise on speech comprehension and perception
of the intelligibility disorder
Elements to fully understand the disturbance
characteristics, well-being and sensitivity related to noise:
sources identification, sensitivity to noise, subjective
characteristics, relationship among sensations (light
matrices, ergonomics, thermo-hygrometric comfort) and
acoustic perception
Outdoor and indoor soundscape perception
Studying the effect of masks and other individual and
collective protective devices on speech transmission in
schools: hearing difficulties, intelligibility problems,
which are increased by the inability to see the lip
movement, voice reduction in terms of amplitude and at
the critical frequencies
Questionnaires administration

Psychoacoustic measurements development

Each case study was described through a scheme including the following data:
- school typology (kindergarten, primary, middle, or high school);
- place and address;
- outdoor acoustic climate, i.e. low, medium, high environmental noise, indicating the presence of any
sources characterizing the soundscape (e.g. infrastructural, industrial, plant engineering, etc.);
- construction period, before 900, 1900-1950, 1950-1975 (before DM 18/12/75), 1975-1998 (before DPCM
5/12/97), 1998-2017 (before Minimum Environmental Criteria – in Italian CAM), after 2017;
- building and construction typology (e.g. courtyard or compact buildings, load-bearing masonry, reinforced
concrete frame, etc.);
- presence of acoustic interventions or mitigation ones, indicating them if relevant, both internal and external
ones (e.g. noise barriers, sound-absorbing asphalts, sound-insulating frames, indoor sound-absorbing
treatments, etc.);
- environmental characteristics and any additional information regarding the urban context.
The descriptive sheets were furnished with images of the urban setting, plans and photos relating to the
different survey scenarios; an example is provided in Figure 2.
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Figure 2. Example of school descriptive sheet.
Starting from the aforementioned selection criteria (urban and environmental context, outdoor acoustic
climate, construction period and typology, external or internal acoustic mitigation interventions and presence
of the defined survey scenarios), the choice of the case studies for each city depended on the variety of
schools' characteristics, contexts and acoustic climate, in order to have a representative sample of the Italian
schools.
3.4

Questionnaires

The acoustic perception depends on many factors, which were investigated in order to correlate the results of
the acoustic analysis with the overall comfort perception of users – students and teachers – and other possible
involved aspects – e.g., age, sensitivity to noise, etc. –. Questionnaires administered to children and teachers
for investigating acoustic comfort and noise exposure in classrooms were analysed [28-30]. The cited studies
were carried out in Germany, Sweden and Denmark and involved primary and secondary schools’ users.
They aim at identifying auditory and extra-auditory effects from exposure to noise in classrooms.
Starting from the abovementioned studies, together with the material provided by INAIL and the University
of Ferrara, three typologies of questionnaires were defined, according to the parameters to be investigated in
the acoustic measurement campaigns and to the specific acoustic characteristics of the scenarios under
investigation. The acoustic measurement campaigns will be carried out both in empty and occupied
environments.
The three questionnaires - Questionnaire 1, Questionnaire 2, and Questionnaire 3 - were drawn up
considering the target audience for the questionnaire and the selected scenarios. The questionnaires will be
administered to primary, secondary/high school students and to preschool, primary and secondary/high
school teachers.
They examine the impact of noise on speech comprehension and the difficulties on speech intelligibility, the
elements for a complete understanding of disturbance, well-being and sensitivity related to noise. They aim
at identifying noise sources, emotional state of the subject and interaction of the various elements - lighting,
ergonomics, thermo-hygrometric comfort - with acoustic perception. A summary of the features and contents
of the questionnaires is shown in Table 3 and Table 4.
In each scenario, significant acoustic variables will be measured, computed, and correlated to the given
answers for determining the relationship between well-being and classroom acoustics. The questionnaires
will be distributed to students and teachers during the school year 2021/2022, according to the project
timetable.
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Table 3. Target and sample for the three questionnaires
Questionnaire
Questionnaire 1

Questionnaire 2

Questionnaire 3

Target
Investigated classroom’s students:
- students aged 8-11 years (primary school
sample)
- students aged 12-16 years (secondary/high
school sample)
School students:
- students aged 8-11 years (primary school
sample)
- students aged 12-16 years (secondary/high
school sample)
Preschool, primary and secondary/high
school teachers

Sample to be investigated
120-150 students
(20-25 students per each primary and secondary/high
school)

120-150 students
(20-25 students per each primary and secondary/high
school)

135 teachers
(5 teachers who works in the S1 scenario + 10 other
teachers: 15 teachers per each preschool, primary and
secondary/high school)

Table 4. Contents and structure of the three questionnaires
Questionnaire
Questionnaire 1

Contents
The questionnaire is
related to the
classroom scenario
(S1), which is subject
to acoustic
measurements.

Questionnaire 2

The questionnaire is
related to scenarios
from S2 to S7
(laboratory,
auditorium,
gymnasium, common
area, canteen,
outdoor area), which
are subject to
acoustic
measurements.

Structure
The questionnaire is divided into the following sections:
1. General data: general information, perception of noise in life outside of school,
and personal sensitivity to noise.
2. Sounds and noise within the classroom: perception of noise in the classroom
when doors and windows are closed, related extra-auditory consequences - e.g.,
fatigue, loss of concentration, headaches, anger, boredom, greater ease of crying.
3. Sounds coming from outside: external sound sources which impact on school
activities when windows are open.
4. Sounds coming from nearby environments: perception of sound sources in the
surrounding environments of the one under investigation, disturbing sound
sources.
5. Sounds generated within the classroom: perception of classroom sound sources
- e.g., students' chattering, dragging of furniture, falling objects, equipment-.
6. Listening to the teacher: analysis of a specific listening context considering a
reference teacher (Italian language teacher). The questions concern the
perception of the teacher's voice with closed doors and windows.
7. Comfort in the classroom: aspects of the perception of the overall quality of the
environment - e.g., thermo-hygrometric comfort, air quality, light comfort,
ergonomics -.
The questionnaire is divided into the following sections:
1. General data: general information, perception of noise in life outside of school,
and personal sensitivity to noise.
2. Sounds and noise in the classroom (*): perception of noise in the classroom
when doors and windows are closed, related extra-auditory consequences - e.g.,
fatigue, loss of concentration, headaches, anger, boredom, greater ease of crying.
3. Sounds and noise in the laboratory: perception of noise in the laboratory when
doors and windows are closed, related extra-auditory consequences, typology of
perceived sounds and noise, overall assessment of the laboratory.
4. Sounds and noise in the auditorium: perception of noise in the auditorium when
doors and windows are closed, related extra-auditory consequences, typology of
perceived sounds and noise, overall assessment of the auditorium.
5. Sounds and noise in the gymnasium: perception of noise in the gymnasium
when doors and windows are closed, related extra-auditory consequences,
typology of perceived sounds and noise, overall assessment of the gymnasium.
6. Sounds and noise in the common area: perception of noise in the common area
when doors and windows are closed, related extra-auditory consequences,
typology of perceived sounds and noise, overall assessment of the common area.
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Questionnaire 3

The questionnaire is
related to all the
investigated
scenarios.

7. Sounds and noise in the canteen: perception of noise in the canteen when
doors and windows are closed, related extra-auditory consequences, typology of
perceived sounds and noise, overall assessment of the canteen.
8. Sounds and noise in the outdoor area: perception of noise in the outdoor area,
related extra-auditory consequences, typology of perceived sounds and noise,
overall assessment of the outdoor area.
The questionnaire is divided into the following sections:
1. General data: general information, years of teaching, subject of teaching.
2. Main working environment: perception of acoustic quality in the main working
environment, disturbing sound sources, use of voice.
3. Secondary working environment: perception of acoustic quality in the main
working environment and, use of voice.
4. Risks from noise exposure: consequences on phonatory and hearing systems
from noise exposure.
4. Perception of discomfort: fatigue during school activities with and without face
mask.
5. Additional information: general perception of noise, and overall assessment of
the outdoor area.

Note: (*) This section has been added as a repetition of the classroom’s context analysis as not all the
students who fill in Questionnaire 2 spend their time in the scenario S1. In this case, the investigation of the
classroom perception is needed as a comparison with the other school spaces.

4
4.1

Results and Discussion
Questionnaires

In order to verify the easy understanding and clarity of contents of the questionnaires, the latter were
distributed to students (17-18 years old) and teachers of a pilot high school class in Florence. Twenty-two
students and three teachers were asked to fill in respectively the two questionnaires for students and the
questionnaire for teachers.
After explaining the aim of the study and illustrating the contents of the questionnaires, the pilot class was
asked to write down the time taken to complete them, to highlight any observed critical points - unclear
questions, repetitions, typing errors - and to make comments on the questions they considered most
significant or peculiar.
The small sample of teachers is homogeneous in terms of age, type of employment, experience and working
environment. It can be observed that the main source of disturbance encountered by the teachers are pupils
and dragging in desks and chairs in the same classroom or neighbouring ones. However, teachers resort to
vocal effort regardless in an attempt to be heard and understood. The assessment of the school environment
is positive or not negative at least. In fact, although acoustic aspects are considered important for teachers,
there is a lack of perception of poor acoustic characteristics of the environments in which they work.
Teachers believe that professional activities increase the risk of damage to the phonatory system, whereas no
one complains of disturbances to the vocal system. Both with and without a face mask, teachers complain of
high vocal effort leading to physical and mental fatigue. In their careers, teachers had the perception of not
being able to manage the class due to noise levels.
The sample of students is mainly composed of native Italian speakers (65% speak Italian at home, while 35%
speak Italian and another language) who are on average sensitive to noise. The students declare that they live
in a context in which they feel mostly satisfied and happy.
Students report that they hear "well" and "quite well" what the teacher says in class. Noise in classroom does
not significantly affect fatigue, boredom and anger, but on average it leads to loss of concentration, more
effort on a task and tiredness at the end of the lesson. School activities that are most disturbed by noise are
reading and calculating with numbers. In general, it is observed that noise does not influence extra-auditory
effects in school environments. Most students do not identify a significant presence of noise from outside
8
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such as cars, motorbikes, planes, or trains. This is also due to the location of the school building. From
nearby environments, students are mainly affected by dragging of desks and chairs and people chatting in the
corridor, both of which are considered to be disturbing on average. Noise from the same classroom is mainly
attributable to falling objects and rubbing of desks and chairs, but these are not considered particularly
disturbing. The classrooms are considered bright and there is significant thermo-hygrometric comfort, with
frequent air changes. The students took about 15 minutes to complete the questionnaire and found the
questions related to global comfort as peculiar if correlated with auditory aspects.
In the laboratory, where mainly frontal teaching activities take place, no disturbing noises are perceived and,
consequently, no extra-auditory effects from noise exposure are found. In general, the main sources of noise
are the dragging of desks and chairs in the laboratory, the chattering inside, the noise of vehicles and the
dragging of desks and chairs from neighbouring rooms. The teacher is, however, heard "quite well", "well"
and "very well" by all subjects. There is also a general feeling of well-being. In the gymnasium, noise is
mainly attributable to shouting from students inside the room and to noise produced by sports activities,
although the presence of particularly noisy ventilation systems was observed. Although the students state the
voice of the speaker in the gymnasium is reverberating, they report that they can hear the teacher quite well.
In the common area, the main noise sources are the chattering of peers and, in second place, the noise of
vehicles. Noise in the canteen is instead attributable to classmates and dishes, however, it allows to hear
quite well what is said by the companions and does not generate extra-auditory effects. In the outdoor area,
the main sources of noise are the shouting of classmates and the noise of vehicles, which in any case does not
affect the psychological and physical well-being of the students.
In conclusion, noise generated within the classroom is considered disturbing for teachers whereas it is not for
students, although the latter highlight difficulties during school activities.

5

Conclusions

With the aim of identifying the typical environments for specific school activities, which are comparable
among each other in Florence, Rome and Perugia, a survey protocol was defined and proper scenarios were
chosen.
In the schools selected as a representative sample the measurement campaigns and the acoustic climate
evaluation were carried out. Furthermore, the correlation of acoustic and psychoacoustic parameters will be
performed, to which users will participate by filling questionnaires and taking part to other activities.
The use of face mask strongly influences the communication between students and teachers, which become
more difficult as they are forced to speak louder. The current condition will be investigated in the light of the
pandemic situation that will not be over during the acoustic measurement campaign that will be held in
autumn 2021.
The preliminary study on questionnaires showed that the questions are understandable, and it takes a short
time to fill in the questionnaires (15 minutes), although the the questionnaires’ length. Moreover, it was
considered appropriated to take into account the presence of students with learning disabilities, that will be
reported by teachers. Considering the significant number of learning impaired students, their effect will be
evaluated in relation to the total amount of the investigated sample.
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Abstract
Intending to tackle road traffic noise in urban environments, noise barriers have been proven to effectively
reduce environmental noise levels, leading to positive effects on noise perception by the exposed population.
This work assesses the impacts of replacing an obsolete noise barrier in a site near a highway. The effects of
this change were monitored via a combination of field surveys, acoustic measurements and noise maps. The
results have shown that even though the barrier replacement led to a 4.1 dB reduction in the LA,eq,(15 min.), the
annoyance levels of the respondents increased. Possibly, the expectations regarding the improvement of the
noise barrier were not met, after a history of complaints. Additionally, existing exposure-response
relationships were not successful in predicting the annoyance levels in this particular case. In this dataset,
noise annoyance presented a weak link with reported health problems, while a strong correlation was found
with the comfort level to perform activities outdoors. Questions regarding the COVID-19 pandemic showed
that even though the respondents were spending more time at home, they were less annoyed due to road
traffic noise in the period when circulation restrictions were in place.
Keywords: Noise intervention, social survey, acoustic simulation, health effects.

1

Introduction

Evidence has emerged in the last decades on the existence of links between long-term exposure to road
traffic noise and non-auditory health outcomes such as cardiovascular diseases, cognitive dysfunction, sleep
disorder, among others [1]. Responding to the increasing concern regarding the negative impacts entailed by
road traffic noise exposure, the World Health Organization (WHO) updated in 2018 their environmental
noise guidelines, strongly recommending public policies to limit road traffic noise levels to stricter values
[2].
Instead of using actual noise levels, the effects of road traffic noise on exposed populations are also assessed
by the "annoyance" indicator. Noise annoyance is considerably quicker perceived than the build-up of
somatic disease, thus it could be considered an early warning signal for other more severe health risks and
impairments in quality of life [3].
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Understanding the causal relations between objective noise, perceived noise, and potential adverse health
effects is essential for creating action plans for noise exposure mitigation [4]. In this manner, large scale
studies have previously established links between objective noise levels and subjective annoyance via socalled exposure-response relationships (ERR) or functions (ERF), as [5]. On the other hand, the
implementation of noise interventions is still focused mainly on reducing objective noise levels; the decrease
of annoyance is mostly disregarded or calculated only through predefined dose-effect relations, as the
qualitative nature of annoyance is more complex to assess [6].
Noise barriers are a path-to-receiver solution to high environmental noise levels that has become ubiquitous
along many road corridors in Europe. The main function of noise barriers is to shield receivers from
excessive noise resulting from road traffic. Noise interventions such as noise barriers lead to lower noise
levels which, in turn, result in reductions in noise annoyance [7].
This study investigates the impacts of noise barriers to mitigate road traffic noise in an urban environment.
The changes enabled by replacing an obsolete noise barrier are assessed via acoustical measurements, noise
maps, and surveys, as the result of a collaboration between the University of Antwerp and the Flemish Road
Agency (Agentschap Wegen en Verkeer – AWV). The policy on dealing with the annoyance and noise levels
caused by road traffic with noise barriers is analysed via a two-fold research question: firstly, what is the
objectively measured noise reduction obtained with the replacement, including its effect on L den and Lday?
Secondly, is this expected limited noise reduction sufficient to significantly reduce noise annoyance and
influence self-reported health issues or sleep quality?

2

Methodology

The study cases, processes and respective data collected in each step of this work are introduced in Figure 1
and further described in the following subsections.

Figure 1 – Flowchart of the data collection process and respective outcomes.
2.1

Cases

The sites investigated are located across the municipality of Antwerp, Belgium, and were divided into two
groups, as described below.
2.1.1 Borgerhout (noise barrier site)
Two streets in the vicinity of the E313 highway, located in the district of Borgerhout (specifically, in the
'Garden District' – Tuinwijk), were the object of this study. The road surfacing at the stretch of the highway

1

http://indicatoren.verkeerscentrum.be/

2

183

beside the site has 2x5 lanes constructed in SMA-C, with a double New Jersey in the central reservation. The
speed limit is 100 km/h.
A lightweight concrete noise barrier (max. height 3 m) was built in 1985-1986 to mitigate the road traffic
noise emanating from the highway. This barrier was designed considering the allowed exposure to
environmental noise levels at the construction time and traffic intensity of 4000-4500 vehicles/day. After
regular complaints of inhabitants of Tuinwijk, acoustical measurements performed in August 2013 by AWV
indicated that the noise barrier in place was obsolete as the volume of traffic doubled during the 27-year time
window and the allowed environmental regulation for noise exposure became stricter.
In the summer of 2020, the noise barrier along the E313 section close to Tuinwijk was replaced by a 6m high
aluminium noise barrier. The design of the new noise barrier aimed to decrease the A-weighted long-term
average sound level over day-time (Lday) to less than 65 dB(A) for all the residences from the two streets, and
at least a few points with noise levels below 60 dB(A).
2.1.2 Control streets
A single group comprising five streets located in different districts of Antwerp were selected for comparison
purposes. No noise intervention existed in these streets and they were relatively quiet compared to the noise
barrier site. The selection of these streets was conducted based on local traffic with a speed restriction of 50
km/h, asphalt as pavement surface, similar type of buildings, proximity to motorways, industry, airports,
railways, etc.
2.2

Acoustic measurements and noise maps

Objective acoustic point measurements were performed at two moments: in August 2013 and after installing
the noise barrier in October 2020. A class I sound level meter class was used to register the A-weighted 15
minute equivalent noise level in dBA (LA,eq.(15 min)) for ten measurement points at different heights and
distances from the noise barriers in the two streets. Additionally, the traffic intensity per hour during the
measurements was counted in both directions on the E313 highway. In this count, vehicles were categorised
into light and heavy vehicles.
The traffic count was also necessary as input to perform noise modelling. The noise maps were produced
with the software IMMI, using the calculation scheme from SRM-II (Standard Calculation Method – 2) to
obtain Lday and Lden as ten punctual values. The traffic volume counted in 2013 was used to determine the
Lday before and after the new barrier installation and compare it to the objective measurements. Lden is
generally reported by authorities and is widely used for exposure assessment in health effect studies. The
simulations performed to obtain Lden used the traffic volume retrieved from the open database of the Flemish
Government in June 2020, when the pre-surveys were distributed.
2.3

Field surveys

2.3.1 Questionnaire design
The paper version survey (6 pages recto-verso) with a pre-paid return envelope and a link/QR-code to the
online version of the survey were placed in the residents' mailbox. 695 surveys were distributed in the
control streets during June 2016; 25.0% of these were filled in (174 responses). For Borgerhout, two surveys
campaigns took place, before and after the barrier replacement, in June 2020 and 2021, respectively. From
the 164 potential respondents, 56 answers were received from the pre-survey; from the 161 post-surveys
delivered, 58 were answered, leading to response rates of 34.1% and 36.0%, respectively.
The Ethics Committee for the Social Sciences and Humanities from the University of Antwerp approved the
methodology and survey used in this study; all respondents remained anonymous. The questionnaire
3
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contained 27 questions, of which the first ten were related to socio-demographics. These questions were
followed by five general questions taken from the SLO (Schriftelijk Leefomgevings Onderzoek – Survey on
the Living Environment) [8] regarding the quality of life and annoyance. These annoyance-related questions
assessed the overall annoyance level caused by different sources (noise, light, smell, and others) and noise
annoyance caused by the different noise sources (air, rail and road traffic, priority vehicles, schools, etc).
Additional in-depth questions assessed health problems, sleep quality, and the comfort level of specific
activities (indoors and outdoors).
The following direct subjective noise indicators, referred to as "noise annoyance indicators", were identified
from the survey. The verbal scale of the answers was formulated using a 5-point scale, as recommended by
[9].
1. Annoyance: the extent of the noise annoyance (caused by all noise sources) in and around the house
perceived over the previous year. Response categories: Not at all (1), Slightly (2), Moderately (3),
Very (4), and Extremely annoyed (5);
2. Change in annoyance (ΔAnnoyance): the reported change in annoyance (all noise sources) over the
previous two years. Response categories: Greatly reduced (-2), Slightly reduced (-1), Remained the
same (0), Slightly increased (+1), and Greatly increased (+2);
3. Road traffic noise annoyance (RTA): the extent of the annoyance explicitly caused by road traffic
noise. Response categories: Not at all (1), Slightly (2), Moderately (3), Very (4), and Extremely
annoyed (5);
4. Change in road traffic noise annoyance (ΔRTA): the reported change in RTA perceived over the
previous year. Response categories: Greatly reduced (-2), Slightly reduced (-1), Remained the same
(0), Slightly increased (+1), and Greatly increased (+2).

The indirect subjective noise indicators were further investigated in three domains:
1. Domain 1 (Physical complaints): the frequency respondents reported experiencing symptoms related
to different health problems (headaches, fatigue, dizziness, insomnia, heart palpitations, and
gastrointestinal complaints);
2. Domain 2 (Sleep quality): Sleep duration and time needed to fall asleep, the frequency of feeling
well-rested, waking up too early or having difficulty waking up;
3. Domain 3 (Comfort level to perform activities): comfort level to conduct activities indoors and
outdoors, as concentrating during working or studying, reading or watching television, speech
intelligibility during a phone call or conversation, and relaxing or unwinding.
Considering that the respondents were asked to take into account mainly the 1-year period before the survey
distribution when choosing their answers, the COVID-19 pandemic and consequent measures to restrain
circulation implemented in Flanders could have played a role in their perception, especially in the postsurvey. Firstly, mandatory teleworking tends to increase the residents' time at home during the day.
Additionally, lower traffic volume was observed from data retrieved from the open database of the Flemish
Government1. From November 2020 to April 2021, when a national lockdown was in place, the traffic
volume presented, on average, approximately 14500 fewer vehicles/day than the respective period in 20192020, before the pandemic. From August to October 2020 and May to June 2021, the traffic volume
increased to an amount closer to the reference in 2019, but differences of more than 6300 vehicles/day were
still observed.
In an attempt to assess the pandemic's unknown effect on this research, the post-survey was further
supplemented with three questions. The respondents were asked how much their time spent at home and the
annoyance level caused by (road traffic) noise had changed due to the mobility restrictions and lockdowns
compared to the normal situation.
1

http://indicatoren.verkeerscentrum.be/

4

185

2.3.2 Data processing
The arithmetic average and variability of the direct and indirect subjective noise indicators were calculated
once the verbal scale used in the questions was translated into an ordinal measurement scale. The statistical
differences in the average of continuous and binary variables across the independent groups (Borgerhout in
the pre and post-surveys, and control streets) were checked by t-tests and chi-square tests. The
sociodemographic composition was also investigated within the study cases.
In addition to demonstrating the impacts of the noise barrier replacement on the subjective noise indicators,
the correlations between the noise annoyance and the indirect subjective noise indicators were also
investigated in the three domains. For that, nonparametric Kendall τb correlations were used. Τb gives
insights on the strength and direction of associations between two ordinal variables: a value of ± 1 indicates a
perfect association between the two variables, whereas values close to 0 indicate weak or nonexistent
relationships.
2.4

Percentage of highly annoyed people (%HA) and ERRs

Previous studies have established exposure-response relationships by using large datasets from different
studies, with different demographics, from different countries, both in cities and small towns. The ERRs
defined by Guski et al. [5] (Eqs. 1 and 2) are commonly used in the context of annoyance prediction. Eq. 1
was constructed based on a complete dataset, while Eq. 2 excludes from this dataset the studies conducted in
the Alpes and Asia. %HA can be calculated by the ERRs or retrieved from the surveys, corresponding to
answers at a high position on the annoyance response scale. [5] considers the cut-off point between "highly
annoyed" and "not highly annoyed" at 75% on a 0–100 scale. To measure %HA in this work from the verbal
5-point response scale, we considered both cases where the cut-off point is at 60% and 80% higher part of
the response scale.

3
3.1

%HA = 78.9270 – 3.1162 × Lden + 0.0342 × Lden2.

(1)

%HA = 116.4304 – 4.7342 × Lden + 0.0497 × Lden2.

(2)

Results and discussion
Acoustic measurements and noise maps

Figure 2 displays, as boxplots, the average and standard deviations from the point measurements as
LA,eq.(15min.), obtained from acoustic measurements, and the Lday, calculated from the acoustic simulation in
IMMI. The average LA,eq.(15 min.) obtained from the control streets is also presented in Figure 2, this being 58.7
± 6.1 dB. For the control streets, the standard deviation may have been high as different streets, with
different traffic intensities, were pooled together to form this average.
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Figure 2 – Results of objective acoustic measurements and noise simulations.
The acoustic measurements performed before the noise barrier replacement resulted in an average of 64.3 ±
2.8 dB(A). The 65.0 dB(A) threshold was exceeded in five of the 10 measuring points, while the 60.0 dB(A)
threshold was only achieved in one point. After the barrier replacement, the average noise levels dropped to
60.2 dB(A) ± 2.7 dB(A): a 4.1 dB(A) drop, on average, from the initial situation. No measuring point had a
value above 65.0 dB(A) in the new condition, but only two points were below 60 dB(A). Also, the
inhabitants are now exposed to an average LA,eq.(15 min.) 1.5 dB(A) higher than in the control streets.
A comparison between the acoustic measurements and the simulated Lday shows that the second is 2.2 and
1.1 dB(A) higher before and after the barrier replacement, respectively. Also, the drop in Lday resulting from
the barrier replacement was expected to be 5.2 dB(A). Possibly, the SRM II method underestimates the
noise-reducing effect of the old noise barrier.
Noise simulations were also performed to calculate Lden. This parameter could not be compared with the
objective acoustic measurements as the traffic volume obtained from the Flemish Government in June 2020
was used instead of the traffic count performed in 2013 by AWV. Lden before the noise barrier replacement
was estimated as 62.4 dB(A) ± 3.0 dB(A). After the replacement, this value was expected to drop by 5.2
dB(A), reaching an Lden of 57.2 dB(A) ± 2.1 dB(A). Lden below 53 decibels, as recommended by [2], could
not be achieved for any simulated point.
3.2

Questionnaire results

3.2.1 Sociodemographics
Firstly, the sociodemographic profile of the respondents was drawn. Double respondents found in the before
and after survey were removed from this part of the analysis. As the respondents were anonymous due to
ethical constraints, those who participated in both pre and post-surveys in Borgerhout were identified based
on six variables: street, gender, age, type of home, level of education, and the number of family members.
Table 1 shows the most relevant part of the sociodemographic data of these unique respondents.

1
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Table 1 – Sociodemographic data of respondents.
Case
Control
Borgerhout

Gender
Male
Female
53.3%
46.7%
37.3%
62.7%

Level of education
Low
Middle
High
11.8%
51.6%
36.6%
20%
56.2%
19.1%

Age
39.2 (16.2)
51.3 (20.8)

Inactive×
39.7%
32.6%

Living with
children
33.3%
38.5%

* Level of education was registered in eleven categories, but grouped into three for this analysis: low (no schooling completed,
primary school and general/technical/vocational lower secondary school), middle (general/technical/vocational upper secondary
school and bachelor's degree - one cycle of 3 academic years), and high (master's degree at a university college - two cycles: 4 or 5
academic years - or university).
× Percentage of retired and unemployed people (whether or not looking for a job). All others (including students) are categorised as
active.

T-tests and chi-square tests were conducted to confirm whether the differences in the sociodemographic

profile shown in Table 1 were significant between Borgerhout and the control streets. Respondents in the
reference streets were significantly younger (p < 0.000) than the respondents from Borgerhout. More
respondents in the control streets seem to have obtained a master's degree, which could be explained by the
tendency of younger people to pursue higher diplomas. Also, Borgerhout's respondents consist of
considerably more females than in the control streets (p=0.01). The percentage of respondents active in the
labour market (p=0.65) and those living with children (p=0.42) did not differ significantly between the two
cases.
3.2.2 Annoyance indicators (Direct subjective perceived noise)
From the post-surveys in Borgerhout, residents who reported starting living at the address one year or less
before the survey distribution were removed, as they would not be capable of assessing the changes caused
by the noise barrier replacement. The means of the annoyance indicators are presented in Table 2.
Table 2 – Average noise annoyance indicators (standard deviation).
Indicator
Annoyance*
ΔAnnoyance×
RTA*
ΔRTA×

Control
2.23 (.99)
0.46 (.85)
2.29 (1.08)
0.48 (1.06)

Case
Borgerhout
Pre
Post
3.66 (1.20) 4.00 (1.06)
1.21 (.82)
1.16 (.92)
3.77 (1.29) 4.21 (1.06)
1.23 (.99)
1.16 (.99)

*Response scale: Not annoyed at all = 1; Slightly annoyed = 2; Moderately annoyed = 3; Very annoyed = 4; Extremely annoyed = 5.
× Response scale: Greatly reduced = -2; Slightly reduced =-1; Remained the same = 0; Slightly increased =1; Greatly increased = 2.

ANOVA with Tukey posthoc tests carried out among the three cases revealed that, for a significance level of
5%, the four annoyance indicators did not differ statistically between the pre and post-survey, but differed
from the control group.
In the control streets, the residents were, on average, 'slightly annoyed' by noise. Both before and after the
noise barrier replacement, the means were closer to the 'very annoyed' condition. In the same manner, the
annoyance caused by road traffic noise (RTA) is considerably higher than the control case, with even higher
averages than Annoyance. These values may represent that the objective reduction of 4.1 dB(A) presented in
Section 3.1 could not enhance the respondent's perception of noise, and road traffic is clearly identified as the
main cause of annoyance by noise. Even though a reduction was achieved, the residents may have been
expecting a greater decrease in (road traffic) noise as a result of the barrier improvement. The dissatisfaction
towards the noise barrier is translated into the higher annoyance levels and confirm the subjective character
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of these indicators. The ΔAnnoyance and ΔRTA values also demonstrate that the residents did not perceive
the objective reductions caused by the improvement in the noise barrier.
3.2.3 Sleep quality, physical complaints, and comfort level to perform activities (indirect subjective
perceived noise)
The respondents indicated to what extent they were suffering from some physical symptoms (Domain 1),
their sleeping behaviour (Domain 2) and difficulties performing activities indoors and outdoors (Domain 3).
[4] stated that the assessment of potential health effects triggered by noise exposure needs to be mediated by
annoyance indicators or some other appraisal measure. In this manner, Table 3 shows the correlations
between Annoyance and RTA and the reported indicators across the three domains, expressed as the Kendall
τb correlations. Only the statistically significant relations are presented, at significance levels of 1% and 5%.
Table 3 – Kendall's correlation coefficient (τb) between Annoyance and RTA with quality of life indicators.
Domain

Physical
complaints
(1)

Sleep
quality (2)

Comfort
level to
perform
activities
(3)

Indicator

Annoyance
Control Pre
Post

Headaches
Fatigue
Dizziness
Insomnia
Heart palpitations
Gastrointestinal complaints
Sleep duration (night)
Sleep duration (day)
Time to fall asleep
Waking up too early
Difficulty waking up
Feeling well-rested
Concentration during
In
reading
Out
Concentration during
In
working or studying
Out
Concentration while
In
watching TV
Speech intelligibility during In
a conversation
Out
Speech intelligibility on the
In
telephone
Out
In
Relaxing or unwinding
Out

.14*

.40**

.35**

.20**

.26*

.28*

Control
.16*
.17*

RTA
Pre

Post

.24*
.37**

.24*
.32**

.23*
.24*

.26*

.15*

.16*
-.14*
.17*
.24**
.17*
.23**

.24**
.22**
.21**
.37**

-.27*
.27*
.39**

.29*
.45**
.27*
.43**
.30**
.42**

.55**

.18*
.17*

.26*
.34**

.50**

.35**
.49**

.20**

.24*
.37**

.32*
.41**

.50**

.14*

.45**

.42**

.21**

.40**
.34**
.39**

.37**

*Correlation is significant at the 0.05 level (2-tailed)
**Correlation is significant at the 0.01 level (2-tailed)

Fatigue and insomnia presented the most significant correlations with the annoyance indicators in the three
cases among the health problems comprising Domain 1. Τb positive values prove that increases in perceived
annoyance follow increments in the reported physical complaints. For Borgerhout, those correlations are
stronger, as expected, due to community dissatisfaction with the noise levels in that area.
Regarding Domain 2, almost no significant correlations were found with the annoyance indicators. This
behaviour could be attributed to significant decreases in Lnight compared to Lday, resulting in lower perceived
1
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noise during the regular sleeping time of residents. Additionally, less loud noise events happen during the
night, which are less disturbing than the relatively constant, neutral sounds as from road traffic [10].
The strongest and most significant correlations in Table 3 were found for Domain 3. Without exception, it is
more difficult to perform these activities outdoors when feeling annoyed by noise in general and by road
traffic noise. [11] also observed a similar trend of discomfort in performing activities such as watching
television, resting and talking for a sample in which 48.4% of the respondents reported experiencing noiserelated annoyance.
3.2.4 The effect of the COVID-19 pandemic

Figure 3a shows a breakdown of the answers on the changes in time spent at home due to the COVID19 pandemic. Half of the respondents had their time at home during the day increased, while 37% stayed
at home longer during the evenings. Additionally, the respondents answered to what extent the
annoyance levels due to (road traffic) noise had changed exclusively due to the pandemic, as depicted in
Figure 3b. A significant number of respondents (33%) did not report changes in the Annoyance levels
caused by noise in general; the remaining answers were equally distributed between those who identify
an increase or decrease in Annoyance. Regarding the annoyance caused by road traffic noise (RTA),
46% describe being less annoyed by this noise source. Even though the time at home spent by the
respondents had increased, the traffic volume reduced substantially due to the circulation restrictions in
that period. These data also sustain that the annoyance levels presented in Table 2 were not amplified by
the changes in behaviour caused by the COVID-19 pandemic.

Figure 3 – Changes caused by the pandemic a) time spent at home; b) Annoyance and RTA.
3.2.5 %HA and ERRs
Table 4 presents the measured and calculated %HA using these ERRs and the simulated Lden.
Table 4 – Measured and calculated %HA.
Case
Control streets
Borgerhout pre
Borgerhout post

Measured %HA
20%
1.8
26.8
39.6

40%
12.4
64.3
73.6

Measured %HA (Road traffic noise)
20%
2.5
37.5
50.9

40%
15.5
67.9
83.0

Calculated %HA
[5] full [5] limited
dataset
dataset
18.8
14.6
13.6
8.3
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The %HA measured before the noise barrier replacement is considerably higher than %HA calculated from
the equations established by [5]. As the noise barrier replacement decreased Lden, the Eq. 1 and 2 predict a
reduction in the %HA, which is not observed in the measured result. The increase in %HA for the postsurvey can be attributed to the expectations regarding the improvement of the noise barrier not being met.
These results aligned with [6], who stated that social, psychological or economic factors play a more
significant role in annoyance evaluations than acoustic or physical factors. Therefore, local annoyance
models need to be created to estimate noise annoyance more accurately in those particular situations.

4

Conclusions

The noise barrier replacement in Borgerhout dropped LA,eq,(15 min.) in 4.1 dB(A); this new situation differs
from the control streets in 1.5dB(A). Even though the objective sound levels are closer to an 'ideal' situation,
the residents of Tuinwijk in Borgerhout have a complaint history regarding the exposure to road traffic noise.
Therefore, the reduction in the environmental noise promoted by the noise barrier replacement could not
reduce the annoyance levels accordingly. Annoyance levels correlate differently with the quality of life
indicators across the three domains. A weak link was observed with health problems, while a strong
correlation is confirmed with the comfort level to perform activities outdoors. No link was obtained with
sleep quality. The difference in the measured %HA to those calculated from the ERRs shows that those
models might not estimate %HA fairly or particular situations where high Lden is reported. Even though the
residents had spent more time at home due to the circulation restrictions resulting from the COVID-19
pandemic, most respondents reported being less annoyed by road traffic noise, most likely due to the
significant reductions in traffic volume observed during that period.
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Abstract
Research suggests that public policy discourse, socially shared information, and media coverage can
influence one’s perception of noise and its effects. Media coverage is expected to increase particularly in
change situations of noise sources. The NORAH study (Noise Related Annoyance, Cognition and Health)
investigated the effects of aircraft noise on people living near major airports in Germany while several
changes were implemented at Frankfurt Airport. We documented media coverage during the study years. We
conducted a media re-analysis within the ANIMA project, linking the media data to the aircraft noise
annoyance ratings from a sample of 3,308 respondents. We condensed the news headlines to categories of
topics like “night flight” and “protest”. For each participant, news from 180 days prior to the study
interviews were considered. Separate analyses were conducted to examine the influence of each category on
aircraft noise annoyance.
Keywords: aircraft noise, media coverage, non-acoustic factors, noise annoyance

1

Introduction

The noise-specific health outcome 'noise annoyance' is the most common effect used to estimate the impact
of noise on human-beings. Noise annoyance is also assumed to be associated with other health effects such
as mental health [1][2] or cardiovascular diseases [e.g. [3]]. However, only about 1/3 of noise annoyance is
explained by sound levels such als Lden or Ldn [4], although this varies between studies. However, other
factors are thought to contribute significantly to the magnitude of noise annoyance. These so-called nonacoustic factors comprise factors unrelated to sound exposure but known to potentially modify noise
responses [5]. They can be classified as personal and social factors (e.g. attitudes, noise sensitivity), physical
and situational factors (e.g. temporal factors of a noise situation, access to recreational spaces) among others
and are assumed to contribute to annoyance ratings [see [6][7]. One factor hypothesized to alter the
perception and response to noise is media coverage about noise topics. Research on environmental noise
sources, i.e. in wind turbine studies, suggest that when people get exposed to media material with
information about noise participants’ reaction to subsequent noise exposure was influenced accordingly
[8][9]. Positive framed media material was associated with less negative reactions on noise, i.e. people
reported less health complaints and lower annoyance rates in response to noise exposure [8][9], whereas
exposure to negative information about noise resulted in higher noise annoyance rates and more health
complaints [8][9]. This indicates that knowledge and information can influence (cognitive) reactions to
external stimuli.
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Another indicator that the distribution of information might affect people’s perception of noise can be found
in a study about public discussions about policy. In a study around two airport regions, Amsterdam and
Zurich, it was found that policy discourse effected people’s reasoning in annoyance ratings [10][11]:
arguments from public policy discourse were used by residents to explain annoyance ratings. Policy
discourse is usually covered in media coverage, therefore it can be assumed that the distribution via media
contributed to a general distribution of these information. Media information further tends to get socially
distributed, shared and discussed within one’s social environment, both in an offline and online context.
In the current study we examine the potential effect of the portrayal of aircraft noise issues in the media on
aircraft noise annoyance. In the course of the NORAH study a media analysis of aircraft-related media
coverage was conducted. We explore whether there is a relationship between the frequency of reports about
different aircraft noise-related topics and aircraft noise annoyance ratings during three study years. It is
hypothesised that media information about aircraft noise topics might contribute to or even trigger noise
responses.

2

Method

Within the scope of the EU-project ANIMA (Aviation Noise Impact Management through novel
Approaches), a re-analysis of data from the NORAH study (Noise-related annoyance, cognition, and health;
[12] was conducted. The NORAH study was a comprehensive research project investigating different
physiological and psychological effects of aircraft noise, among others, on people living in the vicinity of
airports in Germany. In the current study we focus on data that were collected in three annual survey waves
during the study period from 2011 to 2013 in the course of the opening of a new runway as well as an
implementation of a night flight ban at Frankfurt Airport in October/November 2011. Participants were
invited to participate in the study with a cover letter. Offered survey modes were online participation and
telephone interviews. Media articles from a press review were analysed [13]. We combined the media data
collected during the project period with the NORAH WP1 survey data on the residents’ noise annoyance
(and sleep disturbance) [for WP1 survey report see [14]]. The aim of this re-analysis was to investigate
whether media coverage during the study period had an influence on the aircraft noise annoyance and sleep
disturbance ratings of participants.
2.1

Study area and participants

The study was conducted around Frankfurt Airport. The study area was defined using noise contours of
continuous energy equivalent sound level during the day (Lday) and night (Lnight) of air traffic. With noise
levels 40 dB or higher buildings were included in the sampling pool. A stratified random sampling method
was used: participants were randomly selected within 5 dB classes of noise levels. In this study we included
data from participants who completed the survey in all three waves. In total, a sample data of 3,308 persons
with a minimum age of 18 years were analysed.
2.2

Study material

Media material
The daily compilation of press articles provided by the airport operator Fraport AG was analysed. It
contained articles on aircraft noise related topics. Only articles from pre-defined relevant sources and on
relevant topics were screened for further analysis. The press review was analysed assessing the frequency of
occurrence of specific aircraft and/or aircraft noise-related and/or aircraft-related terms with a text analysis
program. The articles were assigned to different categories accordingly. In this study we analysed the
following seven categories “sound insulation”, “protest”, “flight path”, “sound exposure”, “increase sound
exposure”, “night flight”, and “mistrust/trust in authorities”. The number of articles for each category per day
2
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was documented, then the relative number of articles in each category per day in relation to the total number
of relevant articles per day was calculated. Media coverage in this study is used as “mentioned in the media”,
regardless of the evaluative direction of the news report.
Survey questionnaire
In all three waves the same survey questionnaire was employed with only minor changes. Noise annoyance
was assessed with the standardised question recommended by the International Commission on Biological
Effects of Noise (ICBEN): „Thinking about the last 12 months, when you are here at home, how much does
noise from aircraft bother, disturb, or annoy you?“ [15][16], to be answered on a 5-point verbal scale from
(1) not at all to (5) extremely. Sleep disturbance was assessed with an adapted version of the question asking
for disturbances when falling asleep, sleep during the night and sleeping in. A mean score of the three sleep
disturbance questions is calculated. Besides noise annoyance and sleep disturbances as our main concepts of
interest in this analysis, the questionnaire further comprised questions assessing residents’ living conditions
and sociodemographic data among others.
Noise exposure
Address-specific equivalent sound levels and maximum sound levels were calculated for each participant, for
further details see [17].
2.3

Statistical analysis

New media variables were calculated for each noise-related category of media coverage and each year of the
study from 2011 to 2013. A media variable reflects the relative average media coverage of one media
category as percentage of the mentioning of this category among all reports related to Frankfurt Airport in
the press review for the 180 days prior to the interview date of each participant. The resulting values of all
media variables were shown to be non-normally distributed (right-skewed), therefore variables were
logarithmized for the regression analysis. Separate regression models were calculated for each media
category due to high intercorrelations between media variables.
The influence of media coverage on annoyance ratings was analysed using generalized linear models
(GZLM) with noise annoyance (or sleep disturbances, respectively) as the criterion variables. The predictor
variables included in the models were media variables, different noise metrics (Lden, Lnight) and the study year
(2011, 2012, 2013). The reference year was set for 2013 as an anticipated auxiliary baseline. For each media
category a separate regression was calculated.

3

Results

For a comprehensive overview of the study results see Deliverable D3.9. [18]. Descriptive statistics of the
sample and regarding the media variables is reported in Table 1.
The average age of the sample at the beginning of the project in 2011 was 52.6 years (SD=14.6). The gender
ratio was relatively balanced with 53.5% woman. Average sound pressure levels slightly decreased during
the years from 2011 to 2013 for Lden and Lnight. Average noise annoyance ratings in the sample were above 3
= moderately for all three years (2011: M= 3.3 (SD=1.3), 2012: M=3.4 (SD=1.3), 2013: M=3.2 (SD=1.3)).
The average sleep disturbance score of the sample was over 2= slightly disturbed in all three years (2011:
M=2.3 (SD=1.3), 2012: M=2.2 (SD=1.2), 2013: M=2.2 (SD=1.2)). Regarding the media variables the highest
relative number of articles from the selected categories were articles from the media category noise exposure
with a peak in 2012. In contrary, only few articles were published referring to the media category
“mistrust/trust in authority” and “increase in exposure”.
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Table 1 – Descriptives of the sample in the three study years 2011-2013.
2011

2012

2013

Gender
Female
53,5 %
Male
46,5 %
Socio-economic status
M(SD)
13.8 (4.4)
14.0 (4.2)
14.2 (4.2)
Age (years)
M(SD)
52.6 (14.6)
Noise levels Lden (dB)
M(SD)
51.8(6.2)
51.2(6.4)
50.5(6.5)
Min - Max
39.2 – 65.2
37.9 – 74.8
38.1 – 73.8
Noise levels Lnight
M(SD)
42.4(6.3)
41.8(6.0)
41.6(5.9)
Min - Max
35.0 - 56.7
35.0 - 65.4
35.0 - 64.2
Noise annoyance
M(SD)
3.3(1.3)
3.4(1.3)
3.2(1.3)
Sleep disturbances
M(SD)
2.3(1.3)
2.2(1.2)
2.2(1.2)
Media variables:
Sound insulation
M(SD)
1.6(0.2)
2.4(0.1)
1.5(0.2)
Protest
M(SD)
3.7(0.2)
6.5(0.2)
4.5(0.4)
Night flight
M(SD)
1.3(0.1)
4.6(0.8)
1.0(0.2)
Mistrust/Trust in
Authorities
M(SD)
0.2(0.02)
0.3(0.03)
0.2(0.1)
Noise exposure
M(SD)
6.1(0.3)
9.1(0.3)
7.1(0.2)
Increase exposure
M(SD)
1.1(0.04)
0.5(0.1)
0.4(0.1)
Flight path
M(SD)
3.5(0.2)
1.7(0.1)
2.2(0.4)
N = number of participants, M = mean, SD = standard deviation, min = minimum, max = maximum.
Correlations between acoustic variables (Lden and Lnight) and annoyance ratings ranged between 0.36 ≤ r ≤
0.48 (p < .001). Correlations between self-reported sleep disturbances and sound levels were similarly of
moderate values with 0.31 ≤ r ≤ 0.41 (p < .001). The correlations between media variables and response
variables (annoyance or sleep disturbances) were low and mostly non-significantly associated. Due to higher
intercorrelations between the individual media variables regression models were calculated separately for
each media variable.
Generalized linear mixed regression models were calculated with aircraft noise annoyance as the dependent
variable and media category variables as predictors. In addition, sound pressure levels (Lden, Lnight) and the
categorical variable study year (2011, 2012, 2013) were included as predictors. In total, eight separate
regression models were calculated. Results are depicted in Table 2. For each model regression coefficients
and standard errors are listed. Significant results are highlighted in red.
The sound level (Lden and Lnight, respectively) was a significant predictor in all models. Subsequently we
report the results that take into account media variables. Significant main effects were observed for media
4
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categories “noise exposure” and “night-flight” (for the two models with the media category “night flight”
M7, M8). The former effect needs to be interpreted with caution as the standard error has a rather broad
distribution. Interaction effects were found for the year 2012 and the media category “sound insulation”, i.e.
the media coverage on “sound insulation” predicted higher scores for noise annoyance in comparison with
2013. Another significant interaction effect was observed for the year 2011 and the media variable “flight
path” predicting an elevating effect on noise annoyance. Interaction effects were further observed in both
models with the media category “night flight”; prediction of a decrease in noise annoyance in the year 2011
in comparison with 2013 but an increase in sleep disturbance in 2011 in comparison to the year 2013.
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0,63(1,22)
0a
0,07(0,05)

0,09(0,01)

-0,42(0,18)

-0,61(0,58)

0a
0,01(0,03)

Lden

Year 2011

Year 2012

Year 2013
Lden *
log10Media_variable

0a
-1,47(0,97)
0,14(1,41)
0a

0a
-0,29(0,52)

2,49(1,23)

0a

Year2013 * Lden
Year2011 *
log10Media_variable

Year2012 *
log10Media_variable

Year2013 *
log10Media_variable

0a

-0,59(1,14)

0a
2,21(0,93)

0(0)

0(0,01)

0a
0,02(0,04)

0,06(0,35)

-1,43(0,66)

0,09(0,01)

-1,17(1,85)

-1,13(0,62)

Model 3:
flight path

0a

-0,23(0,43)

0a
-0,62(0,55)

0(0)

0,01(0)

0a
0(0,02)

-0,07(0,29)

-0,97(0,43)

0,1(0,01)

-0,41(1,1)

-1,78(0,71)

Model 4:
mistrust

6

0a

-0,34(1,76)

0a
-3,08(1,76)

0,02(0,01)

-0,01(0,01)

0a
-0,21(0,11)

-0,94(1,74)

2,66(1,45)

0,27(0,09)

11,85(5,58)

-11,56(4,72)

Model 5:
noise exposure

a. Reference category, Media variables are logarithmized due to their right-skewedness.

-0,01(0,01)

0(0,01)

Year2012 * Lden

0,01(0,01)

0,01(0)

Year2011 * Lden

-0,04(0,61)

0,05(0)

-4,32(2,8)

-1,22(1,78)

log10Media_variable

1,3(1,84)

-1,31(0,34)

Model 2:
protest

Intercept

Model 1:
sound insulation

Media variables:

0a

-0,04(0,5)

0a
2,72(1,46)

0(0)

0,02(0,02)

0a
-0,02(0,04)

-0,13(0,29)

-1,37(0,88)

0,09(0,02)

1,55(1,83)

-0,88(0,78)

Model 6:
increase noise
exposure

0a

0,32(0,27)

0a
-1,15(0,54)

0,03(0,01)

0,01(0)

0a
-0,04(0,02)

-1,61(0,75)

-0,68(0,22)

0,09(0)

2,18(1,07)

-1,47(0,15)

Model 7:
night flight Lden

0a

-0,28(0,26)

0a
0,05(0,55)

0,05(0,02)

0,02(0)

0a
-0,07(0,02)

-1,43(0,66)

-0,8(0,18)

0,07(0)

2,55(0,96)

-0,86(0,13)

Model 8: night
flight – Lnight
(outcome sleep
disturbance)

Table 2 – Regression coefficients and standard errors (in brackets) of regression models for aircraft noise annoyance and self-reported sleep
disturbance
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4

Discussion

In this media analysis the impact of media coverage about different aircraft noise-related topics on responses
to aircraft noise were investigated using longitudinal data from a socio-acoustic survey around Frankfurt
Airport. Effects of several media categories on aircraft noise annoyance and sleep disturbance were
observed. Influences of media coverage was examined for four groups of media reports: “sound insulation”,
“flight path”, “noise exposure” and “night flight”. Media coverage about “sound insulation” predicted higher
aircraft noise annoyance in 2012 in comparison to 2013, which might reflect an effect of the launch of a
regional fund to compensate/support exposed residents with sound insulation. No effect of media articles
about protests was observed which indicates that the reason of protests, in terms of the cause or topic, might
be more important than just the occurrence of protests for the response on noise. In addition, no effect was
observed for “mistrust”, which might be due to generally low occurrence of articles in this category. The
media coverage about “flight path” had an elevating effect on noise annoyance for the year 2011 in
comparison to 2013. Increased media coverage in 2011 could be a result of changes in the operational
configurations in flight paths about six months before the opening of the new runway in preparation to the
upcoming four-runway system. This might have triggered negative expectations about future noise
distributions after the expansion. Media coverage about “noise exposure” predicted the highest scores
although this result hast to be treated with caution as the standard error was very broad, indicating the effect
to be imprecise. However, an effect of media articles about “aircraft noise exposure” on aircraft noise
responses might reflect that the aircraft noise exposure might be related to worries about any harm for one’s
health or negative effects for one’s living situation. In addition, the use of noise exposure as a single category
might be too broad to properly represent the therein included effects. The media coverage about night flight
predicted a decreasing effect on aircraft noise responses, in 2011 in comparison to 2013, for noise annoyance
and sleep disturbance. Presumably, this is resulting from the night flight ban that was implemented in the
scope of the airport expansion in 2011.
In general, a high number of articles about certain topics are assumed to be indicative of importance or
actuality of a topic. However, one can argue whether public discourse is properly represented in the media.
The current press review that was analysed represents only an extract of available articles. It is an
approximation towards the number and kind of articles, a person is potentially exposed to. The possible
media exposure further does not necessarily reflect a person’s exposure to the specific media articles.
However, we can hypothesize based on a study by Bröer [10], that public discourse might resonate in private
discourse via media coverage. Future studies should also take into account the value of the articles, i.e. if
they report about negative, positive or neutral facts. Also, attention should be drawn to the potential impact
of social media on noise responses. Social media was not analysed in this study, however, there is evidence
of the important role of social media in the discourse in airport regions [19].

5

Conclusions

This media analysis found effects of aircraft noise-related media coverage on the manifestation of aircraft
noise responses. This finding emphasizes that non-acoustic factors should be taken into account when
investigating and addressing noise responses. It is not possible nor desired to influence media coverage but it
should be kept in mind that any intervention or airport-related decision can be accompanied by media
attention, i.e. spreading further through media and thus it is important to be transparent about those decisions
in noise management. Change and improvement of the noise situation should result in positive media
coverage. Therefore, transparent and honest communication should be established with any changes in noise
management [20].
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Abstract
Exposure to aircraft noise has been linked to health effects, e.g. cardiovascular disease, sleep
outcomes, and noise annoyance. Recent studies suggest noise annoyance to mediate the effects of
aircraft noise on other health outcomes. A similar mediating role of sleep disturbance is assumed
for cardiovascular diseases as cross-sectional studies revealed that awakenings are accompanied by
cardiovascular changes. Annoyance is regarded as a noise-induced stress response that is influenced
by acoustic and non-acoustic factors (NAF) including coping capacities and perceived control. Also,
for sleep disturbance, evidence exists for an influence of NAF. Whilst most interventions focus on
reducing noise exposure, the potential to reduce noise-induced stress responses through tackling
NAF can be considered as a promising new approach. We report implications for interventions at
airports that directly address the reduction of citizens’ responses related to non-acoustic factors.
Keywords: aircraft noise exposure, noise annoyance, sleep disturbance, health, interventions

1

Introduction

Aircraft noise exposure was found to be related to various adverse health effects [1], yet, a reduction in
aircraft noise exposure does not necessarily result in lower noise-related effects, e.g. annoyance [2]. In 2018,
the World Health Organization [1] published the Environmental Noise Guidelines for the European Region
(ENG). Based on several systematic reviews covering scientific literature published between 2000 and
2014/2015, the ENG encompasses different recommendations of source-specific exposure levels to avoid
harmful health effects of environmental noise and recommendations considering the health effects of noise
interventions [1]. In the ENG, the WHO distinguishes critical and important health outcomes. The distinction
between critical and important health outcomes is based on ‘the seriousness and prevalence of the outcomes
and the anticipated availability of evidence for an association with noise exposure” (p.10) [1]. The critical
outcomes include cardiovascular diseases, effects on sleep, noise annoyance, cognitive impairment of
children as well as hearing impairment and tinnitus, and the important outcomes encompass adverse birth
outcomes, quality of life, well-being, and mental health, and metabolic outcomes.
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For aircraft noise, within the framework of the European project ANIMA (Aviation Noise Impact
Management through novel Approaches), we reviewed the scientific literature published since 2014 for new
evidence of the impact of aircraft noise on the critical and important health outcomes as defined by the WHO
[1], [3][4][5].
First, we report studies on the effects of those health outcomes that the WHO classifies as critical health
outcomes in the ENG [1]: cardiovascular disease, sleep disturbance, and cognitive impairment. Results are
briefly summarized. Second, we report findings that analyse the relationship between health effects and noise
annoyance due to aircraft noise. Sleep disturbances were additionally identified as related to noise-induced
health effects with less evidence [5]. Finally, we give recommendations to approach noise-related health
issues by means of non-acoustic interventions.

2

2.1

Health effects of/related to aircraft noise

Cardiovascular diseases

Van Kempen et al. [6][7] conducted the systematic review that serves as the basis for the WHO
recommendations on reducing the risk of cardiovascular diseases due to environmental noise. The review
authors identified 600 references published between 2000 and 2015 that are related to the effects of
transportation noise (rail, road, aircraft) and wind turbine noise on the cardiovascular and metabolic system.
The investigated cardiovascular outcomes refer to hypertension (10 studies relating to aircraft noise),
ischaemic heart diseases (IHD) and stroke (7 studies on aircraft noise for each outcome). No statistically
significant increase in the risk of hypertension as well as stroke due to aircraft noise was identified after
aggregating the results of the evaluated studies. A meta-analysis of the reviewed studies identified a relative
risk of RR = 1.09 (1.04-1.15) per 10 dB increase in the day-evening-night level, Lden, for the incidence of
IHD based on results of 2 ecological studies with the evidence rated being of very low quality.
Recently published studies confirm evidence of nocturnal aircraft noise associated with a risk in
hypertension, for the prevalence of hypertension reaching, e.g., an odds ratio of OR = 1.34 (1.00 – 1.97) per
10 dB increase in the nocturnal equivalent sound pressure level, Lnight, [8] and for the incidence of
hypertension reaching an OR = 2.63 (1.21 – 5.71) [9]. A large-scaled case-control study found no significant
association between aircraft noise and hypertension [10]. However, in a subgroup the risk of hypertension
with a subsequent diagnosis of hypertensive heart disease increased with OR = 1.139 per 10 dB increase in
24 hours equivalent continuous sound levels LAeq,24h.
In the ANIMA review, we included five publications on IHD, myocardial infarction, cardiac arrhythmia and
heart failure. Besides equivalent continuous sound levels, such as LAeq,24h, Lden or Lnight, additional noise
metrics were used in recently published studies. For example, in the Swiss SiRENE study, the intermittency
ratio, indicating the proportion to which single noise events emerge from the background, was found to be
non-linearly associated with cardiovascular diseases, with strongest effect for mid-range intermittency [11].
In the French DEBATS study, the mortality rate ratio (MRR) was used to assess the increase in health risk
due to aircraft noise [12]. For cardiovascular disease, the authors found an MRR increase of 18 % per 10 dB
Lden. For coronary heart disease, MRR increased with 24 %, and for myocardial infarction with 28 % per 10
dB. The MRR risk increase was higher for men compared to women [12].
A study of the Swiss National Cohort around Zurich Airport considering data between 2000 and 2015
suggests that nocturnal aircraft noise can trigger acute cardiovascular mortality. The effect size of the
association was found to be similar to that of previous studies for long-term aircraft noise exposure [13].
With regard to the impact of aircraft noise on stroke the evidence is still inconclusive. The WHO review [7]
as well as the more recent RIVM review update [14], the review on aircraft noise and public health [15], and
the ANIMA review identified no consistent significant increase of risk for stroke associated with increased
aircraft noise exposure.
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2.2

Sleep

The studies on noise-related sleep disturbances that were considered in the WHO review [1] indicate a
significant positive association between Lnight and the percentage of highly sleep disturbed people (% HSD).
Further, the probability of additional aircraft noise-related awakenings was found to increase with an
increase in the maximum sound pressure level, LASmax. The ANIMA literature review identified 24 additional
relevant articles published between 2014 and 2021 [3][4][5]. The identified studies differ greatly with respect
to measures used and the operationalization of the outcome. This makes a comparison more difficult.
Eight publications used physiological measurements; self-reports were used in 21 studies. Studies with a
physiological measurement of sleep quality report an increase in wake time, time needed to fall asleep,
motility and number of awakenings with increased nocturnal aircraft noise exposure. When looking at the
probability of awakenings, the maximum sound pressure level seems to play the most important role.
One study examined the impact of a newly implemented night-flight ban at Frankfurt Airport and found the
night-flight ban to benefit residents, for example, by decreasing number of awakenings per night and
increase total sleep time [16]. However, the night-flight ban led to an increase in self-reported sleep
disturbance and additional awakenings during morning hours as a lot of former night flights were rescheduled from 5am onwards [2].
Most studies that used self-reports found aircraft noise exposure to influence the assessed sleep outcomes
such as sleep disturbance and sleep quality. In line with the WHO review [17], the effect of aircraft noise
exposure on sleep outcomes was higher in studies that specifically mentioned aircraft noise exposure as a
potential source of the sleep disturbance. When questions asked about general sleep quality, sleep
disturbance or insomnia criteria without mentioning aircraft noise, the effect of aircraft noise exposure on the
outcome measure was not throughout significantly [5]. It seems as if the wording of the question can cause
some bias as concluded before [17]. Mentioning aircraft noise as potential source of sleep disturbance may
activate personal attitudes and expectations associated with the noise source. As there is ample evidence for
the impact of non-acoustic factors including attitudes and expectations on annoyance ratings, it seems
plausible that they (indirectly and unconsciously) impact on self-reports of sleep, too. In addition, study
results indicate that aircraft noise exposure should not solely be assessed by average noise levels, but by, for
instance, considering the maximum noise level and number of noise events per night as well.
2.3

Cognitive impairment/cognition

A few studies investigated the effects of aircraft noise on cognition, examining different outcome measures
such as reading and oral comprehension, memory functions or children’s educational achievements as an
indicator for cognitive impairment. In the WHO review [18], the identified studies found moderate quality
evidence showing aircraft noise exposure to negatively affect reading skills, oral comprehension, and poor
long-term memory, among others.
An updated review within the ANIMA project identified one new study on cognitive effects in children: in
the NORAH study around Frankfurt Airport the effects of aircraft noise on school children’s cognition and
quality of life were examined [19]. The study found effects of aircraft noise on reading ability confirming
former results of the WHO review. A 10 dB increase in A-weighted equivalent continuous sound pressure
levels (LAeq) was associated with a delay in reading abilities of about one month [19].

3

Noise annoyance and sleep disturbances as mediators for health effects

Babisch describes in his noise reaction scheme [20] the potential mechanism of how noise affects health
outcomes. Sound exposure can evoke psychological and physiological reactions: cognitive, emotional and
behavioural reactions (annoyance and disturbances) as well as physiological (stress) responses, e.g., of the
endocrinological system. A prolonged activation of psychological and physiological stress mechanisms can
cause critical biological changes. This in turn might contribute to the development of serious health effects.
3
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3.1

Noise annoyance as a potential mediator of aircraft noise effects on health

There is a vast amount of studies investigating the effects of (aircraft) noise on health outcomes, but only a
few studies consider the underlying mechanism.
One critical determinant assumed to play a key role in the process of developing health effects that are
related to noise exposure can be found in noise annoyance. Noise annoyance is considered as a stress
response [21] and manifests itself at the cognitive level (e.g. helplessness/perceived control), in emotional
reactions (e.g. worry about potential harmful effects), and at the behavioural level (e.g. adapting behaviour
when disturbed by noise) [22]. The evaluation of a sound situation is important for the perception of stress;
additionally, physiological responses are directly linked to psychological stress responses; a mutual
interaction is assumed. As the stress system is strongly associated with various health issues, noise
annoyance is assumed to contribute to other health effects. In recent annoyance research, more attention was
given
to
the
relationship
between
noise
annoyance
and
other
health
outcomes
[23][24][25][26][27][28][29][30][31][32][33].
In several studies the relative risk for hypertension was found to be higher in people reporting annoyance
than in people who are not annoyed [23][26][30]. In another study, no association was found between noise
annoyance and increased blood pressure [29].
Sleep quality was associated with noise annoyance in a study by [24]: lower long-term aircraft noise
annoyance was related to better sleep quality in a cross-sectional study.
Recent studies further studied the relationship between aircraft noise annoyance and mental health and wellbeing measures: In a study examining the impact of aircraft noise on children, [33] found an increase in
aircraft noise annoyance to be accompanied by a decrease in children’s self-reported physical well-being.
Regarding research focusing on adults, [25] found participants reporting higher annoyance rates to be more
likely to have higher risks for psychological distress in comparison to people reporting lower annoyance
rates. Further, an increase of medication intake for anxiety disorders (anxiolytics) and also of
antihypertensive medication was associated with noise annoyance [27]. Additionally, aircraft noise
annoyance was shown to be related to healthy lifestyle behaviour: in a study on transportation noise, physical
activity was negatively associated with transportation noise annoyance, in particular aircraft and road traffic
noise annoyance, indicating that higher ratings of noise annoyance predicted future reduced physical
activity[31].
Two longitudinal studies found indirect effects of aircraft noise exposure via noise annoyance on decrease in
mental-health related quality of life [32] and on the number of reported depression cases [28].
These results emphasize a potential role of noise annoyance in the development of other health effects
related to noise, although most studies have not used a longitudinal design.
In addition, the reversed causal pathway was analysed in two studies for the relationship between noise
annoyance and mental-health related quality of life [32] and depression [28] with longitudinal data. Results
indicated that poorer mental health also predicted higher noise annoyance levels a year later. This implies
that vulnerable groups such as people with pre-existing illnesses or other health restrictions/issues might
have limited resources to cope with the noise, which can contribute to higher annoyance rates.
Corresponding to the stress mechanism, the exposure to noise can interfere with a person’s ability to cope
and prevent recreational processes. This further stresses that the appraisal of noise is important when
considering reversed causality. General health status, vulnerability and additional strains can influence how a
demanding situation or an environmental demand is perceived. In addition, living near an airport, i.e. being
exposed to aircraft noise, can be considered as a situation that is characterised by uncertainty or
unpredictability, which can trigger stress responses [34] and the ability to deal with this situation relates to
people’s coping capacities and perceived control.
These findings highlight the importance to focus on noise annoyance as a critical health outcome. However,
the full pathway of the underlying mechanism in the development of noise-related health outcomes needs to
be investigated in more detail.
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3.2

Sleep disturbances as potential mediator for the effects of aircraft noise on health

For human beings, undisturbed sleep of sufficient length is vital. Healthy sleep provides the necessary
daytime alertness, performance ability, and health [35].
Disturbed sleep due to noise together with noise annoyance are regarded as belonging to the possible key
mediating variables in the causal chain from noise exposure to noise-induced cardiovascular and metabolic
diseases [1]. The impact of noise on sleep and its further consequences can be classified as immediate
reactions, short-term reactions and long-term consequences [36][37].
The immediate reactions to nocturnal noise refer to physiological stress processes such as the release of
stress hormones, increase in blood pressure and heart rate. These noise-induced stress responses alter the
balance in physiological processes referring to blood pressure, blood flow, blood lipids, carbohydrates
(glucose) regulation, electrolytes, thrombosis/fibrinolysis, and vascular stiffness [37][38]. In consequence,
these changes in stress responses, again, affect the sleeping behaviour in terms of changes in sleep stages
from deeper to more lighter sleep stages, arousals, awakenings, reduced deep sleep time and increased total
wake time and general loss of sleep [37]. The short-term consequences of a noise-related reduction in
restoration during sleep is an increase in sleepiness, and reduction in well-being and cognitive performance
during the next day [37].
In principle, the appearance of acute reactions to aircraft noise at night-time is not different from natural
reactions, such as spontaneous awakenings. Nevertheless, if the number of these immediate reactions
increases considerably, this is assumed to constitute health problems as it reduces the restorative power of
sleep [37][17].
Long-term, chronic sleep disturbance is associated with vascular and systemic cerebral oxidative stress, and
inflammation, leading, again, to cardiovascular and metabolic diseases. It is assumed that recurring noiseinduced awakenings and the resulting sleep loss may account for the higher risks of negative health
outcomes after a longer period of aircraft noise exposure [38].
The assumption that noise-induced sleep disturbance is part of the causal pathway from nocturnal exposure
to increased risks for cardiovascular and metabolic diseases is often mentioned [e.g. [1]. However, evidence
for the mediating effect of noise-induced sleep disturbance of the impact of nocturnal noise exposure on
cardiovascular and metabolic diseases is scarce [38][39] or contradictory [40]. Very recently it was
concluded that nocturnal aircraft noise exposure increases the risk of developing hypertension via a direct
effect on blood pressure as well as via a mediated effect due to chronic sleep disturbance [39]. Additionally,
aircraft noise exposure caused increased blood pressure, endothelial dysfunction, markers of vascular and
systemic oxidative stress, and inflammation in mice during sleep but not during awake phases, pointing out
the important role of disturbed sleep on long-term health effects [41]. However, as mediators such as noise
annoyance seem to be relevant for long-term health effects as well [25][26], the relationship between the
immediate and long-term effects of noise, such as recurrent appearance of disturbed sleep, chronic
annoyance, and increase risks for cardiovascular, metabolic and mental diseases, is not completely clear, yet.
3.3

Interventions tackling non-acoustic factors

Reduction of noise exposure has not proved to fully reduce the predicted responses on noise [2]. An
alternative way to tackle noise responses may be found in non-acoustic factors. Non-acoustic factors (NAF)
have been shown to play a crucial role in the perception of noise and the development of noise annoyance
[21]. Non-acoustic factors are physical, social, and internal characteristics of the surrounding areas or the
affected person that influence the perception and processing of sounds [42]. Among others, NAF include
attitudes, concerns, expectations or trust in authorities. There is evidence that such NAF not only lead to selfreports of noise effects. For example, an effect of NAF, at least with respect to attitudes, was also found for
physiologically measured sleep quality [43]. Also, noise sensitivity is known to affect both self-reported
noise responses as well as physiological reactions [e.g. [44]. Figure 1 illustrates roughly how short-term and
long-term effects of aircraft noise, and non-acoustic factors are related.
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Figure 1 – Depiction of the link/relation between short-term and long-term health effects from aircraft noise.

4

Recommendations for interventions

The above-mentioned effects of noise annoyance on health highlight that noise exposure and noise
annoyance have a considerable effect on people’s wellbeing and health. Interventions that aim to reduce
aircraft noise annoyance could help to reduce the experience of stress and other negative health outcomes.
Therefore, interventions should not only focus on the reduction of the acoustic sound levels but in a broader
sense take non-acoustic factors of annoyance and sleep disturbance into account as well.
The perception of being in control over the noise situation or having the opportunity to participate in
aviation-related decisions could strengthen one’s coping capacity and affect noise annoyance [45][46][47].
Perceived control can be enhanced by direct and immediate measures and by indirect measures [46].
Immediate measures correspond to direct actions that help controlling the noise exposure such as choosing a
different location, recreational areas or respite locations or reducing the noise level by closing the windows.
Community representatives and community engagement procedures that take the individual’s concerns and
opinions into account can indirectly create the perception of being in control. The perception of control can
help to reduce the unpredictability of the noise exposure and the situation and in that way contribute to
reduced noise annoyance. Transparent communication practises could be a way to support measures to
reduce noise and noise responses [48].
One of the aspects that can help to create perceived control and reduce stress is the accessibility of
recreational and respite areas. Being able to escape the noise exposure allows for restoring capacities that are
diminished when dealing with ongoing noise annoyance and corresponding stress. Noise management should
set more attention on interventions that target non-acoustic factors and people’s perceived control in addition
to efforts related to the reduction of aircraft noise exposure and sound levels. However, the larger uncertainty
in the relation from NAF to annoyance (compared to the lower uncertainty between noise exposure and
annoyance) display the need for studies that are designed to investigate the effects of interventions tackling
noise annoyance through non-acoustic factors further.
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The implementation of noise monitoring systems is a potential intervention that can provide feedback on the
noise situation to residents and can enhance residents’ perceived control. Another aspect of monitoring
addresses the evaluation of interventions. It is important to monitor whether an intervention provides the
expected efficacy. Some interventions might need to be adjusted over time as the surrounding circumstances
might change and monitoring systems allows continuous evaluation.
There are many studies that focus on various outcomes of health effects caused by noise exposure and
annoyance. However, the outcomes differ considerably and there is still a need to investigate effects of noise
exposure on vulnerable population groups such as elderly people, children, chronically or mentally ill people
or people with a lower socioeconomic status [49]. For instance, the amount of deep sleep loss in primary
school children highly exposed to nocturnal aircraft noise resembles the amount of deep sleep loss in
children with obstructive sleep apnoea syndrome. The small but recurrent disturbance of deep sleep in those
children was concluded as a risk factor for the development of cardiovascular, metabolic and mental
deficiencies in adult life [50]. Whether noise-induced deep sleep disturbance of similar magnitude has the
same consequences needs to be subject of future research on the effect of transportation noise in the course
of life. Furthermore, the vulnerability due to physiological and/or psychological health issues may limit
resources to cope with noise, which can contribute to higher annoyance. Noise exposure and noise
annoyance can impact educational level and socioeconomic status, physical and mental health parameters,
phase in life, lifestyle factors and habits and therefore affect vulnerable population groups considerably
[51][49].

5

Conclusions

Overall, there is evidence for a relationship between noise annoyance and sleep disturbance and other health
outcomes. Recent noise impact studies further suggest that it is insufficient to solely rely on measures that
focus on average noise level reduction, but rather consider a reduction in noise effects. Therefore, it is
advised to combine measures to reduce noise responses with measures resulting in a reduced exposure.
Results indicate that aiming at a reduction of annoyance and sleep disturbance responses could further
decrease other health effects. Therefore, interventions should focus on the reduction of annoyance and sleep
disturbance as well. The effects of interventions should be frequently evaluated.
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Abstract
The European Directive 2015/996, of 19 May 2015, establishes common noise assessment methods
(typically referred as CNOSSOS methods) within the European space, pursuant to Directive 2002/49/EC, of
the European Parliament and of the Council. Thus, it is natural that the development of noise modelling of
wind farms will be carried out based on the CNOSSOS method for industrial noise sources. The CNOSSOS
method for industrial noise sources is based on the method of the standard ISO 9613-2: 1996. This article
presents the precautions that must be taken when using these methods (CNOSSOS or ISO 9613-2) for noise
modelling of wind farms, because, in some cases, an “unsafety” modelling may result in an underestimation
of the sound levels perceived in the Receivers. This article therefore presents, and justifies, some
recommendations on how to use the CNOSSOS or ISO 9613-2 methods, for safer predictions of sound levels
in Receivers, due to the noise of Wind Farms.
Keywords: CNOSSOS, European Directive 2015/996, ISO 9613-2, Wind Farm Noise, Wind Turbine Noise.

1

Introduction

The noise from wind farms has been a topic of growing interest in the technical acoustics community, as
demonstrated by the creation, in 2005, by INCE-Europe [1], of an exclusive biennial conference on the
subject. In 2021, the conference had its 9th edition. Analyzing the Post-Conference Report [2] it appears that,
in the present moment, the main points of interest are:
• Propagation: There is still pressure from manufacturers and developers for more accuracy on
predictions, mainly across water and on meteorological conditions other than downwind (other than
favourable propagation conditions).
• Regulations: Modern turbine control systems make possible to control turbines in different wind
conditions so that the noise level at any point is as close to the maximum permitted as possible.
• Measurement and Assessment: New IEC TS 61400-11-2 (Measurement of wind turbine noise
characteristics in receptor position), to be publish on 2022 [3] and the fact that Lden, as used by WHO
in the 2018 European Guidelines [4] is not much liked by consultants.
• Tonality: Although tonality in turbines seems to be much less common than it used to be it still
comes up as a problem in some instances.
• Amplitude Modulation (AM): Sometimes it appears to be of particular importance and other times
not so. Unlike tonality where well-defined assessment techniques have been available for some time,
the assessment of AM is at an earlier stage.
• Infrasound: The issue of infrasound does not seem to go away, in spite of the fact there is clearly no
evidence that it has any direct impact either on the health of people near wind farms or on their
perception of the noise.
1
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Therefore, people working on the topic of noise from wind farms should be aware of:
• Possible future developments on propagation models, over water and for conditions other than
downwind (other than favourable propagation conditions). Special care using current methods over
water or for not downwind conditions. For offshore wind farms see [5,6].
• The future publication of the new IEC TS 61400-11-2, and the possible future disregard of the Lden
parameter for Wind Turbine noise analysis.
• The possible non-consideration/penalty of the prediction analysis, due to the existence of tonal
characteristics – because it is unlikely for Wind Turbine noise – but the need for their control
through monitoring and appropriate methods, for example the method of ISO/PAS 20065:2016 [7].
• The possible non-consideration/penalty of the prediction analysis, due to the existence of Amplitude
Modulation (AM) – still not well established – but the need for its control through monitoring and
adequate methods, for example the methods of the references [8,9].
• The need to equating continuous monitoring and active control of the operation of wind turbines, to
ensure effective compliance with the noise limits established at points of interest.
In the following refences there are also important information on the “state of art” of Wind Turbine noise
subject: [10,11]

2

The use of ISO 9613-2

There are several papers warning about the need for care in using ISO 9613-2 [12] in wind farm noise
prediction, for example reference [13], in which it is stated that, in some cases, were measured values 15 dB
above of the predicted value.
As the references [14,15] correspond to institutional documents, directed to the precautions to be taken in the
use of ISO 9613-2 [12], in wind farm noise prediction, it seems to be appropriate to follow their
explanations, which are summarized below.
Guide for ISO 9613-2 [12] utilization in wind farm noise prediction (just for on-shore, because does not
cover long distance propagation over sea such as will be relevant to off-shore wind farms):
1. If there are spectral sound emission data, representative of the legal period of analysis in question,
for the following 1/1 octave bands (63Hz, 125Hz, 250Hz, 500Hz, 1000Hz, 2000Hz, 4000Hz,
8000Hz) they must be considered, and the regular attenuations of ISO 9613-2 [12] can be used. If
only broadband sound emission data are available, a conservative calculation should be carried out,
assuming a fully reflective ground and an attenuation, due to the atmospheric absorption, associated
with the 250Hz octave band.
2. In any case, a fully absorbent ground ( = 1) should not be used. For safety reasons – which can be
excessive in some cases – a fully reflective ground ( = 0) should be used. In most cases the use of
an intermediate ground absorption ( = 0.5) is adequate.
3. At least when using a ground sound absorption coefficient of  = 0.5, an uncertainty factor of +2 dB
must be added to the sound power values tested by the manufacturer.
4. Even for receivers with only 1 floor, the height of the receiver, in the acoustic model, must never be
less than 4 m above the ground.
5. Temperature and relative humidity values that represent a low attenuation due to atmospheric
absorption must always be used. Recommended values: 10ºC and 70%.
6. A further correction of +3 dB (or +1.5 dB if using  =0) should be added to the calculated overall Aweighted noise level for propagation “across a valley”, i.e. a concave ground profile, or where the
ground falls away significantly, between the turbine and the receiver location. The following
criterion of application is recommended:
hm ≥ 1.5  (abs (hs - hr) /2)

(1)
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where hm is the mean height above the ground of the direct line of sight from the receiver to the
source (as defined in ISO 9613-2 [12], Figure 3 (next Figure 1)), and hs and hr are the heights above
local ground level of the source and receiver, respectively.
Receiver

Source
hm = F/d (F is the Area)
Ground profile
Figure 1 – Mean height above the ground (Figure 3 of ISO 9613-2 [12]).
7. Topographic screening effects of the terrain (ISO 9613-2 [12], Equation 12) should be limited to a
reduction of no more than 2 dB, and then only if there is no direct line of sight between the highest
point on the turbine rotor and the receiver location. If significant screening from a landform barrier is
present near the receiver, higher barrier attenuation values of up to -10 dB(A) may be appropriate,
but any such cases are uncommon and should be fully justified in the assessment.
8. Forecasts must be made, for safety, considering the maximum value of Sound Emission (Sound
Power Level) and 100% probability of occurrence of favourable propagation conditions in all
directions and for all reference periods, which in the great majority of cases must be very excessive.
9. The consideration of non-maximum sound emission and/or non-favourable propagation conditions,
according with related statistics information, may be done with some care (see chapter
“4 Non-Maximum Sound Emission values”and chapter “5 Non-Favourable propagation conditions”).

3

The use of CNOSSOS (Industry)

With the publication of the European Directive 2015/996 [16] – in the Portuguese case, transposed by
Decree-Law 136-A/2019 – which establishes the use of the CNOSSOS [16] method in the European space,
there may be a “temptation” to use this method to predict the noise levels associated with Wind Farms in
Europe.
Thus, it is considered pertinent to compare the forecasts with the ISO 9613-2 [12] method and with the
CNOSSOS [16] method, to understand the necessary adaptations to the CNOSSOS [16] method – when
making noise forecasts in Wind Farms – having into account the necessary adaptations to the ISO 9613-2
[12] method, presented in the previous chapter “2 The use of ISO 9613-2”.
The comparison was performed using the Cadna A software [17], for the 4 cross-sectional terrain profiles
shown in Figure 1 to Figure 4, for two different ground absorption coefficients (=0 and =0.5) and for
favourable and unfavourable propagation conditions.
In Table 1 are shown the comparison results in a more complete way, showing the based forecast values for
ISO 9613-2 [12] and CNOSSOS [16] (Sound Power level of 100 dB(A)] and the differential, and the barrier
effect attenuation and the final results and differential. In Table 2 are shown the comparison results in a
simple way – just the final differential results – but for 63 Hz to 8000 Hz octave bands.
The comparison results, for favourable conditions (the unfavourable results are analysed in chapter
“5 Non-Favourable propagation conditions”) lead to the following main conclusions:
• The frequency values forecasts are different for ISO 9613-2 [12] and for CNOSSOS [16].
Sometimes the CNOSSOS [16] gives “final results” (after barrier effect correction) higher than ISO
9613-2 [12] (up to 2 dB difference, for 125Hz octave band, for 0.5 ground absorption and for Valley,
3
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•

•

•

Flat and Mount with line of sight ground profile), sometimes equal results (for example for all
frequencies, for 0 ground absorption and for Valley and Flat profile) and sometimes lower results
(up to -23dB, for 8000 Hz octave band, for 0 ground absorption and for Mount with line of sight
profile).
The 250 Hz octave band values forecasts are also different for ISO 9613-2 [12] and for CNOSSOS
[16]. Sometimes the CNOSSOS [16] gives “final results” (after barrier effect correction) higher than
ISO 9613-2 [12] (up to 2dB difference, for 0.5 ground absorption and for Mount with line of sight
ground profile), sometimes equal results (for example for 0 ground absorption and for Valley and
Flat profile) and sometimes lower results (up to -3dB, for 0 ground absorption and for Mount with
line of sight profile, and for Favourable conditions, for 0 ground absorption and for Mount with no
line of sight profile).
The use of CNOSSOS [16] method for wind farm noise forecasts must be done with some care and
the corrections to apply for more suitable results, based on ISO 9613-2 [12] corrections, are not
constant, and can be higher, equal or lower correction than ISO 9613-2 [12] corrections, depending
on the case.
Given the lack of a known institutional form that establishes the necessary adaptations for the use of
the CNOSSOS [16] method, when modelling the noise of wind farms, it is considered more
appropriate to use – if possible – the ISO 9613-2 [12] method, with the adaptations explained in
chapter “2 The use of ISO 9613-2”, instead of CNOSSOS [16] method.

Table 1 – Comparison results with ISO 9513-2 and CNOSSOS (250Hz octave band; more complete results)
Ground profile
(see Figure 2)

Ground
absorption
coefficient

Barrier effect
attenuation

Noise Level [dB(A)] corrected
for 0|2 dB maximum barrier
effect attenuation

ISO 9613-2
CNOSSOS
CNOSSOS ISO 9613-2

Valley
Valley

0
0

0
0

30
30

-

-

0

0

ISO 9613-2
CNOSSOS
CNOSSOS ISO 9613-2

Valley
Valley

Unfavourable/Homogeneous conditions
0
30
0
30

0
0

30
30

-

-

0

0

ISO 9613-2
CNOSSOS
CNOSSOS ISO 9613-2

Valley
Valley

0.5
0.5

0
0

28
29

-

-

0

1

ISO 9613-2
CNOSSOS
CNOSSOS ISO 9613-2

Valley
Valley

0
0

28
29

-

-

0

1

ISO 9613-2
CNOSSOS
CNOSSOS ISO 9613-2

Flat
Flat

0
0

0
0

30
30

-

-

0

0

ISO 9613-2
CNOSSOS
CNOSSOS ISO 9613-2

Flat
Flat

Unfavourable/Homogeneous conditions
0
28
0
30

0
0

28
30

-

-

0

2

ISO 9613-2

Flat

0.5

0

28

Method

Noise Level [dB(A)]
forecast (250Hz
octave band)
Favourable conditions
30
30
0

0
Favourable conditions
28
29
1

Unfavourable/Homogeneous conditions
0.5
28
0.5
29
1
Favourable conditions
30
30
0

2
Favourable conditions
28
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CNOSSOS
CNOSSOS ISO 9613-2

Flat

Ground
absorption
coefficient
0.5

-

-

ISO 9613-2
CNOSSOS
CNOSSOS ISO 9613-2

Flat
Flat

Method

Ground profile
(see Figure 2)

-

Noise Level [dB(A)]
forecast (250Hz
octave band)
29
1

Unfavourable/Homogeneous conditions
0.5
25
0.5
29
-

0

Noise Level [dB(A)] corrected
for 0|2 dB maximum barrier
effect attenuation
29

0

1

0
0

25
29

0

4

Barrier effect
attenuation

4
Favourable conditions

ISO 9613-2
CNOSSOS
CNOSSOS ISO 9613-2

Mount
(Line of sight)
Mount
(Line of sight)
-

0

17

13

17+13-0=
30

0

30

0

30

-

13

-13

0

Unfavourable/Homogeneous conditions
ISO 9613-2
CNOSSOS
CNOSSOS ISO 9613-2

Mount
(Line of sight)
Mount
(Line of sight)
-

0

15

13

15+13-0=
28

0

25

0

25

-

10

-13

-3

Favourable conditions
ISO 9613-2
CNOSSOS
CNOSSOS ISO 9613-2

Mount
(Line of sight)
Mount
(Line of sight)
-

0.5

22

5

22+5-0=
27

0.5

29

0

29

-

7

-5

2

Unfavourable/Homogeneous conditions
ISO 9613-2
CNOSSOS
CNOSSOS ISO 9613-2

Mount
(Line of sight)
Mount
(Line of sight)
-

0.5

20

5

20+5-0=
25

0.5

24

0

24

-

4

-5

-1

Favourable conditions
ISO 9613-2
CNOSSOS
CNOSSOS ISO 9613-2

Mount
(No line of sight)
Mount
(No line of sight)
-

0

17

13

0

11

16

-

-6

3

17+13-2=
28
11+16-2=
25
-3

Unfavourable/Homogeneous conditions
ISO 9613-2
CNOSSOS
CNOSSOS ISO 9613-2

Mount
(No line of sight)
Mount
(No line of sight)
-

0

15

13

0

8

19

-

-7

6

15+13-2=
26
8+19-2=
25
-1

Favourable conditions
ISO 9613-2
CNOSSOS
CNOSSOS ISO 9613-2

Mount
(No line of sight)
Mount
(No line of sight)
-

0.5

17

10

0.5

8

19

-

-9

9

17+10-2=
25
8+19-2=
25
0

Unfavourable/Homogeneous conditions
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Method
ISO 9613-2
CNOSSOS

Ground profile
(see Figure 2)

Ground
absorption
coefficient

Noise Level [dB(A)]
forecast (250Hz
octave band)

Barrier effect
attenuation

0.5

15

10

0.5

6

21

-

-9

11

Mount
(No line of sight)
Mount
(No line of sight)

CNOSSOS ISO 9613-2

-

Noise Level [dB(A)] corrected
for 0|2 dB maximum barrier
effect attenuation
15+10-2=
23
6+21-2=
25
2

Table 2 – Comparison results with ISO 9513-2 and CNOSSOS (63Hz to 8000Hz octave bands; just
differential and final results)
Method

CNOSSOS ISO 9613-2

Ground
profile
(see Figure 2)

Ground
absorption
coefficient

Valley

0

Noise Level difference [dB(A)] forecast
Hz
63
125
250
500
1000
2000
Favourable conditions
0

0

0

0

4000

8000

0

0

0

0

0

0

0

0

0

0

0

0

-1

0

0

0

0

-1

0

0

0

0

0

0

2

2

3

2

0

0

0

0

-1

0

3

3

2

2

0

0

0

0

0

-23

-3

-3

-4

-2

-23

0

0

0

-1

-3

-6

-7

-6

-2

-3

-3

-3

-3

-3

-4

-1

-2

-1

-2

Unfavourable/Homogeneous conditions
CNOSSOS ISO 9613-2

Valley

0

0

0

0

Favourable conditions
CNOSSOS ISO 9613-2

Valley

0.5

-1

2

1

Unfavourable/Homogeneous conditions
CNOSSOS ISO 9613-2

Valley

0.5

-1

2

1

Favourable conditions
CNOSSOS ISO 9613-2

Flat

0

0

0

0

Unfavourable/Homogeneous conditions
CNOSSOS ISO 9613-2

Flat

0

2

3

2

Favourable conditions
CNOSSOS ISO 9613-2

Flat

0.5

-1

2

1

Unfavourable/Homogeneous conditions
CNOSSOS ISO 9613-2

Flat

CNOSSOS ISO 9613-2

Mount
(Line of sight)

CNOSSOS ISO 9613-2

Mount
(Line of sight)

CNOSSOS ISO 9613-2

Mount
(Line of sight)

CNOSSOS ISO 9613-2

Mount
(Line of sight)

CNOSSOS ISO 9613-2

Mount
(No line of
sight)

CNOSSOS ISO 9613-2

Mount
(No line of
sight)

0.5

1

4

4

Favourable conditions
0

0

0

0

Unfavourable/Homogeneous conditions
0

-2

-2

-3

Favourable conditions
0.5

-1

2

2

Unfavourable/Homogeneous conditions
0.5

-4

0

-1

Favourable conditions
0

-2

-4

-3

Unfavourable/Homogeneous conditions
0

-1

0

-1

-1

6
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Ground
profile
(see Figure 2)

Ground
absorption
coefficient

CNOSSOS ISO 9613-2

Mount
(No line of
sight)

0.5

CNOSSOS ISO 9613-2

Mount
(No line of
sight)

Method

Noise Level difference [dB(A)] forecast
Hz
63
125
250
500
1000
2000
Favourable conditions
-2

-1

0

-2

4000

8000

-1

-2

-2

0

1

1

0

1

Unfavourable/Homogeneous conditions
0.5

-1

3

2

0

Figure 1 – Valley profile [hs=80m; hr=4m; F=96200m2; d=1103m; hm=87m; 1.5  (abs (hs - hr) /2)=57m].

Figure 2 – Flat profile [hs=80m; hr=4m; F=46200m2; d=1103m; hm=42m; 1.5  (abs (hs - hr) /2)=57m].

Figure 3 – Mount (line of sight) profile [hs=80m; hr=4m; F=26200m2; d=1103m; hm=24m;
1.5  (abs (hs - hr) /2)=57m].

Figure 4 – Mount (no line of sight) profile [hs=80m; hr=4m; F=15300m2; d=1103m; hm=14m;
1.5  (abs (hs - hr) /2)=57m].

4

Non-Maximum Sound Emission values

Since a great majority of requirements related with long term average values – for example in the Portuguese
case (Decree-Law 9/2007) annual average for the called Maximum Exposition Criterium (11.st Article) and
more critical month average for the called Discomfort Criterium (13.rd Article) – the use of just maximum
sound emission values can be too much conservative.
Theoretically, if we have daily/hourly information of the actual wind turbine sound emission (Sound Power
Levels) we can calculate the annual average (energetic/logarithmic average of the daily/hourly sound power
levels) and the more critical month average (energetic/logarithmic average), for the day period (Portuguese
case 7am to 8pm), the evening period (Portuguese case 8pm to 11pm) and the night period (Portuguese case
11pm to 7am).
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Normally we don´t have the information of daily/hourly sound emission values during a year, but we can
have the information of the daily/hourly rotor speed, and have a relation of rotor speed with wind turbine
sound emission (sound power level). If it is the case, normally we can use this information to calculate the
annual or more critical month Wind Turbine Sound Power Level to use.
It is very usual to have the information of daily/hourly wind speed at 10 m high and the relation of this speed
values with wind turbine sound power levels for a neutral atmosphere (see [18]). If it is the case, we must be
very careful, because for a stable atmosphere – mainly at night – the Wind Turbine Sound Power levels can
be higher than the values given for a neutral atmosphere (see [18]).
In some way we want to relate the wind speed vref at a reference hight href, with the wind speed vh at other
hight. The reference [18] uses the following equation (equation (4) of [18]):
vh = vref (h/href)m

(2)

Some values of m (table 1 of [18]): very unstable: m = 0.09; neutral: m = 0.22; very stable: m = 0.41.

5

Non-Favourable propagation conditions

As explained above, a great majority of requirements related with long term average values. Therefore, to
use just favourable propagation conditions can be too much conservative.
We must be aware that the ISO 9613-2 [12] method and CNOSSOS [16] method tends to give much higher
values than reality, for non-favourable conditions. The CNOSSOS [16] method majorize the values for
unfavourable conditions (upwind) assuming homogenous conditions.
The point 4.4.3 of chapter “4.4 Propagation Directivity” of reference [14] gives the results summarized on
Table 3.
Table 3 – Result for favourable and non-favourable conditions (figure 6 of [14])
Landscape
Flat landscape downwind
Flat landscape crosswind
Flat landscape upwind
complex landscape downwind
complex landscape crosswind
complex landscape upwind

< 5,25Rotor hight
0 dB
-2 dB
0 dB
0 dB
-2 dB
0 dB

Distance between wind turbine and receiver
7,5Rotor hight
11Rotor hight
0dB
0dB
-2dB
-2dB
-4dB
-9 dB
0dB
0dB
-2dB
-2dB
-2dB
-5 dB

18Rotor hight
0dB
-2dB
-13dB
0dB
-2dB
-8dB

Comparing Table 3 results with Table 1 results – assuming that Table 1 results (d = 1103m) can be compared
with 11Rotor hight (11x80=880 m) Table 3 column – we can see that ISO 9613-2 [12] gives, at maximum,
a difference of 3 dB between downwind and upwind, and Table 3 gives a difference of 9dB, for flat
landscape, and 5 dB for complex landscape. CNOSSOS [16] gives, at maximum, a difference of 5 dB
between downwind (favourable conditions) and upwind (unfavourable conditions).

6

Monitoring

Nowadays, with greater ease of access to continuous monitoring systems (see for example [19]), the
possibility of continuous monitoring should be duly considered, at least for those wind farms with a greater
probability of noise problems. In the monitoring that is carried out – continuous, without the presence of a
technician, or by sampling with the presence of a technician – It should be possible to record the noise
emission data of the wind turbines, or associated information, to properly determine the most critical month
of noise emission (special interest for the Portuguese legislation). In the case of the presence of a technician
and the wind turbine being visible, the technician must count, for control, the speed of rotation of the blades
of the nearest wind turbines (similar to the need of traffic count when we do traffic noise measurements).
It should also seek to characterize, at least for information, the presence of tonality and Amplitude
Modulation, through the best available methods [7,8,9].
8
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7

About Lden

The equations to calculate Lden, for Portugal are the following (equation (3) for Continent and Madeira
Islands and equation (4) for Açores Islands):
Lden = 10*Log((1/24)(1310^(Ld/10)+310^((Le+5)/10)+810^((Ln+10)/10)))

(3)

Lden = 10*Log((1/24)(1410^(Ld/10)+210^((Le+5)/10)+810^((Ln+10)/10)))

(4)

In some way, we are assuming that the human sensibility to noise is 5 dB higher at evening time and 10 dB
higher in night-time, comparing with daytime, what, typically, is adequate for residential kind of use. For
other kind of use, with typical higher sensibility on daytime, for example a school. Lden is not adequate.
When WHO 2018 European Guidelines [4] recommends, for Wind Turbine noise, just Lden ≤ 45 dB(A), and
no specific limits for Ld, Le and Ln, the requirements for Lden can be achieved by the following different set of
values (in this demonstration we are using just equation (3)):
• Ld < 45 dB(A); Le < 40 dB(A); Ln < 35 dB(A) (this set fulfils the typical relation of residential human
sensibility for day, evening and night time).
• Ld < 30 dB(A); Le < 35 dB(A); Ln < 40 dB(A) (this set fulfils the reverse of the typical relation of
residential human sensibility for day, evening and night time).
• Ld < 39 dB(A); Le < 39 dB(A); Ln < 39 dB(A).
Because of this, some consultants, and some countries, think that is advisable to establish requirements in
terms of Ld, Le and Ln, and not just in terms of Lden and Ln and, even worst, not just in terms of Lden.
According with refence [20] Table 1, Belgium, Bulgaria, Spain and Sweden, in Europe, establish limits for
Ld, Le and Ln.

8

Conclusions

As explained above, it is recommended, if possible, for winf farm noise calculation, to use the ISO 9613-2
[12] method, with the adaptations explained in chapter “2 The use of ISO 9613-2”, instead of the CNOSSOS
[16] method, because CNOSSOS [16] does not have a known official document with the necessary
adaptations. The results obtained, when comparing the results with the ISO 9613-2 [12] and CNOSSOS [16]
methods, demonstrate that the necessary adaptations for the CNOSSOS [16] method, in relation to the
ISO 9613-2 [12] method, are not constant (sometimes positive, sometimes null and sometimes negative)
depending on the case.
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Abstract
Exposure to high levels of road traffic noise is associated with adverse health outcomes. Whereas cyclists’
exposure to noise could substantially vary according to their route choice, the literature suggests that cyclists,
in general, are exposed to higher noise levels than other transport mediums, e.g. cars. This work, therefore,
aims to assess cyclists’ exposure to noise in the Danish city of Roskilde. A bike-to-work noise measurements
campaign at a University Campus was conducted in September – October 2020 under Corona lockdown. The
measurements were performed using portable noise sensors and mainly covered morning (07:00 – 09:00) and
evening (15:30 – 17:30) rush hours. Overall, the measured noise levels (LAeq,1min) varied in the range, 51 –
91.4 dBA (Median: 69 dBA). The ANOVA analysis revealed no statistically significant difference in the
recorded noise levels of morning and evening trips. The presentation will provide more insights into the
results.
Keywords: Road traffic noise, cyclists’ exposure, health outcomes, COVID-19, lockdown.

1

Introduction

Noise is an unwanted sound and invisible danger. According to the World Health Organization (WHO),
hearing loss is the fourth highest cause of disability globally, having an estimated annual cost of over 750
billion dollars [1]. In Denmark, approximately 800,000 Danes have a hearing problem, and about every 3 rd
Dane is bothered by noise [2]. Exposure to higher, unsafe levels of noise (WHO limit: > 55 dB) is a
significant cause of hearing impairment, which is often referred to as “noise-induced hearing loss” [3, 4].
Workplace and commuting, among others, are the two main environments, where individuals are exposed to
harmful noise levels.
To evaluate the influence of workplace noise exposure on individuals’ health, it is indispensable to take into
account not only work-related noise exposure, but also non-occupational exposure, such as travel to work
and back [5]. Nevertheless, the majority of workplace safety laws, e.g. [6, 7], are focused on protecting
workers from noise-related hazards at work, and a complete noise exposure assessment by taking into
account non-occupational activities, e.g. commuting, is often ignored. Therefore, there is a dire need to
address this issue.
Bicycling is one of the primary modes of transportation in Denmark, which roughly accounts for 33% of
trips to the workplace [8]. There is a growing body of evidence that bicyclists and pedestrians are exposed to
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relatively higher noise levels, on average, > 75 dBA, compared to other transportation modes [9]. In
particular, exposure longer than four seconds of 114 dBA may lead to a greater risk of noise-induced hearing
loss [10]. However, noise exposure of individuals who bicycle to work is under-studied, particularly in the
Danish context. To the authors’ knowledge, there are only a few scientific articles on this subject.
Recently, Apparacio and Gelb [11] studied bicyclists’ exposure to road traffic noise in Copenhagen,
Denmark, and compared it with noise levels in Paris (France) and Montreal (Canada). Their work, however,
was based on six days of measurements (3 sensors), focused on evaluating bicycling infrastructure of the
cities in question, and did not distinguish between work and other commuters. Thus, the research gaps
concerning noise exposure of bike-to-work commuters persist and need to be addressed.
The recent Corona virus pandemic (COVID-19) has influenced humanity across the globe, via societal
closures and lockdowns. Whereas all institutions and organizations were closed down during the pandemic in
Denmark, some government employees performing critical functions (daily laboratory work, management,
etc.) were allowed to work. At the same time, the associated lockdowns and restrictions also provided
experimental environments to study noise levels under reduced traffic volumes.
Therefore, this paper aims to study noise exposure of bike-to-work commuters under Corona lockdown at a
University campus in the Danish city of Roskilde.

2

Materials and methods

This section reflects on the study site and bike-to-work campaign under Corona lockdown. Data collection
and analysis are also summarized.
2.1

Study site and bike-to-work campaign

The study site is the Department of Environmental Science, Aarhus University (hereafter, ENVS). The
ENVS is located at the DTU Risø campus, which is home to several research centres. The campus is located
in the north of Roskilde, a Danish city with relatively less busy roads, compared to, for example,
Copenhagen. Figure 1 shows the study site, its surroundings, and the city of Roskilde. The landscape
surrounding the study site is mainly bounded by dense and sparse vegetation and water bodies. In addition,
there is a highway nearby, namely, Frederiksborgvej, which connects the DTU Risø campus with the
different parts of the city (Figure 1).

Figure 1 – The city of Roskilde and the study site. Note: only relevant areas of Roskilde are shown in the left
panel. Background map © OpenStreetMaps.
2
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Every year ENVS organizes a bike-to-work campaign to motivate its employees towards a healthy lifestyle.
In conjunction, a similar campaign was organized in September – October 2020, which was disrupted due to
Corona lockdown. However, a few employees performing daily-basis, critical laboratory and maintenance
tasks were allowed to come to the ENVS. Thus, bike-to-work participants were requested to help with the
noise measurements. Of which, six participants, bicycling from different parts of the city to the ENVS, were
chosen. The aim was to maximize the coverage of different areas of Roskilde (e.g. city centre, remote area)
as much as possible. The measurements protocol is described in the next section.
2.2

Data collection

As stated above, six volunteers were involved in the data collection. The measurements were performed from
18 September – 20 October 2020 and on dry days only. During data collection, volunteers bicycled from
their residential locations to ENVS and back during morning and evening rush hours. The morning trip was
made between 07:00 – 09:00 hours, whereas the evening trip was covered between 15:30 – 17:30 hours. The
same route (both ways) was covered each day without any stopovers, e.g. a visit to a supermarket on the way
back home. In total, 771 km (51.4 hours, GPS trace) were travelled through the city of Roskilde. Figure 2
shows the routes of six volunteers.

Figure 2 – The routes of volunteers during the noise measurements campaign under Corona lockdown in
Roskilde from 18 September to 20 October 2020. Background map © OpenStreetMaps.
The data was collected using HBK – Hottinger Brüel & Kjær’s A/S Personal Noise Dose Meter (Type 4448,
class 1) (HBK, Nærum, Denmark). The HBK’s noise dose meter recorded A-weighted equivalent sound
pressure level every minute, namely, LAeq,1min, in dBA. We believe the temporal resolution of one minute is
sufficiently detailed, since bicyclists were requested to maintain a mean speed of 15 km/h. At this speed, a
cyclist can only ride 250 m in one minute. This was in line with the measurements strategy adopted by
Apparacio and Gelb [11], who used 3 similar sensors to investigate cyclists’ noise exposure in Copenhagen.
However, in our study, each volunteer carried two sensors attached to the backpack (not shown here, the
presentation will reflect on all relevant figures). The aim was twofold. First, to minimize the wind-induced
noise affecting the noise measurements. Second, to double the amount of data collected. In total, 12 sensors
were used. The sensors were calibrated once a day using the sound calibrator, Type 4231, per the
manufacturer’s recommendation. In addition, colocation tests of the sensors were also performed, where
sensors were placed in a quiet room, and their measured noise levels were compared.
3
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The GPS data was collected using a freely available Android app, OSMTracker for AndroidTM. The app
recorded the GPS coordinates every second. Due to General Data Protection (GDPR) issues, the GPS data of
bicyclists’ homes was discarded, and while bicycling to work in the morning, the nearest street to the house
was assumed as the starting point. The GPS points were first map-matched with the OpenStreetMaps®, and
then merged with the data collected by noise sensors.
We also obtained meteorological data from the meteorological mast at the DTU Risø campus. The data, for
the relevant measurements hours, 07:00 – 09:00 and 15:30 – 17:30, contained ten-minute averages of air
temperature (0C), wind speed (m/s), wind direction (degrees), and relative humidity (%).
2.3

Data analysis

We conducted the descriptive and statistical analysis of the collected data (LAeq,1min). Several measures were
computed, including minimum, maximum, variance, standard deviation and percentiles (i.e. 5th, 10th, 25th,
50th, 75th, 90th, 95th), all given in dBA. In addition, we also performed a one-way Analysis of Variance
(ANOVA) to determine, whether there was a statistical difference between noise levels of morning and
evening trips. Box plots were used to illustrate the differences graphically.
In the following sections, we present and subsequently discuss the selected results. The presentation will
reflect on more results and associated discussions.

3

Results and discussions

Table 1 shows summary statistics of the measured noise per minute, LAeq,1min (dBA), from 18 September to
20 October 2020 under Corona lockdown in Roskilde, Denmark. An overview of the recorded noise
(morning, evening, overall) is presented (Table 1). For the morning trips (N = 1094, per minute values), the
measured noise varied from 51 – 88 dBA, whereas for the evening trips (N = 844), the upper limit was
slightly higher, i.e. 91.4 dBA. The summary statistics shown in Table 1 revealed that there was no significant
difference in the recorded noise levels of the morning (07:00 – 0900) and evening (15:30 – 17:30). This is
most likely due to reduced, somewhat similar traffic conditions, particularly in morning and evening rush
hours, under COVID-19 restrictions.
Similar noise levels prevailed during the whole measurements campaign (see Table 1), with the overall
median value found to be 69 dBA. In addition, the ANOVA analysis confirmed no statistically significant
difference in the measured noise during morning and evening trips, that is, F (1, 1936) = 0.42, p-value =
0.52, between the groups (morning and evening trips) (see Table 2 and Figure 3). Furthermore, the noise
levels were relatively higher along intersections and busy roads, and varied rather smoothly along
minor/less-busy roads (Figure not shown here).
Several researchers have studied noise levels in terms of the COVID-19 perspective. For example, Sakagami
[12] evaluated recorded noise levels after the COVID-19 state of emergency in Kobe, Japan. They divided
noise levels into the morning (07:00 – 11:00) and evening (17:00 – 19:00) with several measurements per
day for each time period. The author did not notice a significant difference in morning and evening noise
measured data, similar to our finding (Figure 3).
In addition, several studies have compared pre- and post-lockdown noise levels, Hornberg et al. [13] in
Germany and Mishra et al. [14] in India, to name a few. A similar comparison will be the logical next step of
the noise measurements experiments discussed in this paper.
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Table 1 – Summary statistics of the measured noise per minute (LAeq,1min) (dBA) from 18 September to 20
October 2020 in Roskilde, Denmark. Note: N = number of per minute LAeq values in dBA.

N
Percentiles
5
10
25 (first quartile)
50 (median)
75 (third quartile)
90
95
Min
Max
Variance
Standard deviation

Morning
1094

LAeq (dBA)
Evening
844

Overall
1938

56.4
58.5
63.2
68.7
74.2
79.5
81.2
51.0
88.0
57.8
7.6

55.4
58.2
63.6
69.1
73.9
78.2
79.3
51.3
91.4
52.0
7.2

55.9
58.4
63.5
69.0
74.1
78.9
80.5
51.0
91.4
55.2
7.4

Table 2 – The Analysis of Variance (ANOVA) of the measured noise, LAeq,1min (dBA), for morning and
evening trips. DF = Degrees of freedom, SS = Sum of squares, MS = Mean of squares, F-value = F-test
statistic, Pr = p-value.
Between groups
Within groups
Total

DF
1
1936
1937

SS
23
106935
106958

MS
23.2
55.2

F-value
0.42

Pr (> F)
0.52

Figure 3 – Box and Whisker plots of the measured noise level, LAeq,1min (dBA), for the morning and evening
trips from 18 September – 20 October 2020.
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4

Conclusions

In this work, noise exposure of individuals, bicycling to work under Corona lockdown in the Danish city of
Roskilde (September – October 2020) has been studied. Overall, the measured noise levels, LAeq,1min (N =
1938), varied in the range, 51 – 91.4 dBA, with a Median value of 69 dBA. There was no statistically
significant difference in the recorded noise levels of morning and evening trips (N = 1094 and 844), which
was further confirmed by the ANOVA analysis (F-value = 0.42, p-value = 0.52).
Since Corona restrictions have almost ended, repeating the same experiments and comparing pre- and postlockdown noise levels is a logical next step of the work described in this paper.
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Abstract
Noise is one of the environmental aspects where it seems more difficult to guarantee full compliance with
legal limits, especially in complex industrial plants with a multitude of noise sources. Very often tonal
characteristics are present, which may lead to tonal penalty according to noise regulations. This paper
describes the application of noise mapping combined with acoustic camera beamforming techniques, to
identify, localize and rank industrial noise sources, including those with strong tonal content, showing how
this combined use can help in the development of effective noise reduction plans for industrial plants.
Starting from the development of an acoustic model, based on ISO 9613 and including all relevant noise
sources, a validation process is applied which includes acoustic camera measurements at receivers in the far
field from the sources, typically close to sensitive locations, such as neighbouring houses. Practical examples
are presented and discussed.

Keywords: beamforming, noise source localization, noise mapping, noise action plan, industrial noise
control.

1

Introduction

Environmental noise assessments around industrial sites are generally performed by means of short or longterm measurements around the site, and near sensitive receivers, such as dwellings, where compliance with
legal limits must be verified. Typically, legal limits related to noise nuisance in the vicinity of a factory (or
other noisy activity), can be established in terms of the difference between the background noise (factory off)
and the total noise (factory on), accounting also to specific noise characteristics such as tonality and
impulsivity and, in some cases, low-frequency content. When legal limits are exceeded, the factory is
required to take actions to reduce its noise emissions.
Noise abatement measures can be very costly and, therefore, should be carefully studied, so that the right
noise sources are selected to act upon, and the right noise control actions are taken. Failing to do this
normally leads to a company spending a lot of money, which can easily amount to several tens or hundreds
of thousands of euros and end up still not complying with the legal criteria. This is especially true in complex
industrial plants, with a multitude of noise sources, where it is not really possible to find out which are the
most important sources just “by feeling”, and, also, one cannot switch on and off each individual source to
measure their separate contributions to the total noise observed near a neighbour. So, to correctly identify
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and rank the noise sources, and establish a realistic noise control action plan, advanced modelling and/or
measuring techniques must be called in.
The development of computer modelling techniques that simulate the acoustic emission and propagation,
enables one, in our days, to model with good accuracy and reasonably fast, the most complex scenarios of
noise generation and propagation [1]. The results are normally presented in the form of coloured noise maps,
each colour corresponding to a given interval of noise levels, typically in steps of 5 dB. Above all, such a
model, if correctly developed, enables one to rank noise sources, extract the individual contributions of each
noise source to any given receiver, update the information whenever changes are introduced in the factory,
and establish detailed noise control action plans with predictable results. Difference maps can also be
extracted from such a model, in order to depict before vs. after maps, total noise vs. background noise maps,
or scenario 1 – scenario 2 maps, etc. By ranking the sources and predicting the practical outcome of any
scenario, one can effectively optimize the investment in noise control actions.
Having said this, the development of an accurate acoustic model of a factory that can be effectively used to
establish a successful environmental noise action plan is not that easy. Getting the correct input data is, as in
any model, the most critical part of the job: the “garbage in, garbage out” expression fully applies here [2]. In
practice, the sound power of each source is estimated, from sound pressure measurements close to the
source, and eventually later adjusted, following a validation process, to tune the model and make it as close
as possible to reality. It is worth saying that we are, of course, mainly interested in the accuracy of the model
for the correct calculation of the source’s contributions at the relevant receivers, such as houses nearby the
factory, so the validation process should have this in mind.
There are situations, however, where a model validation process by sound pressure level measurements is not
enough to be sure about the results or, in other cases, where we want to perform a first check to confirm
which are the more relevant areas of the factory to include in the model. In other situations, one may have
difficulties identifying the origin of a specific frequency tone which leads to a legal penalty or, maybe, have
doubts about the influence of the directivity of some source upon its contribution at a certain receiver, or
simply can’t reach a source to measure it (e.g., a factory stack). These are all situations where it can be very
useful to make use of adequate acoustic camera beamforming techniques.
This paper summarizes the methodologies involved and presents several practical examples, from various
types of industries, where application of noise mapping combined with acoustic camera beamforming
techniques have been used to identify, locate and rank industrial noise sources, showing how this combined
use can help in the development of effective noise reduction plans for industrial plants.

2

General methodologies applied

2.1

Noise mapping and action plans for industrial plants

For the development of an industrial noise map it is necessary to model all the variables involved in the
complex environmental problem that is noise, so that the computational prediction obtained from the
physical model of sound propagation can be as accurate as possible.
The next paragraphs describe in more detail the information needed for the production of an accurate and
reliable acoustic model.
•

Software: The software used for the preparation of noise maps is CadnaA. For the industrial sources
the program is set to follow the international standard recommended for industrial noise, i.e., ISO
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•
•
•

•

•

9613-2: "Acoustics - Attenuation of sound propagation outdoors, Part 2: General method of
calculation.
Topography: In preparing a noise map, information is needed on the land altimetry, including
contour lines and spot elevations. From this information, the digital terrain model is built and used as
the basis for the simulation.
Map Area: The map area is the area defined as the surrounding area outside the industrial plant. It is
chosen so as it can consider the influence from the plant on residential surrounding areas.
Data on buildings and other construction elements: The buildings belonging to the factory, all the
surrounding residential and industrial buildings, as well as some objects of interest such as walls and
embankments, which act as "noise barriers" in the sound propagation outdoors, must be identified
and introduced into the model.
Noise source characterization: Field work is done to identify all the main noise sources from the
plant, and assessment of the sound power emitted from each identified source. A noise source
database is created with technical information needed for the modelling of each source. The sound
pressure levels, Lp, measured close to each source are subsequently converted into sound power
levels, Lw, taking into account the corrections applied to the type of source and type of sound
propagation.
Validation/Calibration of the model: a correct acoustic model is strongly dependent on the quality of
input data. To reduce the uncertainties associated with the estimation of the sound power levels of
sources, obtained from near-field sound level measurements, an extensive validation/calibration
process is implemented after all the input data is introduced in the model and a first map calculation
is done. The validation of the acoustic model is made by comparing the sound pressure levels
measured in the field with the calculated values at the same points, taking into account the actual
operating conditions of the plant during those field measurements. The process includes “source
validation”, where short-term measurements are made under the direct influence of only a small
number of sources and compared with the results of the model at the same points, and “model
validation”, where noise measurements are performed for longer periods in the far field of all plant
noise sources for a final validation of the model as a whole.

From the model, it is then possible to identify, characterize and rank all the relevant noise sources based on
its acoustical influence at relevant receiving points around the Plant. Typically, these are located at the
property limits of the Plant and/or at sensitive receivers (such as houses), at given locations.
After comparing predicted noise levels at relevant receivers with established criteria and having identified
and ranked the sources according to their individual contributions to the overall noise levels at those
receivers, it is then possible to propose required noise reductions for each source, as necessary to comply
with noise limits, preferably with a reasonable safety margin in order to account for the uncertainties of both
measurements and calculations.
In this way, the risk of future complaints from neighbours, or of non-compliance with legal limits, can be
highly reduced. Moreover, the noise map and the associated information delivered with it, can become an
important noise management tool for the HSE team of the Plant.
2.2

Acoustic Camera beamforming technique

The Acoustic Camera is a measurement tool which in general uses Delay and Sum Beamforming. This
technology calculates the actual sound scene into a visual sound map, which consists of a superposition of
different sound sources. The basic principle relies on the accurate calculation of the specific runtime delays
of acoustic sound emissions radiating from several sources to the individual microphones of an array [3]. The
simplest approach is the straightforward calculation of a delay-and-sum Beamforming function in the time
domain. The reconstructed time function at every location x is calculated as [4]:
3
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(1)
Where t denotes time, M is the number of microphones in the sensor array, and wi are optional spatial
shading weights acting similar to the windowing coefficients applied before performing time signal spectral
transforms to reduce leakage and smearing effects. Delay-and-sum Beamforming function in the time
domain is also illustrated in Figure 1 below for an easy example using two point sources situated in front of a
microphone array with 4 channels.

Figure 1 – Principle of time domain Beamforming [5].
The Delay-And-Sum-Beamformer in frequency domain is based on a similar principle as in time domain.
The block diagram in Figure 2 illustrates the same easy example, using two point sources.

Figure 2 – Principle of frequency domain Beamforming [5].

4

231

The Beamforming system used in the examples below is the Acoustic Camera from GFAI Tech, in the
configuration recommended for outdoor industrial noise studies, including (see figure below):
•
•
•

The Array Star48 | AC pro: 48 microphones, 3,4 m diameter, recommended frequency range: 100 Hz –
13kHz, recommended distance range: 7 to 500 m;
Data Recorder mcdRec 721: 48 mic channels, sampling rate from 48 kHz to 192 kHz for each analog
channel and up to 6MS/s;
Software NoiseImage: acquisition, evaluation and storage of data, acoustic images and movies.

Figure 3 – Acoustic camera system used in the projects described below.

3

3.1

Practical examples of application

Fertilizer Manufacturing Plant

This Fertilizer Manufacturing plant, in existence since the mid-1950s, is an important unit for the production
of chemical fertilizers for agriculture and has been progressively altered in order to respond to market needs.
The facilities in question are covered by the environmental licensing procedure under the IPPC (Integrated
Pollution Prevention and Control). Noise monitoring carried out for the renovation of the environmental
permit, showed the existence of significant sound levels at a residential area to the west of the factory, with
the two major noise sources: the factory itself and a national road, set between the factory and the sensitive
area. Given this situation and considering the concept of co-responsibility defined by the Portuguese
Environment Agency (APA), it was found that the contribution in terms of noise from each of these sources
was about 50 %.
In order to reduce the co-responsibility of the factory, the company decided to develop a noise map and
action plan. For that purpose, an acoustic model was created, which included nearly 200 noise sources, each
one of which was measured in close-field, and the model was validated by measurements at 52 validation
points, within the industrial site limits, and 5 validation points near sensitive receivers. Next figure shows an
example of the field work.

5
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Figure 4 – Example of close field measurement of two noisy chimneys (left) and nearby validation points, in
the direction of the residential area.
The national road was also included in the model, as the major background noise source, so that coresponsibility of both noise sources could be calculated. A 3D view of the total noise map (factory + road)
for the night indicator Ln is shown in the figure below.

Residential areas

National road

Factory

Figure 5 – 3D view of the Ln noise map, including both the factory and the national road.
The goal for the action plan was set in terms of Lden and Ln of the specific noise (SN) contribution near the
residential areas as: Lden(SN) < 62 dB(A); Ln (SN) < 52 dB(A). Note that the legal limits applicable to the
6
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residential area, according to the municipal master plan, are 65/55 dB(A) respectively for Lden/Ln, which
means the defined goal corresponds to the specific noise being at least 3 dB(A) below the limits. This allows
a margin to accommodate the background noise contribution, namely from the national road, i.e.: a noise
quota of 50% for each (specific and background noises).
The action plan was divided in 3 phases, as summarized in the table below:
Table 1 – Action plan summary
Phase

Description

Estimated
cost [€]

1

Intervention in a large air-cooled condenser, the top ranked noise source, consisting in
the replacement of fans, reducers, motors and frequency variators.

250.000

2

Introduction of silencers in 5 chimneys on the terrace of the Fertilizer building.

100.000

3

Intervention at the level of windows and openings, namely on the façades of the Milling
building.

50.000

After completion of phase 1, new noise measurements were taken, both near the condenser and at validation
points, to check the results obtained, concluding that they were according to the predicted by the model:
between 10 and 12 dB(A) noise reduction in the emission of the air-cooled condenser and a 4 to 5 dB(A)
specific noise reduction at the residential areas, down to 54 dB(A) for Ln. However, before proceeding to
phase 2, it was necessary to carry out additional engineering studies, including CFD (computer fluid
dynamics) calculations, for the optimisation of the silencers – this was needed because there were limits to
the maximum height of the chimneys, due to a nearby airfield, and limits due to chimneys air intakes for
monitoring gas emissions.
At this point, it was also decided to cross-check the results of the model, by means of acoustic camera / beam
forming tests in the propagation path between the chimneys and the more exposed residential area. A first
test was performed close to the residential area, at about 400 m distance from the fertilizer production
building and the noisy chimneys, in order to confirm that the air-cooled condenser was no longer a problem
and that the second more important sources were the chimneys, as predicted from the model. Next figure
shows the position of the acoustic camera and the main results obtained, for the global noise in dB(A).

Chimneys

Figure 6 – First beam forming tests, at 400 m distance from the noise sources.
Note that for such a large distance, unless there is no wind, it is very possible that some refraction occurs
along the propagation path and that, therefore, the angle-of-arrival slightly deviates from the direction of the
7
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source. Whereas this is generally negligeable for the horizontal direction, this is not the case for the vertical
direction: the apparent source will appear higher than the real source, in case of downwind propagation, and
lower, in case of upwind propagation [6]. As shown inf the figure above, a vertical down deviation of about
10 m was found between the noise focus which appears in the acoustic camera imaging and the noisier
chimneys position. Analysis of the wind data for the time of measurement showed a slight upwind condition
occurred, so that a deviation of about 1,4 degrees in the vertical direction of sound propagation, along the
400 m propagation path, is plausible, which matches the 10 m vertical error: arcsen(10/400) = 1,4º .
Searching through the spectrum of the recorded signal, it was also found the origin of a tone in the 1/3rd
octave band of 315 Hz: one of the 5 chimneys, installed to the left and at a lower height than the two noisiest
ones, as can be seen in the figure below, accounting for the vertical shift down of about 10 m. Note that this
chimney was in fact the only noise source in the building with a tone in this frequency band, in the near-field
measurements. The fact that it is detected in the acoustic camera at 400 m distance is very relevant, as it can
generate a tonal penalty according to the regulations.

Figure 7 – Identification of the origin of a 315 Hz tone.
To confirm the results, a second beamforming test was conducted, where the acoustic camera was installed
closer to the sources, at the roof of a nearby warehouse within the factory site, at an approximate distance of
100 m to the sources, as shown in the figure below.

Figure 8 – Geometry of the second beamforming test, shown in the acoustic model.
8
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This second test was performed on a different day, with almost no wind, and the results were quite clear,
definitely showing the prevalence of the noisy chimneys as the top ranked noise sources in the direction of
the sensitive receivers, as exemplified in the figure below.

Figure 9 – Second beamforming tests, at 100 m from the noise sources.
The results of the beamforming tests were crucial in this project, to confirm the need for noise reduction
measures in the chimneys and for the company to decide to go forward to the 2nd phase of the action plan
investment. In the end, the company decided to change the fertilizer production process, deactivating the
ventilation systems which included the noisy chimneys – an alternative and even more effective noise control
action (eliminate the noise sources !).
3.2

Other examples

Next figures illustrate several other examples of application of beamforming techniques for the identification
and quantification of noise sources in industrial facilities.

Figure 10 – Identification of the noisiest areas of a corrugated cardboard packaging factory.
9
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Figure 11 – Testing the emission of a 630 Hz tone from an industrial stack, in a pharmaceutical plant.

4

Conclusions

The application of noise mapping combined with acoustic camera beamforming techniques, is a very
powerful tool to identify, localize and rank industrial noise sources. The synergy and complementarity
between the two techniques certainly contribute to improve the accuracy of the noise data obtained, which is
the basis for effective noise reduction plans for industrial plants. Our and others experience [7], shows that,
although it takes a large amount of work and state-of-the-art technology to produce reliable industrial
acoustic models, it is worth the effort, as it definitely helps achieving the best possible results in noise
abatement programs for a given investment. Cross-checking results of noise mapping models with those
obtained from beamforming measurements, do represent an important added value for the predictability of
the outcome of noise reduction projects, reducing the inherent risks associated for the company.
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Abstract
Porous solutions for sound absorption purposes have been the target of several studies. In this work, the
acoustic absorption behaviour of concrete-based porous material was determined both experimentally and
theoretically. The aggregates used in the concrete mixtures were one expanded clay. Tests were carried out
for normal sound incidence in an impedance tube and diffuse field conditions, in a reverberation room, in
order to obtain the samples sound absorption coefficient. Analytical methodologies were used, including the
analytical equations proposed by ISO 10534-2 and London, to estimate diffuse field absorption from normal
incidence results. Significant differences were registered between the theoretical estimations of diffuse field
absorption and the measured results in reverberant room.

Keywords: Porous concrete, Sound absorption coefficient, Normal sound incidence, Diffuse field
conditions.

1

Introduction

Porous materials are wildely used to improve the sound environment conditions through their sound
absorption properties. There are several types of porous materials, including cellular, fibrous and granular,
and some examples are porous polymers, mineral fibres and porous concrete [1]. Porous concrete containing
light aggregates, with an adequate amount of air, has excellent characteristics, including good workability,
low density and proper strength, and can be applied in architectural elements with good acoustic and thermal
behaviour [2]. This type of material has been used in numerous applications, such as outside noise barriers
near roads and railways, to improve this kind of mitigation measure. It is composed of a solid and a fluid
part, and the sound energy dissipation occurs due to the interaction between these two phases [1, 3]. To study
porous materials, several approaches can be used, namely experimental and theoretical. Using the impedance
tube to study the sound absorption coefficient with normal sound incidence, described in ISO 10534-2 [4], is
a non-expensive and easy to do option that can provide interesting results. Nevertheless, it has some
debilities because, in the real context, it is usual to have diverse sound incident angles instead. However, this
method also gives the values for the surface impedance of the material. To experimentally determine the
sound absorption coefficient of a material sample in diffuse field conditions, the procedure proposed by ISO
354 [5] could be used. This experimental procedure has the advantage of considering multiple sound incident
angles and use a larger sample, and can be found more realistic, but it is indeed more expensive than the
previous procedure. In order to get values of sound absorption in diffuse field conditions based on values
obtained with plane waves, different theoretical approaches were suggested by some authors. The ISO
10534-2 [4], based on London’s equations and also London’s equations [6], make the transformation from
the sound absorption coefficient with normal incidence, obtained with an impedance tube, to diffuse field
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conditions. In this case, the medium is considered as infinite, and the propagation inside the medium is
locally reactive.
Fluid-equivalent models have been presented considering the complex bulk modulus and fluid-equivalent
density to represent the absorbing behaviour of the porous materials studied [3, 7-11]. In this work, the
model proposed by Horoshenkov-Swift [7] has been used to compute the sound absorption from the
measured macroscopic parameters. This model represents the behaviour of the porous samples based on four
parameters: air-flow resistivity, tortuosity, open porosity, and the standard deviation of the pore size, of
which the first three have been determined both experimentally and by an inverse method, while the last on
was estimated only by inversion techniques [12].
The structure of the paper is as follows: Section 2 – Materials, introduces the samples physical characteristics
(e. g., grain size, ratio aggregate/cement); in Section 3 - Methodology, the used methodology is presented,
along with a brief explanation of the experimental methods and theoretical models; in Section 4 – Results
and discussion, results concerning the sound absorption coefficient determined by different methods are
presented and analysed; and finally, Section 5 – Conclusions, describes the main conclusion of this study.

2

Materials

In this work, the aggregate used in the porous concrete mixtures was expanded clay. Tests were carried out
for normal sound incidence in an impedance tube and in diffuse field conditions in a reverberation room to
obtain the samples sound absorption coefficient.
For the expanded clay in Figure 1, the grain size was obtained by cutting the material and has a grain size
distribution in a range of approximately 0.25 to 3.15 mm (Figure 2).

Figure 1 – Expanded clay used.
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Figure 2 – Grain size distribution obtained using the procedure described in EN 993-1:1997 [13].
For the tests carried out in impedance tube, concrete cement-based mixtures were prepared, with this
expanded clay, in circular moulds about 10 cm in diameter and thickness of 4 and 8 cm (Figure 3).

Figure 3 – Porous concrete samples, for impedance tube.
Three different aggregate/cement ratios, (A/C) were prepared, with expanded clay, and 6 samples for each
mixture were obtained, of which 3 for each sample thickness (Table 1). From now on, they are referred by
their trade names and aggregate/cement ratios.
Table 1 – Mixtures prepared of lightweight porous concrete.
Mass percentage [%]
Expanded
A/C
Clay
Cement
Aggregate
Water
Argex/AE
2.93
20.40
59.78
19.81
Argex/AE
3.71
17.51
64.97
17.51
Argex/AE
5.18
13.93
72.14
13.93
A preliminary study was conducted to perceive the moisture influence in the sound absorption coefficient
measures on the impedance tube. The measures were made at 7, 14 and 28 days after the sample was
prepared. It showed only slight differences between curves of the same samples, thus seeming not to have a
very strong influence. These results are consistent with those shown by Ramis et al [14].
For the tests carried out in the reverberant room, in diffuse field conditions, two porous concrete samples
were tested, with an approximate area of 10 m2 (Figure 4) and the porous layer with approximate 8 cm.

Figure 4 – Porous concrete samples, for reverberant chamber.

3

Methodology

Several experimental tests and theoretical models were used in this work to compare the behaviour of porous
concrete made with expanded clay. The main objective of this work is to compare the results obtained with
different strategies for cement-based porous materials.
3
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3.1

Experimental Procedures

3.1.1 Sound absorption coefficient – normal incidence
To find sound absorption coefficient with normal incidence, tests were performed on a circular impedance
tube with 100 mm diameter. The test methodology used is proposed in ISO 10534-2-2 [4], which is based on
the transfer function between two microphones.
The impedance tube used has a cut-off frequency of about 1600 Hz. The sound pressure was measured using
two G.R.A.S. Sound & Vibration 46 AE 1/2'' CCP free field microphones, a NI USB 4431 acquisition
system, (National Instruments) and the pressure data processed in MATLAB. A random excitation provided
by a speaker was generated from the NI USB 4431.
The ratio between the reflected pressure (pr) and the incident pressure (pi) is the reflection factor that is
given by equation (1):
.

(1)

The sound absorption coefficient can be achieved with equation (2):
,

(2)

where r is the reflection coefficient. This experimental test also provides an important parameter that
characterises acoustically the material, the surface impedance (3):
,

(3)

where ρ0c0=Z0 is the characteristic air impedance.

3.1.2 Sound absorption coefficient – diffuse field
To determine the sound absorption coefficient in diffuse field conditions, tests were performed in a
reverberant room. This test methodology is proposed in ISO 354 [5]. The diffuse incidence absorption
coefficient measurement procedure consists of making room reverberation time (T60) measurements under
two distinct conditions. In the first measurement, the reverberant room is empty, and in the second, the
sample to be characterized is positioned, and the second measurement of T60 is taken. The sample
equivalent absorption area can be achieved with expression (4):

,

(4)

where V is the volume of the empty reverberant room, c1 is the propagation speed of sound in air at
temperature t1 with the empty room, m1 is the attenuation coefficient due to the presence of air with the
empty room, T1 is the reverberation time of the room empty, c2 is the sound propagation velocity in air at
temperature t2 with the sample in the room, m2 is the attenuation coefficient due to the presence of air with
the sample in the room and T2 is the reverberation time with the sample in the room.
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The sound absorption coefficient, in diffuse field conditions, must be calculated according to expression (5):
,

(5)

in which S is the sample area.
3.2

Theoretical Models

Porous materials are made up of two phases, solid and fluid, making it possible to predict their behaviour in
numerical models as equivalent fluids [3, 7, 8, 15] . The Horoshenkov and Swift model for granular porous
materials was used, adequate for porous concrete samples, such as those studied. The model allows
estimating the acoustic behaviour from the macroscopic properties of the material. From these parameters
and considering the porous material to behave like an equivalent fluid, it is possible to determine the
characteristic impedance and the wavenumber of the material. The parameters considered were the porosity,
ϕ, the airflow resistivity, σ, the tortuosity, α∞, and the standard deviation of the pore size, σp, of which the
first three have been determined both experimentally ([16-18]) and by an inverse method (Table 2). In
contrast, the last one was determined only theoretically. These authors suggest to determine the volumetric
density and the compressibility module with equations (6) and (7), respectively:

(6)

,

(7)

where: ω is the angular frequency, γ is the ratio of specific heat, P0 is the atmospheric pressure and Npr is the
number of Prandtl number and F ̃ is the viscosity correction function, which can be presented in the form of a
Padé approximation as in (8):

.

(8)

With these two parameters, it is possible to obtain the characteristic impedance and the wave number of a
porous material. Which are determined according to equations (9) and (10):
(9)

,
where:

,

and

(10)

. Assuming in a simplified way that the geometry of the pores is

circular, thus leads to the following form factors:

,

, where

and

.
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An inverse method was also used based on a genetic algorithm to determine the macroscopic parameters
theoretically and obtained a new sound absorption curve. This method is based on the difference between the
theoretical sound absorption coefficient obtained with the Horoshenkov and Swift model and the
experimental sound absorption coefficient. For the use of this inversion algorithm, an initial estimation
(based on the experimental results) and lower and upper boundary limits were defined for each macroscopic
parameter. Such process ensures that the values obtained are within acceptable values. The following
objective function (11) is then minimized:

(11)
where: nf is the number of discrete frequencies analysed,
is the absorption coefficient obtained with
Horoshenkov and Swift model and
is the experimental absorption coefficient. The experimental and
corrected macroscopic parameters for both considered thickness, 8 and 4 cm, are presented in Table 2. These
values represent the average value of each type of mixture and thickness.
Table 2 – Experimental and corrected (theoretical) macroscopic parameters.

Sample

Argex/AE 2.93
Argex/AE 3.71
Argex/AE 5.18

Argex/AE 2.93
Argex/AE 3.71
Argex/AE 5.18

Thickness Tortuosity Porosity Airflow resistivity
[m]
α∞ [-]
Φ [-]
σ [Ns/m4]
0.08
0.04
0.08
0.04
0.08
0.04

2.51
3.81
2.21
3.50
2.37
3.80

0.08
0.04
0.08
0.04
0.08

2.26
3.43
2.14
3.15
2.14

0.04

3.42

Average pore size
standard deviation σp [-]

Experimental data
0.46
4507.88
0.42
6246.85
0.45
5044.94
0.42
6045.70
0.46
4668.45
0.45
5324.50
Theoretical data
0.45
4720.11
0.46
6871.49
0.45
5231.79
0.46
6642.98
0.50
4990.16
0.50

0.25
0.25
0.25
0.25
0.25
0.25
0.26
0.27
0.27
0.27
0.27

5738.34

0.27

Theoretical models exist to make the transformation from experimental results of sound absorption
coefficient with normal incidence to diffuse field conditions, using several simplifications. In ISO 10534-2
[4], one of the equations proposed by London, equation (12), is presented:

,

(12)

where
,
,
, and
is the surface impedance
obtained experimentally. The so-called first and second London equations are also presented by expressions
(13) and (14):
6
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(13)

.

4

(14)

Results and discussion

The results of the developed work are presented and analysed. First, the results obtained by directly
measuring the sound absorption coefficient in the impedance tube are shown, and in the following section,
the sound absorption coefficient results for diffuse field conditions, both experimental and theoretical, are
presented.
4.1

Normal incidence

The experimental and theoretical sound absorption coefficient curves with incident plane waves are
presented in Figure 5. The experimental results were obtained according to ISO 10534-2 [4]. The theoretical
curves were obtained with the proposed model of Horoshenkov and Swift, where experimental macroscopic
parameters (PMe) and corrected macroscopic parameters (PMc) were used.

(a)
(b)
Figure 5 – Experimental and theoretical sound absorbent curves, for normal incidence waves, for 8 cm (a)
and 4 cm (b) samples.
Both theoretical curves fit quite well to the experimental data. It must be noticed that the adjustment between
corresponding curves is better for samples with 8 cm thickness than to 4 cm thickness. However, it can be
observed that the curves obtained with the corrected macroscopic parameters obtained with the previously
introduced inverse method adjust slightly better than the ones with experimental macroscopic parameters.
The samples present very similar behaviours because despites the different aggregate/cement ratios, the
differences between each other are only slight. Appreciable sound absorption can be observed between 400
and 1000 Hz for the 8 cm samples and 800 and 1600 Hz for the 4 cm samples. The maximum amplitude is
observed between 600 and 700 Hz for the 8 cm samples and 1000 and 1250 Hz for the 4 cm samples.

7
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For each mixture, the displacement of the absorption curve to higher frequencies is observed with the
decrease in thickness, as it was expected.
For different mixtures and the same thickness, it can be observed that the sound absorption curve moves to
lower frequencies for a greater amount of cement. With cement's increase, the density of the sample also
increases (presenting smaller pores/channels), thus changing some of the macroscopic parameters that
influence the acoustic behaviour.
4.2

Diffuse field conditions

The experimental and theoretical sound absorption coefficient curves in diffuse field conditions are presented
in Figure 6 for the mixture Argex/AE 5.18. For all cases, the experimental and theoretical simulation were
obtained for a thickness of 8 cm.

(a)

(b)

Figure 6 – Experimental and theoretical sound absorption curves in diffuse field conditions, considering the
directly measured normal incidence sound absorption (a), and for Horoshenkov and Swift model with
corrected macroscopic parameters (b).
Comparing the sound absorption curves obtained for both conditions, results for normal incident waves and
for diffuse field conditions reveal quite different behaviours. As expected, a wider frequency range with
higher sound absorption coefficient is seen for the diffuse field, clearly revealing the effect of refracted
sound waves within the material volume.
Analysing the different approaches for the estimation of diffuse field absorption, the curve obtained by the
equation suggested in ISO 10534-2 [5] (α ISO10534-2 exp.data 008) presents significant differences when
compared with the experimental curve measured in a reverberant room (α ISO354 008).
On the other hand, London’s equation 1 (α London 1 exp.data 008 and α London 1 HS PMc 008) seems to adjust
better to the experimental curve, especially the one obtained with the Horoshenkov and Swift model and the
corrected macroscopic parameters of the studied material. The second London equation also leads to similar
results, but seems to estimate higher values at lower frequencies, and lower absorptions in the mid-frequency
range. It should be noted that the calculated diffuse field absorption resulting both from ISO 10534-2 and
from London’s equations is an approximate estimation which should only be valid when locally reacting
materials are analysed. In the present case, the tested solution is clearly bulk-reacting, and so significant
deviations occur. Additionally, all equations refer to infinite panels, while the diffuse field test was
performed for a finite 3x3 m2 panel, which induces a different behaviour of the whole solution (see [19]).
One final plot is presented in Figure 7, depicting the comparison between the measured sound absorption in
the reverberant room with the two London models, considering 1/3 octave bands, and the complete
frequency range between 125 Hz and 4000 Hz. Observing these curves, it can be seen that the global trend is
correctly predicted by the two simplified models, although with some discrepancies and oscillations being
8
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visible. Even in the higher frequency range above 2000 Hz (which was not measured in the impedance tube),
the global trend seems to be followed by the predictions based in the Horoshenkov and Swift theoretical
model together with the London models.

Figure 7 – Experimental and theoretical sound absorption curves in diffuse field, in 1/3 octave bands, for
both London models.

5

Conclusions

Different approaches can be used to study the acoustic behaviour of porous materials. This work intends to
study sound absorption provided by porous cement-based materials and evaluate different estimating
strategies. Different experimental and theoretical models were used.
Several porous concrete samples, composed of expanded clay, cement and water, were tested. These
revealed the expected sound absorption behaviour, with a structure of peaks and valleys which is related to
the specimen thickness and to its macroscopic parameters.
A theoretical model proposed by Horoshenkov and Swift proved to be efficient to predict the sound
absorption behaviour, when subject to plane waves, of this type of material. The inverse method used to
obtain the corrected macroscopic parameters enables the Horoshenkov and Swift curves to adjust better to
the experimental curves.
For the diffuse field conditions analyses, all tested models seem to provided only a rough approximation of
the sound absorption curve, with clear differences being registered between both the simplified and the
measured results. Indeed, this is a complex problem, and the bulk reactive character of the solution together
with its finite size and with possible internal heterogeneities within the material lead to the necessity of better
estimation tools. Numerical tools, based on the BEM or FEM may be an option to perform more accurate
estimation.
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Abstract
Noise barriers reduce the level of noise that reaches the receiver by interrupting the noise propagation path.
Even though noise barriers are effective at high frequencies, low-frequency control remains challenging as
sound waves at low frequencies are easily diffracted over the barriers. In this work, we show that by
designing noise barriers designed with an array of tuned resonators can achieve high attenuation, more than 5
dB, of noise at low frequencies. The propagation of low-frequency waves is significantly suppressed by the
interplay of the tuned resonators installed on the surface of the noise barriers. Analytical models and
numerical simulations are used to calculate the insertion loss by the designed noise barriers.
Keywords: noise barrier, insertion loss, noise control, periodic resonators.

1

Introduction

Controlling low-frequency sound waves is challenging due to their long wavelengths in comparison to the
geometrical dimensions of the acoustical systems that can be installed. In the case of noise barriers, lowfrequency waves diffract around the noise barrier easily. Hence, the sound attenuation performance of noise
barriers in the low-frequency range is relatively poor. To improve the performance of noise barriers, several
methodologies in designing noise barriers have been proposed including a tilted barrier [1], the addition of an
edge on the top [2,3], and the use of techniques to optimize its geometry [4,5]. More recently, the application
of sonic crystals [6,7] and acoustic metamaterials [8,9] to noise barriers has been explored. These works have
shown that insertion loss at certain frequency ranges can be improved by sound attenuation effects due to the
Bragg gap induced by periodicity or due to localized resonances occurring at the used resonators. However,
the presented works so far solely focused on the influence of the periodicity along the wave propagation path
in between the source and the receiver. The heights of the structures were considered infinite, therefore, the
influence of wave diffraction at the top of the barrier was not investigated with the exemption of a few
studies [7].
In this work, we aim to show that the diffracted wave around the barrier can be utilized to enhance the
attenuation performance of the noise barrier at low frequencies. Unlike the previous works using sonic
crystals [6,7], the resonators are periodically arranged along the direction perpendicular to the ground, in
other words, the resonators are placed along the surface of the noise barrier. It will be shown that by using
these periodic resonators, sound attenuation will increase not only at the resonator's resonance frequency but
also in the frequency range below resonance. We will use theoretical analysis to demonstrate that the
proposed configuration excites guided wave modes confined at the surface of the noise barriers. In turn these
1
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modes increase sound attenuation at certain frequencies. Numerical simulations based on the finite element
method will be used to illustrate the underlying physical mechanism. The insertion loss generated by the
proposed noise barrier will be numerically computed and compared with the insertion loss of a nominal
barrier.

2

Insertion loss by the noise barrier with periodic resonators

Figure 1 – (a) Geometric configuration of the noise barrier comprised of periodic resonators. A zoomed view
of the resonator unit is shown in the black-lined box. (b) Insertion loss by the barrier with periodic resonators
(blue line) compared with the one by a nominal noise barrier (black dashed line).
Figure 1(a) shows the configuration of the noise barrier considered in this work. The noise barrier is placed
between the sound source and the receiver. The barrier consists of 20 Helmholtz resonators of split-ring
shape. The resonators are attached to form a monolayer along the vertical direction. A detailed geometry of
the split-ring resonator unit is presented in the black-lined box in Fig. 1(a). The diameter (D=2ro) of the
resonators is 0.20 m, which makes the total height of the barrier (H) 4.0 m. The inner radius of the ring (ri) is
0.09 m and the opening width of the slit (w) is 0.02 m.
To evaluate the noise reduction performance of the barrier, numerical simulations based on the finite element
method using COMSOL Multiphysics® [10] were conducted. A monopole source was placed 6.0 m away
from the left-hand side of the barrier as shown in Fig. 1(a). The ground was assumed to be acoustically rigid.
To simulate an unbounded domain, a perfectly matched layer (PML) was placed around the air domain.
Figure 1(b) presents the insertion loss of the noise barrier in the frequency range of 100-500 Hz calculated at
a receiver placed 6.0 m away from the right-hand side of the barrier. The insertion loss of the nominal
barrier, which has the same dimensions as the proposed barrier with closed cylinders, is also presented. The
graph shows that the attenuation is significantly increased when using a periodic array of resonators as
opposed to the nominal case. The highest peak occurs at 220 Hz, which corresponds to the resonance
frequency of the split ring resonator. In addition, the insertion loss of the barrier with periodic resonators
shows multiple peaks in frequencies below 220 Hz as well as a wideband increase of the insertion loss above
220 Hz.

3

Wave behaviour around the noise barrier

To clarify the physical mechanism of the observed increase in insertion loss in Fig. 1(b), the wave behaviour
around the noise barrier with periodic resonators is examined. Before discussing the effect of the periodic
resonators, we need to explain wave behaviour around the nominal barrier. When sound waves encounter
discontinuities in the propagating medium, a diffraction phenomenon occurs. In the case of the noise barrier,
2
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waves behave as if there is a secondary sound source emitting sound at the top of the barrier. These
diffracted waves interfere with waves that are reflected from the ground surface. This interference of
diffracted and reflected waves forms harmonic standing wave patterns along the barrier in the vertical
direction. At frequencies where the top of the noise barrier becomes an antinode, the insertion loss slightly
increases and vice versa, which results in the small peaks and troughs observed in Fig. 1(b) in the blackdashed line (nominal case).

Figure 2 – (a) Split-ring resonators are periodically arranged along the x-direction. (b) Dispersion curve of
the acoustic waves propagating along the x-direction above the periodic split-ring resonators. (c) Acoustic
pressure distribution at 199 Hz (top) and 220 Hz (bottom).
The periodic resonators change the propagation characteristic of the sound waves along the noise barrier.
Previously it was reported that when a sound wave propagates along a horizontal periodic structure
comprised of a resonator unit, a guided mode is generated on the surface [11,12]. When the size of the
resonator unit is small compared to the wavelength of the sound waves, the dispersion relation of this guided
mode can be derived by using the effective medium theory. We consider a periodic monolayer of split-ring
resonators shown in Fig. 2(a). By considering the interaction of the waves propagating above the structures
and the resonator units, the dispersion relation can be derived as,

φA
,
k x2 − (ω c 0 ) 2 (ω02 − ω 2 ) =
ω2
m

(1)

where kx is the x component of the wavenumber, ω is the angular frequency, c0 is the speed of sound in air,
ω0 is the resonance frequency of the split ring resonator, ϕ is the average fraction area of the neck, A is the
area of the opening, and m is the acoustic mass of the resonator.
Figure 2(b) shows the dispersion curve of the periodic structure. The blue line indicates results obtained by
using Eq. (1) and the black dots are the results obtained by numerical simulation. The straight dashed line
indicates the sound line, i.e., dispersion of the bulk wave in the air. For small values of kx, the dispersion of
the guided mode follows that of the sound line, but when kx increases, the frequency converges to the
resonance frequency of the resonator. Figure 2(c) shows the mode shapes (sound pressure distribution) of the
guided mode at frequencies of 199 Hz and 220 Hz, respectively (the corresponding points on the dispersion
curve are indicated by the black arrows in Fig. 2(b)). The mode shapes display that the sound fields are
confined near the surface of the monolayer of periodic resonators. In such guided modes, the wave velocity
becomes slower and the group velocity eventually reaches 0 when the frequency approaches the resonance
frequency of the resonator. In other words, the waves propagate with a velocity slower than the speed of
sound in air for frequencies below the resonance frequency, and the waves are eventually trapped when
approaching the resonance frequency.

3

251

Figure 3 – Acoustic pressure fields around the noise barrier with periodic resonators
at frequencies (a) f1, (b) f2, (c) f3, and (d) f4 denoted in Fig. 1(b).
Figure 3 shows the acoustic pressure fields around the noise barrier at selected frequencies. Figures 3(a) and
3(b) show the pressure fields at f1 and f2, respectively, indicated in Fig. 1(b). Note that these frequencies are
below the resonance frequency. From the pressure fields presented in Figs. 3(a) and 3(b) we see that the
waves show the pattern of the guided mode confined at the surface of the resonators, as was explained
earlier. Another noticeable thing is that these wave patterns are the ones of standing wave patterns along with
the height of the noise barrier, which indicates that the multiple peaks below the resonance frequency (220
Hz) are due to combined effects of the guided mode generated by the nature of the periodic resonators and
the standing wave modes around the noise barrier. As explained with Fig. 2(b), the waves below the
resonance frequency are slowed down compared to the bulk wave in air. Due to the effect of this slow sound,
the frequencies that correspond to such standing wave modes move to lower frequencies.
Figures 3(c) and 3(d) show the results at f3 and f4 denoted in Fig. 1(b), which corresponds to the resonance
frequency and a given frequency above the resonance frequency, respectively. Unlike the standing wave
patterns shown in Figs. 3(a) and 3(b), the pressure distribution at and above the resonance frequency shows
wave behaviours that appear in the resonance gap of the sonic crystals. In this resonance gap, sound energies
are highly concentrated in the first few unit cells along the direction of the wave propagation and do not
transmit any further. Especially in Fig 3(d), it is observed that the waves interact only with the first resonator
located at the top of the noise barrier. As the sound energies are localized at the resonators, the sound energy
transmitted through the noise barrier can be significantly reduced. It should be noted that the physical origins
of the sound attenuation at the frequencies below (Figs. 3(a) and (b)) and above the resonance frequency
(Figs. 3(c) and (d)) show distinctive behaviours. The waves below the resonance are propagating guided
modes along with the periodicity of the structure, whereas the waves above the resonance have evanescent
nature.

4

Conclusions

In summary, we showed that a vertical array of periodically arranged resonators can be used to improve lowfrequency performance of a noise barrier. Theoretical analysis showed that the sound waves diffracted at the
top of the barrier turn into guided waves confined along the surface of the noise barrier below the resonance
frequency of the resonator unit. The wave propagation velocities of the guided waves are much slower than
that of the bulk wave in air. Numerical simulations presented that guided waves that interact with reflected
waves from the ground surface form harmonic standing wave patterns along the surface of the barrier. It has
been shown that sound attenuation can be increased at frequencies corresponding to these standing modes
4
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assisted by guided waves. Around the resonance frequency, wave propagation behaviour around the noise
barrier can be described as what happens in a band gap induced by localized resonance. An increase in the
insertion loss in this band gap was also observed. This research demonstrates that vertical periodic structures
can be used to control diffracted waves around the noise barrier and be designed in such a way that they
reduce low-frequency noise transmission. Future work may include further tuning the resonator unit to
desired specifications, adding top edges (e.g., T- or Y-profiles), and investigating the influence of ground
impedance and meteorological conditions.
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Abstract
In this study, the absorption coefficient of a thin parallel MPP at oblique incidence angle is investigated. The
thin structure is introduced by a coiling shape as a backing air cavity, and the parallel configuration is
applied to have a wider sound absorption bandwidth than a single MPP. The effects of the oblique sound
incidence on the thin parallel MPP are investigated by numerical studies. It is found that the oblique
incidence can result in lower sound absorption and a shift in resonance absorption, especially for high
incidence angles, e.g. > 70. In addition, the performance of the thin MPP at normal incidence angle can b e
maintained for the incident angle < 60. This observation is strongly depend on the overall width of the MPP
surface. The ratio between the wavelength of the incident wave and the overall width dimensions of the MPP
is critical. Depend on this ratio, the deterioration of the sound absorption can be observed and that is
associated with breakdown frequency. Moreover, the use of two MPPs under parallel arrangement introduces
complexity with respect to the wavelength of the oblique inciden ce. The presence of coiled cavity also
introduces another factor determining the breakdown frequency rather than overall width dimensions solely.
It is expected that current study can suggest ways to make the proposed structure insensitive to the change of
incidence angle, which is important for dealing with the actual sound field in practice.
Keywords: Thin MPP absorber, coiled backing cavity, oblique incidence sound absorption

1

Introduction

It has been recognized that normal and oblique incidence can result in significantly different responses f rom
sound absorbers [1, 2]. This scenario is less critical when dealing with isotropic fibrous porous materials. It
is more obvious, however, for resonant sound absorbers, such as microperforated panel (MPP) absorbers that
operate via Helmholtz resonator mechanism. Numerous investigations on parallel MPP with distinct air
cavities are available in [3, 4]. While the dimensions of the unit parallel MPP important in normal incidence,
the cavity features also affect the absorption behavior in the oblique case. In the oblique situation, matching
impedance corrections can result in decreased absorption and a shift in the absorption resonance.
Coiled structures have been used to fabricate metamaterial structures capable of manipulating anomalous
waves[5-9], and to realize subwavelength structures [10-12]. Additionally, thin parallel MPP can be
produced by using a coiled structure to support the air cavity [13-15]. The required cavity length can be
twisted in specific orientations, thereby lowering the total cavity thickness in the axial direction . This is
advantageous because it results in a thinner MPP absorber, but the effect of normal and oblique incidence on
the resulting absorption should be evaluated further. This is significant because the coiled structure
1
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comprises an effective wave path proportional to the total cavity depth, which is absent from a straight air
cavity. Thus, for similar targeted absorption qualities, it is important to investigate the implications of the
coiled air cavity and to have a better understanding of the sound absorption behavior in relation to the
incidence angle and MPP dimensions. Additionally, the study is expected to identify strategies to make the
suggested structure insensitive to changes in the incident angle, which is critical for dealing with the actual
sound field encountered in practice.

2

Methodology

In this section, a case study of the thin parallel MPP absorber is presented. This section presents a case study
of the thin parallel MPP absorber. The absorption coefficient is calculated numerically for various incident
angles. The numerical technique is the finite element method (FEM) via COMSOL Multiphysics 5.6, and the
frequency range of interest is between 125 Hz and 2200 Hz.
2.1

Thin Parallel MPP structures

The MPP's coiled parallel structures are shown in Figure 1 (a). To keep things simple, the sub-MPPs all have
the same perforations, with the widths of each sub-MPP being L1 and L2 , respectively. Therefore, the
resonance frequencies of MPP-1 and MPP-2 are determined by the cavities D1 and D2 , where the air cavity
of MPP-1 is coiled, as ilustrated in Figure 1(b). By keeping L1 and L2 are smaller tha n D1 and D2 , th e
resonance absorption characteristics are determined only by the cavity depths and parallel absorption
mechanisms. The unit cell is defined in this work as a system comprised of two parallel MPPs, as seen in
Figure 1(c).

Figure 1- Thin parallel structure of MPP: (a) 3D-coiled structure, (b) schematic of coiled parallel MPP,
and (c) definition of unit cell in a periodic arrangement
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2.2

Finite Element Method (FEM)

The thin parallel MPP structure is modelled using FEM in the 2-D configuration depicted in Figure 1. The
computational domain and the boundary conditions (BC) are shown in Figure 2.

Figure 2. The coiled parallel MPP domain simulated using FEM.

(

)

In Figure 2, it is shown that pinc = exp −i ( kx x + k y y )  Pa  is defined in the air region with the angle of
incidence  

 as the incoming waves to the surface of the MPP. The k = k cos ( ) , and k = k sin ( ) ,
as the wavenumber. c is the sound speed in air, 345  m s  ;  = 2 f is the angular velocity
x

y

with k =  c0
0
with f as the sound frequency [Hz]. To allow the sound energy to propagate to the absorber, th e incidence

velocity vector is defined by Euler's method where vinc = pinc i 0  m s  . Structural vibration is omitted ,
where the MPP effect can be implemented as boundary condition impedance as

Z MPP −i = ri + jxmi ,

(1)

where ri , and xmi are the sub-MPP i, resistance and reactance, respectively. The resistance and the reactance
are defined as follows [16]:
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The k = d  0 4 , with d is the pore diameter,  is the angular frequency,  0 is the air density,  is the
dynamic viscosity of air, t is the panel thickness, and  is the perforation ratio.
The geometry details on the MPP 1 and MPP 2 are shown in Figure 1, where the value of t is assumed
negligible. The Perfectly Matches Layers (PML) domain has dimensions of [6 cm × 6 cm] and the air
domain has dimensions of [85 cm × 6 cm]. Both domains are discretized by structured quadrilateral elements
with a maximum length of 0.85 cm. The MPP 1 and MPP 2 are discretized usin g unstructured trian gular
elements with a maximum length of 0.3 cm. All elements are well below min 6 , with min is the minimum
wavelength of the incoming wave. Considering that the thin parallel MPP can be used as an absorber on a
room's wall, it is acceptable to assume that the MPP absorber's practical layout will be as indicated with a
periodic arrangement as shown in Figure 1- Thin parallel structure of MPP: (a) 3D-coiled structure, (b)
schematic of coiled parallel MPP,. In COMSOL Multiphysics 5.6, this periodicity is represented by the
Floquet's periodic BC. As illustrated in Figure 2, this periodic BC is enforced at the orange line.
3
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Additionally, the impedance BC is imposed on the thin parallel MPP surface (red line), whereas all other
surfaces are defined as rigid wall (black line).
To obtain the absorption coefficient ( ) of the thin parallel MPP structure, the power of the incident wave

(Win ) and the power of the dissipated wave (Wdiss ) on the impedance BC (see Figure 2) are computed. Bo th
powers are computed by integrating the sound intensity on the thin parallel MPP surface as:

(

)

0.5 Re n   pudS
Wdiss
=
=
.
Winc 0.5 Re n  pinc uinc dS


(

)

(2)

p, u are the total sound pressure and velocity vector at the impedance BC, respectively. Th e integration is
over the whole surface of the MPP-1 and MPP-2. It is important to notice that the dissipated power should be
positive in all frequencies, to ensure that the sound energy is absorbed into the MPP system. The MPP-1 has
D = 15.78 [cm], and d 2 = 8.28 [cm], where the MPP-2 has D2 = 7.5 [cm]. The L1 = L2 = 3 [cm]. Both MPP
has the same properties where the diameter of the perforation hole is 0.3 [mm], and the distance b etween
hole is 2 [mm].

3

Results and discussion

3.1

Effect of oblique incidence

To determine the effect of the incident angle on the absorption coefficient of the thin parallel MPP structure,
the  is varied from 0 to 85 with an interval of 5, as shown in Figure 3. As seen in this figure, the
absorption coefficients from 0 to 25 have two absorption peaks due to MPP 1 and MPP 2. At incidence
angles greater than 30, the two absorption coefficient peaks get closer together as a result of a better match
to the air impedance, resulting in an increase in the absorption coefficient between those two peaks . When
the sound enters at a greater incident angle, up to 60, the absorption coefficient improves. However, the
absorption coefficient drops when the incident angle exceeds 60 degrees. The absorption coefficient rapidly
drops at high grazing incidence (>80). This is because the MPP's overall surface impedance is more out of
phase with the air impedance. Another interesting phenomenon is the absorption of the third peak at
approximately 900 Hz. At a greater angle of incidence, the peak drops to a lower frequency.

(a)
(b)
Figure 3. The absorption coefficient obtained by the FEM for the thin parallel MPP structure with (a) the
variation over incident angle between 0-85, and (b) the with certain incident angles.
4
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It is critical to note that equivalent circuit analysis can be utilized to determine the sound absorption of a thin
parallel MPP structure at an incidence angle  . The absorption coefficient at various angles is calculated
using Equation 1, and the results are shown in Figure 4. It is discovered that the estimation performed via
equivalent circuit analysis agrees well with the numerical results.

Figure 4. The absorption coefficient obtained by the equivalent circuit analysis f or the thin parallel MPP
structure with certain incident angles.

3.2

Effect of unit cell dimension

The current width of the unit cell, i.e. 6 cm, is adjusted by a factor of two to explore the influence of the unit
cell dimension on the absorption coefficient. The results are illustrated in Figure 5, which considers
incidence angles of 0, 40, 60 and 80. It is obvious that the unit cell width has little effect on the
absorbtion characteristics, with the exception of the third and fourth absorption peaks. It is discovered that a
broader unit cell can result in a frequency shift of the third and fourth peaks . As a result, the breakdown
frequency phenomenon is not observed in the examined situation of an oblique incidence sound wave. The
breakdown frequency phenomenon implies that the sound absorption performance deviates f rom that of a
normal incidence. Additionally, the suggested system is insensitive to oblique sound incidence up to 7 0
degrees, which is advantageous from a practical standpoint, as oblique incidence is generally present below
80 degrees.

5
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Figure 5. Effect of incidence angle on absorption characteristics for different unit cell width.
To further confirm the presence of a break down frequency, the unit cell's width is increased to 24 c m. It is
obvious that the breakdown frequency of approximately 550 Hz exists for incidence angles of 6 0 and
greater. Wang et al. [4] also discovered the breakdown frequency issue in the case of several straight
cavities.

Figure 6. Width extension effect on absorption coefficients for various incidence angle.

3.3

Consequence of coiled structure

The comparison of sound absorption between a straight backing cavity and a coiled one with identical
perforation characteristics is shown in Figure 7. However, the MPP with coiled backing cavity may function
more robustly at higher incidence angles. As illustrated by the 70 and 80 instances, larger incidence angles
result in more prominent sound absorptions near the resonance frequency. This phenomenon occurred as a
result of the coiled structure's effective path length contributing to the MPP's better matching impedance.
This implies that both the cavity width and the coiled orientation must be considered, as both affect the
effective path length. For straight tubes, the only parameter defining the breakdown f requency at a given
incidence angle is the cavity width. As a result, the design of coiled structure may be more intriguing than
that of a straight tube.
6
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(a)

(b)

Figure 7 Absorption coefficient for the parallel MPP structure with (a) straigh tube backing cavity, and (b)
coiled backing cavity.

4

Conclusions

The sound absorption characteristic of a thin MPP absorber under oblique incidence has been studied.
Compared with the straight backing cavity, the presence of coiled backing cavity in the thin MPP has
introduced other consideration to deal with the breakdown frequency. It is found that cavity width and coiled
orientation should be addressed carefully as both parameters determine effective path length and thus the
acoustic reactance may be different. Moreover, smaller unit cell is preferable to avoid deterioration under
oblique incidence, where the current structure can withstand the incidence angle up to 70. Additionally, this
work developed a structure for a sound absorber that is insensitive to oblique incidence, which is often
present below 80.
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Abstract
Most asphalt mixtures used in road pavements nowadays show a low void percentage with uniform and
continuous grading, thus yielding a high structural capacity and cohesion for practical use. Nevertheless, there
also exist some extra characteristics that are necessary to look into such as slip resistance, drainage, and noise
reduction, this latter being necessary to reduce the noise pollution in urban and interurban areas. In this context,
the development of new asphalt mixtures that let enhance the sound absorption performance of road pavements
while preserving their functional features is of great interest. This work presents some preliminary results on
the study of high-capacity asphalt mixtures whose alternate grain size resulted in a higher void percentage than
conventional mixtures, making these suitable for noise reduction applications. Several specimens were
prepared and tested both in the laboratory and in situ using standardized procedures that let determine their
mechanical and acoustical properties. Additionally, theoretical predictions using an analytical model for
porous media were compared to impedance tube data in terms of sound absorption, the predictions showing a
good agreement when compared to experiments.
Keywords: high-capacity asphalt mixtures, alternate grain size, sound absorption.

1

Introduction

The fabrication of asphalt mixtures for the construction of road pavements is majorly focused on guaranteeing
road safety and driving comfort while reducing environmental impact, other aesthetical and functional features
such as slip resistance, drainability, and noise reduction being also of great interest. In this latter regard, the
reduction of the sound pressure generated in the tyre-road interaction becomes a key point to reduce traffic
noise [1] and for vehicles to be quieter both inside and outside the vehicle. To get these benefits, noise reduction
asphalt pavements must show a high void percentage (around 15-20%) that allow the air to flow through its
porous structure but still show a good durability and preserve the structural capacity of the bituminous mixture
layer. For that purpose, a specific granulometry is necessary to obtain pores whose geometrical characteristics
let enhance the asphalt performance and meet the previous requirements.
Nowadays, most asphalt mixtures used in road pavements are AC-type, these showing a low void
percentage (between 4-6%) and a uniform and continuous granulometry, thus giving the mixtures a great
structural capacity. Alternatively, BBTM-type and PA-type mixtures are discontinuous mixtures showing a
higher percentage of voids than the AC-type, with values around 12-18% and above 20%, respectively. To
1
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achieve these high porosity values, a discontinuous granulometry can be adopted during the fabrication process
(i. e. some granulometric fractions are skipped in the preparation of the mixture), the use of two or more
discontinuity steps allowing not only the tortuosity of the pores to be increased but also some additional
features improved. For instance, each fraction could be of a specific type of aggregate, seeking to enhance
performance selectively (e. g. porous aggregates for higher sound absorption). The main drawbacks of these
asphalt mixtures are the impact of missing aggregate fractions on the cohesion of the mixture [2] and the
deterioration in the short and mid-term due to the oxidation of the bitumen and the clogging of the pores [3].
To deal with this issues and to increase the durability of these mixtures, polymer-modified bitumens and fibre
additions are used, the mechanical strength of the mixtures being also increased [4].
In this work, the sound absorption and in situ noise reduction performance of high-capacity asphalt
mixtures with alternate grain sizes were analysed. For that purpose, laboratory impedance tube tests were
performed over two types of discontinuous asphalt mixture samples having different characteristics to
determine their sound absorption coefficient according to the ISO 10534-2 standard [5]. On the other hand, in
situ measurements over test tracks fabricated from these mixtures following the Close Proximity Method
(CPX) described in the ISO 11819-2 standard [6] served to assess their noise reduction capability. Both the
sample specimens and in situ road tracks of these asphalt mixtures were fabricated by the company EiffageLos Serranos S. A. In addition, sound absorption data was compared to predictions obtained using the
theoretical model for granular porous media proposed by Horoshenkov and Swift [7] together with an inverse
methodology [8], results showing a good agreement when compared to experiments. In general, preliminary
results show that the use of these asphalt mixtures may constitute an interesting alternative to conventional
pavements both for traffic noise reduction and improved road safety.

2
2.1

Material
High-capacity asphalt mixtures with alternate grain size

Asphalt mixtures with alternate grain sizes can be considered discontinuous granulometry asphalt where some
of the aggregate fractions of the mineral skeleton are not included and whose aggregates have different
geological nature. These characteristics allow both using aggregates with higher microporosity values and
increasing the porosity of the whole mixture, thus letting the sound absorption of the asphalt increase. Even
though most discontinuous asphalt mixtures used in practice only have one step of discontinuity, there can be
conceived many asphalt mixtures with multiple discontinuities and still meet the manufacturing requirements
of mixtures for roads specified in the UNE-EN 13043 standard [9]. Results for only two sets of all the fabricated
discontinuous asphalt mixtures will be shown in the current work: BBTM-11B and PA-6. The granular
properties of these mixtures are summarized in Table 1, their corresponding granulometric spindle obtained
following the UNE-EN 13108 standard [10] being shown in Figure 1.
Table 1. Granular properties of the asphalt mixtures under test.
Mixture
Fine aggregate
Coarse aggregate
size (mm)
type
size (mm)
type
BBTM-11B
0-2
limestone
5-11
porphyry
PA-6
0-0.4
limestone
2-4
arlite (20.5 %)
porphyry (74.5 %)

Bulk density
(kg/m3)
2260
2225
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Figure 1. Granulometric spindle of the discontinuous asphalt mixtures under study.
Three cylindrical samples 100 mm in diameter and 60 mm thick were extracted from each mixture so
as to be tested in an impedance tube. Once the sound absorption of these specimens was determined, test tracks
having a length of 700 m were constructed for each asphalt mixture under test in the road CT-32 near Cartagena
(Murcia). The homogeneity of these road surfaces was guaranteed not only by the CPX measurement
procedure whose results are presented later but also by measuring the International Roughness Index (IRI).
Figure 2 shows pictures of the prepared cylindrical specimens and the test tracks constructed.

(a)

(b)

(c)
Figure 2. Asphalt mixtures under test: (a) laboratory cylindrical specimens: BBTM-11B (left) and PA-6
(right); (b) test tracks (upper road): BBTM-11B (right lane) and PA-6 (left lane); and (c) detailed view of
the test tracks: BBTM-11B (left) and PA-6 (right).
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3

Methods

3.1

ISO 10534-2: Transfer-function method

First, the sound absorption performance of the asphalt mixtures with alternate grain sizes under study was
analysed. For that purpose, the Transfer-function method adopted in the standard ISO 10534-2 [5] was
implemented. In this method, the sound absorption coefficient under normal incidence of a porous sample at
the end of an impedance tube can be determined by measuring the pressure frequency spectrums of two
microphones flush-mounted in the tube when a speaker reproduces a random noise signal. Figure 3.a shows
the experimental arrangement of the impedance tube used for the measurements.
3.2

Horoshenkov-Swift model for granular porous media

In addition to the impedance tube tests, it was found of great interest to implement a theoretical model for
porous media that let both determine the acoustic properties of the prepared asphalt mixtures and analyse the
influence of their physical properties on the resulting sound absorption performance. Specifically, the model
for granular porous media proposed by Horoshenkov and Swift [7] together with an inverse methodology [8]
was used to predict the sound absorption coefficient of the asphalt samples under study. This model is based
on the determination of four macroscopic physical parameters: porosity (ϕ), flow resistivity (σ), tortuosity (α∞),
and pore size deviation (σp); to predict the acoustic properties of granular porous media by assuming a pore
size distribution close to log-normal. The expressions proposed for the complex dynamic density (ρ) and bulk
modulus (K) of the fluid equivalent to the granular media can be written as follows
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where ω is the angular frequency, ρ0 the air density, P0 the atmospheric pressure, γ the ratio of specific heats,
NPr the Prandtl number, and

F (ω) stands for a viscosity correction function defined by
1  a1  a2 2
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1  b1

(3)

with a1 = θ1/θ2, a2 = θ1, and b1 = a1, being θ1 = (4/3)e4ξ – 1 and θ2 = e3ξ/2/√2 when circular pore shape is assumed,
where ξ = (σpln2)2 and σp is the standard deviation in the log-normally distributed pore size, and the parameter
ε = (jωρ0α∞/(σϕ))1/2 is dimensionless.
These effective properties are related to the complex characteristic impedance (ZC) and wave number
(k) by
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k 

K

K

(4)
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Once these effective properties are obtained, it is straightforward to obtain the surface impedance
under normal incidence (ZS) of porous granular material of thickness d when backed by a rigid wall from

ZS

jZc cot(kd )

(6)

The sound absorption coefficient (α) is then calculated as

1

ZS
ZS

Z0
Z0

2

(7)

where Z0 = ρ0c0 is the characteristic impedance of air, being c0 the speed of sound in air.
Given that the measurement of the above referred macroscopic physical parameters may show some
difficulties (e. g. guarantee complete saturation of the sample in methods involving water), an inverse
methodology that implements the Nelder-Mead direct search optimization method [8] was used instead. Some
recent examples of the applicability of this methodology on similar media can be found in [11, 12].
3.3

ISO 11819-2: Close-Proximity Method (CPX)

To assess the influence of the asphalt mixture on the noise reduction capability of the road pavement, the Close
Proximity Method (CPX) described in the ISO 11819-2:2017 standard [6] was implemented. This method
allows determining the average A-weighted sound pressure levels generated by the tyre-road interaction over
a test track surface by using measurement microphones close to the tyre surface. In this work, a custom-made
device was fabricated and installed on the right rear wheel of the vehicle used for the tests as depicted in Figure
3.b. Measurements of the sound pressure level (in dBA) were performed over three runs at different vehicle
speeds (40 km/h and 50 km/h) for each test track under test, average values being obtained. The parameter
used for the comparison of the different asphalt mixtures was the CPXI, which serves as an indicator of the
influence of the road pavement on the lightweight traffic noise and is calculated from the measured sound
pressure level for the third-octave bands between 315 and 4000 Hz. It should be noted that the influence of the
type of vehicle or the test tyre characteristics (e. g. rubber hardness) were not considered insomuch as the main
aim of this research was merely to compare the performance of the different asphalt mixtures.

(a)
(b)
Figure 3. Measurement setups used to perform the experiments: (a) impedance tube (Transfer function
method); and (b) device consisting of a supporting structure and two microphones (CPX method).
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4
4.1

Results and discussion
Sound absorption results

Figure 4 shows the comparison of the average measured sound absorption coefficient under normal incidence
and the corresponding values predicted using the theoretical model for the asphalt mixtures listed in Table 1.
Results indicate that the asphalt mixture PA-6 shows a higher sound absorption coefficient than the BBTM11B in the measured frequency range. On the other hand, predicted values show a good agreement when
compared to measured ones, the use of the Horoshenkov-Swift model for granular media being thus a helpful
tool for the analysis of these mixtures. It must be noted that the porosity values obtained for both mixtures
were quite similar (between 26-28%), the improved absorption performance being therefore majorly attributed
to the fact that the smaller aggregates used in the PA-6 mixture yields smaller pores that increase the sound
attenuation inside the granular material.

Figure 4. Comparison of the average measured sound absorption coefficient under normal incidence
(continuous lines) and the corresponding theoretical predictions (discontinuous lines) for the different
asphalt mixtures under study.
4.2

In situ noise reduction performance

Table 2 summarizes the values of the CPXI obtained at the different velocities for each of the tracks under test.
It can be seen that the road pavement constructed using the asphalt mixture PA-6 produces a lower noise level
and therefore an improved noise reduction performance. This assertion is confirmed in Figure 5, which shows
that the measured average sound pressure level for the third-octave bands between 315 and 4000 Hz at a vehicle
speed of 50 km/h is lower in the case of the PA-6 test track that for the BBTM-11B one. While these results
are representative for an automobile flowing at constant speed up to 50 km/h, in which tyre-road noise normally
dominates, a comprehensive study for other types of tyre and vehicle constitutes a future research that should
be also considered.
Table 2. CPXI (dBA) obtained at the different velocities for each of the tracks under test.
Test track
Vehicle speed
asphalt type
40 km/h
50 km/h
BBTM-11B
92.9
95.8
PA-6
88.2
90.7
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Figure 5. Third-octave band average sound pressure level (in dBA) of the test tracks under study at a
vehicle speed of 50 km/h.

5

Conclusions

One of the key points to reduce the rolling noise generated in the tyre-road interaction is linked to the “air
pumping” effect generated by the air compressed between the road surface and the tyre. Therefore, by properly
designing the voids of the asphalt mixtures, this effect can be minimized and consequently a reduction of the
produced noise achieved. Asphalts with a high void percentage result in a porous absorbent which may also
lead to reduce the acoustic wave propagation of the engine noise and other aerodynamic effects, some other
aspects influencing the rolling noise being the road surface texture and the pavement stiffness. In this work,
the acoustic behaviour of high-capacity asphalt mixtures with alternate grain size showing a high void
percentage was studied. Laboratory and in situ tests were performed both to assess the sound absorption
coefficient and the tyre-road noise reduction of these asphalts when used as road pavements, respectively.
Besides, the asphalts analysed not only improve grip on wet pavement, thus minimizing aquaplaning effect
and reducing stopping distance, but also road visibility by suppressing the mirror effect. The drawbacks
commonly found in discontinuous asphalts such as the shorter structural durability and the need for periodic
cleaning to minimize the clogging of the pores were tackled by using modified bitumens, a more detailed
analysis on this point being still necessary. In summary, preliminary results showed the potential of these
asphalts as a cost-effective alternative to noise barriers for the sake of reducing traffic noise in interurban areas
while minimizing the visual impact, thus encouraging further research that let conceive new innovative sound
absorbing road pavements.
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Abstract
In building acoustics, it is common to perform two types of actions. The first consists in designing the sound
insulation. The second consists in acoustically conditioning the enclosures. This improves the sound quality
and reduces the excessive reverberant noise.
There are different solutions for acoustic insulation. One of them consists in building a base wall reinforced
with a lining system. The acoustic insulation improvement provided by the lining system depends on the type
of the base wall used. Once the acoustic insulation issue has been solved, the next step is to improve the sound
quality of the enclosure. For this purpose, acoustic conditioning is carried out. In this case, a very common
solution is the use of perforated plate systems with a plenum filled with acoustic absorbent material. Therefore,
it may be the case of installing a partition wall to improve the acoustic insulation and later installing another
system for acoustic conditioning.
This paper presents a solution that reduces the installation costs, based on materials that, with a single
installation, improve acoustic insulation and conditioning. This means a great saving in installation costs.
Keywords: building acoustics, acoustic insulation, acoustic conditioning.

1

Introduction

When acoustically designing a space, there are basically two requirements to meet in order to guarantee its
acoustic comfort, these are a good sound insulation and a controlled reverberation time. This will provide a
space free or with reduced levels of noise and good listening conditions whether for talking, listening to music
or any other type of sound reproduction.
These requirements are usually met by using two different independent solutions, one for sound insulation and
another for acoustic conditioning. This work presents the study of a solution that meets both requirements at
the same time, which reduce considerably the installation costs.
The proposed solution consists in a lining system formed by a multilayer composite composed of two layers
of textile felt with the same density and thickness thermally adhered to a 4 mm high density viscoelastic
membrane combined with perforated plasterboard.
The acoustic insulation improvement provided by the proposed lining system will depend on the type of the
base wall used and the final sound absorption will depend on the type of perforated plasterboard and the air
plenum left between the lining system and the base wall.

2

Objectives

The use of viscoelastic membranes is a common practice in sound insulation applications and its good
behaviour for this type of applications has been already proved. When combining this type of solution with a
1
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porous material, it can also provide a good sound-absorbing behaviour. These facts may lead to consider
combining it with a perforated plasterboard to obtain a ready-to-install solution, as presented in Figure 1, for
applications where optimum levels of sound absorption and sound insulation are needed.

Textile felt

Main sheet

Perforated panel

Viscoelastic
membrane

Figure 1 – Overview of the proposed solution
This work assesses the behaviour of different possibilities for the proposed solution, combining the multilayer
composite with different types of perforated plasterboard. For each proposed solution, sound absorption and
sound transmission tests have been carried out.

3

Materials

For this work, two types of materials were used. First, a multilayer composite (MLC) composed of two
layers of textile felt with the same density and thickness thermally adhered to a high-density viscoelastic
membrane (Figure 2), which main properties are presented in Table 1.

Figure 2 – Multilayer composite under study
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Table 1 – Properties of the multilayer composite
Thickness
(mm)

Mass
density
(kg/m2)

36

8,4

MLC

Second, 4 different perforated plasterboards (PRF1-PRF4), with different densities, perforation rates and
perforation shapes have been used to complete the lining system. The details of the plasterboards are presented
in Table 2.
Table 2 – Properties of the perforated plasterboards

4

Thickness
(mm)

Perf. shape

Perf. rate
(%)

Perf. size
(mm)

Mass
density
(kg/m2)

PRF1

12,5

Squared

16

12 x 12

8

PRF2

12,5

Circular

10

8, 15, 20

10

PRF3

12,5

Circular

8,7

6

8,8

PRF4

12,5

Circular

18,1

12

7,9

Acoustic assessment of the proposed solution

Different tests have been conducted in order to assess the acoustic absorption and the acoustic insultation
capabilities of the proposed solution. In the next sections, a description of each test and the results obtained
in each of them are presented.
4.1

Assessment of the textile felt

In order to carry out the assessment of the textile felt, both normal incidence sound absorption coefficient and
the airflow resistivity tests have been conducted. For these tests, the guidelines of the ISO-10534-2 standard
[1] and the Ingard & Dear method [2] have been followed, respectively.
Three circular samples of 41 mm have been measured in both tubes, as can be seen in Figure 3 and Figure 4,
and the final results have been obtained by calculating the arithmetic mean of the three.

Figure 3 – Textile felt of the multilayer composite
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Figure 4 – Images of the ISO 10534-2 (left) and Ingard & Dear (right) tests
4.1.1 Normal incidence sound absorption
The results of the tests are presented in Figure 5. In order to gather more information for possible future changes
in the multilayer composite, three tests have been carried out. The sound absorption of configurations with
one, two and three layers of the textile felt have been measured. This way, an approximation of the soundabsorbing performance of textile felt in case of modifying its thickness can be obtained.

ISO 10534-2
Normal inc. Sound aborp1on coeﬀ.

1,20
1,00
0,80
0,60
0,40
0,20
0,00
100

125

160

200

250

315

400

500

630

800 1000 1250 1600 2000 2500 3150

Frequency (Hz)
1 layer

2 layers

3 layers

Figure 5 – Results of the ISO 10534-2 tests for the three textile felt configurations

4.1.2 Airflow resistivity
The tests of the airflow resistivity yielded a value of 11,13 ± 0,81 kPa·s/m2, which is over the minimum limit
of 5 kPa·s/m2 required in the D Appendix of the ISO 12354-1 [3] to obtain the "Sound reduction index
improvement of additional layers", so it can be considered a requirement for this kind of acoustic solutions.
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4.2

Assessment of the complete system: sound absorption

As mentioned earlier, the sound-absorbing performance of the proposed solution has been tested with the four
perforated plasterboards, which main properties are described in Table 2. An additional test has been carried
out without any perforated layer over the multilayer composite.

Figure 6 – Sound absorption tests in the reverberation chamber of the EPSG
These test have been conducted following the guidelines of the ISO 354 [4] standard. Other standards like the
ISO 11654 [5] and the ASTM C423 [6] have also been used to present the results. The former considers the
parameter αw, which is a weighted version of the absorption coefficient that allows to represent the absorption
of a material with a unique value, the latter includes the 80 Hz band in the evaluated frequency range and also
consider the parameters “Sound Absorption Average” (SAA) and “Noise Reduction Coefficient” (NRC).
The tests have been carried out in the normalized reverberation chamber of the Higher Polytechnic School of
Gandia, that has a volume of 238 m2 and a total surface area of 236 m2. The surface area of the assessed
configurations was 11.4 m2.
The results of the ISO 354 tests for each assessed configuration are presented in Figure 7.
ISO 354
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0,70
0,60
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0,40
0,30
0,20
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MLC + PRF2

MLC + PRF3
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00

31
50
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00

20
00

16
00

12
50

10
00

80
0

63
0

50
0

40
0

31
5

25
0

20
0

16
0

10
0

12
5
MLC

40
00

F (Hz)

0,00

80

Sound absorp,on coeﬃcient,αs

0,90

MLC + PRF4

Figure 7 – ISO 354 results for the assessed configurations
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The results of the assessed configurations for the ISO 11654 and ASTM C423 standards are presented in
Table 3 and Table 4, respectively.
Table 3 – UNE-EN ISO 11654 results and classification
MLC
αw

0,6 (H)

MLC +
PRF1
0,65

CLASS

C

C

MLC +
PRF2
0,55

MLC +
PRF3
0,55

MLC +
PRF4
0,65

D

D

C

Table 4 – ASTM C423 results

4.3

MLC

MLC +
PRF1

MLC +
PRF2

MLC +
PRF3

MLC +
PRF4

NRC

0,60

0,70

0,60

0,55

0,70

SAA

0,58

0,70

0,60

0,56

0,68

Assessment of the complete system: sound insulation

Finally, a last round of tests has been conducted, with the objective of estimating the Sound Reduction Index,
R (dB), of the proposed solution with the different perforated plasterboards.
The full ISO 10140 standard is related with the laboratory measurement of sound insulation of building
elements. The ISO 10140-2 standard [7], in particular, indicates the procedure for the measurement of acoustic
insulation to airborne noise, in accordance with the ISO 10140-4 standard [8] and the ISO 10140-5 standard
[9].
Since a normalized transmission chamber as described in the ISO-10140-5 standard was not available in the
laboratories of the EPSG, a reduced sized transmission chamber that reproduces the geometry of standard
transmission chambers to scale has been used. The design of this chamber was carried out according to the
ISO 10140-5 standard, following a similar approach as described in [10]. The details of the design and building
process of the chamber were presented in [11], where this chamber was used to evaluate the performance of
new sustainable solutions for sound insulation.

Figure 8 – Sound Reduction Index tests in the reduced sized transmission chamber of the EPSG
A total of seven configurations have been assessed in the reduced sized transmission chamber. Each of the
four configurations with the perforated plasterboards have been tested with an additional plasterboard (PB) as
6
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main wall. Three more tests have been carried out in order to have additional information to compare: one with
only one layer of plasterboard, a second one consisting of a sandwich of two plasterboards and one layer of
the textile felt (FLT) and a third one consisting of a sandwich of two plasterboards and the multilayer composite
(MLC). The results of all the tests are presented in Figure 9.
Sound reduc3on index
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55,0

R (dB)

50,0

45,0

40,0
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30,0

PB + MLC + PRF2

PB + MLC + PRF3

PB

PB + FLT + PB

PB + MLC + PB

40
00

31
50

25
00

20
00

16
00

12
50

10
00

63
0

80
0

PB + MLC + PRF1

50
00

F (Hz)

25,0

PB + MLC + PRF4

Figure 9 – Sound Reduction Index of the assessed configurations

5

Estimation of the airborne sound insulation

One of the main objectives of the proposed solution is to provide good levels of improvement in noise
reduction. The Appendix D of the ISO 12354-1 standard defines a procedure to obtain estimations of the sound
reduction index improvement of additional layers (ΔRA). These estimations are similar to the one of the
Building Elements Catalogue (Catálogo de elementos constructivos, CEC [12]) of the DB-HR [13], which is
the Basic Document for Noise Protection, part of the Spanish Technical Building Code, published by the
Spanish government.
In this section a prediction of the airborne sound insulation provided by the proposed solution will be presented.
This prediction will be obtained according to the ISO 12354-1 standard, starting from the estimated resonance
frequency of the proposed solution. In order to obtain that frequency, first, the bulk modulus of the material
will be obtained from the acoustic impedance tests of the materials that have been carried out in the impedance
tube. The different elements of the assembly will be adjusted, as far as possible, until a value for the resonance
frequency of the assembly is obtained that is within the target range to provide an improvement in acoustic
insulation.
To make these estimates, we start from a main sheet of mass 𝑚! and a lining system with absorbent material
of thickness 𝑑 and plate of mass 𝑚" placed on it (see Figure 1). The resonant frequency, 𝑓# , is calculated
according to Equation 1:
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𝑓# =

1000 0,111 1
1
)
+ +
-.
2𝜋
𝑑
𝑚! 𝑚"

(1)

This resonant frequency, 𝑓# , is the main control parameter for the design of the system and will be valid as far
as the airflow resistivity be higher than 5 kPa·s/m2.
Since the main objective is that the proposed solution provides both sound absorption and sound insulation,
the assembly can be divided as follows: the main sheet with the first textile felt and the viscoelastic membrane
would be in charge of the sound insulation improvement, in the most conservative case, and the second textile
felt with the perforated panel (which must have the corresponding veil) would provide the sound absorption
improvement part.
Considering the viscoelastic sheet of mass m2 = 6.8 kg and the 14 mm thick textile felt with an airflow
resistivity of 11.13 kPa·s/m2, Equation 1 must introduce masses of 70 kg/m2 upwards for the main sheet, which
are much higher than the viscoelastic sheet. This means that Equation 1 is simplified and gives a fixed value:
𝑓# ≈ 53)

1
𝑑 · 𝑚"

(2)

To achieve an improvement in airborne sound insulation, 𝑓# must be less than 200 Hz (or not within the 200
Hz band). For the case under study, applying the available data of each of the materials, the resonance
frequency, 𝑓# , is in the range of 161 to 177 Hz, considering a margin between 14 - 16 mm of the textile felt
(since it is known that its thickness can get reduced due to material manipulation). If Table D.1 of the ISO
12354-1 standard is applied, taking into account that 𝑓# is rounded to the third octave band to which it belongs
(in this case, 160 Hz, whose band is from 143 to 180 Hz), an improvement in the acoustic reduction index can
be obtained by means of a lining, assuming metal or wooden studs or slats not directly connected to the basic
structural element.
Applying the standard, with the 2 dBA security correction, the improvement of the sound reduction index
presented in Table 5 is obtained.
Table 5 – Theoretical estimation of the sound reduction index improvement of additional layers
Main sheet
(kg/m2)
70
100
140
160
180
200
250
300
350
400
500

ΔRA
(dB)
10
9
8
7
6
5
3
2
1

For these estimates to be correct, the following conditions must be met:
•
•

There must be continuity in the viscoelastic membrane.
The thickness of the textile felt should be kept between 14 - 16 mm with a gap of 4-5 mm between the
material and the main sheet.
8
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The effect of the textile felt and the veil with the perforations of the plasterboard will also be positive, but it is
difficult to quantify it. However, if the perforation rate is too high, this improvement could also decrease.
In Table 6, an estimation of the sound reduction index improvement of additional layers from experimental
data is presented. It has to be taken into account that the assembly for these measurements did not follow the
usual installation procedure, since no studs or slats were used. They were carried out just to compare the
behaviour of the different perforated plates. It is expected that in normal installation conditions these levels of
improvement be higher.
Table 6 –Estimation of the sound reduction index improvement of additional layers from experimental data
Main sheet
(kg/m2)
70
100
140
160
180
200
250
300
350
400
500

6

PB
14
13
12
11
10
9
7
6
5
4
2

PRF1
3
2
1

ΔRA
(dB)
PRF2
8
7
6
5
4
3
1

PRF3
8
7
6
5
4
3
1

PRF4
6
5
4
3
2
1

Conclusions

A solution that can be used to improve both acoustic insulation and conditioning at the same time has been
presented. This means a great saving in installation costs.
Four different options have been presented, with different aesthetics (perforation rates, sizes and shapes),
yielding results that are of direct application to the market.
It has been proved that the combination of the multilayer composite with the perforated plates can be used for
acoustic conditioning, yielding values over 0.5 for the sound absorption coefficient in all the interest range for
building acoustics. The higher values have been reached with perforation rates between 16-18% and diameters
or square sides of 12mm. These results could be tuned by making some controlled changes in the air plenum
or in the perforation rate and size.
It has also been proved that besides the good performance for acoustic conditioning, the solution also provides
good levels of improvement in noise reduction. The foreseen improvement is between the levels of the TR1
and TR2 configurations of the Building Elements Catalogue, which use non-perforated plasterboards.
Some possible future improvements in the levels of noise reduction have already been analysed. The studies
have shown that improvements of 2-4 dB could be achieved with some variations in the elements of the
multilayer composite. The detail of these studies will be presented in future works.
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Abstract
This paper introduces a novel indirect method to determine the acoustic properties of residential ventilation
valves. Whereas conventional valve characterisation techniques use large-scale anechoic or reverberation
rooms, the presented method uses a controlled low-cost compact environment in which the valve can be placed.
To generalise the acoustic properties to different environments, the valve is represented by an equivalent piston
model, and a calibration is carried out to obtain transfer functions between the equivalent piston velocity and
pressure and the pressures measured inside the environment. The application of the equivalent piston model is
verified by performing experimental characterisation of two different valves. Results indicate that some valves
can be represented by an equivalent moving piston, but further fine-tuning of the calibration method is
necessary in order to obtain a unique representation of the valve that is able to be extrapolated to different
environments.
Keywords: residential ventilation systems; ventilation valve; indirect measurement method; radiation;

1

Introduction

In residential ventilation systems, an accurate characterisation of the noise radiated by end valves is important
to make reliable predictions of the system’s noise emission using network modelling approaches. As the valve
is the last component of the network, it is not possible to take any significant noise mitigation measures after
the valve. In addition, the aerodynamic mean flow through the valve generates a considerable amount of noise
that is radiated directly to the connected room. Conventional end valve characterisation techniques employ
power attenuation models such as those found in VDI or ASHRAE guidelines [1] [2], the properties of which
are measured in large-scale anechoic or reverberation rooms [3]. However, these rooms are costly to construct
and are often not available to the designers of end valves. An additional downside of these techniques is that
they neglect the influence of the environment to which the valve radiates noise, even though the environment
can have a significant influence on the reflection coefficient seen at the duct side and the generated sound
power towards the environment.
As an alternative to conventional measurement techniques that require large-scale (semi-)anechoic or
reverberation rooms, more compact measurement techniques have been investigated to determine the
absorption properties of absorbing wall treatments [4] [5], and the insertion loss properties of acoustic
insulation panels [6]. Several challenges are contained in the development of accurate measurement
methodologies using compact rooms. For small rooms, the straightforward analytic models for free field
radiation or diffuse field conditions are not valid, especially at lower frequencies as a result of the influence of
the acoustic modes of the cavity. This makes the results of these measurement techniques not straightforward
1
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to extrapolate to different environments in which the valve is placed. To compensate for this behaviour, these
compact measurement techniques often rely on calibration models of the measurement set-up and generic
models of the object under study in order to be able to generalise the measured properties to different
environments.
This paper introduces a novel indirect method to determine the acoustic properties of residential ventilation
valves. The measurement set-up is a controlled low-cost environment consisting of a compact box equipped
with microphones, connected to a duct with flush mounted microphones. To obtain a generic model of the
valve that can be used in different environments, the valve is represented as an equivalent piston velocity at
the duct end connected to the box. A calibration procedure of the measurement set-up without a valve is used
to determine transfer functions between the plane wave particle velocity, representing the piston velocity, and
the pressure at this duct end and the pressures measured in the box. These transfer functions are then used to
determine equivalent piston velocities and pressures when a valve is placed in the set-up. A relationship can
then be derived between the duct velocities and pressures when the valve inside the set-up and the equivalent
velocities and pressures in order to obtain a generic valve model for different environments.
It is important that the measurement procedure leads to a unique representation of a valve which is able to be
extrapolated to different environments. Therefore, the goal of this paper is to investigate the application of the
equivalent piston model to two different valve geometries. An experimental characterization of both valves is
carried out to investigate the sensitivity of the microphone positions to the corresponding equivalent piston
velocities, after which possible improvements to the calibration procedure can be suggested.
The rest of this paper is structured as follows. The second section discusses the valve characterisation
framework. First, acoustic theory related to the acoustic fields inside ducts is provided, followed by an
overview of the measurement method, the calibration procedure and a short note on the generic valve model.
The third section provides an experimental characterization of the equivalent velocities of two different valve
geometries. Finally, the last section provides a conclusion and suggestions for future work.

2

2.1

Characterisation framework

Acoustic fields inside ducts

In order to provide a better understanding of the physical principles behind the measured method, first some
acoustic theory on the modal pressure fields inside ducts is provided. At low frequencies, a fluctuating pressure
𝑝𝑑′ inside a duct at a fixed axial position 𝑧 can be expressed as a linear combination of propagating left- and
right-running plane wave modes et every frequency 𝑓 as a function of the modal pressures 𝑝𝑑± and axial
wavenumbers 𝑘 ± :
𝑝𝑑′ = 𝑝𝑑+ 𝑒 −𝑗𝑘

+𝑧

+ 𝑝𝑑− 𝑒 𝑗𝑘

−𝑧

(1)

Similar to the fluctuating pressure 𝑝𝑑′ , the fluctuating particle velocity 𝑣𝑑′ can be determined at an axial position
𝑧 from:
𝑣𝑑′ =

1 + −𝑗𝑘 +𝑧
−
− 𝑝𝑑− 𝑒 𝑗𝑘 𝑧 )
(𝑝𝑑 𝑒
𝑍0

(2)

Where the characteristic impedance 𝑍0 = 𝜌𝑐0 is a property of the acoustic fluid dependant on the fluid mass
density 𝜌 and speed of sound 𝑐0 ≈ 340 𝑚/𝑠 . Due to the low mean flow speeds commonly encountered in
ventilation systems, convective effects can be neglected and when no visco-thermal losses are taken into
account, the axial wave numbers 𝑘 ± are equal to the acoustic wave number 𝑘0 expressed as:
2
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𝑘 ± = 𝑘0 =

2𝜋𝑓
𝑐0

(3)

The plane wave assumption is valid until the cut-on frequency of the first higher order mode 𝑓𝑐 , which in a
duct with a circular cross-section of a diameter 𝐷 is given by:
𝑓𝑐 =

1.84 𝑐0
𝜋 𝐷

(4)

For a common ventilation duct diameter of 125mm this leads to a cut-on frequency 𝑓𝑐 of approximately 1600
Hz. The modal pressure amplitudes 𝑝± can be determined by using microphones to measure the acoustic
pressures 𝒑′𝒎𝒊𝒄 using at least two distinct microphone positions by inverting the modal decomposition matrix
𝑴, where the inverse is interpreted as the Moore-Penrose inverse when there are more than two microphones:
𝑝+
[ 𝑑− ] = (𝑴)−1 𝒑′𝒎𝒊𝒄
𝑝𝑑

(5)

The rows of the modal decomposition matrix 𝑴 express the wave propagation at a single reference position
with respect to the axial position 𝑧𝑖 of each microphone:
+

𝑒 −𝑗𝑘 𝑧1
−𝑗𝑘 + 𝑧2
𝑴= 𝑒
…
[𝑒 −𝑗𝑘 +𝑧𝑁

−

𝑒 𝑗𝑘 𝑧1
−
𝑒 𝑗𝑘 𝑧2
…
−
𝑒 𝑗𝑘 𝑧𝑁 ]

(6)

Finally, an acoustic impedance 𝑍 can be defined as a relation between the pressure 𝑝𝑑′ to the velocity 𝑣𝑑′ across
a certain surface:
𝑍=

𝑝𝑑′
𝑣𝑑′

(7)

The acoustic impedance is a property of the environment and represents the opposition to acoustic flow when
an acoustic pressure is applied to a system. In a duct where waves are propagating in both the positive and
negative direction, the acoustic impedance varies along the duct axis due to standing wave effects. The real
part of the impedance, the acoustic resistance, represents the net flow of energy to the medium ahead, whereas
the imaginary part, the acoustic reactance, represents the temporary storage of energy in this medium.
2.2

Measurement method overview

Figure 1: Compact measurement set-up schematic. Left: representation of valve inside set-up. Right:
equivalent representation as moving piston inside set-up.
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This paper describes a new measurement method to determine the acoustic properties of a residential
ventilation valve, namely the sound that is transmitted from the duct to the environment characterized by the
end reflection coefficient and the sound that is generated by flow through the valve. Whereas conventional
valve measurement techniques employ large-scale (semi-)anechoic or reverberation rooms, the described
measurement method uses a compact low-cost controlled environment of approximately 1m³, a schematic
overview of which is shown in Figure 1. A downside of using a compact environment is that it exhibits severe
modal behaviour in the frequency range of interest, affecting both the reflection coefficient of the valve and
the sound power that is generated by the valve. Therefore, an indirect measurement procedure is carried out
by relating the measured quantities to equivalent quantities of a generic model that is able to represent the
radiation of the valve in different environments. Such a generic model should be simple enough in order to
provide a straightforward calibration procedure of the set-up using conventional pressure microphones to keep
costs low, but should be specific enough in order to account for the acoustic properties of the valve in different
environments.
The acoustic radiation of a piston in a baffle or open ended pipe is a well-studied topic that has an analytic
solution [7]. As a plane velocity waves in an empty duct can be regarded as a moving piston [8], it is
straightforward to relate the piston velocity to the travelling wave pressures obtained from the modal
decomposition inside the duct. In addition, such a method can even be extended to a higher-frequency range
by including more cut-on pressure and velocity modes. An inverted method based on such a multi-modal
framework has already been used to obtain the modal content of the waves inside a duct through far-field
measurements inside an anechoic room [9]. Therefore, this paper will represent the valve as an equivalent
velocity and pressure of a moving piston inside the duct end that is connected to the measurement set-up as
modelled in Figure 1. Even though this assumption may not always hold in practice, at low frequencies the
valve can potentially be represented as a compact source and such a method can represent the valve properties
for different environments up to a reasonable accuracy.
To relate the measured properties of the valve inside the compact set-up, a calibration procedure is provided
of the empty measurement set-up to investigate the radiation of an equivalent piston inside the environment.
′
When the pressures in the box for the no-valve case 𝑝𝑏𝑜𝑥,𝑒𝑚𝑝𝑡𝑦
are measured and the velocity at the duct end
′
𝑣𝑑,𝑒𝑚𝑝𝑡𝑦 is determined through the modal decomposition procedure inside the duct, a transfer function 𝐻𝑟𝑎𝑑
relating the box pressure and duct velocity can be defined for each microphone:
𝐻𝑟𝑎𝑑 =

′
𝑝𝑏𝑜𝑥,𝑒𝑚𝑝𝑡𝑦
′
𝑣𝑑,𝑒𝑚𝑝𝑡𝑦

(8)

′
While it is straightforward to define a similar transfer function for the empty duct pressure 𝑝𝑑,𝑒𝑚𝑝𝑡𝑦
, the use
of the acoustic impedance at the empty duct end 𝑍𝑒𝑚𝑝𝑡𝑦 offers a more physical interpretation of acoustic
properties of the environment to which the equivalent piston radiates, where this impedance is simply defined
as:

𝑍𝑒𝑚𝑝𝑡𝑦

′
𝑝𝑑,𝑒𝑚𝑝𝑡𝑦
= ′
𝑣𝑑,𝑒𝑚𝑝𝑡𝑦

(9)

Once the transfer functions and acoustic impedance of the empty duct end are defined, an inverse
characterization can be carried out when the valve is placed inside the set-up. By measuring the pressures
′
𝑝𝑏𝑜𝑥,𝑣𝑎𝑙𝑣𝑒
at the same positions as the ones used for the calibration procedure, an indirect method can be used
′
′
to relate these pressures to an equivalent velocity 𝑣𝑒𝑞
and equivalent pressure 𝑝𝑒𝑞
that represent a piston
moving in the duct end where the valve is located:
′
𝑝𝑏𝑜𝑥,𝑣𝑎𝑙𝑣𝑒
𝐻𝑟𝑎𝑑
′
= 𝑍𝑒𝑚𝑝𝑡𝑦 𝑣𝑒𝑞

′
𝑣𝑒𝑞
=
′
𝑝𝑒𝑞

(10)
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The transfer functions include both the properties of the equivalent piston source strength, often characterized
by the piston velocity or acoustic volume acceleration, and the directivity of the radiation as a function of the
microphone positions. For a valve in the plane wave region, only one pressure has to be measured inside the
box to obtain an equivalent velocity and pressure. However, if the radiation directivity of the valve differs
greatly from the equivalent piston model obtained in the calibration procedure, the derived equivalent piston
source strength may not be the same for different microphone positions. This can lead to ill-conditioning of
the valve characterisation when trying to find a relationship between the in-duct quantities and the equivalent
velocities for a general environment, as the influence of the microphone positions can depend on the
environment itself.
2.3

Generic valve model

Although the equivalent velocity and pressures can be derived using the indirect measurement method when
the valve is placed inside the compact set-up, the modal pressures inside the duct also depend on the
environment in which the valve is placed. Therefore, network modelling tools require a generic model of the
valve that can relate the in-duct quantities to the equivalent piston quantities for a general environment in order
to make an accurate prediction of the sound field inside the network. As network modelling tools already exist
that make use of two-port modelling methods [10], a possible approach is to represent the valve as a two-port
model between the in-duct pressures and velocities and the equivalent pressures and velocities. Such an
approach would lead to a matrix equation, where the 𝑻 is the valve two-port matrix:

[

′
𝑝𝑒𝑞
𝑝𝑑′
𝑇11
]
=
𝑻
[
′
′ ] = [𝑇
𝑣𝑒𝑞
𝑣𝑑
21

′
𝑇12 𝑝𝑒𝑞
][ ′ ]
𝑇22 𝑣𝑒𝑞

(11)

The two-port matrix 𝑻 fullfils a similar role to that of the transfer matrix found in convential two-port
modelling methods, with the main exception that it relates the physical pressure and velocities to a fictitious
pressure and velocity at the same physical location. In essence, the matrix 𝑻 describes the relative behaviour
of the valve compared to a straight duct of infinitesimal length, where 𝑻 equals the unity matrix for the empty
duct case. Even though this two-port matrix might be difficult to physically interpret, it might provide a useful
estimation of the reflected and radiated noise of a valve in a general environment. However, an accurate and
robust determination of the two-port is highly dependant on the characterisation of a unique equivalent velocity
corresponding to the in-duct pressures and velocities. For this reason, this paper will focus on the application
of the equivalent piston velocity model to several valve geometries, and further discussion of the valve twoport model is considered out of scope.

3

3.1

Experimental characterisation

Experimental measurement set-up

As previously mentioned, it is important that the application of the equivalent piston model leads to a unique
representation of the valve in order to obtain a generic valve model valid for multiple environments. Therefore,
an experimental characterisation of the equivalent velocity for two different valves is carried out to investigate
the sensitivity of the microphone location to the indirect determination of the equivalent velocity.
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Figure 2: Experimental measurement set-up. Left: straight duct equipped with microphones connected to
compact box. Right: Inside of box with Grada RLV valve mounted.
The experimental measurement set-up consists of a rigid aluminium straight duct of diameter 125mm
connected to a cubic box constructed out of medium-density fiberboard panels with an inner edge of 0.98m
and a volume of 0.96m³. The box is lined with sound absorbing polyurethane foam of 51mm thickness on all
walls except for the wall connected to the straight duct. The duct is equipped with 20 PCB 376C10 flushmounted pressure microphones, distributed in four groups along the axis, with five microphones per group
mounted along the circumference of the duct. In the box, four PCB 378C20 random-incidence microphones
labelled BM1 to BM4 are mounted at selected positions using thin bars fitted to the walls. A Siemens Simcenter
SCADAS Mobile data-acquisition device and Siemens Simcenter Testlab 17 spectral testing software are used
to obtain the microphone signals and process the time domain signals to the frequency domain with a frequency
step size of 1Hz. A loudspeaker is used an external excitation driven by a white noise electric signal. This
electrical signal is fed back to the SCADAS to serve as a clean reference signal. Custom MATLAB processing
scripts implementing the methods described in this paper then use transfer functions between this reference
and the microphone signals to filter out possible uncorrelated acoustic noise.

Figure 3: From left to right: Zehnder STB-1 front side and back side
Two different valves are studied in the set-up. The Zehnder STB-1 125mm shown in Figure 3 is an extraction
valve featuring an axially-oriented annular opening. A hollow insert the middle of the valve is lined with
porous absorber foam at the duct side and can move axially to regulate the flow opening. The Grada RLV
ventilation valve depicted mounted inside the set-up in Figure 1 can be used as both a supply valve and an
extraction valve. The valve consists out of a base which is inserted in the duct and that is covered with a flat
circular top plate, leading to radially oriented inflow or outflow. Inside the valve, a bell-shaped insert is allowed
to move axially on a threaded shaft to regulate the flow opening.
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3.2

Valve equivalent velocities

First, a calibration of the measurement set-up is performed using the previously detailed methods, where the
transfer functions for each microphone along with the acoustic impedance at the empty duct end are shown in
Figure 4. It can be seen that the impedance of the box without a valve behaves comparably to the impedance
of an empty infinite flange [8], but contains more wriggles due to the modal behaviour of the box. It can be
argued that due to the symmetry of the box and the axial symmetry of the valve and equivalent piston,
microphones that are placed on concentric circles at the same axial distance from the duct center inside the
box see a similar radiation pattern. This is indicated by the pair of BM1 and BM2 and the pair of BM3 and
BM4 having a more closely related transfer function, where the difference at higher frequencies is explained
by the offset in distance from the vertical midplane of the box.

Figure 4: Left: Transfer functions 𝐻𝑟𝑎𝑑 between the box microphone pressure and the equivalent piston
velocity for each microphone inside the box. Right: acoustic impedance of empty duct end.
After performing the calibration, the valves are placed consecutively inside the box and the equivalent velocity
is determined based on each microphone separately. Due to the box and loudspeaker characteristics, the actual
′
excitation level differs greatly for each frequency. For this reason, the equivalent velocities 𝑣𝑒𝑞
are converted
′
to a logarithmic equivalent Sound Velocity Level (SVL) 𝐿𝑣,𝑒𝑞 for a reference velocity 𝑣𝑟𝑒𝑓 = 5 ⋅ 10−8 𝑚/𝑠
through:
𝐿𝑣,𝑒𝑞 = 20 log10

′
𝑣𝑒𝑞
′
𝑣𝑟𝑒𝑓

(12)

The equivalent SVLs of the Zehnder STB-1 valve are plotted in Figure 5. Some of the large peaks and dips in
the equivalent SVL can be attributed to a pressure node in the calibration procedure leading to transfer function
amplitudes near zero. When a valve is placed inside the set-up, it is possible that the node location shifts
slightly, leading to greatly inflated or deflated equivalent SVL when measurement noise would be present.
However, for most of the frequency range of 200 Hz to 1200 Hz, the derived equivalent SVLs are within 3 dB
for each microphone, with occasional peaks to 6 dB. Above 1200 Hz, large deviations occur for all
microphones with respect to the first microphone. This may indicate that the equivalent piston model does not
hold well above this frequency. However, further investigation in this phenomena indicated that the coherence
in this frequency range was lower, possibly as a result of the lower absolute radiation levels and a complication
of the microphone mounting procedure. As mounting the microphone led to a partially blocked static vent port,
higher than usual atmospheric measurement noise was introduced which impacted the signal to noise ratio for
these lower levels of acoustic radiation. This makes it harder to draw definitive conclusions for the cause of
the deviations.
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Figure 5: Zehnder STB-1 characterisation. Left: equivalent sound velocity level 𝐿𝑣,𝑒𝑞 for each microphone.
Right: absolute difference in equivalent sound velocity level Δ𝐿𝑣,𝑒𝑞 with respect to BM1.
For the Grada RLV valve, the equivalent SVLs are provided in Figure 6. Similar peaks and dips can be found
at comparable frequencies to those of the characterization of the Zehnder valve, indicating that the pressure
nodes inside the box are a likely cause of this behaviour. At lower frequencies below 400 Hz, it can also be
seen that the equivalent SVLs closely follow each other for the different microphones. However, at higher
frequencies, both BM3 and BM4 start to deviate significantly from BM1 and BM2, with differences of 6 dB
up to 10 dB. This could mean that the symmetry of the radiation pattern still holds, but that the radiation of the
valve deviates from the equivalent piston model along the absolute distance from the valve. It is likely that the
geometry of the valve with radially facing flow cannot be sufficiently approximated by an equivalent piston
model. Above 1200 Hz, the results also start to deviate significantly from each other similar to the Zehnder
STB-1 valve, but the cause can also be potentially attributed to the higher than usual measurement noise.

Figure 6: Grada RLV characterisation. Left: equivalent sound velocity level 𝐿𝑣,𝑒𝑞 for each microphone.
Right: absolute difference in equivalent sound velocity level Δ𝐿𝑣,𝑒𝑞 with respect to BM1.
These results indicate that while the equivalent piston model offers potential in representing a valve inside a
compact environment, further development of the radiation model and calibration procedure is necessary in
order to obtain a model that is valid in a general environment. One possible approach may be found by
combining several microphone measurements to solve for the piston velocity and for additional correction
factors to the directivity separately, and by comparing the calibration model of the equivalent piston in the box
to the analytic radiation model of a piston in an infinite flange to account for these correction factors. Another
8
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possible approach is to use calibration inserts of common valve shapes in order to more accurately account for
the different radiation pattern valve geometries. If such a calibration insert would have a (semi-)analytic model
available for the radiation behaviour in a general environment, it is possible to extrapolate the results obtained
from the measurements inside the compact environment.

4

Conclusions

This paper introduced a novel indirect measurement method to obtain the acoustic properties of a residential
ventilation end valve. This method uses a low-cost controlled measurement set-up consisting of a compact box
equipped with microphones connected to a duct equipped with flush-mounted microphones. To be able to
extrapolate the results to different environments, it is investigated whether the valve can be represented as an
equivalent piston velocity. Experimental characterisation showed that the equivalent piston model lead to
comparable equivalent velocities derived from different microphones positions for a valve with an annular
opening. However, for a valve with a radially facing opening, larger relative differences between microphone
positions are already observed at lower frequencies. This indicates that the simplified valve geometry will need
to be taken into account in the calibration procedure to increase the quality of the results.
Future work will focus on finetuning the calibration procedure and the generic model in order to obtain a
unique representation of the valve that is able to be extrapolated to a general environment. When such a model
is available up to a reasonable accuracy, the measurement method can be augmented to determine the active
flow noise generated by the valve. In addition, the presented measurement method can be straightforwardly
extended to higher frequencies through the use of multi-modal modelling frameworks, but it will need to be
verified whether such an extension will be valid for a general environment in which the valve is placed.
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Abstract
The propagation of high intensity impulsive noise poses challenges for the assessment of noise exposure for
personnel and communities. Large pressure perturbations give rise to shock formation, enhanced energy
dissipation and frequency content redistribution thereby ruling out the possibility to linearize the propagation
equations. Common approaches involve computationally demanding frequency-domain solvers. The proposed
algorithm solves the Nonlinear Progressive Wave Equation (NPE) with a time marching scheme that exploits
a moving window coordinate frame and operator splitting technique. A Flux Corrected Transport scheme
provides second-order accuracy for the nonlinear term and well-documented shock capturing capabilities. The
observation of weakly non-linear waves during an on-site test campaign with a large caliber weapon offered
the opportunity to compare the NPE and a linear solver, to gain scientific insight into the propagation of these
pulses. Different sound exposure metrics are evaluated at various locations down the propagation line for
benchmarking and the intrinsic limitations of the most pertinent standards are discussed.

Keywords: NPE, nonlinear, acoustics, propagation, FCT.

1

Introduction

Large-calibre weapons release a vast amount of acoustic energy within a time interval of few milliseconds,
causing hazard for the auditory apparatus of the involved personnel and annoyance to nearby residential
communities. Optimal mitigations (e.g. noise absorption barriers) and corrective measures can only be adopted
after accurately modelling the Weakly Nonlinear Pulse Propagation in its complexity.
The challenge has been historically addressed with standards (ISO17201 [1], ISO9613 [2], Nordtest [3]) and
in-house numerical propagation algorithms, but the lack of a comprehensive assessment framework is what
motivates the present work. Leissing [4] and Young et al. [5] contributed by conducting studies on the
propagation of explosion-originated blast waves, whereas examples of underwater propagation of strongly
nonlinear shockwaves are also extensively documented ( [6], [7]). One of the most acknowledged formulations
of the nonlinear wave equation is the Khokhlov–Zabolotskaya–Kuznetsov equation, usually solved in the
frequency domain. Aside of the computational burden, this spectral method is limited to narrowband frequency
signals [8], typically ultrasonic beams with strong diffraction phenomena [9]. The Nonlinear Progressive
Equation [10] illustrated here embeds in its time-domain formulation the capability to handle nonlinear
broadband sources, provided the spatial discretization is carefully determined. The flexibility of the operator
splitting approach introduces modularity in the algorithm and the Flux Corrected Transport scheme is designed
1
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to preserve positivity and limit the numerical diffusivity when solving for large discontinuities such as shocks
[11] . The solver is developed for the 1D formulation of the NPE equation, including atmospheric dissipation,
refraction, nonlinearity and spatially varying sound speed.
Sec.2 contains a concise overview of the range of validity of the NPE equation and its structure. Sec.3 explains
the choices made in the numerical implementation and is concluded by the validation of the results against an
analytical solution. In Sec. 4, the equipment used in the measurement campaign is illustrated. Sec. 5 is devoted
to the presentation and discussion of the results obtained, whereas in Sec. 6 the conclusions are drawn and
directions for the continuation of this research are outlined.

2

Theoretical background

Acoustics boils down to the study of the pressure perturbation propagating in a medium with respect to the
unperturbed ambient state. Whenever this deviation from the initial state exceeds a certain magnitude, the
phenomena occurring can only be described by a nonlinear mathematical model. Shock formation, nonlinear
steepening, harmonic redistribution, shock coalescence and enhanced energy dissipation are the main
processes described in literature for nonlinear propagation ([5], [6], [7], [8]). There is no unique consensus on
the precise value that marks the onset of nonlinearities. Values of 154 [dB re 20 μPa] and 130 [dB re 20 μPa]
are often regarded as a reference ( [1] , [3]). The nature of the logarithmic scale makes the dividing line even
more ambiguous, as it corresponds to an interval ranging from 1000 [Pa] to 70 [Pa].
McDonald et al. [10] developed the original formulation of the Nonlinear Progressive Wave equation to
study underwater high-intensity acoustic phenomena known as caustics. Its validity is restricted to weakly
nonlinear perturbations travelling along a principal direction in a quiescent medium. The sound speed is
allowed to fluctuate of a quantity c’ from the ambient value c0, so that the effective sound speed is c = c0 + c’.
These variations must be limited throughout the entire propagation (c' << c0). Although extended formulations
are available [12], the canonical form of the NPE can only accurately resolve shockwaves within 10° from the
main propagation direction. For the complete derivation of the equation, the reader should refer to the original
publications ( [13], [14]). If only the one-dimensional terms are retained, the NPE simplifies to Eq. (1), where
R is the dimensionless acoustic pressure:

 c R2  
 t R   x cR  0   th  2x R
2  2


with
R

(1)

'
 p '/  0 c02 
0

Primed variables (ρ’, p’, c’ ) indicate the state of perturbation with respect to the initial undisturbed condition
(ρ0, p0, c0 ). The first linear term on the right side member accounts for refraction and is responsible for the
travelling of the waveform within the moving window. The second term includes nonlinearities and the third
term represents atmospheric absorption. As a consequence of a coordinate transformation, the computational
window moves forward along the direction x with the constant ambient state speed of sound c0.
High intensity pressure perturbations affect the speed of the moving waveform in such a way that a distortion
occurs:
 c 
 p
c  co  c '  co    p '  co   v  co 
o co
 p o

(2)

This first order expansion [15], where v is the wave particle velocity of a plane wave, introduces a direct
proportionality between the acoustic pressure and the real speed of sound, yielding different portions of the
1+ 𝛾
waveform to travel with spatially varying speed. The coefficient of nonlinearity for air is β = 2 = 1.2.
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Atmospheric absorption includes two dissipation mechanisms: thermoviscous and relaxation losses. The
first phenomenon is dominant, and will be the only one included in equation (1) through:

 th 


 1
4
1 
      
 
3
 Cv C p  


(3)

0

Sound diffusivity encloses the thermophysical effects of the bulk viscosity (η), the shear viscosity (μ), the
thermal conductivity (κ) and the specific heat at constant volume (cv) and pressure (cp).

3

Numerical implementation

To solve the one-dimensional NPE (Eq. 1), the operator splitting technique represents a versatile choice to
solve sequentially and in a segregated fashion each term. It is based on the assumptions that all the terms are
independent and that the time step is small enough [8]. The order in which the terms are solved is not relevant
[17]. At the beginning of each time-step, the absorption term is solved with the Crank-Nicholson implicit
scheme, a consolidated algorithm that provides unconditional numerical stability. This partial solution provides
the initial field for the nonlinear term algorithm. Originally developed by Boris et al. [11], the Flux Corrected
Transport method is designed to be second-order accurate, monotone, conservative and able to preserve
positivity. It does so with two consecutive stages: the quantity is first convected and diffused, with the
minimum amount of numerical diffusion required to prevent artificial oscillations and enforce positivity. Raw
anti-diffusive fluxes are then computed and corrected in a second intra-step stage, by means of nonlinear fluxlimiters intended to inhibit the generation of new local minima or maxima. The present work follows the
formulation proposed by Leissing [4].
The initial acoustic pressure field is designed to match the experimental curve measured by the microphone
located at 15 [m] from the muzzle (Fig. 1 – Left). The Friedlander wave model has been successfully used (
[18], [19], [20]) to reproduce blast signatures of impulsive nature (overpressures), but repeated observations
of large calibre weapons signatures highlighted the poor performance of the standard Friedlander model in
matching the profile of the prominent and long lasting negative phase. A numerical waveform that inadequately
represents the target experimental curve in time domain, will inevitably fall short in capturing the frequency
content. Therefore, among the variants of the original Friedlander formulation, we selected one that stands out
for its accuracy and does not depend on an empirical estimate of the explosive charge. It uses a cubic expression
for the negative phase [20]:

t
pr ,max 1 
 td
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t

t  td

pr (t ) 

(4)
 5.95  t  td    t  td  
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td
td 
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td  t  td  t


d

The semi-empirical piecewise definition allows to tune the positive and negative phase durations (td, t-d) and
the absolute values of the positive and the negative peak amplitudes ( pr,max, pr,min).
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Figure 1 – Left: Time domain comparison of semi-empirical Friedlander model and measured signal at x =
15 [m]. Right: Single-sided spectra of the initial waveform

To avoid a loss of frequency content at the edges of the domain, the waveform is fully included in the window
and surrounded by a sufficient number of wavelengths to account for leading and trailing quiescent intervals.
Additionally, the length of the window must take into consideration the drift implied by the perturbation of the
sound speed (c’). Multiplying the maximum expected sound speed by the propagation time provides an
informed estimate of the distance travelled within the window [21]. It was found that a total length of L = 35
[m] satisfies both requirements. Given the number of spatial (Nx) and temporal points (Nt), the boundary
conditions enforce the absence of perturbation sufficiently far from the shock:
R0n  RNn  0 , ꓯ n = 1, … , Nt

(5)

x

Steep pressure gradients and the shock formation make the grid's spatial resolution crucial. A common practice
is to define the discretization based on a representative frequency. The signal under examination is broadband,
with relevant frequencies ranging from 30 [Hz] to 8 [kHz]. It is conservative to assign 35 grid cells per
characteristic wavelength, computed using the highest frequency of interest (∆𝑥 = 1.2 ∙ 10−3 [𝑚]), whereas
∆
the temporal resolution is ∆𝑡 = 𝑐𝑥 = 3.5 ∙ 10−6 [𝑠]. The computational window advances of exactly one
0

spatial grid point at each time step, providing numerical stability and making it straight forward and
interpolation-free to post-process the results in the time domain.
3.1

Validation with analytical solution

Although no benchmark for the complete NPE equation is available, the mathematician Guido Fubini (1935)
developed an analytical solution of the inviscid Burger equation [16]. Fubini’s solution is valid for monofrequency plane waves that propagate in a one-dimensional domain:


2
J n (n ) sin(n )
n 1 n

p( , )  p0 
with

(6)

  x/ x
  t  x / c0
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x

0c02
 64599[m]
 kP0

No losses are included and its validity is limited up to the shock formation (σ = 1). As is done in [4] , the NPE
benchmarking is done on a reduced version of Eq. (1), where only nonlinearity is taken into account:
  c R2 
 t R   x  0 
 2 

(7)

Nonlinearity affects the propagation in a cumulative way. The positive peak of the sinusoid accelerates, while
the trough decelerates. The shock, a mathematical discontinuity in the pressure field forming at 𝑥̅ , corresponds
to a nearly infinitely steep curve in the discretized numerical domain, the characteristic N-shaped sawtooth
wave (Fig. 2). The major implication is that the frequency spectrum undergoes a reshaping. The local increase
in entropy caused by steepening acts as a dissipation mechanism that depletes the initial energy carried by the
signal's principal harmonic and transfers it to a newly formed cascade of higher frequencies.
To verify that, a sinusoidal waveform of amplitude 1 [kPa] and frequency 0.1 [Hz] is propagated in air at
ambient conditions with speed c0. The chosen spatial resolution for the benchmark case is ∆x = 0.0049 (m),
𝜆
corresponding to
. The simulation ran for 66500 time-steps (∆t = 0.014 [s]), enough to propagate the sine100
wave slightly beyond the shock formation distance.

Figure 2 – Left: Comparison between the time-domain numerical solution for the plane inviscid Burgers
equation and the theoretical Fubini solution [10] in the pre-shock region. Right: Evolution of the amplitude
of the harmonics in the pre-shock region, normalized by the maximum initial value.
The steepening rate of the numerical solution in the time domain closely resembles that of the Fubini solution.
The overestimation of the second harmonic takes the form of a constant offset, suggesting that the growth rate
is not mispredicted. The gap rather originates due to a difference in the nature of the initial waveforms. The
sinusoidal wave fed to the NPE solver is built analytically, while Fubini's solution at t = 0 [s] is a truncated
Fourier series. Relative error metrics are not representative, because they disproportionately weigh the errors
where the exact value is close to zero. The coefficient of determination (R2) is a more appropriate absolute
metric that assigns errors of 0.9962, 0.9955 and 0.9994 respectively to the first, second and third harmonics.
Ultimately, there is evidence that the implemented scheme closely reproduces the nonlinear effects of wave
steepening while preserving the wave amplitude and its period.
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4

Experimental setup

The test campaign's primary objective is to investigate the free-field propagation of weakly nonlinear waves
radiating from the muzzle of a Howitzer 105 mm. The measurement system consists of four GRAS 46BG 1/4"
pressure microphones (Frequency range: 3.15 Hz - 70 kHz, Dynamic range: 60 dB - 184 dB) and two GRAS
46AM 1/2" free-field microphones (Frequency range: 3.15 Hz – 31.5 kHz, Dynamic range: 25 dB - 49 dB).
The sampling is performed at 70 [kHz] by two synchronized National Instruments modules (PXI-4462, PXI4472) mounted on the same PXIe chassis. The recording of the data is triggered manually before every shot.
Table 1 – Atmospheric data
Quantity

Value

Ambient temperature
Atmospheric pressure
Relative humidity
Wind

290.15 [K]
101250 [Pa]
67.9 %
3.9 [m/s] (295°, W/NW)

The microphones are placed at a height of 1.5 [m] from the ground, as prescribed by [1] and [2] . Atmospheric
conditions are monitored by a real-time operated weather station (Table 1) and averaged over the recording
period. In order to mitigate the effect of wind and spurious background noise, each microphone is equipped
with a foam windshield. The propagation path stretches along a grassy and mostly flat terrain, with occasional
irregularities and dunes not exceeding 1m. The accurate modelling of the ground topography, even though
essential, is beyond the scope of this work. Sources of uncertainty such as the receiver’s position, the
measurement chain and weather changes contribute to an extended measurement uncertainty Uk = 1.96 = ± 2.77
dB (95% confidence interval).

Figure 3 – Location of the microphones on the propagation line

5

Results

When quantifying the background disturbances, the spectra are averaged over three samples of 5 [s] each for
the background noise, and three shots. Except for the 16 [kHz] cluster in Fig.2b, every frequency band is
dominated by the shot’s Sound Pressure Level by at least 10 [dB] [22]. The band-averaged 95% confidence
intervals are shown in Fig.4 for the background noise and the Howitzer shot.
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(a)

(b)

Figure 4 – Background noise quantification at (a) 15 [m] and (b) 276 [m] from the source
The time domain signal at each microphone location is cropped with a window length of 1 [s] to include the
entire pulse (Fig. 1). The frequency domain counterpart is processed with one octave and 1/3 octave filter
banks, to meet the standards’ requirements ( [1], [2], [3]). Given the sensitivity of the numerical solver to the
initial conditions (Eq. 4), it was decided to select a single representative shot and investigate its propagation.
This choice, although statistically sub-optimal, is motivated by the intention to preserve the tight link between
one specific curve’s time-domain parameters and its frequency content. Future work should certainly include
more extensive statistical considerations. No directivity information is included in the framework, as only the
50° propagation path is under exam at this stage.
Table 3 summarizes each standard’s approach to the calculation of the noise level at the receiver. The excess
attenuation Ae(r), computed similarly for each standard, includes ground effects, atmospheric absorption,
geometrical divergence, barriers and diffraction. These quantities depend on the distance from the source r and
the direction of the propagation line with respect to the line of fire α.
None of the standards is valid in the nonlinear range and for calibers larger than 20 [mm]. NT Acou 099 and
ISO 9613 are based on the hypothesis that the acoustic event is continuous, neglecting the implications of the
impulsive nature of a firearm shot.
Table 2 – Overview of the available standards
Standard

Receiver noise (dB)

Legend

LE  r ,    Lq    Ae (r )  11

LE : sound exposure level
Lq : angular source energy
distribution level
LfT : equivalent continuous
ISO 9613 [2]
L fT (r ,  )  LW  DC ( )  Ae (r )
downwind sound pressure level
LW : sound power level
Dc: directivity correction
LpI : time-weighted sound pressure
NT Acou 099 [3]
L pI (r ,  )  L pI ( ,10 m)  Ae ( r )
level (I = 35 ms)
*Not specified by the standard, but a value of ± 3 dB can be assumed for the current configuration

ISO 17201 [1]

Accuracy
± 20 dB
± 3 dB

N.A.*

Within Ae, spherical divergence is a dominant attenuation mechanism, being responsible for 6 dB of attenuation
every doubling of the distance from the source [22]. Introducing an adjustment to the mono-dimensional NPE
solution, although far from conclusive or rigorous, gives an educated estimate of the order of magnitude. The
proposed correction [23] compensates for the spherical decay by multiplying the numerically obtained acoustic
𝑟
pressure field at each receiver’s location by 𝑟0 . It derives directly from the geometrical observation that a
7
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spherical plane wave departing from a point source carries an acoustic pressure perturbation that decays by 1/r
[22]. It is 1 when the receiver (r) is at the source position (r0 = 15 [m]).
The linear solution (β = 0) with thermoviscous effects (TH) included is assumed as the baseline case. To
illustrate the relative effects of nonlinearity (NL) and the divergence correction (DIV), these two propagation
regimes are compared with experimental results and the standards’ predicted values.

Figure 5 – Sound Pressure Levels, used in standards [2] and [3], at increasing distance from the Howitzer
105 mm

Figure 6 – Sound Exposure Levels, used in standard [1], at increasing distance from the Howitzer 105 mm
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Except for NT Acou 099, the standards and the linear solution display a steep degradation of frequency content
above 1000 [Hz] (Fig. 6 and Fig. 7a). The divergence-adjusted nonlinear solution outperforms both the ISO
standards in matching the experimental values in the high frequency range. This behavior is consistent with
the harmonics generation mechanism, absent in the linear domain and in the standards.

(a)

(b)

Figure 7 – (a) Attenuation levels at 130 [m], relative to the signal at 15 [m] and (b) decay of the maximum
amplitude peak with distance
Fig. 7b shows that the nonlinear solution outperforms the linear one in reproducing the steep decline that occurs
within the first 100 [m] of propagation. Adding the divergence attenuation to the mono-dimensional NPE
solution inevitably overestimates the amplitude’s decay (Fig. 7b) with respect to the measured values. If
spherical divergence was embedded in a three-dimensional version of Eq. (1), the attenuation resulting from
purely nonlinear effects would be smaller, as a consequence of the divergence-driven reduction of the peak
dependent sound speed perturbation c’ (Eq. 2) .

(a)

(b)

Figure 8 – Absolute value of the difference between the experimental values and noise levels predicted by
the NPE solution and the standards. Each frequency band is averaged over the five propagation distances.
As Fig. 8 displays, the numerical solution overall behaves better at higher frequencies and, unlike all three
standards, never departs from the measured spectra of more than 15 [dB].
9
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6

Conclusions

A weakly nonlinear pulse from a large caliber weapon was propagated for 261 [m] in air, using a onedimensional solver for the Nonlinear Progressive Equation which accounts for non-linearities along the
propagation as well as thermoviscous effects. A correction is implemented to account for spherical divergence.
The solver is shown to behave adequately on Fubini’s solution. The analysis of the measured and computed
spectra confirmed the inadequacy of the present standards to accurately estimate the receiver noise over the
entire frequency range, for a large caliber weapon for which no standard applies. When existing small and
medium caliber standards are nevertheless applied, NT Acou 099 seems to perform best at frequencies higher
than 500 [Hz], whereas the ISO standards better predict the spectrum in the 200 [Hz] to 3000 [Hz] range (Fig.
8). The capability of the nonlinear solver to closely predict the rate of amplitude decay (Fig. 7b), to provide
good agreement with the experimental data in the high frequency range (Fig. 6 and Fig. 8b) and to limit the
prediction errors to 15 [dB] (Fig.8) indicate a promising research direction. However, NPE’s prediction of the
low-mid frequency spectrum will be further improved including an upgrade to handle multi-dimensional
phenomena such as spherical divergence, diffraction and ground effects.
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Abstract
The propagation of high amplitude acoustic waves can lead to non-linear effects including the focusing into
shock fronts. The presence of discontinuities in acoustic signals interacting with simple geometries triggers
non-linear behaviors. The present paper deals with the analysis of such acoustical shock waves, as it is
mainly referred to in the literature, with the intent to identify and quantify non-linearities from a signal based
point of view. This is a key issue to ensure the best source localization method when dealing with high
amplitude or long range acoustics. While bearing computational efficiency in mind, extensions of classical
linear equations for acoustics are commonly used to take into account non-linear acoustics. However, the
following study will solve full Euler equations using high order spectral schemes and a compact limiter to
improve the numerical solution accuracy of a propagated discontinuity. Two types of waveforms, i.e a basic
step shock and a more acoustically relevant N-wave will be investigated to segregate and identify the
different non-linear behaviors from several appropriate parameters.
Keywords: Nonlinear acoustics, Irregular reflection, Step shock, N-wave, High order Spectral differences.

1

Introduction

The localization of acoustic sources has an extensive interest for defense application. Impulse source signals
are typically triggered from artillery shots from which two types of acoustic signals are identified: the Mach
wave generated by the bullet displacement and the spherical shock wave generated by the muzzle blast. Both
signals are strictly non-linear. Determining the non-linearity contribution in the localization process is of
great importance. Source localization methods are usually based on the linear propagation of the sound
which is a valid assessment whenever the pressure disturbance is several orders of magnitude lower than the
ambient pressure. It can be the case in the musical industry or in studies such as Room and Building
acoustics. However, when dealing with impulsive sound sources, non-linearities have to be taken into
account. Time reversed acoustics [1] or ray tracing [2] have been widely used in the case of impulsive sound
sources, without considering the influence of non-linear behavior on acoustical shock interactions with
structures. The present study aims at identifying such non-linearities from a signal point of view in order to
assess properly the influence of non-linear effects on the accuracy of the source localization or not. The
signal based motivation comes from the will to assess such behaviors directly from measured signals that are
commonly obtained using microphones.
Shock wave reflection onto rigid surfaces represents a fundamental domain of interest. This phenomenon has
been theoretically investigated by von Neumann [3], although the experimental evidence was already
performed by Ernst Mach [4] back in 1878. Ben Dor drew inspiration from these studies and gave a thorough
analysis of the phenomenon in his book [5]. The incident and the reflected shocks, as they propagate along
1
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the rigid surface, result in a reflection pattern which can be divided into two main types namely regular and
irregular.
When a shock wave propagates over a solid wedge, the induced flow reacts with the surface in such a way
that a second reflected shock is naturally generated. Indeed, the velocity induced by the passage of the shock
remains perpendicular to the shock. However, the wedge being a perfectly rigid surface compels the local
flow field behind the shock to remain parallel to the wedge. The easiest way for the flow to undergo such a
change in direction is to go through a shock wave. Whenever the incident leading shock and the reflected
shock share a point attached to the reflecting surface, the reflection is of type regular (RR). However, when
the maximum flow turning angle at the given incident Mach number is less than the wedge angle, the
reflected shock generated is unable to turn the induced flow back parallel to the wedge surface, causing the
meeting point to detach from the reflecting surface: this is called irregular reflection (IR). The detached
point is defined as the triple point in the case of strong shocks as it links the incident shock, the reflected
shock and the Mach stem all together. The Mach stem is a discontinuity almost orthogonal to the surface that
naturally occurs for the flow passing through both the incident and the reflected shock, to be of the same
angle and pressure as the flow passing in between the triple point and the wedge surface, creating the flow
condition for its appearance.
Theoretically, the prediction of such reflection regimes can be done using the Rankine-Hugoniot (RH)
relations along with appropriate conditions to close the system of equations (3-Shock-Theory) [3]. This is
valid for strong enough shockwaves. However, when dealing with acoustics, intensity is much lower –
between a hundred of Pascal to a couple thousands – which leads to low acoustic Mach number values and
different reflection patterns. The most important difference is the appearance of the von Neumann paradox.
The latter states the discrepancy from the experimental evidence [6] of what resembles a Mach stem, that is
not predicted by the theory for sufficiently weak shocks (
) [7].

Figure 1 – Regime of reflections for plane acoustical shock waves
(a) Regular linear (b) Regular non-linear (c) von Neumann.
The consideration of a paradox is based on the assumption of a three-wave pattern. However, recent
numerical studies [8] have shown that the condition for such reflection is the existence of a fourth wave, as
Guderley already suggested back in 1947 [9]. Collela and Henderson [7] proposed the absence of an actual
triple point with the reflected shock being spread out into a continuous wave before hitting the incident
shock. Tesdall et. al. [10] provided an extended approach of the 2-D Burger equation expressed in selfsimilar coordinates aiming at improving the resolution obtainable near the triple point in weak shock
reflections. They presented numerical evidence of a structure of reflected shocks and expansion waves
coming from multiple triple points. This sequence of triple points induces a sequence of tiny supersonic
regions behind the leading triple point in the case of an inviscid weak shock reflection. Supersonic patches
occur over a region of the order of several thousandths of the total dimension of the perturbed flow which
explains why it has only been observed numerically in recent history. The first ones to experimentally
observe its presence were Skews and Ashworth [11] who carried out experiments on a large-scale so the
region behind the triple point could be wide enough to be resolved. With better computational efficiency,
finer simulation showed that the Guderley Reflection (GR), presenting a single supersonic patch structure, is
2
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nothing else than an under resolved case of a reflection structure presenting a succession of supersonic
patches and named Guderley Mach Reflection (GMR) resolving the paradox along the way [10].
As stated above, weak shocks have been largely studied. The term acoustical shock was first introduced by
Keller [12] in 1954. Acoustical shocks are defined by their acoustic Mach number which is the ratio of the
peak particle velocity over the ambient sound speed

[13] which in the case of plane wave can be

expressed as a function of the acoustic pressure

:

with

the ambient density,

the ambient sound speed and
the maximum peak pressure amplitude of the incident shock. Peak
pressure is a common term regarding oscillating signals. It has been decided in this study to take the step
value as the maximum peak pressure when dealing with step shocks. Typical values for acoustical shocks are
for
[14].
Acoustical shocks can emerge from various ways. Non-linearity through speed of sound shifts makes the
wave locally focus or expand along with compression or expansion respectively. This effect is strengthened
with the wave amplitude and the distance of propagation. The signal can also be discontinuous from the start
with a low amplitude discontinuity such as a bullet Mach wave, a sonic boom or an electric spark source
sound signature [15].
The study is composed as follows: the numerical setup is presented in section 2 including the mesh
definition, the solver and the limiter description; section 3 focuses on the comparison of preliminary
simulation results for the reflection of a step shock and an N-wave onto a wedge singularity; results are
compared against available numerical results [16] in order to validate the numerical approach; section 4
describes the different parameters adopted to identify acoustical shock wave reflection non-linearities from
two different wave topologies namely the step shock and the N-wave.

2

Mesh definition and Numerical Setup

The propagation of acoustical shock waves onto rigid corners is performed using an in-house solver: IC3.
This solver is a massively parallel high-order computational code based on the use of unstructured meshes
and aimed at solving the three-dimensional Navier-Stokes equations with explicit time integration. However,
the scope of this study is limited to full Euler equations. Spectral difference (SD) scheme being intrinsically
low dissipative, it is a consistent choice when dealing with acoustic propagation. Its stencil compactness
induces good HPC capabilities, important whenever unstructured mesh is adopted.
The SD schemes have been implemented in IC3 [17] along with a compact spectral limiter SWeP (Spatially
Weighted Projections) [18] specially developed for the propagation of discontinuities. To our knowledge,
this is the first time an SD scheme is used for the simulation of the propagation of acoustical shocks. A
fundamental result of solving non-linear equations using polynomial approximation is the apparition of
spurious oscillations at the discontinuity. The main purpose of the limiter lies in the inhibition of those
oscillations that are usually responsible for unwanted noise in the solution as well as computation failure in
some cases. To do so, the general strategy deployed here is to project the solution on a reduced order base of
polynomials whenever a discontinuity is detected. The discontinuity detection strategy is based on the one
developed by Persson for artificial viscosity [19]. The limitation procedure is then applied to any detected
cell bearer of discontinuity to apply the local polynomial reduction and damp the unwanted oscillations.
More specifically numerical simulations were carried out using the third-order SD scheme which means that
each cell contains 3x3 solution points. The solution is updated at a fixed time step –
for step
shocks and
for N-waves – using a third order Runge-Kutta scheme. The values were chosen
(
)
to respect a CFL condition for spectral schemes:
with p the order of the polynomial.
Regarding the mesh, we use a 1300x400 2-D grid constructed with an automated tool which transforms an
3
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orthonormal cartesian mesh into a mesh adapted to our problem through a bijective analytical function. This
simple geometry is an asset for the database construction (see 3.1.1) since it is flexible enough to run
multiple simulations with different values for the wedge angle .

Figure 2 – 2-D domain scheme with probes positions

indicated along a line .

Figure 2 illustrates the domain general form along with the different numerical probes we used to obtain
pressure signals over time, as a microphone would give on a real life application. Ten probes are arranged
[
]. The shock initially
along a line which makes an angle with the reflecting surface. We chose
located at
propagates in a steady environment with
. The left inflow conditions
are calculated as the downstream flow behind the incident shock using the RH relations for a planar shock
wave moving at a prescribed velocity ,

√

where

is the acoustic Mach number,

(1)

the heat capacity ratio and

the ambient sound speed.

The same configuration is used for the initialization of the N-wave without the left boundary condition.

3

Results

The computed solutions are presented in the next section for both investigated wave topologies namely the
step shock and the N-wave. The intent is to validate the simulations and to present the numerical databases
created.
3.1

Step Shock

A step shock is not a proper acoustical waveform since acoustical shocks are always preceded or followed by
non-constant flow which modifies the reflection structure. However, step shock reflections have been widely
studied and constitute a simple case to investigate acoustical shocks interaction with corners.
3.1.1 Database Construction
The shock wave reflection is controlled with the strength of the shock and the geometry of the obstacle it
hits. We wish to assess and reproduce every reflection pattern available on given ranges of acoustic Mach
number and wedge angle that are relevant for acoustical shocks. Wedge angle range is chosen to be near the
validity of the transition criteria deduced from paraxial approximation equations [20]. For specific values
4
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of this parameter given Table 1, different reflection patterns occur. Urban source localization would favor
ground reflections whenever it comes to monitor such acoustical shocks. This assumption presumes that
wide angle reflections are less likely to happen which is the reason why large angle values are left aside in
[
] and
[
].
this study but is currently under investigation. Eventually we chose
3.1.2 Preliminary Results and Literature Comparison
In their thorough numerical analysis, Baskar and Coulouvrat [16] suggested critical values of the parameter
in the case of a step shock for the transition from one reflection regime to another (see description of said
parameter Table 1).

Figure 3 – Reflection regime transitions for Ma = 0.003
a) von Neumann Reflection b) Non-linear Regular Reflection c) Linear Regular Reflection.
Results on Figure 3 were obtained with the same value of acoustic Mach number
. Only the wedge angle
variations are responsible for the different reflection patterns. Figure 3.a) indicates a von Neumann
reflection: incident and reflected shock meet above the reflecting surface, with the presence of a Mach stem
acknowledging the irregular behavior. On the contrary, Figure 3.b) and 3.c) see their point of reflection well
attached on the surface which leads to claim both reflections are regular. The angle of incidence is different
from the angle of reflection on Figure 3.b), on the contrary to Figure 3.c) where they are equals. This leads
us to segregate 3.b) from 3.c) and introduce two sub-categories amongst regular reflections: regular nonlinear and regular linear respectively. The numerical results shown on Figure 3 are in good agreement with
what is expected considering the reflection nature of a step shock.
Table 1 – Different acoustical shock reflection regimes according to the value of the critical parameter
[16], with
the wedge angle, heat capacity ratio and
the acoustic Mach number.
Reflection type

Regime

(

Values for

)

√

Classical Snell Descartes
Generalized Snell Descartes
Von Neumann Reflection
3.2

Regular Linear
Regular Non Linear
Irregular (Non Linear)

√

N-Wave

DuMond et al. [21] investigated the dependence of the amplitude and period of the N-wave with the miss
distance (nearest approach) of the bullet’s trajectory and the microphone. They also helped theorize the
formation, amplitude and duration of the N-wave, along with Landau [22]. The idealized N-wave consists of
5
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a sharp positive pressure wave front that decays linearly to a rarefaction equally far below atmospheric
before an abrupt return to atmospheric pressure. This wave topology is more relevant regarding acoustic
propagation.
3.2.1 Database Construction
From experimental measures [23] and ballistic assumptions made from Whitham formula [24], we were able
to set a range in amplitude that fits with the characteristic amplitude levels a microphone could experience in
an urban environment for the detection of acoustical shock waves. The front shock and “tail discontinuity”
[21] pressure levels of an N-wave being equal in absolute, states the symmetrical character of the N-wave
studied here. In reality, it appears that the positive length is often greater than the negative part. The
maximum pressure levels have been measured around 7000 Pa from the muzzle blast for a distance of 1m of
an AK-47 [23] as well as from the Mach wave of a bullet of an AK-47 from a 300m shot distance and a miss
distance of 25m which is around 100 Pa in amplitude [25]. Regarding those experimental values, the range
for our N-wave numerical study has been set to
with
being the peak
pressure of the N-wave leading shock front. We used the RH relations for the shock and unsteady Riemann
invariant along C- for the expansion fan to propagate the shock towards the preferred direction (from left to
right).
3.2.2 Preliminary Results and Literature Comparison
As previously stated, values of below 1.414 should lead to an irregular reflection for step shocks. However
we can observe on Figure 4.a) that the reflection is regular non-linear as the reflected shock is curved and the
reflecting point is attached to the surface, even though
. The limit of the transition between regular
and irregular reflection appears to be smaller for an N-wave than for a step shock. This behavior is backed up
by Baskar numerical analysis [16] as well as Karzova’s experimental study [15]. Both suggested a lower
value of for the transition: 0.8 and 1.05 respectively. The difference being that Karzova’s N-waves were
cylindrical whereas Baskar used plane N-waves which is the same as in this study.

Figure 4 – Different N-wave reflection regimes:
a) Non-linear Regular Reflection b) von Neumann Reflection.
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4

Signal Based Non-linearities Identification from Different Wave Topologies

Although the transition criterion gives an indication on the potential non-linearity of a reflection, we wish to
investigate other potential criteria relevant enough to assess non-linearities.
4.1

Step Shock

The signal based analysis is performed on pressure time signature series. The theoretical value of the
pressure behind a given shock
can be determined through RH relations for a plane wave. We define the
̂
normalized pressure such as:
[(

Where

is the shock Mach number,

)

]

and ̂

the heat capacity ratio and

.

(2)

the ambient pressure.

Behind the incident shock, ̂
, whereas behind the reflected shock, ̂
in the case of a regular linear
reflection as stated from the theory. The color-map presented in Figure 5.a) has been constructed from the
recorded signal of a given numerical probe located in the domain (see Figure 2). Here,
and
), from
. The color-map illustrates the relative gap of the maximum value of ̂ for each couple (
the theoretical value that should be obtained in the case of a regular linear reflection. Black lines on Figure
) leading to
5.a) represent the limits of the parameter presented in Table 1. We can observe that (
values of above 5 respects the criteria as their color is close to the white shade representing the theoretical
value of ̂
. In the same region, the slight tendency for extremely low
to reach values of ̂ above 2 is
due to oscillations of the solution that peak at a maximum higher than ̂
. Any gap from that theoretical
value of 2 is a proof of a non-linear behavior for the reflected shock, as illustrated on Figure 5.b).

Figure 5 – a) Color-map of the parameter ̂ for the stepshock database along with the theoretical limit
values of for the reflection transition (black lines) ; b) Corresponding pressure-time profiles of a linear
regular reflection (black) and a non-linear regular reflection (green).
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4.2

N-Wave

The expansion behind the leading shock of an N-wave decreases intensity as shown in the shift of the
transition limit between regular and irregular reflection. Because of this unsteady state, the pressure behind
the reflected shock of a regular linear reflection does not reach the expected value of 2 (Figure 7) such as the
ideal case of a step shock. Also, the competition between the pressure flow field behind the reflected leading
shock and the expansion fan, deprives the latter from leading the rear shock back to its maximum negative
amplitude; as it is the case before any interaction. This leads the absolute maximum value for the rear shock
(Figure 6.a)) to remain lower than the maximum values for the front shock on the whole domain (Figure
6.b)). However, when looking at the pressure differences on Figure 7 (blue), the rear shock undergoes the
biggest gap. This is due to the over-pressure right behind the reflected rear shock that can be seen as a little
) regardless of whether
bump above 0. We noticed here that over-pressure happens for every couple (
it is linear or non-linear.

Figure 6 – Color-map of a) the absolute maximum of the rear shock | ̂ | ; b) the maximum pressure of the
leading shock ̂ ; along with reflection transition limit (black lines) from [16] are plotted on both a) and b).
In the case of non-linear reflections (Figure 7 blue, Figure 9.a)) the bump seems confounded with the
reflected rear shock. The tail discontinuity reflection is no longer competing with the expansion of the N
since it happens behind the N, in a steady environment. Therefore, the pressure jump of the reflected shock is
higher. Also, the rear shock has an absolute value smaller than the leading shock (as seen on Figure 6.b)).
The combination of those two factors indicates that, across the reflected rear shock, the flow undergoes a
local over-pressure greater than the difference between
and the pressure behind the incident rear shock,
hence the overshoot of behind the rear reflected shock.

Figure 7 – Time pressure profiles for N wave (blue) and step shock (gold).
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In the case of linear reflections (Figure 9. a) blue), the over-pressure is distant from the rear reflected shock.
It can be seen as a third bump. The visible structure Figure 9.c) resembles what Baskar and Coulouvrat [16]
named secondary reflected shock. The self-similarity of the step shock does not apply in the case of an Nwave and a dynamic transition occurs from irregular reflection back to regular reflection for sufficiently long
range propagation. This inverted transition induces the rear triple point to hit back the rigid surface.
According to Baskar et. al [16], it is supposed to be at the origin of the secondary reflected shock. Even
though the shock structure they observed is very similar to ours, no transition occurred for the reflected rear
shock since it is linear from the moment it interacts with the wedge.
In order to assess the non-linearity of an N-wave interaction with a wedge, the statistical distribution of the
signal is analyzed. More specifically, the skewness of the signal distribution is evaluated. First, the time
pressure signal obtained for a given probe (Figure 1) is truncated in a consistent way so that the N-shaped
part of the signal is isolated (Figure 9.a)). This treatment skips the ambient pressure value from the
distribution. Then, we calculate the skewness of our N-shaped distribution in order to estimate whether its
interaction with a wedge induces a notable difference. A positive skewness would indicate that the negative
pressure length is greater than the positive as the right tail of the distribution would be longer than the left
thus indicating a possible non-linear behavior. Positive pressure values are located on the left side of our Nwave pressure profile. Negative skewness would indicate the reverse interpretation. Results are displayed on
Figure 8.a) where skewness values
are referenced from around -0.36 to +0.36. On Figure 8.b), the
quantity ̂
| ̂ | is plotted. Its behavior is analogous to the skewness. From the skewness color-map, we
can evaluate 6 different regions according to their values as shown on Figure 8.a).

Figure 8 – Values for the N-wave from signal recorded at
a) Skewness ; b) ̂
| ̂ |.

and

:

Figure 9 displays the time pressure profiles of two of those six regions (triangles) that have a different
skewness value,
and
. High positive skewness values are located in two specific
areas. One at high
(red circle), the other at low
(blue circle), but both for moderate angles around
15°. Truncated pressure signals as well as their corresponding histograms and pressure contours from
which the skewness color-map is drawn can be found on Figure 9 and 10. In the low
area, the timepressure signal (blue) can be divided into three zones: leading shock interaction, expansion fan and rear
shock interaction. Two bumps can be observed in the first part; the smallest one being the incident leading
shock front and the second one the reflected shock. In between, a pressure decrease expresses the interaction
with the expansion fan. The same behavior happens for the rear shock. The presence of a decreasing plate
between incident and reflected shock is noticeable on the histogram distribution for values at -0.5 and 1. In
the second high skewness value area however, the signal (red) does not show the presence of any reflected
shock for both leading and rear shock interaction. This is because irregular reflection happens in that case.
The probe location being below the triple point, as illustrated with a blue dot on Figures 10, the signal is
logically constituted of a single leading shock front and a single rear shock. The noticeable wavelength
9
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difference between red and blue is mainly due to the non-linear propagation of the N-wave that tends to
spread out as the front shock speed is travelling at a supersonic velocity
and the rear shock speed at a
subsonic velocity
. The higher the Mach number, the further the spread for a given measuring probes
location.
(c)

(d)

Figure 9 – Triangle zones: Time pressure profiles (a), corresponding histograms (b) and pressure fields (c,d).
As shown above (Figure 8.a)), maximum skewness values occur for two different wave profiles and two
different reflection regimes, linear and non-linear. Even though the skewness parameter gives information on
the reflection structure, it is not well suited for the evaluation of non-linearity provoked by the corner
interaction.
(c)

(d)

Figure 10 – Circle zones: Time pressure profiles (a), corresponding histograms (b) and pressure fields (c,d).
10
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5

Conclusions

From the full Euler equation solved using spectral difference scheme, the reflection of an acoustical shock
wave onto a rigid corner is numerically investigated. In particular, the analysis of signals for step shocks and
N-wave is performed thanks to the construction of a database to cover an acoustically relevant range in the
(
) domain. The comparison of our numerical results with existing results from the literature shows a
good agreement with what is expected. It has been shown that a well suited parameter to identify the
presence of non-linearities in the case of a step shock is the evaluation of the maximum pressure of the
measured signal. For N-wave topology, the signal distribution is investigated with the evaluation of the
) domain. The results are mitigated regarding the efficiency for this
signal skewness in the entire (
parameter to segregate non-linear behavior and need further investigation.
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Abstract
The natural diffraction of acoustic vortex beams results in vortices whose bright core is larger than the
wavelength, limiting their use for practical applications such as long-range underwater communications. In
this work, we synthesize a vortex beam of sub-wavelength size at a distance beyond Rayleigh diffraction
length using the nonlinear mixing of two confocal, high-frequency and detuned vortex beams of different
topological charges. A helicoidal focused acoustic source with two different curvatures generates a pair of
finite-amplitude vortex beams. Nonlinearity generates a low-frequency focused vortex beam, of integer
topological charge, whose distance between magnitude maxima is about 18 times smaller than its wavelength
at a distance about 3 times the Rayleigh diffraction length. Sub-wavelength vortices emerge due to the
spatiotemporal interference of two primary vortex beams and due to the conservation of angular momentum
during nonlinear wave-mixing. This mechanism opens new venues to design directive parametric antennas
for vortex transceivers or particle manipulation systems at scales well below the diffraction limit.
Keywords: Acoustic vortices, nonlinear acoustics, parametric antenna, acoustic tweezers.

1

Introduction

Vortex beams are characterized by a collimated wavefront with a phase dependence of the type exp(il) ,
with  the azimuthal angle and l the topological charge, respectively. At the principal axis of the vortex
beam the field exhibits a phase singularity and the field is null. Methods to synthesize these beams include
active devices such as phased arrays [1], helical radiating surfaces [2] or Archimedean [3], [4] or Fresnel
spiral diffraction gratings [5] among others. Metamaterials have also been used to generate vortex beams by
using flat and sub-wavelength structures [6], [7]. However, in all these configurations the natural diffraction
of the wavefront limits the size of the vortex. The minimum value is only reached for distances smaller than
the Rayleigh diffraction length of the source due to the divergence of the beam, given by the relation
between the geometry of the source and the wavelength. Recently, increasing attention has been paid to
restoring the evanescent components of a field to overcome the diffraction limit either using metamaterials
[8] or time-reversal techniques [9]. However, as these approaches rely on evanescent waves, their use is
restricted to near-field distances.
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In this work, we synthesize a vortex beam of sub-wavelength size at a distance beyond Rayleigh diffraction
length using the nonlinear mixing of two confocal, high-frequency and detuned vortex beams of different
topological charges. We demonstrate the concept using the natural self-demodulation phenomenon in air. We
generate a focused vortex beam of integer topological charge whose distance between magnitude maxima is
about 18 times smaller than its wavelength at a distance about 2.8 times the Rayleigh diffraction length.

2

Methods

A device was manufactured by disposing 10-mm diameter ultrasound emitters operating in air over two
different helical surfaces as shown in Figs. 1 (a, b). The helical profile of the n -th surface (with n  1, 2 )
was designed to generate a focused beam at a focal point, r(, r, z )  (0, 0, F ) , and, simultaneously, produce
at this location a difference of time of flight equal to tn  ln  / n , where ln is the topological charge of
the n -th primary vortex beam, n the angular frequency and  the azimuthal coordinate. In particular, the
first source, composed of the two internal concentric rings of transducers, see Fig. 1 (b), was excited with a
sinusoidal pulse burst of 1 / 2  40 kHz while the second one, composed of the two external concentric
rings of transducers, was excited at 2 / 2  41 kHz. The topological charges of the primary vortex beams,
defined by the curvature of the helical surfaces, were set to l1  1 and l2  2 . Source aperture was set to
2a  110 mm, with a the radius of the source, and the focal point was F  100 mm. Thus, the Rayleigh
distances for the primary vortex beams are around a 2 / 1  a 2 / 2  1.1 m.

Figure 1 – (a) Scheme of the helical surface to focus two confocal vortex beams. (b) Experimental setup.

The generation of the two confocal primary vortex beams is based on a helical surface. The surface should
produce the focusing of the acoustic waves at the focal point r(x , y, z )  r(0, 0, F ) and, simultaneously, a
phase dislocation at this point. The time-of-flight at the focal spot should present an azimuthal dependence of
the type
tn () 

ln 
n

,

(1)
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where ln is the topological charge and n the angular frequency of the n -th vortex beam and $\phi$ the
azimuthal angle. To guarantee such phase, we design a helical surface as shown in Fig. 1. The surface design
is constrained by the distance to the focal point, which must follow this relation
Rn ()  F 

ln n 
2

,

(2)

at any point, where n  2c0 / n . This surface, defined in spherical coordinates as r  r(, , Rn ()) , can
be expressed in Cartesian coordinates as
x n  ,    Rn    cos    sin   ,
yn  ,    Rn    sin    sin   ,
z n  ,      F  Rn    cos     ,

(3)

[n ]
[n ]
, respectively. The
where the azimuthal and elevation angles range between 0    2 and min
   max
aperture angles are given by
[2]
max
[2]
min

 a 
 tan1 
,
 2F 
a 
 tan1  h ,
 2F 

[1]
max

[2]
 min
,

[1]
min

 0,

(4)

where 2a is the outer-source aperture and 2ah is the aperture of the inner source.
The two vortex sources were manufactured by placing two concentric arrays of transducers over the helical
surfaces. Each of the sources was composed of two concentric arrays of piezoelectric transducers, as shown
in Fig. 1. Each piezoelectric transducer (MA40S4S, Murata Manufacturing Co., Ltd.) presents an aperture of
10 mm and produces a sound pressure level of 120 dB SPL (0 dB = 20 μPa) measured at 30 cm in air when
excited with a sinusoidal signal of 10 V. The source consisted in a total of 74 transducers (50 for the inner
and 24 for the outer source). Transducers were connected in parallel. For the first source (inner array) the
design frequency was f1  40 kHz while for the second one (outer array) the frequency was f2  41 kHz.
The topological charges of the primary vortex beams were set to l1  1 and l2  2 . Source aperture was
2a  110 mm ( 2ah  60 mm) and the focal was F  100 mm.

3

Results

For finite-amplitude waves, and when all emitters are active, both beams interact and due to material and
advective nonlinearity wave mixing occurs during propagation. Higher harmonics arise as arithmetical
combinations of the fundamental waves of both beams. The root-mean-square pressure measured was 138.4
Pa at 40 kHz (a sound pressure level of 136.8 dB referenced at 20  Pa), enough to trigger weak nonlinear
effects. In addition to higher harmonics, a difference-frequency mode of frequency d  2  1 was
generated due to the nonlinear self-demodulation of the beating wavefront.
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Figure 2 – (a) and (b) show the sagittal field cross-sections at y = 0 showing the theoretical and measured
demodulated component, respectively. (c-f) Transverse field cross-section at z = 80 mm showing the normalized
magnitude and the normalized phase of the theoretical and measured demodulated component, respectively. (g)
Normalized field magnitude cross-section at 1 kHz obtained experimentally, numerically and by linear theory.
Input: Phase of the self-demodulated field along the azimuthal coordinate.)

As homogeneous acoustic media lack of strong dispersion, phase-matching holds during nonlinear
propagation and harmonic generation processes are cumulative with distance. On the one hand, it is expected
that the locally generated self-demodulated mode presents a field spatial distribution similar to those of the
primary beams, as occurs in parametric acoustic antennas [10]. On the other hand, the phase of the selfdemodulated beam depends on the spatiotemporal interference of the two vortex beams, which is linked to
their topological charges. This results in a self-demodulated beam with a phase factor exp(ild ) where the
topological charge of the self-demodulated beam is
ld  sd (l2  l1 ),

(5)

where sd  sign(2  1 ) , due to the conservation of topological charge of nonlinear vortices, which is
indeed a consequence of the conservation of angular momentum [11]. Particular attention should be paid to
Eq. (5) because this is not valid if the frequencies of the primary beams are commensurable [12]. However,
in self-demodulation applications, this is usually fulfilled as the primary beams are commonly chosen with
nearby frequencies. Therefore, to synthesize a sub-wavelength vortex by self-demodulation, the primary
beams should present different topological charges and frequencies, and, in addition, their field distribution
must overlap in space. Simulated and experimental results are shown in Figs. 2 (a-f). A low-frequency beam
at d  1 kHz is generated locally, and its spatial distribution matches the overlapping volume of the two
primary beams. Its corresponding wavelength is d  2c0 / d  n , therefore, the width of the beam,
dominated by the width of the primary beams, is deep sub-wavelength.
The self-demodulated vortex arises as a result of the nonlinear mixing of the two primary vortex beams. Its
topological charge is given by ld  l2  l1  1 , showing the conservation of topological charge and,
therefore, the conservation of orbital angular momentum during the nonlinear mixing of the primary beams
as given by Eq. (5). The transversal pressure-field distribution of the self-demodulated vortex beam at
z  80 mm and y  0 mm. The width of the vortex, Dd , is 17.9 times smaller than the wavelength in the
experimental observations ( Dd  d / 22.2 in simulations). Note that the measurement distance is 2.8 times
4
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the Rayleigh diffraction length for the self-demodulated mode. The field at the axis ( x  0 ) becomes null
due to the phase singularity. The phase of the beam along the azimuthal coordinate  , depicted in Fig. 2 (g),
agrees with a linear profile of (l2  l1 )  ld  , demonstrating the topological charge conservation during
nonlinear mixing. Using this approach, vortices of arbitrary topological charge and size can be synthesized
by tuning the parameters of the primary beams.

4

Conclusions

In this work we have shown the sub-wavelength and sub-diffractive generation of acoustic vortices at
distances beyond Rayleigh diffraction length by using the nonlinear self-demodulation. Sub-wavelength
vortices emerge because of the spatiotemporal interference of two primary vortex beams due to the
conservation of angular momentum during nonlinear wave-mixing.
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Abstract
In this study, two ultrasonic testing techniques were used and compared to detect corrosion-induced cracking
in prismatic mortar samples. Five specimens were prepared and subjected to accelerated corrosion
conditions. The different times of exposure allowed to attain unalike damage conditions in every sample.
Three out of five samples exhibited a visible crack at the end of the accelerated corrosion test (30 days). The
onset of damage was monitored through the evolution of the accumulated Intensity Modulation Ratio (R) and
crack width measurements. The accumulated values of the Intensity Modulation Ratio increased
monotonically and clearly discriminated the five damage levels. Finally, once the specimens reached 5
different damage states, several reciprocity features were evaluated by using different ultrasonic testing
configurations. The results proved that localized cracks cause a break of the reciprocity principle.
Keywords: Non-linear ultrasonic test, Cracks, Steel corrosion, Intermodulation products, Reciprocity.

1

Introduction

Corrosion-induced cracking is one of the most important causes of performance deterioration in reinforced
concrete elements. Although various methods have been developed to detect the number and location of
corrosion-induced cracks, sensitivity to closed small cracks located far below the concrete surface remains a
problem to be studied. In only a few cases, nonlinear acoustic techniques have been applied in concrete
corrosion tests under laboratory conditions [1-7]. Many of these earlier studies focus on the utility of the
higher-order harmonic generation method to investigate corrosion-induced cracking in reinforced concrete
samples [2, 5-7] and in different vibroacoustic modulation methods [2-4, 6]. Overall, the results were
promising for the early detection of steel bar corrosion damage in reinforced concrete structures.
In this study, we further investigate the application of two nonlinear ultrasonic testing techniques for
detecting the damage induced by steel corrosion in concrete.
Firstly, while the corrosion test was being performed, the technique used herein investigated the interaction
of two monochromatic continuous waves at two separate frequency ranges, which is referred to as Nonlinear
Wave Modulation Spectroscopy [8]. If a nonlinear system is excited by two signals of frequencies f0 and f1,
referred to as pump (f0) and probe (f1) waves for f1>>f0, the mechanical nonlinearity gives rise to additional
output frequency components as sum and difference as f1 ± n·f0 (for n = 1, 2, …, N). Otherwise, if the system
behaves linearly, the sideband frequencies are not generated. The amplitude of the sidebands with regard to
1
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the amplitudes of the pump and probe waves enable the quantification of the nonlinear constitutive elastic
properties [8] or the size of localized defects (cracks) if adequate modelling is available [9, 10].
Alternatively, in many studies a qualitative measure of the nonlinear behaviour is provided by comparing the
relative strength of N sideband amplitudes with respect to the amplitude of the high-frequency probe A1 as
[11]:
(1)
Secondly, at the end of the corrosion test, a series of measures based on the reciprocity principle were carried
out. The presence of a localized nonlinearity in concrete not only breaks the proportionality between the
input excitation and the output elastic response [12], but also affects the reciprocity of signals, the break of
which turns out to be a nonlinear feature and to depend on the amplitude that excites the nonlinear scatterer.
It is well known from linear elasticity theory [13, 14] and diverse other fields [15-17] that the reciprocity
principle, which represents the space and time invariance of elastic waves, holds true in linear media. This
principle may be described as a nexus between a source and the detected elastic response of the excited
medium[18]. In other words, the elastic response of the medium when injecting the same source function
from position A and recording in position B is the same as the one recorded in A when injecting in B (see
Figure 1.), with no dependence on the geometry of the sample [14]. The reciprocity principle has led to
various applications, most of which concern imaging techniques based on ultrasonic/acoustic wave
propagation [19].

Figure 1 – Schematic representation of the reciprocity principle for elastic waves: (a) linear sample; (b)
cracked sample [18].
In order to perform a qualitative analysis of the dependence of the loss of reciprocity on the nonlinear
intensity with the degradation level, the definition of different amplitude-dependent indicators for the
reciprocity is needed [20].
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2
2.1

Experimental details
Materials and sample preparation

Five prismatic reinforced cement mortar specimens measuring 10 x 10 x 35 cm3 and having identical
composition were prepared. Standard siliceous sand (1350 g) and Portland cement type CEM I 52.5 R-SR 3
[21] (450 g) were used. The water to cement mass ratio (w/c) was set to 0.5 (225 g). An amount of sodium
chloride was incorporated into the mortar mix to provide an equivalent content of 2% Cl-, relative to the
cement weight in the hardened mortar (14.8 g) [22]. The molds allowed center-crossing of one steel rebar of
12 mm in diameter along the longitudinal axis and placed at 25 mm of its bottommost surface (in contact
with the mold). This layout was chosen to promote a longitudinal crack on the samples upon corrosion of the
steel rebar. The steel rebars were previously cleaned from native corrosion products [23] and the ends of
each rebar piece were covered with vinyl electrical tape to avoid the steel-mortar-air interface in the
accelerated corrosion tests. The mortars were prepared [24], poured into the plastic molds, mechanically
compacted, and cured for 28 days in a humidity chamber at 20 ºC and 95% relative humidity. Once the
samples were cured, accelerated corrosion tests were started.
2.2

Accelerated corrosion test and damage levels

The accelerated corrosion test was conducted using a potentiostat–galvanostat (Model 362, EG&G
Instruments, Princeton NJ, USA). A constant anodic current density of 100 mA/cm2 was applied between the
steel rebar (anode) and an external galvanized steel grid (cathode) placed at the bottom of the specimens (see
Figure 2).
To keep an appropriate electrical conductivity throughout the cement mortar, the samples were partially
submerged (5 mm height) in a recipient filled with tap water (except the control sample which was preserved
in ambient conditions). Given that the potentiostat–galvanostat provided a constant current density, it was
possible to corrode four specimens simultaneously by connecting them in series. In the experimental
conditions of these tests, the penetration of the steel corrosion process can be considered as linear with time
being the corrosion rate equal to the anodic current density passing through the electric circuit (current
efficiency 100%) [4, 7, 25].
The exposure time duration to accelerated corrosion conditions was chosen for each sample to attain a
different level of degradation. One sample was preserved as reference (M0, Control), so it was not subjected
to the passing current. The sample M1 was exposed 3 days before any crack appeared. The sample M2 was
exposed 6 days, also with no visible damage. The first crack appeared after 6 days in the samples M3 and
M4. At this time, the sample M3 was disconnected, while the M4 was exposed to the passing current up to
completing 20 days, so further damage was generated.

Figure 2 – Schema of the samples.
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2.3

Non-linear ultrasonic measurements

2.3.1 Modulation
Figure 3 shows the experimental setup used for the ultrasonic measurements and the relative positions
between emitting (EL and EZ) and receiving (RZ) transducers. The test was repeated at the three different
positions shown in Figure 3. Two transducers were used to simultaneously supply two pure tones (f0 = 20
kHz and f1 = 200 kHz). The high-frequency probe signal was emitted with a signal generator (SONY
AFG310) at an amplitude of 5 V. A 16- bit ADC resolution I/O device NI-USB 6361 was used for the
generation of the low-frequency pump and the acquisition of the frequency modulated signal with a sampling
frequency of 2 MHz.
The acquisition length was set to 50 ms. The pump wave signal was fed through an amplifier FS WMA-100
and then transmitted through a Langevin transducer. The input voltage was set to 130 V (after amplification).
Two broadband ultrasonic transducers IDK09 [26] were used for emitting and receiving the high-frequency
signal. White soft paraffin (Acofarma) was used as a coupling agent.
A Blackman window with a length of 35 ms was applied to the steady-state interval of the received signal
and transformed to the frequency domain through the Fast Fourier Transform algorithm. Then, the
amplitudes of the probe (Af1) and the expected first- and second-order intermodulation frequencies (Af1±f0 and
Af1±2f0, say N was set to 2) were used to evaluate the nonlinear parameter R as defined in Eq. (1).

Figure 3 – Transducer positions 1, 2 and 3 of emitting Langevin transducers (EL), emitting IDK09[26]
transducers (EZ) and receiving (RZ) transducers.
2.3.2 Reciprocity
Finally, at the end of the accelerated corrosion exposure, a comparison of the final condition was also made
through reciprocity measurements on each sample. To this purpose, the samples were previously let dry in
laboratory conditions. Then a reciprocity ultrasonic test (on two configurations) was performed. Figure 4
shows the two configurations (1 and 2) and the two positions (A and B) between emitting and receiving
shear wave transducers (Panametrics), see Figure 4. A high viscosity coupling agent was used.
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Figure 4 – Configurations (1 and 2) and positions (A and B) of the ultrasonic reciprocity measurements.
A pure tone signal was generated with a PC (WaveGen) and emitted by a transducer at a frequency of 250
kHz, varying the input amplitude Ai of the mechanical excitation. The amplitudes used were 10V, 25V, 50V,
75V, 100V, 125V and 150V. The received signal was sent to an amplifier High Voltage Pulser-Receiver
(Panametrics Model 5058PR, Sofranel) [27] and bandpass filtered between 30 kHz and 1 MHz. The average
of 100 signals were registered with an oscilloscope Teledyne Lecroy HDO4024A with a vertical resolution
of 12 bits and a sampling frequency of 20 MHz.

Figure 5 – Experimental setup used for the reciprocity ultrasonic measurements.
The indication of reciprocity was defined as the difference between the elastic responses vAB and vBA, of the
signals generated by a transducer placed in position A and recorded in B and vice versa, at every fixed
amplitude (Ai) of excitation [18]:
(2)
Moreover, a reciprocity parameter Di can also be defined as the maximum of the reciprocity signal of Eq. (2)
[18]:
(3)
The parameter Di increases as the difference between waveforms vAB and vBA increases.
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3

Results and discussion

Two different strategies were used to evaluate the potential of the intermodulation parameter R to detect the
damage inflicted by the steel rebar corrosion. First, the evolution of the intermodulation parameter R was
monitored over the accelerated corrosion test for 30 days. Second, measurements (on the two investigated
configurations) were realized later to compare the final condition of the five samples.
For the monitoring test, two measurements were done before starting the accelerated corrosion test
(henceforth, referred to as days -1 and 0). The analysis of the R values obtained at the undamaged condition
did not show significant differences between the three investigated positions.
The nonlinearity parameter that is measured at each moment of the test would correspond to the microcracks
(or their growth rate). Therefore, a cumulative value (that is, the area under the non-linearity parameter
versus time) would roughly represent the more generally defined crack damage state [28]. Figure 6 shows the
variation of the R parameter accumulated over time for the 5 study specimens. The accumulated R parameter
clearly shows a distinction between the control specimen (Sample 0), the uncracked specimens (Samples 1
and 2), and the cracked specimens (Samples 3 and 4). Therefore, the cumulative nonlinearity parameter can
be used to discern different levels of corrosion damage and cracking.

Figure 6 – Evolution over time of the non-linear parameter R accumulated for each reinforced mortar
specimen.
Figure 7 shows the superposition of supposedly reciprocal signals for the maximum amplitude (150V). The
black solid line refers to the signal recorded in B when emitting from A, while the dashed red line refers to
signals recorded in A when emitting from B. Figures 7(a) and 7(b) are signals detected in the Control sample
(undamaged) and plots in Figures 7(c) and 7(d) are relative to the Sample 1 (damaged). Figures 7(a) and 7(c)
are the superposition of signals recorded in Configuration 1 Figures 7(c) and 7(d) are the superposition of
signals recorded in Configuration 2, see Figure 4. These results reveal that reciprocity breaks only in the
sample damaged while the control sample shows a linear behaviour.
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Configuration 2

(a)

(b)

(c)

(d)

Sample 1

Control

Configuration 1

Figure 7 –. Superposition of reciprocal signals for the maximum amplitude (150V): the black solid line refers
to the signal recorded in B when emitting from A, while the dashed red line refers to signals recorded in A
when emitting from B. Plots in the first row (a and b) are signals detected in the Control sample
(undamaged) and plots in the second row (c and d) are relative to the Sample 1 (damaged). The first column
is the superposition of signals recorded in Configuration 1 (a and c) and the second column is the
superposition of signals recorded in Configuration 2 (b and d). The vertical lines correspond to the windows
applied for the signal analysis.
The data for the two configurations and all amplitudes can be analyzed to calculate the parameter Di as
defined in Eq. (3) and results are reported in Fig. 8. The vertical lines in Figure 7 correspond to the windows
applied for the signal analysis of Figure 8, since this first part of the wave is not as much affected by the
reflections and interactions with the material.
First, notice that the nonlinearity of the response is given by the break of the superposition principle, i.e., the
higher the input amplitude is, the less reciprocal the signals are (larger differences in the signals).
The Control sample shows low values in all cases even for the higher excitation amplitudes, while damaged
samples reveal higher D values. However, in both configurations, Sample 4 exhibited values very close to
the Control sample and Sample 3 showed values under Samples 1 and 2, which were less damaged (see
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Section 2.2.). This could have been because cracks were so wide that there was little non-linear interaction
for the deformations that were being generated.
It is interesting for real in situ applications that the damaged samples with non-visible cracks give higher
values and are able to discriminate the presence of damage.
(a)
Configuration 1

(b)
Configuration 2

Figure 8 –. Reciprocity indicator, D, versus the input amplitude for all the samples: (a) Configuration 1 and
(b) Configuration 2.

4

Conclusions

The results obtained in this study indicate that the ultrasonic waves traveling through the reinforced cement
mortar specimens clearly increase their non-linear character in the course of accelerated steel corrosion tests.
The evolution of values found in this work for the Intensity Modulation Ratio (R), seems to indicate that the
nonlinear features may be appearing before the observation of a visible crack. The appearance of
microcracks leads to an increase in non-linearity of the signal: intermodulation products and break of
reciprocity principle. The parameter D seems to be useful to detect damage at early stages. As a result, it is
possible to use non-linear ultrasonic techniques for the detection of cracks due to the corrosion of the
embedded steel bar in reinforced concrete or mortar model specimens.
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Abstract
The formulation of the Boundary Element Method on the Bézier-Bernstein basis is presented in this work. The
proposed method is geometrically based on both computer aid design (CAD) and isogeometric analysis (IGA),
but field variables are independently approximated from the geometry. This approach allows the appropriate
approximation functions for the geometry and variable field to be chosen. This formulation improves the
treatment of non-homogeneous boundary conditions. The standard formulation is modified by introducing the
boundary conditions in the integral kernels. The boundary conditions are implicitly defined through known
parameters depending on the geometry, rather than by prescribing nodal values as is done in the standard
formulation. The main advantage of this procedure is that the right-hand side of the system of equations is
integrated taking the exact distribution of loads into account. The application of the proposed method covers
the resolution of complex boundary value problems as optimization with uncertain data, material modelling
with graded impedance, and the definition of general boundary constraints.
Keywords: Boundary conditions; Element approximation; Computer-aided design; Acoustic impedance.

1

Introduction

Some recent applications of the BEM regarding the reliability analysis coincided with the importance of
achieving accurate and efficient numerical solutions [1, 2, 3, 4, 5, 6]. Accordingly, Vable [7] discussed the
various sources of errors in BEM that were classified as: i) formulation error, ii) interpolation error, iii)
integration error, iv) continuity error, v) collocation error, vi) matrix conditioning error, and vii) mesh error.
The interpolation error is one of the most important sources of error in BEM analysis [8] because of a lack
of precision in the geometry discretisation and the field variables approximation. The loss of accuracy in the
model discretisation is mainly given by the difficulty to represent the field variables through a polynomial
approximation. Hence, many authors have conducted improvements related to geometry representation
and field approximation. These studies covered the parametric representation of the geometry [9, 10], the
isogeometric approach [11, 12], and the spectral formulations [13, 14, 15, 16]. These publications have led to
progress in the formulation of the BEM.
This article presents an improvement in the treatment of boundary conditions based on the idea of developing
a reliable method for engineering analysis. The novelty of the proposed method lies in the modification of
BEM integral kernels to include the actual distribution of the boundary conditions instead of the polynomial
approximation used in the standard BEM formulation. Therefore, these terms of the integral representation
related to known values of the field variables are satisfied exactly since the exact distribution given by boundary
conditions is considered.

1
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The proposed method has been implemented in the BEM formulation based on the Bézier-Bernstein space
[17] to consider the exact boundary geometry. Also, this formulation allows the use of arbitrary high-order
elements. Thus, the proposed method presents some enhancements according to Reference [7]: i) low
interpolation error due to the use of high-order elements, ii) the collocation error is reduced because the
boundary conditions are implicit at the integration kernels, and iii) no mesh error since exact CAD model
geometry is considered.
The outline of the paper is as follows. In Section 2, the definition of boundary conditions in the BEM
is presented and the Bézier-Bernstein space is briefly described. The proposed method is verified in Section
3 from two benchmark problems with a known analytical solution. A numerical example is presented and
investigated in Section ??. Finally, the main results drawn from this research are summarised in the Conclusion
section.

2

Numerical model

In this work, we consider the Helmholtz equation, without loss of generality, to present the proposed
formulation. The governing equation in the bounded domain Ω with the piecewise smooth boundary Γ defined
by its normal outward n(x) is:
∇2 u(x)+κ2 u(x) = 0,

x ∈ Ω,

(1)

where u(x) is the velocity potential and κ > 0 denotes the wavenumber. The problem definition is completed
by setting the boundary conditions for on Γ = ∂Ω. Dirichlet and Neumann boundary conditions are defined
as u(x) = u(x) and q(x) = ∂u(x)/∂n(x) = q(x), respectively. Also, it is possible to adopt the Robin boundary
condition to gather the three types of boundary conditions in one expression:
α(x)u(x) + β(x)q(x) = γ(x),

x ∈ Γ,

(2)

where α(x), β(x) and γ(x) are known parameters along the boundary that allow the following definitions:
β(x) = 0:

u(x) = u(x) = γ(x)/α(x)

Dirichlet boundary condition

(3)

α(x) = 0:

q(x) = q(x) = γ(x)/β(x)

Neumann boundary condition

(4)

α(x) , 0, β(x) , 0:

q(x) = q(x) = (γ(x) − α(x)u(x))/β(x)

Robin boundary condition

(5)

We can see from the above definitions that the Neumann condition is a particular case of the Robin type when
α(x) = 0. Therefore, it is not necessary to distinguish between the two types of boundary conditions in the
S
problem definition. Then, the boundary is defined as Γ = Γu Γq according to the following definitions:
u(x) = u(x) = γ(x)/α(x) ,

x ∈ Γu ,

(6)

q(x) = q(x) = (γ(x) − α(x)u(x))/β(x) ,

x ∈ Γq .

(7)

It is assumed that κ2 is not an eigenvalue of ∇2 u(x) + κ2 u(x) = 0 subject to the homogeneous form of the
imposed boundary conditions.
2.1. Boundary element formulation
The basic integral equation is the starting point as we introduced before, which can be written as follows
[18]:
!
Z
∂u(x)
∂Ψ(x, ξ)
Ψ(x, ξ) − u(x)
dΓ(x) ,
(8)
c(ξ)u(ξ) =
∂n(x)
Γ ∂n(x)
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where ξ is the collocation point, q(x) = ∂u(x)/∂n(x) is the normal flux, Ψ(x, ξ) is the fundamental solution
(the Hankel function H0(1) (κ|x − ξ|)) at point x due to a point source located at ξ, and the integral-free term c(ξ)
depends only on the boundary geometry at the collocation point ξ. The dependence on the wavenumber κ has
been omitted intentionally in the above equation for simplicity of notation.
The basic integral representation implies that the potential u(ξ) is obtained by integrating the field variables
u(x) and q(x) over the boundary Γ, weighted by the fundamental solution Ψ(x, ξ). Typically, the accuracy in
the computation of u(ξ) depends on the approximation of the field variables at the boundary, and it is also
conditioned by the precision of the integration scheme to solve Equation (8). The accuracy in the computation
of u(ξ) will only rely on the precision of the quadrature rule when the field variables represent the actual solution
at the boundary. This topic is discussed below.
S
Following the scheme depicted in section ??, the boundary is discretised into N elements with Γ = Nj=1 Γ j .
Thus, Equation (8) is rewritten as follows:
c(ξ)u(ξ) =

N Z
X
j=1

Γj

!
∂u(x)
∂Ψ(x, ξ)
Ψ(x, ξ) − u(x)
dΓ .
∂n(x)
∂n(x)

(9)

Equation (9) represents the discretised basic integral representation for u(ξ), which is computed as a piecewise
integration of the field variables over the boundary. The field variables within an element Γ j are interpolated
from the nodal values uk using element shape functions φk (x) of order p:
u(x) =

p
X

φi (x)ui = φ(x)ue .

(10)

i=0

Then, the element approximation is substituted into Equation (9) to yield the following expression:
c(ξ)u(ξ) =

N " Z
X
j=1

! #
!
Z
∂Ψ(x, ξ)
∂ue
−
φ(x)
dΓ ue .
φ(x)Ψ(x, ξ) dΓ
j
j
∂n
∂n(x)
Γ
Γ

(11)

In this case, the basic integral Equation (11) differs from Equation (9) because the potential u(ξ) is given by
integration of field nodal values interpolated by the element shape functions. The accuracy is constrained by
the element approximation and should be lower than in Equation (9), even if ue takes the exact value of the field
variable u(x) at nodal positions unless the element approximation of the field variables is exact. Therefore, the
element approximation implies a loss of accuracy in the evaluation of the integral representation.
Finally, the collocation method allows the definition of a system of equations that relates nodal values u and
q over the boundary:
Hu = Gq ,

(12)

where H and G are the fully non-symmetrical boundary element system matrices. After boundary condition
have been prescribed, Equation (12) is rewritten as AX = b [19], where A is the matrix of coefficients, X
collects the unknown nodal values, and b is the right-hand side.
Our concern begins with the approximation of the right-hand side of the system of equations. This term is
computed from the rearrangement of Equation (11) according to the boundary conditions, as:
!
!
Z
X Z
∂ue X
∂Ψ(x, ξ)
b(ξ) =
φ(x)Ψ(x, ξ) dΓ
−
φ(x)
dΓ ue ,
(13)
∂n
∂n(x)
Γj
Γj
j
q
j
u
Γ ∈Γ

Γu

Γ ∈Γ

Γq

where
and
denote those parts of the boundary where Dirichlet and Robin (or Neumann) conditions are
respectively defined. In this equation, the element approximation is used to interpolate the field variable u(x),
and its derivative, through the nodal value ue and the element shape functions φ(x). Following this procedure,
the boundary conditions are prescribed as known nodal values, but the approximation of the field variables
through element shape function implies a loss of accuracy in the collocation method, as we mentioned above.
3
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Therefore, this approach does not seem to be sufficiently justified for the application of boundary conditions,
given that the distribution of field variables is fully known.
The novelty of the proposed method derives from this lack of accuracy. Thus, the actual distribution of u(x)
is included in the integration kernels of Equation (13). Moreover, the definition of boundary conditions given
by Equation (2) is used to develop a more general method. The basic integral representation of u given by
Equation (9) is modified as follows, according to the boundary conditions given by Equation (2):
c(ξ)u(ξ) =

X Z
Γj

Γ j ∈Γu

−

X Z
Γ j ∈Γq

Γj

X Z γ(x) ∂Ψ(x, ξ)
∂u(x)
Ψ(x, ξ) dΓ −
dΓ
j α(x) ∂n(x)
∂n(x)
Γ j ∈Γu Γ
!
X Z γ(x)
α(x)
∂Ψ(x, ξ)
Ψ(x, ξ) +
u(x) dΓ +
Ψ(x, ξ) dΓ .
β(x)
∂n(x)
Γ j β(x)
j
q

(14)

Γ ∈Γ

Once the element approximation given by Equation (10) is introduced in the above equation, it becomes:
!
∂ue
φ(x)Ψ(x, ξ) dΓ
∂n
Γj
Γ j ∈Γu
(
!
)
Z
X
α(x)
∂Ψ(x, ξ)
+
Ψ(x, ξ) +
φ(x) dΓ ue
j
β(x)
∂n(x)
Γ
Γ j ∈Γq
X Z γ(x) ∂Ψ(x, ξ)
X Z γ(x)
Ψ(x, ξ) dΓ −
dΓ .
=
Γ j α(x) ∂n(x)
Γ j β(x)
j
u
j
q

c(ξ)u(ξ) −

X Z

(15)

Γ ∈Γ

Γ ∈Γ

Equation (15) has been rearranged according to the boundary conditions. It should be noticed that the righthand side of this equation does not depend on the element approximation and, therefore, higher accuracy than
a standard formulation is expected. After all known u(ξ) for ξ belonging to Γu are passed to the right-hand side,
the following system of equations is obtained:
AX = b .

(16)

The solution for the system of equations gives unknown nodal values of u(x) and q(x) at the boundary.
Afterwards, the potential u(ξ) at internal point ξ in the domain Ω can be computed from Equation (15), making
the free term c(ξ) = 1. The solution at internal points also benefits from the proposed treatment of the boundary
conditions.
This approach has the following advantages over the standard BEM formulation: i) the computation of the
right-hand side is independent of the element approximation; and ii) the Robin boundary condition is implicitly
considered in the element matrix through parameters α(x), β(x) and γ(x) keeping the spatial information, instead
of a relationship between nodal variables as is done in the standard BEM formulation. Therefore, the proposed
method has high accuracy as will be shown in the next section.
Although the proposed method is valid for any BEM formulation, it is implemented in the BEM formulation
based on the Bézier-Bernstein space [17] to show its capabilities. The next section summarises the main ideas
for the method.
2.2. The BEM formulation in the Bézier-Bernstein space
The Bézier-Bernstein space is used to describe the exact boundary geometry and to approximate the field
variables. It is based on the application of polynomials in Bernstein form, that grows with the development of
Bézier curves rn (t) in computer-aided design.
The Bézier curve is defined over the interval t ∈ [0, 1] as:
rn (t) =

n
X

bk Bnk (t),

(17)

k=0
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where bk are the control points used to approximate the geometry and n the curve degree. The de Casteljau
algorithm is often used for evaluating and splitting a Bézier curve rn (t) at a given point t [20]. Although the de
Casteljau algorithm allows an easy evaluation of a Bézier curve, it is computationally expensive. An efficient
curve computation is achieved using the polar form (or blossom) of a Bézier curve rn (t) [21], which defines a
multi-affine transformation satisfying:
bk = R(0, . . . , 0, 1, . . . , 1),
| {z } | {z }
n−k

(18)

k

where R(t1 , . . . , tn ) is computed as:
X

R(t1 , . . . , tn ) =

Y

(1 − ti )

i∈I
I∩J=∅
I∪J={1,2,...,n}

Y

t j b|J| .

(19)

j∈J

Thus, a polynomial in Bernstein form can be formulated in the polar form, substituting Equation (18) into
Equation (17) as follows:
rn (t) =

n
X
k=0

R(0, . . . , 0, 1, . . . , 1)Bnk (t) = R(t, . . . , t).
| {z } | {z }
n−k

(20)

k
j

The Bézier-Bernstein space is used to describe the exact element geometry as Γ j (x) = rn (t). Hence, the
element integrals in Equation (15) are rewritten in the univariate basis t ∈ [0, 1] as [17, 22]:
Z
Z 1
j
drn (t)
dt,
(21)
f (x, ξ) dΓ =
f (x(t), ξ)
dt
Γj
0
where f (x, ξ) represents the integration kernels. Moreover, Equation (21) can be transformed into the
integration interval [−1, 1] to employ a Gauss-Legendre quadrature.
Moreover, the proposed method employs the Lagrange interpolant relative to the Bernstein basis for the
field variable approximation to an element [23]. The field approximation given by Equation (10) interpolates
n + 1 nodal values through the element shape functions Pin = φi of order n, for i = 0, . . . , n. The proposed
element is defined by the nodal positions t j in the univariate basis. The Lagrange interpolant Pin derived from
the Bernstein basis must fulfil the following condition at element nodes t j :
Pin (t j ) = φi (t j ) =

n
X

cik Bnk (t j ) = δi j ,

j = 0, . . . , n,

(22)

k=0

cik

where,
are the control points used to define the Lagrange polynomial Pin . This condition is commonly
expressed as a linear system of equations through the Bernstein-Vandermonde matrix Ai j = Bni (t j ) as:
 i   
 n

 B (t0 ) Bn (t0 ) . . . Bn (t0 ) . . . Bnn (t0 ) 
0
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Thus, the element shape function φi is defined by control points obtained from the solution of (23).
Then, the field approximation given by Equation (10) in the univariate basis t becomes:
 n

p
p X
p

X
X
X



i
i
i n  i
φ (t)u =
u(t) =
ck Bk (t)
u =
Ri (t, . . . , t)ui ,





i=0

i=0

(23)

(24)

i=0

k=0
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where the evaluation of the element shape function φi (t) also benefits from the computational advantages of
using the polar form Ri (t1 , . . . , tn ) according to Equation (19).
Once the geometry and the field approximation given by Equations (20) and (24) are introduced in Equation
(15), the boundary integrals are computed using a standard Gauss-Legendre quadrature with p + 1 integration
points whenever the collocation point is sufficiently distant from the integration element. Otherwise, the
solution of singular or weakly singular integrals is numerically computed using a smoothing transformation
using a Gauss-Legendre quadrature [24].

3

Numerical verification

In this section, we analyse the performance of the proposed method for solving the Helmholtz equation in a
square boundary Ω := [−1, 1] × [−1, 1] at a high wavenumber κ = 100 rad/m. Four linear Bézier patches were
used to define the boundary geometry:
Γ1 := [−1, 1] × [−1, −1] , Γ2 := [1, 1] × [−1, 1] , Γ3 := [−1, 1] × [1, 1] , Γ4 := [−1, −1] × [−1, 1] .

(25)

The proposed method was then tested in two benchmark problems. Different boundary conditions were chosen
such that the exact solution satisfies uI (x) = exp(ικd · x), where the polarised direction was set to d = [1, 1], and
the unit imaginary number was denoted by the Greek letter ι to prevent confusion with some subscripts used in
the paper. Numerical results were compared with a reference solution using the l2 scaled error 2 to assess the
accuracy.
A convergence investigation was carried out for several element lengths h with successive p−enrichment.
Three different discretisation schemes were tested with element lengths given by κh = 7.5, κh = 3 and κh = 1.
The element shape functions were obtained from the interpolation functions defined at Chebyshev points of the
first kind [17]. The element order was increased until convergence was reached. For this purpose, we considered
that the problem solution was properly approximated if the error satisfied log(2 (h, p − 1)/2 (h, p + 1)) ≤ 1.
The accuracy of the proposed method was compared with a standard BEM formulation (11). The type of
element and the integration scheme was the same in both methods. Only the treatment of boundary conditions
was modified.
3.1. Example 1
In this example, Dirichlet and Neumann conditions were prescribed on the boundaries Γ1,3 and Γ2,4 ,
respectively. The boundary conditions were prescribed as follows, according to Equation (2):
α(x) = 1 ,

β(x) = 0 ,

γ(x) = uI (x) ,

x on Γ1,3 ,

(26)

α(x) = 0 ,

β(x) = 1 ,

γ(x) = ∇u (x) · n(x) ,

x on Γ2,4 .

(27)

I

The right-hand side in Equation (15) was computed from the parameters α(x), β(x) and γ(x) which are
included in the integration kernel, as we stated before. Therefore, these terms of the BIE were computed
without loss of accuracy due to the element approximation. However, if Equation (13) is considered, the righthand side of the system of equations is integrated making an approximation of the boundary condition at the
nodal position interpolated by the element shape function.
Figure 1 shows the result of the convergence investigation. First, the l2 scaled error 2 was evaluated over the
boundary from the nodal solution. The convergence rate improved as the boundary discretisation became finer
in all the studied cases. The proposed method and the standard BEM formulation gave a similar approximation
as can be seen Figure 1.(a), with the lowest error O(10−10 ) being achieved for the finest mesh. However, the
accuracy of the two methods in terms of computing the domain solution at the internal point was quite different
(Figure 1.(b)). The convergence of the proposed method was much better than in the standard formulation
6
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because of the higher accuracy in the right-hand side computation. Moreover, the domain solution was more
accurate than the boundary solution since it was computed from the nodal values previously obtained and the
prescribed boundary conditions, without any polynomial approximation along with the elements. The lowest
error was O(10−12 ).
For comparison purpose, the potential at the internal point ξ = (0, 0) was computed from the discretised
basic integral equation (Equation (9)) using the exact solution for the field variables over the boundary. The
solution computed in this way is the best available solution since the BIE was integrated from the exact field
distribution. The accuracy of this solution was related to the element order p which defined the number of
integration points (see Section 2). Therefore, the hp-refinement provides a piecewise integration scheme with
variable order according to p. Figure 1.(b) uses shaded lines to show the computed error. The lowest error
was considerably lower than in the previous cases. The proposed method approximated to the best solution
particularly for medium and small element lengths. Note that the exact solution uI (x) has been used to assess
the solution at the internal point, instead of the numerical result computed with the BEM, to avoid the inherent
inaccuracy of the method.

(a)

(b)

Figure 1: L2 scaled error 2 for different κh discretisations obtained by the proposed method (solid lines) and a
standard BEM (dashed lines): (a) over the boundary, and (b) at the internal point ξ = (0, 0) (the best solution at
this point is represented in shaded lines).

3.2. Example 2
The second example analyses the ability of the proposed method to represent Robin boundary conditions
given by the following expression [25]:
ικu(x) + ∇u(x) · n(x) = g(x) ,

(28)

where g(x) was chosen accordingly to uI (x) = exp(ικd · x). This condition set the parameters in Equation (2) as
follows:
α(x) = ικ ,

β(x) = 1 ,

γ(x) = ικuI (x) + ∇uI (x) · n(x) ,

x∈Γ.

(29)

The solution computed with the standard BEM was obtained by substituting the flux given by q(x) = (g(x) −
ικu(x)) into Equation (12). This expression gave a node-to-node relationship of the field variables. Then, the
system of equations was of the form:
(H + ικG)u = Gg

(30)
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where g is a vector that collects the value g(ξ) at each collocation point.
Figure 2 shows the computed errors in both cases. The convergence rates have similar behaviour to that
in the above example. In this case, the standard BEM formulation gave a little bit more precision for some
cases than the proposed method in the boundary solution, due to the integral kernels’ complexity being higher
than in the standard formulation. Some additional tests have shown an improvement of the boundary solution
by increasing the number of integration points according to the kernel complexity. Once again, the domain
solution computed with the proposed method was much better than that obtained by the standard formulation.
The discrepancies in the two methods are due to the treatment of boundary conditions in each case. The solution
converged to a minimum error O(10−11 ).

(a)

(b)

Figure 2: L2 scaled error 2 for different κh discretisations obtained by the proposed method (solid lines) and a
standard BEM (dashed lines): (a) over the boundary, and (b) at the internal point ξ = (0, 0).
This analysis has depicted the loss of accuracy in the BIE caused by the approximation of boundary
conditions from nodal values using element shape functions. The proposed method gave a better approximation
than the standard formulation of the BEM, particularly at internal points in the domain. Therefore, it was
demonstrated that the proposed treatment of non-homogeneous boundary conditions is suitable for the
development of the BEM.

4

Conclusions

This work has proposed a new treatment of boundary conditions to improve the accuracy of the BEM.
The boundary conditions were defined as the type of Dirichlet, Neumann and Robin conditions, using known
parameters along the boundary that were included in the integral kernels. This procedure avoided the element
approximation and allowed the domain geometry and boundary conditions to be considered exactly in the
computation of the right-hand side of the BEM system of equations, as opposed to the standard formulation,
which interpolates the boundary conditions from nodal values using the element shape functions. The proposed
method was implemented in the BEM formulation based on the Bézier-Bernstein space, which allowed an
independent approximation of the geometry and the field variables. However, the method can be extended to
other BEM formulations.
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Abstract
In order to meet the functional requirements such as fire protection etc., the enclosed noise barriers need to
be equipped with smoke vents and other openings. The openings will destroy the sealing ability of the
enclosed noise barriers and reduce the noise reduction performance. In order to study the influence of
different opening layouts on the noise reduction performance of enclosed noise barriers, models of enclosed
noise barriers used in rail transit were built and the noise reduction performance were simulated using
Simcenter 3D Ray Acoustics software. The acoustic field results of enclosed noise barriers with continuous
and periodic opening layouts were simulated and compared. The results show that this method can simulate
the acoustics diffraction phenomenon at the openings, and the simulation data show that different opening
layouts have a significant impact on the noise reduction effect of the enclosed noise barriers, so detailed
designs are needed for the specific usage scenarios.
Keywords: enclosed noise barrier, noise reduction, acoustic simulation, opening layouts.

1

Introduction

Sound barrier is one of the most effective methods to control noise propagation. Especially for
traffic noise, sound barrier has a wide range of applications. The common sound barrier is not
closed. Noise control is realized by sound insulation, absorption and diffraction attenuation. A lot of
literature has studied the influence of the height, width, absorption and sound insulation coefficient
and top structure of the sound barrier on the performance of the sound barrier[1-4]. Compared with
the vertical sound barrier, the fully enclosed sound barrier closes the sound source, and most of the
sound waves are absorbed and reflected by the sound barrier in the process of propagation. There is
no diffraction sound, which can achieve the best noise reduction effect. However, in practical
application, in addition to the high cost, the completely closed sound barrier has obvious potential
safety hazards. For example, in case of fire, it is unable to exhaust smoke effectively, which greatly
limits the practical application of the closed sound barrier. Some researchers have studied the
effects of the opening of the fully closed sound barrier on its acoustic, smoke exhaust, outlet
pressure and other performance[5-7]. Liu Lei[8] and others have carried out simulation research on the
influence of top opening on smoke exhaust. Zhang Chao[9] has analyzed the influence of fully
enclosed sound barrier opening rate on outlet micro pressure wave. The results show that when the
train speed is different, the influence of top opening rate on outlet micro pressure wave is obvious,

1

342

there is an optimal parameter for the opening ratio of totally enclosed sound barrier. Zhang Lijuan[10]
and others conducted a simulation study on the influence of different opening widths on the
acoustic performance of the fully enclosed sound barrier. The results show that there is little
difference between 1m and 2m opening widths, and the protective effect of the closed sound barrier
with 4m opening width on the buildings with higher floors is obviously worse.
The noise reduction effect of fully enclosed noise barrier is high, and the general theoretical effect
can reach more than 20dB. However, due to the requirements of fire protection, when the sound
barrier reaches a certain length, it is necessary to set up natural ventilation and smoke outlet. Due to
the setting of the opening, there is a certain difference between the actual noise reduction effect and
the theoretical noise reduction effect. The opening is usually set at the top, and the opening area is
related to the fire demand. There are also openings to one side, which is related to the distribution of
sensitive buildings to be protected. There are also many long openings on the top of the sound
barrier, or some openings are set periodically. There is no clear regulation on the setting of sound
barrier openings, which mainly depends on the constraints in other fields or the site conditions. This
paper also studies the influence of opening on the acoustic performance of sound barrier. However,
different from Zhang Lijuan's paper[10], this paper intends to study the influence of different opening
types on the acoustic performance of sound barrier with the same opening area. According to the
common opening situation of sound barrier, the influence of continuous opening and periodic
opening on the acoustic performance of sound barrier is studied on the premise of the same total
opening area. Aiming at the periodic opening, the influence of different opening size parameters on
the acoustic performance of sound barrier is studied, which provides guidance for the application of
closed sound barrier.

Fig.1 Several cases of enclosed sound barrier openings
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2
2.1

Simulation method
Theory of simulation

When the length of acoustic wave is much smaller than the geometric size of the model, We assume that
sound waves will travel in a straight line like a beam of light. Based on this assumption, the ray acoustic
method is gradually developed and more and more used in various acoustic simulation. There is no any
requirement for the size of acoustic mesh in the ray acoustics method, acoustics mesh discretization only
needs to capture geometry detail and is independent on frequency, so surface modelling is sufficient. This
yield small model sizes and fast computations, typically and order or two in magnitude smaller compared to
typical FEM or BEM computations. So the acoustic ray method is very suitable for high frequency or largescale acoustic simulation, such as environmental acoustics, architectural acoustics, urban rail noise, etc.
In this paper, we will use Simcenter 3D Ray Acoustics to do the acoustics simulation of enclosed noise
barrier. In Simcenter 3D Ray Acoustics, acoustics rays will shoot from a point source location and reflect or
absorb when they meet the wall, we can simulate sound through tracing the number and strength of the
beams rays cross the receiver microphone using triangular beam tracing technology. Through using
triangular beam tracing technology, results are obtained per frequency line and include phase interference
effects from all contributing beams. Simcenter 3D Ray Acoustics can simulate the real physical environment
of the acoustics wave traveling process, including absorption in air, reflections on surfaces, diffractions on
edges and surfaces and so on.
2.2

Simulation model

This paper is mainly to simulate the radiated noise of overhead subway. The subway is 120m in length, 2.8m
in width, 3.8m in height and 1.435m in rail moment. The plane of the rail is 15m above the ground. The
noise barrier is 300 m in length, 9.2 m in width, and the maximum height is 8.5 m. There is one tall building
in the middle of the noise barrier. The inner side of the building is 45m away from center line of the rail, and
the building dimensions are 90m in length, 20m in width and 100m in height. The schematic diagram of the
overhead subway is shown in the below picture.

Fig.2 The schematic diagram of the overhead subway
2.2.1 Structure of the enclosed noise barrier
The enclosed noise barriers need to be equipped with smoke vents and other openings to meet fire protection
demand. This pater will study how three designing of the smoke vents affect the environmental noise.
3
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Case I: a continuous long opening, 0.5m in width and 300m in long.
Case II: uniform distribute 5 rectangular opening, 2m in width and 15 in long.
Case III: uniform distribute 5 rectangular opening, 6m in width and 5 in long.

Fig.3 Schematic diagram of three types of openings
2.2.2 Building the simulation model
Base on the designing of the vents and the barrier, using Simcenter 3D to establish the geometric model,
including the barrier, the building, and the train, below picture showing the smoke vents fully opened case.

Fig.4 CAD Model of smoke vents fully opened barrier
Then doing the acoustics meshing, due to the acoustics mesh discretization only needs to capture geometry
detail, so all the acoustics mesh using shell element, as shown in the below picture.

Fig.5 Acoustics Mesh of the Barrier
4
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2.2.3 Noise source

SPL (dB)

This noise barrier is mainly used to shield noise when the train passing, so the noise source is at the wheelrail position. The following table shows the measurement results of the wheel-rail noise. The measuring
point is 2m away from the outer rail.
86
84
82
80
78
76
74
72
70
68
66
Frequency (Hz)

Fig.6 Sound source parameters
In the bottom of the train, through defining two panel ray sources to simulate the wheel-rail noise, as shown
in the below picture.

Fig.7 Panel ray sources
2.2.4 Boundary conditions
The Rays travelling from the bottom of the train and will diffract at the edge of train. Then the rays will
reflect at the internal of the barrier, especially will emerge complex surface reflection at the curved surface
of the train. So in order to realistically capture the rays at the edge and curved surfaces, so we need define the
edge diffraction at the bottom of the train and define smooth surface reflection at the curved surface of the
train, as shown in the below picture.

5
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Fig.8 Schematic diagram of train surface and edge setting
When the rays travelling to the opening of the barriers, there will have diffraction phenomenon at the edge of
the barrier. Then the acoustics wave will travel forward in the form of creeping waves along the surface of
the barriers. And these also have surface reflection at the curved surfaces of the barriers. Then we through
define edge diffraction, surface diffraction and smooth surface reflection to capture at the rays travelling
along the surface of the barrier.
Simcenter 3D also can simulate the transmission loss of the barrier, through defining panel absorption on the
vertical part of the barrier to simulate absorption and shield noise affection.

Fig.9 Schematic diagram of sound barrier surface and edge setting

3

Simulation results and analysis

The predicted results of SPL at 1m of building surface for three types of totally enclosed sound barrier
openings are shown in figure 10 to 12.

6
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Fig.10 Distribution of total SPL in case I

Fig.11 Distribution of total SPL in case II

Fig.12 Distribution of total SPL in case III
From the above prediction results, it can be seen that in case I, the SPL of the high-rise building about 80m
above the ground increases significantly, and the SPL of the higher or lower position decreases significantly.
7
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The high SPL area is more concentrated, and the SPL intensity along the track direction is consistent. The
maximum SPL is about 65.0 dBA, the SPL decreases gradually in the area below 80m, but the attenuation is
not obvious. In case 2, the SPL of the high-rise building about 70 ~ 90m above the ground increases
obviously, and the SPL of the higher or lower position decreases obviously. The high SPL area is wider, and
the SPL of the opening position is higher along the track direction, and the rest decreases slightly. The
maximum SPL is about 58.0 dBA; The SPL is decreased from 70m to 0m, especially in the open area. In
case 3, the SPL of the building above 65m from the ground is slightly higher than that of the area below, but
there is no obvious high noise area, and the position facing the opening is slightly higher than that of other
areas. The maximum SPL is about 54.0 dBA. The SPL is attenuated below 60m, and it is in the low SPL area
along the track direction.
In view of the three working conditions, the frequency is also analyzed. The prediction results of 63Hz,
200Hz, 1000Hz, 2500Hz and 5000Hz under three working conditions are extracted respectively from figures
13 to 15. It can be found that under the three conditions, the contribution of 63Hz is the highest, and the
noise contribution decreases with the increase of frequency. It is special at 2500Hz, and the SPL is higher
than that in the adjacent frequency band.

Fig.13 Multiple frequency prediction results of condition I

Fig.14 Multiple frequency prediction results of case II

Fig.15 Multiple frequency prediction results of case III
8
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4

Conclusions

In this paper, Simcenter 3D Ray Acoustics is used to analyze the noise impact on the surrounding high-rise
buildings when the fully enclosed noise barrier of urban rail transit viaduct adopts different types of openings,
such as normal openings, periodic openings of different sizes, etc., under the condition of a certain opening
area. Through the analysis of the total SPL, 1/3 octave band SPL and the distribution on the building surface,
the following conclusions are obtained.

The opening type has obvious influence on the prediction results. The larger the opening along the line,
the greater the SPL. The larger the size perpendicular to the line direction, the greater the impact on
buildings.

The influence of low frequency is the biggest, and it decreases gradually with the increase of frequency.
Some of the frequencies were abnormal, whether the abnormal frequency is fixed needs further study.

Using 3D simulation method, the optimal design of fully enclosed sound barrier can be better realized.
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Abstract
In computational aeroacoustics for low Mach numbers, the acoustic perturbation equations (APE) allow for a
precise separation between the physical flow quantities and the acoustic quantities. By introducing the acoustic
scalar potential, this set of partial differential equations can be rewritten without any approximations by the
Perturbed Convective Wave Equation (PCWE). This second order partial differential equation in space and
time fits well to be solved by the Finite Element (FE) method. However, one has to take care that the convective
operator, which is non-symmetric, is formulated in such a way that the discrete system preserves non-symmetry.
Otherwise, spurious modes occur, which will strongly disturb the numerical solution and the computation may
even become unstable.
Keywords: Convective wave equation, preserving non-symmetry, finite elements

1

Introduction

The convective wave equation (CWE) describes acoustic wave propagation in flowing media. A systematic
derivation of CWE has been provided in (1) starting at the full set of compressible flow equations and applying
a perturbation ansatz. The final partial differential equation is similar to the standard wave equation, but instead
of the second order partial time derivative it has a second order substantial time derivative. Thereby, it has been
assumed that the medium is slowly varying both with position over distances and over times compared to the
wavelength and representative acoustic period, respectively. For application of this convective wave equation
we refer, e.g., to the simulation of ultrasonic flow meters (2), where the background flow is assumed to be
independent of time.
Recently, in computational aeroacoustics, the reformulation of the acoustic perturbation equations (APE)
leads to the same convective wave operator and the substantial derivative of the incompressible flow pressure as
a source term. This partial differential equation has again the scalar acoustic potential as the search for quantity
and has been named perturbed acoustic wave equation (PCWE) (3; 4; 5; 6; 7)
In our contribution, we show the derivation of a stable FE formulation by applying an appropriate
transformation of the standard FE formulation. Furthermore, we demonstrate by an eigenvalue analysis the
strong reduction of the real part of the eigenvalues, and benchmark the numerical computation by an example
with analytical solution.

2

Finite Element Formulation
We consider the following homogeneous convective wave equation
1 D2 ψ
− ∇ · ∇ψ = 0 ;
c20 Dt2
1

D
∂
=
+ u · ∇.
Dt ∂t

(1)
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It has been derived in (1) for the case of sound in fluids with unsteady inhomogeneous flow as well as in (3)
for modeling aeroacoustics phenomena. In Equation 1, ψ denotes the scalar acoustic potential, c0 the speed
of sound in the medium and u the mean flow velocity (constant in time). In a next step, we derive the weak
formulation. In doing so, we introduce an appropriate test function ϕ, multiply Equation 1 by it and integrate
over the whole computational domain Ω
1
c20

Z

ϕ

Ω

D2 ψ
dx −
Dt2

Z

ϕ ∇ · ∇ψ dx = 0 .

(2)

Ω

Expanding the substantial derivative in Equation 2 results in five terms
Z
Z
Z
 ∂ψ

∂2 ψ
∂
1
1
1
ϕ
ϕ
ϕ u · ∇ ψ dx
dx
+
u
·
∇
dx
+
2
2
2
2
∂t
∂t
∂t
c0
c0
c0
| Ω {z
} | Ω
{z
} | Ω
{z
}
I
IIa
IIb
Z
Z


1
ϕ ∇ · ∇ψ dx = 0 .
+ 2
ϕ u · ∇ u · ∇ ψ dx +
c0
Ω
| Ω
{z
} |
{z
}
III

(3)

IV

The term I is a standard bilinear form and needs no special treatment. However, the terms IIa and IIb are
subjected to the mean flow field, which is not necessarily homogeneous. By exploring the property that the
mean flow u is time-independent, the two terms IIa and IIb in Equation 3 may be combined to
Z
Z
Z
 ∂ψ

 ∂ψ
1
2
∂
dx + 2
dx .
(4)
ϕ u·∇
ϕ u · ∇ ψ dx = 2
ϕ u·∇
∂t
∂t
∂t
c0
c0
Ω

Ω

Ω

As pointed out in (8), the skew symmetry of the operator has to be preserved in the discrete form, in order to
achieve energy conservation and stability. The eigenvalue analysis in Sec. 3 will demonstrate that spurious
modes arise and some of them even with positive real part, so that unstable computations are observed.
Therefore, we split the term Equation 4 in two equal terms and perform an integration by parts to one of
them. In doing so, the integration by parts results in
Z
Z
Z
 ∂ψ
 ∂ψ
 ∂ψ
ϕ u·∇
dx = −
∇ · ϕu
dx +
ϕ u·n
ds
∂t
∂t
∂t
Γ
Ω
Ω
Z
Z

 ∂ψ
∂ψ
= −
u · ∇ ϕ dx +
ϕ u·n
ds .
(5)
∂t
∂t
Γ

Ω

Here, the derivation just holds for the case that u is incompressible or in an FE setting, where u is piecewise
constant for each finite element. Exploring this result, we may rewrite Equation 4 using Equation 5 by
Z
Z
 ∂ψ
 ∂ψ
2
1
ϕ u·∇
dx = 2
ϕ u·∇
dx
2
∂t
∂t
c0
c0
Ω
Ω
Z
Z

 ∂ψ
∂ψ
1
1
u · ∇ ϕ dx + 2
ϕ u·n
ds ,
(6)
− 2
∂t
∂t
c0
c0
Γ

Ω

which will guarantee skew symmetry also in the space discrete form.
The term III is also integrated by parts, and for the same assumption towards the mean flow velocity u as
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before, we arrive at
1
c20

Z

1
c20

ϕ u · ∇ u · ∇ ψ dx =




Ω

Z



∇ u ϕ u · ∇ ψ dx

Ω

1
= − 2
c0
1
+ 2
c0

Z



u · ∇ ϕ u · ∇ ψ dx

Ω
Z



ϕ u · n u · ∇ ψ ds .

Γ

The term IV in Equation 3 is treated as usual and results in
Z
Z
Z
ϕ ∇ · ∇ψ dx = −
∇ϕ · ∇ψ dx +
ϕ n · ∇ψ ds .
Ω

(7)

(8)

Γ

Ω

Collecting all the performed steps, the weak formulation of Equation 1 reads as follows (assuming u · n = 0):
Find ψ ∈ H 1 such that
Z
Z
Z
 ∂ψ

1
1
1
∂2 ψ
∂ψ
u · ∇ ϕ dx
dx − 2
ϕ 2 dx + 2
ϕ u·∇
2
∂t
∂t
∂t
c0
c0
c0
Ω
Ω
ZΩ
Z
Z


1
− 2
u · ∇ ϕ u · ∇ ψ dx −
∇ϕ · ∇ψ dx +
ϕ n · ∇ψ ds = 0
(9)
c0
Ω

Γ

Ω

is fulfilled for all ϕ ∈ H01 .
Applying a standard FE ansatz with appropriate FE basis functions Ni (x)
X
X
ϕ ≈ ϕh =
Ni (x) ϕi (t) ; ψ ≈ ψh =
Nk (x) ψk (t)
i

(10)

k

results in the following semi-discrete Galerkin formulation
h

h

M ψ̈ + C ψ̇ + Kψh = f h .

(11)

In Equation 11 ψh denotes an algebraic vector collecting all the unknowns of the scalar acoustic potential and
h

a dot over a variable denotes the derivative with respect to time, i.e. ∂2 ψh /∂t2 = ψ̈ , and f h the right hand side
according to a given source term or boundary conditions. Furthermore, in Equation 11 M , C, K ∈ Rneq ×
Rneq are the mass, damping and stiffness matrices with neq the number of unknowns. The time discretization
is performed by a classical Newmark method or in order to achieve second order temporal accuracy by the
Hilber–Hughes–Taylor (HHT) method (10).

3

Eigenvalue Analysis

For the investigation of spurious modes, we perform computations for plane waves in a channel of length L
with uniform background flow (see Fig. 1). As boundary conditions, we set ψ(t, x = 0) = 0 and ψ(t, x = L) = 0.
For this case, the convective wave equation Equation 1 may be rewritten as (11)
2
∂2 ψ
∂2 ψ
2
2∂ ψ
+
2Mc
+
(M
−
1)c
= 0.
0
0
∂x∂t
∂t2
∂x2

(12)

In Equation 12 M denotes the Mach number computed by
M=

||u||
.
c0
3
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For the solution, we choose the ansatz
ψ(x, t) = ψ̂ e j(k x−ωt)
with k the the wave number, ω the angular frequency and j the complex unit. Substituting this ansatz into
Equation 12, results in the solution for k by fixed ω

ω M c0 ∓ c0
ω
k1,2 = −
.
(13)
 =−
2
2
2
(M ± 1) c0
M c0 − c0
By considering the boundary conditions, one obtains the following analytical eigenvalues
ωn =

c0 πn
(1 − M 2 ) .
L

(14)

To compute the discrete eigenvalues of Equation 11, we set
ψh = Ψ e st ; s = jω
and substituting it into Equation 11 results in


s2 M + sC + K Ψ = 0 .

(15)

This equation is satisfied by the i-th latent root si , and i-th latent vector Ψ of the λ-matrix problem (12), so that
s2i M Ψi + si CΨi + KΨi = 0 ∀i ∈ 1...neq .

(16)

For the numerical computation, we have computed the matrices by our open source research software openCFS
(13) and then applied Matlab using the function polyeig. The first smallest non zero eigenvalues should
correspond with the frequencies of the one dimensional channel, i.e. λ ' jωn (higher values of λ correspond to
eigenfunctions oscillating in the height H of the channel). Thereby, the discrete eigenvalues can be interpreted
as follows:
– If there are eigenvalues λ, which do not match the analytical ones, we can say that these are spurious
modes.

– If the discrete eigenvalues have a positive real part, the solution becomes unstable.

– Spurious modes with a large negative real part are quickly damped and do not disturb the solution.

Figure 1: Pseudo one dimensional channel with strongly distorted elements.
For the numerical evaluation of the discrete eigenvalues a long and thin channel with a length to width ratio of
20 : 1 is chosen. The channel is discretized with distorted quadrilateral elements as displayed in Fig. 1.
Initially the flow velocity is set to zero, which means that the eigenvalues of the standard wave equation are
computed (no convective terms). All computed discrete eigenvalues are at the imaginary axis, and have zero
real part and coincide with the analytical ones.
4
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In contrast to the stable computations with zero Mach number the situation looks different when a constant
mean flow of Mach numbers 0.1, 0.2, 0.3 is present. In a first step, we use the standard formulation, which
does not utilize an integration of parts by term IIa, IIb. Therefore, the skew symmetry is not preserved at
the discrete level. As demonstrated by Fig. 2 (left plot), a lot of spurious modes are added to the system.
Even more dramatically, spurious modes with large positive real part occur which are responsible for unstable
computations. In a second step, we perform the computation of the advanced formulation, for which an

Figure 2: Discrete eigenvalues for different Mach numbers for standard (left) and enhanced (right)
formulation.
integration of parts is performed for the terms IIa, IIb. Thereby, the skew symmetry is preserved also on
the discrete level. Figure 2 (right plot) displays the computed eigenvalues, and as one can see, the real part of
the eigenvalues have been reduced by several magnitudes, and do not increase with higher Mach numbers.

4

Benchmark
As a benchmark example, a setup introduced in (14) is chosen as depicted in Fig. 3. Actually, this benchmark

Figure 3: Computational setup with plotted initial acoustic scalar potential distribution.
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example (see category 4, problem 1 defined by Reflection of an acoustic pulse off a wall in the presence of a
uniform flow in semi-infinite space) has been setup to investigate numerical solution methods for the linearized
Euler equations (LEE). Thereby, it can be shown that the LEE for this case can be reformulated for the pressure
p by the convective wave equation as formulated in Equation 1 for the scalar acoustic potential ψ. This allows
us to use the analytical solution of the pressure p and interpret it as the analytical solution for the acoustic
scalar potential ψ. For the computation, a uniform background flow of u = (0.3c0 , 0)T is prescribed resulting
in a Mach number of M = 0.3. The computational domain is of size 170 m by 100 m. In doing so, the scalar
acoustic potential and its first order time derivative at t = 0 are given by

x2 +(y+25)2 2
ψ(x, 0) = e ln(2) 25
∂ψ
∂ψ
2xM ln(2)
= −M |t=0 =
e
∂t
∂x
25

(17)
2
2 2
ln(2) x +(y+25)
25



.

(18)

During the pulse propagation, the acoustic pressure is recorded along the monitoring line plotted in Fig. 3. The
domain is discretized by finite elements with basis function of first order and an edge length of approximately
h = 0.5 m and a HHT time stepping scheme is use (the difference to a standard Newmark time stepping scheme
is negligible). According to (14), the analytical solution for the acoustic scalar potential computes by
1
ψ(x, t) =
2α

Z∞


ξ2

e− 4α cos(ξt) J0 (ξη) + J0 (ξζ) ξ dξ .

(19)

0

In Equation 19 J0 denotes the Bessel function of first kind, and the parameters compute by
α =
η =
ζ =

ln(2)
,
q25

(x − Mt)2 + (y − 25)2 ,
q
(x − Mt)2 + (y + 25)2 .

Figure 4: Computed acoustic potential with marked evaluation line.
The acoustic potential distribution at t = 60 s is displayed in Fig. 4. Furthermore, the acoustic scalar
potential ψ is evaluated along the line as shown in Fig. 4 and compared to the analytical solution.
In doing so, we obtain Fig. 5 demonstrating a perfect match between numerical and analytical results for all
investigated Mach numbers. Therefore, the presented approach provides accurate and stable results.
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M=0.1: FEM
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Figure 5: Computed and analytic results for the three Mach numbers along the line as defined in Fig. 4.
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Abstract
The turbulence-airfoil interaction mechanism is a dominant source of turbofan noise. A low-noise design based
on leading edge serrations is proposed and will be tested in a rectilinear cascade configuration. Performances
are assessed by numerical simulations and analytical approach. A first numerical methodology based on
linearized Euler equations coupled with a synthetic turbulence generation process has been investigated. In
this paper, the attention is paid on high-fidelity simulations using the Lattice Boltzmann method with the
ProLB software. It allows to capture the actual turbulent flow on the full cascade rig including the turbulence
grid and to perform direct acoustics, with an easy and fast numerical setup resulting from the combination of
octree meshes and immersed boundary conditions. First simulations are focused on the baseline geometry
which is a major step before trying to assess the noise reduction from the serrated design. Relevant
aerodynamic and acoustic fields are post-processed and discussed through comparisons with RANS solutions
and CAA predictions previously obtained, waiting for test campaign and experimental data.
Keywords: aeroacoustics, lattice Boltzmann method, turbulence-cascade interaction, grid turbulence.

1

Introduction

To design future green aeroengines, additional effort is needed to reduce the tonal and broadband noise
components to comply with tightening regulations. The major contribution behind dominant aeroacoustic
sources is the rotor-stator interaction noise, particularly at approach condition. In this purpose, a European
project InnoSTAT (Innovative stators) has been launched in 2019 in order to investigate promising low noise
designs to be applied to the stator vanes. A laboratory test campaign will be conducted at Ecole Centrale de
Lyon (ECL) facility on a rectilinear cascade impinged by a roughly isotropic turbulent inflow generated by an
adequately shaped turbulence grid. ONERA is contributing to the project by proposing a state-of-the-art
passive treatment based on current leading edge serrations, which concept has intensively been studied in
recent works [1-6]. This design contribution is associated with numerical simulations and analytical predictions
of the expected broadband noise radiation and reduction obtained with the baseline (untreated) and serrated
designs, with a checking of aerodynamic performances too. On the numerical side, a practical alternative to
costly LES methods currently adopted for aeroacoustic computations relies on CAA by solving the linearized
Euler equations [1-3,7]. This propagation simulation related to the disturbance fields, requires a prescribed
convection mean flow obtained from a CFD (RANS or Euler) solver and above all a representative synthetic
turbulent flow to be injected at the entrance of the CAA domain. In previous studies, ONERA has used a
Stochastic Noise Generation and Radiation (SNGR) framework to this end [1-3,7]. In recent years, highfidelity approach based on lattice Boltzmann equations has shown to be a serious competitor. In fact, through
1
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the full immersed boundary conditions (IBC) and octree-mesh resolution, its low dissipative effects and very
fast computing ability allow to simultaneously assess the turbulent flow and direct acoustic field in very
complex configurations. Therefore, contrary to hybrid CAA computations performed on a limited domain and
requiring a synthesized turbulence beforehand, the LBM simulation presented in this paper considers the
overall ECL test rig including the turbulence grid. ONERA computations are performed with the ProLB code,
which has shown to be relevant for similar configurations [8]. In the literature, some numerical studies have
also been conducted using the well-known code Powerflow. One of these studies [4], focused on a realistic
turbofan stage equipped with serrated vanes. However, observed noise reduction was found to be small due to
a non-suited choice of the serration parameters (amplitude-to-wavelength ratio much lower than 1). Teruna et
al. have investigated the rod-airfoil noise [5] along with the effect of both porosity and serrations on noise [6],
achieving a significant reduction on pure tones and broadened tones. The aim of our numerical study relying
on LBM is to highlight the expected noise reduction from serrations designed by ONERA over a relevant
broadband range, while keeping aerodynamic penalties as low as possible. The simulations are restricted to
the approach operating point due to Mach limitation of the numerical scheme (𝑀 < 0.7). In section 2, the test
facility will be described. Model behind the ProLB code, used for the LBM calculations, is briefly presented
in section 3 along with the methodology used for acoustic post-treatments. First computations on a coarse mesh
are then performed and analysed in section 4 mainly to adjust the set-up conditions, in order to assess the target
mass flow. Computations are then extended on a medium mesh so that the properties of the turbulence grid
can be analysed, as well as far-field SPL spectra, these ones being obtained either directly or from an integral
method. Results are then compared to RANS and CAA computations [3]. In last section 5, the numerical setup with the serrated geometry is presented.

2

Experimental set-up

Figure 2 – Top view (sketch) of the test facility.

Figure 1 – 3D view (mesh) of the test facility.

In the framework of the InnoSTAT project, several noise reduction technologies will be evaluated
during a laboratory test campaign. The ECL test facility consists in a rectilinear cascade of seven evenly spaced
NACA7310 airfoils placed in a rectangular test section [9]. The cascade is impinged by a turbulent flow
generated by a turbulence grid placed upstream of the nozzle as illustrated in Fig. 1 and Fig. 2. The nozzle
squeezes the flow to obtain higher mean velocity in the vicinity of the cascade. The dotted half-circle in Fig.
2 represents the far-field microphone antenna located at 𝑟 = 1.88 m from the cascade plane centre. The
parameters used for the LBM computation are summarized in Table 1. The target values are derived from
Safran specifications, roughly adapted from a specific turbofan at approach operating point (OP). Although,
these pre-test values are not definitive, they should remain closed to the final ones. The proposed turbulence
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grid has been previously evaluated in another test rig [10], achieving a turbulent intensity (TI) of 4.5 % and an
integral length scale (𝐿++,+ in Eq.s (2) and (3)) of 9 mm, both quantities probed at 50 cm from the grid.
Table 1 – Parameters used for the LBM computations.
Test-section geometry

-𝐷/ , 𝐷0 2=(56 cm, 56 cm) and -𝐿/ , 𝐿0 2=(56 cm, 20 cm)
𝐷 = 1 cm
𝐸 = 1 cm
L = 4 cm

Turbulence grid

Mean flow
Airfoils – NACA7310

3

Mach (in front of the cascade)

0.34

Chord 𝑐

12 cm

Span 𝐿0
Inter-vane spacing

20 cm

Angles (𝛼< , 𝛽< , 𝜒)

(20°, 34°, 14° )

8.5 cm

Brief overview of the LBM solver

LBM simulations are preformed using the ProLB solver developed in the framework of a French
consortium composed of universities, research institutes and industries (http://www.prolb-cfd.com/). A D3Q19
lattice, illustrated in Fig. 3, is used to compute the distribution function. As for the numerical scheme, a Hybrid
Recursive Regularized approach is used [11]. It includes some corrections to cancel 𝑂(ME ) terms leading to a
more robust code under M=0.7, while remaining athermal. As for the turbulence, a shear-improved
Smagorinsky model [12] is used here. Near solid surfaces defined by means of immersed boundary conditions,
the fluid boundary layer is resolved thanks to an advanced wall log-law which takes into account adverse
pressure gradient and curvature effect. As detailed later in the numerical set-up, direct acoustic computations
are performed and extracted using probes suitably placed in the numerical domain, corresponding to the
microphone antenna to be used during the test campaign (Fig. 2). Wall pressure is also extracted on the vane
skin aiming to perform an indirect computation of the radiated far-field noise, using the in-house tool, MIA
which solves Kirchhoff integral in the frequency domain.

Figure 3 – Illustration of the discrete velocities in a D3Q19 lattice.
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4

Computations performed on the baseline (untreated) geometry

4.1

Coarse mesh set-up and preliminary solutions

First calculations are performed on a coarse mesh in order to check the numerical set-up and to adjust
the input conditions. The global 3D domain mesh is illustrated in Fig. 4, indicating the different grid
resolutions. It consists of 140 million points or 24 million fine equivalent points. The far-field condition is set
to the atmospheric pressure. At the entrance of the domain, a uniform velocity condition is imposed. In this
region, a slip boundary condition is used at the walls of the test section. Then, a solid wall condition is applied
inside the test section as well as on the skin of turbulence grid and vanes. An overall simulation time 𝑇GHI ≈
0.404 s is considered, which is reached after 300,000 timesteps, ensuring a good convergence of the averaged
solution (see Fig. 5). A probe is placed half a chord upstream of the leading edge of the central vane in order
to monitor the mean flow. Few iterations are needed to adjust the input velocity to obtain a value of the Mach
number closed to the targeted one. The evolution of the convergence process is clearly shown in Fig. 5.

Figure 4 – Refinement levels of the coarse mesh.

Figure 5 – Averaged (mean) axial flow velocity, ½
chord upstream of the central leading edge.

Preliminary results obtained from the coarse mesh set-up are a guidance for the definition of the refined (socalled medium in the paper) mesh set-up which is presented in the following section.
4.2
4.2.1

Computations on a “medium” mesh to assess turbulence and acoustics
Medium mesh set-up

Figure 6 – Refinement levels of the “medium” mesh. Figure 7 – Simulation domain in ProLB
Number of points per wavelength for a 6 kHz wavelength.
interface.
Microphones
antenna
is
represented by red dots.
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The near wall mesh must be refined to get an y+ in a range lower than 300, where the wall law is well
defined. This is achieved on the "medium mesh configuration”, for which the smallest mesh size has been
divided by two: ∆MIHN = 0.4 mm, which lead to a mesh of 940 million points or 260 million fine equivalent
points. The calculation is performed on 600,000 iterations and keeping 𝑇GHI ≈ 0.404 s. This set-up should
allow to accurately capture the turbulence characteristics beyond the grid, while ensuring well resolved
acoustic predictions up to at least 6 kHz. Mesh densities are illustrated in Fig. 6. Contrary to the coarse case,
there is no transition in the mesh densities between the grid and the airfoils to avoid possible discontinuities in
the turbulent flow convection. Moreover, an acoustic zone (half sphere) has been added has shown in Fig. 7 to
perform direct acoustic predictions. In first instance, the y+ distribution is checked as illustrated in Fig. 8a and
Fig. 8b. On both grid and vane walls, it is now in the desired range, contrary to the coarse mesh case.

Figure 8a – Averaged (over 100k iterations)
𝑦 Q distribution (level between 0 and 50).

Figure 8b – Averaged (over 100k iterations)
𝑦 Q distribution (level between 0 and 200).

4.2.2 Turbulent flow analyses

Figure 9 – 𝑢′/ velocity field (level between ±10 m/s). Cut Figure 10 – Time evolution of TI, obtained on a
moving interval of width 𝑇GHI /2.
view in the (x,y,z=0) plane.
The evolution of the turbulence beyond the grid, depicted in Fig. 9, is analysed in this section. On this
colormap, the turbulent structures generated by the grid and convected up to the cascade are found to be
homogeneously distributed without noticeable discontinuities nor dissipation effects.

TI =

ZZZZ
X Y + ZZZZ
V1/3 W𝑢
𝑢X YY + ZZZZ
𝑢X YE \
+
𝑈+

and TIH =

VZZZZZ
𝑢X ȧ Y
𝑈+

( 1)

The turbulent intensity (TI) with respective contribution along each direction is obtained from Eq. (1).

5

363

j

𝐿HH,c (𝑿) = e

k

ZZZZZZZZZZZZZZZZZZZZZZZZZZZZZZZZZZZ
𝑢X ȧ (𝑿 − 𝒓𝒌 , 𝑡)𝑢X ȧ (𝑿 + 𝒓𝒌 , 𝑡)
X (𝑿 − 𝒓 , 𝑡 )𝑢 X (𝑿 − 𝒓 , 𝑡)V𝑢
X (𝑿 + 𝒓 , 𝑡)𝑢 X (𝑿 + 𝒓 , 𝑡)
ZZZZZZZZZZZZZZZZZZZZZZZZZZZZZZZZZZZ
ZZZZZZZZZZZZZZZZZZZZZZZZZZZZZZZZZZZ
V𝑢
ȧ
𝒌
ȧ
𝒌
ȧ
𝒌
ȧ
𝒌

𝐿++,+ =

𝑆++ (𝑓 = 0)𝑈+
ZZZZ
XY
2𝑢

d𝑟c

(2)

(3)

+

The integral length scale (𝐿++,+ ), is computed using the autocorrelation function following Eq. (2). This
turbulent length scale is also estimated by using the usual approximation of Eq. (3) related to the PSD (power
spectrum density) of the streamwise velocity component, S11.

Figure 11 – Axial evolution of the TI and integral Figure 12 – PSD of the upwash velocity fluctuations
length scale in the test section. Values obtained on near the LE. Corrected value shifted by a factor
st
the interval [𝑇GHI /2, 𝑇GHI ].
10 log W uvv \. 1 kHz moving averaged applied.
stwxy

The time evolution of the turbulence intensity close to the leading edge is plotted in Fig. 10, showing a very
good convergence from 𝑡 ≈ 0.2 s after a transient period, and a roughly isotropic trend despite an amplification
of the z-component, which might be due to the fact that the contraction of the test section is very strong (ratio
2.8) and only on this z-direction. The spatial evolution of the turbulent properties is plotted in Fig. 11.
Experimental target values at 50 cm from the grid (although obtained on a different set-up [10]), are also
indicated with red symbols. A quite good agreement is observed, regardless the estimation process for TLS
(Eq.s (2) or (3)). This LBM analysis with respect to the turbulence grid properties is then successful. Near
leading edge PSD of the upwash velocity component is compared to CAA calculation [3] in Fig. 12, showing
a small difference in slopes at high frequencies.
4.2.3 Basic aerodynamics and comparisons with RANS

Figure 13 – Mach number fields from LBM and Figure 14 – Wall pressure coefficient from LBM and
RANS [3] computations.
RANS [3] calculations.
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First RANS calculations have been performed on the baseline (untreated) geometry [3]. A one-channel
domain with periodic boundary conditions has been considered. For these computations, angles were slightly
different (𝛼< , 𝛽< , 𝜒) = (24°, 33°, 9°), since the geometry was defined before the final pre-test value (in Table
1) were provided. Fig. 13 illustrates the mean velocity field provided by RANS and LBM computations, where
a small difference appears in the boundary layer near trailing edge (suction side). The pressure coefficient is
plotted in Fig. 14. Although differences which might be link to the difference in angle values appear, results
remain closed between the two methods.
4.2.4 Acoustic analyses and comparisons with CAA
First of all, the RMS (root mean square) wall pressure over the vane surface is discussed. A comparison
is performed with a previous CAA computation [3], which has consisted in a 3-vanes domain with periodic
conditions and a 3D synthetic turbulence based on the Liepmann spectrum model calibrated with slightly
different pre-test values: TI = 5 % and 𝐿++,+ = 8 mm. Fig.s 15 and 16 show the RMS wall pressure on the
vane suction side from the CAA and LBM calculations, respectively. For the CAA, there is no pressure at the
corners of the leading edges because of the windowing of the synthetic turbulence injection [3], and the sources
are only concentrated in the leading-edge region. These leading-edge sources are also clearly visible in the
LBM solution, but intense spots are present near the trailing edge. These additional sources might be linked to
laminar-turbulent transition in the boundary layer in this area (see section 4.2.3) and not present in the CAA
since the mean flow was obtained using an Euler code.

Figure 15 – 𝑝′j~• on vane suction side (levels Figure 16 – 𝑝′j~• on vane suction side (levels
between 0 and 500 Pa) from CAA calculation [3].
between 0 and 500 Pa) from LBM calculation.

Figure 17 – Snapshot of |𝑝X | (0 to 20 Pa) and |𝑢X 0 | (± 4 to ± 6 m/s)
The following analyses are devoted to the radiated sound field. In Fig. 17 a snapshot of the fluctuating pressure
field and turbulent wake downstream of the cascade exhaust can be visualized. The wake generates strong
7
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pressure fluctuations, polluting the direct acoustic extractions and probably the acoustic measurements from
the microphone antenna, so that the exploitable region is restricted to the split arcs plotted in orange. Outside
of the wake region, the acoustic waves radiating in the far-field are clearly visible. Concerning the acoustic
post-processing, the two methodologies previously discussed, relying on the Ffowcs Williams-Hawkings
(FWH) analogy and on direct acoustics, are investigated. First, the reward sound power spectrum is computed
thanks to the integral method (using the code MIA). The unsteady pressure on the vane surface is extracted
and stored throughout the simulation time. Then, a Fourier transform is applied (with ∆𝑓 ≈ 5𝐻𝑧) to provide
the harmonic loadings used as inputs in MIA solving the FWH integral restricted to the loading noise term
(largely dominant contribution). Hence, the radiated sound field is obtained by considering a flow at rest. The
sound power level is computed for probes located at 𝑅…†G = 1.88 m from the centre of the cascade. Two
angular integrations are considered for the microphones: [-90/90°] and [-90/-30°]𝑈[30/90°] (to avoid
hydrodynamic fluctuations in the wake for the direct calculation method as illustrated by Fig. 17). The sound
power radiated downstream is estimated using the approximation already used in [2-3] and written as (with
𝑆‡‡ , the acoustic pressure PSD):
𝑟𝐿
∫Ž 𝜌 𝑐0 𝑆‡‡ d𝜃
k k
PWL = 10 log ‹
” , 𝑊‘’“ = 10•+Y 𝑊
𝑊‘’“

(4)

The convergence of the far-field acoustics is assessed in Fig. 18, where the SPL (sound pressure level) is
probed at one location (q = 90°). Only a small transient time (𝑇GHI = 1/6) is visible. As for the radiated sound
downstream of the cascade, there is a good agreement between the direct and indirect calculations as shown in
Fig. 19, up to 6 kHz where the acoustic waves start to be dissipated by the LBM grid. For comparison purposes
the spectrum issued from the CAA computation has been added [3]. The direct and indirect LBM solutions are
quite close when the wake is excluded from the integral of Eq. (4) and responsible for a strong increase of the
levels in the low and medium frequency range. The grid cut-off is clearly visible beyond 6.5 kHz, which as
expected based on the mesh design explains the slope deviation by comparing with the LBM direct spectrum.
The LBM+FWH spectrum is not far from the CAA solution up to 5 kHz, showing a higher attenuation slope.
These deviations might be attributed to different turbulent inflow characteristics at the leading edge plane in
the CAA and LBM simulations. Noise sources have also been integrated on 50% of chord (suction side) near
the trailing edge (TE) as illustrated on Fig. 19. Even if their contribution is not negligible, they do not represent
the dominant source of noise, as it could have been forecast from Fig. 16.

Figure 18 – SPL level at 𝑟 = 1.88 m and Figure 19 – Downstream radiated power spectra (at
q = 90°, for different sliding periods. A 1 kHz r = 1.88 m). LBM spectra computed on the last period
[𝑇GHI /2, 𝑇GHI ]. A 1 kHz moving averaged has been
moving averaged has been applied.
applied.
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5

Low-noise geometry set-up

The next LBM set-up with serrated vanes (still undergoing) is briefly discussed in this last section. The
low-noise geometry design has been defined accordingly to previous studies [1-3,7] and CFD (RANS) and
CAA calculations have been already performed on this treated case [3]. The leading-edge shape has been
defined based on the turbulence length scale with 𝜆G = 16,7 mm (12 patterns along the span) which matches
approximately four times the transversal length scale (𝐿YY,E = 1/2𝐿++,+ ), for an isotropic turbulence), while
setting the amplitude of the serration so as ℎG /𝜆G = 1. These values are also ensuring a "good-practice"
criterion (ℎG < 0.15c) aiming at limiting the aerodynamic penalties, as mentioned in [1]. The 3D shape has
been obtained from the 2D design (Fig. 20) thanks to an in-house modeller, ersatZ [3]. The 3D geometry of
the 7-vanes cascade with leading edge serrations to be used in the new LBM set-up is shown in Fig. 21.

Figure 20 – 2D geometry of the serrated design.

6

Figure 21 – Rectilinear cascade of NACA7310
airfoils with serrated leading edge.

Conclusion

Numerical simulations with the LBM code ProLB have been performed in order to assess the aeroacoustic
response of a rectilinear cascade impinged by a turbulent inflow generated by a turbulence grid. The LBM
capability allows to consider the complete test facility (at Ecole Centrale de Lyon) in the numerical set-up,
which is the first experimental campaign scheduled in the InnoSTAT project. The present study has been
focused on the baseline case, to be used as a reference before evaluating the acoustic performances of a lownoise treatment (serrated vanes). A first bench of computations has been performed on a coarse mesh to adjust
the adequate input conditions at the entrance of the test section and to match the target values (in terms of flow
angle and Mach number). Then, computations have been conducted on a medium mesh. Turbulence properties
generated by the turbulence grid have been first analysed and favourably compared with available target values
from previous tests, even if the influence of the strong nozzle contraction has been emphasized. A satisfactory
agreement has been obtained when comparing the basic aerodynamics from LBM to the RANS solutions,
although a 4 deg. deviation for stagger angle in the respective set-up (earlier pre-test value adopted in the
RANS) was reported. Finally, acoustic predictions in terms of SPL and PWL spectra have been performed
using both indirect (chaining LBM with FWH analogy to radiate the vane loadings) and direct (LBM sound
field extraction from far-field probes) methodologies, showing a very good agreement up to the expected cutoff frequency (6-7 kHz) of the medium mesh. A comparison with a previous CAA solution has been realized
too. A reasonable agreement has been found, but a stronger attenuation slope is observed in the CAA
prediction, which should be further investigated. Next step will be to launch the LBM simulation of a lownoise geometry designed by ONERA, consisting in a 3D morphing of reference airfoils with suited leadingedge serrations, briefly presented in the last section of the paper.

9

367

Acknowledgements
The presented work was conducted through a collaboration within the CleanSky2 project InnoSTAT
(865007) and has received fundings from European Union’s Horizon 2020 research and innovation program
in the frame of ADEC project of CS2 LPA-IADP.

References
[1] Polacsek, C.; Cader, A.; Buszyk, M.; Barrier, R.; Gea-Aguilera, F.; Posson, H. Aeroacoustic Design and
Broadband Noise Predictions of a Fan Stage with Serrated Outlet Guide Vanes. Physics of Fluids, volume
32, 2020.
[2] Buszyk, M.; Polacsek, C.; Le Garrec, T. Assessment of a CAA methodology for turbulence cascade
interaction noise prediction and reduction from serrated airfoil. e-Forum Acusticum 2020, Lyon, France,
Decembre 7-11, 2020, pp.2961-2968.
[3] Buszyk, M.; Polacsek, C.; Le Garrec, T.; Barrier, R.; Bailly, C. 3D CAA methodology using synthetic
turbulence to assess turbulence-cascade interaction noise emission and reduction from serrated airfoils.
2021 AIAA Aviation Forum, 2021.
[4] Casalino, D.; Avallone, F.; Gonzalez-Martino, I.; Ragni, D. Aeroacoustic study of a wavy stator leading
edge in a realistic fan/OGV stage. Journal of Sound and Vibration, volume 442, 2019.
[5] Teruna, C.; Ragni, D.; Avallone, F.; Casalino, D. A rod-linear cascade model for emulating rotor-stator
interaction noise in turbofans: A numerical study. Aerospace Science and Technology, volume 90, 2019,
pp.275-288.
[6] Teruna, C.; Avallone, F.; Casalino, D.; Ragni, D. Numerical investigation of leading edge noise reduction
on a rod-airfoil configuration using porous materials and serrations. Journal of Sound and Vibration,
volume 494, 2021.
[7] Clair, V.; Polacsek, C.; Le Garrec, T.; Reboul, G.; Gruber, M.; Joseph, P. Experimental and Numerical
Investigation of Turbulence-Airfoil Noise Reduction Using Wavy Edges. AIAA Journal, Vol. 51, 2013,
pp. 2695–2713.
[8] Hainaut, T.; Le Garrec, T.; Polacsek, C.; Mincu, D.; Deck, S. Aerodynamic and Aeroacoustic Numerical
Investigation of an Axial Fan using Lattice Boltzmann Methods. 2018 AIAA/CEAS Aeroacoustics
Conference, Atlanta, Georgia, June 25-29, 2018.
[9] Finez, A.; Jondeau, E.; Roger, M.; Jacob, M., "Experimental Investigation of Trailing-Edge Noise from a
Linear Cascade of Cambered Airfoils". 7th AIAA/CEAS Aeroacoustics Conference, Portland, Oregon, June
5-8, 2011.
[10]
Bampanis, G.; Roger, M.; Ragni, D.; Avallone, F.; Teuna, C. Airfoil-Turbulence Interaction Noise
Source Identification and its Reduction by Means of Leading Edge Serrations. 25th AIAA/CEAS
Aeroacoustics Conference, Delft, The Netherlands, May 20-23, 2019.
[11]
Jacob, J.; Malaspinas, O.; Sagaut, P. A new hybrid recursive regularised Bhatnagar--Gross--Krook
collision model for Lattice Boltzmann method-based large eddy simulation. Journal of Turbulence, 2018,
pp.1-26.
[12]
Lévêque, E.; Toschi, F.; Shao, L.; and Bertoglio; J. P. Shear-improved Smagorinsky model for largeeddy simulation of wall-bounded turbulent flows. Journal of Fluid Mechanics, Vol. 570, 2007, pp. 491–
502.

10

368

Pile driving induced vibrations: prediction based on a time-domain
nonlinear hyperelastic model
Tales Vieira Sofiste1, Luís Godinho1, Pedro Alves Costa2, Delfim Soares3
1

University of Coimbra, ISISE, Department of Civil Engineering, Coimbra, Portugal
{tales.sofiste@uc.pt; lgodinho@dec.uc.pt}
2

University of Porto, CONSTRUCT, Faculty of Engineering, Porto, Portugal
{pacosta@fe.up.pt}

3

Federal University of Juiz de Fora, Department of Structural Engineering, Juiz de Fora, Brazil
{delfim.soares@ufjf.edu.br}

Abstract
Pile driving operation generates considerable disturbance to nearby buildings in terms of noise and vibrations.
This study is focused on ground-borne vibrations, which are difficult to predict and mitigate. Several factors
may influence the propagation pattern and intensity, which may even cause structural damage in extreme cases.
In this sense, the correct prediction of the level of the vibrations prior to the pile driving operation is extremely
important. In this work, an axisymmetric finite element model is implemented in time-domain, considering an
efficient explicit/semi-explicit time marching procedure. The soil is modelled as a nonlinear elastic model,
according to a classical hyperbolic model available in the literature. A numerical application is carried out and
the obtained results are analyzed and compared to previous numerical and experimental studies.
Keywords: pile driving, ground-borne vibrations, finite element method, nonlinear analyses, time domain
simulations.

1

Introduction

Linear analysis of ground-borne vibrations induced by pile driving are reasonably suitable when low
strains are developed in the soil [1,2]. However, this is not the case when real scenarios are analyzed. In this
type of operation, a large amount of energy is transmitted through the soil and considerable strains occur in
the vicinity of the pile. As a consequence, the developed strains in this restricted area surpass the linear elastic
range. In this work, these vibrations are studied considering a nonlinear behavior based on a hyperbolic model.
The classical hyperbolic model proposed by Hardin and Drnevich [3] is employed and compared to previous
numerical studies and field measurements available in the literature [1]. The finite element method (FEM)
[4,5], a widely employed numerical tool, is adopted considering axisymmetric formulation for the
discretization of the soil and pile, and the resulting equation of motion is solved in the time domain.
Time domain simulations stand as an efficient approach to deal with wave propagation problems. In the
case of pile driving, the soil and site conditions may be simulated considering different geometric and physical
properties and, for this reason, it presents technical advantages when compared to classical energy-based
relations [6-8]. As it is well stablished, when implicit [9-10] methods are employed in nonlinear analyses, an
iterative process takes place within each time step, which considerably increases the computational costs. Here,
a semi-explicit/explicit time marching procedure proposed by Soares [11] is applied. The crucial advantage of
this method for the present simulation is that local implicit subdomains may be applied without the need of
iterative processes. Thus, implicit subdomains may be generated in restricted areas of the domain and,
therefore, the problem may be partially solved as implicit and partially as explicit, considerably diminishing
the computational efforts of the solution procedure.
1
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2

Governing equations and time integration scheme

Considering the time domain FEM formulation, the equation of motion for a nonlinear system may be
given by [12]:
𝐌𝐔̈(𝑡) + 𝐂𝐔̇(𝑡) + 𝐏(𝑡) = 𝐅(𝑡),

(1)

where 𝐌 and 𝐂 are the mass and damping matrices, respectively; 𝐔̈(𝑡) and 𝐔̇(𝑡) are the accelerations and
velocities vectors, respectively; and 𝐅(𝑡) is the external forces vector. 𝐏(𝑡) is the internal forces vector and it
is defined as function of 𝐔(𝑡), where 𝐔(𝑡) is the displacement vector. In linear analyses, this vector may be
defined as:
(2)

𝐏(𝑡) = 𝐊𝐔(𝑡),

where 𝐊 stands for the stifness matrix. In this work, since explicit nonlinear analyses are regarded, the
internal forces vector is computed at each time step according to the previously obtained response. The
initial conditions of this system are given by: 𝐔(0) = 𝐔 0 and 𝐔̇(0) = 𝐔̇ 0 (𝐔 0 stands for the initial
displacement vector and 𝐔̇ 0 stands for the initial velocity vector). The equation of motion (Equation 1) is
solved in the time domain taking into account the semi-explicit/explicit time marching procedure proposed by
Soares [11]. This time integration scheme is defined with the same approximations to the time derivatives of
the displacement field as in the standard Central Difference Method (CDM), which are given by:
1
𝐔̈ 𝑛 = Δt2 (𝐔 𝑛+1 − 2𝐔 𝑛 + 𝐔 𝑛−1 ),

𝐔̇ 𝑛 =

1
2Δ𝑡

(𝐔 𝑛+1 − 𝐔 𝑛−1 ),

(3)
(4)

where the superscript “𝑛” indicates the time step of the variable and 𝑡 = 𝑛Δ𝑡. The recursive relation proposed
by Soares [11] is given by:
̅ 𝑒 + 1 Δ𝑡𝐂𝑒 ) 𝐔𝑒𝑛+1 = Δ𝑡 2 (𝐅𝑒𝑛 − 𝐏𝑒𝑛 ) + 𝐌
̅ 𝑒 (2𝐔𝑒𝑛 − 𝐔𝑒𝑛−1 ) + 1 Δ𝑡𝐂𝑒 𝐔𝑒𝑛−1 ,
(𝐌
2
2

(5)

̅𝑒
where the subscript “𝑒” indicates that the variable is locally defined (i.e., it is defined at an element level). 𝐌
̅𝑒 =
stands for the modified local matrix, and the standard Central Difference Method is reproduced when 𝐌
𝐌𝑒 is considered. This modified matrix is defined in order to ensure the stability of the method. As it is well
known, CDM is a classical conditionally stable explicit method, with critical sampling frequency Ω𝑐 = 2.
Thus, the method proposed by Soares [11] is defined so that the mass matrix is locally modified whenever it
is necessary (i.e., when an explicit element is unstable, its local mass matrix is modified and an implicit stable
element is then generated). The modified local matrix is defined as:
̅ 𝑒 = 𝐌𝑒 + Δ𝑡 2 𝑎𝑒 𝐊 𝑒 ,
𝐌

(6)

where 𝑎𝑒 is a local parameter that defines the explicit and implicit subdomains. Thus, the maximum critical
sampling frequency of the element is evaluated and, if it is greater than 2 (unstable element), a proper non-null
value is defined to the parameter 𝑎𝑒 and stability is ensured. This parameter is given by:
if Ω𝑚𝑎𝑥
≤ 2, 𝑎𝑒 = 0,
𝑒
1

1

if Ω𝑚𝑎𝑥
> 2, 𝑎𝑒 = 4 tanh (4 Ω𝑚𝑎𝑥
),
𝑒
𝑒

(7)
(8)
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where Ω𝑚𝑎𝑥
stands for the maximum sampling frequency of the element. Hence, the classical explicit CDM
𝑒
is reproduced whenever the element is stable (Ω𝑚𝑎𝑥
≤ 2) and a novel implicit method arises when the element
𝑒
is unstable (Ω𝑚𝑎𝑥
>
2).
For
simplicity,
in
this
work,
the parameter 𝑎𝑒 regarding the generation of implicit
𝑒
subdomains is considered as:
1
4

if Ω𝑚𝑎𝑥
> 2, 𝑎𝑒 = ,
𝑒

(9)

which allows to enhance the stability of the model. The variable Ω𝑚𝑎𝑥
is given by:
𝑒
Ω𝑚𝑎𝑥
= 𝜔𝑒𝑚𝑎𝑥 Δ𝑡,
𝑒

(10)

where 𝜔𝑒 is the maximum natural frequency of the element, which is calculated as the square root of the
maximum eigenvalue of the locally defined generalized eigenvalue problem [4,5]:
𝐊 𝑒 𝜙𝑒 = 𝜔𝑒2 𝐌𝑒 𝜙𝑒 .

(11)

The innovative time integration scheme proposed by Soares [11] is simple to implement and entirely
automated, since the user must only define the time step of the analysis. Thus, explicit and implicit subdomains
are automatically generated according to the geometrical and physical properties of each finite element. For
further insights regarding this method, see [11].

3

Hyperelastic model

In this work, the classical hyperelastic model proposed by Hardin and Drnevich [3] is adopted. This model
is simple to implement in numerical analyses and is widely used in soil dynamics. The stress-strain relation of
this method is presented in Figure 1.

Figure 1 – Stress-strain relation of the Hardin and Drnevich model.
In terms of the shear modulus reduction factor, the Hardin and Drnevich model is defined as [3]:
𝐺𝑠
𝐺0

=

1
1+

𝛾
𝛾𝑟𝑒𝑓

,

(12)

where 𝐺𝑠 is the secant shear modulus, 𝐺0 is the initial shear modulus (corresponding to linear elastic behavior),
𝛾 is the shear strain and 𝛾𝑟𝑒𝑓 is the reference strain.
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4
4.1

Implemented model
Model dimensions and properties

The parametric study published by Masoumi et al. [1] is reproduced here. Three pile penetration depths
are analyzed: ℎ1 = 2 [𝑚], ℎ2 = 5 [𝑚] and ℎ3 = 10 [𝑚]. The FEM axisymmetric formulation is adopted,
considering linear triangular elements (3 nodes). A sketch of the implemented model for the penetration depth
ℎ3 = 10 [𝑚] is presented in Figure 2.

Figure 2 – Sketch of the numerical model for the penetration depth ℎ3 = 10 [𝑚] considering axisymmetric
formulation.
The model dimensions are: 𝐻𝑠𝑜𝑖𝑙 = 20 [𝑚] (soil depth), 𝐿𝑠𝑜𝑖𝑙 = 40 [𝑚] (soil length). An absorption
layer is also modelled, with 𝑙𝑑𝑎𝑚𝑝 = 5 [𝑚] to damp out reflections on the boundary of the domain and simulate
an infinite medium (the material damping formulation is further explained in Section 4.3). A concrete pile with
circular cross section is adopted with 𝐿𝑝𝑖𝑙𝑒 = 10 [𝑚] (pile length), 𝑑𝑝𝑖𝑙𝑒 = 0.50 [𝑚] (pile diameter), 𝐸𝑝𝑖𝑙𝑒 =
40 𝐺𝑃𝑎 (Young modulus), 𝜈𝑝𝑖𝑙𝑒 = 0.25 [– ] (Poisson ratio) and 𝜌𝑝𝑖𝑙𝑒 = 2500 [𝑘𝑔⁄𝑚3 ] (mass density). The
pile is modeled as linear elastic and two scenarios are considered for the soil behavior: linear and nonlinear
elastic. Soil properties for the implemented scenarios are presented in Table 1. The nonlinear property 𝛾𝑟𝑒𝑓 is
based on “Table 5 – Tests on Leek Creek Silt” presented by Hardin and Drnevich [3]. For the analyzed soil,
the stress-strain relation and the equivalent linear shear modulus reduction are presented in Figure 3.
Table 1 – Studied soil scenarios.
Scenario
Soil behavior
Hyperbolic model
Young modulus
Shear modulus
Poison ratio
Mass density
Model parameters

1
Linear
𝐸𝑠𝑜𝑖𝑙 = 80 [𝑀𝑃𝑎]
𝐺𝑠𝑜𝑖𝑙 = 28.5 𝑀𝑃𝑎]
𝜈𝑠𝑜𝑖𝑙 = 0.40 [−]
𝜌𝑠𝑜𝑖𝑙 = 2000 [𝑘𝑔⁄𝑚3 ]
-

2
Nonlinear
Hardin and Drnevich
𝐸𝑠𝑜𝑖𝑙 = 80 [𝑀𝑃𝑎]
𝐺𝑠𝑜𝑖𝑙 = 28.5 [𝑀𝑃𝑎]
𝜈𝑠𝑜𝑖𝑙 = 0.40 [−]
𝜌𝑠𝑜𝑖𝑙 = 2000 [𝑘𝑔⁄𝑚3 ]
𝛾𝑟𝑒𝑓 = 1.4 × 10−3 [−]
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Figure 3 – Soil properties: (a) Stress-strain relation and (b) Shear modulus reduction with strain.
4.2

Implicit and explicit subdomains decomposition

The finite element mesh adopted in the numerical application is generated in Gmsh [13]. A mesh
refinement is considered in order to obtain a better result near the pile, where the nonlinear behavior is expected
to occur, due to the higher magnitude of the developed strains. A sketch of the mesh refinement for the
penetration depth ℎ3 = 10 [𝑚] is presented in Figure 4 (the hatched area near the pile is considered with
elements twice smaller than the rest).

Figure 4 – Sketch of the adopted mesh refinement (hatched area) for the penetration depth ℎ3 = 10 [𝑚].
The dimensions ℎ𝑟𝑒𝑓 = 3 [𝑚] (from the pile toe) and 𝑑𝑟𝑒𝑓 = 5 [𝑚] (from the pile axis) for the mesh
refinement are also adopted for the penetration depths ℎ1 = 2 [𝑚] and ℎ2 = 5 [𝑚]. Thus, the number of
elements is different according to the penetration depth, as presented in Table 2.
Table 2 – Number of nodes and elements of the adopted meshes.
Penetration depth
ℎ1 = 2 [𝑚]
ℎ2 = 5 [𝑚]
ℎ3 = 10 [𝑚]

Nodes
7230
7674
7952

Elements
14081
14989
15579
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As previously described in Section 2, the method proposed by Soares [11] automatically generate
implicit and explicit subdomains according to the properties of the finite element. Hence, the time-step of the
analysis is selected in a way that the pile and the refined area (see Figure 4) is stablished as an implicit
subdomain, in order to ensure the stability of the model. For this model properties and dimensions, the critical
time-step is Δ𝑡𝑐𝑟𝑖𝑡 = 1.78 × 10−5 [𝑠] for a purely explicit analysis and the adopted time step is Δ𝑡 =
2 × 10−4 [𝑠].
4.3

Material damping approach

The material damping approach adopted in this work is based on a previous study published by the
authors [2]. The pile, computed as an implicit subdomain, is considered as Rayleigh damping:
(13)

𝐂 = 𝛼𝑝𝑖𝑙𝑒 𝐌 + 𝛽𝑝𝑖𝑙𝑒 𝐊,
where 𝛼𝑝𝑖𝑙𝑒 and 𝛽𝑝𝑖𝑙𝑒 are defined as:
𝑗

𝛼𝑝𝑖𝑙𝑒 =

𝑖
2𝜉𝑝𝑖𝑙𝑒 𝜔𝑝𝑖𝑙𝑒
𝜔𝑝𝑖𝑙𝑒
𝑗

𝑖
𝜔𝑝𝑖𝑙𝑒
+𝜔𝑝𝑖𝑙𝑒

𝛽𝑝𝑖𝑙𝑒 =

,

(14)

2𝜉𝑝𝑖𝑙𝑒

(15)

𝑗

𝑖
𝜔𝑝𝑖𝑙𝑒
+𝜔𝑝𝑖𝑙𝑒

𝑗

𝑖
where 𝜔𝑝𝑖𝑙𝑒
and 𝜔𝑝𝑖𝑙𝑒 stand for the control frequencies of the Rayleigh damping and 𝜉𝑝𝑖𝑙𝑒 stand for the
damping ratio of the pile (𝜉𝑝𝑖𝑙𝑒 = 2.5%). These control frequencies are selected as the first and third natural
𝑖
frequencies corresponding to axial vibration modes of the pile, which corresponds to 𝜔𝑝𝑖𝑙𝑒
= 200 [𝐻𝑧] and
𝑗
𝜔𝑝𝑖𝑙𝑒 = 600 [𝐻𝑧]. The material damping approach considered for the soil is different for the implicit and
explicit subdomains. In the implicit domain (refined mesh area) of the soil, the damping matrix is considered
as non-diagonal Rayleigh damping, given by:

(16)

𝐂 = 𝛼𝑠𝑜𝑖𝑙 𝐌 + 𝛽𝑠𝑜𝑖𝑙 𝐊,
where 𝛼𝑠𝑜𝑖𝑙 and 𝛽𝑠𝑜𝑖𝑙 are defined as [2]:
𝑗

𝛼𝑠𝑜𝑖𝑙 =

𝑗

𝑗

𝑖
𝑖
𝑖
2𝜔𝑠𝑜𝑖𝑙
𝜔𝑠𝑜𝑖𝑙 (𝜔𝑠𝑜𝑖𝑙 𝜉𝑠𝑜𝑖𝑙
−𝜔𝑠𝑜𝑖𝑙
𝜉𝑠𝑜𝑖𝑙 )
𝑗

,

2

𝑖
(𝜔𝑠𝑜𝑖𝑙 ) −(𝜔𝑠𝑜𝑖𝑙
)
𝑗

𝛽𝑠𝑜𝑖𝑙 =

2

(17)

𝑗

𝑖
𝑖
2(𝜔𝑠𝑜𝑖𝑙 𝜉𝑠𝑜𝑖𝑙 −𝜔𝑠𝑜𝑖𝑙
𝜉𝑠𝑜𝑖𝑙
)
𝑗

2

,

2

𝑖
(𝜔𝑠𝑜𝑖𝑙 ) −(𝜔𝑠𝑜𝑖𝑙
)

(18)

𝑗

𝑗

𝑖
𝑖
where 𝜔𝑠𝑜𝑖𝑙
and 𝜔𝑠𝑜𝑖𝑙 stand for the control frequencies of the Rayleigh damping and 𝜉𝑠𝑜𝑖𝑙
and 𝜉𝑠𝑜𝑖𝑙 stand for
𝑗
𝑖
𝑖
the selected damping ratios. In this work, it is adopted 𝜔𝑠𝑜𝑖𝑙 = 10 [𝐻𝑧], 𝜔𝑠𝑜𝑖𝑙 = 200 [𝐻𝑧], 𝜉𝑠𝑜𝑖𝑙
= 1% and
𝑗
𝜉𝑠𝑜𝑖𝑙 = 2% (properties extracted from [2]). For the explicit subdomain, the modified local mass proportional
damping proposed by [2] is considered:

𝐂𝑒 = (𝛼𝑠𝑜𝑖𝑙 + 𝛽𝑠𝑜𝑖𝑙 𝜔𝑒𝑚𝑎𝑥 (

𝑗

𝑖
𝜔𝑠𝑜𝑖𝑙
𝜔𝑠𝑜𝑖𝑙
𝑗

𝑖
𝜔𝑠𝑜𝑖𝑙
+𝜔𝑠𝑜𝑖𝑙

)) 𝐌𝑒 ,

(19)

𝑗

𝑖
where 𝛼𝑠𝑜𝑖𝑙 , 𝛽𝑠𝑜𝑖𝑙 , 𝜔𝑠𝑜𝑖𝑙
and 𝜔𝑠𝑜𝑖𝑙 are the same as described in Equations 17 and 18; and 𝜔𝑒𝑚𝑎𝑥 stands for the
maximum natural frequency of the element, defined in Equation 11. For the damping layer, the material
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damping is computed taking into account the Equation 19 and considering an exponential increasing of the
damping ratio up to its exterior boundary. In addition, no numerical damping is adopted in this work, since
stiffness proportional damping is considered and this approach presents strong dissipation of the higher
frequencies.

5
5.1

Numerical application
Hammer impact force

Ground-borne vibrations induced by impact pile driving are studied here. In order to obtain the impact force,
the hammer is considered according to a two degrees of freedom model proposed by Deeks and Randolph [14].
The hammer properties are extracted from Masoumi [1] and two impact scenarios are analyzed: a lower impact
force with transmitted energy of approximately 𝐸𝑡𝑙𝑜𝑤 = 3.4 [𝑘𝐽] and a upper impact force with approximately
𝑢𝑝
𝐸𝑡 = 19.2 [𝑘𝐽]. Thus, for each scenario, a single blow of a BSP-357 hammer impact force (Figure 5) is
applied in the center of the pile head.

Figure 6 – Lower impact force: (a) time domain and (b) frequency domain.
5.2

Results and discussion

Figure 7 presents snapshots for the wave propagation (norm of the displacement), for the penetration
depth ℎ3 = 10 [𝑚] and for the linear and nonlinear analyses, considering the upper impact force. Here, the
damping layers are not depicted in the snapshots, but it may be observed that they are working as expected
(i.e., no spurious reflections are observed). The separation of different types of waves generated are also
observed, since surface waves and body waves present slightly different propagation velocities. In addition, it
is also observed the effect of the nonlinearity in the propagation pattern. The snapshots related to the linear
behavior of the soil (Figure 7(a)) present higher energy than those related to the nonlinear model (Figure 7(b)).
Time history and frequency content for a surface point located at a radial distance 𝑟 = 5 [𝑚] from the
center of the pile, considering a lower impact force, is presented in Figure 8. The effect of the nonlinear
behavior of the soil is smaller when lower impact energies are applied. In fact, a smaller amount of energy
induces a smaller magnitude of the developed strains which leads to a smoother nonlinearity. Still, the
degradation of the shear modulus due to the nonlinear behavior may be observed in the propagation velocity
of the surface waves, even for the lower impact force. As one may observe, results obtained in the nonlinear
analysis present a latter arrival of the wave front.
7
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Figure 7 – Snapshots of the norm of the displacement: (a) linear and (b) nonlinear.

Figure 8 – Vertical velocity for a surface point located at radial distance 𝑟 = 5 [𝑚]: (a) time domain and (b)
frequency domain for penetration depths ℎ1 = 2 [𝑚] (dotted line), ℎ2 = 5 [𝑚] (dashed line) and ℎ3 =
10 [𝑚] (solid line).
8
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In Figure 9 the peak particle envelope for linear and nonlinear analyses are presented. The upper limit
𝑢𝑝
of the envelope corresponds to the upper impact force (𝐸𝑡 = 19.2 [𝑘𝐽]) for the penetration depth ℎ1 = 2 [𝑚].
On the other hand, the lower limit of this envelope corresponds to the lower impact force (𝐸𝑡𝑙𝑜𝑤 = 3.4 [𝑘𝐽])
for the penetration depth ℎ3 = 10 [𝑚]. Here, the effect of the nonlinearity of the soil is clearly observed. For
the case of nonlinear analysis, a considerable amount of energy is internally dissipated. A substantial difference
is shown for higher impact forces since then the developed strains reach higher magnitudes, resulting in a
stronger nonlinear behavior.

Figure 9 – Peak particle velocity envelope.

6

Conclusions

In this work a nonlinear numerical model is developed taking into account an effective time marching
procedure. The adopted scheme allowed to implement implicit and explicit subdomains in the same analysis,
without the need of iterative processes for solving the equation of motion. The obtained results are compared
to previous numerical and field measurements, which are available in the literature. In order to obtain a
comparable reference, a linear model with the same characteristics is also considered. The results demonstrate
that a considerable amount of energy is dissipated due to the nonlinear behavior of the soil. In fact, pile driving
operation induces significant strains in the vicinity of the pile and the adoption of a linear elastic constitutive
behavior is not feasible when higher impact energy is considered. In addition, the results showed that the
greater the impact force, the more energy is dissipated due to the nonlinearity behavior. Finally, important
aspects of the wave propagation are properly observed, such as the influence of the pile penetration depth and
the separation between different types of waves generated during the pile driving operation.
9
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Abstract
Noise attenuation by sonic crystal noise barriers (SCNB) occurs mainly in specific frequency bands (band
gaps), due to a mechanism called Bragg scattering, which is the result of destructive interference between
multiple reflections. To improve their performance, sound-absorbing materials may be used coating the
rigid scatterers, increasing attenuation in other frequency bands. In this work, the Method of Fundamental
Solutions (MFS) is used to evaluate the performance of SCNB with cylinders covered by porous and
granular materials considering two strategies: i) imposing the surface impedance (Zs) of the absorbent
material, at the collocation points of the numerical model; ii) simulating the volume of the absorbent
material using equivalent fluid models for porous or granular materials. The proposed numerical models
were verified and used to analyze the acoustic behavior of SCNB with absorbing scatterers and the
enhancement of their mitigation effect with porous materials.
Keywords: SCNB, MFS, numerical model, equivalent fluid model, surface impedance.

1

Introduction

Acoustic barriers are commonly used when there are buildings that are located near roads and are
exposed to high sound pressure levels. According to Gill [1], Hutchins et al. [2] and Bies and Hansen [3], the
most convenient shape of an acoustic barrier is of the wall type, as it only has diffraction at the top of the
barrier, since its length is considered infinite in relation to its height. The acoustic barriers’ efficiency could
be analysed in terms of Insertion Loss [4].
According to [5, 6, 7, 8], the interest in developing solutions such as sonic crystal barriers has been
increasing for road traffic noise mitigation. In 1995, Martínez-Sala et al. [9] proved that the periodic
distribution of wave disperses in three-dimensional spaces provides sound waves attenuation at specific
frequency bands, forming the so-called acoustic band-gaps.
According to Martins [4], it was observed that the maximum Sound Pressure Levels (SPL) on a
highway occur between 900 and 1000 Hz, making it necessary to seek solutions that can be effective for this
frequency range. Morandi et al. [10], showed that, for the frequency range between 600 and 1000 Hz, in
SCNB with their elements geometrically distributed in a square shape, the increase in the number of columns
in this barrier causes a rise in insertion loss. However, Morandi et al. [10] observed that, after the fourth
column of elements, there is no longer a significant increase in sound attenuation. Godinho et al. [11]
corroborate the idea of "saturation" from the fourth column onwards of sonic crystal elements.
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Besides having a good efficiency when used for the control of road traffic noise, the acoustic sonic
crystal barriers can also be built considering a sustainable feature. Godinho et al. [6] and Amado-Mendes et
al. [7, 8] studied the use of wood logs from forest cleaning operations as elements of acoustic barriers of
sonic crystals.
Despite all the developments in noise barriers in recent years, one interesting way to increase the
performance of these solutions can be the coupling of sound-absorbent materials. In Fujiwara et al. [12], it is
shown that the attenuation caused by the use of absorbent materials in conjunction with acoustic wall-type
barriers can be up to 8 dB.
When a sound-absorbent treatment is required, porous materials can be highlighted. Materials such as
fibres and foams are commonly used in commercial acoustic solutions due to their excellent sound
absorption behaviour at high frequencies. The work of Pereira et al. [13] studied the sound absorptive
behaviour of porous concrete samples made using expanded clay aggregates, and the influence of the grain
size, the thickness, and the water ratio in the sound absorption coefficient. In addition, Pereira et al [14]
presented the Metaporous Concrete concept, where acoustic resonators were embedded in porous concrete
samples. This study was performed using the equivalent-fluid theory to represent each part that composes
this solution in finite element models. The present work aims to propose the use of porous concrete materials
coating the acoustic sonic crystal barriers. Thus, it is necessary to develop capable numerical models to
predict the performance of these noise mitigation solutions.
A challenge in the analysis of sonic crystals is related to its correct, precise and efficient modelling
using numerical techniques. A promising approach using the Boundary Element Method (BEM) was
presented by Karimi et al. [15], implementing what the authors call Periodic BEM to analyse large matrices
of acoustic dispersers periodically distributed. The Finite Element Method (FEM) has also been used, for
example, in defining an engineering approach to the sonic crystal barrier design, using overlapping twodimensional FEM models [16].
In this work, the Method of Fundamental Solutions (MFS) will be applied to predict SCNB covered by
porous materials. The MFS can be found in several works over the past two decades. Noteworthy are the
works of Fairweather et al. [17] and Golberg and Chen [18]. Despite the simplicity of the method, several
works already published indicate that it can provide the calculation of very rigorous solutions for different
types of physical problems.
Considering the problems of SCNB, its approach using the FEM would be very laborious, as it requires
the discretization of the entire domain. In the case of the BEM, it would require a higher computational cost
and the resolution of several integrals along the border. By comparison, MFS does not present these
difficulties, making the modelling process simpler. According to Godinho et al. [19], the 2.5-D MFS was
used with an Adaptive Cross Approach (ACA) to obtain the sound pressure module for two sonic crystal
noise barriers with different heights. In addition to these works, in the papers by Godinho et al. [11] and
Veloso et al. [20] the MFS was also used to solve problems involving sonic crystal noise barriers.
In the remaining part of this article, first, the mathematical formulation of the finite 2-D MFS is
presented, together with the standard fundamental solutions for infinite and semi-infinite acoustic media.
Next the infinite periodic model is then compared with the FEM model and 2-D finite MFS. In the sequence,
the granular porous material is integrated in the MFS model using the Horoshenkov-Swift model and this
model is also compared with the FEM. Finally, a comparison between two strategies to evaluate the
performance of SCNB was done: i) imposing the surface impedance (Zs) of the absorbent material, at the
collocation points of the numerical model; ii) simulating the volume of the absorbent material using
equivalent fluid models for porous or granular materials.

2

Mathematical formulation

In this section, the mathematical formulation for the Method of Fundamental Solutions will be
presented. In addition, the semi phenomenological model proposed by Horoshenkov and Swift, to represent
porous granular materials, will also be described.
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2.1

Method of Fundamental Solutions

Meshless methods have been highly developed in the last two decades and among those that stand out
the most is the Method of Fundamental Solutions (MFS). By definition, and disregarding some exceptions,
meshless methods do not require finite element discretization. Typically, the MFS needs only defined points
along the domain boundary. These methods can use high-order interpolation functions or even use
differential equations to solve the problem, which significantly increases the method's accuracy. Finally,
when the MFS is used, it is not necessary to solve any integral, which sometimes leads to difficulties or
increased calculation times. According to Martins et al. [21], the propagation of sound within a 2-D space
can be mathematically described, in the frequency domain, by the Helmholtz partial differential equation,
(1)

where

is the Laplacian;

is the acoustic pressure;

is the wavenumber of the medium;

is the angular frequency; is the frequency; is the speed of sound propagation in the acoustic
environment; NS is the number of sources in the domain;
is the magnitude of existing sources
located
in
; is a field point located at (x, y); and
is the Dirac's delta generalized function.
The boundary conditions for the problem (considering a generic point in the outline ) are given
by:
,
and
for
, where ,
and
are the Dirichlet,
Neumann and Robin constants, respectively.
Considering that a source point is placed in a generic propagation domain, at
, it is
possible to establish the fundamental solution for the incident sound pressure, for the first order derivative of
pressure and for the normal particle velocity at a point , as suggested by Martins [4], which can be written
as:
(2)
(3)
where: is a type of Green Function,
is a Hankel functions of zero order and second kind,
is a
Hankel functions of first order and second kind and
.
The MFS can be used to calculate the response anywhere in the
frequency domain. According to
the works of Godinho et al [19,11], the solution is obtained with a linear combination of fundamental
solutions, using several virtual sources NVS, with amplitude
(with = 1, ..., NVS). These virtual sources
are placed outside the domain of interest (i.e., in the case of acoustic barriers, inside the elements of the
barrier, since the propagation occurs outside). Thus, the pressure field can be calculated as:
(4)

where
are the unknown amplitudes of the virtual sources, which will be calculated by imposing boundary
conditions and G is the fundamental solution at the point x for the virtual sources located
.
represents an incident pressure field generated by sound sources present within the domain. In many cases,
when the MFS is used, an equal number of placement or collocation points and virtual sources is considered,
resulting in a square equation system (NVS x NVS). A generic domain is illustrated schematically in Figure
1.
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Figure 1 Schematic definition of the collocation points and the virtual sources applied to sonic crystals noise
barriers.
This system of equations is constructed by prescribing, at each collocation point
, along the limits
of the barrier elements, the correct boundary conditions. When this procedure is applied, the following
equations are obtained:
(5)
(6)

Equation (5) describes the case of rigid surfaces, while Equation (6) is employed if absorption is
required to be assigned on the model surfaces. For both cases, a resulting NVS × NVS system of equations
can be written, which allows obtaining the acoustic pressure at any point in the domain, by Equation (4).
2.2

MFS extension for problems with more than one region

The formulation previously described allows the analysis of acoustic problems in which there is a
domain with multiple embedded scatterers. However, the presented formulation does not allow to analyse
some other situations of interest, namely those that correspond to problems with multiple sub-regions or with
open elements with thin walls, instead of scatterers.
Considering the generic scheme of Figure 2, in which the domain is divided into two subdomains
and
, the interface between both also being divided into two parts, one corresponding to the real
boundary and the other corresponding to a virtual interface created only for the purposes of numerical
modelling (thus making it possible to define a contour line of the interior subdomain according to a regular
shape without any edges).

Figure 2 - Schematic definition of the collocation points and the virtual sources applied to sonic crystals
acoustic barriers covered by porous concrete.
4
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Considering Figure 2, it is now required to define two sets of virtual sources, each containing NVS
virtual sources, that will simulate, respectively, the pressure fields in the outer subdomain,
, and in the
inner subdomain, , and that are given by
(7)

where
and
are the amplitudes of each of the sets of virtual sources, initially unknown. To allow the
resolution of this problem, it is also necessary to prescribe the appropriate boundary conditions, along the
real boundary and the virtual interface. In the case of the first, along , those conditions correspond to the
prescription of particle velocity equal to zero in the normal direction to the boundary (imposed either in
or ), while in the second, along , it is necessary to impose the continuity of the pressure field and the
speed field in the normal direction to the virtual border. Thus, considering NC1 collocation points distributed
in , and NC2 collocation points distributed , in such a way that NC1 + NC2 = NS, a system of 2NS
equations is established with 2NS unknowns.
2.3

MFS for infinite periodic system

Herein, the interest is now focused on the analysis of acoustic scattering by infinite sets of elements of
a sonic crystals noise barrier. For this scenario, using the fundamental solution described by Equation (2)
leads to the need to model each of the scatterers (or set of scatterers) using MFS, distributing placement
points and virtual sources associated with each scatterer. To accurately simulate an infinite array, it would be
necessary to consider many scatterersto avoid diffraction effects that should not occur for an infinite array.
According to Godinho et al.[11] it is possible to rewrite Equation (4) that determines the pressure
value at a point x of the domain, using the idea of infinite and periodic MFS. Thus, the pressure at a point x
of the domain is calculated as
(8)

In a similar way as an infinite periodic sound pressure was defined, it is also possible to define the
Green’s function, using the idea of infinite periodicity. Thus, the periodic and infinite Green's function is
given by
(9)
where a is the periodicity constant in the yy direction (distance between centre of scatterers).
2.4

Porous Concrete modelled as equivalent fluid

Porous materials are composed of two phases, one solid (skeleton) and the other fluid. Acoustic
dissipation within porous materials occurs due to the interaction between the solid and the fluid phases [22,
23], being these losses viscous and/or thermal. The interest in developing porous concrete solutions for
external passive noise treatment has increased in the last years because these materials do not require
protection against environmental agents and structural reinforcement.
In porous concrete materials, the granules (aggregates) are usually distributed differently from the
fibres by following a log-normal pore distribution, resulting in smaller porosity and higher tortuosity [13].
The sound absorption coefficient of porous concrete materials depends on the porous size, the sample
thickness and the water-cement ratio.
The Horoshenkov-Swift model considers four macroscopic parameters, namely, the air flow
resistivity, , the open porosity, , the tortuosity,
and the pore size standard deviation, . The fluid
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equivalent properties, the complex density ,
calculated using the following equations:

, and the complex compressibility,

, respectively, can be
(10)
(11)

The term
number, and
approximation as:

is the ratio of specific heats,
is the atmospheric pressure, and
is the Prandtl
is the viscosity correction function, which can be presented in the form of a Padé
(12)

Here,
and

term is a dimensionless parameter,

,

,

. The terms

are pore shape factors defined by the porous geometry. When a circular pore shape is assumed,
, two asymptotic expansion coefficients can be obtained by

and

. The characteristic impedance and the wavenumber of the material are given, respectively, by
and

3

, where

is the complex density,

is the bulk modulus, and

.

Numerical model verification

In this section, the numerical verification of the infinite periodic MFS model is presented against the
finite element method. For this, the configurations of rigid sonic crystal barriers and sonic crystal barriers
covered with porous concrete will be compared. In the case of porous concrete, two approaches will be used:
i) imposing the surface impedance (Zs) of the absorbent material, at the collocation points of the numerical
model; ii) simulating the volume of the absorbent material using granular materials properties.
3.1

Numerical verification of the infinite periodic MFS model considering rigid barriers

The use of the infinite periodic MFS corresponds to a lower computational cost, with this model being
verified by comparison with FEM, which can be expressed in the following matrix form [23, 24]:
(13)
where Q, D and H are, respectively, the matrices of inertia, damping and global acoustic stiffness, q is the
nodal excitation vector and p the acoustic pressure.
The infinite periodic MFS was developed in the context of modelling road traffic noise mitigation
measures. For this, a square geometric distribution is considered, using three columns of scatterers and a
periodicity/distance between the centre of the circular elements of the noise barrier a equal to 17 cm and the
radius of the circular elements equal to 6 cm. The configuration used in the FEM model (which can be seen
in Figure 3) consists of representing only one line (or “slice”) of the elements of the sonic crystal noise
barrier. However, this is only possible considering symmetrical and periodic geometries.
In Figure 3, it can be seen that the FEM model is represented by a rectangular region, where pressure
(in the form of plane waves) is imposed on the left boundary represented by plane waves. Rigid wall
boundary conditions (
) are considered on the upper and lower boundaries of the rectangle, and on the
walls of the circular elements of the barrier, in addition to imposing, at the right end of the rectangular
domain, an impedance condition (
), where
is the air density and
is the sound velocity in the
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air. As for the mesh, triangular elements with a maximum dimension equal to 2 cm is used (a minimum of 8
elements per wavelength is adopted for a frequency of 2kHz).

Figure 3 Configuration used in a FEM model representing the periodic sonic crystal noise barrier with rigid
scatterers.
To evaluate the IL of the sonic crystal noise barrier, two lines of receivers (positioned at 1.2 and 1.4
m from the line source) are used. The result obtained by the FEM is used to verify the result of the infinite
periodic MFS model. The comparison between the results of infinite periodic FEM, the infinite periodic
MFS and the finite MFS can be observed in Figure 4.

Figure 4 - Comparison of IL results for SCNB using the FEM model, infinite periodic MFS and finite MFS.
When analyzing the result presented in Figure 4 it is possible to observe that all approaches (FEM,
infinite periodic MFS and finite MFS) present, in general, a satisfactory representation of the insertion loss
for a sonic crystal noise barrier. With all numerical models it is possible to assess that the bandgap is well
represented, with IL amplitude presenting the same order of magnitude when analyzing the first peak and a
small difference for the second peak.
3.2

Verification of the MFS considering acoustic barriers covered by porous materials

To evaluate the use of porous concrete applied to sonic crystal noise barriers in order to mitigate the
road traffic noise, two numerical approaches are applied in conjunction with the MFS model. These
approaches will represent porous concrete either as a surface impedance condition applied in the collocation
points, or as an equivalent fluid strategy using the Horoshenkov-Swift model to define the complex
properties. In Figure 5, an illustrative scheme is presented of the infinite periodic and multilayer MFS model
used to represent the sonic crystals noise barriers. In this model, the value of the external radius ( ) is set to
6 cm and the thickness of the porous material is modified ( ), and the internal radius ( ) is given by
. Two types of boundaries were considered, the first being rigid and the other with conditions of
continuity of pressure and particle velocity imposed between the
and
domains.
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Figure 5 - Schematic illustration of the MFS model of the SCNB covered by porous concrete.
Herein, the porous concrete is represented by an equivalent fluid, using the equations presented in
Section 2.4. The four macroscopic parameters used to describe the porous concrete made with expanded clay
aggregates were previously obtained in [14], with these parameters being obtained through an inversion
technique, except the open porosity, that was experimentally characterized. These parameters are presented
in Table 1.
Table 1 Macroscopic parameters obtained for the porous concrete samples.
Airflow resistivity

Open porosity

Tortuosity

Standard deviation
of the pore size

M2
3896.06
0.46
1.89
0.25
M3
7171.53
0.36
2.73
0.41
After obtaining the macroscopic parameters, the M2 mixture is used to cover the sonic crystal noise
barriers elements and this configuration is simulated using the infinite periodic MFS model, as illustrated in
Figure 5. This model is verified using the FEM model as in the previous section. In addition, the infinite
periodic MFS with the Zs imposed in the collocation points to represent the effect of porous concrete was
also the verified, which was done by comparing with the FEM model results and an identical configuration.
The only difference between the FEM model presented in Figure 3 and the FEM with porous
concrete is that, in the last one, a region with thickness ( ) with greater discretization was created where the
equivalent fluid properties, obtained through the Horoshenkov-Swift model, were ascribed (similarly to
Figure 5) and the obtained results can be seen in Figure 6.

B

A

Figure 6 Comparison of IL results for the absorbing SCNB using two approaches: (A) modelling the porous
concrete as an equivalent fluid; and (B) imposing Zs of the porous concrete, at the collocation points.
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Figure 6 shows the comparison of the results of the insertion loss of sonic crystal noise barriers using
the infinite periodic MFS model and the FEM model. In this figure, it is possible to observe that both models
have the same aspect throughout the analysed frequency spectrum although different approaches are
followed; in addition, the bandgap is well represented in both approaches. Thus, it is possible to conclude
that the infinite periodic MFS model has been satisfactorily verified.

4

Comparison of approaches using Zs and equivalent fluids

After the verification of the MFS model using equivalent fluids and surface impedance (Zs) to represent
the porous concrete, it was decided to compare the two approaches using the M3 mixture of porous concrete
with the properties presented in Table 1. The result of the comparison between these two approaches can be
seen in Figure 7.

Figure 7 - Comparison of IL results for the SCNB covered by porous concrete using Zs and fluid equivalent
model.
In Figure 7, the comparison of IL results for SCNB covered with porous concrete is presented
making use of two approaches: i) prescription of the surface impedance (Zs) of the absorbent material, at the
collocation points of the numerical model; ii) simulation of the volume of the absorbent material using
granular materials. Analysing the results of Figure 7 it is possible to observe that, in the cases where Zs was
used, a much larger IL was obtained than in the cases where the porous concrete was modelled as an
equivalent fluid.
Furthermore, in all cases where Zs is used, the result of IL is greater along the entire frequency
spectrum when compared to rigid SCNB. When comparing the IL for rigid SCNB with the SCNB covered
by porous concrete modelled by equivalent fluid, it can be seen that the rigid barrier presents a higher IL in
the bandgap and the SCNB with absorbent material has a higher IL right after the bandgap. Finally, it is
possible to observe that, for both approaches, the bandgap is slightly shifted to lower frequencies.

5

Conclusions

In this work, the authors present the comparison of two numerical approaches, using the MFS, capable
of simulating the IL of SCNB covered by sound absorbent porous concrete. First, to use these approaches, a
verification of the MFS models was achieved by comparing with FEM was performed. With the verification
of the numerical models, a good correlation between the MFS and FEM it was possible to observe along the
entire frequency spectrum, and the bandgap was well represented in both models.
Finally, a comparison was made of the use of Zs and equivalent fluids to represent the effects of SCNB
coated porous concrete. In these results, it was possible to observe that when using Zs there is an IL several
9
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times greater than when using the equivalent fluid model, however, it is believed that the results obtained
through the prescription of Zs in a set of collocation points are unrealistic. On the other hand, the results
obtained through the equivalent fluid model are quite consistent, as a decrease in the magnitude of the
bandgap can be seen depending on the thickness of material used, as it is believed that the use of these
materials interfere with the Bragg effect, however, with the use of porous concrete, an increase in IL is
observed right after the bandgap.
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Abstract
The prediction of environmental noise barrier insertion loss (IL) is commonly undertaken from widely
available empirical methods derived from measurements and geometrical acoustic approximations. During
detailed design, the accuracy of these methods is limited when assessing the performance of non-conventional
noise barriers or the sound absorption requirements. This article presents a methodology to optimise and
improve confidence in the detailed design of railway noise barriers using a simplified numerical method. The
numerical method is based on a two-dimensional hybrid finite element and boundary element analysis. It
assumes an infinitely long train with pre-defined rolling, body aerodynamic and pantograph sound sources.
The numerical model quantifies the effect of various parameters upon the barrier IL including material
properties; area and location of sound absorbing materials; diffraction over the barrier top; and analysis of
energy build-up between train and barrier. The outcome of this study can be extended to other transportation
applications when designing non-conventional environmental noise barriers.
Keywords: environmental noise barriers, finite element method, boundary element method, numerical
techniques.

1. Introduction
The design and implementation of environmental noise barriers is an essential part of any large transportation
project. Through the detailed design of projects such as railways or highways, it is essential to consider and
control their impacts upon the environment. Noise emission is an important aspect to assess as it has the
potential to give rise to significant adverse effects upon sensitive receptors such as residential dwellings and
communities. Where mitigation is required to eliminate or minimise such significant effects, environmental
noise barriers are a common solution to provide screening between the source and receiver.
Environmental noise barriers may be difficult to implement, especially in places where there is not sufficient
space to erect the barrier, or where the barrier could itself result in other environmental impacts (e.g. landscape
and visual impacts) or health and safety concerns. These barriers can also be expensive to construct and
maintain, hence it is imperative that the design of such barriers must be carefully considered.
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There are several standard and well-established methods to predict the insertion loss (IL)1 of a noise barrier.
These methods are generally based upon empirical approximations e.g. geometrical acoustics and
complemented with measurements of existing barriers. These standard methods are robust and useful at early
stages of a project for a high-level assessment. However, for detailed design stages, the standard methods are
limited in accuracy. These standard methods do not easily account for detailed parameters including:
• specific geometry of barriers (e.g. cranked tops, barrier slant);
• characteristics of any sound absorption;
• location of absorption ( e.g. on different parts of the barrier to target different sources);
• energy build-up between source and barrier to consider reflections back and forth between the body
of the source, the ground and the barrier; or
• diffraction effects over the barrier.
To assess the IL performance of non-conventionnel noise barriers, a mock-up is often built and tested,
increasing significantly the design cost.
This article presents a methodology developed to build a hybrid numerical model to predict IL, when the
parameters listed above are considered.
The numerical model built in COMSOL Multiphysics© uses a combination of Finite Element Analysis (FEA)
and Boundary Element Analysis (BEA) to model the propagation of acoustic energy emitted by a vehicle, from
its dominant noise sources. The model accounts for the interaction of the acoustic waves between sources and
receptors and allows a calculation of barrier IL at any point in space as a function of sound frequency.
The numerical model allows a quantifiable assessment of different configurations in terms of barrier geometry
to minimise noise and visual impact. Moreover, the numerical model enables a study of the benefits that arise
from the quantity and location of sound absorbing materials so that these can be optimised. The numerical
model helps improve the environmental barrier design which effectively reduces the quantity of materials used,
improves its cost effectiveness and reduces maintenance requirements without adversely affecting the IL
performance.

2. State of the art
The prediction of noise barrier performance is a widely studied subject and the literature available is extensive.
The standard ISO9613.2 [1] describes a method to calculate IL from screening obstacles using the Fresnel
number approximation which belongs to geometrical acoustics. The Maekawa [2] and Degout [3] methods are
also based upon the same principles with additional corrections to enhance accuracy. The Calculation of Road
Traffic Noise (CRTN) [4], developed in the United Kingdom, presents a simple method to predict screening
correction based on path difference and on whether the receptor is the shadow zone or the illuminated zone.
The study of the benefit of changing barrier top geometries and implementing absorbing materials in
environmental barriers has also been studied before. K. Attenborough [5] presents an extensive list of
references and examples used to predict the performance of outdoor noise barriers. Ishizuka and Fujiwara [6]
present a summary of a BEM analysis of various barrier tops and conclude that the improvement of the barrier
IL in broadband could be around 4-5dB.
A study undertaken by A.L’Espérance, J.Nicolas and G.A.Daigle [7] based on laboratory data found that the
improvement of absorbing barriers would range between 3 and 5dB, depending on the location of the barrier
and the location of absorption. A similar comparison carried out by P.A.Morgan [8] concluded that the IL of

1

Insertion loss (IL) is defined as the noise reduction provided by a barrier compared to the free field scenario.
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a rigid screen would improve by 6 to 10dB. This article also refers to the Train Noise Prediction Method
(TNPM) developed for the Channel Tunnel Rail Link [9].
The studies presented in this section, have been used to benchmark the FEM-BEM model built to assess and
optimise the design of railway barriers.

3. Modelling

3.1 Benchmarking of numerical predictions
The first step was to setup a simple numerical model to compare against some of the most widely used IL
standard prediction methods.
The numerical method is a hybrid combination of Finite Element Method (FEM) and Boundary Element
Method (BEM). A monopole, as a simple noise source, is modelled within a FEM environment. The
propagation of energy however, is more efficiently modelled within a BEM environment as it is necessary to
calculate the sound pressure at various locations a distance away from the source. The COMSOL multi-physics
coupling between FEM and BEM allowed the model to work efficiently and hence the reason the model is
called a hybrid FEM-BEM.
When comparing different methods to each other, it is important to have a clear understanding of their
assumptions and boundary conditions. To ensure the comparison was like-to-like, the FEM-BEM model
emulates the standard methods by recreating the same source-receiver geometry (to have the same path
difference) and by solving a simple monopole in the air with no complex impedance-ground interaction. This
is done by creating a ‘cliff’ configuration (or can be thought of as an infinitely vertically long barrier) as shown
in Figure 1a.

Figure 1 (a) Simple model built in FEM-BEM to allow comparison to standard methods and (b) results as
function of frequency
The FEM-BEM model is solved for single frequencies and predicts a narrowband IL (continuous black lines
in Figure 1b). The model was solved for 10 logarithmically equally spaced frequencies per octave band. The
narrowband IL predictions were then converted to obtain an octave band IL spectrum (black bars in Figure
1b). This octave band spectrum is compared against the standard methods in Figure 1b, which shows that the
results are in good agreement and gives confidence in the numerical model.
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A mesh analysis was also undertaken to ensure there was a sufficient number of degrees of freedom without
deviation in the results.
3.2 Railway model assumptions
Undertaking a detailed numerical prediction of a railway’s infrastructure would result in significant computing
cost due to its complexities (e.g. geometry, frequency range, moving sources, incoherent sources). The main
aim of the model is to assess the relative performance of various barrier configurations rather than predicting
accurately the overall noise level at nearby receivers. To maintain the robustness and flexibility (and computing
time efficiency) of the model, the following assumptions have been made,
• The computation domain is reduced to a two-dimensional model (infinitely long geometry in the zaxis).
• The geometry of the train and rail corridor is simplified (refer to section 3.3). The train body is included
to consider wave reflection effects but the train itself remains static:
o The aerodynamic effects due to the air movement within the rail corridor are ignored;
o The noise sources are pre-defined at specific locations of the train section (see section 3.4).
• The airborne transmission through the barrier itself or the structure-borne noise generated by the
barrier vibration are assumed to be negligible.
• As described in section 3.1, the ground between barrier and receiver side is not modelled (“cliff” model
approach).
• Hard boundary conditions (i.e. fully acoustic reflective) have been set on all surfaces except on the
internal side of the barrier. For this boundary, different impedance conditions have been set to consider
sound absorbing materials (see section 3.5).
3.3 Railway geometry
To limit the computational time of the model, the geometries of both the rail corridor and train body have been
simplified. The rail corridor is assumed to be a flat slab with the rail slightly elevated. Details such as drainage
trench and overhead catenary have been removed. The simplified cross-section is shown in Figure 2. Torsion
beams are often required to ensure the stability and resilience of the barrier. The modelled barrier includes the
torsion beam which presents a reflective surface close to the rolling noise source.

Figure 2 Geometry, sound sources and simplified cross-section of a train and the location and relative
amplitude of sound sources2
2

TOR stands for Top Of Rail (TOR)
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3.4 Source definition
Noise sources of a train pass-by are generally categorised into 5 different sources (e.g. Marshal et al [10]):
• Rolling noise: generated by the wheel and rail interaction;
• Body aerodynamic noise: generated by airflow interacting with the discontinuities of the lower region
of the train body;
• Engine noise: generated by the propulsion and ancillary systems;
• Raised pantograph noise: generated from airflow around the pantograph used in overhead power lines;
• Pantograph well noise: generated by the upper part of the train where the recessed pantograph lays.
This paper presents the results predicted for a typical high-speed train traveling at 320km/h. At this speed the
engine noise contribution compared to the other noise sources is assumed to be negligible. The engine noise
sources are therefore not included in the model to improve computation time. Similarly, because a 2D model
is proposed, the pantograph well source has also not been included to avoid a super-position of the raised and
recessed pantograph sources.
The location and relative contribution of the three remaining noise sources has been defined as presented in
Figure 2 and described in [10].
The sources are modelled independent from each other so that the energy addition is done incoherently with
no dependency on wave phase.
The rolling and aerodynamic noise sources are modelled as simple monopoles. The pantograph noise sources
have been modelled as two monopoles, vertically distributed to provide a dipole-like directivity pattern. Only
the directivity of the pantograph has been considered since this is the only source located above the barrier top
and its contribution might become dominant at nearby receivers after the noise barrier is introduced.
The two pantograph monopoles have been calibrated to ensure the resultant directivity is in good agreement
with the directivity measured by Jaume et al [11] as shown in Figure 3.

Figure 3 Pantograph directivity at 320km/h - green solid line shows the measured directivity and red solid
lines shows predicted directivity
For each source, a typical spectrum has been set based on available published data and Arup’s extensive
measurement database.
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3.5 Absorption model
The reflective surface of the train body will play an important role in the energy build-up between source and
barrier, which will impact the noise diffraction over the barrier and propagation to receptors. The energy buildup between source and barrier also will influence where it is best to place absorption.
For the body of the train and the barrier, the boundary conditions are set as a sound hard boundary where all
energy is perfectly reflected. Having a sound hard boundary in a FEM-BEM model will create ‘perfect
reflections’ which consequently will generate pronounced constructive and destructive interference at some
point in space. This comb filter effect, which does take place in practice to some extent, may make the IL
prediction vary significantly between adjacent frequencies. It is not possible to easily eliminate this effect in
the FEM-BEM model unless a complex expression for impedance is developed. This however, will increase
the calculation time and was therefore not considered in this study.
There are numerous ways in which the boundary condition of the absorptive barrier could be defined. The
most common ones are assuming a porous layer; a ‘characteristic specific impedance’; and an impedance
condition dependent on absorption coefficient. The porous layer boundary condition sets the barrier as a
poroacoustic model which is defined from material properties such as flow resistivity or porosity. The wellknown Delany-Bazley [12] approach (with the Miki [13] modification) could be implemented to solve the
differential equations at the boundary. The definition of absorption based upon the ‘characteristic specific
impedance’ allows the boundary to be defined as a complex impedance function – several methods are
presented in Cox and d’Antonio [14]).
However, the most common way to define and quantify an absorptive material is to use the absorption
coefficient α. This approach assumes incoming plane waves, which may not be ideal for the noise sources that
represent a train, but there is more availability and certainty on absorption coefficients than the other material
properties such as flow resistivity or porosity.
For the FEM-BEM model the boundary condition of the absorptive barrier is defined is defined as:
1+𝑅

𝑍𝑖 = 𝑝𝑐 𝑐𝑐 1−𝑅

(1)

𝑅 = 𝑒 𝑖𝜃 √1 − 𝑎𝑛

(2)

Where pc and cc are the density of air and the speed of sound respectively. Theta 𝜃 is the acoustic wave phase
which is assumed to be zero for simplicity as waves are assumed to be incoming plane waves. Alpha 𝑎 is the
absorption coefficient which is a function of frequency and can normally be provided by manufacturers.
3.6 Model output
The performance of a noise barrier is quantified through its IL value. This value is obtained by subtracting the
overall predicted sound pressure levels at a receiver point with and without the barrier. The sound pressure
level of each source is derived from the narrowband numerical results by converting them first into broadband
spectra and by applying the A-weighting filter. The overall sound pressure levels are obtained by summing the
derived A-weighted sound pressure levels of the three sources.
Insertion loss of a noise barrier is also associated with a path difference value between the source and receiver,
such as:
=a+b-c

(3)
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Where  is the path difference, a is the distance between source and top of the barrier, b is the distance between
the top of the barrier and receiver, and c is the distance between the source and receptor.
The numerical model assumed three sources located at different positions along the train cross-section: for the
same receiver location, different path differences can be associated with each source. However, when
comparing with IL measurements, a single path difference is defined for a train passage by assuming a source
located at 0.5m above the rail as done for the TNPM [9].

4. Results

4.1 TNPM curve
Standard methods do not easily quantify the effect of the train body as they are generally based on a single ray
analysis. For the validation of the body train, the model result was compared to an empirical method based on
site measurements of various barriers. The empirical method extrapolates the site IL measurements to allow a
prediction of IL as a function of path difference for an average train. The empirical method also considers
whether the barrier is reflective or absorptive.
Figure 4 below, shows that the results of the FEM-BEM model are comparable to that of the empirical method
[9]. The results are not expected to be identical, as the empirical method measured various train and barriers,
different to the modelled geometry in the FEM-BEM model.
Since the prediction of a barrier IL is dependent upon the location the source, barrier and receiver, a more
efficient way to use the FEM-BEM model is to predict IL to a grid and then extrapolate the results to find a
trend curve which defines IL as function of path difference. The FEM-BEM model is therefore solved for a
grid on the receptor side as shown in Figure 6. The grid ranges from 0m to 8m on the x-axis and from 0m to
10m in the y-axis and contains 100x100 points.
The results presented in Figure 4 show that the boundary condition defined from the absorption coefficient
gives comparable results to the empirical method [9]. Upon close inspection of Figure 5 and Figure 6, it can
be seen that absorption reduces the sound pressure level within the rail corridor (between train and barrier) and
it consequently increases the IL on the receptor side.
4.1 Results at receiver
The FEM-BEM model was used by the design team to undertake a relatively large number of iterations and
parametric studies to quantify and inform the best barrier geometry and the most efficient location for
absorption.
For the train and barrier geometry assessed in this study, it was found that the height of the barrier relative to
the height of the reflecting train body is an important parameter to consider when developing barrier design –
regardless of the position of the actual noise sources. This is because the sound pressure level formed within
the rail corridor (as a result of the energy reflection back-and-forth from train to barrier) impacts the energy
diffraction over the barrier as shown in Figure 7. For the assessed receptor, which was within the acoustic
shadow zone, if the barrier is taller than the train then the effect of having absorption would improve by only
1-2dB(A), but if the barrier height is less than the train then the benefit of having absorption is 2-4dB(A).
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Figure 4 Results of FEM-BEM model compared to empirical methods for a reflective and an absorptive
barrier

Figure 5 Sound pressure level prediction of the FEM-BEM model for a simple reflective barrier (left) and an
absorptive barrier (right)

Figure 6 IL prediction of the FEM-BEM model for a finite grid for a simple reflective barrier (left) and an
absorptive barrier (right)

Figure 7 Illustration of energy built up within rail corridor. Barrier shorter than train (left)
and barrier about the same height as train (right). Illustration only for body aerodynamic and
rolling noise
8
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Table 1 shows the results of various BEM-FEM models calculated at the receptor which was most exposed to
the railway. This exercise is done with one path difference only to allow a direct comparison between the
barrier designs.
As shown in the table, absorption does not make a significant improvement when the barrier is higher than the
train. This is because at the assessed receptor, the body of the train is not reflecting energy out to the receptor
as it is screened already by the barrier (illustrated in Figure 7).
The results are different when the height of the barrier is less than the train height as illustrated in the left image
of Figure 9 and presented in the table below. The added absorption could mitigate train noise by almost 3dB
at the receptor. If the barrier is brought about 1m closer to the train, the effect of absorption is even more
evident. It can also be concluded that the most effective location for the absorption is towards the bottom of
the barrier as this is where the noisiest sources are.
Table 1 BEM-FEM full model results at receptor within shadow zone
FEM-BEM model

IL
improvement
Barrier higher than train
0% Absorptive barrier
50 % Top of absorptive barrier
+0.2dB
50% Bottom of absorptive barrier
+1.3dB
100% Absorptive barrier
+1.4dB
Train higher than barrier
0% Absorptive barrier
50 % Top of absorptive barrier
+1.1dB
100% Absorptive barrier
+2.7dB
Train higher than barrier – 1m closer to train
0% Absorptive barrier
50% Bottom of absorptive barrier
+0.7dB
50 % Top of absorptive barrier
+2.9dB
100% Absorptive barrier
+3.5dB

5. Conclusion
A FEM-BEM model has been built to optimise the detailed design of railway noise barriers. The FEM-BEM
model allows quantification of parameters which are not easily defined with standard methods, including
geometry of train, absorption location, energy build-up within rail corridor and diffraction over the barrier top.
The model has been tested and compared with the most widely used standard prediction methods. The results
of IL prediction are in good agreement with standard methods, which increases confidence in the model. The
FEM-BEM model also allows the results of IL prediction to be presented as function of path difference and
this on its own allows the model to be tested in multiple ways.
The train noise sources are modelled as a combination of monopoles and dipoles and these are placed on the
relevant train location and are individually calibrated using measurements and relevant literature.
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The model included parameters such as height of the barrier relative to train height, shape of train body,
distance between train and barrier and location of receptor. The model also allowed the investigation of the
absorbing material as this was defined from its absorption coefficient. The FEM-BEM model was successfully
used to advise on the optimal position on the barrier for absorption to be installed.
The FEM-BEM shows the capabilities of using numerical modelling to undertake a large number of parametric
studies to advise on the detail design of a railway noise barrier.
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Abstract
In this work, vibrations of complex structures excited by an impact source are modelled using the time domain
nodal discontinuous Galerkin (DG) method, which solves linear elasticity equations. Two structures of interest,
a T-shaped structure and a scaled lightweight wooden floor (LWF), are taken as example cases. Both structures
consist of components that differ in their mechanical properties. Rankine-Hugoniot jump conditions for piecewise constant material properties are used to obtain accurate numerical fluxes in the DG method. Free or fixed
boundary conditions are imposed on the surfaces of the structures. Furthermore, constant viscous damping
forces are added to the model to create vibrational energy losses of the structure. To validate the numerical
results, the mobility of the structures is calculated and compared with experimental data. The agreement is
good regarding the natural frequencies, with a maximum difference of less than 4 % for the T-shaped structure
in the range below 500 Hz, and 6.4 % for the scaled LWF in the range below 300 Hz. The adopted damping
approach is shown to be insufficient to represent a broad frequency range.
Keywords: discontinuous Galerkin, vibration, linear elasticity, wooden structures.

1

Introduction

Due to the increasing focus on sustainability issues with conventional concrete-based construction methods,
wood-based building methods have steadily gained more ground. However, these wooden building methods
suffer from poor sound insulation in the low-frequency range due to the low weight of building components.
Structural motions induced by human activity or mechanical systems can excite vibrations in structures. These
vibrations transmit through the building elements and subsequently radiate low-frequency noise that causes
disturbance to the occupants of the building.
Two common structures found in wooden-based buildings are T-shaped structures or lightweight wooden
floors (LWF). To limit the noise and vibration levels transmitted through such structures, it is important to
accurately predict the level of vibration in the structures. One of the vibration models of the T-shaped structure
was developed in Ref. [14] using the plate theory, considering both out-of-plane and in-plane vibrations.
Some models have been developed to predict the LWF vibration field utilising Kirchhoff plate and Euler beam
vibration theories. These models were solved using the modal expansion method, as shown in Ref. [2]. A
recent review [5] showed that the LWF vibration model can be refined using the more general plate and beam
vibration models, such as Mindlin plate and Timoshenko beam theories. The analytical solutions of these
methods, however, are only possible for specific geometries, boundary conditions, and homogeneity of material
properties. To determine the transmission of vibration through complex systems, energy-based methods or
wave-based methods are commonly used. [3, 4].
The energy-based methods include statistical energy analysis (SEA), which is mainly used at high
frequencies where the vibration modal density is high. This method has been applied successfully to analyse
vibration transmission of coupled masonry and concrete walls [7]. These approaches are often preferable
1
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since they provide a quick solution or when the detailed information on the structure is not demanded, e.g.,
octave band analysis. However, energy-based methods fail in the low-frequency region, which is important for
vibration problems in building acoustics applications. Measurement results have shown that the impact sound
levels of an LWF structure are dominant below 100 Hz [9].
Wave-based methods are numerical methods that solve the governing equations that describe structural
vibration, and this category is usually used for the low-frequency range. There are several wave-based
numerical methods used to predict the vibration field of building elements, such as the finite element method
(FEM) [8], the finite difference time domain (FDTD) method [13], the spectral finite element method (SFEM)
[12], and the discontinuous Galerkin (DG) method [16]. Among these methods, the DG method is a relatively
new method adapted to the vibration problem. This method has certain advantages compared to the other
wave-based methods. For example, it can represent the problem domain using unstructured mesh elements
to easily deal with a complex domain, and it allows refinement of the solution by increasing the polynomial
order or element number. Another advantage is that the DG method solves the governing equations using
an element-wise formulation. Therefore, it provides a framework well suited for parallel computation. This
allows for significantly accelerated calculations [11]. This method has been extensively studied for application
in another area of applied physics as seismology [19]. However, its application to structural vibration is still in
its infancy. So far, the DG method has been applied to a forced vibration problem of a concrete slab and an
L-shaped structure [16]. However, this application was limited to homogeneous material properties.
In this work, the time domain nodal DG method is applied to the vibration of the T-shaped and LWF
structures that have components with different material properties. This study aims to apply the nodal DG
method to the vibration problem of solid structures with piece-wise constant material properties. The proposed
model is based on a 3-D solid domain, while other methods usually propose vibration models in reduced
dimensions such as beams and plates [5]. Mobilities of the structures are determined using DG and compared
with experimental results. The paper is organised as follows. Section 2 describes the computation methodology
of the nodal DG method. Section 3 shows the details of the case studies along with their excitation and
receivers locations. The measurement set-up for validating the result is shown in section 4. Section 5 shows
and discusses the numerical simulation and measurement results, and section 6 concludes the paper.

2

Computational Methodology

2.1. Linear elasticity equations
The linear vibration of a structure can be modelled using the linear elasticity equations, which governs the
propagation of elastic waves in a solid medium. This set of equations consists of the mass conservation, the
momentum conservation, and Hooke’s constitutive equations [10]. For a Cartesian 3-D coordinate system,
the equations for an isotropic medium can be written as a set of linear first-order hyperbolic equations in a
velocity-stress form as:
∂q
∂q
∂q
+ ∇ · F(q) =
+ Aj
= g − ζq,
∂t
∂t
∂x j
h
iT
q(x, t) = u v w σ xx σyy σzz σ xz σyz σ xy
,
h
iT
g(x, t) = g x gy gz 0 0 0 0 0 0
,


ζ = diag ζ x ζy ζz 0 0 0 0 0 0 ,

(1)

where u, v, w are the velocities in the x-, y-, and z- directions, respectively. σ xx , σyy , σzz , σ xz , σyz , σ xy are
the normal and shear stress components, g x , gy , gz are the body forces, and ζ x , ζy , ζz are the viscous damping
forces. The flux matrix reads F(q) = [ f x , f y , f z ] = [A x q, Ay q, Az q]. The constant flux Jacobian matrix A j is
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given as:

 03×3
A j = 
A2, j

A2, j

A1, j
06×6



 δ x j


 , A1, j = − 1  0
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0


 (λ + 2µ)δ x j


λδ x j
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δy j
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(λ + 2µ)δy j

λδz j
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(λ + 2µ)δz j

0

µδ x j

µδz j

µδy j
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0


δy j 

δ x j  ,

0







 ,






(2)

(3)

where λ and µ are the Lamé parameters, ρ is the mass density and index j has components [x, y, z]. The δi j
denotes the Kronecker delta function. The solution of p
Equation 1 consists of a linear combination of pelastic
waves propagating with longitudinal wave speed (c p = (λ + 2µ)/ρ) and transverse wave speed (c s = µ/ρ).
The Lame parameters are represented by using Young’s modulus (E) and Poisson’s ratio (ν) as λ = Eν/(1 +
ν)(1 − 2ν) and µ = E/2(1 + ν).
2.2. Nodal discontinuous Galerkin method
The nodal discontinuous Galerkin (DG) method is used to solve Equation 1, and the algorithm of the nodal
DG method developed by Hesthaven and Warburton [6] is adopted. The problem domain is approximated
by the computational domain Ωh with K number of non-overlapping rectilinear tetrahedral elements Dk as
K Dk . On each Dk , the local solution is expanded by a combination of nodal basis functions as:
Ωh = ∪k=1
qkh (x, t)

=

Np
X

qkh (xki , t)lik (x),

(4)

i=1

where qkh (xki , t) are the unknown nodal values, lik (x) are the 3-D Lagrange interpolation polynomials based on
the nodal points xi , and N p is the number of nodal points. The global solution is approximated as the direct sum
K qk (x, t). The closed expression of the Lagrange interpolation
of the local solutions as q(x, t) ≈ qh (x, t) = ⊕k=1
h
polynomials in tetrahedral elements is constructed by the products of the Jacobi polynomials of order N, and
the distribution of nodal points follows the optimised Legendre-Gauss-Lobato (LGL) points over a tetrahedral
element as presented in Ref.[6]. The number of nodal points per element is N p = (N + 1)(N + 2)(N + 3)/6. In
each element, the nodal basis functions are used to approximate the unknown variables and the body forces in
Equation 1. Then the residuals of the approximations are multiplied by the test functions following the Galerkin
method. By performing spatial integration by parts twice, the strong formulation of Equation 1 becomes the
following form:
Z

 k

Z
Z
h
i
 ∂qh

k
+ ∇ · F(qh ) lik dx =
(gkh − ζqkh )lik dx −
n · F∗ − F(qkh ) li dx,

∂t
Dk
Dk
∂Dk

(5)

where ∂Dk is the element surface, gkh is the approximated body force vector, and n = [n x , ny , nz ] is the
outward normal vector of the element surface ∂Dk . The flux along the normal direction of the element surface
is defined as n · F = (n x f x + ny f y + nz f z ), and the F∗ is the numerical flux.
In the DG method, the numerical flux ensures continuity of the global solution. It is a function of the interior
solution (q−h ), which is the solution within the element Dk , and the exterior solution (q+h ), which is the solution
of the neighbouring elements around Dk . In this work, the upwind numerical flux is chosen as the numerical
flux. The upwind numerical flux can be derived by solving the Riemann problem at the interface between two
homogeneous media. This interface represents the faces of two neighbouring elements located at the same
position. Consider that the interface is located at x = 0. The properties of the medium (λ− , µ− , ρ− ) are those of
the internal medium at x < 0, and (λ+ , µ+ , ρ+ ) are those of the adjacent one at x > 0. The Riemann problem is
a discontinuous initial value problem that happens at this interface as:



q−h
qh (x, 0) = 

q+
h

if x < 0,
if x > 0.
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The solution to this problem, the intermediate solution (q∗h (0, t)), is derived using the Rankine-Hugoniot
jump condition as described in Refs. [16],[19],[10].The numerical fluxes n · F∗ = n · F(q∗h ) are a function of the
intermediate solution. After defining the numerical flux, the nodal basis and numerical flux are substituted into
Equation 5 to obtain the semi-discrete form for each element as:
Mk

4


 X
∂ukh 1  k
Mkr F̂kr
− S x σ xx kh + Sky σ xy kh + Skz σ xz kh = Mk g x kh − ζ x ukh −
u ,
∂t
ρ
r=1

Mk

4


 X
∂vkh 1  k
− S x σ xy kh + Sky σ yy kh + Skz σ yz kh = Mk g y kh − ζy vkh −
Mkr F̂kr
v ,
∂t
ρ
r=1

Mk

4


 X
∂wkh 1  k
− S x σ xz kh + Sky σ yz kh + Skz σ zz kh = Mk g z kh − ζz wkh −
Mkr F̂kr
w,
∂t
ρ
r=1

Mk

4
X
∂σ xx kh
− (λ + 2µ)Skx ukh − λSky vkh − λSkz wkh = −
Mkr F̂kr
σ xx ,
∂t
r=1

Mk

4
X
∂σ yy kh
− λSkx ukh − (λ + 2µ)Sky vkh − λSkz wkh = −
Mkr F̂kr
σyy ,
∂t
r=1

Mk

4
X
∂σ zz kh
Mkr F̂kr
− λSkx ukh − λSky vkh − (λ + 2µ)Skz wkh = −
σzz ,
∂t
r=1

Mk

4
X
∂σ xz kh
Mkr F̂kr
− µSkz ukh − µSkx wkh = −
σ xz ,
∂t
r=1

Mk

4
X
∂σ yz kh
− µSkz vkh − µSky wkh = −
Mkr F̂kr
σyz ,
∂t
r=1

Mk

4
X
∂σ xy kh
− µSky ukh − µSkx vkh = −
Mkr F̂kr
σ xy .
∂t
r=1

(6)

The ukh , vkh , wkh , σ xx kh , σ yy kh , σ zz kh , σ xz kh ,σ yz kh , and σ xy kh are vectors representing all unknown variables at
the nodal points xi , with i = 1 to N p . Note that all the mechanical properties in Equation 6 are defined in the
interior element, except for the numerical flux terms. The second superscript r denotes the rth faces of ∂Dkr of
the element Dk , where the number of faces of the tetrahedral element is four. The terms F̂kr
, F̂kr , F̂kr , F̂kr , F̂kr ,
h
i u v w σxx σyy
kr
kr
kr
∗
k
F̂kr
σzz , F̂σ xz , F̂σyz , and F̂σ xy are the flux terms associated with the term n · F − F(qh ) over the element surface
k
k
in the strong form (Equation 5). M is the element mass matrix, S j are the element stiffness matrices in the
j-directions, and Mkr are the element face matrices. More details on these matrices are given in Refs. [6, 18].
Having the semi-discrete form at hand, Equation 6 for the whole computational domain can be expressed in the
form of ordinary differential equations as:
dqh
= L (qh (t), t) ,
dt

(7)

where qh is the vector of all nodal solutions and L is the semi-discrete operator conducted over all elements.
Finally, various methods can be used to integrate the time derivative in Equation 7. In this work, the fourthorder Runge-Kutta method with eight stages (RKF84) is used, which is described in Ref. [17]. The time-step
(∆t) for the time integration is defined as:
∆t =

CCFL · min(rDk )
N 2 · max(c p )

(8)

where CCFL is the Courant number, max(c p ) is the maximum longitudinal wave speed in the domain and
min(rDk ) is the shortest element edge in the computational domain. The methodology on applying the force
excitation and the boundary conditions can be found in Ref.[16].
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3
3.1.

Case studies
T-shaped structure

Figure 1: The case of the T-shaped structure that a fixed boundary condition is applied at the black coloured
area. The red and blue dots denote the excitation and receiver locations, respectively.
As illustrated in Figure 1, the T-shaped structure is a simple structure consisting of two components with
different mechanical properties, a vertical beam and a horizontal beam with dimensions [14 cm × 108 cm ×
2.2 cm] and [2.2 cm × 108 cm × 7 cm], respectively. Its upper corner is at the origin of the coordinate system.
The two components are glued to have a fixed connection at the interface on z = -2.2 [cm] surface, and the
mechanical properties of the components are given in Table 1. Please note that the damping forces are the same
in all directions ζ x = ζy = ζz = ζ and are assumed the same for both components.
Table 1: The mechanical properties of the constituting components of the T-shaped structure.
Component

Density
[kg/m3 ]

Young’s
Modulus
[GPa]

Poisson’s
Ratio [-]

Damping
force(ζ)
[N · m3 /kg]

Vertical beam

616.1

2.39

0.3

10

Horizontal beam

720.8

3.57

0.3

10

A fixed BC is applied to the black coloured area shown in Figure 1, while remaining surfaces of the structure
have free BCs. To excite the vibration, a point force (F) is applied at the coordinates (13, 101.25, 0) cm, marked
with a red dot in Figure 1. To obtain the response of the structure, four receivers (R1-R4) are selected to record
the velocities of the structure, as shown with blue dots in Figure 1. The receivers are selected in this manner
since they are distributed at a different distance from the force location. The coordinates of the receivers are as
follows R1=(1, 13.5, 0) cm, R2=(13, 54, 0) cm, R3=(7, 94.5, 0) cm, R4=(8.1, 94.5, -8.2) cm.
3.2. Scaled lightweight wooden floor
The scaled lightweight wooden floor (LWF) consists of a single panel as the top plate and seven joists to
reinforce the plate, as shown in Figure 2. This case represents a more complex structure with many components
and different mechanical properties as shown in Table 2. The top plate has dimensions [112 cm x 112 cm x 0.9
cm], and each joist has dimensions [108 cm x 2.2 cm x 7 cm]. The origin of the coordinate system is at the top
corner of the plate, as shown in Figure 2. The joists are placed with an equal distance of 13.75 cm, with Joist 1
closest to the origin. The connections between the top floor and joists are fixed and all surfaces of the structure
have the free BCs.
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Table 2: Mechanical properties of the individual components of the scaled LWF structure.
Component

Density
[kg/m3 ]

Young’s
Modulus
[GPa]

Poisson’s
Ratio [-]

Damping
force(ζ)
[N · m3 /kg]

Plate

670

3.70

0.3

20

Joist 1

583

1.89

0.3

20

Joist 2

565

2.06

0.3

20

Joist 3

559

2.07

0.3

20

Joist 4

571

2.14

0.3

20

Joist 5

577

2.16

0.3

20

Joist 6

589

2.39

0.3

20

Joist 7

577

2.10

0.3

20

Z
Y
x

(0,0,0)

0,9

112
112

7

2,2
Joist 1

13,75

Joist 7

Figure 2: The scaled LWF structure, all dimensions are in centimetres.
The vibration behaviour of the scaled LWF structure under centre point excitation (F) is investigated. Four
receivers C1-C4 were selected to observe the impact responses in this configuration. The coordinates of the
force and receivers are as follows F=(56, 56, 0) cm, C1=(62.875, 42.25, 0) cm, C2 = (76.625, 28.5, 0), C3 =
(83.5, 28.5, 0) cm, C4 = (97.25, 14.75, 0) cm.

4

Experimental Validation

4.1. Measurement set-up
The forced vibration experiments of the case studies presented in Section 3 are described here. The T-shaped
structure is made of vertical and horizontal beams. These beams were glued to have a fixed connection. The
vertical beam of the T-shaped structure was fixed by a steel clamp installed on a concrete slab as shown in
Figure 3a. In the case of the scaled LWF structure, the structure was made of a top plate with seven joists.
Each joist was attached to the bottom of the plate using nine screws that were spaced equally along the joists
axial direction. By having closely adjacent screws, the joists were assumed to have a fixed connection to the
top plate. In this study, the scaled-LWF structure was designed to have free BCs. To realise these BCs, several
metal hooks were installed on the edge of the first and the last joist. Afterward, four rubber ropes connected
these hooks to a crane machine to elevate the structure, as shown in Figure 3b. In both experimental cases, the
acceleration signals were picked up by nine single-axis accelerometers (PCB 333B30). The force excitation
was given by using an impact hammer (BK 8202) with a plastic tip. Also, National-Instruments acquisition
systems (NI 9234 and cDAQ-9178) were used to capture the signals. All signals were captured for the duration
of 7 s with a sampling frequency of 51.2 kHz.
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(a)
(b)

Figure 3: Measurement setup of (a) the T-shaped structure and (b) the scaled LWF structure.
4.2. Vibration data processing
In each case, the time-domain vibration signals were obtained from the measurements and the numerical
computations. Subsequently, the signals were converted into frequency-domain data using the fast Fourier
transform. In the frequency domain, the transfer function between velocity and force, i.e., mobility (Yi j ), was
calculated to represent vibration responses of the individual case studies. The indices i, j refer to the velocity
in the i-direction due to the force in the j-direction, and defined as:
Yi j ( f ) =

vi ( f )
.
F j( f )

(9)

In this study, two transfer mobilities are considered, Yzz ( f ) and Y xz ( f ). The velocity in the i-direction (vi ( f ))
can be derived from the acceleration signals (ai ( f )) obtained by the accelerometer using the relation vi ( f ) =
ai ( f )/ j2π f . To obtain the transfer mobilities from the experiment, the H1 estimator was used as shown in
Ref.[15]. This estimator is used to reduce the influence of the noise on the measurements.

5

Results and Discussions

The results presented in this section use the following computational settings. The weighting coefficient (C = 1)
is given, as shown in Equation 8. Lagrange polynomial functions of order (N = 3) is used, and an impact
excitation
on both structures
is given by the external body force gz (t) in terms of the Ricker wavelet as: gz (t) =


2
2
(π
f
(t−t
))
c
d
0.5 − (π fc (t − td )) e
, with the centre frequency of fc = 250 Hz and the centre time of td = 7 ms.
5.1.

T-shaped structure
100

10-2

10-4

DG K = 1063
DG K = 2126

10-6
10

100

200

DG K = 4089
FEM

300

400

500

Frequency [Hz]

Figure 4: The mobilities at R2 position of the fixed BC configuration for different element numbers.
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The nodal DG solution for the current configuration is shown in Figure 4. In this figure, three mobility curves
Yzz are shown at location R2. Each curve was obtained from the nodal DG model with a different number of
elements, K = 1063, 2126, and 4089. The Table 3 lists all natural frequencies for each number of elements. It
should be noted that the slowest wave in the T-shaped structure, the transverse wave, has a velocity of 1221.5
m/s. This means that the minimum wavelength at 500 Hz is about 2.4 m, and the structure seems oversampled
by the discretisation. However, since the structure has a small thickness which is 2.2 cm, the discretisation
should maintain a limited skewness of the tetrahedral element to have a good numerical result. Moreover, the
changes of the natural frequencies between all different element number are less than 2 Hz and is assumed the
results have converged. The DG results of K = 4089 is compared with the measurement results. In addition,
the same case is simulated with FEM using COMSOL Multiphysics 5.6 [1] in frequency domain by solving
the linear elasticity equations. The comparison with the FEM solution shows that the nodal DG approach has
a maximum difference of 15 Hz at the highest natural frequency. This is caused by the discontinuity of BCs at
y = 0 cm and z = -2.2 cm. In the FEM, the solution is continuous at the edges of the elements, but the nodal
DG solution can have two solutions at the same position due to its discontinuous elements.
100

100

10-2

10-2

10-4

10-4

DG

10-6
10

100

Measurement

200

300

DG

400

10-6
10

500

100

Frequency [Hz]

200

100

10-2

10-2

10-4

10-4

100

Measurement

200

400

500

400

500

(b)

100

DG

300

Frequency [Hz]

(a)

10-6
10

Measurement

300

DG

400

10-6
10

500

Frequency [Hz]

100

Measurement

200

300

Frequency [Hz]

(c)

(d)

Figure 5: Mobilities of the T-shaped structure obtained by the nodal DG method and the measurements at the
positions (a) R1, (b) R2, (c) R3, and (d) R4.
The mobilities at receivers R1-R4 are shown in Figures 5. It can be seen that the mobilities obtained from
the nodal DG method closely match those obtained from the measurement. Table 3 lists all the discrepancies
of the natural frequencies, with the sixth natural frequency having a maximum absolute frequency difference
|∆ fn | = 16.3 Hz from the measured value, which is 3.8% deviation. The other natural frequencies have smaller
absolute differences. It is assumed that these differences are due to the isotropic assumption of the vertical
and horizontal beams in the nodal DG model, since it is known that the MDF material has a slight orthotropic
property. The magnitude discrepancies are caused by inadequacy of internal damping properties. The given
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constant viscous damping cannot capture the frequency-dependent damping properties of the structure. From
Figure 5, it can be seen that the magnitude of mobilities obtained by the nodal DG method and the measurements
is of the same order for the frequencies below 150 Hz. However, the attenuation increases more rapidly with
frequency, in the experimental results than in the computational results. In Figure 5d, the mobility in the xdirection at position R4 is shown. This mobility has the same magnitude as the mobility in the z-direction at
the other positions (R1-R3) due to the body force in the z-direction.
Table 3: Natural frequencies at the T-shaped structure obtained from the nodal DG method and measurements
at position R2.
|∆ fn |

Natural frequency [Hz]

Index
K = 1063

K = 2126

K = 4089

Measurement

[Hz]

[%]

1

21.0

20.0

20.0

19.3

0.7

3.6

2

86.0

87.0

87.0

89.0

2.0

2.2

3

127.0

126.0

126.0

128.6

2.6

2.0

4

263.0

264.0

264.0

269.9

5.9

2.2

5

328.0

327.0

328.0

330.6

2.6

<1.0

6

415.0

416.0

416.0

432.3

16.3

3.8

7

475.0

476.0

477.0

475.7

2.7

<1.0

5.2. Scaled lightweight wooden floor
Three mobility curves Yzz at position C1 excited by the force at the centre position are displayed in Figure
6. It should be noted that the thickness of the plate structure is 0.9 cm,and to maintain a good skewness of
the element, a sufficient number of elements is needed (average skewness for K = 6918 is 0.33). The average
skewness of the element is expected to be more than 0.3 to have a good tetrahedral element. In this case, the
solution from K = 13685 is taken as the comparison to the measurement results. All natural frequencies below
300 Hz are tabulated in Table 4.
100

10-2

10-4

K = 6918

10-6
10

20

K = 13685

50

100

K = 21094

200 300

500

Frequency [Hz]

Figure 6: Numerical solutions of the scaled LWF at position C1 for different element numbers.
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Figure 7: Mobilities of the scaled LWF structure obtained by the nodal DG method and the measurements at
the positions (a) C1, (b) C2, (c) C3, and (b) C4.
Figure 7 shows the mobilities at positions C1-C4. As mentioned in Section 2, these points are gradually
further away from the excitation point. All mobilities obtained by the nodal DG method agree well with the
measurement results, especially in the frequency range 20-250 Hz. Outside this range, the discrepancy of the
measurement results and the simulation results increases. Similar to the previous case, the constant damping is
a reason for this, where the model does not capture the frequency-dependent damping of the structure. It can
be seen that the first natural frequency at 15 Hz is heavily damped in DG and the applied constant damping
is too high for this mode. In contrast, above 250 Hz the damping from the experimental results becomes
higher and the location of the natural frequencies is no longer discernible. Another source of discrepancy is
the connection between plate and joists. These components are connected by nails without glue, and modelling
these connections as fixed connections along the contact interface can lead to inaccuracies.
Table 4: Natural frequencies at the scaled LWF structure obtained from the nodal DG method and
measurements at position C1.
|∆ fn |

Natural Frequency [Hz]

Index
K = 6918

K = 13685

K = 21094

Measurement

[Hz]

[%]

1

15.0

15.0

15.0

14.1

0.9

6.4

2
3

73.0
149.0

74.0
149.0

74.0
149.0

70.1
148.9

3.9
0.1

5.6
<1.0

4

167.0

168.0

168.0

159.6

8.4

5.3

5

193.0

193.0

193.0

190.9

2.1

1.1

6

270.0

271.0

272.0

260.9

10.1

3.9

10
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Conclusions

In this study, the nodal DG method is applied to model the vibration of a T-shaped structure and a scaled
lightweight wooden floor. These structures are made of several components that have different material
properties resulting in constant piece-wise material properties in the computational domain. The numerical
fluxes in the materials with the piece-wise constant properties in the computational domain are derived by
the Rankine-Hugoniot jump condition. To validate the numerical results, the mobility of the structures is
calculated and compared with results from an experimental study. The agreement is good regarding the
natural frequencies, with a maximum difference of less than 4 % for the T-shaped structure in the range below
500 Hz, and 6.4 % for the scaled LWF structure in the range below 300 Hz. In comparison, the adopted
damping approach is insufficient to represent a broad frequency range. In future work, incorporating the
frequency-dependent damping into nodal DG model is important. Moreover, the extension into anisotropic
properties of the model could be essential especially for wooden based structures.
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Abstract
The Fourier Pseudospectral time-domain (Fourier PSTD) method and the nodal Discontinuous Galerkin
(DG) method are both able to effectively solve the Linearized Euler Equations (LEE). The two approaches
however suffer from limitations in the context of outdoor sound propagation, as Fourier PSTD has difficulties
modeling complex boundaries (buildings, topography, frequency-dependent boundary properties) while the
computational cost associated with DG can quickly become prohibitive for large-scale simulations. Previous
studies have shown that the two methods can be coupled with the use of a buffer zone enabling data exchange
between the solvers, to take advantage of the geometrical flexibility of DG close to the boundaries and of the
cost-efficiency of Fourier PSTD in the bulk of the domain. The current work extends the hybrid methodology
to take into account the full wind velocity vector, as opposed to the effective sound speed approximation.
Keywords: Outdoor sound propagation, linearized Euler equations, discontinuous Galerkin, Fourier
pseudospectral, hybrid time-domain method

1

Introduction

Accurate prediction of outdoor acoustics still proves challenging due to the combined influence of the
ground surface and micrometeorology on sound propagation, especially at long range. These effects are usually
frequency-dependent and can include absorption, reflection and diffraction from the ground and from obstacles
(such as buildings), refraction due to wind and temperature gradients, or scattering by turbulence. Numerous
numerical methods were developed to try and account for these phenomena. Over the last decades, wave-based
methods, in particular, have gained significant traction due to the rapid growth in computing power and due
to their ability to directly solve the linearized Euler equations (LEE) in the time domain, with few inherent
assumptions; these methods are however still limited in application.
To name only a few, the finite-difference time-domain (FDTD) and the Fourier pseudospectral (PSTD)
methods are well-established and popular choices among the outdoor sound propagation community [1, 2,
3, 4], due to their computational efficiency and relative ease of implementation. Both methods, however,
have difficulties modeling arbitrary boundary shapes, and, for PSTD, modeling frequency-dependent boundary
properties [5]. At the other hand of the spectrum, the nodal discontinuous Galerkin (DG) method [6, 7, 8]
only recently gained interest for outdoor acoustics, and features almost no restriction regarding the modeling of
complex geometries and boundary conditions; this geometrical flexibility comes at the cost of more stringent
requirements on the spatial and temporal discretization, which can render the computational cost prohibitive
for large-scale simulations.
A recent study [9] proposed a hybrid methodology where the DG method is used in the vicinity of boundaries
while the PSTD method is used in the bulk of the domain, in order to retain the benefits of both approaches.
The procedure hinges on a conformal coupling zone between the overlapping DG and PSTD domains, allowing
for data exchange between the solvers. The proposed hybrid solver could be readily used for outdoor acoustics
by incorporating the wind effects via the effective sound speed approach [10]; this approximation is however
1
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known to be valid only for small elevation angles from the source, which could limit the applicability of the
model. The current work aims at implementing the effects of a moving inhomogeneous atmosphere into the
hybrid model by explicitly solving the LEE in the presence of wind.
The paper is organized as follows. Section 2 presents the new DG formulation used to solve the LEE.
Section 3 briefly presents the PSTD solver and recalls the hybrid PSTD-DG methodology. The accuracy of the
new hybrid solver in then assessed in the presence of wind, in Section 4, with two benchmark cases.

2

The nodal discontinuous Galerkin method for outdoor sound propagation

2.1. Linearized Euler equations
Linearized Euler equations (LEE) describing the propagation of sound waves in a moving inhomogeneous
atmosphere can be obtained from the laws of conservation of mass, momentum and energy. If the acoustic
fluctuations are small compared to the atmospheric parameters, and if air can be considered as an ideal gas, the
following coupled equations can be obtained [11]:
∂p
+ u · ∇p + ρ0 c2 ∇ · v = ρ0 c2 Q ,
∂t

(1)



∂v
+ u · ∇ v + v · ∇ u + ∇p/ρ0 = F/ρ0 ,
(2)
∂t
with p the acoustic pressure and v = (v x , vy ) the particle velocity vector, at time t and location r = (x, y);
a 2D propagation is considered in this work to reduce the computational costs, although the model can be
generalized to 3D. The propagation medium is defined by the air density ρ0 , the adiabatic sound speed c and
the wind vector u = (u x , uy ); these parameters are assumed known and are constant over time, but can vary
spatially. The variables Q and F = (F x , Fy ) account for potential mass sources and external forces, respectively.
The terms of order higher than or equal to |v|2 /c2 were neglected to obtain this set of equations, and the wave
equation can be recovered for u = 0. For numerical purposes, and assuming a two-dimensional propagation,
Eqs. (1) and (2) can be cast into the following matrix form:
∂q
∂q
∂q
+ Ax
+ Ay
+ Bq = S ,
∂t
∂x
∂y

(3)

with q = {p, v x , vy }T the solution vector, and


 u
2δ
2 δ 
ρ
c
ρ
c
0
ix
0
iy 
 i


Ai = δix /ρ0
ui
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δiy /ρ0
0
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0
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0

0
∂u x
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∂y  ,

∂uy 
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2 Q




ρ
c
0








S=
,
F x /ρ0 









 Fy /ρ0 


with i = {x, y} and the Kronecker delta function δi j to simplify the notations. The diagonal entries of Ai and the
matrix B are responsible for the effects of the wind.
System (3) is to be solved numerically with the DG method from the (known) initial solution vector q(r, t =
0) and together with appropriate boundary conditions.
2.2. Numerical formulation
To derive the DG methodology, the physical domain Ω is first partitioned into a set of non-overlapping
and unstructured elements Ωe . The variational formulation of the LEE is then obtained as a projection of the
piecewise test functions Φe over Ωe , and two consecutive integrations by parts allow to derive the corresponding
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strong formulation1 :
#
"
I
Z
h
i
∂qe
∂qe
T ∂qe
+ Ax
+ Ay
+ Bqe − S dΩe =
ΦTe An qe − f ? (qe , qext
Φe
e ) dΓe ,
∂t
∂x
∂y
Γe
Ωe

(4)

where qe corresponds to the approximated solution vector over each element. The numerical flux f ? , the normal
flux matrix An = A x n x + Ay ny , and the outward-pointing normal n = (n x , ny ) are defined along the element
interface Γe . It can be seen that all the terms are expressed in terms of the local solution qe , except for the
numerical flux used to evaluate the contour integral, which involves the solution vector of the neighboring
element qext
e from the other side of the interface. Indeed, since the test functions are discontinuous across the
element boundaries, the acoustic fields on each point of the interface Γe are multiply defined; the purpose of
the numerical flux is to couple the elements and to ensure continuity of the fields.
An upwind numerical flux is used in this work, with optimal dispersion properties, which can be constructed
by considering the propagation direction of the characteristic waves of the problem. Due to the hyperbolicity
of the propagation equations (3), an eigendecomposition of the normal flux matrix can be performed as An =
WΛW−1 , with
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with un the projection of the local wind vector along the normal n. This eigendecomposition allows a definition
of the characteristic waves q̃ = W−1 q as

  












n
v
−
n
v
q̃
y
x
x
y
u









 
 +


 
,
(5)
=
q̃ = 
p + ρ0 c v · n /2
q̃a 











 




−




q̃a   p − ρ0 c v · n /2
where q̃+a and q̃−a correspond to the strength of the acoustic waves leaving and entering the element, respectively,
and q̃u to the strength of the vorticity wave associated with the wind (e.g., [12]). The convection speed and
direction of the characteristic waves along the normal n is given by the corresponding diagonal entries of Λ:
the acoustic waves propagate in opposite directions (assuming a subsonic flow) at the speed |un ± c|, while the
vorticity wave is convected by the normal component of the wind.
The upwind flux can thus be constructed on physical grounds, since the waves leaving the elements should
only depend on the local solution qe , while the waves entering the elements should only depend on the external
solution qext
e . Mathematically, this amounts to defining the numerical flux along the interface as
h
i
+ −1
− −1 ext
f ? (qe , qext
,
(6)
e ) = W Λ W qe + Λ W qe
where Λ+ and Λ− contains the positive and negative eigenvalues, respectively. It can also be shown that Eq. (6)
can be rewritten, using the relation Λ± = (Λ ± Λ )/2, as [8]
f ? (qe , qext
e )=

i
1h
−1
ext
An qe + An qext
e + W Λ W (qe − qe ) ,
2

(7)

where Λ is a diagonal matrix containing the absolute value of the elements of Λ. This expression is more
convenient in practice since the sign of the eigenvalues may depend on the wind direction. After some algebra,
1
For consistency with the PSTD solution in the hybrid solver, the conservative form of the LEE is implicitly considered; this
amounts to a few additional physical assumptions that are reasonable in the context of atmospheric sound propagation (see, e.g., [2]).
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the exact upwind flux associated with the propagation equations (3), for each acoustic variable, reads


f p? = c [[p]] + ρ0 c < v > · n + un < p > +ρ0 c [[v]] · n ,
!
!
[[p]]
<p>
?
fvx = n x c
+ [[v]] · n + un
+ < v x > + |un | ([[v x ]] − n x [[v]] · n) ,
ρ0 c
ρ0 c
!
!


[[p]]
<p>
?
fvy = ny c
+ [[v]] · n + un
+ < vy > + |un | [[vy ]] − n x [[v]] · n .
ρ0 c
ρ0 c

(8)

The following operators were defined to simplify the expressions:
< qe >=

qe + qext
e
2

and

[[qe ]] =

qe − qext
e
,
2

(9)

which correspond to the mean value and to the difference between the solution on both sides of the
interface, respectively. In the absence of wind (un = 0), the numerical flux presented in other studies can be
recovered [13].
2.3. Boundary conditions
The numerical flux is used to couple adjacent elements. However, boundary conditions need to be considered
if the element interface lies on an acoustic boundary. Similarly to the derivation of the upwind flux, the
boundary conditions can be implemented based on the propagation direction of the characteristic waves: at any
given time, the waves associated with a positive eigenvalue (leaving the element) do not carry any information
about the boundary, while the waves associated with a negative eigenvalue need to be specified [14].
For the acoustic characteristic waves, the reflected wave q̃−a can be computed as a function of the incident
wave q̃+a , based on the impulse response function of the plane-wave reflection coefficient r(t) defining the
(locally-reacting) boundary material. This requires the computation of a convolution integral for each boundary
point of the form
Z
q̃−a (t) =

t

−∞

q̃+a (τ) r(t − τ)dτ .

(10)

This general formulation is also known as a time-domain impedance boundary condition and can allow
frequency-dependent material properties [15, 16]. Equation (10) is sufficient in the context of outdoor sound
propagation since the (mean) wind is assumed to fulfill the no-slip condition on the acoustic boundaries. The
vorticity wave q̃u also needs to be specified whenever the local wind vector is directed inwards (un < 0), in
which case the condition q̃u = 0 is arbitrarily used. This condition is not physically relevant in this work, but is
still required mathematically and numerically to promote stability.
The boundary conditions can then be enforced weakly by computing the virtual external solution qext
e to be
ext
used in the definition of the numerical flux [Eq. (7)], based on the updated characteristic waves, as qe = W q̃.
2.4. Perfectly Matched Layers
Absorbing conditions are required at the edges of the computational domain to simulate open boundaries.
The Perfectly Matched Layers (PML) methodology is used in this work, as first presented by Bérenger for
electromagnetics [17].
Numerous PML implementations can be found in the literature, based on either split or unsplit acoustic
variables. However, it was found in this work that split-variable approaches are hardly compatible with the
present DG formulation, since the upwind numerical flux given in Eq. (8) cannot be easily split into different
components, due to the presence of wind. A convolutional PML approach (C-PML) formulated in unsplit
variables [18, 19] was thus adapted and successfully implemented into the current DG framework. The
treatment proposed by Hu [20], in aeroacoustics, to stabilize the PML formulation in the presence of a mean
flow was also found to be compatible with the convolutional approach, and is thus considered in this work.

4

415

2.5. Implementation
As presented in details in [6], an approximate solution to the strong formulation of the LEE given in Eq. (4)
can now be obtained numerically by considering the nodal expansion of the solution qe , as
qe (r, t) ≈

Np
X

ψn (r) qe (rn , t) ,

(11)

n=1

with N p interpolating polynomials Ψe = {ψ1 , ψ2 , . . . , ψN p }. By defining the test functions Φe in the variational
formulation to be equal to the basis functions Ψe , a semi-discrete formulation can be obtained in terms of
the nodal values of the solution vector qe (rn , t). In this work, the spatial integration is then performed with a
quadrature-free approach [21], using quadrilateral elements. The solution at each interpolation nodes is then
advanced in time with an optimized 8-stage explicit Runge-Kutta method [22].

3

Hybrid PSTD-DG solver

The DG formulation presented in the previous section is able to accurately describe the propagation of
sounds in complex outdoor conditions, including the effects of the atmosphere, the ground, and potential
buildings. Still, the application of the DG method in this context can be challenging in terms of computational
resources, since acoustic waves can travel over thousands of wavelengths. As shown in a previous study [9],
the DG method can be hybridized with the cost-effective Fourier PSTD method to lessen this limitation.
3.1. The Fourier pseudospectral time-domain method
The Fourier PSTD method consists in computing spatial derivatives in the wavenumber domain [1]. More
specifically, the physical domain is discretized on a Cartesian grid so that each derivative can be estimated with
the use of a one-dimensional discrete spatial Fourier transform; the inverse transform is then applied to go back
to the time domain. The solution is then advanced in time with a time integration scheme. The Fourier PSTD
method is generally very computationally efficient since the spatial Fourier transforms can be computed with
the Fast Fourier Algorithm (FFT).
In this work, this procedure is directly applied to the LEE [Eq. (3)]; the incorporation of wind in PSTD
is straightforward, so the reader is referred to [9] for more details about the method. The time integration
is performed with an optimized 6-stage explicit Runge-Kutta method [23]. The same convolutional PML
formulation as for the DG solver is implemented to truncate the computational domain.
3.2. Hybrid methodology
The application of discrete Fourier transforms in PSTD imply a spatial periodicity of the solution, which
renders the implementation of complex boundaries difficult. In the hybrid solver, the PSTD method is thus
used in the bulk of the domain, which should take up most of the computational domain for long-range outdoor
configurations, while the DG method is used close to the boundaries.
The hybridization procedure is not presented in detail since it is similar to the no-wind case; a thorough
description can be found in [9]. It consists in spatially coupling the PSTD and DG solvers in a region where
both domains overlap. This coupling zone allows for exchanging the solution values between the two solvers,
as illustrated on Figure 1. The mesh in the DG coupling zone is structured and conformal with the PSTD grid
to simplify the exchange of data. In this work, the implementation of a mild anti-aliasing modal filter [6] in the
DG domain was also found necessary for long-term stability of the hybrid model.

4

Verification
This section aims at assessing the accuracy of the hybrid model in the presence of wind.
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Figure 1: Schematic example of PSTD (top) and DG (bottom) meshes in the hybrid solver for an urban
configuration featuring buildings with balconies. The coupling zone (generally with a thickness of 20 to 30
points), where data is exchanged between the PSTD and DG domains, is indicated in red. In DG, the mesh is
also structured near the left and right outer boundaries to simplify the PML formulation.
4.1. Free-field propagation with a uniform subsonic flow
The first test case consists in the propagation of an acoustic pulse in free field, in the presence of a constant
horizontal flow towards the direction of increasing x, defined as u = (0.5c, 0). This flow is not directly relevant
to outdoor sound propagation but allows assessing the hybrid solver for extreme wind conditions, since the LEE
are able provide an accurate description of the problem and since a simple analytical solution can be obtained.
The simulation is performed with the hybrid PSTD-DG model inside a computational domain of size 160 m
by 170 m, with an unstructured quadrilateral mesh of characteristic length equal to about 1 m for DG; this
amounts to about 15 points per wavelengths at a frequency of 100 Hz. The DG solver is fourth-order accurate
in space, and both solvers are fourth-order accurate in time. The bottom and top halves of the domain are solved
with DG and PSTD, respectively, with the coupling zone in-between. The domain is surrounded by PML to
truncate the domain. The acoustic pulse is generated from a Gaussian initial pressure distribution located inside
the DG domain, at (x, y) = (−30, 30) m, and two receivers are located at (30, 30) m and (30, 100) m, inside the
DG and PSTD domains, respectively. The pulse propagates during 600 time iterations.
Figure 2 shows snapshots of the simulated pressure field every 50 time iterations; the pulse expands and
is convected streamwise, and is eventually absorbed by the PML layers without any noticeable reflections.
The signal recorded by both microphones is shown on Figure 3. The frequency content varies between the
microphones because of the Doppler effect due to the convection of the initial disturbance. A perfect agreement
is found with the analytical solution, both in the time and the frequency domains, across the entire frequency
range of interest.
This indicates that the model is able to account for wind convection, and that the coupling procedure does
not introduce significant errors for this simple test case. Additional tests were also carried out with the source
inside the PSTD domain; a perfect agreement was found in all cases. It should be noted that the current
implementation of the hybrid solver does not allow for a strong vertical wind component inside the PML layers
in the coupling zone, which could result in instabilities; no loss of accuracy was observed with wind otherwise.
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Figure 2: Simulated
√ pressure field with a uniform horizontal flow, every 50 time iterations. The amplitude is
normalized by ct. The horizontal red line delimits the upper boundary of the (DG) coupling zone; the thin
blue lines indicate the PML interface with air.
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Figure 3: Recorded signals in the PSTD and DG domains in the time (left) and frequency (right) domains. The
analytical solution is based on [2] and [24].
4.2. Long-range propagation in a stratified atmosphere
This more complex test case features long-range sound propagation over a flat absorbing grass ground
with downward refraction. A vertical profile of horizontal wind is considered, based on the Monin-Obukhov
similarity theory, with a frictional velocity of 0.5 m s−1 and a roughness length of 5 mm; this amounts to a
wind strength of approximately 7.5 m s−1 at a height of 2 m. The ground impedance is modeled with the
variable porosity model [25], with an effective air flow resistivity of 25 kPa s m−2 and a porosity decay rate
of 50 m−1 ; these parameters were obtained from in situ ground impedance measurements in a grass field in
previous studies [26, 27]. Unlike the previous test case, no simple and accurate analytical solution exists. A
solver based on a carefully validated finite-difference time-domain (FDTD) model [27] is thus used here for
comparison with the hybrid PSTD-DG solver.
The source is located at a height of 2 m, and three microphones are placed downwind, 100 m horizontally
from the source, at a height of 2, 10 and 20 m, respectively. The DG mesh has a characteristic length of 10 cm;
the PSTD-DG simulation is expected to be accurate up to about 2 kHz. The FDTD parameters are chosen to
provide numerical errors of a similar order of magnitude.
Figure 4 displays the PSTD-DG pressure field at different times. The signals recorded by the three
microphones are shown on Fig. 5. A very good agreement with FDTD is found in the time domain. In the
frequeny domain (not shown, for brevity), the level differences are smaller than 0.5 dB within the investigated
frequency range. Similar discrepancies are found without wind, which indicates than the wind does not
introduce significant numerical errors. The FDTD results without wind are also displayed, for comparison.

5

Conclusion

The hybrid PSTD-DG model presented in [9] was successfully extended to take into account a moving
inhomogeneous atmosphere by explicitly solving the LEE in the presence of wind, as opposed to the effective
sound speed approximation; the latter would imply angular constraints which could limit the applicability of
the model in the context of outdoor sound propagation [10]. A full revision of the DG formulation was required.
The new hybrid solver was validated for a free field configuration with a strong uniform wind, and for a longrange configuration with downward refraction due to a vertical wind gradient above an absorbing ground. A
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Figure 4: Simulated pressure field for a downwind propagation over an absorbing (grass) ground (normalized
amplitude). The blue and red dots indicate the location of the microphones.
perfect agreement was found in the time and frequency domains, suggesting that the incorporation of wind
is not a source of error. Additional validation data are however needed in order to assess the model in urban
configurations.
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Abstract
In this work a numerical model is applied in the development of a virtual auditorium occupied with virtual
manikins. The auditorium geometry, based in a cylindrical methodology, is developed using a geometric
numerical model coupled with a CAD system. The thermo-acoustic manikins, based in human body
methodology, are developed using empirical and geometrical equation numerical model also coupled with
the CAD system. The manikins geometry, using the Human Thermal Response and the Sound Propagation
numerical models, is used in the human thermo-acoustic evaluation. The first one evaluates the human
temperature and comfort, while the second one, using a virtual binaural manikin, evaluates the direct and
indirect sound and calculates the reverberation time. In this preliminary study an auditorium with thirteen
rows and ten columns, occupied with 140 virtual manikins, is developed. In the thermal study the human
thermal response is evaluated when the indoor air temperature is 25 ºC and the air relative humidity is 50 %.
In the acoustic component were selected three virtual manikins, one seated in the stage and two seated in the
audience, in opposite positions. The thermal comfort and the acoustic level, in the left and right ears, that the
virtual manikins are subjected are evaluated. In accordance the obtained results, the manikins are thermal
comfortable and the acoustic level presents slight differences between left and right ear and differences
between the two manikins. In accordance with the acoustic path the lateral and, mainly, the ceiling walls
reflection show an important contribution in the manikin acoustic level and will be analysed in detail in
future works.
Keywords: Auditorium, thermal-acoustic virtual manikin, auditorium geometry, thermal comfort and
reverberation time.

1

Introduction

In this work the development of a virtual auditorium occupied with virtual manikins used in thermo-acoustic
evaluation is developed and applied. The geometry and the thermo-acoustic numerical model is developed.
In the first one the manikin and auditorium geometry and grid generation is developed, while in the second
one the manikin comfort, namely the thermal comfort and and indoor air quality, and the acoustic
reverberation time methodology is applied.
The thermo-acoustic virtual manikin calculates the environmental variables around the occupants (Conceição
et al.[1]), the occupants’ thermal comfort (Conceição [2]) and the acoustic level (Conceição et al. [3]). The
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manikin geometry and grid generation are developed using numerical equations and the auditorium geometry
and grid generation are developed using Computational Aid Design (CAD).
The CAD system is frequently used in several works in acoustic phenomena, as in Jablonska and Czajka [4],
Pelzer et al. [5] and Th Kouzeleas [6], and in thermal phenomena.
The building and vehicle surrounding temperature is evaluated through the thermal behaviour numerical
models. The first one can be seen in Conceição et al. [7] and Conceição [8], while the second one can be
seen in Conceição and Lúcio [9], [10], [11] and [12]. These models are validated in the first one in
Conceição et al. [7] and Conceição [8], and in the second one in Conceição and Lúcio [13].
In the applications in vehicles, as Qianmu et al. [14], or in buildings, as Robert et al. [15], is also frequent the
use also the CAD techniques.
In the thermal comfort the Human Thermal Response and the Computational Fluids Dynamics are used. In
Conceição [2], Conceição [16], Conceição and Lúcio [17], Conceição and Lúcio [18], Conceição et al. [19]
and Conceição et al. [20], the Human Thermal Response was developed and applied, while in Conceição et
al. [21] the Computational Fluids Dynamics was analysed. The coupling of Computational Fluids Dynamics
and the Human Thermal Response were presented in Conceição et al. [22] and Conceição et al. [23]. In the
coupling methodology, the input of the Human Thermal Response is used as output of the Computational
Fluids Dynamics and the input of the Computational Fluids Dynamics is used as output of the Human
Thermal Response.
In the sound propagation several authors developed works, as Schetelig and Rabenstein [24], Savioja et
al.[25], Funkhouser et al.[26], Funkhouser et al [27] and [28] and Taylor et al.[29]. These authors analysed in
detail the virtual acoustic environments system methodology.
To evaluate the thermal-acoustic phenomena the occupants’ thermal phenomena, the internal airflow and the
sound propagation are analysed. In the first one the ISO 7730 [30] is applied, while in the third one the
reverberation time concept DL [31] is used. One application of this methodology can be seen in Conceição et
al [32]. ISO 7730 [30] which considers the Predicted Percentage of Dissatisfied people to evaluate the
thermal comfort level, while Conceição et al.[33] and in Conceição et al.[34] consider the adaptive thermal
comfort level.
Finally, the air quality level, using the carbon dioxide concentration as indicator of internal air quality, is also
evaluated in the thermal-acoustic virtual manikin (see in [35] and in Conceição et al. [36]).
In this work the Auditory Geometric numerical model develop, using a numerical methodology based in
cylindrical geometric coordinates, occupied auditorium spaces with complex topologies. In this preliminary
study three manikins, two located in the audience and one located in the stage, were developed and used in
the reverberation time evaluation.

2

Numerical models

The numerical model considers the integral and differential virtual auditorium and manikin thermal and
acoustic response numerical models, namely:
 the integral Auditorium Thermal Response numerical model;
 the integral Human Thermal Response numerical model;
 the differential Computational Fluids Dynamics numerical model;
 the integral Sound Propagation numerical model.
Integral Auditorium Thermal Response numerical model
The integral Auditorium Thermal Response numerical model calculates the air temperature inside the spaces,
the temperature on the indoor bodies, the temperature on the transparent bodies and the temperature in the
different layers of the opaque surfaces. These variables are used as input data in the:
 Human Thermal Response numerical model;
 Computational Fluids Dynamics numerical model.
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Integral Human Thermal Response numerical model
The integral Human Thermal Response numerical model evaluates the body tissue temperature, the clothing
temperature, the arterial and venous blood temperature, the skin water vapour and the clothing water vapour.
These variables are used as input data in the Computational Fluids Dynamics numerical model.
Differential Computational Fluids Dynamics numerical model
The differential Computational Fluids Dynamics numerical model evaluates the air temperature, air velocity
and carbon dioxide concentration around the occupant. These variables are used as input data in the Human
Thermal Response numerical model.
Integral Sound Propagation numerical model
The integral Sound Propagation numerical model present graphically the path between the source and the
receiver, considering the multi reflections, diffractions and refractions at surfaces of the occupied room,
using an image source method. This ray tracing method find the reverberation paths between the source and
the receiver. In this numerical model the manikin mouth is used as source and the left and right ears as used
as receivers.
The reverberation time is calculated using a regression equation of the sound intensity level evolution, using
an exponential equation, when the receiver is located in the left and right ears. The reverberation time is
calculated, for the left and right ears, using the necessary time to decay 60 dB from the beginning of the test.

3

Auditorium and manikin geometry generation

The auditorium geometry with complex topology is developed using Computer Added Design techniques,
while the occupants’ geometry is developed using geometric equations:
 The auditorium geometry, based in a cylindrical geometry coordinates, is generated through a
geometric numerical model, using a Computer Added Design philosophy. The auditorium considers
the side walls, stage walls, back walls, ceiling, floor and steps.
 The manikin geometry, generated through geometric equations, also uses a Computer Added Design
philosophy. The manikin geometry, using 25 elements, considers the head, as sphere, and the neck,
chest, upper abdomen, lower abdomen, right upper shoulder, right lower shoulder, right upper arm,
right lower arm, right hand, left upper shoulder, left lower shoulder, left upper arm, left lower arm,
left hand, right upper thigh, right lower thigh, right upper leg, right lower leg, right foot, left upper
thigh, left lower thigh, left upper leg, left lower leg and left foot, as cylinders.
The grid generation of the auditorium and manikin geometry is used in the integral Auditorium Thermal
Response numerical model, to evaluate the temperature distribution, the integral Human Thermal Response
numerical model, to evaluate the thermal comfort level, the differential Computational Fluids Dynamics
numerical model, to evaluate the airflow around the occupants, the Draught Risk and the indoor air quality,
and the integral Sound Propagation numerical model, to evaluate the reverberation time and other indexes.

4

Numerical Methodology

In this preliminary study an auditorium with thirteen rows and ten columns, occupied with 140 virtual
manikins, is developed (see figure 1 and 2). In the thermal study the human thermal response is evaluated
when the indoor air temperature is 25 ºC and the air relative humidity is 50 %. In the acoustic component
were selected three virtual manikins, one seated in the stage (left side) and two seated in the audience, in
opposite positions (see figure 3), namely:
 manikin seated in the auditorium left side;
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manikin seated in the auditorium right side.

Figure 1 – Scheme of the auditory geometry.

Figure 2 – Scheme of the auditory and thermo-acoustic binaural manikin geometry.

4
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Figure 3 – Virtual manikins (in red) used in the numerical simulation.

5

Results

In this section the results of the reverberation time are numerically calculated using a regression of the sound
intensity level evolution, using an exponential equation, when the receiver is located in the left and right
ears. Thus, the reverberation time is calculated, for the left and right ears, using the necessary time to decay
60 dB from the beginning of the test. In this study the direct, first, second and third reflexion was considered
in the numerical calculus.
In figure 4 is presented the dB value and acoustic path in the left ear of the manikin seated in the auditorium
left side and in figure 5 is presented the dB value and acoustic path in the right ear of the manikin seated in
the auditorium left side. The dB value and acoustic path in the left ear of the manikin seated in the
auditorium right side is presented in figure 6 and the dB value and acoustic path in the right ear of the
manikin seated in the auditorium right side is presented in figure 7.
Reverberation time calculation when the source is located in the mouth of the occupants and the receiver is
located in the left and right ears of other occupants are presented in table 1.
The mean reverberation time is slightly higher for the right virtual manikin than the left virtual manikin. The
reverberation time asymmetry verified between the left and right ears is higher for the left virtual manikin
than the right virtual manikin and the reverberation time verified in the left ears are higher than in the right
ears.
In accordance with the obtained results the walls absorption and reflection are very important in the calculus.
In this work the results show that the lateral and, mainly, the ceiling wall show an important contribute in the
reverberation calculus.
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Figure 4 – dB value (a) and acoustic path (b) in the left ear of the manikin seated in the auditorium left side.
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Figure 5 – dB value (a) and acoustic path (b) in the right ear of the manikin seated in the auditorium left side.
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Figure 6 – dB value (a) and acoustic path (b) in the left ear of the manikin seated in the auditorium right side.
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Figure 7 – dB value (a) and acoustic path (b) in the right ear of the manikin seated in the auditorium right
side.
Table 1 – Reverberation time for the two ears manikins.
Location

Equation

Correlation

Reverberation
time
0.17624

Left ear of the manikin seated in the auditorium
left side

I(dB) = 77,071*t-0,094

R² =
0,9623

Right ear of the manikin seated in the
auditorium left side

I(dB) = 76,76*t-0,096

R² =
0,9742

0.173486

Left ear of the manikin seated in the auditorium
right side

I (dB) = 74,258*t-0,108

R² =
0,9622

0.175484

Right ear of the manikin seated in the
auditorium right side

I (dB) = 74,369*t-0,108

R² =
0,9791

0.175152

In accordance the obtained results the auditory geometric numerical model, developed in this work, is able to
develop, using a numerical methodology, occupied auditorium spaces with complex topologies.
In the future this numerical methodology will be used to analyse the influence of the auditory dimension in
the reverberation time that the occupants are subjected. The introduction of the fourth and higher reflection
will also be considered in the calculus of the reverberation time. The influence of other virtual manikins and
the introduction of the upper reflectors panels, to redirect the sound path, will also be analysed.

6

Conclusions

In this work the development of a virtual auditorium occupied with virtual manikins used in thermo-acoustic
evaluation is made. In this preliminary study, the Auditory Geometric numerical model is used to develop
the space and the manikins. The grid generation is transferred to the thermal-acoustic numerical models in
order to evaluate the thermal comfort and reverberation time.
In accordance with the obtained results, the manikins are thermally comfortable and the acoustic path
presents slight differences between left and right ear and differences between the two manikins. In
accordance with the acoustic path the lateral and, mainly, the ceiling walls reflection show an important
contribution in the manikin acoustic level and will be analysed in detail in future works.
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Abstract
The retention of hearing impaired employees with hearing aids helps to prevent them from
occupational deintegration. Hearing aids are more and more advanced but do not necessarily guarantee the
reproduction of useful signals in all industrial environments. Especially, speech intelligibility is not always
guaranteed. This study focuses on the prediction of hearing aid performance, in the case of mild deafness
setting, in industrial noise conditions. To improve intelligibility, hearing aids propose signal processing
options such as noise reduction. These processes can make the hearing aids become a nonlinear system
which characterization can be performed by use of the Synchronized Swept Sine (SSS) signal method
described by Novak and Simon (2009). To this end, the hearing aids need to be immersed in a sound
environment containing noise, a speech signal and the SSS signal. To access the SSS signal only, the
Hagerman and Olofsson method (2004) is used. Finally, this method allows to calculate the Speech
Transmission Index to estimate intelligibility and study its improvement at hearing aid output with or without
noise reduction.

Keywords: Hearing aids, intelligibility, noisy working environment, noise reduction.

1

Introduction

Due to the increasing number of people wearing hearing aids, the issue of their access and retention in
employment has become a priority today. Once immersed in a working environment, people with hearing
loss may encounter difficulties in accessing information, in communicating with other workers and in
working in safety conditions. Deafness can compromise the efficient performance of tasks and the safety of
workers because it causes difficulties in perceiving useful sound signals, understanding speech in noise and
locating the sound source in space [1]. In order to preserve a good perception of the sound environment and
to allow workers to carry out their work safely, efficiently and autonomously, a possible solution for hearing
impaired workers is to wear hearing aids at work. Indeed, hearing aid contain signal processing options that
can improve intelligibility.
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In order to estimate the intelligibility of the hearing impaired employee in the workplace, it is necessary
to characterize the hearing aid for simulating its response. Some of the options implemented into hearing aids
involve non-linear processes (noise reduction, compression …). To characterize the hearing aid, the
Synchronized Swept Sine (SSS) method developed by Novak [2] has been used in this study.
Speech intelligibility can be assessed by calculating psychoacoustic indicators. The Speech
Transmission Index (STI) [3] is a psychoacoustic indicator that quantifies objectively speech intelligibility.
The STI calculation is mainly based on the signal-to-noise ratios (SNR) estimate per octave band. To
evaluate the SNR, the background noise and useful signal levels must be estimated separately. The phase
opposition method developed by Hagerman & Olofsson [4] allows the SNR to be calculated by separating
the background noise from the useful signal. Moreover, so that the "noise reduction" option being activated,
the hearing aid must be immersed in a noisy environment. Thus, in order to successfully characterize the
hearing aid in such an environment, it has been immersed simultaneously to a useful signal and a noise
signal. The study of the "SSS + white noise" signal spectrogram at the hearing aid output shows that the
hearing aid reduces the noise in order to favor the emergence of the SSS. This observation allowed us to
consider that the hearing aid considers the SSS as a useful signal. Thus, once the signals are separated by the
Hagerman and Olofsson method, the Novak method can be applied to the isolated SSS allowing the nonlinear characterization of the processing that the hearing aid applies to the useful signal.

2

2.1

Material and method

Characterization of the hearing aid

Mild and moderate hearing losses are the most common degree of deafness. The hearing aid studied
were therefore programmed with the NAL-NL2 methodology in order to compensate the chosen moderate
degree hearing loss [5]. The hearing aid studied in this work has two programs called P1 and P2 with:



P1: omnidirectional directionality, linear amplification (no compression), no MPO (Maximal
Power Output), no noise reduction,
P2: omnidirectional directionality, linear amplification (no compression), no MPO, with
noise reduction.

As we have already noted, the hearing aid is considered as a non-linear system. The SSS method has
been used to determine the non-linear response of the hearing aid using the P1 and P2 programs respectively.
The initial and final frequencies of the SSS are 80 Hz and 12850 Hz respectively, which allowed the
calculation of SNR in the octave bands from 125 Hz to 8 kHz, essential for STI evaluation. The effect of the
speaker was cancelled by convoluting its inverse response by the SSS signal. The hearing aid has been
placed in the semi-anechoic room of the INRS. As there is no fully anechoic room, absorbent foams have
been placed on the floor to approximate full anechoic conditions. The hearing aid receiver has been
connected to a 2cc coupler which is used to represent the residual ear canal cavity containing a closed
earmold and the receiver. A free-field microphone has been also placed at this coupler output to record the
hearing aid output signals. A reference microphone located next to the hearing aid was used to record the
hearing aid input signal, assuming that the sound fields at the hearing aid input and at this reference
microphone are identical (see Figure 1). These two microphones were positioned at equal distances from five
loudspeakers. The loudspeaker located in front of the hearing aid emits the "useful" signals (SSS,
Combescure sentences, ISTS) while the other four are used to emit the masking signals (white noise, filtered
white noise, industrial noise depending on the situation studied) in order to immerse the hearing aid
homogeneously in a noisy environment. The experimental setup is shown in figure 1.
2
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Figure1: Experimental setup for hearing aid characterization
To characterize the P1 program of the hearing aid, the front speaker the SSS signal at a level of 65
dB. The signal was received and processed by the hearing aid. The hearing aid output signal has been then
recorded by the microphone in the coupler. Having access to the SSS signal at the hearing aid input and
output respectively, it is possible to apply Novak's method and determine the 𝐻𝑛 filters to identify the
generalized Hammerstein polynomial model as shown in Figure 2.

Figure 1: Representative diagram of the Hammerstein polynomial model [2]
In order to validate the characterization of the hearing aid through the 𝐻𝑛 filters, a composite ISTS
(International Speech Test Signal) and industrial noise signal has been used. The ISTS signal is an audio
recording in which a female speaker utters several sentences in six different languages. It provides a
spectrum very similar to the long-term average speech spectrum (LTASS). The input SNR has been fixed to
0 dB with the ISTS and noise levels set at 65 dB. The signal measured at the hearing aid output is then
compared to the one from the simulation using 𝐻𝑛 filters. Their respective spectra can then be compared.
Once this verification step done, STI is evaluated in a realistic context that a hearing impaired person
might encounter in the workplace. For this, we use Combescure sentences (French sentences frequently used
in speech audiometry) as useful vocal signal and industrial noise as masking signal. Using the Hagerman and
Olofsson method, it is possible to evaluate the SNR at the input (via the reference microphone) and at the
output (via the microphone located in the coupler) of the hearing aid. These two SNR evaluations allows the
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study of the hearing aid contribution to speech intelligibility in noise. Several sound scenarios with different
input SNRs are studied.
As we pointed out previously, the P2 program contains a "noise reduction" option. In this case, it is
necessary to establish a strategy to activate this feature while studying the non-linear response of the hearing
aid. By generating the SSS combined with white noise, the noise reduction function can be activated on the
one hand and using the phase opposition method applied at the hearing aid input and output respectively, the
SSS can be separated on the other hand. It is thus possible to characterize the non-linear response of the
hearing aid with the program 2. With the noise also separated from the SSS signal, a noise transfer function
is determined. The noise reduction option takes some time to reach a steady state. Therefore, the activation
time of the feature must be taken into account for characterizing the P2 program. Thus, a 15 seconds
activation phase precedes the characterization phase. Although the hearing aid considers SSS signal as a
useful signal, it does not consider it as a speech signal. For this reason, an ISTS signal was added to the SSS
signal during the characterization process so that the hearing aid could, as much as possible, treat the swept
sinus as speech. Figure 3 shows a representation of the signal used for the characterization of the hearing aid
using program 2.

Figure 2: Representation of the signal used to characterize the hearing aid
The block diagram in Figure 4 summarizes the different steps in the characterization of the P2
program of the hearing aid.

Figure 3: Summary block diagram of the P2 program characterization of the hearing aid (B = White noise)
2.2

Comparison between simulation and measurement

In order to verify that the hearing aid characterization is correct, we simulate the hearing aid processing
performed on a signal composed of Combescure sentences and industrial noise. Using again the Hagerman &
Olofson method, the Combescure sentences have been separated from the industrial noise at the reference
microphone. To simulate the hearing aid processing on the Combescure sentences, the generalized
4
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Hammerstein polynomial model is solved using the 𝐻𝑛 filters determined in the characterization process. To
simulate the treatments that the hearing aid performs on the noise, the product of the industrial noise
spectrum measured on the reference microphone is performed with the previously determined noise transfer
function. After applying the phase opposition method at the hearing aid output, we can compare the spectrum
of the noise from the measurement with the simulated one and the spectrum of the Combescure sentences
from the measurement with the simulated one as well.
As for the study of the P1 program, the evaluation of SNR by octave band allows to calculate the STI at the
hearing aid input firstly and at the hearing aid output in a second time. From this simulation and
measurement step, it is possible to observe the efficiency of the noise reducer and to verify that the STI
evaluation is similar to the measured one.

3
3.1

Results
Study of noise and speech spectra for P1 and P2

Figure 5 (left) shows frequency responses of the estimated filter Hn (n≤3) representative of the
nonlinear operation of the hearing aid using program 1. We can also see that the hearing aid has a weak
nonlinear response, the moduli of the filters H2 and H3 spectra being overall 40 dB lower than the first order
filter H1.

Figure 4: Representation of the Hn filters for the P1 program (left) - Comparison between the measured and
simulated spectra of the ISTS + industrial noise signal with P1 program (right)
After applying the verification process for the P1 program, we can compare the simulated spectrum of
the ISTS superposed to the industrial noise signal (blue) with those obtained by the measure (red) (see Figure
5 right). For the P1, the hearing aid transmits signals only between the frequencies 250 Hz and 5800 Hz as
shown by the linear H1 responses in Figures 5 (left) and the frequency responses measured at the hearing aid
output Figures 5 (right). The comparison between the measured and simulated spectra of the ISTS and
industrial noise signal in Figure 5 (right) shows that the characterization method simulates correctly the
response of the hearing aid using program P1.
Figure 6 shows the Hn (n≤3) filters representative of the nonlinear processing that the hearing aid
performs using the P2 program and the noise transfer function the hearing aid. For the P2 program, as well as
for the P1 program, the hearing aid has a weak non linear response and has the same bandwidth.

5
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Figure 6: Hearing aid frequency responses (P2) (left) and noise transfer function (right)
These Hn filters allow to simulate the treatments that the hearing aid performs on the Combescure
sentences using the P2 program. The noise transfer function allows to simulate the treatments performed on
the noise. The figure 7 right represents the comparison between the noise spectrum measured at the hearing
aid output (blue) and the noise spectrum simulated using the noise transfer function (red). The figure 7 left
represents the comparison between the speech spectrum measured at the hearing aid output (blue) and the
speech spectrum simulated with the Hn filters (red). There are discrepancies in the estimation made on the
treatments when the hearing aid uses program P2. Indeed, noise is underestimated from 3 kHz. Speech is
sometimes overestimated (1500 Hz - 5500 Hz) and sometimes underestimated (5500 Hz - 8000 Hz). The
difference between the simulation and the measurement can reach 6 dB. The differences in noise are due to
the fact that the hearing aid does not manage to treat industrial noise as effectively as it treats white noise, for
which it is the most efficient. Indeed, the stationary character of white noise makes it easily identifiable from
a speech signal, whereas noise with statistical characteristics that vary over time is harder to reduce [6]. The
differences in speech spectra are explained by the fact that the hearing aid does not process the SSS and the
vowel signals in exactly the same way (despite the presence of the ISTS during the characterization process).
Thus, although the hearing aid treats the SSS signal as a useful signal, it does not treat it exactly like a speech
signal.

Figure 7: Comparison between simulated (red) and measured (blue) spectra of industrial noise (left) and
speech (right)
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3.2

Study of SNR and STI for P1 and P2

Simulation and measurement of separate speech and noise signals allow the evaluation of signal-tonoise ratios by frequency band (octave and third octave) for both the P2 and P1 programs. Figure 8 illustrates
the comparisons between the measured SNR values at the input and output of the hearing aid and simulated
ones at the output.

Figure 8: Representation of the SNR measured at the input of the hearing aid (yellow), measured at the
hearing aid output (red) and obtained from the simulation (blue) for the programs P1 (left) and P2 (right)
To verify that the characterization is robust whatever the input SNR values, the STI was calculated for
several input SNRs using a unique characterization performed at SNR 0 dB. Figure 9 shows the STI values
as a function of input SNR for the P1 program (high) and for the P2 program (low).

Figure 9: Evolution of the STI at the hearing aid input (blue), at the coupler output (red) and from the
simulation (green) according to the input SNR
7

439

The simulated (blue) and measured (red) SNRs in Figure 9 (up) are very similar which confirms that the
characterization method is effective. The STI values are also well estimated for the P1 program. However,
we notice that the STI values calculated at the hearing aid output are extremely similar to those calculated at
the hearing aid input.
The differences observed on the spectra (see figure 7) justify the differences observed on the SNRs
measured at the hearing aid output (red) and those resulting from the simulation (blue) in figure 8 right.
Nevertheless, despite the differences observed on the SNRs between the measurement and the simulation,
the estimates made on the STI in figure 9 (down) for the P2 program are accurate. Indeed, we observe very
little differences between the estimated STI at the output of the hearing aid and the one measured according
to the input SNR. We also notice that when the hearing aid uses the P2 program, it contributes to the
improvement of the STI.

4

Conclusion

The protocol combining the experimental methods of Novak and Hagerman & Olofsson was successfully
applied to the P1 and P2 programs of the hearing aid. The study of speech and noise spectra led to the study
of SNRs, which allowed the calculation of the STI psychoacoustic indicator for speech intelligibility. This
indicator was well estimated for P1 and P2 programs. The calculation of the STI values allowed us to
conclude that the hearing aid using program P2 participated in the improvement of the STI. Despite the
differences observed in the speech and noise spectra for the P2 program, the signals are quite similar in the
subjective listening as you will hear in the oral presentation. In the following work, we will apply a new
strategy to characterize the hearing aid with other features like MPO and Compression. We will also take
into account the effect of reverberation in the calculation of the STI. Moreover, we will investigate the issue
of alarms audibility in a noisy workplace by the calculation of indicators like the TTNR (Tone To Noise
Ratio) [7].
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Abstract
Operating noise from household appliances is increasingly taken into account in buying decisions. This is
especially important for vacuum cleaners, as their sound is usually perceived as annoying. The aim of this
study was therefore to analyse the operating noise of vacuum cleaners with regard to subjective ratings and to
relate it to the overall user experience (UX), as the UX also is an important criterion for the probability of a
(re-)purchase.
For this purpose, operating noise of a vacuum cleaner with silence technology and a model without silence
technology was recorded in different usage scenarios (variants of flooring and operating modes) and evaluated
in a listening test. Furthermore, the UX of the two vacuum cleaner models was evaluated.
The results show that subjective ratings from the listening test depend on both, the usage scenario and the
vacuum cleaner model (with or without silence technology). In addition, the results indicate a correlation
between acoustic performance and overall UX.
This study shows the potential of human-centered acoustic optimization of vacuum cleaners and the
importance of acoustics for overall UX in this application area.

Keywords: user experience, UX, psychoacoustics, vacuum cleaners, household appliances.

1

1.1

Introduction

Theoretical Background

Customers are willing to pay a 14% higher charge for better acoustics from household appliances, as a study
by Fraunhofer IBP showed [1]. Yet, the survey of more than 800 participants revealed that vacuum cleaners
in German households have a particularly high potential for improvement.
When vacuuming, the user is exposed to operating noise throughout use. Although now there are maximum
values for sound pressure levels (SPL) defined [2], noises can be perceived as annoying - for example due to
noise characteristics. The operating noises are often annoying and undesirable [1] and can even have a negative
impact on the quality of life [3]. The SPL, which has to be declared by the manufacturer, provides information
about a physical value, but he customers do not learn anything about sound quality or noisiness of the vacuum
cleaner they think about to buy. This is because the SPL does not take into account environmental factors (e.g.
context of occurrence of a sound), psychological components (e.g. emergence of stress) or psychoacoustic
parameters (e.g. tonality). However, these variables play an important role in the subjective perception of noise
quality and annoyance assessment.
1
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Thus, the perception of a sound can vary from person to person [4]. This perception in turn influences the user
experience and has an impact on the likelihood of (re)purchase or a recommendation [5].
An additional problem within vacuum cleaners is the perceived link between performance and loudness customers perceive quieter vacuum cleaners as less powerful while louder vacuum cleaners are perceived as
more annoying [6]. This raises the questions of finding the right balance between perception of performance,
loudness and annoyance and how the sound quality of vacuum cleaners can be changed to avoid annoyance
and still convey high performance to the user.

1.2

Related Studies

Several studies on vacuum cleaner acoustics have been conducted. One of the most important studies for the
research questions we tried to answer in our study comes from Altinsoy et al. [7]. In 1999, they developed an
annoyance index for floor vacuum cleaners. This involved a test in which participants rated different vacuum
cleaner sounds using a semantic differential of nine pairs of adjectives. Results showed that annoyance was
influenced by the psychoacoustic parameters loudness (according to Zwicker) and sharpness, among others
[7]. In another study, Altinsoy et al. [8] attempted to develop a sound label for household appliances that
characterizes the sound quality of products more clearly and beyond SPL.
For both studies, valid sound recordings had to be made and the importance of the microphone position was
pointed out. According to Altinsoy et al., the microphone should be where the user would be located, if
possible. Moreover, it is recommended that measurements are made with an artificial head. Furthermore,
recordings should be made in realistic environments and recorded aurally correct [8]. For this reason, we
developed a new measurement setup following Altinsoy and colleagues recommendations (which is untypical
in terms of the related EU regulation [2]) to create the recordings for the listening test of our study. The
implementation and setup is described in the methods section.
Another relevant study in this context is presented by Kunio et al. [9]. They studied the sound emission of two
gearboxes: an established model and a prototype. Although the prototype had a 3 dB(A) lower sound pressure
level, its loudness was 8 sones higher according to Zwicker. In addition, its sound was rated as more unpleasant
in the listening test. Therefore, sound pressure level and subjective perception did not match [9]. Nevertheless,
the current EU regulation restricts vacuum cleaners only in terms of sound level [2].
A further issue that has received sparse attention in this context is the influence of acoustics on the UX. UX is
a concept that is most popular in software development, but is increasingly applied to hardware as well.
According to ISO 9241-210 [10], user experience is defined as the perceptions and reactions of a user before,
during and after using a product. These perceptions and reactions should be as positive as possible, so that the
user likes to continue using the product or recommends it to others. Different UX questionnaires are used to
measure this concept. A questionnaire that is suitable for the UX of household appliances is the recently
developed UEQ+ from 2019, which is a modular extension of the established UEQ (User Experience
Questionnaire) [11]. It allows to compose a questionnaire from 16 UX aspects that fits the product under
consideration [12]. The UEQ+ is used in the present study to investigate a possible connection between the
acoustics of vacuum cleaners and their UX. The role of acoustics within the overall UX is also investigated in
this study. Therefore, the study is based on the following hypotheses:
1. Vacuum cleaner models with higher and lower SPLs differ in terms of perceived acoustic parameters
(loudness, annoyance, perceived performance).
2. There is a positive correlation between loudness and annoyance.
3. There is a positive correlation between loudness and perceived performance.
4. There is a positive correlation between perceived performance and annoyance.
5. Vacuum cleaner models with higher and lower SPL differ in terms of their UX.
6. The scales of the UEQ+ differed with respect to their perceived importance.
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2

2.1

Methods

Recordings

In the first step two suitable vacuum cleaner models were identified. They differed mainly in their SPL. One
of the vacuum cleaners was equipped with a so-called “silence technology” and was representative of models
with lower SPL. The characteristics of the two vacuum cleaners are presented in Table 1.
Table 1 – Summary of the characteristics of the two vacuum cleaner models.
Characteristics
Dimensions [mm]
Weight [kg]
SPL [dB]
Rated Input Power (2010/30/EC) [watt]
Silence Technology

Model 1

Model 2

265 x 295 x 410
6,5

240 x 307 x 465
7,1

75
600
no

70
850
yes

All recordings were generated using the Squadriga II Head Acoustics headset microphone, which is worn on
the head during the vacuuming process and produces realistic binaural noise recordings. The recordings were
made in accordance with procedure described in EU Regulation No. 666/2013 [2]. Therefore, the suction
nozzle was moved back and forth one-handed in five steady moves for all recordings. Nothing was vacuumed
up, as the bags should contain a filling of 400 gram of dust at all times (which were filled in before recordings
started), as prescribed in the standard. For both test models, recordings were produced on tiles, laminate and
carpet and at three operating states (1 = low, 2 = medium, 3 = high). The floor coverings were selected
according to the study by Rukat at al. [13]. All scenarios were recorded in a laboratory where acoustic
conditions are comparable to those in an apartment or living room (reverberation time T20=0.45s).
2.2

Test Procedure

All participants were tested in individual test sessions (according to Covid-19 regulations). The tests consisted
of two parts: A UX test and a listening test. All participants first performed the UX test in order to prevent
priming to the vacuum cleaner sounds before UX testing. After the UX test, the listening test was conducted
and demographic data was collected. A total of 40 participants (mainly students) with an average age of
M=25.8 years (SD=3.48) participated in the study. 24 were female and 16 were male. Participants were paid
for their participation.
2.2.1 UX Test
The UX test was operationalized as a between-subjects design. Each participant did the UX test for one of the
two vacuum cleaner models, so each model was tested by 20 participants. During testing, participants were
given the task of vacuuming up 8 gram of confetti from a 2.16 m² floor area until it was clean. The surface
consisted of tiles, laminate and carpet in equal parts (see Figure 1) to test different flooring conditions.
Furthermore, the participants were asked to use the operating states 1 (low power), 2 (medium power) and 3
(high power) at least once during the task.
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Figure 1: Experimental setup of the UX test
To keep the task as close to reality as possible, it included a complete vacuuming workflow (e.g. picking up
and plugging in the vacuum cleaner). The suction bag was already filled with 400 gram of dust. In addition,
the lighting in the laboratory was set to match living room lighting. After the participants had tried out the
vacuum cleaner, the evaluation took place. It was carried out with the UEQ+ questionnaire (German language).
It consists of 16 individual scales that can be used to evaluate various product properties (e.g. acoustics). The
respective property is evaluated via four items, which are structured as a 7-step semantic differential.
Subsequently, the importance of the evaluated property (with regard to the tested product) was queried (see
Figure 2).

Figure 2: Example of the UEQ+ (acoustics scale)
In the present experiment, the five recommended scales for household appliances were used to evaluate the
UX. These are efficiency, acoustics, haptics, usefulness, and intuitive use [14]. The questionnaire was
presented via Limesurvey (online-tool).
2.2.2 Listening Test
The listening test was based on the specifications of ISO 16836:2006 [15]. A 2x3x3 within-subjects design
was applied. The factors model (2-level), floor (3-level) and operating state (3-level) were varied. All 18
sounds had been recorded and prepared in advance (see 2.1). They were played back aurally correct in the
listening test with the Head Acoustics Software SQuare via dynamic, open headphones (HD 600 Sennheiser)
and evaluated via tablet. The Head Acoustics PEQ V monitoring station was used for digital equalization and
amplification.
All sounds were evaluated on an 11-point scale from 0 to 10, based on the three semantic differentials loudness,
annoyance and performance. These rating criteria were selected following the ISO 16832 standard [15] and
some related studies [7,16–18]. All participants were familiarized with the tablet and the software through five
practice trials. They could listen to all sounds as many times as they wanted. After the sound assessment, some
demographic data (gender, age and experience with acoustics) was queried via tablet PC. Hearing ability and
noise sensitivity were assessed via subjective evaluation in addition.
4
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3

Results

3.1

UX Test

The UEQ+ ratings were analysed with Excel. Statistical analysis was done using IBM SPSS Statistics software.
A significance level of α=0.05 was assumed for inferential statistical calculations. The results for the subjective
evaluation of the vacuum cleaner properties are shown in Figure 3 for both vacuum cleaner models.
Furthermore, the results for the subjective importance of these properties in the both vacuum cleaner models
are shown in Figure 4.
3.1.1 Property Rating

Figure 3: Rating of the 5 properties for both vacuum cleaner models in the UEQ+. Bars indicate mean
values. Values between -0.8 and 0.8 represent a neural evaluation of the corresponding scale, values > 0,8
represent a positive evaluation and values < -0,8 represent a negative evaluation. The range of the scale is
between -3 (horribly bad) and +3 (extremely good). Standard deviation is shown in addition.
Looking at the results of model 1 (blue bars, Figure 3) the ANOVA reveals statistically significant differences
in the evaluation of acoustics and haptics (F(1, 19)=39.09; p<.000; η²p=0.64), acoustics and usefulness (F(1,
19)=8.09; p=.01; η²p=0.3) and acoustics and intuitive use (F(1, 19)=5.51; p=.03; η²p=0.23). Acoustics is rated
significant worse than the other three properties. There was no statistically significant difference between
acoustics and efficiency (F(1, 19)=0.14; p=.72; η²p=0.01). Both properties get only poor ratings in model 1.
In model 2 (grey bars, Figure 3), acoustics is also rated statistically significantly worse than haptics (F(1,
19)=10. 2; p=.005; η²p=0.35), usefulness (F(1, 19)=17.83; p<.000; η²p=0.48), and intuitive use (F(1, 19)=5.01;
p=.04; η²p=0.21). There is also no statistically significant difference between acoustics and efficiency (F(1,
19)=1.09; p=.31; η²p=0.05). Thus, as in model 1, the efficiency of model 2 and the acoustics are rated worst.
3.1.2 Importance of Properties
The differences (bonferroni corrected pairwise comparisons) in perceived importance of the evaluated
properties for model 1 (blue bars, Figure 4) show that acoustics is not rated as statistically significantly less
important than haptics (z=0.05, p=.92) or usefulness (z=-0.95, p=.06). However, it is rated as statistically
5
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significantly less important than intuitive use (z=-1.00, p=.05) or efficiency (z=2.1, p<.000). This is not the
case for model 2 (grey bars, Figure 4), where acoustics is statistically significantly more important than haptics
(z=1.58; p=.002) and equally important as efficiency (z=0.025; p=.96), usefulness (z=-0.15; p=.76), and
intuitive use (z=-0.40; p=.42). Nevertheless, the scales of the UEQ+ are partly perceived as differently
important in both models what is in line with hypothesis 6.
Figure 4 shows that both efficiency and acoustics are perceived as important in model 2. However, these
parameters get a bad rating (see Figure 3), so there would still be a lot of potential for improvement for these
properties.

Figure 4: Importance rating for the 5 properties for both vacuum cleaner models in the UEQ+. Bars indicate
mean values between -0.8 and 0.8 represent a neural evaluation of the importance of the corresponding item,
values > 0,8 represent a high importance and values < -0,8 represent a low importance. The range of the
scale is between -3 (not important at all) and +3 (very important). Standard deviation is shown in addition.

3.1.3 Overall UX Rating
The calculated overall UX Rating of model 1 is M = 0.33 (SD = 0.68) whereas model 2 achieves a value of M
= 0.95 (SD = 0.94). Therefore the overall UX rating of both models lies in the medium range, but the rating of
model 1 is still significantly lower than that of model 2 (t(38)=2.31; p=.03; d=0.73), which was assumed in
hypothesis 5. The property Acoustics in model 2 with the “silence technology” is also rated low (M=0.43,
SD=1.34), but statistically significantly better compared to model 1 (M=-0.31, SD=0.87) which had no “silence
technology”.
3.2

Listening Test

The following data was analysed using IBM SPSS Statistics software. A significance level of α=0.05 was
assumed for inferential statistical calculations. T-tests and ANOVAs with repeated measurements were
calculated. The two models were compared in terms of their perceived loudness, perceived annoyance, and
perceived performance. Additionally, the correlations between these psychoacoustic parameters were
considered.
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3.2.1 Perceived Loudness

Figure 5: The boxplots show the perceived loudness of both vacuum cleaner models for different operating
states and different flooring. The range of the scale is between 0 (very quiet) and 10 (very loud).
ANOVA shows a statistically significant difference between the two vacuum cleaner models in terms of their
loudness (F(1, 30)=162.17; p<.000; η²p=0.84). Model 2 (with “silence technology”) is perceived as
significantly less loud than model 1 for all operation states and flooring (see Figure 5).
3.2.2 Perceived Annoyance

Figure 6: The boxplots show the perceived annoyance of both vacuum cleaner models for different operating
states and different flooring. The range of the scale is between 0 (not annoying at all) and 10 (very
annoying).
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The two models also differ in their annoyance (F(1, 37)=168.80; p<.000; η²p=0.82), model 2 (with “silence
technology”) is perceived as significantly less annoying for all operation states and flooring (see Figure 6).
3.2.3 Perceived Performance

Figure 7: The boxplots show the perceived performance (according to operation sound) of both vacuum
cleaner models for different operating states and different flooring. The range of the scale is between 0
(under-performing) and 10 (powerful).
The results for the perceived performance are comparable to those for loudness and annoyance. The
performance is perceived as lower for model 2 than for model 1 (F(1, 37)=23.49; p<.000; η²p=0.39), which is
a poor rating. However, the difference between the two models is much smaller here than for loudness and
annoyance (see Figure 7).
Overall, however, model 1, the model without “silence technology”, is perceived as statistically significantly
louder, more annoying and more powerful (better performance) than model 2 (with “silence technology”).
Therefore, the results are in line with hypothesis 1.
3.2.4 Correlations
All correlations were calculated by means of repeated measurements correlation with the software R [19].
There is a strong positive correlation between perceived loudness and annoyance (rrm(679)=0.69; p<.000), a
moderately strong correlation between perceived loudness and perceived performance (rrm(679)=0.46;
p<.000), and a weak correlation between perceived performance and annoyance (rrm(679)=0.24; p<.000). Thus,
the results are in line with hypothesis 2 – 4.

4

Discussion

In the present study, two vacuum cleaner models, one with and one without a “silence technology” were
evaluated in an UX as well as in a listening test (psychoacoustic evaluation). In the UX test, the UEQ+ was
used to evaluate the properties of efficiency, acoustics, haptics, usefulness and intuitive use. In addition, the
perceived importance of the respective properties was surveyed. In the listening test, 18 vacuum cleaner sounds
(from different vacuum cleaner models vacuuming on 3 different floorings and in 3 different operation states)
were evaluated in terms of their perceived loudness, annoyance, and power level using semantic differentials.
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The results show that the model with “silence technology” (model 2) was perceived as quieter, less annoying
but also as less powerful. In addition, a strong positive correlation between loudness and annoyance as well as
a medium positive correlation between loudness and power level was shown.
The UX test shows a similar result. The model with “silence technology” (model 2) performed better than
model 1 regarding overall UX and the acoustic scale of the UEQ+. The different aspects of UEQ+ used in this
test are also differing in importance. Haptics is perceived as the least important. This is followed equally by
acoustics and usefulness and then, at a considerable distance, by intuitive use, as well as efficiency. Maslow's
Pyramid of needs could provide an explanation for this results [20]. On the first level of Maslow’s Pyramid
are the basic needs. For a vacuum cleaner, the basic need is that it reliably cleans surfaces. This basic need is
described in the UEQ+ by “efficiency” which is perceived as most important by the participants. On the next
level of Maslow’s Pyramid there’s the level of safety. For a vacuum cleaners, this includes being able to operate
it reliably and explains why intuitive use is the second most important. Both acoustics and haptics are features
that tend to satisfy individual needs. Thus, they would be on the level of self-actualization und would be
satisfied at last. This could explain why acoustics is considered rather unimportant, but is statistically
significantly more important in model 2 than in model 1. In model 2, the basic properties such as efficiency
and intuitive use are fulfilled much better than in model 1. As a consequence, the properties that serve selfactualization could also be perceived as more important. Nevertheless, there is a high potential for
improvement in the area of acoustics for the overall UX in both vacuum cleaner models, as the results of the
UEQ+ showed.

5

Conclusions

Overall, this study replicated the results of other studies evaluating the acoustics of vacuum cleaners. In
addition, insights were gained into the UX of vacuum cleaners and how it can be improved, although the study
results currently do not allow any direct conclusions about how strongly the acoustics influence the overall
UX. Further studies are planned to answer this question.
In future, especially the human-centered acoustic optimization should be considered. For this purpose, the data
collected in listening tests (perceived annoyance, loudness and efficiency) can be analysed with respect to
objective psychoacoustic parameters and prediction models for the perceived annoyance or perceived
performance of vacuum cleaners can be developed. In this way, the overall acoustic impression of vacuum
cleaners can be improved in the design process to enhance the user experience. Furthermore, the optimal tradeoff between annoyance and perceived performance could be defined and met in sound design processes. As
the preliminary study showed, this could increase sales as consumers are willing to pay 14% more for better
acoustics [1]. Furthermore, a trade-off between optimal performance and annoyance could be determined in
further studies.
Finally, the acoustics of cordless vacuum cleaners should be given particular attention in future, as these are
increasingly conquering the market. Here, improving the acoustics is much more challenging because of
weight and space issues but could essentially contribute to a better user experience and thus lead to a
competitive advantage of the manufacturer.
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Abstract
The phenomenology of time perception is highly important for auditory perception and the assessment of the
effects of sound. Pure psychic effects of sound need to refer to a definition of subjective exposure time and
dose. Time variant sounds are sequentially perceived. However, the Gestalt that is configured during the
process of perception includes uncertainties of the time axis, which can be highly individual and may show
distinctly variable scaling.
Perceived time usually refers to aspects of space. It is thus represented as a concept of subjective space-time,
which is essential for sound perception. How does this cognitive concept influence the formation of auditory
Gestalt, the decoding of nonverbal information and the psychic strain caused by noise? How does the
subjective representation of time actually correspond to the physical time?
In consciousness, transformations happen from temporal to spatial aspects of sound. The related processes
are connected to conversions of coordinate systems and subjective scaling. Audible periodicities can cause a
subjective standstill of time, a phenomenon for which the term circulatio paradox is proposed.
The formation of the subjective space-time is essential for numerous applications: interpretation of feedbacksignals, perception of music, and detection of aspects of movement in sound and music. It is also of major
importance for the assessment of emotional effects of auditory signals.
Keywords: hearing, psycho-acoustics, time perception, phenomenology, noise control.

1

Introduction

The subjective representation of time plays a major role for the assessment of the psychic effects of sounds
and music. The conscious sensation of annoying noise over a longer period provokes a stronger negative
impact than a casual perception that is interrupted by distracting activities. This is plausible with reference to
the noise of a dentist’s drill that is audible in the waiting room. Reading a journal can significantly reduce the
annoyance and moderate unpleasant expectations.
Furthermore, the question remains as to what extent the expectation of dynamic changes affects the
instantaneous perception of sound. As an example, this applies to the sudden occurrence of squealing tires,
which with reference to perceptual experience implies apprehension of the subsequent bang of an accident.
To what degree does the current and past perception of an auditory event determine the estimation of a
change in the near future – and by this means, its present effect?
The field of subjective representations of time is an element of the discussion on perceptual quality, which
has been introduced by the author in 2019 [1].
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Due to the complexity of the topic, in this paper it is only possible to provide a first approach to the
phenomenology of time perception as far as it may be relevant for hearing.
A special topic is the evidence of a subjective space-time as an essential phenomenon of auditory perception.
The establishment of subjective space-time has extensive consequences for the interpretation of acoustic
signals, such as functional feedback, musical processes and, especially, the detection of movement content of
sound and music.
Two applications of sound assessment are of major interest:
1.
2.

2

The subjective dose as assessment value of the psychic effects of sound, such as annoyance,
but also for the positive effects of sounds and music.
The estimation of the subjective response to expected sounds and the incidences presumably
connected to them.

Objective time

The existence of an objective, continuously flowing time is usually presupposed by science as well as by the
experience of daily life. This assumption of an infinite time axis allows for the imagination of a point in time
and of a time span with appropriate scaling. The time scale of imagination may comprise either a few
nanoseconds, some hours or numerous light-years. Even the space-time continuum, which quantitatively
exceeds our living environment to an extreme extent, can be accessed via notional projection of different
locations onto different sections of the time axis.
However, it can be questioned whether or not such a single time axis that covers all temporal phenomena
exists in reality. Is the specificity of the existence of time similar to the evidence for the existence of objects
that are characterized by physical and/or biological features? However, the question about the fundamental
existence of time as a given fact is of secondary importance here. Changes and movement of objects
undeniably exist. Moreover, it is observed that processes develop in a causal manner. For scientific
description of processes, an auxiliary quantity is needed, such as the variable ‘t’. This variable gains
quantitative content by means of the comparison with – obviously existent – periodic events, such as the
standardized pulsing of clocks. This variable enables the description of all kinds of natural changes with
appropriate accuracy, independently of the question regarding the objective existence of a continuous and
all-embracing time.

3

Subjective time

The subjective perspective of time appears to be totally different to the assumed evidence of objective time.
However, during daily life, we are used to align our perception of changes and duration of processes with the
aforementioned periodic references, such as a clock. By such means, we tend to support the idea of an identic
absolute time, which is valid for both physics and perception. In fact, physical assumptions are certainly not
valid for the subjective world of individual consciousness.
The subjective flow of time as experienced during the “ordinary banality of being” (adopted from
Heidegger’s term “durchschnittliche Alltäglichkeit des Daseins” [2, p. 43]) is an extremely variable
phenomenon. It is thus difficult to grasp. Furthermore, it is clearly independent from what can logically be
derived. If we imagine our perception of the present moment as a position on a virtual time axis, we stay in
the present as an intersection between past and future. This perspective of such an A type time series will
subsequently be explained in more detail.
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If we stay in the present with our view on the flow of time, neither the past nor future exist logically. If we
further sharpen our focus on the current moment, the interfaces to the past and to the future come
infinitesimally close and factually eliminate the existence of the present. However, such a logical approach to
the reality of the present does not lead to a result that is in accordance with our experience of daily life. We
feel the existence of time. In consciousness, it is evident that the present is not reduced to a quasimathematical point on the time axis. In daily life, the reality of the present covers a larger area in our
consciousness. As an example, Figure 1 shows a graphic of past, present and future depicted by a test person
[3]. Imagination of the present does not only enfold in a split second, but rather in a larger time frame that
depends on the topic considered: the next motoric activities, “this morning,” “the weeks until holidays,” “the
history of the first quarter of the 21st century,” and so on.

Figure 1 – Depiction of past, present and future by a test person, from left to right. The person comments:
“The past is solid and complete, but still influences the present and the future. The present is complex and
not only a result of the past and leading to future, thus overlapping both, but is an entity in itself (black dot).
The future is least limited but influenced by both, past and present”. [3, Fig. 22]
The subjective experience of changes is fundamentally different from what can be hypothesized regarding
the “objective” world of physics. A human being preserves the feeling of personal identity and unity
throughout their whole life. However, our perception of ourselves and of other individuals depends on
processing, storage, and memory of numerous images. These images of one subject show a strong variability
of appearance, especially in cases where our observations cover a large part of the person’s lifespan.
Nevertheless, these highly diverse images are usually assigned to this single person, who physically exists
exactly once at every point in time. Interestingly, the unity of a person is not damaged in our consciousness,
even if our impression is based on a very high number of very different pictures stored. Otherwise, the
images would show confusing multiple existences of the given person in question.
At first, recognition is characterized by the reproduction of these manifold impressions. Subjective time
provides a concept of collocation, which enables us to solve the paradox of the assignment of numerous
memorized images to one identical person (or object). By means of the assumption of a continuously flowing
time, dissimilarity of these images is plausible as a function of a scaling that clarifies change as a temporal
process. This scaling features a distinct analogy to spatial coordinate axes. We can thus paraphrase time with
attributes of spatial movement, such as the “course” or “length” of time.
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Already during the 19th century, it was known that the sequence of the months of the year can be represented
with a variety of forms in the conscious. Figure 2 demonstrates that a survey of adults and children revealed
linear, curved or closed forms of subjective representations of a year [4].
During that time, such visual phenomena triggered by non-visual content were named phostisms. Today, we
speak about ideasthesia if the representations are concept-driven in contrast to synesthetic representations
caused by sensory stimulation [5].

Figure 2 – Subjective representations of a year reported by various persons according to a survey by Theodor
Flournoy, 1893 [4].
Evidently, a transformation happens in consciousness from perceived or imagined temporal processes to
spatial models by means of variable coordinates. Such models can include different spatial concepts. They
are strongly variable with respect to scaling. They can refer to microseconds or to light-years. Scaling is nonessentially equidistant.
Acousticians are used to reference thinking about physical processes to Cartesian coordinate systems. In
common diagrams, time elapses from left to right. Intuitive plausibility of such time axis is supported by the
direction of writing in the respective culture area. This convention possibly has an influence on the
experience of time in daily life.
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The following discussion thus uses the term subjective space-time. This term should not be misinterpreted as
a reference to the relativity theory of physics.

4

Subjective space-time

The cognitive system models spatial representations of the subjective time with specific reference to the
nature of the respective process, such as the falling of a water drop or the past schooldays. For this reason, in
consciousness, numerous time series can exist in parallel. Simply spoken, they compile an available set of
measures for subjective comparison with perceived processes. A crucial feature for differentiation is the
subjective perspective of observation, which can either emanate from a point on a time axis or be uncoupled
from it [see e.g., 6].
The first case is based on the A series of time (germ. “Modalzeit”) that spans from the instantaneously
experienced present to both past and future – Figure 3 top. It grounds on the subjective point of view, which
distinguishes past, present and future with respect to the own position in the now. Beside the aforementioned
hypothesis of the non-existence of time, this approach logically enables further theses which either accept
only the past and present, or just the present, as given facts.

Figure 3 – A and B series as basic approaches on subjective time scales [7].
In contrast to the perspective of the A series, in the case of the B series (germ. “Lagezeit”) the observer is
quasi not located in time, but views the time axis from a timeless position outside – Figure 3 bottom. This
makes hypotheses imaginable that accept the whole past, present and future as to be existent all the time.
Both the A and B series of time are imagined as spatial configurations. However, the transformation into
space includes the experience of temporal movement, with time proceeding (“flying by”) alongside a line.
Movement is an essential feature of time variable sounds and of music. The auditory attribute “movement”
can be imagined as curve. Alexander Truslit developed a system for the visualization of musical movement
by means of curved lines. He stated that three principle types of movement are most appropriate for a
plausible interpretation of a composition: the closed, opened, and winding form. The musician must evaluate
which combination of forms will work best during a performance. This is accomplished by means of the
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movement of the hand and arm, like the gestures made by a conductor. Therefore, the diagrams of musical
movement are characterized by curved and sometimes circular shapes. Figure 4 shows a diagram for the
performance of a piano piece with reference to the appropriate musical movement [8]. Due to the fact that
such curves include loops, they do not represent mathematical functions in Cartesian coordinates. Time
proceeds alongside the curve. In contrast, the score is based on linear temporal progress from left to right.

Figure 4 – Movement curve depicted by Alexander Truslit with “closed” and “winding” movements for the
performance of the Rhapsody Op. 79 No. 2 by Johannes Brahms [8, p. 144].
The perspective on time according to A series does not simply refer to the coexistence of imaginations of the
past, present and future. In contrast there is a complex interaction of representations of the three categories,
as shown in Figure 5.
Edmund Husserl argued that instantaneous perception, the impression in his definition, essentially biases our
imagination and interpretation of the past, the retention. In the other direction, past experiences define our
conscious view of the present as well as our imagination of the future, the protention [9]. This corresponds to
the discussion about Figure 1.
For an assessment of the subjective effect of sound and music, it is thus not sufficient to take the present state
into account, i.e., the instantaneous stimulus, which has been in the focus of early psycho-acoustics.
6
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Moreover, the past contributes via perceptual experience. As an example, this applies to the expectation of
the progress of a sound in near future, such as the noise of an accident following the sound of squealing tires
mentioned earlier on. It is beneficial to “hear it coming.”
The subjective space-time is of great importance because cognitive transformations of temporal aspects to
spatial configurations occur. This includes coordinate systems and scaling of conceptual models. The type
and extent of the scales that are assigned to an auditory event are essential features that need to be considered
for the analysis of perception.

Figure 5 – Simplified scheme of “Modalzeit” (A series) in consciousness according to Husserl [9].

5

The circulatio-paradox

Cyclic processes, which are expressed by an audibly periodic sound are often less annoying than those with
pure random behavior. The predictability of future sensations calms psychic tension and moderates emotion.
Truls Wyller points out that the repetition of temporal sequences generally implies a specific way to master
subjective time [10, p. 79]. Cyclic processes such as the partition of days, months, years, regular bank
holidays, or religious celebrations dominate daily life. Figure 2 showed that such cycles are often represented
as closed forms in consciousness.
Various musical forms have a potential to convey the impression of a circular movement. The circulatio is a
basis for this effect. In its original meaning, it is a rhetoric figure that expresses a circular movement within a
text. In music, it usually consists of eight notes [11, p. 114ff].
With a fast tempo, this circular movement is clearly perceived. In this case, the subjective time does not
proceed alongside a linear axis, but periodically returns to its starting point. Musical movement thus “runs on
the spot”, it “marks time”. In this case, the perception is paradoxical: in spatial imagination, an obviously
dynamic and thus temporarily developing process is simultaneously assigned to a time-invariant location.
Naturally, this is only valid if the periodicity is audible. With increasing velocity of temporal changes, the
temporal aspect is finally lost. Then, the sound implies a pure spectral quality. As an example, the fluctuation
of sound shifts to roughness. From a phenomenological point of view time disappears.
The sine-sweep with increasing mid frequency of Figure 6 induces the illusion of rotation. Although it can be
described as a mathematical function within a Cartesian coordinate system, it is sensed as a circular
movement. Furthermore, it is superimposed by a virtual upwards movement. For this reason, early film
7
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sound design preferred using such sounds for rotating UFOs. Truslit depicted similar musical processes by
means of winding movement curves, e.g., the waving of Isolde in “Tristan und Isolde” by Richard Wagner
[8, plate 6].

6

Conclusions: relevance of time consciousness for auditory perception

Phenomenology collects essential approaches regarding the role of subjective time imagination for auditory
perception. However, for the definition of a subjective noise dose, further analyses in combination with
perceptual experiments are needed.
The given approaches clearly show that the effect of sound and music is not only caused by instantaneous
stimulation, but also by cognitive representation of past impact, retention, and the resultant estimation of
future progress, protention.

Figure 6 – A modulated sinusoidal sound with increasing mid frequency causes perception of rotation
or of a spiral movement curve.
At any time, retention and protention determine the instantaneous effects, which include physiological
reactions and emotions. For this reason, estimation methods that enable reliable results need to be developed.
Possibilities to evaluate general predictions based on unavoidable individual preferences need to be proven.
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The perception-driven spatial transformations of heard processes are essential for the subjective significance
of sound. This is caused by pervasive cognitive time-space transformations. The representation of time
interacts with imaginations of auditory movement. By this means, periodicities can calm – or completely
eliminate – the movement aspects of sound. A precise understanding of subjective representations of time
and movement is essential for the assessment of sound and music. The preferred ways of spatial
transformation of time need to be evaluated by means of perception experiments. The results must be utilized
for sound analysis and assessment.
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Abstract
This study aims to examine the influence of sound on the perception of the enclosure in urban street canyons
with varying height-to-width ratios (H/W). Two typical urban streets, one narrow and one wide were
modelled with street widths of 6 m and 27 m, respectively. The H/W ratio was varied from 0.5 to 6 in seven
steps by changing the height of buildings on both sides of the street. The experiment was conducted in a
virtual reality (VR) environment. For visual images, three-dimensional models of the streets were created
using visualisation software (3D Max and Adobe Photoshop) and moving vehicles were generated using
Unity. For sound stimuli, synthesized car pass-by sounds were cut into 301 pieces then convolved with 301
impulse responses extracted from acoustic software (Odeon). The experiments consisted of three sessions:
1) an audio-only condition, 2) a combined audio-visual condition, and 3) a visual-only condition. Participants
were asked to rate their subjective responses to stimuli in terms of the perceived pleasantness and perceived
source width for the audio-only condition, the perceived enclosure, perceived spaciousness, perceived
pleasantness, and perceived source width for the audio-visual combined condition, the perceived enclosure,
perceived spaciousness, perceived pleasantness for the visual-only condition. The results showed that the
perceived enclosure, perceived spaciousness, perceived pleasantness and perceived source width decreased
when the H/W ratio increased. The presentation of sound significantly influenced perceived spaciousness,
perceived pleasantness and perceived source width, whereas perceived enclosure was not affected by sound.

Keywords: Enclosure; Street canyon; Height-to-width ratio; Audio-visual interaction; Virtual Reality.

1

Introduction

Street canyons are visually three-dimensional, consisting of horizontal and vertical surfaces so that the
buildings on both sides create an enclosure. Many studies have examined the perception of enclosure in
urban environments because it is closely associated with practical planning and design strategies. More
specifically, the perceived degree of enclosure, perceived width, and perceived height have been introduced
as a dependent variable of subjective impression of enclosure [1,2]. Additionally, perceived comfort and
safety in urban environments have been evaluated because enclosure relates to the sense of comfort and
safety in such environments [3-5]. However, few studies dealt with the perceived enclosure with a presence
of sound.
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Hence, in this paper, the impact of sound on the perception of the enclosure in urban street canyons is
investigated with a range of H/W ratios. The purpose of this study is to explore whether enclosure is affected
by the presentation of sound in narrow and wide urban streets. It was hypothesised that sounds in the street
canyons would play a significant role in the perception of enclosure. It was also expected that the impacts of
sound on enclosure might be difference across the H/W ratios. 3D visual images of various streets were
created from three-dimensional models using a variation in H/W ratios. Sound stimuli were then made by
using impulse responses extracted from the computer simulations convolved with the car passing by sound
that cut into pieces. Virtual reality (VR) models were created by using 3D models, sound stimuli and 3D
visual images. Laboratory experiments were performed in order to clarify the effect of sound stimuli on the
perception of the enclosure in urban streets. Participants rated the 3D visual images and sound stimuli in
terms of perceived enclosure, perceived spaciousness, perceived pleasantness, and acoustic source width.

2
2.1

Methodology
Participants

Although our target number of participants is 30-40 participants, as this is an ongoing experiment, we
currently have data from 10 participants (8 males and 2 females) aged between 40 and 53 (M=48.2, SD=3.9).
None of the participants reported any hearing disabilities.
2.2

Street canyons

The street canyon model used in this study is identical to that of Lee and Kang (2015) [6]. The model
employs a 400 m length of the street with continuous buildings along the sides at constant heights. Two
street canyon widths of 6 m (2 lanes) and 27 m (6 lanes) were chosen to represent narrow and wide urban
streets, respectively [5]. Nelessen (1994) [7] recommended different widths for urban streets; approximately
6 m for alleys and 26.2 m for boulevards. The heights of the buildings were changed at seven steps for each
width; consequently, the height-to-width ratio (H/W) varied from 0.5 to 0.6. Similar to study of Lee and
Kang (2015) [6], the minimum height of the buildings was 3 m corresponding to the standard height between
floors, whereas the maximum heights were 36 m and 162 m for narrow and wide streets, respectively.
2.3

Stimuli

The visual stimulus material consisted of 14 images of two typical urban streets, one narrow and one wide
with street widths of 6 m and 27 m, respectively. The H/W ratio was varied from 0.5 to 6 in seven steps by
changing the height of buildings on both sides of the street. Figures 1 and 2 show the three-dimensional
street canyon models created by using 3DsMax.
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Figure 1 – Narrow streets with the building heights of 3, 6, 12, 18, 24, 30 and 36 m.

Figure 2 – Wide streets with the building heights of 13.5, 27, 54, 81, 108, 135 and 162 m.

3

463

For the VR experiment of street canyons, 3D models were prepared by using Sketch-up Software. Virtual
Reality models were created by Unity Software by using 3D Sketch-up models (Figure 3). Visual edits on
the roads and lighting were made in the Unity model to make VR environment more realistic. Moving
vehicles were generated by using Unity and Oculus Rift. The vehicles were then combined with the
convolved sound sources. Ten and 30 cars were used for the narrow and wide streets, respectively in the VR
models. Due to the difference in the cars, sound pressure levels of the narrow streets (55 dB) were 5 dB
greater than those in the wide streets (60 dB).

Figure 3 – Views from the Sketch-up models of the urban streets.

Lee and Kang (2015) [6] reported that the H/W ratios of the street canyons significantly affected the sound
fields in terms of the sound pressure level and reverberation time. In order to adjust the acoustic
characteristics of the street canyons across the H/W, the car pass-by sound was cut into pieces and then
convolved with acoustic impulse responses obtained from acoustic simulations (Odeon). Firstly, the thirty
seconds long car pass-by sound (50 km/h) was cut into 301 pieces (0.09 second each)[8].
While the receiver was fixed at one position, the 301 sound were located along the street in the Odeon. For
the narrow streets, 301 impulses responses (301 sources (in the middle of two lanes) × 1 receiver) were
extracted from each narrow street while 903 impulses responses (301 sources at 3 positions × 1 receiver))
(Figure 4) were extracted for each of the wide streets for more realistic reflections. As shown in Figure 5, the
original car pass-by sound was partitioned into 301 segments using Hamming window in Matlab for
convolution. Then three different overlap settings (i.e. 0.33 overlap, 0.67 overlap and 0.5 overlap) for
Hamming window were implemented for the convolution with 301 impulse responses to make the smoothest
and the most realistic convolved car pass-by sound. Figure 6 shows the convolved sounds with different
overlaps.
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Figure 4 – Locations of the sources at 3 positions (1,2,3) for wide streets.

Figure 5 – The visual representation of half overlap of Hamming window on the original car pass-by sound.
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Figure 6 – The final convolved moving car sound with three different overlaps.

2.4

Procedure and design

This experiment was designed to include sessions with and without the presence of sound stimuli and visual
stimuli similar to some previous studies that have compared the perception of sound stimuli in different
conditions with and without visual stimuli [9,10]. In the experiments, three sessions were considered:
1) Session 1: an audio-only condition, 2) Session 2: a combined audio-visual condition, where visual models
were provided with convolved car pass-by sounds, and 3) Session 3: a visual only condition, where only
visual models were presented.
In sessions 2 and 3, it was hypothesised that the presence of visual stimuli and varying acoustic conditions
could have had an impact on the perception of enclosure. Session 1, which only involved sound stimuli, was
designed to investigate the perception of the acoustic environment. Each participant was exposed to a total of
42 stimuli, including 14 sound stimuli (Session 1), 14 combinations of sound and visual stimuli (Session 2),
and 14 visual stimuli (Session 3). Sessions lasted for approximately 40 minutes in total, 10-12 minutes each
which are 7 minutes of stimuli and then answering the questions. In each session, stimuli were randomly
presented to avoid the order effects. A training session was carried out before the sessions began to help
participants become acquainted with the experiment. The training session was lasted approximately four
minutes and consisted of both street canyons with widths of 6m and 27m. During the training session, each
participant evaluated audio, audio-visual and visual stimuli of the main sessions.
The experiment has been conducting in the control room of the listening booth in the Fire Insurers
Laboratories of Korea. The control room dimensions are 4 m (width) x 7.5 m (length) x 3 m (height). The
background noise level was averagely 30 dBA and the reverberation time of the control room is between
0.71 seconds for 50 Hz and 0.40 seconds for 8000 Hz. All sessions of the experiment have been conducted
by using VR headset (Oculus Rift Headset) and hand controllers.
2.5

Assessment

During Session 1, with the presence of sound stimuli, the participants were asked to rate their perception of
enclosure in terms of perceived pleasantness and perceived source width. During Session 2, with the
presence of visual and sound stimuli, the participants were asked to rate their perception in terms of
perceived pleasantness, perceived spaciousness, perceived pleasantness and perceived source width. During
Session 3, with only the presence of visual images, the participants were asked to rate their perception in
terms of perceived enclosure, perceived spaciousness and perceived pleasantness. The participants rated
perceived enclosure on an 11-point numerical scale ranging from 0 (closed, not wide at all, not comfortable
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at all) to 10 (open, extremely wide, extremely comfortable). The participants also rated sound stimuli using
an 11-point numerical scale (0: `not wide at all` and 10: `extremely wide`).

3

Results

Currently only 10 participants took part in the experiment, initial findings were presented here without
statistical analyses.
3.1

Effects of H/W on subjective responses

Figure 7 shows mean ratings of the perceived pleasantness, perceived enclosure, perceived spaciousness and
perceived source width as a function of H/W in the combined audio-visual condition, respectively. Results
show that in the wide street, participants feel more pleasant, open, spacious and wide for all H/W. For the
width of 6 m, all perceived pleasantness, enclosure, spaciousness and source width decreased in the end as
the H/W increased from 0.5 to 6, although there is some increase between H/W ratios of 2 to 5. The decrease
of the perceived enclosure was significant between the H/W of 1 and 2, after H/W of 2, there are slight
increases although the existence of some small fluctuations. There is big difference between narrow street
and wide street in terms of perceived spaciousness. Although the perceived spaciousness in both narrow and
wide streets decreased with the increase of H/W, the perceived spaciousness of the wide street was always
much higher than the narrow street.

Figure 7 – The comparison between different H/W on perceived pleasantness, perceived enclosure, perceived
spaciousness and perceived source width in the combined audio-visual condition.
On the contrary to the combined audio-visual condition, in the audio-only condition, ratings of the perceived
pleasantness and ratings of the perceived source width were higher in narrow streets than the wide streets in
all H/W ratios. In the narrow street (6 m width), there were some fluctuations in the ratings of perceived
7
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pleasantness and the perceived source width while the H/W increases from 1 to 7 and the perceived
pleasantness reduced by around 0.4 on the 11-point scale while the perceived source width also reduced by
0.3. In the wide street (27 m width), although there were some variabilities in the ratings of perceived
pleasantness and perceived source width with the increase of H/W, both ratings decreased in the end (Figure
8).

Figure 8– The comparison between different H/W on perceived pleasantness and perceived source width in
the audio-only condition.
3.2

Effects of sound on subjective responses

The comparisons of mean ratings of the perceived enclosure, perceived pleasantness, perceived spaciousness
and perceived source width for narrow streets, both with and without the presence of sound stimuli can be
found in Figure 9. Both the perceived enclosure and the perceived spaciousness ratings were higher for the
visual-only condition than the combined audio-visual condition. Although both ratings of visual-only
conditions decreased for perceived enclosure and perceived spaciousness, the ratings were fluctuated for
perceived enclosure while there was a slight decrease in the perceived spaciousness. It can be seen from the
perceived pleasantness in Figure 9 that the ratings of perceived pleasantness were higher for the audio-only
condition, followed by visual-only condition and combined audio-visual condition.
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Figure 9– The comparison between visual-only, combined audio-visual and audio-only conditions on
perceived enclosure, perceived pleasantness, perceived spaciousness and perceived source width in the
narrow streets (6 m width).
For the streets with a width of 27 m, the perceived enclosure ratings of combined audio-visual condition
were relatively less attenuated than the ratings of visual-only condition. When the perceived spaciousness in
visual-only condition and combined audio-visual condition, it can be stated that the perceived spaciousness
ratings were higher for the visual-only condition than the combined audio-visual condition for the lowest and
highest H/W ratios although the ratings of perceived spaciousness decreased for the combined audio-visual
condition while the rates increased for the visual condition between the H/W of 1-3. According to the
perceived pleasantness in Figure 10, the ratings were lower for the audio-only condition than the visual-only
condition and combined audio-visual condition.
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Figure 10– The comparison between visual-only, combined audio-visual and audio-only conditions on
perceived enclosure, perceived pleasantness, perceived spaciousness and perceived source width in the wide
streets (27 m width).

4

Summary

The effect of the sound environment on the perceived enclosure, perceived spaciousness, perceived
pleasantness and perceived source width in urban street canyons has been investigated through laboratory
experiments. The height-to-width ratio (H/W) varied from 0.5 to 6 for street widths of 6 m and 27 m,
representing narrow and wide urban streets. The initial results showed that the impact of road width
significantly affected perceived enclosure whereas the impact of road width on perceived pleasantness was
not significant in the presence of sound stimuli. In addition, the results of the audio-only condition and
visual-only condition showed big differences in the subjective rating. However, this is an ongoing study so
further analyses will be conducted with 40 participants.
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The limen of azimuth as a Function of Frequency
and Interaural Level Difference
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Abstract
In order to explore the limen of azimuth as a Function of Frequency and Interaural Level Difference(ILD),
this article uses the artificial head to record the sound sequences in different azimuths (0-90°, the interval
of 1°) at different frequencies (350 Hz,1000 Hz, 1600 Hz, 2500 Hz and 4000 Hz). The ILD test sequences
are generated from the audio at 0°. This experiment adopted the traditional test methods（1 up/2 down
and 2AFC）. The results showed that: in the middle and low frequency range, as the angle moves from the
vertical surface of the human ear (0°) to the left ear (90°), the overall ILD tends to decrease, and the human
ear used the ILD to perceive the location of sound source from insensitive to sensitive. However, at high
frequency, the JND value of ILD of azimuth has a different variation trend when the cut-off point is 45°.
This work will provide basic data for comprehensive exploring perceptual characteristics of the human ear.
Key words: horizontal azimuth, spatial audio coding, binaural cues, Interaural Level Difference, just noticeable difference

0

The Interaural Level Difference(ILD) plays a
leading role at high frequencies. Yost [2] confirmed
that the JND value of ITD between 0°and ±90°is
linearly related to the horizontal azimuth; when it
exceeds ±90°, the sound image will appear in multiple positions, usually on both sides of the
head .The horizontal azimuth with ILD stimulation
is linearly related to the JND value of ILD up to 415db. Grantham and Hornsby et al. [3] confirmed
that the MAA (minimum audible angle) threshold is
the lowest in the horizontal plane, and the MAA
threshold in the vertical plane is the largest. In a
specific frequency region, the ILD of the audio
signal presented on a diagonal 60°may be higher
than that of the horizontal presentation. The audio
signal with the same horizontal range has a larger
ILD. Corey [4] proved that the JND value of binaural clue ITD and ILD increases as the difference
between binaural frequencies becomes larger, and
its value increases as the width of the frequency
band becomes narrower. Hartmannh and William
M. et al. [5] confirmed that the naturally occurring
ILD is physically strong enough to affect the localization of the sound source below 1000 Hz. When

Introduction

In recent years, with the emergence of Internet
technology and the rapid development of computer
science and technology, people's living standards
have been significantly improved. VR (Virtual Reality), 3D theater, stereo surround music, etc. have
become popular among the public, making 3D Audio and video technology become a current hot
research field. With the rapid development of 3D
video technology, 3D audio has become the mainstream research direction in the acoustics industry.
About how to obtain better spatial immersion and
higher coding efficiency, there have been many
studies on the spatial orientation perception characteristics of 3D audio binaural clues at home and
abroad. The most basic theory of human perception
of sound source location is Rayleigh [1] proposed
the "duplex theory" based on binaural clue difference to confirm the human ear to determine the
location of the sound source. The Interaural Time
Difference(ITD) plays a leading role in the location
of low-frequency sound sources.
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the ILD is increased to a large value, the front and
rear directions will be confused, and the pitch will
be localized. The relationship with the transition
section is more direct than the relationship with IPD
(interaural phase difference). Watanabe K, Nishiguchi M et al. [6] confirmed that the personalization of HRTF (head related transfer function) and
ITD/ILD may be affected by non-personal HRTF
spectrum. Goupell, Matthew J et al. [7] proved that
the JND of ILD is greatly increased due to interaural decorrelation. If a well-resolved heterogeneous interferent is added, the JND of the ILD depends on the frequency, and the performance is
worst when the target frequency is close to 1000 or
4000 Hz. Laback B, Dietz M et al. [8] confirmed
that various temporal effects in ILD perception,
including binaural effects, are largely attributed to
the per-aural hearing processing, including target
ILD thresholds with different front and back
boundaries and different ILD threshold for interaural correlation. Chantal van Ginkel et al. [9]
measured the discrimination threshold of the interaural time difference (ITD) and the interaural
level difference (ILD) of low-frequency or lowfrequency interference (simulating auditory targets),
which indicates the binaural interference (more
consistent in ILD) and the impact of the physical
spectrum overlap (on the earth). Reducing spectral
overlap between 1000 Hz and 3000 Hz will continue to increase relative sensitivity.

level difference (ILD) , and the low-frequency audio signal is the interaural time difference. ITD has
a significant effect in the horizontal direction, and
some frequencies are binaural. The cues work together, except for the influence of frequency [11].
The angle change of the reference sound will also
affect the JND value of the binaural clues. According to experimental studies, when the sound source
moves from the mid-vertical line to the two sides of
the human ear, the JND of the interaural level difference (ILD) is reduced, and the binaural positioning of the sound sources are increasingly blurred
[12].
The above research shows that in the process of
exploring the sound source location of the human
auditory system, the human ear uses the interaural
level difference (ILD) to be sensitive to the perception of spatial azimuth. There are also related theories that prove the sound source on the horizontal
azimuth. There is a relationship between interaural
level difference (ILD) and frequency [13]. However,
there are still some shortcomings: ①For the selection of frequency, the frequency of a certain frequency band is generally selected to study the perception characteristics of interaural level difference
(ILD), and there is a lack of detailed frequency
classification research. ②There are a few problems
in considering the research of interaural level difference (ILD) perception characteristics using the
horizontal azimuth as the reference audio. Therefore, based on previous scholars’ research on the
influence of interaural level difference (ILD) and
frequency on sound source localization, this paper
selects 9 frequency bands (including low frequency,
intermediate frequency, and high frequency) in the
horizontal azimuth medium. The angle audio is
used as the reference sound and the test sound generated according to the extraction rules to form a
test sequence to study the interaural level difference
(ILD) perception characteristics, and obtain the
functional relationship between the frequency and
the horizontal azimuth angle and the interaural level
difference (ILD), which further improves the quality of spatial audio coding.

Since the human auditory system mainly relies
on binaural cues in distinguishing the direction of
the sound source in space, that is, the interaural
time difference (ITD) and the interaural level difference (ILD), when the sound source moves in the
horizontal direction, the Interaural time difference
(ITD) and Interaural level difference (ILD) values
are also changing, but the human ears may not immediately perceive the change in the sound source
position at this time, only when the binaural clue
ITD or ILD reaches a certain one. When the threshold value is just noticeable difference (JND) [10],
the human ears will perceive the change in the location of the spatial sound source. A large number of
studies have found that the just perceivable JND
value of binaural cues ILD and ITD will be affected
by factors such as audio signal frequency, signal
type, and sound source distance. For highfrequency audio signals, the location of the horizontal sound source position is obviously the interaural

1

Feature extraction

To extract ITD, ILD and IC [14], the method is to
separate the multi-channel audio signal by time and
frequency, and then divide the sub-band spectrum
2
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of the multi-channel audio signal. Finally, the spatial parameters are extracted from the divided subband spectrum.

aural clue ITD and ILD respectively. The audio
parameters of these experiments show that there is
currently no standard specification for the optimal
parameters established for the audio database.
Based on previous research, this experiment uses 5
frequency bands (350Hz, 1000Hz, 1600Hz, 2500Hz
and 4000Hz) and 9 horizontal azimuths (0°, 10°,
15°, 20°, 30°, 45°, 60°,75°,90°).

For the extraction of interaural level difference
ILD clues, x1 (t) and x2 (t) are the sub-band energy
ratios corresponding to the input signal, and the
calculation formula is shown in 2.6:

2.2

(1)

The experiment in this paper is based on the research of previous scholars, using an improved
psychological audiometry system 2AF[17] and
2down/1up[18]. 2AF, Two alternative forcedchoice. The subject was asked to listen to a test
sequence containing a reference sound and a test
sound, and then based on his subjective feelings to
make a choice within a second which sound was
more to the left of his ear. 2down/1up is also a way
of psychological adaptive testing. Each subject will
be trained in multiple sets of listening orientation
recognition, and the result of the last listening selection will have an impact on the generation of the
next set of test sequences.

When the binaural cue coding technology extracts spatial parameters, it mainly focuses on three
parameters: ITD, ILD and IC. The Interaural time
difference mainly acts on the low frequency, so the
extraction of ITD is mainly in the low frequency
area, and the interaural level difference mainly acts
on the high frequency, so the extraction of ILD is
mainly in the high frequency area, and the extraction of the interaural correlation IC is in the full
frequency range.

2

Experimental setup

2.1

Audio data preprocessing

Experimental method

2.3

The design and improvement of the audio database
is the key to the perception of spatial orientation.
There are many ways for different authors to obtain
and process audio data, but most of them are based
on the audio signal type, audio frequency, filtering
technology, audio format and other attributes. Literature [2] selected the values of ILD as 0dB, 9dB,
15dB to measure the relationship between the azimuth angle and the interaural level difference (ILD)
in the horizontal azimuth. Literature [5] studied the
effect of interaural level difference (ILD) for the
location of the free field source of low-frequency
250-750 Hz sine tones. Literature [6] estimates the
interaural time difference (ITD) from the anthropometric parameters of the listener. By replacing
the ILD of the non-personalized HRTF with the
HRTF of the listener, the HRTF can be personalized. Literature [15] used the critical frequency
band to select the narrowband noise of 250Hz,
500Hz, 1000Hz and 4000Hz to test the JND value
of interaural level difference (ILD).Literature [16]
selects pure sine tones with a frequency in the range
of 20~15.5kHz, and divides the audio signal into 24
frequency bands using the principle of critical frequency band division to test the JND values of bin-

Experimental steps

In this experiment, the horizontal azimuth angle
was used as the medium to test and analyze the
JND value of the ILD. Using HRTF function to
obtain key technology [19], scholars have done a
lot of research, this article uses Wuhan University
Hu Ruimin, Wang Heng, etc. [20] to invent a threedimensional space perception sensitivity measurement device, using this device can change the azimuth angle of the sound source which is relative to
the artificial head and realize the follow-up test,
which greatly improves the test efficiency. This
article uses artificial head recording. First, the 9azimuth audio is divided into 5 groups according to
the frequency. Each group has 9-angle reference
sounds and the system-generated test sounds to
form a test sequence for subjects to listen to. A total
of 45 sets of tests are required for a round of testing.
The test experiment is based on the Windows 10
system and the MFC dialog box system. The system flow chart is shown in Figure 1.
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subjects are averaged to obtain the just noticeable
difference(JND) of interaural level difference (ILD)
corresponding to 9 horizontal azimuth angles under
5 frequency tables. Organized into the following
table 1.
Table 1-The JND values of interaural level difference(ILD) of 9 horizontal azimuths of 5 frequencies, and the measured values are represented by
ILD (dB)
350Hz

1000
Hz

1600
Hz

2500
Hz

4000
Hz

0°

0.23

0.20

0.19

0.15

0.18

10°

4.68

3.13

3.99

1.78

0.18

15°

4.53

3.30

3.60

1.45

0.16

20°

4.48

3.85

3.89

1.18

0.12

30°

4.95

4.01

4.25

1.12

0.09

45°

3.95

1.83

2.52

1.40

1.05

60°

0.80

0.38

0.63

3.57

4.67

75°

0.38

0.22

0.23

2.55

4.18

90°

0.27

0.18

0.26

0.05

0.08

3.2
Analysis of Interaural Level Difference
(ILD) Test Data of Horizontal Azimuth
3.2.1 The relationship between the ILD of the
horizontal azimuth and the frequency
It can be seen from Figure 2 that there is an obvious
relationship between the horizontal azimuth ILD
and the frequency. When the azimuth angle is 0°
and 90°, the ILD fluctuation of the horizontal azimuth angle is not very obvious, and its value is
about 0.2dB, which means that the human ear is
very sensitive to the audio azimuth perception at
these two angles, and the sound source changes can
be accurately sensed. When the horizontal azimuth
angle is greater than 45°, the ILD of the horizontal
azimuth angle increases with the increase of the
frequency, which means that the human ear is less
and less sensitive to the sound source, and the maximum value appears at 4000 Hz. At that time, the
human ear has a very fuzzy perception of the azimuth of 60°and 75°, and even cannot distinguish
the location of the sound source; in addition, when
the horizontal azimuth angle is below 45°, the ILD
of the horizontal azimuth angle gradually decreases
as the frequency increases as a whole, and the human ear is more and more sensitive to the sound

Figure 1 – Flow chart of experiment

3

Analysis of results

3.1 Raw data processing
After 2 months of repeated testing, 6 subjects completed the interaural level difference (ILD) perceptual characteristic test for 9 azimuth angles in 5
frequency bands. In this section, the test results of 6
4
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source. The horizontal azimuth ILD has a slow
upward trend at 1000Hz～1600Hz, and a minimum
value appears at 4000Hz, which indicates that the
human ear is sensitive to the sound source at this
time. The perception is very sensitive, and it can
accurately determine the location of the sound
source. It can be seen that when the frequencies of
1600 Hz and 4000 Hz are relatively special frequencies, the ILD of the horizontal azimuth angle
appears at the extreme point at the two frequencies
of 1. In addition, the azimuth angle is 45° as the
demarcation point, which is divided into two kinds
of curve change trends. The analysis shows that in
the low frequency range, the human ear uses the
interaural level difference to perceive the change in
azimuth. In the high frequency range, the human
ear uses the interaural level difference to perceive
the change in the azimuth. But when the horizontal
azimuth angle is closer to the left ear of the human
ear (90°), the human ear’s perception of the sound
source's azimuth becomes more and more blurred.
Even during the test, a hissing noise appears during
the audio test of the high frequency band near 90°.
The tester cannot distinguish the test sequence well,
which affects the real result of the actual test.

audio sequence moves from 0°to the left ear 90°,
the value of ILD also changes from large to small.
When the azimuth angle of ILD is below 10°, ILD
presents a straight upward trend, and the human ear
is less and less sensitive to the sound source; in the
range of 10° to 30°, the value of the ILD of the
horizontal azimuth angle does not fluctuate much,
but the ILD value of the horizontal azimuth angle is
about 4dB, which means that the human ear does
not clearly distinguish the test sequence within this
angle range; above 30°, the ILD of the horizontal
azimuth has a linear downward trend, until a slow
downward trend appears above 60°, and the human
ear gradually becomes more and more sensitive to
the position of the sound source.
When the high frequency range is above 2500 Hz,
as the horizontal azimuth angle rises from 0°to 90°,
the ILD value of the horizontal azimuth angle has a
trend of firstly increasing and then decreasing. Below 60°, as the angle increases, its ILD value also
gradually increases, and there is a straight upward
trend from 45°to 60°. The human ear is less and
less sensitive to the perception of the azimuth in
this angle range.The ILD value of the horizontal
azimuth angle above 60°gradually decreases with
the increase of the angle, the human ear's recognition of the sound source becomes more and more
obvious. Theoretical analysis shows that the human
ear has no obvious effect on the use of interaural
level difference in the low frequency band to distinguish the sound source, and it plays a major role
in the high frequency band. However, from the
experiment, it can be known that in addition to the
influence of frequency, the angle of the horizontal
azimuth angle also has an obvious effect on the
human ear to distinguish the azimuth. It is more
sensitive to use interaural level difference ILD to
perceive the sound source at an angle close to the
human ear. The human ear uses interaural level
difference ILD to discriminate the position of the
sound source below 45°.

Figure 2 – Relationship between horizontal azimuth and frequency and ILD
3.2.2 Relationship between horizontal azimuth
and ILD
It can be seen from Figure 3 that the relationship
between horizontal azimuth and ILD is affected by
frequency. When it is below 1600 Hz in the low
frequency range, as the horizontal azimuth of the
5
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(2)
The spline curve S(x) is a formula defined in sections. Given n+1 data points and a total of n intervals, the cubic spline equation satisfies the following conditions:
a. In each segment[xi , xi+1]（i = 0, 1, …, n1，x increases), S(x) = Si(x) is always a cubic polynomial.
b. Satisfy S(xi) = yi （i = 0, 1, …, n ）.
c. S(x), derivative S '(x), second derivative
S''(x) are continuous in the interval [a, b], that is, the
S(x) curve is smooth.
So n pieces of cubic polynomials can be written as:

Figure 3 – Relationship between horizontal azimuth and ILD

(3)

3.3 Surface Fitting of Binaural Cue Perception
Characteristics Based on Horizontal Azimuth

Among them, ai ,bi , ci , di , represent 4n unknown
coefficients.

In this experiment, it took a lot of time to test the
JND value of the binaural clues of the horizontal
azimuth angle, and the data obtained is also the
points where the binaural clue values of the horizontal azimuth angle are discrete at different frequencies, and it can't describe the relationship
among the three attributes more accurately. At present, scholars at home and abroad mainly use three
techniques to deal with discrete points, including
approximation, interpolation and fitting methods
[21]. Surface fitting is mainly a method of using
known finite points to construct unknown points.
These unknown points conform to the original law
of surface change. Interpolation is an important
method of discrete function approximation. Using
interpolation, the approximate value of the function
at other unknown points can be estimated from the
value of a finite number of known points. The current mainstream interpolation methods include
nearest neighbor interpolation, cubic spline interpolation, Linear interpolation and cubic interpolation.
This paper uses cubic spline interpolation. In numerical analysis, this interpolation method is mainly through the use of piecewise polynomials for
interpolation. This polynomial is a spline, so that
the interpolation error can be minimized [22].

In order to obtain more comprehensive data, this
section will use interpolation to interpolate the interaural level difference (ILD), horizontal azimuth
and frequency to obtain a three-dimensional surface
for comprehensive analysis. The first is frequency
interpolation. The test frequency in the experiment
selects audio signals in 5 frequency bands. These 5
frequencies are located in the low frequency, mid
frequency and mid high frequency bands respectively. According to the bark frequency band division, the critical frequency of these 5 frequency
bands is selected as the interpolation point. The
frequency interpolation points are listed in Table 2.
Table 2 - Interpolation frequency selection
serial number

1

2

3

4

5

Interpolation
frequency
(HZ)

50

100

250

570

840

serial number

6

7

8

9

Interpolation
frequency
(HZ)

1370

2150

3400

4800

Then there is the angle interpolation of the horizontal azimuth, because the JND value of the bin-

Suppose there are the following nodes:
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aural clue will gradually increase as the horizontal
azimuth angle moves from the human ear's lobe (0°)
to the left ear (90°). Therefore, the larger the horizontal azimuth angle, the sparser the selected interpolation points will be. According to the symmetry
principle of binaural perception, this experiment
carried out 0°to 90°azimuth measurement. Therefore, based on the JND value of the measured binaural clue of the horizontal azimuth angle, the selected interpolation point angles are shown in Table
3..

level difference (ILD) to perceive the horizontal
azimuth angle below 45°, which is slower than that
of the horizontal azimuth angle above 45°, indicating that the human ear is more accurate in identifying the sound source near the left ear (45°~90°) in
the high frequency range.

Table 3-Selection of interpolation angles
serial number
interpolation
angles

1

2

3

4

5

6

7

8

9

5

25

35

40

50

55

65

70

80

Finally, according to the selected interpolation
points, a cubic spline interpolation method is used
to draw a three-dimensional surface graph of the
horizontal azimuth angle and the interaural level
difference (ILD) and frequency.

Figure 4 – Cubic spline interpolation surface of
horizontal azimuth and frequencyand ILD

4
3.3.2 Surface interpolation of horizontal azimuth
angle and ILD and frequency

Conclusions

In spatial audio coding, interaural level difference
(ILD) plays an important role in spatial audio localization. According to the past research on the Just
noticeable difference of the interaural level difference (ILD) of spatial audio, the JND has a narrow
range of frequency bands, and the interaural level
difference (ILD) and Interaural time difference
(ITD) are mixed together to test the just noticeable
difference. The specific relationship between the
interaural level difference (ILD) and the azimuth
angle cannot be accurately obtained. It is proposed
that the horizontal azimuth angle is used as a medium to perceive the perceivable value of the interaural level difference (ILD) of the horizontal azimuth
angle JND. The results show that the location of the
sound source using the horizontal azimuth as a medium not only depends on the interaural level difference (ILD), but also the angle change of the horizontal azimuth has an important influence on the
binaural perception of the sound source azimuth.
Therefore, when spatial audio coding technology is
used for quantization and coding of multi-channel
audio signals, not only can the binaural cue parameters and the just noticeable difference JND be used
to efficiently compress and encode the audio information of the multi-channel audio signal, but it can
also reduce data redundancy according to the posi-

According to the analysis of the curved surface in
Figure 4, the relationship between the horizontal
azimuth and the frequency and the ILD of the horizontal azimuth can be obtained:
(1) From the perspective of the horizontal azimuth of the reference sound, when the sound source
moves from the vertical plane of the human ear (0°)
to the left ear (90°), the human ear is more sensitive
to use the binaural intensity difference (ILD) to
perceive the direction of the sound source.
(2)From the perspective of frequency
(50Hz~4800Hz), theoretical research shows that the
human ear plays a leading role in distinguishing the
sound source azimuth in the high frequency range.
The interaural level difference (ILD) plays a leading role in this experiment. Below 4000(Hz), the
value of the interaural level difference (ILD) of the
horizontal azimuth angle near the human ear (below
45°) is lower than the value near the left ear (90°),
indicating that the human ear is more sensitive to
the sound source near the human ear in the low
frequency band by using the interaural level difference (ILD), and the perception is slow as the sound
source moves near the left ear; in addition, the opposite trend is shown in the high frequency range
(above 4000Hz), the human ear uses the interaural
7
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tion information provided by the horizontal position
angle, thereby reducing the amount of data transmitted by the audio signal and improving the quality of audio data transmission. In addition, due to the
limitation of experimental time, only the perceptual
characteristics of the interaural level difference
(ILD) of the horizontal azimuth angle are currently
studied. The next research can explore the interaural time difference (ITD) and the interaural correlation of the horizontal azimuth angle. The influence
of (IC) on the sound source position provides a
more complete research foundation for spatial audio
coding research.
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Abstract
In addition to many disruptive consequences in society, the COVID-19 pandemic has also posed challenges
on experimental research. The resulting limitations on gatherings of people impeded the attendance or
participation of human subjects in experiments. In the context of subjective assessment of sound stimuli by
people, listening tests in a laboratory could in principle be replaced by online listening tests, which are
moreover more easy to organize for larger amounts of subjects. However, in case of online presentation of
sounds, the test environment is not controlled and different apparatuses can introduce a bias in the results.
For listening tasks involving sound source localization, compared to loudspeakers, the use of headphones
and auralization of sounds taking into account the Head-Related Transfer Function (HRTF) are beneficial.
Some psychometric listening tests require a particular excitation level in order to guarantee the consistency
of the results over different test people and conditions. When a listening test is offered online, then the
listening people typically do not have measurement tools around for reliable quantitative level calibration.
The question is whether a subjective calibration method could be developed, which is based on the possible
ability of a listening person to equalize a given stimulus to a defined level, based on his or her acoustic
memory.
In this work, an unsupervised subjective method for level calibration of online presented sound has been
investigated on 17 test persons, using pre-recorded speech of a female speaker as a reference signal. The
subjectively iterated level was then determined by making use of calibrated reference headphones. The
accuracy of the proposed method relies on the classification of the participant practice in terms of speech
loudness using a survey prior to the test procedure. The described procedure, which is easy to implement and
requires only a few minutes, was found to yield a prediction accuracy of ± 3.8dB.
Keywords: Psychoacoustic, perception, listening test, level calibration, online experiment.
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1

Introduction

The COVID-19 pandemic has impacted our society at multiple levels [1], [2] including experimental and
behavioural research. In the field of perceptional acoustics research, the conduction of listening tests has
often been suspended to limit the propagation of this pandemic. As a result, listening procedures were
needed to be performed differently, often by remote participation to ensure contact-free experiments. Online
platforms [3] have been a popular option [4]–[7] in this research field, offering a safe approach to gather
subjective data, as well as an alternative to in-laboratory experiments. A number of platforms allow the
development, hosting and sometimes even recruitment of behavioural experiments including Pavlovia [8],
[9], Amazon’s Mechanical Turk [10] especially through the open-source framework psiTurk [11], WebExp
[12], Gorilla[13], jsPsych [14], Lab.Js [15], and Worldlikeness [16]. Such test environments also provide a
way to disseminate a listening procedure to a larger [17] and more diverse audience, as they are no longer
limited to the people living around the research facilities. Everyone could potentially attend, including
participants from other countries [18].
Recent studies tackle the concern regarding the quality of datasets acquired through online experiments
provided that a careful and suitable design of the experimental task is implemented [19], [20]. However, a
controlled environment cannot be guaranteed within online listening experiments, thus not systematically
assuring a defined background noise, level of the excitation stimuli, type and placement of headphones or
speakers used.
Several types of listening tests require a particular level of presentation of stimuli, due to the leveldependence of the auditory perception. These experiments are often, but not exclusively related to the
discrimination of spectral coloration, i.e. the changes in frequency distribution between stimuli, which, due
to the non-linear perceived frequency response of the human auditory mechanism [21], [22], is level
dependent, as demonstrated by the equal loudness curves [23].
In this context, in online experiments, where test persons are not equipped with pre-calibrated listening
devices or calibrators, it is challenging to accomplish presentation of stimuli at a certain level of excitation.
Typically, reports on research that made use of online tests mention this complication, but they do not
mention how the issue was tackled. In some speech-related studies, participants were requested to calibrate
the volume of the experiment by matching a defined speech to either a comfortable level [24]–[26] or to their
own convenience [27]. The latter case consists of adjusting the level of speech stimuli to sound natural, i.e.
to commonly encountered vocal levels, without providing specific conditions to help visualizing a reference
level.
In this work, we have developed a subjective method of level calibration of listening tests using a prerecorded speech and assess its consistency over a defined test population. In the following, first the method is
presented. Next, the experimental conditions are depicted. The performance of the method in terms of
targeting a certain sound pressure level of presented stimuli proposed method is discussed, and a perspective
is given on potential refinements.

2

Proposed calibration method

The concept of the proposed calibration method is to use a sound known and employed on a daily basis by
the potential participant to a listening test. The stimulus should have a sound pressure level relatively
constant under given conditions to be used as a reference. Speech satisfies this condition in case of a low
background noise exposure [28]. In this study, the average sound pressure level of speech was assumed to be
55dBA. This level lies within the optimum level range of speech to minimize the listening difficulty in quiet
environments [29]. The sound pressure level of speech in case of noise exposure is influenced by the
Lombard effect, inducing a rise of the voice level and pitch related to the level of the exposed noise [30].
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Other studies have shown a similar vocal level when exposed to a soft background noise (around 50dBA)
[31], [32] varying from 57dBA to 62dBA.
Speech fragments are characterized by relatively constant sound pressure levels, and are good candidates to
be used as calibration signals of which the level can be recalled from people’s auditory memory. The process
of remembering the level of a typical speech introduces some inaccuracy in the calibration level, but is
expected to remain within an acceptable range.

3

3.1

Experimental conditions

Apparatus and participants

The assessment of the proposed calibration method has been performed under two distinct experimental
conditions.
The first test session was conducted in a 125m3 semi-anechoic chamber. The participants were seated at a
desk disposed in a corner of the room. The stimuli were digitally broadcasted from a desktop computer
located outside of the anechoic room using a Scarlett 6i6 (Focusrite®) patched to a listening test unit HPS IV
(Head Acoustics®) using SPDIF protocol. The stimuli were generated by open-back headphones HA II.1
(Head Acoustics®) connected to the listening test unit.
The second test session was performed in a classroom without any significant noise exposure. To avoid noise
interfering with the test, the experimental sessions were scheduled outside the school breaks. The listening
equipment was composed of a Scarlett 8i6 3rd Gen (Focusrite®) and high-end open-back headphones HD650
(Sennheiser®).
Two different setups have been used for practical reasons. They had similar performance and were calibrated
with pink noise using a dummy head HMS III (Head Acoustics®) in a semi-anechoic room. Headphones
were used in both cases as the related listening tasks involved some source localisation for whom these
devices are beneficial in combination with the use of the adequate Head-Related Transfer Function (HRTF).
Both devices were operated at a sampling frequency of 48kHz with 16bits depth. A computer monitor was
used to display the graphical interface under the two conditions. The participant interacted with the interface
by means of a standard computer keyboard and a silent mouse (Logitech® M220).
The listening procedure was conducted on 17 sighted people, among which there were 9 women and 8 men
from 20 to 59 years old. All participants volunteered to conduct this experiment and prior to the test had
given an oral informal consent to use their contribution within a research context. No compensation was
given to any participant. The hearing performance of the test people was not assessed. However, they were
asked if they suffered from any hearing impairment or were often exposed to loud noise/sounds. The
experiment also kept track of participants speaking at a particularly loud level. In the case where the
participants had any hearing impairment or experience with noise exposure, they were labelled under a
“special” category. The participations were anonymized and classified with an arbitrary number.
Six participants (P[1: 4, 6: 7]) used the first apparatus and 11 people (P[5, 8: 17]) used the second one. Some
participants performed multiple tests on different days to assess the consistency of this test within a subject
as well as to increase the statistical samples of this study. The participant labelled as P1 corresponds to the
designer of this experiment. Participants P[1: 7] had some experience performing listening tests. The others
were novice participants.
Participants P[13: 17] have been included in the special group, corresponding to the people with potential
underestimation of speech level due to either a hearing related issue or an abnormal voice level.
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These participants were included in this group for the following reasons:
• P13: Participant speaking loudly,
• P14: Aged person with known mild hearing loss (< 40dBHL),
• P15: Person with known hearing loss, having a history of attending loud events,
• P16: Participant working with loud equipment, often listening to loud music and sounds with closedback headphones,
• P17: Person wearing earbuds before the test with significantly audible music, suggesting a listening
experience at high sound pressure level.
3.2

Stimulus

The stimulus intended to be used as a calibration signal was a recorded speech fragment spoken by a Belgian
female speaker who was fluent in English. This speech was recorded with a lapel microphone (Sennheiser®
MKE-2P) placed 5 cm in front of the speaker's lips and mounted on a fitness headset support (Samson® Qe).
The speaker was seated at a table of a quiet office. The recited text fragment was taken from the abstract of a
biography of Katherine Johnson [33] in English. The speech level was not equalized between sentences, in
order to keep organic features of the recording, therefore sounding natural to the listener. The complete
recording was 66 seconds long and was split into 2 parts to avoid loss of attention span or even irritation of
the participant by listening to the same sound for a repeated number of times, required to assess the validity
of such method.
The duration of the pauses between sentences was kept as original and varied from 0.4 to 0.8s.
Most of the energy of the speech was located between 200Hz and 2.8kHz (-26dBFS, i.e. 95% of the sound
pressure) as seen in Figure 1. The spectrum contained several peaks in the range between 200 and 700Hz,
which could be assimilated as main formants of this speech and are respectively located at 200Hz, 400Hz,
575Hz and 700Hz.

Figure 1. Spectrum of recorded speech fragment recited by a female speaker. The spectrum has been
computed by averaging a sequential section of 4096 samples (i.e. 85ms) windowed by a Hanning frame with
a 50% overlap ratio by means of a ssfft. The spectrum is displayed from 100 Hz to 3kHz where 95% (26dBFS) of the sound pressure is located. The low frequencies (<100Hz) have not been displayed, mostly
consisting of undesired noise induced by tiny microphone movements and frictions with its stand.
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3.3

Test procedure

The assessment of the calibration level procedure was made by requesting the participants to equalize the
sound pressure level of the recorded speech to correspond to a typical conversation level in a quiet
environment. We asked them to picture themselves talking to someone at around 1.5m, as if the two speakers
were seated on opposite sides of a table during any social event. It was mentioned to the participant that
human beings tend to speak louder wearing a face mask. The participants were advised to perform the
equalization level with a reference baseline corresponding to a conversation without a facemask. The
equalization was performed by tuning the volume of the operating system as well as applying a correction
factor to the amplitude of the signal. These changes in volume were made in real-time through a custom
graphical interface computed in Matlab®. The participants were asked to first perform their equalization by
changing the volume of the operating system and, if necessary, fine-tune the amplitude of the speech with the
correction factor. This task was performed 20 times on either part of the recorded speech whose amplitude
was attenuated by a randomly defined factor. This factor was computed at each iteration of the calibration
performed by a participant within the test interface, thus generating a random sequence of the presentation
amplitude of the speech. This factor could only take values between [-20, 0]dB. The interface reset the
volume of the operating system as well as the correction factor to its default values to avoid exposing the
participant to potentially loud speeches which could cause a temporary rise of the hearing threshold of the
subject. The program kept track of the emission levels of each test iteration as well as the volume parameters
defined by the participant. The completion of this test took between 7 and 14 minutes across participants.

4

Results

As discussed in section 3.1, the participants were split into two groups, one with known hearing problems or
excessive noise exposure labelled as “special” and the other labelled as “normal”.
For both groups, the participant having repeated the experiment in separated sessions had consistent results,
their average estimated value being similar between sessions as seen in Figure 2 (P1, P2, P4), except for P13
(cf. Figure 3) whose average estimation differs by 4dB. This participant had reported having calibrated the
speech to a quieter level on the second session.
The participants were consistent within a test session, their averaged standard deviation was about 1.9dB for
the normal group and 2.6dB for the special group.
The estimated level of the speech considerably varies between participants of the normal group mostly due to
the overestimation of the speech level for P5, P6 and P12. The average calibration level of the recorded
speech of this group was 52.3dBA (std = 3.8dBA). The variance between participants is audible, but
nevertheless small enough for online tests in which the level is not extremely critical.
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Figure 2. Average level calibration of recorded speech over the normal group of participants. Different
sessions of the same participant are labelled by adding an identifier after the name participant (eg. P1.1,
P1.2). The average level calibration over all participants and test sessions for the normal group is about
52.3dBA (std = 3.8dBA).
For the special group, the variance of estimation within a listening session was slightly larger than for the
normal group, and remain too large to make statistically significant conclusions. The average level
calibration of the recorded speech of this group was 60.9dBA (std = 3.4dBA).

Figure 3. Average level calibration of a recorded speech over the special group of participants.
Different sessions of the same participant are labelled by adding an identifier after the name participant (eg.
P1.1, P1.2). The average level calibration over all participants and test sessions for the special group is about
60.9dBA (std = 3.4dBA).
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5

Discussion

Calibrating an experiment using a subjective method with speech proved to be an approach worth
considering for experiments that are not too critically sensitive to level differences. The proposed calibration
procedure was designed to investigate audibility features in human echolocation, in which case the
performance is only weakly sensitive to small changes in loudness [34], [35]. The differentiation of the
participants based on their hearing performance and noise experience seems to provide a more accurate
calibration for these participants. The results on the special group, i.e. people with potential hearing or voicerelated problems would suggest considering a higher sound pressure level as a reference for the speech
applied to this group. However, by splitting participants into groups based on an oral survey, i.e. subjectively
acquired data, the participant affiliation to one of the groups could be exposed to misdiagnoses. Indeed,
people with mild hearing loss might not be aware of their impairment if it did not significantly disturb their
communication or perception of their surroundings. Moreover, assessing whether the level of speaking is
loud is highly subjective, as it would suggest the existence of a standard vocal effort known by the subject. A
participant might not be aware of his/her abnormal or high vocal level, especially if this fact was not openly
shared with him/her prior to the test. Lastly, people listening to loud music, movies or video games are often
not aware that the level of their entertainment is louder than it should to preserve the integrity of their
hearing.
In order to remove subjective acquired data with possible bias, the survey could be extended with an
objective assessment of the hearing threshold [36] of the participants, as well as the level of their voice. The
research could further be extended by requesting the test persons to level-match a given music fragment to its
usual exposure. However, this would require the researcher to have physical access to the participant, which
would defeat the purpose of a subjective calibration, i.e. calibrate an unknown listening system to perform an
online or remote listening test. Considering the uncertainty of the calibrated level with the proposed method,
we would suggest using an objective calibration method with a dummy head, artificial ear or other
calibrators for listening tests carried out within research facilities.
Furthermore, level matching a pre-recorded speech might be challenging as the participants did not
encounter the reciting speaker in real life. It could be even more complex in case the participant does not
fluently speak the language of the heard speech. To tackle the latter issue, an alternative method would be to
ask the participants to record discussion or speech at about 1 to 1.5m with their computer or phone and use
this to calibrate the experiment. This approach would add time to the test procedure and would require a
dynamic calibration tool built-in the test platform, but seems worth to consider.
It is worth mentioning that this experiment assumed the use of headphones or earphones and could be
coupled to an additional procedure to ensure it by means of Huggins pitch [37] or anti-phased sines [38].
Lastly, the proposed subjective method does not account for the frequency response of the listening
apparatus and would suggest the use of a system with a flat response over the hearing frequency range to
accurately calibrate the experiment. This issue could be partially dealt with by compensating for the
frequency response of the headphones using a database of measured headphones or earphones. Headphones
tend to colour more significantly the signal, i.e. altering the weighing of its frequency curve, compared to a
typical DAC and amplifier combo. Moreover, this process would rely on the use of headphones whose
frequency response does not significantly differ from the measured one. Indeed, the frequency response of
headphones tends to be altered when ageing. Lastly, flattering the frequency response can be quite
challenging in the low-frequency range in the case of closed-back headphones whose design typically
enhances this frequency range.
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Abstract
COVID-19 has marked a watershed for society, drastically changing the way people interact with each other.
In the current pandemic situation, the use of masks is an indispensable element to limit the spread of the
virus. However, masks can significantly impact the spoken message and therefore, the intelligibility of
speech. Different types of masks, classified according to their protection degree, can be found in the market,
being the most frequently used the surgical masks and FFP2. This paper focuses on the assessment of their
effect on people's speech. The attenuation of sound pressure level produced in each case was analysed as
well as the influence on the directivity of the source. At the same time, a spectral analysis of the speech was
carried out for different phonemes. Finally, by means of speech audiometry tests, the level of intelligibility
was determined. The variations produced with respect to the sound produced by a speaker under normal
conditions showed the influence of the mask on speech communication.
Keywords: speech intelligibility, mask, COVID-19, audiometry, directivity

1

Introduction

COVID-19 has marked a turning point in society, drastically changing the way people interact with each
other. In this situation, the use of masks is essential to limit the spread of the virus. Currently, in Spain, its
use is mandatory in any public space. However, this protective equipment could significantly affect the
quality of the speech, which will result in a decrease in intelligibility.
Different works could be found in the literature regarding this problem. One of the first was proposed by
Palmiero et al. [1]. The authors analysed the effect of the mask on intelligibility using the Speech
Transmission Index, STI [2]. With the appearance of COVID-19, the number of works in this area has
increased significantly. Pörschmann et al. [3] analyse its acoustic effects by establishing both transmission
loss and directivity index in different cases. Similarly, Magee et al. [4] and Truong et al. [5] study the effects
of wearing a mask on speech perception. Also, Bottalico et al. [6] and Choi [7] focus on the effects on speech
intelligibility in teaching. In addition to analysing the influence on speech level and speech directivity, they
carry out different psychoacoustic tests in order to establish a correlation between objective parameters and
the listener's perception or intelligibility. In all cases, the authors highlight a clear influence of the mask on
the intelligibility of the speech. However, given the disparity in the methods used to assess the effects and
the complexity of the problem (physical and psychological aspects are involved), further study is needed.
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This research focuses on the study of the acoustic properties of the most commonly used COVID-19 masks
and their influence on speech intelligibility.

2
2.1

Methodology
Materials

The sanitary mask is a protective element whose purpose is to prevent and limit the spread of viruses. This
element, placed "blocking" the mouth, will act as an air filter and therefore, as a resistive component to the
air flow. As a consequence, the pressure waves will be altered producing a variation in the sound emitted
depending on the characteristics of the mask.
Different models of masks, classified according to the degree of protection, can be found in the market. The
most frequently used during the COVID-19 pandemic have been the hygienic or cloth mask, the surgical
mask and the FFP2 (figure 1). Their acoustic characteristics will be analysed in this paper.

(a) Surgical

2.2

(b) FFP2
Figure 1. Types of masks analysed during the tests.

(c) Fabric

Procedure for the acoustic characterisation of samples

The acoustic characterisation of the samples was carried out on the basis of different laboratory tests. Firstly,
the influence of the mask on the sound pressure emitted by the speaker was determined by establishing the
attenuation level, obtained comparing the sound pressure level with and without the mask at a distance of
0.5m. A broadband signal (white noise) was emitted by means of a dummy head connected to a loudspeaker
through an inner tube (similar to the trachea). The different masks were placed on the front of the face (see
figure 1). To avoid a possible influence of background noise, the measurements were carried out in a semianechoic chamber
Secondly, impedance tube measurements were carried out following the scheme shown in figure 3. Masks
were placed at the end of the tube, without any end termination. From the pressure recorded by both
microphones, the impedance of each material was obtained. Its real part represents an indicator of the flow
resistance.
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Figure 2. Experimental set-up for acoustic characterisation.

Figure 3. Experimental set-up used to obtain the acoustic impedance of the masks
Thirdly, the directivity pattern of each sample was determined using an automatic turntable. The emission
without mask was used as a reference for further comparison.
2.3

Procedure for determining the influence of the mask on speech intelligibility

In order to establish the influence of the mask on the spoken message, first of all, a spectral analysis of
different sound registers was carried out. This test allowed to identify those phonemes whose sound
behaviour may suffer a greater alteration due to the use of the mask.
At the same time, in order to facilitate the calculation of certain parameters related to speech intelligibility,
the impulse response of the system was obtained for the surgical and FFP2 masks. The subsequent signal
analysis was based on the STI parameter [2], which provides a numerical value for the quality of the
communication channel. The percentage of consonant articulation loss, %ALcons, was also determined. In
both cases, measurements were performed in a semi-anechoic chamber with a background noise level of 43
dB (simulated by a loudspeaker excited with a white noise signal).
Finally, based on speech audiometry tests, the listener's level of intelligibility was established for each
sample. The speech audiometry tests were based on the listener’s hearing difference from a list of words with
a proportion of phonemes and syllabic structures typical of spoken Spanish [8]. In this case, the study
consisted of a test of distinctive features. Each participant was provided with a list of words with two
columns (extract from the list shown in table 1). Each row of these columns corresponded to a pair of words
with certain distinguishing features (e.g. dardo – tardo, Spanish). One of the words from each pair was
3
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played through a flat-response headset. The listener indicated on the form the perceived word in each case.
The same procedure was applied to audio recordings with surgical and FFP2 masks to determine their
influence on the correct answers rate.
Table 1. Extract of words included in speech audiometry tests (Spanish) [8].
Vague
Dardo
Día
Baña
Deme
Rama

3

Baje
Tardo
Tía
Vaya
Debe
Rana

Yema
Mudo
Pata
Pecho
Toro
Tuerca

Chema
Nudo
Papa
Techo
Poro
Puerca

Results and discussion

3.1

Analysis of the influence of the mask on the sound pressure signal

Results show a clear decrease in the sound pressure level, with values above 5 dB for frequencies from 2,250
Hz (figure 4). This behaviour results in a reduction of the overall sound pressure level emitted by the
speaker. In a reverberant environment with the presence of background noise, the loudness of the message
and its intelligibility may be compromised. Similar results were obtained for the impedance tube
measurements (figure 5). The differences for FFP2 sample may be due to a difference in the orientation of
the fabric with respect to the sound wave in both configurations (perpendicular, oblique).

Figure 4. Attenuation level obtained for the different masks. Reference corresponding to situation without
mask.
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Figure 5. Real part of the acoustic impedance for different masks.
Also, directivity tests show slightly different patterns depending on the sample, especially at frequencies
above 4 kHz (figure 6).

500 Hz

1000 Hz

4000 Hz

10000 Hz

Figure 6. Directivity pattern at different frequencies.
5
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3.2

Analysis of the influence of the mask on the spoken message

From a spectral analysis of speech, we can determine those frequency components that will be most affected
by the presence of the mask. The study was carried out using the experimental set-up indicated in the
previous section (figure 2), emitting different words. As observed in the attenuation curve, high frequencies
(from 2,250 Hz) suffered a drop in amplitude. This behaviour could affect certain consonants such as ‘s’ or
‘g’, whose pronunciation will lose sonority. Figure 7 shows, as an example, the spectrograms obtained for
the Spanish words dardo (dart) and segar (mow) for different samples. The difference between the pressure
obtained without mask and with mask in each case is also shown.

(a)

(b)

(c)

(d)

Figure 7. Spectrogram corresponding to the words: (a) dardo - dart; (c) segar - mow; for four different
configurations. Left: spectrograms (a, b). Right: difference (b, d).
On the other hand, from the impulse response of the system, the STI parameter values shown in table 2 were
obtained for male and female voices and for surgical and FFP2 masks.
Table 2. STI values obtained for different mask types
Without mask

Surgical

FFP2

Male

0,67

0,65

0,63

Female

0,73

0,70

0,69

Similarly, it was possible to establish the degree of intelligibility based on the percentage of loss of
consonant articulation, %ALcons. This parameter, used in the assessment of the sound quality of
architectural spaces, indicates the average percentage of consonants that may not be understood. It should be
noted that consonants are an indispensable element for the intelligibility of the spoken message. With regard
6
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to the effect of the masks, this parameter shows an increase in losses of approximately one percentage point
for both the surgical model and the FFP2 compared to the system without mask (8% with mask - 7% without
mask).
The speech audiometry tests show that the attenuation introduced by the FFP2 mask leads to a considerable
decrease in speech intelligibility (27.6% of hits - figure 8). The same behaviour was obtained for the surgical
mask, but in this case, the decrease in the percentage of hits was not so severe. This behaviour coincides with
that observed for parameters such as STI and %ALcons. It should be noted that the results obtained are
provisional, as only 6 speech audiometries were performed.

Figure 8. Percentage of success in speech audiometry tests.

4

Conclusions

In the present work, the influence of the mask on speech and its possible implications were analysed. Firstly,
different acoustic tests were carried out in order to obtain the parameters that best described the effect
produced on the sound waves. At the same time, a perception test was carried out to assess the possible
influence of the mask on the intelligibility of speech.
The acoustic tests showed a significant difference in the sound pressure level produced by a speaker with and
without mask. For the surgical type, we found a difference of more than 3 dB for frequencies above 3 kHz.
This value increased for FFP2 mask, with more than 5 dB (10 dB in some cases) for frequencies above 2,500
Hz. This behaviour will affect the loudness of the message and therefore, its intelligibility. Parameters such
as STI or %ALcons corroborated this trend. Attenuation is also reflected in the spectrogram, where certain
consonants (e.g. ‘s’ and ‘g’) suffer a variation. The results were verified by means of speech audiometry
tests. In this case, a higher percentage of correct answers was obtained for messages recorded without mask
(58.5% vs. 27.8% with FFP2). The results are in agreement with those obtained by other authors in the
literature.
It should be noted that any negative effect on speech caused by the lack of mobility of the lips was not
considered, so that the actual effect on intelligibility may be greater.
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Abstract
This work shows the results of the acoustical measurements that were done in some theaters into the
architectural heritage in Ecuador. The selected theaters are Bolivar, Sucre, Capitol and Variedades. Bolivar
and Sucre were considered theaters at the beginning of their function, they still have the structure as the
original; on the other hand, Variedades and Capitol were cinemas at the beginning and then made them theaters
with a modern structure. The theaters that were studied have different architectonical styles and represent
differentials on plant and volume forms, in addition to a different structure. The results show the sensible
difference in the acoustical parameters on each theater. This study makes a value about the more appropriate
uses on the theaters according to the acoustical parameters.
Keywords: Theater acoustics, acoustical parameters, speech intelligibility.

1

Introduction

Theaters as spaces for cultural expression are part of the heritage value of humanity because they have an
artistic-architectural heritage that is currently being the subject of various studies, both at an architectural and
acoustic level. For this reason, this research will study the acoustic conditions of the theaters considered as
heritage assets, most representative of the city of Quito.
For the acoustic study of the selected theaters, two conditioning factors are presented, the first derived from
the diversity of geometric shapes typical of the stylistic influences of the architecture of that historical period
in which they were built and the second is the form of intervention and modification of uses of theaters over
time, so the current acoustics differ from their original state.

2

The theaters studied

The theaters considered for this study represent the most varied typologies of these venues between the 19th
and 20th centuries. Of the existing theaters, four venues have been selected, in two cases, their current state
has not changed substantially with respect to their original structure and the remaining two have undergone a
comprehensive reform, which is far from their original state. The characteristics of the theaters are briefly
described below, arranged in chronological order.
2.1

Sucre National Theater

Design: Francisco Schmidt
Construction: 1877-1886
Characteristics: The Sucre National Theater is a patrimonial architectural landmark in Quito, which expresses
the neoclassical character, which was built at the end of the 19th century. It’s located in the Plaza del Teatro,
1
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between Guayaquil & Quito avenues. In 1877 its construction began by the German architect Schmidt who
used part of existing constructions such as wide adobe, walls and a sequence of arches on which he designed
the structure similar to the European opera houses of the time. The neoclassical facade occupied by the entire
block, predominantly horizontality and symmetry, is composed of a basement of semicircular arches on solid
pillars on which the highest body rests; in the central part is the entrance that advances towards the square and
preserves the greater formal treatment with columns of Ionic capitals and fluted shafts crowned by a tympanum
with gilded reliefs. The theater, despite being small, has in its interior the majesty and functionality of the
theater of the time. [1]. It has a sober, slightly oval space, which is defined by three levels of the box and
galleries. The lunette surrounded by two levels of boxes and the upper lunette.
After several minor restorations throughout its history, in 2003 its original splendor was recovered. The
dressing rooms, stage, stage machinery and sound equipment were modernized and the original seats from the
beginning of the 20th century were restored.
Capacity: 795
2.2

Capitol Theater

Design: Giacomo Radiconcini
Construction: 1910
Characteristics: Built by the Italian architect Radiconcini, who was an introducer of the Neo-Renaissance
language when building this type of palaces or villas with Renaissance and eclectic styles. The theater was
originally conceived as a palace belonging to the Samaniego family, which has an attractive facade in front of
Gran Colombia avenue, designed with a neoclassical language and neo-Renaissance details, it has a style called
"Italianate", which consists of on the ground floor there are arches and on the upper floor there is an architrave
on Doric columns and a Moorish balustrade.
The palace was remodeled twenty years later and inaugurated as the Cadena Theater in 1937, which would
later be called the Capitol Theater, which had part in the formation of the modern city of Quito, offering cinema
performances. In its design, the exterior access is through an elegant lobby that gathers and leads the audience
to the theater's main stalls and a block of stairs that lead to the foyer and the second-floor balcony. [2].
The municipality of Quito in 2010 undertook a proposal for the recovery and renovation of the building, to
restore its use as a theater, which completely modified the interior of the building.
Capacity: 850
2.3

Variedades Ernesto Albán Theater

Design: Giacomo Radiconcini
Construction: 1913-1914
Characteristics: Built since 1913 by order of the Quito businessman Jorge Cordovez, the art nouveau building
project was in charge of the Italian architect Giacomo Radiconcini, and it was inaugurated on April 12th 1914
with screenings of silent films. Located in the Plaza del Teatro on Flores Avenue. During 1940-1994 it passed
into the hands of the Mantilla cinema chain, operating exclusively as a movie theater.
Regarding its architecture, the theater is delimited by a square and two sections of the facade. One section is
of homogeneous architectural value, the other section on the square reiterates its character of entrance. The
colorful facade with neo-Renaissance features and an eclectic appearance in front of the square, generate a
space of architectural enhancement. Its entrance is made up of an atrium with spaces for circulation. Its inner
composition with seats in the stalls and two levels of balconies allows spectators to maintain closeness with
the stage and the artists, while the café-concert format allows it to become a meeting place. [3].
After a comprehensive remodeling in 2006, the FONSAL reopens the space under the name of “Teatro
Variedades Ernesto Albán”.
Capacity: 250
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2.4

Bolívar Theater

Design: Augusto Ridder, Hoffman & Henon
Construction: 1931-1933
Characteristics: One of the most iconic theaters in the city of Quito begins in the minds of the Mantilla
brothers after founding their company of Theaters and Hotels of Quito C.A., they commissioned the design to
a famous firm of Architects of Philadelphia Hoffman & Henon, recognized in several countries, and at the
head the Architect Augusto Ridder who later would carry out several works in the city.
It was inaugurated on April 15th, 1933, with a capacity for 2,200 spectators, making it shortly thereafter the
first stage for large-scale events on the entire Pacific coast.
In the Bolívar Theater, it isolates the external reality from the interior environment, through architectural
resources of an eclectic proposal where several trends converge, among which are evidenced as art deco,
neoclassicism. It is located on Espejo Avenue, between Guayaquil and Flores, in the Historic Center of the
city of Quito. It opened its doors as a cultural center for the performing and cinematographic arts. It was
positioned as a social and cultural reference during the decades of the 30's to the 70's. The original intention
of the designers of the great palaces of cinema and the performing arts was to inspire fantasy. The entrance is
made through a wide hall with six decorated columns of quadrangular section, from there you access an
anteroom and two stairs to the mezzanine. The main hall of the theater, with lowered arches, ends in a ceiling
with Baroque decoration. Two side rooms, emergency exits, underground parking, as well as bar-cafeteria
services on the upper floor. Lunettes and boxes are distributed over two floors, it consists of a large stage and
dressing rooms. The structure is made of brick walls, a mezzanine with iron and wood beams, as well as the
stairs and carpentry. [4].
After a fire affected the theater facilities to a great extent, in 2002 a private foundation was created for the
restoration and recovery of this building, which today is in operation, accommodating in its room with 963
seats, restaurant, cafeteria, room for artistic-cultural events, cultural center, and a museum.
Capacity: 2200

Figure 1- Plan graph of the theaters studied, in their current state.
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Table 1 – Characteristics of the theaters
Theaters
a. Sucre
b. Capitol
c. Variedades
d. Bolívar

Hall
Volume m3
3283,03
8953,70
1930,38
9055,94

Max. Dim. M
(LxWxH)
15,17 x 20,02 x 10,81
19,20 x 23,66 x 19,71
09,40 x 13,60 x 15,10
27,48 x 22,51 x 14,64

Audience
area m2
303,70
454,27
127,84
618,57

Number
of seats
795
850
250
2200

Figure 2- Interior view of the theaters studied, in their current state.

3

Methodology and measurement equipment

The acoustic measurements and subsequent calculations have been carried out under the criteria of the ISO
3382:2009-1 standard [5]. As an excitation signal to obtain the impulsive responses, the sound of a 40 cm
diameter balloon exploding was used. ProTools software was used to record the sound signals and a
Beyerdynamic Order # 449.350 microphone was used as a receiver. The processing of the signals and the
extraction of the acoustic parameters has been carried out using the Dirac 6.0 software.
Three sound source positions were selected in each theater, which were located in the central part of the stage
and near it. The microphone positions were located throughout the audience area, in such a way that they cover
the largest useful surface and supervising that they do not follow a uniform pattern. The number of microphone
positions varied depending on the size of each theater.
To ensure good precision in the determination of reverberation times, ISO 3382-1 requires that the level of the
sound source be at least 45 dB above the background noise in all frequency bands of interest if is going to
calculate the T30, and at least 35 dB to calculate the T20. Given the emission limitations of the sound source
used, the first of the requirements has not been met in some cases, especially in the low-frequency bands and
4
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for the microphone positions furthest from the sound source. The second requirement has been met in all cases
except for some microphone positions of Variedades theater. For this reason, the parameters used in this work
to describe the reverberation time are EDT and T20.

Figure 3- Outline of the measurement procedure.

4
4.1

Results
Reverberation time

Tables 2 and 3 show the average and standard deviation of the EDT and T20 values, respectively, obtained in
each of the evaluated theaters. The values in the 1/1 octave bands with center frequencies between 125 Hz and
8 kHz are presented, as well as the value at mid frequencies, calculated as the average of the values in the 500
Hz and 1 kHz bands. For T20, the Bass Ratio (BR) and Brilliance (Br) values are also calculated according to
the following equations:
𝐵𝑅 =
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Table 2 – EDT [s]
Frequency
Hz
125
250
500
1000
2000
4000
8000
EDTmid

Sucre
Aver.
SD
1,56
0,26
1,28
0,21
1,06
0,21
0,99
0,19
1,01
0,17
0,88
0,21
0,68
0,18
1,03

Capitol
Aver.
SD
1,94
0,57
1,25
0,36
0,70
0,18
0,51
0,20
0,57
0,26
0,57
0,30
0,41
0,20
0,61

Variedades
Aver.
SD
1,38
0,27
1,30
0,18
1,25
0,13
1,17
0,11
1,13
0,14
0,99
0,16
0,77
0,16
1,21

Bolívar
Aver.
SD
2,86
0,53
2,52
0,43
2,28
0,49
2,00
0,51
1,98
0,66
1,71
0,75
0,89
0,55
2,14
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Table 3 – T20 [s]
Frequency
Hz
125
250
500
1000
2000
4000
8000
T20 mid
BR
Br
4.2

Sucre
Aver.
SD
1,60
0,17
1,31
0,10
1,09
0,07
1,07
0,08
1,05
0,08
0,97
0,06
0,80
0,05
1,08
1,35
0,94

Capitol
Aver.
SD
3,38
1,24
2,26
0,39
1,58
0,36
0,93
0,21
0,87
0,10
0,85
0,09
0,69
0,09
1,26
2,25
0,68

Variedades
Aver.
SD
1,35
0,11
1,29
0,08
1,26
0,06
1,24
0,04
1,19
0,04
1,06
0,04
0,88
0,03
1,25
1,06
0,90

Bolívar
Aver.
SD
2,56
0,21
2,37
0,17
2,28
0,17
2,04
0,13
1,93
0,09
1,74
0,10
1,28
0,08
2,16
1,14
0,85

Energy Parameters

As descriptors of the relationship between early acoustic energy and late energy, Clarity C80, Definition D50
and Central Time TS have been calculated. Average values and standard deviations for each frequency band,
as well as values for mid-frequencies, are shown in the following tables.
Table 4 – C80 [dB]
Frequency
Hz
125
250
500
1000
2000
4000
8000
C80 mid

Sucre
Aver.
SD
1,90
2,68
2,14
2,35
4,09
2,59
4,83
2,97
4,27
2,70
5,36
2,66
7,03
2,74
4,46

Capitol
Aver.
SD
2,36
1,96
5,08
2,08
7,93
1,95
11,48
2,83
10,25
2,73
9,91
2,89
12,05
3,27
9,70

Variedades
Aver.
SD
2,27
1,91
1,93
1,58
2,40
1,28
3,50
1,15
3,77
1,66
4,44
1,88
6,20
1,92
2,95

Bolívar
Aver.
SD
-0,16
3,54
-1,12
3,77
0,95
3,63
4,20
3,52
4,13
3,71
5,21
3,88
8,13
3,84
2,57

Variedades
Aver.
SD
0,42
0,13
0,41
0,12
0,45
0,10
0,55
0,08
0,57
0,10
0,60
0,11
0,68
0,10
0,50

Bolívar
Aver.
SD
0,16
1,15
0,24
0,61
0,47
0,21
0,76
0,73
0,71
0,49
0,84
0,98
0,88
0,57
0,61

Table 5 – D50
Frequency
Hz
125
250
500
1000
2000
4000
8000
D50 mid

Sucre
Aver.
SD
0,42
0,16
0,43
0,15
0,57
0,14
0,62
0,16
0,60
0,15
0,65
0,14
0,71
0,13
0,59

Capitol
Aver.
SD
0,39
0,31
0,70
0,68
0,83
0,69
0,98
0,83
0,90
0,52
0,89
0,49
0,95
0,56
0,90
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Table 6 – TS [s]
Frequency
Hz
125
250
500
1000
2000
4000
8000
TS mid
4.3

Sucre
Aver.
SD
125
29
102
22
74
20
63
22
64
20
55
20
43
17
68

Capitol
Aver.
SD
144
31
86
17
51
12
28
12
30
12
30
15
23
13
40

Variedades
Aver.
SD
113
18
104
15
93
11
78
10
71
13
63
13
47
11
86

Bolívar
Aver.
SD
206
61
189
57
147
51
98
43
92
39
68
33
39
22
122

Speech Intelligibility

From the impulsive responses the Modulation Transfer Function can be obtained [6], and, consequently, the
Speech Transmission Index (STI) parameter. Since the type of sound source used does not have an emission
level comparable to that of the human voice, the measured STI values mainly reflect the dependence of speech
intelligibility on the effect of reverberation and to a lesser extent on the Signal ratio. /Noise. Table 7 shows the
STI values applying the Male and Female filters according to the IEC 60268–16 standard [7].
Table 7 – STI
Theater
Sucre
Capitol
Variedades
Bolívar

5

Avr.
0,63
0,75
0,60
0,59

STI Female
Max.
Min.
0,70
0,50
0,85
0,59
0,70
0,54
0,82
0,40

SD
0,05
0,06
0,03
0,09

Avr.
0,63
0,74
0,59
0,58

STI Male
Max.
Min.
0,69
0,50
0,83
0,59
0,68
0,53
0,80
0,40

SD
0,05
0,05
0,03
0,09

Discussion

The results of the measurements show marked differences between the acoustic characteristics of the different
theaters studied. Attending, in first instance, to the reverberation time, we can identify two theaters (Sucre and
Variedades) with T20 values that oscillate, approximately, between 1s and 1.5s in all frequency bands, which
a priori makes them appropriate for applications where correct intelligibility of the spoken signal is important.
At the opposite extreme is the Bolívar Theater, with significantly higher reverberation times. Finally, the
Capitol Theater presents an unusual frequency distribution of reverberation times. While in mid and high
frequencies the T20 values are lower than those of any of the other theaters, below the 1kHz band there is a
gradual increase in the T20 values that can exceed 3 s in the 125 Hz. All this can be seen clearly in figure 5.
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4,00
3,50
3,00

T20 [s]

2,50
2,00
1,50
1,00
0,50
0,00
125

250

SUCRE

500

1000
Frequency [Hz]

CAPITOL

VARIEDADES

2000

4000

8000

BOLIVAR

Figure 5 - Comparison of T20 values as a function of frequency for the theaters studied.
Next, we will try to determine what type of use is the most appropriate for each of the theaters based on their
acoustic characteristics. To do this, from the different published criteria regarding the recommended values of
the acoustic parameters depending on the use of the room, we will use those proposed by Higini Arau [8],
collected in table 8. These criteria cannot be applied in a strict way to the theaters analyzed, mainly because
they are defined for full rooms and the measurements were made with empty theaters.
The comparison of the values of the acoustic parameters obtained in the measurements and the optimal values
for each type of use indicates that the Bolívar Theater presents adequate acoustic characteristics for symphonic
music. The Sucre theater shows ideal conditions for applications where the signal emitted is the voice, both
spoken (theater, conferences, etc.), and sung (opera). The Variedades Theater is shown as a multipurpose room,
in which both musical and spoken voice activities can be programmed. With respect to the Capitol theater, the
irregularity of the acoustic behavior in the different frequency bands means that its acoustic characteristics do
not fully fit in with any of the usual applications of this type of theater.
Table 8 –Optimal values of the acoustic parameters depending on the use of the room according to Arau. [8].
Parameter
Tmid
BR
Br
EDTmid
D50
C80
TS

Max
Min

Symphonic Music

Chamber Music

Opera

Theater

0,6000 · 𝑉 !,#$%&
0,5125 · 𝑉 !,#$%'

0,5123 · 𝑉 !,#$%'
0,4245 · 𝑉 !,#$$#
≈ 1,2

0,509 · 𝑉 !,#$%&
0,396 · 𝑉 !,#%($

0,368 · 𝑉 !,#&!&
0,264 · 𝑉 !,#$)*
[0,9 – 1,1]

[0,75·Tmid – 1.0·Tmid]
[0,5 - 0,6]
[+2 dB - +6 dB]

[0,6·Tmid – 0,75·Tmid]
> 0,7
> +6 dB
-

≥ 0,8
[0,9·Tmid – 1,0·Tmid]
< 0,5
[-2 dB – +4dB]
130 𝑚𝑠 ± 20 𝑚𝑠

As a representative example of these evaluations, Figure 6 shows the comparison of the reverberation times at
mid frequencies measured in the different theaters, with the optimal reverberation times, as a function of
volume, for the different possible uses.
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Figure 6 - T20 mid values of the studied theaters compared with the optimal reverberation time values
according to Arau [8].

6

Conclusions

The heritage theaters of the city of Quito constitute a cultural heritage that must be recognized and preserved
and of which its acoustic characteristics are fundamental elements.
In this work, acoustic measurements have been made of four of the most important theatres, dating from the
end of the 19th century and the beginning of the 20th. These theaters have always been, and still are, very
important elements in the social and cultural life of the city.
The results of the measurements show a diversity of acoustic behavior in the halls, which makes the theaters
studied more suitable for some uses than for others. Of the four theaters analyzed, the Bolívar theater is
especially suitable for symphonic concerts, the Sucre theater works well as a theater hall and an opera hall,
and the Variedades theater is shown as a multifunctional hall that can host different types of sound programs.
The Capitol Theater has peculiar acoustic characteristics, with a noticeable imbalance between the
reverberation times of the high frequencies and those of the low frequencies.
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Abstract
The in situ characterization of acoustic surfaces is a crucial challenge in room acoustics, as laboratory
measurements of mounted materials are difficult to be arranged. In previous work, an approach to
characterize locally reacting porous samples backed by a hard wall was studied and showed good accuracy.
However, when a porous layer is backed by a large air cavity (depth > 100 mm), a configuration typically
found in suspended ceilings, the air cavity features a non-locally reacting behaviour; thus the local reaction
cannot be assumed safely.
This work presents a procedure to characterize such a non-locally reacting system by in situ PU probe
measurements, where the non-acoustical parameters of the system are retrieved by a model-fitting approach
comparing the measured complex reflection coefficient to the one of a porous layer without backing.
The procedure was applied to 9 combinations of 3 porous layers backed by 3 air cavity depths each. A good
agreement was observed between the retrieved parameters and references values.
Keywords: In situ measurement, model fitting, PU probe, porous materials

1

Introduction

One of the most common problems met in room acoustic consultancy and research practice is to accurately
evaluate the acoustical properties of materials installed in an existing room. It is especially crucial in the case
where a room acoustic simulation of the existing room is to be done, as the correctness of material properties
used as input has a large influence on the accuracy of the simulation [1]. In such cases, laboratory
measurements which are typically conducted to obtain the acoustical properties of materials, such as the
impedance tube method [2], are not feasible since it is rarely possible to take off the sample of material for a
laboratory measurement. Furthermore, even in the event a duplicate sample can be obtained for laboratory
measurements, the mounting conditions and the wear of time can still alter the acoustical properties, so that
an in situ evaluation of the properties is required.
Significant research effort was made on in situ measurement and characterization of material properties.
Many of these approaches are summarized in a review of in situ measurement techniques by Brandao et al.
[3]. More recent works are presented in Refs. [4]-[7].
In previous work by the authors of this paper, it was shown that combining a pressure-velocity (PU) in situ
measurement method with a model fitting allowed a fast and accurate characterization of a locally reacting
porous material backed by a hard surface [8]. In the continuation of this work, the applicability of this
approach to other types of common acoustic systems is investigated.
Among the sound-absorbing systems commonly encountered in practice, porous layers backed by a large air
cavity pose a challenge for such an approach of in situ characterization. Such systems are commonly found
in the form of suspended ceilings, where an air cavity (100 - 500 mm) is present above the layer. In such
conditions, the large air cavity behind the porous layer makes the system non-locally reacting, which hinders
the results obtained by direct application of the method presented in our previous work. For such cases, an
alternative procedure is needed for an accurate in situ characterization.
1
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In this paper, an in-situ method is proposed to characterize a porous layer backed by a large air cavity. To
overcome the challenge due to the non-locally reacting behaviour of the system, the fact that the properties
of a porous layer with a large air cavity resemble the ones of a porous layer without backing is used. By
using a model fitting procedure that finds minimal deviation between the measured reflection coefficients
and predicted reflection coefficients based on an impedance model, the flow resistivity and the thickness of
the porous layer will be retrieved. The depth of the cavity behind the layer is then retrieved from an analysis
of the resonance frequencies in the complex reflection coefficient spectrum.
This paper is structured as follows: Section 2 presents the proposed characterization procedure in detail.
Section 3 presents the methods used to validate the proposed method. In Section 4, the results of the
characterization from virtual suspended ceilings (ideal cases) and real-life measurement are presented, along
with an assessment of the resulting error in terms of acoustical properties. Finally, conclusions and prospects
are discussed in Section 5.

2

Characterization procedure

The in situ characterization method proposed in this work follows the same general layout as the procedure
described in Ref. [9]. It consists of two steps: a PU in situ measurement above the surface of the boundary
system to characterize, and a post-processing that retrieves the non-acoustical parameters of the system based
on a model-fitting procedure.

Figure 1 – Arrangement of the sound source and PU probe above a porous panel backed by an air cavity to measure Zm.

2.1

Impulse response measurement

Impulse responses of the acoustic pressure and normal particle velocity are captured with a PU probe near
the material's surface (h < 20 mm), as well as in free field, with a small sound source in vertical alignment
with the probe at a distance d = 260 mm. The configuration used to measure the material’s surface is pictured
in Figure 1. After a time-windowing step with the Adrienne window [9] that allows the removal of late
parasitic reflections, the impedance in free field Zff and near the material surface Zm are computed from the
measured impulse responses and the normal reflection coefficient is estimated as
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.

(1)

Equation (1) estimates the reflection coefficient under the assumption that both incident and reflected wave
are plane waves but includes a correction for the amplitude decay of spherical propagation, which provides
more accurate results for a short source-to-probe distance.
2.2

Estimation of the flow resistivity and thickness of the porous layer

The model fitting process to retrieve the porous layer parameters makes use of the normal incident plane
wave reflection coefficient predicted for a porous layer without any hard backing (standalone porous layer:
“air - porous layer – air” system). This model was chosen over the impedance model of a porous layer
backed by an air cavity because the latter model’s is inaccurate when the air cavity depth is large.
Furthermore, it was observed that in such a case, the global trend of the complex reflection coefficient
resembles the one of the standalone porous layer. It will be shown in this paper that this allows retrieving the
system’s properties with good accuracy.
The measured reflection coefficient is thus compared to the predicted reflection coefficient of a standalone
porous layer, using the empirical Delany-Bazley-Miki (DBM) model. The DBM model predicts the
characteristic impedance ξc (normalized with respect to the characteristic impedance of air) and propagation
constant kc of a porous medium from the flow resistivity σ with the following polynomial expressions

,

.

(2)

(3)

The plane wave reflection coefficient of normal incident sound wave of the standalone porous layer with
thickness l is then predicted following the transfer matrix formulation

.

(4)

Using the formulations from Equations (1) and (4), a cost function is set to minimize the difference between
the measured data Rin-situ(h) and the prediction Rlayer(σ, l) which becomes

(5)
where Δf is the frequency range of the fitting. The frequency range of interest in this work is Δf = [1 - 8] kHz
because this is where the plane wave assumption is the most accurate for the used experimental setup. The
lower and upper bounds of the frequency range are fl and fu respectively. For the fittings performed in this
work, the elements of the frequency vectors were logarithmically spaced to avoid a larger weight of the
higher frequencies.
The cost function F is minimized in MATLAB with the fmincon function used as core solver to a MultiStart
object, which runs the solver for a given number of starting points uniformly distributed across the search
space, and yields the best minimum.
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The search space, which is defined by the lower (xl) and upper boundaries (xu) for each parameter, is
presented in Table 1. The search space of the flow resistivity (σ) is chosen to encompass the values
encountered for the most commonly used porous materials. The probe-to-sample distance (h) is expected to
be within [0,30] mm. It should be noted that the thickness of the material (l) is considered as a variable in the
characterization process in the same manner as the flow resistivity. This simulates a scenario when it is not
possible to measure the material thickness due to mounting conditions. Furthermore, the probe to sample
distance h is also considered as a fitting variable, as its exact effective value is difficult to measure with
sufficient precision. In this study, the probe was placed about 10 mm above the material.
The number of starting points chosen to run the MultiStart process is Nx =50, which ensured the finding of a
unique optimum point in this search space. This was assessed with a normalized standard deviation lower
than 1% over 7 Multistart runs for each parameter. For the fitting process, the data was reduced to 300
logarithmically spaced frequencies.
The parameters yielding the best fitting (named hereafter σ*, l* and h*) are then used for the final
estimations of the measured and DBM-fitted reflection coefficients as follows
(6)
(7)
Table 1 – Lower (xl) and upper limits (xu) of search space for the optimization variables in this study.
σ (kPa s/m2)
l (mm)
h (mm)

2.3

xl
1 × 103
0
0

xu
1 ×106
200
30

Estimation of the air cavity depth

Once the previously described model fitting is done, estimations of the porous layer thickness l* and flow
resistivity σ* are obtained. In case an in situ inspection is not possible, the air cavity depth behind the sample
still needs to be retrieved.
The proposed method estimates the air cavity depth by analysis of the resonance peaks in the measured
reflections coefficient, using the previously estimated porous layer thickness
,

(8)

.

(9)

In Equation (9), the fn is the nth peak frequencies, and N is the total number of detected peaks.
This method to estimate the cavity depth implicitly assumes that the travelling time of the sound wave in the
porous material is negligible compared to the travelling time of the sound wave in the air cavity, which is
true in most cases if the porous layer is thin compared to the cavity depth. The average over the frequency
leaps between consecutive peaks is used to mitigate the error related to the variation of the sound speed with
frequency in the porous layer.
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The peak detection was performed with the findpeaks function in MATLAB, applied to the real part of
Rin-situ,opt. It is also possible to detect the interference peak visually from the measurement spectrum, the latter
method being preferred in case of a noisy signal, because in such case parasitic peaks are likely to be
detected irrelevantly.

3

Experimental validation

The experimental validation of the procedure was performed on three porous layers (materials A, B and C),
that were mounted above a concrete floor with three cavity depths: 160 mm, 240 mm and 500 mm. The
dimensions of the samples were 500 × 500 mm for materials A and B, and 600 × 1000 mm for material C.
These dimensions were considered sufficient to avoid significant size effects above 1 kHz, which is the
frequency range measured. The reference flow resistivities and thicknesses of the three samples are shown in
Table 2.
Table 2 – Reference flow resistivities and thicknesses of the porous layers used for the experimental validation. The
flow resistivities values were obtained from impedance tube measurement using the low frequency limit of the dynamic
mass density [11].
Sample
Material A
Material B
Material C

σref (kPa s/m2)
33
30
13

lref (mm)
20
40
60

The measurements were realised with the "In situ absorption testing" (name by the manufacturer,
Microflown Technologies). It consists of a PU probe attached to a small round loudspeaker via a light
decoupling structure, which sets the source-to-probe distance to 260 mm. The source signal, a 5 seconds esweep sine, was produced from a laptop running the room acoustic software DIRAC 6. The signal was sent
to an amplifier before being sent to the small source. The acquired signals were recorded by the same laptop
and the de-convolutions into impulse responses were performed by DIRAC 6.
The setup was positioned close to the panel's surface with the help of a tripod, so that the probe was located
at a height href = 10 mm above the surface and the source vertically aligned with the probe, as shown in
Figure 2. The velocity sensor was carefully oriented to capture the velocity normal to the sample's surface.
As for the horizontal location above the plane, the PU probe was placed within the confidence region for PU
probe measurements, which minimizes the influence of the sound waves diffracted on the edges of the
samples [10]. This means that the probe was placed within a distance of L/3 from the center of the sample,
with L being the side length of the sample. Additionally, care was taken to not place the probe exactly at the
centre of the sample, where edge-diffracted waves interfere constructively.
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Figure 2 – Picture of the experimental validation setup. The sample of material B is mounted on rubber bars to create a
240 mm air gap between the sample and the concrete.

The area within 1 m around the measurement location was cleared to avoid strong parasitic reflections from
neighbouring objects. By doing so, the time windowing of the impulse responses can be chosen so as to
include the reflection from the concrete floor in the largest air gap configuration (500 mm), while windowing
out the later reflections from the neighbouring environment. These considerations led to the use of an
Adrienne windows with a total time length of 6 ms for the time-windowing of the impulse responses.

4

Results

Figure 3 – Comparison of measured reflection coefficient (Material C with a 160 mm cavity) and fitted model of
standalone layer. A similar global trend within the fitting frequency range (delimited with red lines) is observed
between case with the air cavity, which is measured (Rin-situ,opt), and the case without backing, which is modelled and
fitted to the measurement (Rlayer,opt),.

The characterization results of the experiment are shown in Table 3, and an example of the obtained fitting is
pictured in Figure 3. For each configuration measured, the optimal parameters σ*, l* and h* are presented, as
well as the estimated cavity depth D*. It can be observed that the values retrieved for the flow resistivity
6
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vary significantly depending on the air cavity depth behind the sample, with the error to the reference value
being greater for a larger air cavity. A possible reason for this is that the flow resistivity has a reduced
influence on the measured acoustical properties as the air cavity becomes larger. Because of this reduced
influence, retrieving the flow resistivity through the model fitting of the acoustical properties becomes less
accurate.
The retrieved thickness are however in good agreement with the references, with a maximum observed
deviation of 15% (Material B with 240 mm cavity). The retrieved cavity depths are also in very good
agreement with the reference, with deviations lower than 8%. In terms of absolute values, it can be noted that
the deviations observed correspond at most to a 6 mm error for the porous layer thickness and to a 19 mm
difference for the cavity depth.
It can also be seen that the retrieved values for the probe-to-sample distance are always within a 3 mm
deviation to the measured distance (10 mm), which suggests that using h as a fitting variable leads to realistic
results and does not hinder the characterization.
To investigate the influence of the characterization error on the modelling of the acoustic properties, the
normal incidence absorption coefficient was computed in 1/3 octave bands from the retrieved parameters and
compared to the absorption coefficient obtained from the reference parameters. This can be seen in Figures
4, 5 and 6 for materials A, B and C respectively, in the frequency range 80 Hz - 12 kHz. The maximum
errors for each case are reported in Table 4.
It can be seen from the figures that the reconstructed absorption coefficients are in very good agreement with
the references for all the measured systems. In most of the measured cases, the error in 1/3 octave band
appears negligible. For some cases, such as Material B with 240 mm cavity (Figure 5 (b)) and Material C
with 500 mm cavity (Figure 6 (c)), visible errors are however observed in the lower 1/3 octave bands.
From Table 4, the maximum error observed in the absorption coefficient is 0.13, which is obtained for
material C backed with a 500 mm thick cavity. For all the other cases, the maximum error remains below
0.10 (or 0.10 × π of phase error). It appears from this result that a combination of a low flow resistivity layer
with such a large air cavity is unfavourable to predict the acoustical properties accurately.
These results suggest that the in situ characterization procedure provides a prediction of the acoustic
absorption of the system that is in good agreement with the prediction obtained from the reference
parameters.
Table 3 – Characterization results of measured samples. The relative errors (in %) to the reference are shown in
parenthesis.
Material A

Material B

Material C

σ* (kPa s/m2)
l* (mm)
h* (mm)
D* (mm)
σ* (kPa s/m2)
l* (mm)
h* (mm)
D* (mm)
σ* (kPa s/m2)
l* (mm)
h* (mm)
D* (mm)

D = 160 mm
35 (+6%)
20.5 (+3%)
11 (+10%)
156 (-3%)
31 (+3%)
35 (-13%)
10.4 (+4%)
172 (+8%)
13.0 (0%)
52 (-13%)
12.1 (+21%)
165 (+3%)

D = 240 mm
36 (+9%)
22 (+10%)
10.9 (+9%)
240 (0%)
28 (-7%)
34 (-15%)
9.7 (-3%)
236 (-2%)
11.0 (-15%)
59 (-2%)
9.7 (-3%)
254 (+6%)

D = 500 mm
41 (+24%)
22 (+10%)
12.2 (+22%)
506 (+1%)
36 (+20%)
37 (-8%)
12.0 (+20%)
481 (-4%)
9.4 (-30%)
57 (-5%)
12.0 (+20%)
489 (-2%)
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Table 4 – Maximum error of the reconstructed acoustical properties to the reference, computed in 1/3-octave bands.

D = 160mm
D = 240 mm
D = 500 mm

Material A
ε(|R|)
ε(φ(R))/π
0.05
0.03
0.08
0.06
0.08
0.06

ε(α)
0.04
0.04
0.07

Material B
ε(|R|)
0.05
0.13
0.09

ε(φ(R))/π
0.04
0.05
0.04

ε(α)
0.06
0.07
0.05

Material C
ε(|R|)
ε(φ(R))/π
0.10
0.07
0.08
0.09
0.13
0.11

ε(α)
0.06
0.08
0.13

(a)
(b)
(c)
Figure 4 – Reference and reconstructed absorption coefficients of the porous layer backed by an air cavity (normal
incidence) featuring material A with different cavity depths: 160 mm (a), 240 mm (b), 500 mm (c).

(a)
(b)
(c)
Figure 5 – Reference and reconstructed absorption coefficients of the porous layer backed by an air cavity (normal
incidence) featuring material B with different cavity depths: 160 mm (a), 240 mm (b), 500 mm (c).

(a)
(b)
(c)
Figure 6 – Reference and reconstructed absorption coefficients of the porous layer backed by an air cavity (normal
incidence) featuring material C with different cavity depths: 160 mm (a), 240 mm (b), 500 mm (c).

8

515

5

Conclusion

In this work, a method to in situ characterize a porous panel backed by a large air cavity is proposed. It
consists of PU probe measurement, followed by a model-fitting procedure and a resonance analysis.
The procedure was used to characterize 9 combinations of porous layers backed by air cavities.
Experimental results show that the method allows an accurate estimation of the porous layer thickness and
cavity depth, the maximum deviation being around 15%. Greater deviations, up to 30% were observed for
the retrieved flow resistivity. This flow resistivity error was observed to increase with the air cavity depth of
the measured system, regardless of the porous layer used.
Despite these deviations in retrieved parameters, the error in terms of predicted absorption coefficient, which
was computed in 1/3 octave bands for normal plane wave incidence, remained small in all cases measured.
The maximum error was observed about 0.13, and all the significant errors were found below the 500 Hz
octave band. This result suggests that the proposed method to characterize suspended ceiling systems leads
to accurate estimation of the acoustic properties, especially in the high-frequency region.
A natural continuation of this work is the characterization of coated porous materials, as most commercially
available acoustic materials (wall absorbers or ceiling tiles) are covered with fabric.
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Abstract
Curves and empirical formulas are presented that predict the diffraction field around finite length edges.
Compared to analytical solutions, curves and formulas, although less accurate, reduce the computational
time by orders of magnitude. They can, thus, be of interest for a range of applications that involve
calculations of diffraction. A newly presented frequency domain solution is employed. It predicts the
diffraction field around a finite length edge by an analytical expression that does not require numerical
integration along the edge. Based on this expression, the SPL of the diffracted field around a finite length
edge is compared to the SPL of the diffracted field around the corresponding infinitely long edge. The
difference, ΔSPL, is reported as a family of curves dependent solely on two dimensionless parameters: the
Fresnel number encountered in the study of diffraction by infinitely long edges and a second parameter
specific to diffraction by finite length edges. The proposed family of curves can be thought of as a
correction to the results obtained from existing methods (analytical or empirical) that predict the diffracted
field around an infinitely long diffracting edge. Moreover, a family of curves and corresponding formulas
are presented that can be used to estimate if a given finite length edge creates a diffraction field that
approaches the diffraction field around an infinitely long edge (and thus no correction is needed).

Keywords: edge diffraction, finite length, chart

1

Introduction

The subject of the present work is sound diffraction by a finite length edge (see Fig.1) and the goal is to
propose curves or empirical formulas that predict the diffraction field around the finite length barrier.
Formulas and curves are less accurate than the analytical solutions, but require only a fraction of the
computational time for their evaluation. This is essential, especially when the evaluation has to be performed
thousands of times to predict the acoustic field around complex geometries with a large number of
diffracting edges. A number of empirical formulas or curves exist for diffraction by infinitely long edges [1][4]. To the best of the authors’ knowledge no empirical formulas or curves exist for finite length edges. The
goal of the present work is to provide the correction that must be applied to results obtained from existing
methods (analytical [5] [6] or empirical [1]-[4]) that predict the diffracted field around an infinitely long
diffracting edge.
The analytical solution presented in ref [7] [8] is employed for the derivation of the curves and formulas. The
analytical solution provides the diffracted field around a finite length edge in the frequency domain. As
opposed to other analytical solution, it does not require a numerical integration along the edge of the barrier
1
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and is applicable to all types of simple incident radiation (plane, cylindrically and spherically spreading
incident waves).
Figure 1 shows the geometry of the source-edge-receiver problem. A cylindrical coordinate system is
considered with its z-axis on the diffracting edge. The source is located at  rS , S , zS  and the receiver is any
point  rR , R , zR  . The finite length edge is determined by the location of its end points on the z-axis, z1 and z2 .
Each end point of the edge is associated with a re-radiation time. That is, the time sound needs to travel from
the source to the end point of the edge and then to the receiver. The point  on the z-axis
( z   rS zR  rR zS   rR  rS  ) is called reference point and is the point where the reference diffraction path
L  (rR  rS ) 2   z R  zS  (shortest distance sound travels to reach the receiver via diffraction on an infinitely
2

long edge) intersects the z-axis. The lines SBI ( SBI    S ) and SBR ( SBR    S ) are called shadow
boundaries and separate the sound field around the z-axis into three distinct regions: region I, II, and III.
Associated with the shadow boundaries are the diffraction delay times

L  R1
,
c

(i )
 lag


(r )
 lag


L  R2
,
c

(1)

where R1  rR2  rS2  2rR rS cos(R  S )   zR  zS  is the direct distance between source and receiver,
2

R2  rR2  rS2  2rR rS cos(R  S )   z R  zS 

2

the distance between the image source and the receiver, and c the

(i )
speed of sound. The diffraction delay time  lag
represents the extra time the sound travels to reach the
receiver by diffraction compared to the time it travels directly from source to receiver. Small values of
(i )
(r )
 lag
indicate receiver locations close to the shadow boundary SBI. Similarly, small values  lag
indicate
receiver locations close to the shadow boundary SBR. It is noted that the diffraction delay times are
independent of the length of the edge.

Figure 1 – Geometry of the problem.

2

Existing analytical solution and analysis of its terms

The employed analytical solution [7][8] has two different formulations: one when the reference point  is
located on the edge, and another one when the reference point is located outside the edge. For the analysis in
the present work it is convenient to treat the two cases as shown in Figure 2. In the first case, the edge starts
at the reference point and we will let its ending point move along the z-axis towards infinity, as the length of
the edge increases. The relevant re-radiation time that is associated with the length of the edge is, therefore,
2
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the re-radiation time through the edge’s end point, or the latest re-radiation time  end . In the second case, the
ending point of the edge is located at infinity and we will let its starting point move along the z-axis towards
the reference point, as the length of the edge increases. Correspondingly, the relevant re-radiation time in this
case is the re-radiation time through the starting point of the edge, or earliest re-radiation time  start . Because
the finite length edges considered are restricted in the z-semi-axis, the results will be compared against the
solution for a semi-infinitely long diffracting edge, instead of an infinitely long edge.

Figure 2 – Cases of finite length edge diffraction: reference point (  ) on the edge (left), reference point
outside the edge (middle), edge extends on both sides of the reference point (right).
In the following we focus our attention to two properties of the analytical solution that will be employed in
the present work. Firstly: Similarly to the analytical solution for the diffracted field around an infinitely long
edge, the analytical solution for the diffracted field around a finite-length diffracting edge has two terms, one
associated with the incident field and its parameters ( Pd(,i )finite ) and one associated with the reflected field and
)
its parameters ( Pd(,rfinite
)

),
.
Pd , finite  Pd(,i ),fiinite  Pd(,rfiinite

(2)

)
Consider the case of the reference point being located on the edge. The two terms, Pd(,i )finite , Pd(,rfinite
, as well as

Pd , finite , are computed as the length of the edge increases (or equivalently as  end increases). Representative

results are shown in Figure 3. It can be observed that as  end increases, all three computed quantities Pd(,i )finite
)
and Pd , finite converge to fixed values (which correspond to the respective values for the semi-infinite
Pd(,rfinite

edge). It can also be observed that Pd , finite is closer to the term that has the smallest diffraction delay time. In
)
(r )
(i )
the depicted case, Pd , finite is closer to Pd(,rfinite
, as  lag
  lag
. On the other hand, the pattern that Pd , finite follows to
converge to the semi-infinite solution seems to be the same with the term with the largest diffraction delay
time, Pd(,i )finite in this case. The case of the reference point located outside the edge is also depicted in Figure 3.
)
As expected, all computed quantities, Pd(,i )finite , Pd(,rfinite
, and Pd , finite , approach zero, as the length of the edge
decreases and moves further away from the reference point (or equivalently as  start increases). In this case,
Pd , finite is closer in value to the term that has the smallest diffraction delay time and has the same convergence

pattern with the term that has the smallest diffraction delay time. In the depicted case, Pd , finite is closer to and
)
(r )
(i )
has the same pattern as Pd(,rfinite
, as  lag
  lag
.
)
Secondly: Each one of the two terms Pd(,i )finite , Pd(,rfinite
is obtained from integration with respect to re-radiation
time  , which in turn is associated to the length of the edge. Specifically, the finite length edge is segmented
logarithmically as follows: the re-radiation time of the beginning of each segment is 10 times smaller than
the re-radiation time of the end of each segment, which is the beginning of the subsequent segment and so
on. The integral along each such segment can be computed analytically as 4 different components. It has
been numerically observed that the last one of these 4 components is the dominant contribution for each
segment of the edge. The 4th component corresponding to segment j is approximated by the following
expression:
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 (4i )( r ) 

  d  i 
e j1 j
 j 1   lag(i )(r )   d j  i 

(3)

|P| [Pa]

|P| [Pa]

where  j 1 is the re-radiation time via the beginning of the j -th segment and d j is a coefficient corresponding
to segment j .

Figure 3 – The diffracted field due to finite length edge (the total diffraction field Pd , finite and its terms
(i )
d , finite

P

)
(r )
(i )
and Pd(,rfinite
) as a function of re-radiation time (left: reference point on the edge with  lag
  lag
, right:
(r )
(i )
reference point outside the edge with  lag
  lag
)

3

Charts and equations to compute the transition from finite length to
infinitely long edge diffraction

In this section we investigate under which conditions the diffraction field caused by a finite length edge
approaches the diffraction field caused by an infinitely long edge. In such cases, the empirical formulas for
infinitely long edges can be used and no correction due to the finite length of the edge is needed. Consider
first the case of the reference point being on the edge. We wish to determine the critical  end ,  end ,critical , for
which the finite length edge behaves as an infinitely long edge. In this endeavour, we rely on the observation
stated in section 2 that the 4th component of each segment of the edge provides the dominant contribution.
Figure 4 shows this contribution,  4 , for each segment of the edge. The horizontal axis depicts the reradiation times for the end points of each edge segment j. It can be observed that the segments close to the
reference point (at beginning of the horizontal axis) provide small contributions. This is attributed to the
logarithmic segmentation of the edge: the corresponding segments, although close to the reference point they
have small lengths. Similarly, segments very far from the reference point provide also small contributions.
The segments are large but are located far from the reference point, thus sound travels large distances to
eventually reach the receiver. Intermediate segments provide the largest contributions.
As  end increases, we seek to find when the contributions  4 become small enough (for example, 15% of its
maximum value, |  max
|) and, thus, further increase of the length of the edge (or equivalently of  end ) does not
4
affect the diffracted field (i.e. the edge has become infinitely long):

 4   max
4

(4)
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where  a coefficient 0.1    0.2 Equation (4) can be solved analytically to provide the  end ,critical

 end ,critical 

(i )
(r )
 d j max( lag
, lag
)  W0   



(5)

dj

d j e

(i) (r )
 d j max( lag
, lag )

(6)

a d 2j   2

where W0 is the principal branch of the Lambert solution [9] and the parameter d j is the coefficient of the
segment, to which the critical re-radiation time corresponds. The critical re-radiation time is a function of
frequency (   2 f ) and diffraction delay time. It should also be recalled from section 2 that the delay time
(i )
(r )
relevant to the convergence to the infinite edge is max( lag
, lag
) . The chart depicted in Figure 5 provides the
(i )
(r )
 end ,critical for any source – finite length edge – receiver configuration with known max( lag
, lag
) and f .

Figure 4 – The value of component  4 versus the re-radiation time along the segments of the edge
Indeed, the critical re-radiation time  end ,critical provided by the curves in Figure 5 is a reasonably good
estimate as can be observed in Figure 6, where the critical re-radiation time is marked by the vertical red
dashed line. For all frequencies, the predicted  end ,critical marks approximately the re-radiation time, where the
diffracted field caused by a finite length edge ( Pd , finite ) approaches the diffracted field by a semi-infinite edge.
The case of the reference point being outside the edge is considered next. Equation (5) remains the



(i )
(r)
same, with the following differences: (i) min  lag
, lag







(i )
(r)
is chosen instead of max  lag
, lag
(see

discussion in section 2), (ii) the critical segment is located before the segment where  4 becomes
, (iii) for j  3 , the coefficient d 2j   2 , the argument  of the Lambert solution becomes very
 max
4
small and its asympotic form for small arguments can be used instead [9]. Equation (5), thus, becomes

 start ,critical

e ln( A) 

A  ln( )   A  ln( A) 

e 1 A 


,
d j

(7),

(i )
(r )
where A   d j min( lag
, lag
)  ln( ) and   ln(12000  f ) is an ad-hoc corrective factor. The chart

depicted in the right column of Figure 5 provides the  start ,critical for any source – finite length edge – receiver
(i )
(r )
configuration when one knows the min( lag
, lag
) and the frequency f . As expected, even if a small portion of
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the edge around the reference point is missing from the diffracting edge, the diffracted field will not
approach the diffracted field by the corresponding infinite edge. Similarly to Figure 6, Figure 7 shows that
indeed the critical re-radiation time  start ,critical provided by the curves in Figure 5 is a reasonably good
estimate.
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Figure 5 – Curves that provide the  end ,critical (left) [  start ,critical (right)] for any source – finite length edge –
(i )
(r )
(i )
(r )
receiver configuration as a function of frequency f and of max( lag
, lag
) (left) [ min( lag
, lag
) right)] - reference
point on the edge (left)[reference point outside the edge (right))
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Figure 6– The critical re-radiation time  end ,critical from the curves in Figure 5 mark reasonably well the point
where the diffracted field from a finite edge approaches the diffracted field from a semi-infinitely long edge.
for low (left), medium (middle) and high(right) frequencies
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Figure 7 – The critical re-radiation times  start ,critical from the curves in Figure 5 mark reasonably well the point
where the diffracted field from a finite edge starts deviating from the diffracted field of a semi-infinitely long
edge for low (left), medium (middle) and high(right) frequencies
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4

Charts for computing the effect of the finite length of the edge

In this section charts are presented that provide the correction to the sound pressure level around a diffracting
edge that must be applied because of the finite length of the edge. Specifically, curves will be presented that
provide the difference
i ), ( r )
i ), ( r )
SPL( i ), ( r )  SPL(finite
 SPL(semi
inf inite .

4.1

(8)

Universal parameters of the problem

Our investigation starts with an important numerical observation. The observation has a theoretical
justification, which is, nevertheless, omitted in the present work. The parameters of the physical problem are
nine: the frequency of the incident wave ( f ), the coordinates of the source location  rS , S , zS  , the
coordinates of the receiver location  rR , R , z R  , and the location and length of the finite edge provided by the
z-coordinates of the edge’s ends, z1 and z2 . It was observed, however, that SPL(i ) depends on only two
parameters:
(i )
 tag
,

 end
(i )
 lag

.

(9)

(r)
(r )
( i )( r )
and  end  lag
. The first parameter  lag
is associated with diffraction
Similarly, SPL( r ) depends on  lag
by infinitely long diffracting edges and is related to the Fresnel numbers [10], while the second
( i )( r )
parameter  end  lag
is unique to diffraction by finite-length edges. It is further noted, that the dependence
on two parameters can observed in both cases: reference point on the edge, as well as, outside the edge. The
left column of Figure 9 shows two completely different source-finite edge-receiver configurations, which,
(i )
(i )
(i )
nevertheless, have the same universal parameter  lag
, i.e.  lag
,1   lag ,2 . It can be observed that the
deviation of the sound pressure level from the correponding semi-infinitely long diffracting edge
( SPL(i ),( r ) ) for these different configurations has exactly the same dependence on the normalized latest
(i )
re-radiation time  end  lag
(i.e. on the normalized length of the diffracting edge). Indeed, for the same
(i )
(i )
( i ),( r )
normalized latest re-radiation time  end ,1  lag
for both configurations is
,1   end ,2  lag ,2 , the value of SPL
exactly the same. The same observations can be made for cases where for reference point is outside the
edge (see the right column of Figure 9)

Figure 8 – The correction due to the finite length of the edge SPL(i )( r ) is the same for different source-finite
( i )( r )
( i )( r )
length edge-receiver configurations if they have the same  lag
and  end  lag
(left: reference point on the
edge, right: reference point outside the edge).
7
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4.2

Curves for the effect of the finite length of the edge

The case of the reference point being on the edge is considered first. The left column of Figure 10 depicts the
family of curves that provide the correction due to the finite length of the edge, SPL(i )( r ) , versus the
( i )( r )
( i )( r )
normalized latest re-radiation time of the finite length edge (  end  lag
) for various  lag
. It is noted that
( i )( r )
for high frequencies  lag
the corrections have a highly oscillatory behaviour with respect to the reradiation time (or equivalently the length of the edge), while for low frequencies the oscillatory behaviour
does not appear. Also, it is noted that, as expected, the correction approaches zero as the length of the edge
increases.

ΔSPL (i),(r)

ΔSPL (i),(r)

The right column of Figure 10 regards the case of the reference point being outside of the edge. The Figure
depicts the family of curves that provide the correction due to the finite length of the edge, SPL(i )( r ) , versus
( i )( r )
( i )( r )
the normalized earliest re-radiation time of the finite length edge (  start  lag
) for various  lag
.It is noted
that as  start increases, the missing portions of the edge close to the reference point increase, and as a result the
diffracted field decreases and increasingly deviates from the diffracted field from a semi-infinitely long edge,

Figure 9 – Proposed families of curves that provide the correction due to the finite length of the
( i )( r )
edge, SPL(i )( r ) , versus the normalized re-radiation time for various  lag
- left column: reference point on
the edge – right column: reference point outside the edge.

4.3

Use of curves

The proposed curves provide the correction to the corresponding infinitely long diffracting edge for the two
different terms of the diffracted field separately. Specifically, SPL(i ) provides the correction to the term of
the diffracted field associated with the incident field, while SPL( r ) the correction to the term associated with
the reflected field. For the correction to the total diffraction field, the following approximation is proposed:

8
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SPL

proposed

SPL(i )


(r )
SPL

(i )
(i )
(r )
 min  tag
if  tag
,  tag

(r )
(i )
(r )
 min  tag
if  tag
,  tag


.

(11)

In other words, the correction to the total diffraction field is approximately the same to the correction of the
term (incident or reflected) that has the minimum  lag . Numerical tests have been performed for a range of
frequencies, source and receiver locations and lengths of finite edges and it has been concluded that in
almost all cases SPL provided by Eq. (11) ( SPLproposed ) is very close to the SPL computed analytically
( SPLanalytical ). Figure 10(a) shows that when the reference point is on the edge, the discrepancies between
SPLproposed and SPLanalytical are above 0.5 dB only for low frequencies and short segment lengths and very
close to the shadow boundaries. Accordingly, for cases where the reference point is outside the edge, the
discrepancies are above 1 dB in the entire region II (the region above the barrier between the two shadow
boundaries) and close to the shadow boundaries.
0.1
0.08
0.06
0.04
0.02

0

100

200

300

φR

Figure 10 – Combinations of parameters (black-coloured areas) for which the proposed curves provide
corrections due to finite length SPLproposed that differ from corrections obtained by the analytical solutions
SPLanalytical (left: reference point on the edge, right: reference point outside the edge)
Finally, we consider the case of the reference point being inside the edge, and the edge extends on both sides
of the reference point (see right column of Figure 2). The edge is, thus, separated into two different edges
that can be treated separately. Let SPL(1) be the correction obtained by the proposed curves, as described
above, for the segment of the edge left of the reference point (segment  ) and SPL(2) the correction for the
segment of the edge to the right of the reference point (segment  ). The correction for the entire segment
(  )is
SPL
 SPL
20
 6  20 log 10
 10 20


(1)

SPLB

(2)






(12)

The results obtained are in good agreement with the analytical solutions except for low frequencies, short
edges and receivers in region II.

5

Conclusions

Families of curves and formulas have been derived that provide corrections due to the finite length of the
diffracting edge. These corrections can be applied to the results obtained from existing methods (analytical
or empirical) that predict the diffracted field around an infinitely long diffracting edge to account for the
finite length of the edge.
9
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Analytical solution for diffraction by finite edges in frequency
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Abstract
An analytical solution for diffraction of spherical waves by finite edges in frequency domain is presented. As
opposed to other analytical formulas, the presented solution does not require integration along the edge. The
solution is composed of elementary functions and exponential integrals. The latter are well-studied and easy
to compute analytic expressions. The accuracy of the presented solution is determined by comparisons with a
well-established integral formula. Furthermore, based on the presented solution, specific criteria are
developed which determine whether the infinite edge solution can be applied to a finite edge diffraction
problem. These criteria are simple and can be used without calculating the finite edge solution.
Keywords: edge diffraction, analytical solution, finite edge, finite length

1

Introduction

Analytical solutions for diffraction by edges of finite length or simply finite edges exist in both frequency
and time domain. In frequency domain the majority of analytical solutions have the form of a line integral
along the diffracting edge [1]-[3]. To the best of the authors’ knowledge the only solution in frequency
domain that can be expressed as an analytic expression rather than an integral along the edge is the Ufimtsev
solution [4] for the diffraction of a plane wave by the sides of a strip.
In the present work a frequency domain solution for the diffraction of spherical waves by finite edges is
derived. The resulting formula contains elementary functions and exponential integrals which are wellstudied analytic expressions. The solution derives from the Fourier integral of a time domain impulse
response solution for the diffraction of spherical signals by finite edges [5]. It will be shown that, the
presented solution converges to the solution for infinite edges of ref. [6] as the length of the edge increases.
Furthermore, specific limits after which one can use the infinite edge solution of [6] instead of the presented
finite edge solution for a problem of diffraction by a finite edge will be determined.
The time domain finite edge solution is presented in section 2. The derivation of the frequency domain finite
edge solution is presented in section 3 and its accuracy is discussed in section 4. Finally, in section 5 limits
after which one can use the infinite edge solution instead of the finite edge formula are determined.

2

Time Domain Solution

Consider a finite edge such as that of Figure 1 and a cylindrical frame of reference ( r , , z ) . The source is
located at S ( rS ,S , zS ) and the receiver at R ( rR ,R , zR ) . The point  in Figure 1 (b) and (c) defines the
shortest path from the source to the edge line and from the edge line to the receiver ( S −  − R ) . The point

1
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 is named reference point and the path S −  − R is named reference path. The length of the reference path
is termed L , while the lengths of the paths through the edge ends E1 ( 0,0, l1 ) and E2 ( 0,0, l2 ) ( S − E1 − R
and S − E2 − R ), are termed L1 and L2 , respectively. It is

( rR + rS )

L=
L1,2 =

(l

1,2

2

+ ( z R − zS )

− zS ) + r +
2

2
S

2

(l

1,2

(1)

− zR ) + r
2

2
R

A time domain solution for the diffraction of spherical signals by finite edges has been presented in previous
work of the authors [5]. The solution is
1
1
pirfd , finite =  H ( L1 / c − t ) pirfd ( t ) + H ( L2 / c − t ) pirfd ( t ) ,
2
2

(2)

where the positive sign in Eq. (2) is used in the case where the reference point lies within the edge ends
[Figure 1 (b)] and the negative sign is used in the case where the reference point lies outside the edge ends
[Figure 1 (c)]. The symbol H stands for the Heaviside function [ H ( x ) = 0 for x  0 and H ( x ) = 1 for
x  1 ], the symbol c is the speed of sound, and pirfd is the solution for infinite edges also found in ref. [5].
pirfd = pirfdi + pirfdr = −  c


( 2

)

(

L rR rS   tdi  di   ( +  ladig )  + tdr  dr   ( +  ldrag ) 

−1

−1

),

(3)

where the component pirfdi is associated with the incident signal and pirfdr is associated with the reflected
signal by the side of the barrier facing the source [Figure 1 (a)]. The variable  is defined as  = t − L / c and
expresses a time that starts to measure exactly when the diffracted signal by an infinite edge arrives to the
receiver (  = 0 for t = L / c ). The parameters tdi ,dr are time parameters given by tdi ,dr = rS rR c( L + Rdi ,dr )  .
The parameter di ,dr are angle parameters given by  di , dr = 2 2  cos (R  S ) 2  . Last the parameters

(

)

di
dr
 lag
and  lag
are named diffraction time delay parameters and are defined as,

di , dr
 lag
= ( 2 ) tdi , dr  2di ,dr = c −1 ( L − Rdi ,dr ) ,

(4)

where the distances Rdi and Rdr are the direct distances from the source to the receiver and from the image2
source of reflection to the receiver, respectively with Rdi ,dr = rS2 + rR2 − 2rR rS cos (S R ) + ( zS − z R ) . The
di
dr
parameters  lag
and  lag
express the time difference between the arrival of the diffracted signals pirfdi and
di
dr
pirfdr , and the arrival of the sound signals of incidence and reflection, respectively.  lag
and  lag
are also
measures of the angular distance of the receiver from the shadow boundaries SBI and SBR , respectively
di
dr
[Figure 1 (a)].  lag
decreases and approaches zero as the receiver moves closer to SBI . Same holds for  lag

as the receiver moves closer to SBR .
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Figure 1 – Geometry of the finite edge side view (a), top view with reference point on the edge (b), top view
with reference point outside the edge (c). Location of the reference point is z = ( z R rS + zS rR ) / ( rS + rR ) . u is
the arrival time of the paths S − 1 − R and S − 2 − R , respectively and c is the speed of sound.

3

Frequency Domain Solution

In this section a frequency domain diffraction solution for finite edges is going to be derived as the Fourier
transform of the presented time domain impulse response solution. The Fourier transform of the time domain
formula [Eq. (2)] is defined as,





0

eit pirfd , finite ( t ) dt ,

(5)

where  is the angular frequency which is related to the ordinary frequency f as  = 2 f . For the study
purposes the finite edge impulse response solution [Eq. (2)] is written in integral form,
pirfd , finite = 

1 L1 / c
1 L2 / c
 ( t − u ) pirfd ( u ) du +   ( t − u ) pirfd ( u ) du ,

L
/
c
2
2 L/c

(6)

where the integral variable u is defined in Figure 1 (b). Substituting Eq. (6) in Eq. (5) and also using Eq. (3)
yields,
Pfind =  q1di + q2di  q1dr + q2dr = 

1  L1 / c it
1  L2 / c
e  ( t − u ) pirfdi ( u ) dudt +   eit  ( t − u ) pirfdi ( u ) dudt


0
L
/
c
2
2 0 L/c
(7)
1  L1 / c it
1  L2 / c it
dr
dr
   e  ( t − u ) pirf ( u ) dudt +   e  ( t − u ) pirf ( u ) dudt.
2 0 L/c
2 0 L/c

Equation (7) is a summation of four double integrals. Each integral is termed qnm , where the subscript n
indicates the segment E1 ( n = 1) or the edge segment E2 ( n = 2) [Figure 1 (b) and (c)]. The superscript
indicates the corresponding component of pirfd ( u ) [Eq. (3)]. It is m = di for pirfdi ( u ) and m = dr for
pirfdr ( u ) . It can be observed that the four integrals have similar form. In the following the integral q1di is going
to be computed and the result will be similar for the rest integrals.
First, it is examined whether q1di is bounded. For that purpose, the Chaudhry and Zubair theorem [7] is used.
According to this theorem q1di [Eq. (7)] is bounded if the integral
bounded. Indeed, the integral

L1 / c



L/c

0

 

eit  ( t − u ) pirfdi ( u ) dtdu is equal to

L1 / c



L/c

0

 



L1 / c

L/c

eit  ( t − u ) pirfdi ( u ) dtdu is

pirfdi ( u ) du , which has been
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proven to be bounded in previous work of the authors [5]. Furthermore, according to Chaudhry and Zubair
theorem q1di not only is bounded but the order of integration can change without affecting the result. Thus,

q1di can be written as
q1di =

1 L1 / c  it
1 L1 / c
e  ( t − u ) pirfdi ( u ) dtdu =  eiu pirfdi ( u ) du ,


2 L/c 0
2 L/c

(8)

di
( u ) from Eq.
The integral variable u is changed to  = u − L / c for reasons of simplicity. Substituting pirf
(3) in Eq. (8) and applying the variable change yields,
1
di
q1di =  ei ( c di 2 )   ( +  lag
) d , cdi = − tdi  di eiL /c c
0

−1



( 2

)

L rS rR ,

(9)

where c di is the constant part of q1di with respect to  . A parameter such as c di will also appear in q2di . For
q1dr and q2dr the counterpart of c di will be c dr = − tdr  dr ei L / c c 2 L rS rR . The integration in Eq. (9) is
a summation of diffraction contributions coming from the segment E1 . The integration variable 
represents the time difference between the arrival time u [Figure 1 (b)] of the reradiation path S − 1 − R
[Figure 1 (b) and (c)] and the arrival time L / c [see Eq. (1)] of the reference path S −  − R . Every value of
 in  0, 1  corresponds to one and only one edge point 1 on the edge segment E1 . The lower limit  = 0
of the integral of Eq. (9) corresponds to 1   and the upper limit  = 1 = L1 / c − L / c corresponds to
1  E1 .

(

)

For 1 →  the integral q1di converges to its improper version which can be found in tables of integrals [8],
di
q1,inf
=



0

1 di
ei
1

c
d = c di

di
di
2
2
 ( +  lag )
 lag




di
cos ( lag
) 1 − C 




 

di
+i cos ( lag ) C 
 


2


2





 2



 



 2



 

di
 lag
 − S 

di
 lag
 − S 



  2

di
di
 lag
  + sin ( lag ) C 

  



 2 di
di
 lag
  − i sin ( lag ) 1 − C 

 
 
 

di
 lag



 2

di
 lag
 − S 

 



 − S 




 , (10)
  

2 di   
  
 lag   


di
 lag
 

where C is the cosine Fresnel integral and S is the sine Fresnel integral [9]. The components q1di , q2di , q1dr ,
di
dr
di
dr
and q2dr can be substituted for their improper counterparts q1,inf
, q2,inf
, q1,inf
, and q2,inf
in Eq. (7) to yield the
frequency diffraction formula for infinite edges [6]. To the best of the authors’ knowledge the definite
integral of Eq. (9) cannot be found either in existing tables or by using symbolic math software. An
analytical calculation for q1di [Eq. (9)] is derived in the following.

To derive a solution for q1di its integrand function will be approximated by an analytical approximation
whose integral is known. For 1  10−8 the integrand function will be approximated as a whole in  0, 1  ,
while for 1  10−8 a piecewise approximation will be used. For the piecewise approximation the interval of
integration
is
separated
to
subintervals.
The
subintervals
are:
0, 1 
−8
−8
−8
j −9
j −8
k −9
−7
−7
0,10  .. 10 ,10  .. 10 , 1  , j = 0,1..k for 1  10 and 0,10  , 10 , 1  for 1  10 . The total
result for q1di is the integral of the analytical approximation for 1  10−8 , while for 1  10−8 it comes from
the summation of the result of integration in each subinterval. The contribution of a subinterval to the total
4
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result is termed Qnm, j , where the superscript is as in qnm , m = di or m = dr . In the subscript of Qnm, j , the first
digit “n” represents, as for qnm , the segment E1 (with n=1) or the segment E2 (n=2) of the edge [Figure 1
(b) and (c)] and the second digit represents the number of integration interval which is j = 0 for  0,10 −8  ,
j = 1 for 10−8 ,10−7  and so on.
For 1  10−8 the Fourier term ei in Eq. (9) can be approximated as ei

1 +  . This approximation is
used up to f = 10 Hz . To maintain high accuracy for higher frequencies, the first segment would be
4

 0,10 −9  or smaller. For 1  10−8 the factor 1/  in the subintervals 0,10−8  .. 10 j −9 ,10 j −8  .. 10k −9 , 1  is
approximated as,

1 

(a e
j

b j

+ c je

d j

)

10 j −9

(11),

where the parameters a j , b j , c j , d j are least squares coefficients and their values for every subdomain are
given in Table 1. The approximation of Eq. (11) yields very small error for every subdomain 10 j −9 ,10 j −8  .
For the case where the largest error occurs ( j = 5 ) the least squares fitting yields R2 = 0.999 and
RMSE = 0.004 which implies excellent accuracy.
Table 1. Coefficients of Eq. (11) and of Eq. (12).
j

aj

1

bj

cj

dj

0.886925464374122 -77610000

0.598457139494409

-6643300

2

0.896331776107598 -7761945.36818933

0.594803743968482

-654143.784748116

3

0.904712433836298 -778713.444368833

0.591159139220784

-64311.9038662154

4

0.878062270580339 -75524.7707578675

0.586271081481262

-6347.12255347972

5

0.876009124026327 -7358.69387190255

0.578883399646992

-621.592326306155

6

0.875573698167825 -735.152715751881

0.578631014255657

-62.1098100561987

7

0.875610800811663 -73.5226395039242

0.578656737686179

-6.21147099770718

8

0.875678813745594 -7.35314141360905

0.578686800205807

-0.621206386779095

9

0.875611245787398 -0.735244875671642

0.578666941955575

0.0621166979493215

The approximation of Eq. (11) has been done up to j = 9 . That is because: (i) the integral q1di has converged
di
to its infinite value q1di 0.99q1,inf
after 1 = 1, j = 8 for all frequencies up to 104 Hz , receiver and source
locations. (ii) In practical problems, the reradiation time  1 does not exceed 10−4 s which corresponds to
j =4.
Taking into account both approximations for 1  10−8 and for 1  10−8 the total result for q1di is
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,  1  10−8

di
Q1,0
1 
k
q1di = c di  di
2 Q1,0 −8 +  Q1,dij
10
j =1


Q =
di
1,0

2
di
 lag

 
arctan  di1
  lag


,  1  10−8

 2i
+
di

 lag



 
di
di
  1 lag
−  lag
arctan  di1
  lag




 1 for  1  10−8
  , x =  −8
−8

10 for  1  10 , (12)


di
di
Q1,dij = −a j N ( x, lag
, b j ,  ) + a j N (10 j −9 , lag
, b j ,  ) 
10 j −8 for j  k
, x=

di
di
− c j N ( x, lag
, d j ,  ) + c j N (10 j −9 , lag
, d j ,  ) 
 1 for j = k
floor log10 ( 1 )  + 9,  1  10−8 ,10−7..1
k =
 floor ( x )  lowest integer close to x
−8
−7
floor

log


+
8,

=
10
,10
..1
(
)


1
 10 1 

where a j , b j , c j , d j are coefficients that can be found in Table 1 and N is the following function,
e g − s 1 ( g )

di , dr
N x, lag
,10 j −9 ,  = e g − s int ( g ) =  e − s

 g

(

, g  200

)

(

)(

)

di , dr
g = − x +  lag
10 j −9 + i ,

(

s = − x 10 j −9 + i

, g  200

(13)

)



where int is the exponential integral int =  e − gt t dt , of complex argument g [9]. The function “ N ” [Eq.
1

(12)] expresses a multiplication of an exponential component (becomes very large in magnitude as the
magnitude of g increases) and an exponential integral component (becomes very small in magnitude as the
magnitude of g increases). For large g the multiplication may be impossible to implement using existing
hardware since it may require a very large number of digits. To deal with this issue the exponential integral
is approximated by function N , for g  200 , with the first term of its asymptotic expansion, namely,

int e− g g [9]. The multiplication becomes e g − s int ( g ) = e g − s  e − g g = e − s g and can be easily
calculated. The value 200 for the magnitude of g is so large that there is no loss in accuracy.

4

Accuracy of the frequency domain solution

The accuracy of the present solution is determined by comparisons with the well-established integral solution
of Svensson et al. [3]. For the comparison purposes the following parameter is introduced,

(

error = 100 Pfind − Ps

) (1 P ) ,
s

(14)

where the symbol Ps is referred to the Svensson et al. solution [3]. Results for the error parameter of Eq.
(14) are discussed for the case where the reference point lies on the edge or outside the edge [Figure 1 (b)
and (c), respectively].
For both cases, the behavior of error has been studied with respect to the parameter kL , which expresses the
length of the reference path normalized by the wavelength ( k =  / c = 2  is the wavenumber where  is
the wavelength), the parameters c1 / L and c 2 / L (i.e. the arrival times of diffraction from the two edge
di
dr
ends normalized by the arrival time of the reference path L / c ), and the parameters  lag
and  lag
[Eq. (4)].
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When the reference point lies on the edge [Figure 1 (b)], the error parameter has been found to be large for
small values of kL , kL  2 (i.e., small frequencies or a source and a receiver located close to the edge).
Furthermore, it has been observed that, from all receiver locations the largest values for error occur for
di
di
dr
dr
 lag
=  lag
=  lag
when the receiver is far from both shadow boundaries. For kL = 2 ,  lag
, and 1 = 0 ( E1   )
the error increases as c 2 / L increases (i.e. as the edge end E2 moves far from the reference point  ).
Similar results occur if both  1 and  2 are increased simultaneously (1 =  2 ) . The maximum error is 9.22%,
occurs for small values of c 2 / L and drops thereafter. For larger values of kL error drops. For kL  7 the
dr
→ 0 or
error is less than 5%. For all values kL error drops as the receiver moves closer SBI or to SBR (  lag
di
 lag → 0 , respectively) being less than 5% for kL = 2 and less than 2% for kL = 7 .

When the reference point is located outside the edge [Figure 1 (c)], E1 lies on the right side of the reference
point [Figure 1 (c)] and cannot move further from the location of E2 (1   2 ) . Two cases for E2 are
considered (i) The case where E2 moves to infinity and the edge becomes semi-infinite. In this case error is
less than 10% for kL  7 and c1 / L  0.06 and drops to 5% for kL  50 and c1 / L  0.06 . Error has been
reported to grow very fast for all kL when  1 increases beyond c1 / L = 0.06 . (ii) The case where the
location of E2 remains bounded. In this case error is less than 10% for c 2 / L  0.1 (i.e., when a finite edge
is small compared to the source and the receiver radial distances rS , rR from the edge) irrespective of kL .

5

Convergence to the infinite edge solution

In this section, the convergence of the presented finite edge solution to the infinite edge solution as the length
of the edge increases is investigated and proper limits after which one can handle the finite edge diffraction
problem using the infinite edge solution are determined.
When the reference point is located on the edge [Figure 1 (b)], both edge ends E1 and E2 may extend to
infinity ( l1 → − , l2 →  and thus 1 , 2 →  ). In that case, as shown in section 3, the four integral
components of

Pfind

di
di
dr
dr
q1,inf
, q2,inf
, q1,inf
, q2,inf

q1di , q2di , q1dr , q2dr [Eq. (7)] converge to their infinite counterparts
[Eq. (10)] and thus Pfind converges to Pinfd (where Pinfd stands for the infinite edge
namely,

d
d
solution of ref. [6]). Let  inf
be a critical value of  1 and  2 so that if 1 , 2   inf
, then Pfind is almost equal to

di
di
di
Pinfd . Also, let  1,inf
be a critical value of q1di so that if 1  1,inf
, then q1di is almost equal to q1,inf
. Similar to
di
dr
di
dr
 1,inf
, the critical values 1,inf
are defined for q2di , q1dr , q2dr . For Pfind to be almost equal to Pinfd , all
, 2,inf
, 2,inf

d
di
di
dr
dr
integral components q1di , q2di , q1dr , q2dr should be almost equal to q1,inf
. Thus, the value  inf
, q2,inf
, q1,inf
, q2,inf

di
dr
di
dr
should be equal to the largest of 1,inf
. In the following, the calculation of the critical
,1,inf
, 2,inf
, and  2,inf
di
dr
di
dr
values 1,inf
is shown.
,1,inf
, 2,inf
, and  2,inf
di
The definition of  1,inf
is expressed as,

di
di
di
q1di − q1,inf
 v q1,inf
, for every  1   1,inf
,

(15)

where v is an accuracy factor ( v → 0 ) . It is observed that the parameter c di 2 , which is independent of  1 ,
di
is common in q1di and q1,inf
[see Eqs. (9) and (10)] and can be dropped from Eq. (15). Thus, an equivalent
di
definition of  1,inf
is
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di
q1di − q1,inf
n

n

di
 v q1,inf

di
q1di = 2q1di c di , q1,inf
n

where q1di

n

di
and q1,inf

n

n

n

di
, for every  1   1,inf
di
= 2q1,inf
c di

,

(16)

di
are the components q1di and q1,inf
normalized with their common factor c di 2 . The

di
di
parameter  1,inf
can be calculated based on Eq. (16). As shown in Figure 2 (a),  1,inf
is the greatest value of

di
di
for which q1di − q1,inf
 1 in the graph of q1di − q1,inf
n

di
= v q1,inf

n

n

. Both q1di

n

di
and q1,inf

n

are functions of two

di
di
variables, the angular frequency  and the diffraction time delay  lag
[see Eq. (3)] and thus  1,inf
is also a
di
function of these variables. Note here, that the dependence of  1,inf
on the source and receiver locations is

di
described by  lag
which is a function of all 6 coordinates of the source and the receiver [see Eq. (4)].
di
Numerical calculation of  1,inf
based on Eq. (16) has been carried out on a 100x100 grid of pairs

( f , )
di
lag

[for v = 5% in Eq. (16)] and the result is shown in Figure 3 (a). The frequency in Figure 3 (a) ranges from
di
di
= 10−8 s to  lag
= 10−1 s . The selected
f = 10Hz to f = 104 Hz and the diffraction time delay ranges from  lag
di
di
range for  lag
corresponds to all the possible combination of source and receiver. The values of  1,inf
in

Figure 3 (a) can be approximated with very good accuracy using least squares fitting. The result is the
following equation:

(

di
di
 1,inf
= exp A1 + A5 ln ( lag
) ln ( ) + A4 ln ( lagdi ) + A5 ln ( ) ln ( lagdi ) + A6 ln ( )
2

2

) (

di
lag

) ( )
A2

A3

(17)

A1 = 1.7526, A2 = 0.5567, A3 = −0.3949, A4 = −0.0101, A5 = −0.0213, A6 = −0.0132, for v = 5%
The approximation of Eq. (17) is highly accurate yielding R2 = 0.9962 and RMSE = 0.1831 and can be used
di
di
to estimate  1,inf
without calculating q1di . Figure 3 (b) depicts the calculation of  1,inf
using Eq. (17) on the
di
same grid of pairs ( f , lag
) that has been used for Figure 3 (a). Good agreement is observed between the two

figures.
di
d
dr
di
dr
The calculation of 1,inf
is similar to that of  1,inf
. The critical value  inf
is found as the maximum
, 2,inf
, 2,inf
di
dr
di
dr
di
of these values. Numerical investigation has shown that if  lag   lag , then max ( 1,inf , 1,inf
.
) = 1,inf

When the reference point is located outside the edge [Figure 1 (c)], E2 may move to infinity ( l2 →  and
thus  2 →  ) and the edge end E1 may approach the location of the reference point  ( l1 → z+ and thus
di
and
1 → 0 ). In this case, the components q2di and q2dr of Pfind converge to their infinite counterparts q2,inf
dr
q2,inf
while the components q1di and q1dr go to zero. As a result, the finite edge solution Pfind converges to

d
d
, another critical value needs to be determined. Let  zero
be a critical
Pinfd 2 . In this case, in addition to  inf
di
dr
d
d
d
d
value of  1 so that if 1   zero and  2   inf then Pfin is almost equal to Pinf 2 . Also, let  1,zero and  1,zero
be

di
critical values of  1 so that if 1  1,dizero and 1  1,drzero , then q1di and q1dr are insignificant compared to q1,inf
dr
and q1,inf
, respectively. For Pfind to be almost equal to Pinfd 2 , both q1di and q1dr should be insignificant and

di
dr
d
thus,  zero
is chosen as the lesser between the critical values of  1,zero
and  1,zero
. In the following, the
di
dr
calculation of the critical values  1,zero
and  1,zero
is shown.
di
The definition of  1,zero
can be expressed as:
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di
di
di
q1di − q1,inf
 h q1,inf
, for every  1   1,zero
,

(18)

where h is a real number that approaches unity ( h → 1 ). The normalization that has been applied to Eq. (16)
can be also applied to Eq. (18) to yield,
di
q1di − q1,inf
n

n

di
 h q1,inf

n

di
, for every  1   1,zero
,

(19)

di
di
The parameter  1,zero
can be found based on Eq. (19). As shown in Figure 2 (b),  1,zero
is the lowest value of

di
di
for which q1di − q1,inf
 1 in the graph of q1di − q1,inf
n

n

di
= h q1,inf

n

di
di
. Similar to  1,inf
,  1,zero
is a function of

di
di
frequency and  lag
. Numerical calculation of  1,zero
based on Eq. (19) (for h = 95% ) has been done on the

same 100x100 grid of

( f , ) . The result is shown in Figure 4 (a). Similar to 
di
lag

di
1,inf

di
, the values of  1,zero
in

Figure 4 (a) can be approximated with very good accuracy using least squares fitting. The result is the
following equation:

(

di
di
 1,zero
= exp B1 + B5 ln ( lag
) ln ( ) + B4 ln ( lagdi ) + B5 ln ( ) ln ( lagdi ) + B6 ln ( )
2

2

) (

) ( )

di B2
lag

B3

(20)

B1 = −6.8972, B2 = 0.4596, B3 = −0.6390, B4 = −0.0370, B5 = −0.0716, B6 = −0.0303, for h = 95%
The approximation of Eq. (20) yields very good accuracy ( R2 = 0.9932 and RMSE = 0.2850 ). Equation (20)
di
di
can be used to estimate  1,zero
without calculating the solution q1di for a given frequency f and  lag
. Figure 4
di
di
(b) depicts the calculation of  1,zero using Eq. (17) on the same grid of pairs ( f , lag ) that has been used for
Figure 4 (a). Good agreement is observed between the two figures.
dr
di
d
The calculation of  1,zero
is similar to that of  1,zero
. The critical value  zero
is found as the minimum between
di
dr
di
dr
dr
these values. Numerical investigation has shown if  lag   lag , then min ( 1,zero , 1,zero
.
) = 1,zero

Figure 2 – Graphical example of Eq. (16) (a) and of (19) (b) for v = 5% and h = 95% , respectively.

di
Figure 3 – Contours of  1,inf
calculated numerically by solving the equality in Eq. (16) as shown in Figure 2
(a) and directly by Eq. (17) (b).
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di
Figure 4 – Contours of  1,zero
calculated numerically by solving the equality in Eq. (19) as shown in Figure 2
(b) and directly by Eq. (20) (b).

6

Conclusions

In the present work a frequency domain solution for the diffraction of spherical waves by finite edges has
been derived. The presented solution has been derived as the Fourier transform of a time domain impulse
response solution [5] and its accuracy has been determined by comparisons with the well-established
Svensson et al. formula [3]. Finally, based on the presented solution, specific limits have been determined
after which the diffraction solution for the infinite edge can be used to a finite edge diffraction problem.
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Abstract
In 2015, the new standard ISO 16283-2 for field measurements of impact sound insulation introduced a lowfrequency procedure (LF-procedure) for measuring impact sound pressure levels and reverberation times at
three 1/3-octave bands below 100 Hz. The LF-procedure is followed when the volume of the receiving room
is smaller than 25 m3. The LF-procedure is based on studies concerning field measurements of airborne
sound insulation. Its aim is to improve measurement uncertainty of low-frequency sound insulation
measurements. The procedure has not been assessed for use with impact sound insulation measurements. The
objective of this study was to assess the standardized LF-procedure in the field measurements of impact
sound insulation. The results show that the measurement uncertainty is improved. However, the impact
sound pressure levels raise 4 dB on average. The values of L’nT,w + CI,50-2500 also raise from 1 dB to 8 dB in
most cases.
Keywords: building acoustics, impact sound insulation, low frequencies, measurement uncertainty

1

Introduction

In 2015, the field measurement standard ISO 140-7 [1] of impact sound insulation was replaced by a new
standard ISO 16283-2 [2] which introduced a low-frequency procedure (LF-procedure) for measuring impact
sound pressure levels and reverberation times at the three 1/3-octave bands below 100 Hz. This new standard
has been revised in 2018 and 2020 [3–4]. The LF-procedure is followed when the volume of the receiving
room is smaller than 25 m3. The LF-procedure for measuring the impact sound pressure levels consists of
additional sound pressure level measurements in at least four room corners and combining them in a special
way with the sound pressure levels acquired with the normal method. The low-frequency energy average is
calculated for each of the 1/3-octave bands of 50, 63 and 80 Hz separately. In reverberation time
measurements, the low-frequency procedure requires that the reverberation time measured at 63 Hz octave
band is used in the calculation of e.g. L’nT instead of the measured reverberation times at 1/3-octave bands
50, 63 and 80 Hz.
The LF-procedure included in the current standard [4] is based on the work carried out by Hopkins and
Turner [5]. They studied airborne sound insulation measurements in rooms having a small volume at the low
frequency range where diffuse sound field cannot be expected. The developed method is applied in the field
measurement standard of airborne sound insulation [6]. The aim of the work by Hopkins and Turner was to
improve the repeatability of low frequency sound insulation measurements. Hopkins and Turner did not
study the applicability of the developed low frequency measurement method in measuring the impact sound
insulation [5].
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The objective of this study is to assess the standardized LF-procedure in the field measurements of impact
sound insulation. The assessment of the LF-procedure in field measurements of impact sound insulation is
carried out in the same way as Hopkins and Turner [5] assessed the LF-procedure in the field measurements
of airborne sound insulation. First, the differences between the impact sound pressure levels with and
without the LF-procedure defined in the current standard [4] will be calculated. Measurement uncertainty
will also be assessed by defining the standard deviations of the measured impact sound pressure levels.
Second, the differences between the single-number quantities (SNQ) for rating the impact sound insulation
will be determined. This paper is a short version of a larger work presented in [7].

2

Materials and methods

There are several SNQs defined for the rating of impact sound insulation between dwellings, like weighted
standardized impact sound pressure level L’nT,w and sum of it and the spectrum adaptation term CI or CI,50-2500
[8–9]. As many countries use the SNQs standardised to reverberation time, this paper presents results
concerning them only. The spectrum adaptation term CI,50-2500 is the only one affected by the LF-procedure.
Thus, this paper concerns only the differences of the sum of L’nT,w and CI,50-2500 calculated with and without
the LF-procedure.
The measurement data used in this study has been produced as a part of everyday consultation work by the
acoustical department of AINS Group. The measurements have been carried out according to the default
measurement procedure and LF-procedure. In the default measurement procedure, four tapping machine and
four fixed microphone positions per each tapping machine position have been used when measuring the
impact sound pressure levels. The data consists of 40 field measurements results in new buildings. The
volume of the receiving rooms ranged from 16 m3 to 24 m3. Most of the measurement results (35) are from
wooden buildings except five which have been done in concrete buildings.
Standardised impact sound pressure levels L’nT from all the measurement results calculated with and without
the LF-procedure have been shown in Figure 1. An example of the difference between the measured levels
with and without the LF-procedure in one measurement result has also been shown in Figure 1. Differences
between the impact sound pressure levels in 1/3-octave bands with and without the LF-procedure have been
calculated as follows:
DnT,LF,k = L’nT,LF,k - L’nT,k

(1)

Subscript k refers to the 1/3-octave bands of 50, 63 and 80 Hz. In addition to the differences described
above, also the average differences and standard deviations of the differences defined by the formula (1)
have been determined.
Reducing the measurement uncertainty has been the main objective of introducing the LF-procedure [5].
Therefore, standard deviations of the impact sound pressure levels before normalization or standardization
L’i calculated with and without the LF-procedure have also been determined to find out how the LFprocedure has affected the spread of the measurement results at the low frequency range. The measurement
standard [4] requires that an energy-average is first calculated from the measured and background noise
corrected impact sound pressure levels for one tapping machine position. Therefore, the energy-averaged
impact sound pressure levels per one tapping machine position are based on sound pressure level
measurements at four microphone positions. As there has been four tapping machine positions, the standard
deviations can be calculated from the four energy-averaged impact sound pressure levels. These standard
deviations have been denoted as si for the impact sound pressure levels without the LF-procedure and si,LF for
the impact sound pressure levels with the LF-procedure.
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Differences between the SNQs calculated from the field measurement results of impact sound pressure levels
with and without the LF-procedure have been calculated as follows:
DnT,SNQ = (L’nT,w + CI,50-2500,LF) - (L’nT,w + CI,50-2500)

(2)

For the assessment of the LF-procedure, the averages and standard deviations of the differences DnT,SNQ have
also been determined.

Figure 1 – Measured standardised impact sound pressure levels L’nT with and without LF-procedure in all 40
field measurements (left) and an example from one measurement (right).

3

Results

Averages and standard deviations of DnT,LF,k at 1/3-octave bands of 50, 63 and 80 Hz have been presented in
Table 1. Distributions of the differences of DnT,LF,k at the three 1/3-octave bands have been shown in Figure 2.
Standard deviations of the energy-averaged impact sound pressure levels defined from the results with LFprocedure and default procedure have been shown in Figure 3. Differences of the single-number quantities
L'nT,w + CI,50-2500 calculated with LF-procedure and default procedure have been shown in Figure 4. Average
difference is 3,0 dB and standard deviation 2,3 dB.
Table 1 – Averages and standard deviations of differences of impact sound pressure levels measured
calculated with and without the LF-procedure.
Difference
DnT,LF, 50 Hz
DnT,LF, 63 Hz
DnT.LF, 80 Hz

Average
4,2 dB
4,2 dB
4,7 dB

Standard deviation
2,5 dB
3,3 dB
4,1 dB
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10
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8

80 Hz

6
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Figure 2 – Distribution of the differences DnT,LF,k at 1/3-octave bands of 50, 63 and 80 Hz.
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Figure 3 – Standard deviations si (default procedure, denoted as ♦) and si,LF (LF-procedure, denoted as ×)
calculated from the four energy-averaged impact sound pressure levels.
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Figure 4 – Distribution of the differences of the single-number quantities DnT,SNQ.
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4

Discussion

The low-frequency measurement procedure for measurements of both airborne and impact sound insulation
was included in the measurement standards [2, 6] in order to improve the repeatability of low frequency
sound insulation measurements [5]. The results (Fig. 3) indicate that the LF-procedure works as was
expected: the standard deviations of the impact sound pressure levels are low compared with those obtained
without LF-procedure. However, the standard deviation of the results obtained without the default procedure
within this frequency range do not drastically stand out from the deviation of the adjacent frequency bands
from 100 to 200 Hz (Fig. 3). In an earlier study concerning impact sound insulation of concrete floors [10], it
was shown that the measurement uncertainty increases just around 0,5 dB at the low frequencies of 50, 63
and 80 Hz compared with the measurement uncertainty at the 1/3-octave bands from 100 to 250 Hz. This
raises a question whether there is any need to improve measurement repeatability between 50 and 80 Hz.
The reason for the lower standard deviations of the energy-averaged impact sound pressure levels measured
with LF-procedure can be explained by the results shown in Fig. 1 and Fig. 2. In most cases, the impact
sound pressure levels having the results from LF-procedure included are clearly larger than the levels
without the LF-procedure (Fig. 1). When the same data is studied in terms of standard deviations (Fig 3), the
standard deviations from energy-averaged impact sound pressure levels with LF-procedure are lower,
correspondingly. Even though the corner pressure levels are weighted with a factor of 1 and the regular
pressure levels with a factor of 2 when combined to LF pressures, the results with LF-procedure are probably
dominated by the sound pressure levels measured in the room corners. This might result in lower standard
deviations and improving repeatability. This assumption is supported by results from a study concerning
low-frequency impact sound insulation with a different sound source [11].
Despite the improvement in measurement uncertainty, the LF-procedure might nevertheless lead to problems
in rating of the impact sound insulation between dwellings. At 50 Hz, the difference DnT,LF,50 Hz is above zero
in 38 cases of 40 field measurements. At 63 Hz, one results is below zero and all others are equal to it or
larger. At 80 Hz, three results are below zero (Fig. 2). The average differences are from 4,2 dB to 4,7 dB
(Table 1). At single field measurement cases, the difference might be even 20 dB at some of the 1/3frequency bands (Fig. 2). Thus, the LF-procedure seems to lead to much higher impact sound pressure levels
than the default procedure.
The difference in the values of the SNQs L’nT,w + CI,50-2500 were equal to or larger than zero in 38 cases of 40
field measurements when the LF-procedure was applied. 77,5 % of the measurement results increased from 2
dB to 7 dB the largest raise being 8 dB. On the average, the raise was 3,0 dB. According to Hopkins and
Turner [5], the change of single-number quantities DnT,w + C50–3150 and DnT,w + Ctr,50–3150 for airborne sound
insulation was within the range between -1 dB and +1 dB when the LF-procedure was applied as it is
presented in the measurement standard [6]. This might be a result of the use of the LF-procedure twice: the
corner measurements will usually be done both in the source and receiving room, when the effect of
increasing sound pressure levels due to the corner measurements will be diminished. In the calculation of the
level differences D, the raise in the 1/3-octave band sound pressure levels will probably be subtracted to
some extent, when it will not affect the values of the single-number quantities as much as in the impact
sound insulation measurements.
It could also be claimed that the use of the LF-procedure results in SNQs that differ from those used as a
basis for the limits of impact sound insulation in national requirements. Thus, the SNQs having the results
from LF-procedure included, should have different limits. Another important aspect is whether the values of
the SNQs calculated following the LF-procedure correlate with the occupants’ subjective judging of the
impact sound insulation. It is encouraged that this should be studied with psychoacoustical methods which
have been applied in a recent study on impact sound insulation [12].
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The measurement standard for impact sound insulation requires that the LF-procedure shall be used when the
room volume is less than 25 m3 [4]. In practice, there will occur situations where similar structures in rooms
having a volume of slightly smaller or larger than 25 m3, will lead to greatly different results. Furthermore,
this means that the small rooms should be designed and constructed differently from the larger rooms, i.e.
with floor structures having better impact sound insulation. This leads to rising building costs.

5

Conclusions

The low-frequency procedure for sound insulation measurements [4, 6] was developed in order to improve
the measurement uncertainty. It was studied on the basis of the airborne sound insulation measurements [5].
According to Hopkins and Turner [5], a measurement method for sound insulation should have a suitable
repeatability, reproducibility and relevance which they defined as a link between the insulation measured and
the insulation experienced by the building occupants. An assessment of the LF-procedure in impact sound
insulation measurements has not been carried out earlier. Our study shows that the procedure is successful in
improving the measurement uncertainty. However, there are several problems concerning the application of
the LF-procedure in field measurements of impact sound insulation. The application of the LF-procedure
changes the rating of impact sound insulation in small rooms so much that its use is so far not justified.
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Abstract
This paper presents a numerical model and method to simulate the acoustic Transmission Loss for the flanking
transmission through curtain-walls mullion.
In practice, measurements are conducted using two reverberant rooms and it is well-known that the modal
behavior of theses rooms will affect the results on the low frequency band.
In this work, a numerical study of the flanking sound transmissions will be made. A numerical vibro-acoustic
model will be presented. The results of a parametric study on a mullion of Hydro will be made and a method
to isolate the internal flanking paths will be proposed.
Finally, a model reduction method will be proposed to reduce the mullions into a super-element usable to
calculate the Transmission Loss.
Keywords: Acoustic; Flanking Transmission; Curtain-Wall; Finite Element Method

1

Introduction

Nowadays, the use of aluminum curtain-walls is increasing, their material properties (weight, corrosion
resistance, rigidity) , easy method of production and installation makes them a prime actor in the sector of
building façade.
However, when coupled with glazing, the vibroacoustic behavior of the curtain-wall needs specific attention
as the dependency to exterior factor, such as room geometry and internal factor, such as assembly uncertainties,
increase especially in the low frequency band (inferior to 500Hz in this study).
When studying direct transmission, the impact of the bond between glazing and mullion is not preponderant
thus it is not much studied but in the case of flanking transmission, this bond is one of the main paths to
transmit the sound.
Research on sound flanking paths in curtain-wall systems has been carried out with statistical energy analysis
(SEA) models [1-3], this method present hypotheses valid only at high frequencies of study when the modal
density of the system is high enough. One example of this method is on the European Standard EN 12354 [4].
Other researches have studied the vibration reduction index using the Finite Element Method (FEM) [5].
Extensive measurements in laboratory have been made at the NRC/IRC Laboratory [6] on wooden structure
and in [7] to determine the mechanisms of transmissions through a curtain-wall.
In some instance [8-9] study using FEM has been made. As this method is highly suitable to low frequency
studies where the SEA hypotheses are not verified.
In this paper, a numerical analysis of the phenomenon will be made using a Finite Element Model. A strongly
coupled vibroacoustic formulation is used to calculate the Transmission Loss (or TL).
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A parametric study will be conducted to investigate the impact of diverse factors (such as mullion dimensions,
boundary conditions) on the TL. A condensation method to reduce the size of the systems and the computation
times will be proposed.

2

Formulation of the finite element Vibro-acoustic problem

To define the vibro-acoustic coupling between an acoustic field and a structure, we will consider the vibration
of an elastic structure coupled with an inviscid and compressible fluid.
The structure will be modelized by using Euler-Bernoulli beams.
In this section we will recall the equations of the coupled problem (Figure.1) and validate our development by
an analytical solution.
2.1

Analytical Solution for the vibro-acoustic coupling

Let us consider the following vibro-acoustic system with a simply supported beam.:

Figure 1.Schematic of a vibro-acoustic model
The equation of the fluid-structure coupled problem described in Figure 1 are :
(Δ + 𝑘 2 )𝑝𝑖 = 𝑓𝑎𝑖
𝐸𝑠 𝐼𝑠 ∇4 𝑤 − 𝜌𝑠 𝐴𝑠 𝜔2 𝑤 = 𝑝1 − 𝑝2 + 𝑓𝑠
𝜕𝑝𝑖
= 𝜌𝑎 𝜔2 𝑤
𝜕𝑛𝑓𝑖
𝜕𝑝𝑖
𝑝𝑖 𝑜𝑟
𝑐𝑜𝑛𝑑𝑖𝑡𝑖𝑜𝑛𝑠
𝜕𝑛𝑓𝑖
{𝑤 = 𝑤𝑖𝑚𝑝𝑜𝑠𝑒𝑑

On Ω𝑖

(1)

On Ω𝑠

(3)

On Ω𝑠

(4)

On Γ1,𝑘 , Γ2,𝑘

(5)

On Γ𝑠

(6)

𝑏ℎ3

For the structure note 𝑬𝒔 the Young Modulus of the material, 𝑰𝒔 = 12 the inertia moment, 𝝆𝒔 the density of the
𝜔
beam and 𝑨𝒔 the section of the beam. As for the acoustic domain, 𝒌 = 𝑐 is the wavenumber, 𝝆𝒂 is the density
of the fluid, 𝜟 is the Laplacian operator, 𝜵 is the gradient operator.
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2.2

Variational formulation of the problem

In the finite element context, the equations and boundary conditions can be expressed in the following weak
forms :
∫ 𝐸𝑠 𝐼𝑠 𝛻 2 𝛹𝑠 𝛻 2 𝑤 𝑑𝛺𝑠 − 𝜔2 ∫ 𝜌𝑠 𝐴 𝛹𝑠 𝑤 𝑑𝛺𝑠 − ∫ 𝛹𝑠 𝑛 𝑓 𝑝 𝑑𝛤𝑐 = ∫ 𝛹𝑠 𝑓𝑠 𝑑𝛺𝑠
𝛺𝑠

𝛺𝑠

Ω𝑠

(7)

𝛺𝑠

1
𝜔2
1
2
𝑓
∫ ∇ Ψ𝑎 ∇p 𝑑Ω𝑎 −
∫
Ψ
𝑝
𝑑Ω
−
𝜔
∫
Ψ
𝑛
𝑤
𝑑Γ
=
∫ Ψ 𝑓 𝑑Γ
𝑎
𝑎
𝑎
𝑐
𝜌𝑎 𝑐 2 Ω𝑎
𝜌𝑎 Ω𝑎 𝑎 𝑎 𝑎
Ω𝑠
{𝜌𝑎 Ω𝑎

(8)

With 𝚿𝒔 and 𝚿𝒂 the weighting functions respectively for the structure and the acoustics, 𝒘 is the flexural
displacement of the beam and 𝒑 is the pressure in the acoustic domain. Theses variational formulation lead to
the following matrix system:
𝐾
([ 𝑠
0

𝑤
0
𝑓
]) { 𝑝 } = [ 𝑠 ]
𝑓𝑎
𝑀𝑎

𝑀𝑠
−𝐶
] − 𝜔2 [ 𝑡
𝐾𝑎
𝐶

(9)

With 𝑲𝒔 , 𝑴𝒔 the structure matrixes. 𝑲𝒂 , 𝑴𝒂 the fluid matrixes. 𝑪 is the coupling matrix that induce the
transmission.
2.3

Definition of the Transmission Loss

In this paper, to evaluate the influence of the studied parameters, the Transmission Loss (TL) is defined as :
𝑇𝐿 = 𝐿𝑒 − 𝐿𝑟

(10)

Where 𝐿𝑒 is the averaged Sound Pressure Level (SPL) on the emission room and 𝐿𝑟 is the averaged SPL on
the reception room. The SPL is given by :
∫Ω 𝑝i2 𝑑Ω𝑖
𝐿𝑖 = 10 log10 ( 𝑖 2
)
𝑃𝑟𝑒𝑓𝑓

(11)

Where 𝑃𝑖 the pressure inside of the rooms.
2.4

Comparison with an analytical solution

An Analytical solution can be obtained by applying boundary conditions on the system presented in Figure 1:
𝑓𝑠 = 𝑓𝑎1 = 𝑓𝑎2 = 0
𝑤 = 𝑤 ′′ = 0
𝜕𝑝2
=0
𝜕𝑛𝑓
𝑝𝑖 = 0
𝜕𝑝1
= 𝑉0 (𝑦) = 𝑉𝑛 𝑠𝑖𝑛(𝑘𝑦 𝑦)
{𝜕𝑛𝑓

On Ω1 , Ω2 , Ω𝑠
On Γ𝑠

(12)
(13)

On Γ2,2

(14)

On Γ1,1 , Γ2,1 , Γ1,3 , Γ2,3

(15)

On Γ1,2

(16)

The pressure and displacements fields can be expressed as :
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𝑉𝑛
𝑒 𝑗𝑘𝑥 𝐿𝑥1
𝜌𝑎 𝜔2 𝑤𝑛
(𝑗 𝑒 𝑗𝑘𝑥 𝑥 −
cos(𝑘𝑥 𝑥) ) −
] 𝑠𝑖𝑛(𝑘𝑦 𝑦)
𝑘𝑥
𝑠𝑖𝑛(𝑘𝑥 𝐿𝑥1)
𝑘𝑥 𝑠𝑖𝑛 (𝑘𝑥 𝐿𝑥1
𝜌𝑎 𝜔2 𝑤𝑛
𝑝2 (𝑥, 𝑦) = 𝑗
[𝑒 𝑗𝑘𝑥 𝑥 + 𝑒 𝑗𝑘𝑥 (𝐿𝑥1+𝐿𝑥2) 𝑒 −𝑗𝑘𝑥 𝑥 ] 𝑠𝑖𝑛(𝑘𝑦 𝑦)
𝑗𝑘
𝐿
𝑘𝑥 (𝑒 𝑥 𝑥1 − 𝑒 2𝑗𝑘𝑥 (𝐿𝑥1+𝐿𝑥2) 𝑒 −𝑗𝑘𝑥 𝐿𝑥1 )
𝑉𝑛 𝑒 𝑗𝑘𝑥 𝑥
1
(𝑗 −
)
𝑘𝑥
𝑡𝑎 𝑛(𝑘𝑥 𝐿𝑥1 )
𝑤(𝑦) = 𝑤𝑛 𝑠𝑖𝑛(𝑘𝑦 𝑦) =
𝑠𝑖𝑛(𝑘𝑦 𝑦)
𝜌 𝜔2
𝑗(𝑒 𝑗𝑘𝑥 𝐿𝑥1 + 𝑒 2𝑗𝑘𝑥 (𝐿𝑥1+𝐿𝑥2) 𝑒 −𝑗𝑘𝑥 𝐿𝑥1 )
1
(𝐸𝑠 𝐼𝑠 𝑘𝑦4 − 𝜌𝑠 𝐴𝑠 𝜔 2 ) + 𝑎 (
− 𝑗𝑘𝑥 𝐿𝑥1
)
𝑘𝑥 𝑡𝑎𝑛(𝑘𝑥 𝐿𝑥1 ) (𝑒
{
− 𝑒 2𝑗𝑘𝑥 (𝐿𝑥1+𝐿𝑥2) 𝑒 −𝑗𝑘𝑥 𝐿𝑥1 )
𝑝1 (𝑥, 𝑦) = [

With 𝒌𝒚 =

𝑛𝜋
𝐿𝑦

(17)
(18)
(19)

, 𝑛 being the number of the sent mode on 𝑉0 (𝑦) , 𝒌𝒙 = √𝑘 2 − 𝑘𝑦2 .

The numerical data used for the verification are for the acoustic 𝝆𝒂 = 1.2 kg/𝑚3 , 𝒄 = 340 m/s, 𝑳𝒙𝟏 = 𝑳𝒙𝟐 =
1 𝑚, 𝑳𝒚 = 2 𝑚 and the beam 𝑬𝒔 = 6.95 𝑒 10 Pa, 𝝆𝒔 = 2700 kg/𝑚3 ,with a thickness 𝒉 = 0.005 𝑚 and 𝒃 = 1 𝑚.

Figure 2. Comparison of the Transmission Loss (in dB)
Figure 2. shows that the TL results between analytical and numerical solution are in good agreement. A
maximum error of 0.35% was obtained over the frequency range of the study.

3

3.1

Parametric study of the flanking acoustic transmissions on a curtain wall

Description of the problem

When an acoustic source generates a sound field in a building. The acoustic power is transmitted by the
boundary wall between two adjacent rooms. But , more commonly, a fraction of this power is also transmitted
by other junction elements, those are called flanking transmission. In the case of elements placed on a building
facade, the curtain wall consists of those paths. In this study, only the Flanking-flanking (F-f) path will be
studied. As it is only controlled by the flanking element. To isolate this path, the demising partition will be
considered perfectly rigid and will act as a wall in the simulation.

Figure 3. Schematic of the flanking paths between two rooms
4
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3.2

Details of the numerical model

The model is composed of two rooms, one for the emission and the other for the reception. And the mullion is
placed in between the rooms. The glazing can be considered by adding structural domains on the top part of
the emission and reception rooms.

Figure 4. Schematic of the system of the emission/reception rooms
Monopolar sources will be placed inside the emission room. The demising partition will be supposed perfectly
rigid and thus will not be considered in the transmission. The rooms will be fixed with an area of 16 m² (4x4
m), the rigid demising partition will be of 0.15m wide and the mullion placed in the middle. The mullion used
is a WICTEC 50 from WICONA, with a width of 0.05 m and a length of study of 0.09 m to 0.15 m. The
material of the mullion is an Aluminum AW 6060.
3.3

Transmission Loss considering the mullion

In this part the results of a mullion alone between two rooms will be presented using three parametric studies:
the first one for the impact of the size of the mullion, the second for the impact of the boundary condition
between the mullion and the demising partition, the third one to show the impact of the room geometry on the
TL.
3.3.1 Impact of the size of the mullion on the transmission loss
For this study, three values of length of the mullion will be used: 0.09 m, 0.11 m and 0.15 m.
The mullion will be considered free from the demising partition. And the length of the mullion corresponds to
the length of the space between the demising partition and the top wall of the rooms.

Figure 5. Impact of the size of the mullion on the Transmission Loss
As can be seen from the results, the lengthier the mullion is, the lower the TL results are.
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The 0.15 m mullion present an important decrease in performance on the 500 Hz third-octave band. This
phenomenon is explained by the presence of the first respiratory mode of the mullion at 469.8 Hz.
In the lower frequency ranges (inferior to 250 Hz), the behavior of the TL is the same for the three
configurations, inducing TL controlled by the modal behavior of the rooms.
3.3.2 Impact of the boundary condition of the mullion on the transmission loss
In this part the impact of an elastic connection between the mullion and the demising partition is studied. The
mullion is connected to the demising partition via an elastic link.

Figure 6. Schematic of the elastic boundary condition between the mullion and the demising partition
The rigidity used for this study are the same as the one for the study of the link between the mullion and glazing
are 𝐾𝑥 = 𝐾𝑦 = 𝐾 with : 𝐾 = 0 N/m , 𝐾 = 1.031𝑒 6 N/m and 𝐾 = (1 − 0.4𝑗)1.031𝑒 6 N/m.

Figure 7. Impact of the fixation with the demising partition on the Transmission Loss
The results show important variation of the Transmission Loss when an elastic junction is considered.
The TL decreases until the 150 Hz frequency band, in this band two modes added by the fixation at 136.7 Hz
and 157.5 Hz are present. The decrease at the 400 Hz frequency is explained by the presence of a mode of the
mullion at 405.1 Hz.
This decrease in performances in the mentioned frequency bands is reduced by adding damping to the
connection, mitigating the effect of the modal behavior of the mullion.
As the frequency considered for study go higher, the impact of the boundary condition is lessened when
damping is considered as the values of the transmissions converge.
3.3.3 Impact of the emission and reception rooms geometry on the transmission loss
In the case of low frequency studies, another important factor is the heavy contribution of the room geometries
on the general behavior of the rooms. Having a varying geometry will impact the form and frequency of the
modes of the room. For this study four configuration of rooms were tested, the reference is the one used for
the results presented in 3.3.1 and 3.3.2, To obtain the modified rooms, the bottom left corner point (on the
6
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emission) and bottom right corner point (on the reception) have been moved by 0.3 m on the inside of the
rooms.

Figure 8. Impact of the room geometry on the Transmission Loss
The main difference between the Reference and modified rooms can be found between the 50 Hz and 300 Hz
band where the TL obtained is higher when the rooms are modified than on the reference model.
In the case where the two rooms are modified and are symmetric in regards of the mullion, the Transmission
has the same behavior as the results from the reference rooms indicating that having a modal similarity between
emission and reception rooms will have a significant impact on the low frequency results of these calculations.
3.4

Transmission Loss considering the mullion/glazing system

In this part, the interaction between the glazing and the mullion will be studied. The junction between the
glazing and the mullion will be simulated by the means of an elastic connection composed of a spring-massdamper system added between the components.

Figure 9. Schematic of the mullion/glazing connection
In this study, the gasket will be modelized by a spring with a complex young modulus to induce damping:
𝐸𝑔 = 𝐸( 1 − 𝜇 ∗ 𝑗)

(20)

The gasket used with this model of mullion is made of EPDM, it has a young modulus 𝐸𝑔 = 1.375𝑒 6 Pa and
a loss factor 𝜇 = 0.4 the rigidity of connection is calculated by making the approximation:
𝐾𝑔 =

𝐸𝑔 𝐴𝑔
𝐿𝑔

= 1.031𝑒 6 N/m

With 𝐴𝑔 = 0.009 𝑚2, 𝐿𝑔 = 0.012 𝑚.
For this study, the considered mullion will be of length 𝐿 = 0.09 𝑚, the glazing is a unified simple glazing
with a thickness of 0.006 m it is considered clamped on the edge of the rooms. Three values will be used for
the rigidity of the gasket: 𝐾 = 0 N/m , 𝐾 = 1.031𝑒 6 N/m and 𝐾 = (1 − 0.4𝑗)1.031𝑒 6 N/m
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Figure 10. Transmission Loss for the Mullion/Glazing system
Compared to the previously obtained results with a mullion alone between the two rooms, the connection
between the glazing and the mullion does have an impact on the transmission Loss on the band with a frequency
inferior to 200 Hz as the modelized performances are lower when the connection is considered.
The difference between the mullion alone and the 𝐾 = 0 N/m rigidity is due to the modification of the modal
behavior of the system considering the vibro-acoustic coupling with the glazing.
When a coupling rigidity is present, the glazing actively transmits the acoustic power to the reception room.
Which is the cause for the lower performances of the system in this case.

4

Model Reduction

In this section a condensation method will be proposed, and its usage discussed. A condensation method akin
of the works of Guyan [10] will be used. Its usage will reduce the size of the systems for the calculation and
accelerate the computations times.
4.1

Reduction by a condensation method

The goal of this method of reduction is to keep only the degrees of freedom (DOFs) who are to be coupled
with the acoustic in future calculations.

Figure 11. Schematic of the condensation
̃ is defined as∶
To do so, the dynamic stiffness matrix 𝐾
̃ = 𝐾 − 𝑗𝜔𝐷 − 𝜔2 𝑀
𝐾

(21)

With K,M,D respectively the Rigidity, Mass and Damping Matrixes of the FEM model. The domain will
consider internal source terms on the second term.
This matrix can be expressed in a way to the keep specific DOFs (𝑏) and express them in function of the
DOFs that are to be condensed (𝑑) :
8
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̃
̃ 𝑢 = 𝑓 ⇔ [ 𝐾𝑏
𝐾
̃𝑑𝑏
𝐾

̃𝑏𝑑 𝑢𝑏
𝑓
𝐾
] {𝑢 } = { 𝑏 }
̃𝑑
𝑓𝑑
𝑑
𝐾

(22)

The domain term can then be written :
̃𝑑−1 𝑓𝑑 − 𝐾
̃𝑑−1 𝐾
̃𝑑𝑏 𝑢𝑏
𝑢𝑑 = 𝐾

(23)

By inserting the Eq. 23 into Eq. 22 the resulting system is :
̃𝑏 − 𝐾
̃𝑏𝑑 𝐾
̃𝑑−1 𝐾
̃𝑑𝑏 ) 𝑢𝑏 = 𝑓𝑏 − 𝐾
̃𝑏𝑑 𝐾
̃𝑑−1 𝑓𝑑
(𝐾

(24)

The benefit of this kind of condensation is that it permits the suppression of certain degrees of freedom even
though they possess an acoustic or structural source term. And by doing the reduction on the coupling interface
makes it independent of external vibro-acoustic coupling terms creating the possibility to reduce the mullion
on his own and use pre-calculated element in the computation of the flanking transmission loss.
4.2

Comparison with numerical results obtained with a full model

In this part a comparison of the results obtained by the reduced model will be made with those obtained by the
full model. The mullion is considered alone and free from the demising partition. Its length is of L = 0.09 m.
For the reduction, the mullion is reduced to its coupling interface with the emission and reception rooms
presented in 3.3.1.

Figure 12. Comparison of the transmission between a reduced mullion element and the full model
The results obtained are in good agreements in third octave band. As for the reduction, the size of the system
went from : 23.544 DOFs to 17.737 DOFs which is a 24 % of reduction of the size.
The computation time went from 367 seconds to 297 seconds which is a 20% of reduction of the time.
The reduction method proposed in this paper can be used for faster computation of the transmission loss in the
study of flanking transmission loss of the curtain-wall mullions.

5

Conclusions

In this paper, we presented a numerical model able to give quantitative results on the flanking transmission
loss of curtain-wall mullions.
A study of different parameters and their influences on the performance of the mullion have been made.
Finally, we presented a reduction method able to reduce the mullion and gives results like those of a full model.
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Abstract
Multiuse halls acoustic design is crucial in order to provide adequate acoustic conditions for each type of
performance, like music or theatre. To increase the versatility of these spaces, variable acoustic solutions can
be implemented. These solutions modify the sound absorption/scattering provided by the surfaces of the space,
hence it becomes important to accurately predict their acoustic behaviour. This work compares experimental
measurements with analytical predictions of sound absorption coefficients provided by a variable acoustic
solution composed of a multi-layer acoustic absorber, containing two perforated panels, porous material, and
air gaps of varying thicknesses. The analytical model makes use of the transfer matrix method to obtain normal
incident sound absorption provided by the sound absorber systems, while the experimental approach uses the
transfer-function method in impedance tube (ISO 10534-2). The comparison between experimental and
analytical results aims to understand the consistency of the characterization of this variable acoustic solution.
Keywords: Passive variable acoustics, perforated panels, sound absorption.

1

Introduction

In the context of room acoustics, the development of an acoustic project to adapt a multipurpose auditorium
for different uses (different types of music and oratory) is a challenge. The solution to be implemented should
meet the acoustic requirements needed for a multipurpose room and be aesthetically interesting. Generally,
designers opt for a solution that serves all types of use, with consequent limited acoustic performance.
To achieve the multifunctionality of the environment, solutions are used that are based on variable acoustic
techniques through architectural modifications (passive variable acoustics) or the implementation of
electroacoustic systems (active variable acoustics). These solutions can offer a greater range in the acoustic
behaviour of environments by changing the acoustic parameters, such as the reverberation time [1].
The active variable acoustic systems that are based on electroacoustic behave in a way that rectifies the
reverberation of the room, making use of microphones, amplifiers and loudspeakers, with the microphones
receiving the sound signals and the loudspeakers emitting the amplified sound [2],[3].
The use of solutions based on passive variable acoustics corresponds to strategies that can change the volume
of the room or vary the acoustic absorption/dispersion of the surfaces, consequently changing the reverberation
time, controlling the direction of the initial energy and other relevant parameters to obtain greater versatility
in the use of the auditorium [1]. The solutions that generate changes in the volume of the space are influenced
by the geometry or architecture of the room, while the solutions that modify the sound absorption/dispersion
have their influence on the type of coatings which are chosen, whose acoustic performance and percentage of
application, influence the equivalent sound absorption area of the surrounding surfaces of the space [4],[5].
The passive strategies usually require manual control, however, the development of electromechanical systems
at affordable costs has given rise to innovations in the application of such systems in this field [6],[7].
1
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This paper aims to contribute to the development of a variable acoustic solution, composed of a multi-layer
acoustic absorber, by validating the use of the analytical model applied to a multilayer system for obtaining
the sound absorption coefficient for normal incidence. Analytical results are compared with those obtained
through laboratory tests using the impedance tube according to ISO 10534-2:2001 [8]. From the consistency
in the results, it is possible to check the reliability of the analysed methods. The solution investigated is a
variable passive acoustic system with the capacity to be automatized that uses two perforated panels with
circular perforations, the first being installed in a steady position, while the second has an absorbing material
attached and may vary its positions inside the cavity. The influence of variables such as the width of the air
gap, the position of the porous material within the system, and also the properties of each perforated panel, are
addressed.

2
2.1

Background theory
Passive variable acoustics

Fundamentally there are three ways to achieve variation in the acoustic behaviour of the hall, using passive
variable acoustics solutions. They allow the reverberation time to be reduced or increased, the direction of the
early energy to be controlled, and consequently the values of the acoustic parameters to be adjusted for each
use of the space [1],[9]. The first alternative would be altering the volume of the space. The second way consists
of the use of sound absorbing material solutions, whose acoustic performance and application percentage,
influence the equivalent absorption area of the surrounding surfaces of the space. The third would be through
the use of diffusion surfaces allowing to change the early reflections.
The strategies used to adjust the volume of the room make use of three possibilities: is the use of movable
partitions to change the seating capacity; the second way consists of installing suspended ceiling panels that
move vertically or work in the form of "opening or closing" areas of openings that are in the false ceiling, the
third option is to use reverberant chambers that work as a coupled space [1],[9].
Movable partition solutions allow to divide the environment by decreasing the area available to the audience,
thus it is possible to decrease the reverberation time and first order reflections are altered [10]. An example of
a space that has used this type of solution is the Calzedonia Auditorium [5] having a total of 12 possible layouts.
It is a multi-purpose space that managed to adapt the 10,200m3 space into two other spaces (one with 5600m3
and the other with 4600m3) that guarantee optimum values for both speech and music across the entire
frequency range.
The second strategy to perform volume variation through the use of suspended ceiling panels that "open and
close" was applied in the Bruce Mason Theatre [1],[11]. An advantage of this method is associated with the
first reflections, since if the panels have a proper inclination, they will be closer to the audience area. When
the room is used for public speaking, the panels are not retracted, reducing the volume of the hall and also
providing adequate strong reflections for speech intelligibility. When the room is used for symphonic music
the panels are lifted to the proper angulation exposing the extra space and thus increasing the reverberation
time. One case where suspended ceiling panels that move vertically were employed is employed in the São
Paulo Room. Fifteen sets of three panels that move autonomously were used, providing a progressive
adjustment in reverberation time. The extreme cases of panel positions can provide a variation of 1.7s to 2.8s
in reverberation times [12].
The third possibility that uses reverberant chambers, work by interconnected to the perimeter area with the
purpose of increasing the volume in the entire room, or allowing for the possibility of being closed when their
use is not necessary. The solution provides the audience with a sensation of being in a larger environment than
it is actually, particularly during breaks in the performance, when the sound decay is perceptible [9]. The
Lucerne Culture and Congress Center has a 6000m3 reverberation chamber that is located at the front and sides
of the hall, accessed through doors that can be opened or closed to adjust the reverberation time between 1.6s
and 3s [12],[13].
Regarding the use of absorptive and diffusion solutions, strategies of passive variable acoustics that correlate
these two options have already application forms. Some examples of solutions are: the use of drapes, banners,
2
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absorption membranes. Concerning the use of panels, there are basically a few ways to promote the change of
acoustic performance: through the use of overlapping perforated panels, in which the exposed surface is fixed;
through the use of hinged panel and the last way through rotating panels.
The most generally used solution concerning absorbent materials are moveable drapers, which to ensure
flexibility, are placed in front of reflective walls. The absorption provided by this solution is influenced by the
distance between the wall and its drape percentage [14]. The research by Aretz and Orlowski [15] analyses
multiple auditoriums of reduced dimensions which are intended for music considering drapes as solutions for
variable acoustics. In this analysis, it is verified that the use of curtains makes it possible to vary the
reverberation time and adjust sound strength.
Concerning the use of panels, one possible application consists of the superposition system which works by
putting two perforated reflector panels, one fixed and the other mobile, attached to an absorbing material. In
this solution, if the perforations of the two panels coincide, they form a type of multi-cavity resonator, and
when they are out of alignment, the absorbing part is no longer relevant [10]. A study of a system that uses
this strategy is a slit absorber, where the air gap and the absorbing material are kept constant while the
perforation rate (varies between 0.02 and 0.2) and the slit width are changed. With this system, it is possible
to obtain a variation in sound absorption at medium and high frequencies, in extreme cases at 500Hz the
variation is between 0.3 and 0.75 [16].
Another way is the application of a hinged panel where reflective and absorbent materials are combined, and
which are mounted in front of the surface of interest. This solution is based on the strategy of moving the
panels from their original position to take advantage of the absorption characteristics of the exposed faces
[4],[10].
As for the case of using rotating panels, these are systems that provide 90°, 180°, or 360° rotations. For the
situation where the rotation is 90°, there are reflector panels with a convex shape to avoid inconveniences such
as echoes, and for the sound to be distributed in a better way. For the 180° condition, two configurations are
presented, one having only absorbing material while the other presents a reflective behaviour. The solution
with the greatest potential to offer possibilities would be with 360°, where each face of the structure can possess
a different sound characteristic (absorbent, reflective, and diffuse) [4],[10].
There are some examples of solutions that are considered differentiated due to their structure, three of them
being "Resonant Chamber", aQflex and BLOOM. An example of a differentiated solution that uses perforated
panels is the "Resonant Chamber", is a structure whose design was based on origami, and is used as a flexible
geometric system, by which it offers the ability to adjust its spatial, material, and electroacoustic properties in
response to a change in the acoustics of the environment. The prototype has a flexible geometric structure
formed by triangles, allowing a certain degree of freedom. This system is composed of electroacoustic panels
that offer sound amplification, reflectors, and absorbers, in porous expanded polypropylene, and also has an
electronic system of microcontrollers that are used to perform the movements of the structure [6]. The aQflex"
solution from Flex Acoustics consists of thin inflatable absorption membranes that make it possible to change
the sound absorption. The plastic material is specially designed with a high degree of internal damping and
this system can absorb frequencies from 63-1000 Hz linearly [17]. The BLOOM system is a structure
consisting of a textile surface that "opens and closes" and is intended to be applied as an acoustic solution for
large spaces. The design concept follows the origami structure allowing the folding of the mesh and composed
of independent and automated modular components. The geometry is based on a slightly unequal triangular
shape that repeats itself randomly [7].
2.2

Active variable acoustics

Electroacoustic solutions are employed when the space reverberation does not reach the design values for each
stipulated scenario or when the space has medium to large dimensions. Without the contribution of this type
of system as a complementary aid, it would be impractical to obtain a good acoustic experience for the audience
in large spaces and open environments, as the human voice and musical instruments alone cannot achieve the
sound intensity needed to cover the space. To rectify the reverberation in the auditorium, a set of
complementary systems consisting of microphones, signal processors, amplifiers and loudspeaker systems are
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employed, where the microphone receives music or speech signals to be adjusted and the loudspeaker radiates
the amplified sound.
These types of solutions manipulate the sound field providing more sound energy, so the reverberation time
can be increased in seconds. In addition, initial reflections can also be reinforced by inducing more sound
energy and thus increasing speech intelligibility and music clarity [18]. The electroacoustic systems fall into
three categories: in-line, regenerative and hybrid.
The in-line system adds reflections based on the original ones generated in the room. This system uses
directional microphones (cardioid), which are placed close to the stage. It works by synthesizing the sound
energy coming directly from the stage area without regarding the listener and then reproducing the sound to
the audience through speakers. If the room is very absorbent, the system is controlled only by the inclusion of
synthesized reflections, but if the room is not very absorbent, there will be a combination of the original and
synthesized reflections [3],[19]. Some examples of in-line systems are: Acoustic Control System (ACS),
Lexicon Acoustic Reinforcement and Enhancement System (LARES), System for Improved Acoustic
Performance (SIAP), VIVACE [2]. The ACS uses the wave field synthesis method to sample and modify the
sound field generated on stage, microphones are used in the stage area, and digital processors are used to
generate early and late reflections in the loudspeakers [20]. LARES uses a large number of loudspeakers to
have a better sound distribution in the room, to avoid sound coloration problems and time variation is applied
to adjust the delay times of the reverberation algorithm [3],[21]. The SIAP can not only increase the
reverberation time but also add reflections to improve speech intelligibility, being also able to reduce feedback
through digital processing used for 'decorrelation in the input and output stages' [1],[22]. VIVACE combines
the impulse responses with the signals collected by the microphones and from this creates the necessary
reflections to adjust the environment for various uses [23].
The regenerative system amplifies the reflections already existing in the room by being conditioned to the preexisting acoustics of the auditorium. This system provides stability through the use of multiple independent
channels and uses acoustic feedback. Several (omnidirectional) microphone channels, amplifiers, and speakers
are used to add acoustic energy with high loop gain [3].
Some examples of regenerative system solutions: Multiple-Channel Amplification of Reverberation (MCR)
and Contrôle Actif de la Réverbération par Mur virtuel à Effet Naturel (CARMEN) [2], [3]. The MCR approach
shows that full-bandwidth channels can be utilized as long as the channels are uncorrelated, implying they
must have independently open-loop transfer functions. In this solution microphones and loudspeakers are
distributed throughout the space and to achieve an increase in reverberation time a large number of channels
are needed [24]. The CARMEN system is based on electroacoustic reflectors, and has the ability to reduce the
sound absorption of the environment because it can reflect more energy than it receives [25].
The hybrid system is a combination of the In-line and regenerative systems. It uses the microphone
arrangement and the small number of channels of the inline system. In relation to the regenerative system, a
digital reverberator is used which can increase the reverberation time without necessarily increasing the
acoustic energy through acoustic feedback [3],[20].
Some examples of hybrid system solutions: Virtual Room Acoustic System Constellation (Constellation) and
Active Field Control (AFC) [2],[18]. The Constellation system uses the regenerative part to improve
reverberation and the in-line part to improve initial reflection. This system uses the same number of
microphones as the loudspeakers, and these are connected to a Digital Signal Processing (DSP) which allows
for a lower number of loops between microphones and loudspeakers [2],[18]. The AFC system uses a loop
levelling algorithm, so fewer independent physical channels are used to add sound energy to the environment.
The microphones are positioned close to the stage area and then the captured sound is processed by finite
impulse response (FIR) digital filters that are used to add initial reflections without causing coloration of the
sound [3],[26].
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3
3.1

Material and methods
Preparation of the specimens

The multilayer system studied consists of one or two perforated panels and a porous material positioned inside
the airgap. One of the perforated panels is placed in a fixed position concerning the rigid surface, while the
second is coupled to the porous material and may assume different positions inside the airgap. The diameter
of the holes, perforation rate, the thickness of the panels and porous material´s relevant properties are shown
in Table 1. Note that when performing analytical analysis, the first perforated panel (MPA) inside the system
is always considered with a 10% perforation rate to resemble sample mounting conditions. Three sets of
configurations are considered with a 113 mm air gap.
Table 1 - Properties of perforated panel and porous material.

The first set of configurations (Table 2) assume the presence of one perforated panel and a cavity connected
to a rigid surface. The influence of changing the position of the mineral wool, placed within the 113 mm thick
air space, is evaluated using a system coated with an MPA perforated macro panel. Three positions of the
absorbing material were tested: 1C-A-mineral wool is lined against the surface perforated panel; 1C-B- mineral
wool is placed 25mm distance of the rigid surface; and 1C-C- mineral wool is positioned at 5mm distance from
the rigid surface.
Table 2 - Geometries used in the first set of configurations to analyze the influence of the position of mineral
wool.

In the second set of configurations (Table 3), again we assume the perforated panel MPA, in a steady position
and an air cavity. Here, the aim is to analyze the influence of inserting a second perforated layer attached to
the mineral wool, inside the air cavity. The properties of the second perforated panel are addressed, by testing
MPA, MPB or MPC panels in this position.
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Table 3 - Geometries used in the second set of configurations to analyze the influence of inserting a
perforated panel in the air-gap of the acoustic absorber system.

In the third set of configurations (Table 4) the position of second perforated layer with mineral wool attached,
inside the airgap of the acoustic absorber system, where the coating is the perforated macro panel MPA, is
addressed. It is important to note that in the layout it is possible to form two air gaps of varying thicknesses.
In this analysis three positions are considered, two extreme and one intermediate. As it will be discussed in the
section regarding the results (section 4), the MPA was found to provide the best acoustic behavior when applied
in the composite panel, therefore it was chosen for this analysis.
Table 4 - The geometries used in the third set of configurations to analyze the proposed solution of variable
acoustics.

3.2

Analytical approach

The approach used in this paper to evaluate the sound absorption of a variable acoustic conceptual system is
based on the evaluation of the acoustic impedance of each layer of this multilayer system. Regarding the
perforated panel, the acoustic impedance is based on converting a single hole into an average value
corresponding to the open area of the panel. The non-perforated material is considered rigid and the perforated
panel is considered as a set of short tubes of length similar to the thickness of the panel. This method includes
terms due to radiation (from a hole in a baffle), air viscosity, interactions between holes and the effects of
cavity reactance. An equivalent fluid is defined to describe the porous material whose skeleton is assumed to
be rigid using its effective acoustic properties (i. e. complex characteristic impedance and wave number), and
the air-gaps being modelled through a purely reactance term. The concept of the transfer matrix method [27]
was used in the study of the multi-layer acoustic absorber, where the acoustic impedance along the normal
direction of the surface of a material is defined taking into account that there is continuity of the particle
velocity and knowing the acoustic properties of the medium (wavenumber or propagation constant,𝑘𝑎 and
characteristic impedance, 𝑍𝑐𝑎 ).
The configuration of an example multilayer absorber is shown in Figure 1. The system is considered to be
locally reacting, considering the incidence of sound normal to the interface plane.

Figure 1 - Configuration of the perforated system.
6
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At point 0, considering the rigid wall the normal surface impedance is assumed to be infinite (𝑍𝑠0 = ∞). The
normal surface impedance at point 1 is:
𝑍𝑠1 = −𝑖 𝑍𝑐𝑎 cot(𝐾𝑎 𝑑1 )
(1)
where 𝑍𝑐𝑎 , 𝑘𝑎 and 𝑑1 corresponds respectively to the characteristic impedance, the characteristic wavenumber
of the porous material and the thickness of the absorbing material.
The surface impedance of the system (point 2) to the normal direction is calculated from:
𝑍𝑠2 = 𝑍𝑠𝑝𝑎𝑛𝑒𝑙 + 𝑍𝑠1
(2)
where the normal surface impedance of a perforated panel 𝑍𝑠𝑝𝑎𝑛𝑒𝑙 is obtained by the ratio between the
impedance of a hole (tube) 𝑍𝑠𝑡𝑢𝑏𝑒 and the perforation rate of the panel, ε:
𝑍𝑆

𝑍𝑆𝑝𝑎𝑛𝑒𝑙 = 𝑡𝑢𝑏𝑒
𝜀
The impedance of a hole according to Crandall [16] is:
2𝐽1 (𝑘𝑠 𝑟) −1
]
𝑠 𝑟)𝐽0 (𝑘𝑠 𝑟)

𝑍𝑆𝑡𝑢𝑏𝑒 = 𝑖𝜔𝜌0 𝑙0 [1 − (𝑘

(3)
2𝑟 2

+ [2√2𝜔𝜌0 𝜂 + 𝜌0 𝑐0 𝜋 2 ( 𝜆 ) + 𝑖𝜔𝜌0 𝛿] , (4)

where ω is the angular frequency, 𝜌0 is the air density, 𝑙0 is the thickness of the perforated panel, 𝐽𝑛 is the nth
order of Bessel function, 𝑘𝑠 = √−𝜔𝜌0 /𝜂 is the Stokes wave number, r is the radius of the circular hole, η is
the coefficient of air viscosity and λ is the wavelength. The term δ is the final correction which also explains
the interaction between the holes through the expression [14],[28]:
16𝑟
𝛿 = 3𝜋 (1 − 1.47√𝜀 + 0.47√𝜀 3 )
(5)
The sound absorption coefficient for an incidence angle θ of sound to the normal surface is defined by
𝛼(𝜃) = 1 − |𝑅(𝜃)|2
(6)
where R(θ) is the reflection coefficient that can be approximated in terms of the normal surface impedance 𝑍𝑠3
of the system:
𝑍𝑆3 𝑐𝑜𝑠𝜃−𝑍0

𝑅(𝜃) =

𝑍𝑆3 𝑐𝑜𝑠𝜃+𝑍0

(7)

which 𝑍0 = 𝜌0 𝑐0 is the acoustic impedance of air.
3.3

Impedance tube setup

For the validation of the analytical results, the evaluation of sound absorption coefficient in impedances tubes
was performed according to ISO 10534-2: 2001 Standard [8]. The test operation is based on the system defined
by a signal generator, capable of emitting white noise, which through an amplifier and a loudspeaker inserted
at one end of the tube, allows the generation and propagation of plane waves along the tube. The sample is
located at the other end of the tube which will absorb part of the energy and reflect the remaining incident
sound energy. The incident sound waves and the reflected sound waves are then captured by two microphones
and processed by a digital analyzer and later treated on a computer.
Figure 2 shows the experiment setup in the laboratory, where an impedance tube was used to measure the
sound absorption coefficient of several sets of configurations. In this impedance tube, the diameter is 100 mm,
the spacing between microphones is 5 cm and the distance between the microphone and the sample is 25 cm.
The following equipments were employed: an amplifier Inter-M type M700; one digital analyzer of the brand
National Instruments NI USB-4431 model and two microphones of the brand GRAS 46AE model ½ ''. A code
developed in Matlab was used for data analysis and the acoustic properties were measured in the frequency
range from 100 Hz to 1500 Hz. The calculation of sound absorption coefficient for normal incidence was
performed using equation 𝛼 = 1 − |𝑅|2 , after the reflection coefficient. The reflection coefficient R of the
sample is determined from the transfer function, H , using the following expression:
𝑅=

𝐻−𝑒 −𝑖𝑘𝑠 𝑖2𝑘(𝐿+𝑠)
𝑒
𝑒 𝑖𝑘𝑠 −𝐻

(8)
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where L is the distance from the sample face to the first microphone; s is the distance between the two
2𝜋𝑓
microphones, 𝑘 = 𝑐 is the wave number and f is the frequency. In order to correct for mismatch in both the
̅
𝐻

amplitude and phase responses, the transfer function used in Eqn. (8) is obtained according to 𝐻 = 𝐻̅ , where
𝑐
̅ is the measured transfer function with the microphones in the standard configuration, defined by the complex
𝐻
𝑝

ratio 𝑝2 , where 𝑝1 is the complex sound pressure at the microphone in the reference channel.
1

̅̅̅̅𝑐 = (𝐻 𝐼⁄ 𝐼𝐼 )1/2 is the calibration factor obtained after performing a test on a rockwool sample, where 𝐻 𝐼
𝐻
𝐻
and 𝐻 𝐼𝐼 are the transfer function with the microphones in the standard and switched configuration, respectively.

Figure 2 - Equipment used for evaluation of sound absorption coefficient for normal incidence (a) and
picture of one of the samples (b).

4
4.1

Results and discussion
Effect of the position of the porous material

The results presented in Figure 3 correspond to the experimental and analytical responses regarding the
influence on the sound absorption coefficient when changing only the position of the porous material within
the system. Analysis of these results allows to verify that analytical and experimental curves are in good
agreement. The resonance peak in the three configurations is almost the same, varying between 350 Hz and
380 Hz. It is also interesting to notice that when the absorbing material is moved away from the perforated
panel, the value of the sound absorption coefficient at the resonance peak varies between 0.99 and 0.33 (1C-A
and 1C-C respectively).

Figure 3 – Analytical and experimental results for the first set of configurations, to analyze the effect of the
position of the mineral wool.
4.2

Effect of the perforation ratio and double air gap

In this second analysis (Figure 4a), the behavior of a multilayer system with two perforated panels, where one
is steady and the second, which is coupled to the porous material, is movable, is addressed. Here the position
of the second perforated panel is unchanged, while the perforation rate is analyzed. Three situations are
considered where only the second perforated panel is modified with respect to perforation rate and the hole
diameter. Again, the results obtained both by the analytical and experimental approaches are in good
8
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agreement, evidencing the presence of two resonance frequencies, related to the multi-layer acoustic absorber.
When changing the perforation rate of the second panel we note that the configuration providing absorption in
a broader range of frequencies is 2C-A, with both panels with the same perforation rate. This configuration
will therefore be used for further assessment. In Figure 4b the result provided by configuration 2C-A is
compared with that provided by a similar configuration but without the perforated panel (configuration 1C-B).
It is possible to verify that, in general, sound absorption is more broadband and with higher amplitudes than
those provided by the single perforated panel. It can also be noticed the first resonance of the multilayer system
is related to that provided by the single perforated panel.

a)

b)

Figure 4 – Analytical and experimental results for the second set of configurations to analyze the effect of
the different perforation rates and double air gap (a) ; comparative between a system with one and two
perforated panels (b).
4.3

Variable acoustic solution

The third analysis concerns the general concept of the passive variable acoustic multi-layer acoustic absorber
system to be developed. According to Figure 5, the analytical results agree well with the experimental ones. It
is possible to see that the use of this type of system allows achieving absorption patterns. When moving the
second perforated panel with the mineral wool attached, next to the first panel, a narrow resonance peak is
achieved in the lower frequency ranges, resembling the behaviour of the single perforated panel. On the other
hand, if the movable panel is placed so as two airgaps are created, then the absorption frequency range increases
due to the resonance effect of the system.

Figure 5 – Analytical and experimental results for the third set of configurations corresponding to the proposed
variable acoustic solution

5

Conclusions

In this paper, validation of analytical results of sound absorption was performed through laboratory tests in an
impedance tube to address a multi-layer absorber with the potential to be used as a passive solution of variable
acoustics. The solution investigated uses two perforated panels with circular perforations, the first being
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installed in a steady position, while the second has an absorbing material attached and may vary its positions
inside the cavity.
Initially, the influence of the position of the absorbing material inside the system was analysed considering
only the first perforated panel, thus being possible to verify that by moving the absorbing material inside the
air gap it is possible to change the amplitude of sound absorption, while the resonance peak is kept in the same
frequency range. In the second analysis, a second movable panel consisting of a perforated layer with a porous
material attached is inserted in the air cavity. Here its position is kept, but different perforation rates and hole
diameters of this panel were considered. Based on the results obtained, it was found that The solution that uses
two equal perforated panels can provide a more interesting behaviour in relation to the frequency range of
sound absorption. Moreover, the results evidence the presence of two resonance peaks, instead of one provided
by a single absorber, allowing to achieve more broadband and better absorption. The third analysis is the
idealized solution, where the second perforated panel, with a porous material attached, moves inside the cavity.
It was found that the solution has the potential to provide versatility when moving the second movable
perforated panel with the porous material attached inside the airgap and providing a change in the sound
absorption frequency range.
The solution is interesting from an acoustical and architectural point of view since it can provide changes in
the sound absorption and does not change the aesthetics of the hall in which it is applied.
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Abstract
A dynamic vibration absorber (DVA) can be used to reduce the vibration of a joist floor structure. This is
achieved by tuning the natural frequency of the DVA to match the frequency of the host structure, as a large
amount of structural vibration energy can be transferred to the DVA and is then dissipated by the DVA’s
damping. The parameters mass, damping, stiffness, and location, need to be tuned for an optimal vibration
control. In this paper, an optimization procedure for the design parameters of multiple dynamic vibration
absorbers (DVAs) is proposed to reduce the low-frequency vibration of joist floor structures. First, the
vibration of the joist floor structure is calculated by an analytical model combining the motion of a plate and
beams. The absorbers are then modeled as SDOF mass-spring-damper systems attached to the floor structure.
The optimal DVA solution is analyzed and compared with traditional improvement measures. The result shows
that, with the same increase in the floor weight, the DVAs can be more effective than conventional
improvement methods in reducing floor vibration in the target low-frequency bands.

Keywords: joist floor, vibration absorbers, low frequency, optimization, vibration reduction.

1

Introduction

A dynamic vibration absorber (DVA), consisting of a mass, damper and spring, can effectively provide
vibration control on a vibrating system by suppressing undesirable vibration. When the natural frequency of a
DVA is tuned in resonance with the dominant mode of the host structure, a large amount of the structural
vibration energy is transferred to the DVA and then dissipated by the damping in the DVA [1].
The basic concept of a DVA is simple, but the design of a DVA often needs to be optimized using a certain
criteria to maximize its performance. The fixed-point theory was the first theory to be used for optimizing the
damping and tuning frequency of a DVA on an undamped single degree of freedom system [2]. The
optimization process is aimed at minimising the amplitude of the system resonance. This optimization method
is known as the Hꝏ optimization, and was more recently applied for the DVA attached to a multi-degree-offreedom damped linear system [3~6]. Another criterion, the H2 method, was proposed for DVA optimization
by minimizing the total vibration energy of the host system [7]. The transfer function of the host system was
used to predict the effect of a single DVA on vibration suppression when subjected to random excitation and
thus to optimize the parameters of the DVA [8, 9]. Recent studies on the DVA optimizations based on the two
methods can be found in [10, 11].
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The performance of a single DVA is sensitive to the vibration characteristics of the host structures. A deviation
in the parameters can result in the drop in its vibration reduction performance. Also, some researchers have
pointed out that the multiple distributed DVAs are more effective than the single DVA in achieving the robust,
broadband and large scale vibration reduction on continuous structures, such as plates and beams [5, 12].
However, there are very few easy-to-use optimization theories for the multiple DVAs. Considering the
complexity of the vibration systems consisting of continuous structures carrying multiple DVAs, researchers
usually solve this optimization problem by utilizing optimization algorithms such as the linear quadratic
regulator-based optimization method [13] and the genetic algorithm [14].
In this paper, the objective is to investigate the performance of multiple DVAs to reduce the vibration of a
wooden joist floor in a low frequency range. The parameters of the DVAs, including their natural frequency,
damping and position, are optimized by using the genetic algorithm. The performance of the DVAs is evaluated
by an analytical model of a joist floor combined with multiple SDOF spring mass dampers, which calculates
the reduction of the floor vibration energy induced by point excitations at random positions. The effectiveness
of the multiple DVAs on suppressing the floor vibration is discussed by comparing the results with those of
some conventional measures.
The paper is organized as follows: Section 2 presents the methodology of the optimization procedure. Section
3 introduces a case study and the results. Discussions are given in section 4, and conclusions are drawn in
section 5.

2

Optimization methodology

The performance of a DVA is affected by its parameters as well as the parameters of the host floor. In order to
apply the DVAs more efficiently, optimizations for obtaining their positions, vibration frequencies, and
damping values are needed.
In this study, the performance of the DVAs were optimized for frequencies below ft. ft is the given upper limit
of the interest frequency range. A lightweight joist floor usually has multiple modes in the low frequency range
of human hearing. The optimization procedure needs to address these floor modes and searches for the suitable
parameters of the DVAs to suppress the dominant modes.
2.1

Optimization strategy

Based on studies in distributed DVAs on a rectangular plate in [5] and the application of the genetic algorithm
on the DVAs’ optimization in [14], the strategies for the DVAs’ optimization in this research have been
developed as follows:
1. The DVAs are divided into p groups so that each group can target a particular mode of the host floor. Each
group consists of four SDOF mass-spring-damper type of absorbers having the same parameters. Considering
that the low-frequency mode shapes of a rectangular floor tend to be (anti-)symmetric, the four absorbers are
installed symmetrically on the host floor.
2. Considering that the DVAs should not largely change the weight of the host floor, the total mass of the
DVAs was specified to be no more than 10% of the mass of the host floor. The masses of all absorbers are
equal and the mass of each needs to be specified according to the number of the groups. For example, if the
floor mass is 200kg, the maximum allowable mass is 20kg. If p=5, that means each group will weigh 4 kg.
Since each group contains 4 DVAs, each DVA will then weigh at maximum 1kg.
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3. To optimize the DVAs' parameters, the vibration energy of the floor reduced by the DVAs is evaluated by
an objective function. The parameters of the DVAs are constrained in the chosen value ranges and the genetic
algorithm is applied to search for the best suited values for the parameters.
In the genetic algorithm, a population of candidate solutions (individuals) to the optimization problem is
evolved toward better solutions [15]. Each candidate solution has a set of properties which can be mutated.
The evolution starts from a population of randomly generated individuals, and is an iterative process, with the
population in each iteration called a generation. In each generation, the fitness of every individual in the
population is evaluated; the fitness is usually the value of the objective function in the optimization problem
being solved. The more fit individuals are stochastically selected to be the ‘parents’ of the next generation, and
the properties of the new generation are based on those of the parents and modified (recombined and possibly
randomly mutated) according to the crossover and mutation operators. Then, the new generation of candidate
solutions is then used in the next iteration of the algorithm. Lastly, the algorithm terminates when the relative
change (local gradient) of the objective function has become less than the given ‘Function tolerance’.
The flowchart of the optimization strategy for the DVAs is shown in Figure 1. The optimization process is the
implemented with the GA function in the global optimization toolbox of the software Matlab. The main
properties of genetic algorithm are listed in Table 1.

Figure 1 – Flowchart of the optimization strategy.
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Table 1 – Property values applied in genetic algorithm.
Properties
Population size
Maximum generations
Crossover fraction
Constraint tolerance
Function tolerance

2.2

Values
200
100
0.8
0.1
0.1

Objective function

The calculation of the objective function is based on the analytical model of the joist floor [19, 20]. The model
computes the transfer function of the joist floor by applying the modal superposition method. The DVAs are
modelled as SDOF spring-mass systems and their displacements are coupled with that of the floor at the
attaching positions. The equations of the coupled motions between the floor and the DVAs are expressed as
𝑁

𝑀

𝑅
2

∑ ∑ (𝐾𝑓𝑙𝑜𝑜𝑟 − 𝑀𝑓𝑙𝑜𝑜𝑟 𝜔 )𝑢𝑚𝑛 + ∑ 𝑘𝑎,𝑟 (1 + 𝑗𝜂𝑎,𝑟 )(𝑤𝑎,𝑟 − 𝑤𝑓𝑙𝑜𝑜𝑟,𝑟 ) = 𝐹,
𝑛=1 𝑚=1

(1)

𝑟=1

𝑚𝑎,𝑟 𝜔2 𝑤𝑎,𝑟 + 𝑘𝑎,𝑟 (1 + 𝑗𝜂𝑎,𝑟 )(𝑤𝑓𝑙𝑜𝑜𝑟,𝑟 − 𝑤𝑎,𝑟 ) = 0,

𝑟 = 1,2 … 𝑅,

(2)

in which Kfloor and Mfloor are the modal stiffness and modal mass of the host structure, ka,r, ma,r and wa,r are the
spring constant, mass and displacement of the rth vibration absorber. ηa,r is the loss factor of the rth vibration
absorber given by
(3)
𝜂𝑎,𝑟 = 𝑐𝑎,𝑟 √𝑘𝑎,𝑟 /𝑚𝑎,𝑟
umn is the modal coefficient of the floor displacement and wfloor,r is the displacement of joist structure at the
DVA's attaching position (xa,r , ya,r). The displacement of joist floor at any position can be calculated by
𝑁

𝑀

𝑤𝑓𝑙𝑜𝑜𝑟 (𝑥, 𝑦) = ∑ ∑ 𝑢𝑚𝑛 𝜙𝑚 (𝑥)𝜓𝑛 (𝑦)
𝑛=1 𝑚=1

(4)

in which ϕm and ψm are the mode shape functions of the floor mode (m,n) along x and y directions. For the
joist floor simply-supported at four boundaries, the mode shape functions are given by
2
𝑚𝜋𝑥
2
𝑛𝜋𝑦
𝜙𝑚 (𝑥) = √ sin(
), 𝜓𝑛 (𝑦) = √ sin(
)
𝑙𝑥
𝑙𝑥
𝑙𝑦
𝑙𝑦

(5)

where lx and ly are the lengths of the floor in x and y directions. For more detailed formulations, please see [16].
The objective function, the index of the vibration energy reduction in the floor, can be calculated by [17]
𝐸0
𝑅 = 10𝑙𝑜𝑔10 ( )
(6)
𝐸1
where E1 and E0 are the averaged kinetic energy of the floor with and without DVAs in the given frequency
range. For a frequency range from 0 to ft, the values of the averaged kinetic energy are calculated as
𝑓𝑡
1
(7)
𝐸 = ∫ 𝑀〈𝑣 2 〉𝑑𝑓
0 2
where M is the mass of the floor. The averaged quadratic velocity of the floor, 〈𝑣 2 〉, over S receiving positions
is computed by
4
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〈𝑣 2 〉 =

(2𝜋𝑓)2 𝑆
∫ 𝑤(𝑥𝑠 , 𝑦𝑠 ) 𝑤 ∗ (𝑥𝑠 , 𝑦𝑠 )𝑑𝑠
𝑆
𝑠=1

(8)

where the asterisk denotes complex conjugate.
To exhibit the optimization results, the 1/3-octave-band velocity levels and the vibration level reductions of
the floor are frequently used. Lv,floor+DVA and Lv,floor denote the 1/3-octave-band velocity levels of the floor with
and without the DVAs calculated with a reference velocity value of 10-6m/s. The vibration level reductions
ΔLv is calculated by
∆𝐿𝑣 = 𝐿𝑣,𝑓𝑙𝑜𝑜𝑟 − 𝐿𝑣,𝑓𝑙𝑜𝑜𝑟+𝐷𝑉𝐴 .
(9)
2.3

Constrained variables

The DVAs are divided into p groups. Then, there are p sets of variables to be optimized. For each group, the
constrained variables include:
1. Natural frequency of the absorber, fa.
As the interested frequency range for the vibration reduction is below ft, the natural frequencies of the DVAs
are constrained between 0 and ft. The mass of each absorber, ma, is predetermined according to the mass of the
host floor and the number of the DVA groups. Thus, by assuming the host structure to act as a rigid material
with respect to the vibration absorber, the spring constant, ka, of absorber can be calculated by
(10)
𝑘𝑎 = 𝑚𝑎 (2𝜋𝑓𝑎 )2
2. Damping factor of the absorber, ca.
In order to provide a mechanism for energy dissipation and to enlarge the effective bandwidth of the absorber,
damping can be introduced into the DVA. Figure 2 shows the vibration of a SDOF host system reduced by an
absorber having different loss factors. The absorber with lower damping transfers the energy of the floor's
vibrations at the natural frequency to the nearby frequencies, while the one with higher damping can suppress
the energy of the mode in a broader frequency range. In this study, the damping value of each DVA ca is
constrained between 10-3 and 103 Ns/m.

Figure 2 – Flowchart of the optimization strategy.
3. Attachment locations of the absorbers.
The principles for the locations of the DVAs are specified as follows:
o

As low-frequency mode shapes of the rectangular floor are (anti-)symmetric, the 4 DVAs of each
group are distributed symmetrically on the floor.
5
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o

The DVAs are avoided to be located on the beams and close to the floor edges. Their positions are at
least 0.15m away from the beams and floor edge, and at least 0.1m from each other.

o

To simplify the selection of the DVAs' positions, possible locations of a DVA on the 1/4 floor area are
predetermined according to the above principles, as shown in Figure 3a. The position of one absorber
in each group is selected from the optional positions, then mirrored against the central axes for the
positions of the other 3 absorbers in the same group (Figure 3b).

o

Any two absorbers cannot be installed on the floor at the same position.

Figure 3 – Positioning of the DVAs in each group

3

3.1

Case study

Optimization configuration

In this case study, a 3.35 x 3.35m wooden joist floor is used as the host floor. The floor consists of a wooden
top layer ribbed by seven joists with an equal distance of 413 mm in the x-direction. The material properties
of the floor components are given in Table 2.
Table 2 – Material properties of the floor components.
Plate
beams
Material
Plywood
Spruce
Average density (kg/m3)
522
452
Modulus of elasticity (GPa)
6.0
6.1
Poisson’s ratio
0.4
0.4
Loss factor
0.02 + 0.0003 f
0.013 + 0.0003 f
f is the frequency for calculation.
In the optimization, the objective function was calculated for 16 excitation positions and 17 x 9 receiver
positions, as shown in Figure 4. Some dominant modes of the floor can be observed in Figure 5 and 6. To
analyse the effect of the target frequency range on the optimization results, ft was set to be 50 and 100Hz,
respectively.
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Figure 4 – Excitation and receiver positions on the joist floor.

Figure 5 – Averaged mobility of the host joist floor.

Figure 6 – Mode shapes of some dominant
modes of the host joist floor.

The floor has a mass of 196kg, thus, the total mass of the DVAs should not be over 19.6kg. In the optimization,
the DVAs were applied in 1, 2 and 4 groups to compare between their performances. Correspondingly, the
masses of each absorber were predetermined as 4, 2 and 1 kg, respectively.

3.2

Result

Figure 7 shows the velocity levels of floor with different DVA solutions targeting 0~50Hz. All DVA solutions
achieved a 10dB velocity reduction in the 31.5Hz 1/3-octave-band. As the floor modes are close to each other,
even the 1-group DVAs solution can suppress all floor modes in the target frequency range. Also shown in the
figure are the locations of the DVAs of different solutions. No matter how many groups the DVAs are divided
into, the absorbers are basically distributed along the centre line of the floor in y-direction. Table 3 shows the
optimized DVA parameters of different solutions. The natural frequencies of the DVAs mainly correspond to
the dominant modes below 50Hz.
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Figure 7 – Floor vibration level with and without the DVAs targeting 0-50Hz.
Table 3 – Optimal parameters of the DVAs targeting 0-50Hz.
Group

Natural frequency,
fa, Hz

1
2
3
4

28.3
28.5
34.7
43.7

1
2

28.2
31.1

1

29.3

Damping, ca
N·s/m

Mass, ma
kg

4–groups DVAs
55.3
1
83.1
1
120.3
1
306.8
1
2–groups DVAs
157.4
2
242.3
2
1–group DVAs
517.7
4

DVA1 location
m

Objective
function,
R, dB

(1.15,1.63)
(0.73,1.63)
(0.95,1.43)
(1.05,1.43)

6.1

(1.15,1.63)
(0.73,1.63)

6.2

(0.95,1.63)

5.8

Figure 8 shows the velocity levels of floor with different DVA solutions targeting 0~100Hz. Due to the large
frequency gap between the floor modes, 1-group DVAs solution cannot reduce the floor vibration over the full
frequency range, but only shows a good performance (10dB) in the 31.5 Hz band. The 2-groups DVAs solution
is also less effective on reducing the vibration of the 80Hz band (around 2dB), as the second natural frequency
of the absorbers is 41 Hz, which is far from the 80Hz band. In contrast, the 4-groups DVAs solution gives
good results covering the two bands, 10dB for 31.5Hz band and 5dB for 80Hz band. Comparing to the DVA
solutions targeting 0~50Hz, the DVAs for the vibration control over a broader bandwidth has moved along the
y-direction towards the floor edges. Their positions are seemingly corresponding to the 78.7Hz mode of the
host floor.

Figure 8 – Floor vibration level with and without the DVAs targeting 0-100Hz.
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Table 4 – Optimal parameters of the DVAs targeting 0-100Hz.

4

4.1

Group

Natural
frequency, fa, Hz

1
2
3
4

28.4
33.4
46.2
84.3

1
2

28.8
41.0

1

30.3

Damping, ca
N·s/m

Mass, ma
kg

4–groups DVAs
60.4
1
87.3
1
345.9
1
226.5
1
2–groups DVAs
199.6
2
499.8
2
1–group DVAs
591.7
4

DVA1 location
m

Objective function,
R, dB

(1.05,1.43)
(0.95,1.53)
(1.15,1.03)
(0.63,0.93)

4.6

(1.15,0.83)
(0.95,0.83)

3.6

(0.95,1.63)

4.2

Discussion

The effectiveness of DVA solution compared to other measures

To reduce the floor vibration level and impact sound, it is common to increase the floor mass or add a floating
floor system. Usually, a large weight needs to be added on the floor to achieve a good result, and, the reduction
of the vibration and the impact sound are more noticeable at high frequencies. Compared with these commonly
used methods, the DVA approach can be more effective in reducing floor vibrations at low frequencies.
As shown in Figure 9, when the measures increase the floor mass by around 10%, the DVA approach targeting
0-100Hz can provide a higher reduction in the floor vibration (10dB at 31.5Hz and 5dB at 80Hz) compared to
the 1dB reductions by the measure of increasing the floor mass. For a lightweight floating floor system, its
ability to reduce the low-frequency vibration of the floor is also limited by the mass. In the figure, the floating
floor used for the comparison consists of a 4mm plywood plate and 1cm mineral wood layer. The mass of the
floating floor is around 10% of the bass floor’s mass, and the cut-off frequency is 210Hz due to its light weight.
Comparing to the DVA approach, the measure of the floating floor system can only provide a less than 3dB
reduction in the low-frequency floor vibration.

Figure 9 – Comparison of the performances of different measures on reducing the floor vibration. The
result for the floating floor is calculated according to [18].
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4.2

The non-uniqueness of the optimal DVA solutions

Due to the randomly generated candidate solutions and the tolerance used to stop the optimization in the genetic
algorithm, the optimization processes do not lead to a unique optimal solution, but to several solutions with
similar results. In this study, the optimization for the DVA solutions with different number of groups was run
three times for each DVA scheme, and the deviation were compared between the solutions for different runs.

(a) ∆Lv of the DVAs targeting 0-50Hz
(b) ∆Lv of the DVAs targeting 0-50Hz
Figure 10 – Optimization results vs. Runs. Lines show the mean value and the error bars show the extreme
values of the three results.
In Figure 10, the 1–group DVAs solution shows a best repeatability. The results of both the vibration level
reduction and the optimal DVA parameters are very close for the different runs. In contrast, the 4–groups
DVAs solutions had a worst repeatability. No matter for the target frequency of 0~50Hz or 0~100Hz, three
runs of the optimization lead to different results of the DVA parameters. This is because the optimization with
4-groups DVAs has four times as many variables as the optimisation with 1-group DVAs. The increase in the
number of variables results in an increase in the combination of variables and, thus, a decrease in the likelihood
of obtaining a unique solution to the optimisation.
However, the difference in vibration reduction value between solutions is usually only less than 1 dB and the
different DVA solutions can offer a wide range of options for the implementation of floor vibration control,
such as more suitable DVA locations.
4.3

The impact of the furniture loads on DVAs' performance

Lightweight floors are subjected to furniture loads when they are in use. This can result in the changes in the
dynamic mechanical properties of the floor and thus, the low-frequency floor modes [19]. Therefore, with the
presence of furniture loads, the DVAs will show different performances on the floor.
In this discussion, a 100kg furniture was modelled by 11×11 point masses covering an area of 1×1m on the
floor (Figure 11). In Figure 12, the performances of the DVAs (4-groups targeting 0~100Hz) with and without
furniture loading are compared.
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Figure 11 – A 100kg furniture is modelled as 11 x
11 point masses (black dots).

(a) Case 1, Furniture on far beams.

(b) Case 2, Furniture in the middle of the floor.
(c) Case 3, Furniture on near beams.
Figure 12 – Effect of the furniture loading on the performance of the DVAs. The small maps in (a), (b) and
(c) show the impact positions (black dots) and furniture positions (red squares).
In Case 1, the furniture is located at the corner far from the excitation positions, the floor vibration and the
performance of the DVAs are barely affected by the presence of the furniture. When the furniture is moving
closer to the impacts, its effect on the performance of the DVAs becomes larger. In Case 3, the furniture and
the impacts are located on the same beams, the DVAs can still give a reduction in the floor vibrations to a
certain extent, but this reduction has been largely reduced by the furniture loading.
This lower impact of the DVAs is because the excitation cannot excite much modes below 100 Hz as their
positions are in a region that is stiffened due to the added mass. But, with the presence of furniture, the vibration
level of the floor is already lower than that without the furniture. Based on the full analysis of the vibration
reduction for all excitation positions, DVAs still contribute to vibration reduction at low frequencies when
furniture are present on the floor.

5

Conclusions

In this study, multiple DVAs are applied to reduce the vibration of lightweight floors, and an optimization
process is designed to obtain the parameters of the DVAs, including the natural frequencies, damping values
and locations. In a case study on a wooden joist floor, the optimal DVAs solutions can effectively reduce the
vibration in the dominant frequency bands, the reduction levels are around 10dB in 31.5Hz band and 5dB in
80Hz band. When the DVAs are divided into more groups and more natural frequencies are assigned to the
DVAs in the optimization, the optimal solution can have an effect over a wider frequency, but there may be
multiple solutions to the optimization. Compared to other measures, such as increasing floor thickness and
adding a floating floor system, the DVA approach is more effective in reducing the floor vibration at low
frequencies with a small amount of mass. The performance of the DVAs can be influenced by the position of
11
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excitation positions and furniture loadings. When the furniture loads and impacts locate on the same beams,
the effect of the DVAs on the floor vibration will be largely reduced.
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Abstract:
The noise inside the building of recent construction (2014), to house the classrooms of the
"Postgraduate Unit" of the UNAM, is located above what is accepted by the International
Standard of Acoustic Comfort of 35 dBA. According to the data collected, it has been determined
that noise enters the construction through the façade adjacent to Av. Insurgentes. This façade, due
to the materials used in its construction - concrete, glass and aluminum - does not provide enough
acoustic insulation, which is materialized in internal noise. At the same time, it must be considered
that university legislation does not allow altering the original façades, thus ruling out this
possibility as a solution to the problem. Therefore, a Double Skin Façade (DSF) was proposed,
with no sides to close it. To simulate the NPS between the original façade and the DSF, a software
was used and it was possible to know that the proposal is adequate. Furthermore, it could be
proposed as sustainable architecture.
Keyword: Acoustic comfort, Noise, Sound Pressure Level

1. Introduction
At present, the interest in studying the effects of noise in cities has gained relevance, due to its
harmful effects on people's lives. Urban development, industry, transport and, in general, modern
life in cities are the cause of high noise pollution. These activities, among others, alter the natural
balance and generate undesirable sounds that affect and harm the inhabitants of large cities.

2. Problem statement
The explosive growth of the world population has caused a huge demand for architectural spaces
of all kinds. These architectural designs require special proposals and solutions in their
construction and operation. Other factors to consider when addressing the noise problem are:
ventilation, heating, lighting, orientation and location, among others. An important element in this
sense are the construction materials that often do not provide well-being or acoustic comfort,
which is now known as sustainability [1]. This concept, often encompassed as user convenience,
requires a better and more careful explanation. In this sense, comfort is to eliminate any
unpleasant sensation that prevents concentration, it must offer protection against the negative
consequences of an explosive population growth such as overcrowding and exposure to pollutants
(noise, toxic gases, radiation, etc.).

2.1 Noise as a pollutant
In recent decades, noise in urban and suburban areas around the world has increased to become a
pollutant considered a public health problem. As a result, its effects on people whose lives are
altered in physiological, psychological, economic and social aspects (PiPEyS) are increased.
2.2 Noise
It can be defined as the unpleasant part of the sound [2]
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3. Noise levels and their relationship with learning
According to the WHO, the degree of affectation of PiPEyS varies according to the NPS, the
proximity to the source and the time of exposure affect several cognitive processes: more than 40
dBA make calculation activities difficult; at 50 dBA, cognitive efficiency drops; at 55 dBA,
memory impairment; after 60 dBA, the difficulty of capturing auditory information appears; at
64 dBA, slow learning occurs and at 70 dBA, reading comprehension problems appear [3].
In the UP-UNAM a survey was carried out [4] among users where the following results were
obtained: 48.4% declared that environmental noise within this architectural complex is a problem.
59.3% think that, mainly, traffic noise affects the academic activities carried out in the classroom.
On the other hand, 64.8% consider that Building “B” is the one that presents the most problems
compared to the rest of the buildings. 42.2% stated that what causes discomfort to users is
vehicular traffic and, finally, 56.1% said that the main source of noise is Av. Insurgentes
3.1 Professors and noise
When teachers change the level of voice intensity to compete against RF, they increase the signalto-noise ratio (RSR) [5], thus increasing the risk of voice disorders [6,7], which is in fact a
common condition among students. teachers [8]. In addition, students are affected in their learning
process. This confirms the fact that, in the last two decades, environmental factors have a more
detrimental effect on voice disorders than genetic factors [9, 10].
A recent study found that, in a class, the teacher speaks almost 46% of the time [11], so he
actively seeks to incorporate students, recognizing them as interlocutors.

4. Geographic delimitation of the study
UNAM has the title of being the University of the Nation, the CU campus is located south
of Mexico City (CdMx), with a total area of 733 hectares. It is located in the 100th place of the
best universities in the world for its quality worldwide, and is considered the 2nd in Latin
America. It is estimated that in the 2021 academic year there are 42,000 teachers, 350,000
students, as well as workers who require mobility within the campus, so there is a substantial
increase in vehicle traffic and, consequently, a high generation of noise.
The buildings of the National Autonomous University of Mexico (UNAM), especially in
Schools and Colleges, have shown their limitations to coexist with a constantly growing
megalopolis. Its architectural concept has not changed in the last 70 years and the new buildings
have been designed and constructed in practically the same way as when the campus of the
University City (CU) was created in 1952 (Figure 1). It is worth mentioning that, at that time, the
area where the UC was located was considered a rural area, without noise and without services.
In those years, vehicular traffic was very low, so noise was not considered a form of pollution.
Currently, UC has several vehicular access routes and many campus buildings are located next to
or very close to internal and external communication routes.
A study of AC qualifiers is presented in 10 classrooms identified with noise pollution
problems, within the Postgraduate Unit (UP) of the UNAM. The architectural complex is of recent
construction (2014). It is located next to Av. Insurgentes, -one of the most important in CdMxwhere thousands of cars and cargo vehicles circulate daily. One more element is that the set of
buildings is located between the campus streets, so local traffic also interferes with the acoustic
environment Figure 2.
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4.1 Limitation of space to investigate
From the set of buildings that make up the UP-UNAM, building “B” was chosen because of its
location in front of Av. Insurgentes. Second and third level classrooms were studied for being the
most exposed to noise. The first floor, ground floor and basement spaces are not occupied, since,
as a result of their exposure to noise, they have been gradually abandoned. The study was carried
out in the 10 classrooms during the days and hours of greatest vehicular traffic. They were chosen
so that they represent the four types of classrooms in building “B”, which are classified according
to their volume as follows: 1) Cubicle ~ 19 m3; 2) Small classroom ~ 53 m3; 3) Medium
classroom ~ 107 m3; 4) Large classroom ~ 205 m3. All the classrooms studied have a volume of
less than 283 m3. The capacity of students within the classrooms is from 10 to 40 in each one.
4.2

Research method

For this case, the method to objectively evaluate CA required the preparation of data
tables designed for this purpose. They were built taking as reference the qualifiers indicated in
the standards: ISO 717-1 [12]; ISO 3382-1 [13]; ISO 16283-3 [14]; IEC 60268-16 [15]; ANSI /
ASA S12.60-2010 [16].
Data collection was carried out in unoccupied classrooms with furniture, since permits
were not obtained to do so with students and teachers.
The qualifier measurements were performed with the following equipment B&K brand:
Sound level meter type 2270; omnidirectional source type 4292-L, amplifier type 2734; type 4189
microphones and Dirac software, under two general conditions:
1. Door and windows closed. To have a database line.
2. Open doors and windows, because the classrooms are passively ventilated.
The values are in octave bands of 125, 250, 500, 1 000, 2 000 and 4, 000 Hz, with
measurement in” Fast” during the measurement, the height of the microphones was 1.20 m, as if
the students were seated.
It is very important to mention that the ventilation through open windows is insufficient,
so the access door remains open (cross ventilation).

5. Focus of this paper
The focus is experimental and the emphasis is on:



Asses the proposals for architectural solutions.
Evaluate the results with the Lima Predictor software [17].

6. International benchmarks
The specialized literature, related to AC within the classroom, has focused mainly on the level of
Reverberation Time (RT) and Background Noise (BN). In the reference [18]. The values used as
reference in this work are those of Table 1 of ANSI / ASA [7]. Reference values from other
countries are also seen.
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Standard
/Country
ANSI
ASA12.602010 Part - 1
(USA)
Holland
France
Germany
Sweden
Portugal
Japan
Finland
United
Kingdom

Figure 1 - University City under construction

RT
RT
min
max
Seg
Seg
0.6
0.6
0.7
0.7
500, 1 000
2,000 Hz
0.8
0.4
0.8
0.8
1.0
0.5
0.6
0.6
0.8
0.6
0.6

0.8

0.6

0.8

Background
noise

Volume
m3

35 dB(A)

<283
>283

<250
~250

~200

Table 1 - International benchmarks

1952

In order to bring clarity to the study, another qualifier to be used was addressed.


Acoustic insulation, façade, Standardized Level Difference (D2m,nT,w).

7. Outside measurement
The recorded LAeqs were measured In Situ. Figure 2 and 3 shows how the SPL were obtained
abroad in conditions a) and b) of each classroom.

Figure 3 – Position of the microphone to
arrow points to the building “B” where the measure the SPL of vehicular noise outside the
classrooms are located.
classroom at 2 min front of the façade.
Figure 2- Location of the PU-UNAM. The

8. Values obtained
The qualifiers were measured in natural listening conditions, real classrooms, with real ambient
noises (vehicles of all kinds).
The figure 4 shows the RT values, measured in the 10 classrooms in building “B”.
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Figure 4 – RT measured within the classroom

The façade of each classroom in the only physical barrier that separates and isolates it
from the outside noise that comes from Av. Insurgentes, Figure 5 and Table 2 shows its general
acoustic insulation, that is, the Standardized Level Difference (D2m,nT,w).

Figure 5 - SPL exterior - interior, ANSI / ASA

Table 2 - Standardized level difference and
adaptation term of spectrum C and Ctr [13].

9. Discussion of the results
Based on the qualifiers obtained, we know that:





The AC in classrooms is adversely affected, disrupting speech intelligibility.
The BN is very high, because the façade has a low acoustic insulation.
The RT are very long due to the finishing material of the walls, as well as the furniture.
Acoustic insulation, standardized level difference (D2m,nT,w), the average SPL outside was 69
dBA, indoors with open doors and windows it was 60 dBA, when closing the door and
window the interior SPL was 46 dBA, consequently, the façade insulates an average of 23
dBA. It is observed that the façades of classrooms B-201, B-301 and B-308, located next to
the concrete walls, which are part of the building structure, having a rigid support, have a
maximum insulation value of 32 dBA.

10.The double skin façade as a response to the noise problem
After studying the problem, two architectural solutions of installing a Double Skin Façade was
proposed to reduce the effect of external-internal noise without affecting the original façade that
reaches the AC, under the following conditions:
5
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10.1 Proposal DSF
Place Double Skin Façade (DSF-THyAPIS), (Thermal Hydraulic, Acoustic, Photovoltaic, Solar
Insulation), Figure 6, with a metal structure at 2.0 m, in front of the original façade of the building
“B”, “Façade of a Single Skin” (SSF) that is oriented towards Av. Insurgentes.
Advantages of DSF










It will work as a noise reduction system [19], reaching the appropriate AC in the classrooms.
It will provide a percentage of direct isolation from solar radiation.
Allow passive ventilation to continue in classrooms.
It will generate photovoltaic electricity.
The support of the photovoltaic glasses will be with pipes so that the water flows through
them, cooling the glasses and heating the water for various services.
By generating electrical and thermohydraulic power, the initial investment can be amortized
in a short time.
Adds aesthetic value to the urban landscape, the “DSF”, since it can be designed considering
the type of structure, pipes, appearance and color the photovoltaic glass.
It is Sustainable Architecture.
The original façade is not affected.

Disadvantages of DSF




Partially limits the views of Av. Insurgentes.
The initial investment of the DSF-THyAPiS.
Partially hides the original façade.
Simulated value

Building B
level and
height of
the DSF

2nd floor,
DSF at 1 m
above
building B
3°rd floor,
DSF at 1 m
above
building B
2nd floor,
DSF at 1 m
below the
height of
building B
3°rd floor,
DSF at 1 m
below the
height of
building B

Figure 6 – Insulation acoustic with DSF-THyAPiS

SPL
outside to
2 m from
the SSF

SPL inside
Betw ee
classrooms SPL inside
SPL inside
Edge n center Center
betw een classrooms
classrooms
of the and the of the
the Edge
at the
on the edge
DSF edge of
DSF
and the
center of
of the DSF
the DSF
center of
the DSF
the DSF

68

56

52

50

32

28

26

69

56

54

53

34

32

31

68

56

53

51

32

29

27

69

58

56

56

35

31

32

Table 3 – Effects of DSF insulation at two
heights

11. Results
To simulate the SPL generated by the vehicular traffic of Av. Insurgentes and measure it at 2 m
from the DSF, as well as the SPL between the SSF and the DSF, the Predictor LimA Software
[17] was used. This action had a double objective.
1) Simulate, using [17], the efficiency of the proposals.
2) Obtain data that allow the proposal to be evaluated prospectively.
The results are in dBA tables 3. To know the values within the classrooms, we use the values
D2m,nT,w from Table 2.
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12. Conclusions
Open doors and windows
Qualifier

Average
measured
In Situ

ANSI/ASA
S12.602010/Part
1

RT

1.27

0.6

Exceeds

BN

60

35 dBA

Exceeds

Status

Close doors and windows
Qualifier

Average
measured
In Situ

ANSI/ASA
S12.602010/Part
1

Status

RT

1.67

0.6

Exceeds

BN

46

35 dBA

Exceeds

>
0.6
> 35

Standardized
level difference

28

dBA

Poor

35

Ideal
>
0.6
> 35

Ideal

Table 5 - Summary data by qualifier

After analyzing the summary data of the surveys in Table 5 and contrasting them with the
tables, it was deduced that:


The classrooms in building “B” are located outside the parameters established by ANSI/
ASA [16].

In order for the classrooms in building “B” to be within the parameter of the [16] standard,
which indicates that the BN level should not be higher than 35 dBA, the solution was designed,
which was corroborated with the [17], The results were:


The DSF reduces noise, the average BN in classrooms is 26 to 35 dBA, complying with
the [16] standard which is 35 dBA.

Therefore, the proposed DSF option is correct.
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Abstract
Part 3 of the ISO 16283 standard describes the procedure to determine the sound insulation of a façade. The procedure is
applied to rooms with volumes ranging from 10 m3 to 250 m3 in the frequency range between 50 and 5000 Hz. For a
volume of the receiving room above 25 m3, it is not mandatory to use the low-frequency procedure for the bands octave
of 50, 63 Hz and 80 Hz. It is enough that the sound source is capable of generating sufficient level from 50 Hz. In this
work measurements have been carried out in rooms with a volume greater than 25 m 3 both using and not using the lowfrequency procedure in order to answer the question of whether, although it is not mandatory, it is advisable to calculate
the sound pressure level taking into account the maximum sound pressure value measured in the corners of the room.

Keywords: façade, acoustic insulation, low frequency

1 Introduction
In-situ sound insulation measurements must be carried out in a repeatable and reproducible manner to avoid
legal concerns especially when the measurement results are close to the prescribed sound insulation limits. The
low-frequency measurement procedures described in the ISO 140 series of standards did not yield good results
[1]. Parts 4 and 7 of the ISO 140 series of standards, concerning the measurement of airborne and impact sound
insulation, included annexes providing guidance on how to carry out measurements in the low frequency range,
but the requirements were sometimes difficult to meet in confined spaces. However, ISO 140-5, on the
measurement of airborne sound insulation of façades, did not include a similar annex, even though low
frequency bands are often relevant in this case for many sources of environmental noise [2].
This point is revised in ISO 16283-3 [3], which deals with the measurement of sound insulation of façades and
supersedes the former ISO 140-5. This standard describes a measurement method for the low-frequency range
that must be used if the volume of the receiving room is less than 25 m 3. This volume (i.e., 25 m3) was
determined during the drafting of the standard, as it was necessary to identify a maximum volume to which
1
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the low frequency procedure should be applied. In the end, this volume was set at 25 m3 although initially the
low frequency procedure was set for volumes below 50 m3.
The determination of this initial volume (i.e., 50 m3) was based on the distribution of modes in rooms with
small volumes and unfavorable dimensions, where at least one room dimension matches the wavelength and
another one matches at least half of the wavelength of the central frequency of the lowest frequency band. On
this basis, and taking into account that the lowest 1/3 octave band covered by the standards is 50 Hz, one of
the room dimensions should at least be 6,88 m and the other 3,44 m. Considering these dimensions into account
and given the fact that the height of an enclosure ranges between 2 and 2.3 m, the volume of the room needed
to be at least 50 m3 to avoid the use of the low-frequency method.
However, the use of this volume, calculated on physical principles, had some practical drawbacks, as most
rooms in regular dwellings would be below 50 m3, therefore requiring the constant use of the low-frequency
procedure and significantly increasing the duration of the measurements. Consequently, the maximum volume
of the enclosure was reduced from the originally planned 50 m3 to half that, 25 m3.
The low-frequency procedure, involving measurement in corners, is based on the fact that the sound field is
not diffuse in regular and small enclosures. Hence, the aim of this method is to improve repeatability and
reduce low-frequency uncertainty, which can have a direct impact on the comfort of the occupant of a small
room, especially considering that it is common for people to sleep with their heads close to walls or even to a
corner, where sound pressure levels tend to be significantly higher than in the central area of the room.
Although standardized, the low-frequency procedure still offers a number of unknowns that need to be
addressed, especially considering that both the duration of a sound insulation measurement and its subsequent
analysis increases significantly, which implies that an operator does not normally carry out measurements
using the low-frequency procedure if the volume of the room is above 25 m3. Furthermore, in most countries,
measurements for regulatory purposes are only required between the 1/3 octave bands of 100 and 3150 Hz [2].
Nevertheless, it is possible to find some literature on the use of the low-frequency measurement procedure.
For example, regarding airborne sound insulation between rooms, it has been investigated how these low
frequency procedures are affected by the type of excitation in the emitting room or by the presence of furniture
in the receiving room [4]. With regard to façades, there are studies on measurements in timber-framed
buildings [5] comparing the results of the default measurement and the measurement with the specific lowfrequency procedure in rooms with a volume of less than 25 m 3. In these measurements, reference was made
by taking the average value of the sound pressure level measured at five microphone positions in the central
area of the room following the default procedure. Then, this reference value was compared with those obtained
at the corners. It was found that the difference in sound pressure level when comparing the measurements in
the different corners can be up to 10 dB for 1/3 octave bands below 500 Hz. This study also examined the
influence of the microphone position in the corner, confirming the specifications of the standard.
In general, in Spain, the average floor area of single bedrooms ranges between 9 and 11 m2. Considering that
most local regulations set the minimum free height at 2.5 m, the volume of these rooms ranges between 22.5
and 27.5 m3, which places a typical bedroom in an uncertain range for the application of the specific lowfrequency method. In this paper, façade airborne sound insulation measurements have been carried out in the
range between 50 and 5000 Hz in enclosures with a volume greater than 25 m3 using both the default and the
specific low-frequency procedures of ISO 16283-3:2016. The implications of employing the specific lowfrequency procedure for the measurement of airborne sound insulation measurements in façades were
analyzed. In addition, it was also analyzed how the single number quantity of sound insulation is affected by
considering the average sound pressure level measured in the corners instead of the maximum value for the
calculation of the level in the receiving room (L2) for the 50, 63 and 80 Hz bands, as it is currently indicated
in the ISO 16283-3:2016 standard.
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In summary, significant differences could be found between the measurements using the two methods, with
the sound insulation in the low-frequency bands being lower when the specific low-frequency procedure is
included both in the measurement and the calculation of façade sound insulation.

2 Experimental setup
Measurements were carried out in three rooms, two located in traditionally built dwellings and the third in a
dwelling built with shipping containers. The rooms in which the measurements were carried out were
geometrically simple, being rectangular in all three cases.
All façades had Polyvinyl Chloride (PVC) framed windows. Table I shows the volume, the type of construction
and the mean reverberation time of each of the three rooms, as well as the area of their window openings.
Table I. Description of the three (R1, R2 and R3) measured rooms, including their volume, construction type and mean reverberation
time, as well as the area of their window opening.

Room
R1
R2
R3

Volume (m3)
29,0
28,1
37,3

Hollow area (m2)
4,4
3,4
4,4

T20(s)
0,56
1,38
1,53

Construction type
Shipping containers
Traditional
Traditional

The rooms in the traditional construction were empty, while the room in the container construction was
furnished with the usual bedroom furniture (i.e., a large bed, two chairs and a small table). Consequently, the
reverberation time of the latter room was significantly lower than that of the other two rooms measured, as can
be seen in Table I.
The measurements were carried out according to the specifications of ISO 16283-3:2016 between the 1/3
octave bands of 50 and 5000 Hz. A microphone mounted on a fixed tripod at each of the microphone positions
(in-space and corner) was used for the measurements. This tripod was moved manually by an operator to the
different fixed positions in each of the rooms.
The following equipment was used for the measurements:
- a Brüel & Kjaer type 4224 directional sound source placed at an angle of 45º to the façade to be tested, as
specified in the standard, and generating wideband noise between 50 and 5000 Hz. The directivity
measurements and the calculation of the direct sound level radiated on a façade element met the specifications
required by the standard on a surface of 4 x 3 m2, which allowed the measurement to be carried out with only
one source position.
- a Brüel & Kjaer type 2270 sound level analyzer.
- a Brüel & Kjaer type 4196 omnidirectional sound source for the measurement of the reverberation time
according to the interrupted noise method described in ISO 3382-2:2008.
For the default measurement procedure, five microphone positions were used, evenly distributed over the
available space in each of the rooms. These positions were chosen in accordance with the limiting distances
between microphone positions and walls specified in the standard. In the case of the measurement following
the specific low-frequency procedure (i.e., corner measurement), the sound pressure level was measured at
four corners with the microphone fixed by means of a tripod, with two corners close to the floor and two
corners close to the ceiling. The distance to the three surfaces forming the corners was set with the tripod
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between 0.3 and 0.4 m, as indicated in the standard. For each of the measurements in the receiving room (L2),
a measurement of the background noise (B2) was carried out immediately afterwards. In this way, a high
correlation between the measured background noise and the background noise existing during the
measurement of each L2 observation could be expected.
The outdoor noise level (L1) was measured at a distance of 2 meters from the center of the façade.
The following calculation methods were used to calculate the L2,LF level for the 50, 63 and 80 Hz bands:
1) The default method specified by the standard when the volume of the enclosure is above 25 m 3:
energetic average of the sound pressure level values measured at the five microphone positions evenly
distributed over the enclosure surface.
2) The low-frequency calculation procedure specified in the standard according to expression (1), where
L2,corner is the maximum of the sound pressure levels measured at all the corners for the 50, 63 and 80
Hz bands:

𝐿2,𝐿𝐹 = 10𝑙𝑔 [

100.1𝐿2,𝑐𝑜𝑟𝑛𝑒𝑟 +(2∙100.1𝐿2 )
]
3

(1)

3) According to expression (1) but with L2,corner being the energetic average of the sound pressure levels
measured at the four corners for the 50, 63 and 80 Hz bands.

3 Results and discussion
It was found that at low frequencies (50, 63 and 80 Hz bands), for the conducted measurements, it was not
always possible to comply with the L2 being 10 dB above B2, both for the default measurement method and
for the low-frequency measurement procedure.
As an example, Table II shows the values of L2 and B2 for one of the three rooms and the 50, 63 and 80 Hz
bands following both the default and the specific low-frequency procedure. For the low-frequency procedure,
as discussed above, two calculations were performed. On the one hand, the calculation described in the
standard, selecting the maximum level of those measured in the corners as L2,corner. In that situation, B2,corner
was taken as the value measured at the corner where the maximum L2 was measured. On the other hand, an
L2,corner was also derived by taking the average of the L2 measured in all corners. In that case B2,corner was also
computed as the energetic average of the levels measured at the four corners.
As can be seen in Table II, for the example room, following the default method, the difference between L2 and
B2 was less than 10 dB for some of the low frequency bands which, therefore, required background noise
correction. However, this difference significantly increases as the specific low-frequency procedure is applied,
both for the calculation described in the standard as well as for the average calculation. In particular, all lowfrequency bands show differences above 10 dB for the calculation based on the maximum, the same happening
for the average calculation except for the 50 Hz band.
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Table II. L2 and B2 values for the low-frequency bands and each calculation method: the default calculation for volumes higher than
25 m3, the low-frequency calculation as described in the standard (i.e., taking the maximum) and the average low-frequency
calculation (i.e., taking the average instead of the maximum).

Frequency (Hz)
50
63
80

L2 default
(dB)
41.6
45.5
40.1

B2 default
(dB)
37.4
36.6
24.9

L2, corner max
(dB)
48.3
55.0
49.2

B2, corner max
(dB)
37.6
41.0
31.5

L2, corner avg.
(dB)
44.2
52.8
47.7

B2, corner avg.
(dB)
38.3
40.1
32.5

Figures 1, 2 and 3 show, for each of the rooms, the value of Dls,2m,nT in third octave bands, additionally
presenting the sound insulation resulting from each of the three methods described for the calculation of L2,LF
in low frequencies. In all three rooms, as can be seen in Figures 1-3, the lowest insulation is found when L2,LF
is calculated using the low-frequency procedure specified in the ISO 16283-3:2016. The sound insulation value
decreases between 3 and 12 dB in the 50, 63 and 80 Hz bands when considering the specific low frequency
procedure in all rooms, which had volumes larger than 25 m3, compared to the results obtained using the
default procedure. This result, moreover, does not seem to be dependent on the type of construction (i.e.,
traditional or with shipping containers), nor on whether the receiving room is furnished or empty during the
measurement. In particular, as it can be seen in Figure 1, the container-built room showed lower low-frequency
insulation than traditionally built rooms, probably due to its lighter weight. In any case, for both types of
construction the sound insulation decreased significantly when considering the specific low-frequency
procedure.
Differences in the Dls,2m,nT value were also found, between 1 and 4 dB in this case, depending on whether for
the low-frequency procedure the calculation of the L2,corner was based on the maximum or the average value
of those measured in the four corners. Besides the sound insulation curve of each room, the values measured
in each of the four corners for the 50, 63 and 80 Hz bands have been included in Figures 1-3 to show the
variability of L2 at the corners.

Figure 1: Room R1. Left - Sound insulation (i.e., Dls,2m,nT) derived following the three calculations: default method, standardized
low-freq. procedure, and average low-freq. procedure. Right – L2 measured at each of the four corners as well as the average value
for 50, 63 and 80 Hz bands.
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Figure 2: Room R2. Left - Sound insulation (i.e., Dls,2m,nT) derived following the three calculations: default method, standardized
low-freq. procedure, and average low-freq. procedure. Right – L2 measured at each of the four corners as well as the average value
for 50, 63 and 80 Hz bands.

Figure 3: Room R3. Left - Sound insulation (i.e., Dls,2m,nT) derived following the three calculations: default method, standardized
low-freq. procedure, and average low-freq. procedure. Right – L2 measured at each of the four corners as well as the average value
for 50, 63 and 80 Hz bands.

It seems reasonable to think that the measurement of sound insulation in the 50, 63 and 80 Hz bands would be
more accurate if the specific low frequency procedure is taken into account, even in enclosures with volumes
above 25 m3, by explicitly taking into account the lack of diffusivity of the sound field at low frequencies.
Furthermore, one would expect the results obtained with the default procedure and the specific low-frequency
procedure to be equivalent, although more accurate in the case of the low-frequency procedure. However, for
the measurements carried out during this research, the sound insulation values obtained using the default and
low-frequency procedures differ significantly, with a considerable reduction in low-frequency sound insulation
if the specific low-frequency procedure is employed, as shown in the left-hand boxes of Figures 1-3.
Additionally, it seems necessary to consider which approach to the low frequency procedure is better, the one
that takes the maximum value of those measured at the corners (i.e., the standardized method) or the one that
takes the average value. Although the difference between the two is usually small, it may in some cases rather
high, being as high as 4 dB in some of the obtained results. It therefore seems relevant to assess which of the
two approaches most closely represents the actual sound insulation of the façade.
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Additionally, an analysis was conducted to determine the effect that the different employed calculation
procedures have on the single-number quantity D2m,nT,Atr of façade sound insulation. This single-number
quantity was chosen because in Spain, the basic document "DB HR Noise Protection" [6] of the Spanish
Technical Code (CTE) specifies that the A-weighted standardized level difference in façades and roofs for
exterior car-dominant noise, D2m,nT,Atr (dBA) is the single-number to be used for the description of the sound
insulation of the materials protecting an indoor environment from outdoor noise. In addition, this parameter is
commonly adopted in the regulations of other European countries together with D2m,nT,w to express the airborne
sound insulation of façades [7], with DnT,Atr also being the single value described in the recent ISO/TS
19488:2021 for the acoustic classification of façades [8]. The frequency range currently considered for the
calculation of this single-number quantity is 100 to 5000 Hz, while in this analysis the range is extended in the
lower frequency range to address the effect of low frequencies. Also, while this quantity should normally be
presented rounded, it is presented here to one decimal place to make it easier to see the differences.
In view of the results obtained for the spectral parameter Dls,2m,nT, it seemed interesting to analyze the
differences that this entails in the single-number quantity D2m,nT,Atr if its calculation is extended down to 50 Hz,
when taking into account the different calculation procedures of L2,LF for the 50, 63 and 80 Hz bands. Table
III shows the value of this single number for the three calculation procedures of the magnitude Dls,2m,nT at low
frequencies. It can be seen that the value of D2m,nT,Atr varies between 1 and 2 dB depending on the calculation
procedure adopted, its value being always the lowest for the standardized low-frequency procedure, followed
by the average low-frequency procedure and finally by the default procedure.
Tabla III. Value of D2m,nT,Atr between 50 and 5000 Hz for the three procedures for the calculation of low-frequency Dls,2m,nT.

Room
R1
R2
R3

L2 default

Dls, 2m, nT, Atr
L2,corner max

24.4
30.4
34.3

22.6
29.1
32.6

L2,corner avg.
23.2
29.8
33.4

4 Conclusions
The implications have been shown of using the specific low-frequency procedure described in ISO 162833:2016 [3] for the measurement of airborne sound insulation of façades in rooms with volumes greater than 25
m3.
The difference in the results depending on whether the default or the low-frequency procedure has been shown.
In particular, it has been found that the low-frequency procedure leads to lower Dls,2m,nT values that using the
default procedure for the 50, 63 and 80 Hz bands, this differences ranging from 3 to 12 dB. Regarding the
single-number quantity D2m,nT,Atr (extended to the 50 to 5000 Hz range) differences between 1 and 2 dB could
be found depending on whether the default or the specific low-frequency procedure was employed for the
calculation of the low-frequency Dls,2m,nT. However, further tests are necessary to establish whether these
differences may be different depending on different conditions (e.g., the type of construction, the type of
insulating material, etc.).
In any case, these results show that it is advisable to review whether it is appropriate to measure the sound
insulation of façades following the specific low-frequency procedure for rooms with volumes greater than 25
m3, given that its use could have an impact on the accuracy of the low-frequency assessments. Furthermore,
the correct description of the sound insulation of façades at low frequencies is also fundamental for the
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subjective evaluation of the annoyance and loudness perceived by inhabitants at low frequencies, an aspect
that has recently been the focus of listening tests and surveys related to sound insulation.
Although the results of this publication show that there are some differences between procedures, further
measurements are needed to confirm these results, as well as to verify whether the conclusions drawn with
respect to façade sound insulation can be extended to other kinds of sound insulation measurements, such as
airborne sound insulation between dwellings or impact sound insulation. Finally, to confirm whether the
conclusions hold or vary significantly if the volume of the receiving room is increased noticeably.
Depending on the type of sound insulation and incident noise, the incorporation of the low-frequency bands
for the determination of the single-number quantities expressing the sound insulation can improve the
relationship with people's subjective impression. However, to be clear about this dependency, and to be able
to carry out conclusive subjective tests to determine which low frequency bands should be considered to
express the sound insulation of facades perceptually, it is necessary to be clear about the best measurement
procedure for the sound insulation below 100 Hz both for rooms of volume below and above 25 m3. Previous
research based on listening tests has already indicated the need for an extended frequency range, even down
to the 20 Hz, for assessing impact sound insulation [9].
Finally, knowing the sound insulation of the façade and whether the measurement procedure is appropriate is
crucial in the design of façades of buildings. For example, there is nowadays a trend in building construction
towards lightweight construction systems, which offer the possibility of prefabrication, such as container-based
housing, which are classified as more cost-effective and sustainable than concrete and traditional construction.
These emerging building systems, however, generally perform worse at low frequencies than traditional
construction due to their lower mass and the resonances they exhibit in the case of multi-sheet elements. It is
therefore very important to establish whether there is a need to include the low frequency range to achieve a
high perception of acoustic comfort when aiming at increasing the protection of building occupants against
external noise. Consequently, the study of the need for these low frequency bands and their correct assessment
should be a focus of working groups dealing with the measurement and the requirements of sound insulation
in building regulations and standards.
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Abstract
The “Teatro Principal” of Valencia, designed in 1774 and inaugurated in 1832, is one of the oldest Italian
theatres in Spain. As a cultural icon in Valencia, it has been the temple of the performing arts for more than
150 years until the 1980s with the inauguration of the Palau de la Música. From that moment on, the musical
performances were transferred to the new Auditorium with the consequent period of adaptation to the new
acoustic conditions for both the public and the Orchestra. The aim of the present work is the evaluation of
the acoustic quality of the Theatre for music and speech. As the quality is affected by the hall capacity, and
as the acoustic parameters are not easily measurable in full hall conditions, the support of acoustic simulation
is necessary. An acoustic model of the hall has been adjusted following the response surface methodology.
On the adjusted model, simulations have been carried out with different conditions of capacity and number
of instrumentalists or actors on stage. The results obtained have been evaluated with the Arau Merit Factor
as an objective methodology.
Keywords: proscenium theaters, response surface methodology, simulation, merit factor.

1.

Introduction

The Teatro Principal of Valencia (1832) constitutes one of the most paradigmatic Spanish examples of
proscenium style together with the Gran Teatre del Liceu in Barcelona (1847) and the Teatro Real in Madrid
(1850). It is one of the oldest theaters in Spain that has preserved its original configuration [1].
The Principal Theater was originally designed by the Italian architect Felipe Fontana in 1770. Some financial
difficulties postponed the beginning of the construction until 1808. After a stop due to the Independence
war, the building was finished and finally opened on July the 24th of 1932, without the façades. In 1933 the
fourth floor was added. In the following years, the roof was fixed several times due to leaks. The venue was
inaugurated definitely in 1959. For a long time, it was the most important venue in the city. In the 19th
century, there was a scenic spaces construction blossom in the city of Valencia, although none of them
rivaled the Principal. Many of those theaters have disappeared today.
The building of the Principal Theater has evolved throughout the years and has undergone several
renovations, although none of them have changed it dramatically. The last one occurred in the 80s, was very
respectful with the interior space and recovered some of the compositional aspects of the original theater
and adapted it to modern regulations. Essentially the theater has maintained its geometry and characteristics.
The Principal Theater (Figure 1) gathers all the attributes of a proscenium theater: the auditorium box has a
horseshoe-shaped plan (with a slight slope), a flat ceiling, an orchestra pit (which can be exposed or closed
and occupied by seats), a large stage fly-tower (of above 8.000m3, it is separated from the audience by the
proscenium arch), side boxes in the stalls and four levels of boxes and balconies (the last two floors also
have rear galleries).
This theater has a capacity of 1226 people. Four hundred and sixty of those seats are located in the stalls.
Nowadays, the fourth floor is used for technical support and is closed to the audience. The access to the
room is made through numbered doors located in curved corridors, outside the room. They give independent
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access to the stalls, to each of the boxes, and the continuous balconies and galleries. On the last two floors,
the boxes disappear to place rows of seats on the sides and galleries centered at the back.
At the beginning of the 20th century, the Principal Theater was used intermittently as a rehearsal and
performance room by the Valencia Municipal Symphonic Band of Music and by the Orchestra of Valencia;
until 1987, the year in which the Palau de la Música was inaugurated.
The acoustic conditions of both spaces differ greatly, this caused some controversy between aficionados and
multiple opinion articles in local newspapers at the time.

Figure 1 – The Principal Theater (Source: author)
The aims of the present work are:
- To make a 3D model of the theater and to adjust it to the onsite acoustic survey using the
response surface methodology.
- To simulate different conditions of room capacity.
- To evaluate the acoustic quality of the theater for music and speech at different conditions
using the Merit Factor.

2.

Methods

On-site measurement of the impulse response was conducted to obtain the objective parameters of the room.
The field measurements were done in two different room conditions, with the curtain closed and with the
curtain undrawn (as this survey is part of a broader research). The measurements were conducted using an
impulsive source (a Bruel & Kjaer dodecahedral loudspeaker) and recorded in various positions of the room
(Figure 2) using both omnidirectional and binaural microphone configurations (Shure KSM44A). These
experimental measurements were conducted in accordance with the ISO 3382 [2]. The stage had
scenography during measurements.
The receiver points were distributed uniformly and non-symmetrical in relation to the room axis. The source
was placed in the center of the apron, which allowed us to maintain its position in the closed curtain
measurement procedure. The measurements were registered with DIRAC software [3]; afterwards a file
treatment has been done to obtain the room acoustic parameters.
To define the (x, y, z) coordinates of the source and receivers (Table 1), we have set the origin in the center
of the apron at the lowest point, where it joins the stalls. The analysis was conducted without an audience.
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Figure 2 - Location of the source and the receivers
Table 1 - Coordinates of the source and the receivers set in the Principal Theater
X

Y

Z

X

Y

Z

Source

0.90

0.28

2.47

Receiver 12

-8.71

-7.83

5.17

Receiver 1

-7.25

0.00

1.50

Receiver 13

-20.97

0.00

5.17

Receiver 2

-13.86

0.00

1.81

Receiver 14

-16.89

6.54

5.17

Receiver 3

-20.55

0.00

2.42

Receiver 15

-16.49

6.85

8.04

Receiver 4

-20.44

-4.00

2.41

Receiver 16

-20.47

0.00

8.04

Receiver 5

-12.66

-5.56

1.73

Receiver 17

-10.32

-8.22

8.04

Receiver 6

-4.39

-4.38

1.50

Receiver 18

-6.60

-7.18

8.04

Receiver 7

-7.76

4.84

1.50

Receiver 19

-5.15

-7.35

11.02

Receiver 8

-16.69

3.58

2.05

Receiver 20

-11.56

-8.34

11.02

Receiver 9

-11.20

-8.40

2,17

Receiver 21

-19.92

0.00

11.02

Receiver 10

-6.48

-7.25

2.17

Receiver 22

-17.20

6.31

11.02

Receiver 11

-5.27

-7.09

5.17

Receiver 23

-21.96

0.00

11.70
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Also, we have collected information about the building materials and how they were set in place, especially
those that may affect the acoustic behavior.
A 3D model of the theatre in AutoCAD software has been made. Then, it has been adjusted in Odeon
software, using the response surface method (RSM). This method helps to evaluate the influence of a
material in the reverberation time of a room [4].
The RSM explores the relationships between several explanatory variables and one or more response
variables. The goal is to use a sequence of designed experiments to obtain an optimal response using a
second-degree polynomial. The response, in room acoustics, is the reverberation time of the enclosure. To
apply this method, the absorption coefficient of every surface of the space must be known except for two
independent variables, whose values determine the response.
The RSM can be applied to obtain a study region per surface. Then they are combined to get 9 absorption
spectrum combinations.
The study region definition in the RSM application:
𝑋 =𝐵 ±𝑅

(1)

Being:
B1i, values taken from the bibliography,
R1i, increments which vary from 0 to 0,5
Analogously X2i
The new absorption spectrum couples are introduced in Odeon to calculate the reverberation time of each
combination. The Just Noticeable Difference (JND) has been considered to fit the adjusted simulation results
to the RT30 measured onsite. The JND indicates the minimum variation an acoustic parameter can have to
be subjectively perceivable [5], in this case, this minimum variation of the RT30 is a 5%. The combinations
are acceptable when they fit between the maximum and minimum JND values of the onsite measured
reverberation time.
The reverberation times obtained are grouped by frequencies, creating nine combinations of three points by
frequency. The response surfaces which fit with those combinations are drawn. New couples of points from
each surface that satisfy the target are obtained. We make a Table of the pairs by frequency, and we create
new absorption spectrum coefficients combinations of the unknown surfaces. We calculate the reverberation
time of each combination, and then we compare the results with the onsite measurement.
After the RSM application process, an adjusted model of the room is obtained for both the curtain of the
stage opening drawn and undrawn.
With the adjusted model of the previous step, several acoustic simulations with different occupancy
percentages will be carried out:
- Audience only in the stalls (approximately 37 % occupancy)
- Audience in every seat (100 % occupancy)
- Orchestra on the stage and 100% occupancy.
These occupancy variations will be simulated increasing the absorption coefficient of the seats, estimating
this increment based on the bibliography [6], [7],[8].
The global merit factor, allows the evaluation of the acoustic quality of a venue [9]. The merit factor of each
parameter takes values from 0 to 1. When the value of an acoustic parameter is considered excellent for the
intended use of the space, then the merit factor of this parameter is 1. When the acoustic parameter is out of
the margins considered optimal for a determined use, then the merit factor of this parameter is 0.

598

The merit factor of the reverberation time is obtained by comparing the RT30mid with the optimal
reverberation time, RT30opt. The optimal reverberation time depends on the use and volume of the space.
The Principal Theater has a general room volume of approximately 6300m3.
In general, EDT values are lower than RT30 values. The EDT is more related to the subjective impression
of the reverberation of a room than the reverberation time [10]. When the EDT is much lower than RT30,
the subjective impression of the space for music is that is dead, but more intelligible for speech [11]. The
merit factor of the EDT is related to the RT30 and depends on the use of the room. For theater, it is adequate
that the EDTmid is between 0.6 RT30mid and 0.75 RT30mid, and for concert it has to be between 0.9 RT30mid
and RT30mid[9].
The bass ratio reverberation time shows the affluence of low frequencies. The acoustic criteria are very strict
for music, as only values of BR around 1.2 are valid. While in the case of speech, BR values can be between
0.9 and 1.3.
A brilliant sound is clear and rich in harmonics. The brilliance, Br, is the response to treble frequencies. Its
value should be as high as possible, near one, and no less than 0.8 [9]. The merit factor for brilliance is
shared both for music and theater. The presence of sound-absorbent materials as carpets, draperies can
negatively affect the brilliance of a space.
The clarity, C80, is inversely correlated with RT30 in concert halls [7]. When clarity is high, the EDT will
be much lower than RT30. This effect can be easily detected in balconies and amphitheaters with a low
ceiling. For music, the clarity must stay between -2 dB and 4 dB. In the case of theater, it must be above 6
dB [9].
The definition, D50, is the relation between the energy that arrives at the listener in the first 50ms from the
arrival of the direct sound and the total amount of energy received [12]. It is directly related to the
intelligibility of speech and the reverberation time. A value of definition above 0.7 is adequate for speech.
For music, it is recommended to be less than 0.5.
The intelligibility index, STI, is determinant in theaters but not in concert halls. The STI of a theater must
be above 0.75, to be considered excellent.
The global merit factor is the arithmetic media of the summation of the merit factors obtained for each of
the objective acoustic parameters considered in the evaluation of the acoustic quality of the room.
FM Global = Σ FM/n

3.

(2)

Results
3.1. Objective parameters

The reverberation time, RT30, obtained after processing the data acquired during the field measurements
can be seen in Table 2. As it was mentioned in previous sections, the measurements were conducted both
with the curtain closed and undrawn. The reverberation time was used to adjust the simulated room.
Table 2 - Measured RT30 with closed curtain and undrawn curtain.

RT30(s)

Stage Opening

125 Hz

250 Hz

500 Hz

1 kHz

2 kHz

4 kHz

Closed

1,286

1,052

0,984

0,993

0,99

0,863

Opened

1,286

1,075

1,037

1,035

1,005

0,886

As it can be seen in Table 2 the values of RT30 for both configurations are very similar.
3.2. Validated model
Two adjusted models have been obtained, one with the proscenium curtain drawn (Figure 3) and another
with the curtain undrawn (Figure 4). The adjustment process has been done comparing the average RT30
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simulated with the average RT30 measured onsite considering JND. For the final adjusted model, the values
of the RT30 simulated have been compared for every receiver with the onsite measurements. The adjusted
model with the curtain opened has been used to perform the simulations. The materials used in the simulation
(Table 3) have been taken from literature and from laboratory tests [7], [9], [13].

RT 30

1,4
1,3

Onsite measurement with curtain
closed

1,2
1,1

Adjusted model

1
0,9
0,8
0,7
0,6
125HZ

250HZ

500HZ

1000HZ

2000HZ

4000HZ

Figure 3 - Reverberation time (RT30) of the onsite measurements with curtain closed and of the adjusted
3D model.

RT 30

1,4
1,3
1,2

Onsite measurements with curtain
opened

1,1

Adjusted model

1
0,9
0,8
0,7
0,6
125HZ

250HZ

500HZ

1000HZ

2000HZ

4000HZ

Figure 4 - Reverberation time (RT30) of the onsite measurements with curtain undrawn and of the
adjusted 3D model.
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Table 3 - Zone, materials, and absorption coefficient of the surfaces of the adjusted model.
Zone
Stage floor
Ground floor
Corridors
Balconies floors
Hollow wall
solution
Walls
Balconies
decoration
Ceiling decoration
Stage opening
Ceiling main area
Ceiling under
balconies
Balconies seats
Perimeter ceiling
Back amphitheater
ceiling
Stalls
Curtains covering
walls

125
Hz
Wooden platform with air camera
0.40
Tongue and groove wooden floorboards 0.05
Carpet
0.11
Ceramic pavement
0.01

250
Hz
0.30
0.03
0.14
0.01

500
1
2
4
Hz KHz KHz KHz
0.20 0.17 0.15 0.10
0.06 0.09 0.10 0.20
0.37 0.43 0.27 0.25
0.01 0.02 0.02 0.02

Plasterboard with air camera

0.29

0.10

0.05

Solid ceramic brick

0.025 0.026 0.06 0.085 0.043 0.05

Plaster molding

0.13

0.13

0,25

0.28

0.30

0.30

Plaster molding
Reed with paster

0.20
0.30
0.30

0.20
0.35
0.20

0.25
0.40
0.10

0.28
0.45
0.07

0.30
0.50
0.05

0.30
0.55
0.05

Plaster on slab

0.14

0.10

0.06

0.04

0.04

0.03

Medium upholstered seats
13mm plaster on 25mm studs (with
mineral wool)
Plasterboard on frame 13mm board,
100mm empty cavity
High upholstered seats

0.56

0.64

0.70

0.72

0.68

0.62

0.29

0.20

0.15

0.10

0.05

0.05

0.08

0.11

0.05

0.03

0.02

0.03

0.72

0.79

0.81

0.82

0.80

0.76

Hanging velvet separated from the wall

0.40

0.80

0.44

0.35

0.32

0.32

Materials

0.04

0.07

0.09

3.3. Merit Factor of the simulations
Using the adjusted model with undrawn curtains, we have made acoustic simulations of different cases of
occupation and use of the theater.
We have considered three cases:
- Case 1:
o Use of the space: Theater
o Occupation: only the stalls (37 % occupancy)
- Case 2:
o Use of the space: Theater
o Occupation: 100%
- Case 3:
o Use of the space: Concert
o Occupation: Orchestra on the stage and 100% of the seats of audience occupancy.
For concerts, the RT30opt max is 1.91 and the RT30opt min is 1.64. For theater the RT30opt max is 1.37 and the
RT30opt min is 0.89.
The results of the acoustic parameters of the simulations and the merit factor of each parameter can be seen
in Table 4. In table 5 the global merit factor of the three cases is shown. As said before, the calculation of
the merit factor depends on the use of the venue

Table 4 - Simulations results.
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Parameters
EDT
RT30
C80
D50
BR
Br
STI

Case
EDT mid
MF EDT
RT30 mid
MF RT30
C80
MF C80
D50
MF D50
BR
MF BR
Br
MF Br
STI
MF STI

1
0.795
0.967
1.015
0.989
6.350
1.000
0.670
1.000
1.118
1.000
0.911
1.000
0.670
0.817

2
0.78
0.966
0.995
0.949
6.550
1.000
0.675
1.000
1.116
1.000
0.899
1.000
0.670
0.817

3
0.635
0.558
0.935
0.000
8.100
0.304
0.750
0.700
1.144
1.000
0.904
1.000
0.710
0.906

Table 5 – Global merit factor of the simulations for theater configuration (1 and 2) and concert (3).

MF GLOBAL

4.

1
0.968

2
0.962

3
0.638

Conclusions

The adjusted model of the theater was obtained by taking the onsite reverberation time measurements as a
reference. The adjusted values of the RT30 are within the 5% established by the JND. The adjustments were
done using the RSM.
The RT30mid results obtained in simulations 1 and 2 are within the values of the RT30opt.max and the RT30opt.min
for theater use. Meanwhile, the RT30mid obtained in simulation 3, is out of the range of the RT30opt.max and the
RT30opt.min for concert use. That means that the configuration of the space is not adequate for music.
In general, the room has a low RT30mid, which is adequate for speech but not for music. This can be appreciated
since the Merit Factor of the RT30mid in the third case is 0.
The EDTmid and RT30mid values of the space configured as a theater (case 1 and 2) are quite similar, although
the occupancy differs significantly. That means that the diffusion is very homogeneous (it can be verified with
the D50 values). This is coherent with the presence of diffusor elements, such as the decorated curved balconies,
the plaster decoration on the ceiling and the stage opening, and the curved joints between the ceiling and walls.
On the contrary, in case 3, where the stage is occupied by an orchestra, the merit factor of EDTmid and RT30mid,
are very low or zero. That shows that the theater is not adequate for concerts with the present configuration.
The merit factor of clarity is very high in the case 1 and 2, but very low in the case 3.
The definition, D50, has values around 0.70, which are very good for speech but bad for music, since it is above
0,5. That is reflected in the merit factor of the definition in each case, value 1 for cases 1 and 2, meaning the
D50 value is adequate, and penalizing the value of D50 in the third case.0
The merit factor of bass ratio and brilliance is 1 in every case. The theater presents an excellent performance
at low and high frequencies.
The STI merit factor indicates a good behavior in the room for speech.
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The presence of a virtual audience in the space or the stage does not appreciably change the RT30 values.
While the results are correct for theater use, similar ones are very undesirable for concerts. Based on the
simulation results, it can be said that, in general, the venue is ideal for theater, not for music. For concerts, the
positioning of an acoustic shell would improve the performance of the room. Also, the curtains that cover the
perimeter of the balconies on the ground floor and the first floor could be removed, which will improve the
presence of treble frequencies.
To complete the survey, an on-site acoustic measurement with an audience would be desirable, to test the
theatre in the standard use conditions. Also, an onsite measurement without scenography would be interesting
to evaluate the fly tower contribution to the acoustic parameters. Furthermore, a comparative analysis with
other concert halls and theatre spaces of the city should be relevant.
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Abstract
The challenge in creating computational models for room acoustical auralizations lies in maintaining perceptual
credibility while keeping computational demand within bounds. Wave-based solvers can accurately describe
all wave phenomena but do so at an increasing computational cost for increasing frequencies. In this work, a
hybrid approach that combines the following parts is presented. Firstly, a time-domain wave-based method is
used for the low frequency range where the mesh can be coarse, at a limited computational demand. Secondly,
an image source model is combined with a diffusion equation model for the high frequency range. Here the
image source model is used to calculate the early specular part of the impulse response, and the diffusion
equation model is used to describe the late diffuse part of the impulse response. This paper elaborates on
the details of this approach and its application to produce room impulse responses. A comparison between
room impulse responses created with this approach and those created with a reference wave-based solver for a
benchmark room is given.
Keywords: room acoustics, auralization, hybrid model, image source model

1

Introduction

Nowadays more and more aspects of a building can be experienced before its realisation with the help of
virtual reality. Where traditionally in the design phase, a building was solely described using two-dimensional
drawings, nowadays virtual reality makes it possible for project stake-holders to walk through a fully-fledged
digital copy of a building. Though there has been a lot of advancement in the visual representation of buildings
during the design phase, the acoustical representation somewhat lingers as it is still mainly conveyed in terms of
room acoustical parameter values displayed on floor plans using coloured grids, or plainly as numerical values
in tables. Auralization being the acoustical equivalent of visualization can provide an acoustic experience
embedded in a 3D VR environment. Current limitations regarding the application of auralization for VR
environments are mainly related to the trade-off between computational demand and accuracy. Providentially,
for applications in the built environment, a state-of-the-art low latency real-time auralization engine is not
essential, but it remains crucial that the acoustical performance of a room’s design can be simulated and
conveyed to stake-holders within a limited time frame while preserving accuracy.
Room acoustic prediction methods are based on numerical, statistical or geometrical descriptions of physical
phenomena, with geometrical methods being most commonly used. Geometric acoustical methods are
generally quick but assume sound to behave as rays, and diffraction effects are commonly not considered which
for instance causes non-physical acoustical shadowing effects, and diffraction based scattering. Wave-based
approaches can be used to solve all relevant wave-behaviour (reflection, diffraction and interference) with high
accuracy, but the size and geometrical complexity of rooms commonly encountered in the built environment
limits their application to the low-frequency range where a coarser mesh with a limited computational demand
suffices. Statistical methods are generally fast, but assume a diffuse sound field and do not take the distinct
1
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characteristics of early reflections into account. Hybrid room acoustical models that combine different room
acoustical modelling techniques while playing in to their individual strengths and weaknesses can provide a
solution.
In this research three different room acoustical modelling techniques with distinct strengths and weaknesses
are combined into such a hybrid. Firstly, the time domain discontinuous Galerkin (DG) wave-based method
is used to calculate the low frequency range. And secondly, a combination of the image source model (ISM)
and an acoustic diffusion equation (DE) model is used to represent the respectively specular and non-specular
contribution to the sound field for the high frequency range. In section 2, this hybrid model is introduced
followed by a brief introduction on the three used modelling approaches. Section 4 presents the results
and discussion of room impulse responses generated with the hybrid model compared to a fully wave-based
simulation for two different acoustical lay-outs of a room. Lastly, conclusions will be given in section 5.

2

Method

Figure 1 shows an overview of the hybrid model, the part demarcated by the black dotted rectangle is designated
to generating the non-specular part of the high frequency impulse response, the part demarcated by the red
dotted rectangle is designated to generating the specular part of the high frequency impulse response which
is solved by the ISM, and the part demarcated by the blue dotted rectangle is designated to generating the
low-frequency impulse response which is solved using the DG method. In the black rectangle we generate
build-up envelopes per octave band using an analytical formula which will be called non-specular envelope
(NSE) formula from now on, and envelopes per octave band generated with the DE model. The build-up
envelope, and the DE envelope are used for before and after the transition point tc respectively. the build-up
envelope is scaled to match the DE envelope at tc , and these envelopes are concatenated. Then a two-term
exponential fitting is applied to create an analytical non-specular envelope from these concatenated envelopes.
Random noise (RN) is generated, and filtered by octave band pass filters (BPF), this random noise is shaped
by the non-specular envelopes per band. These bands are then summed to create a broad-band non-specular
impulse response. Subsequently this non-specular impulse response is added to the specular impulse response
to create the impulse response for the high frequency part of the model. This high frequency impulse response
is highpass filtered at the cross-over frequency fc , and will be added to the wave-based impulse response which
is low-passed at fc to create the full hybrid impulse response. The different parts of the model depicted in this
block diagram will be further elaborated on in section 2.1.

2

605

fit two-term

NSE

exponential
t < tc

+

aebx + cedx

DE
t > tc
sum
bands

RN

BPF

×

Σ

+

ISM
t < tc

HPF
f > fc

DG

+

hybrid
IR

LPF
f < fc

Figure 1. Block-diagram of DG / (ISM + DE) hybrid model

...

high frequency part (non-specular)

...

high frequency part (specular)

...

low-frequency part

NSE

non-specular envelope formula < tc (per octave band)

DE

diffusion equation model > tc (per octave band)

RN

random noise generator (uniform distribution)

ISM

image source model (< tc )

DG

time domain discontiuous galerkin method

BPF

band-pass filter

LPF

low-pass filter

HPF
tc

high-pass filter
transition time

fc

cross-over frequency
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2.1. Hybrid model
With the ISM and the DE model we have a way to describe two extreme types of sound fields, namely a specular
and a diffuse sound field. Since the sound field in a room transitions gradually from a specular (early reflections)
to a diffuse sound-field (reverberation tail), we need a component to describe the non-specular contribution to
the sound field during this transition. This transition process can be described using the analogy of a single
sound wave that progressively relinquishes its specular energy to the non-specularly reflected sound field due
to its successive interactions (orders) with boundary surfaces (see Figure 2) (4). If a room is compact in shape
and with its materials homogeneously distributed, we can apply this analogy to help shaping a gradual transition
from a specular to a diffuse sound field, since all occurring sequences of reflections can be assumed to behave
in a similar manner, and we can assume two subsequent reflections to be separated by one mean free path length
r̄. We can then relate the reflection order n to time t via the relation with the speed of sound c,

Fraction of total sound energy

r̄
t =n· .
c

(1)

1
specular
non-specular
nc for Q=0.10

0.8
0.6
0.4
0.2
0

0

5

10

15

20

Reflection order

Figure 2. Conversion of specularly reflected sound energy to non-specularly reflected sound energy (when absorption
coefficient ᾱ = 0.2 and scattering coefficient s̄ = 0.2)

In this case the specularly (W s ) and non-specularly (Wns ) reflected fraction of the sound energy are described
in terms of the reflection order n using the average scattering s̄ and average absorption ᾱ coefficients of the
boundary surfaces as,
W s (n) = ((1 − s̄) · (1 − ᾱ))n ,

(2)

Wns (n) = (1 − (1 − s̄)n ) · (1 − ᾱ)n ,

(3)

where ᾱ and s̄ are determined as,
Pn
i=1 Ai · αi
ᾱ = P
,
n
i=1 Ai
Pn
i=1 Ai · si
,
s̄ = P
n
i=1 Ai

(4)

(5)

where Ai is the surface area of the material, αi is the random-incidence absorption coefficient of the material,
and si is the random-incidence scattering coefficient of the material.

4
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The ratio between the specular and non-specular sound field energy can be described as,
Q(n) =

(1 − s̄)n
,
1 − (1 − s̄)n

(6)

which is only dependent on s̄. By solving equation (6) for n we obtain the reflection order at which a given
specular to non-specular ratio Q,
 Q 
ln Q+1
n(Q) =
.
(7)
ln (1 − s̄)
This order is shown as nc in Fig. 2 for a Q of 0.10.
Connecting the non-specular build-up envelope to the DE envelope
From the DE model we acquire an energy vs. time envelope per frequency band. The time tc at which a low
enough Q-value is reached, or in other words at which the sound field in the room is diffuse enough to be
described by the DE model can be approximated from the order n and the mean free path length r̄ via equation
(1). The non-specular contribution up until tc is described using equation (3), since this equation only gives us
an approximation of which part of the sound field is non-specularly reflecting at a given instance, we use the
value of the DE envelope at tc , and scale the value of the build-up envelope to match that value. Subsequently
the beginning of the DE envelope and the end of the build-up envelope are truncated at tc , after which they are
concatenated together.
Fitting a two-term exponential to the combined envelopes
To address a possible discontinuity at the point where the analytical envelope and DE envelope are connected
(denoted with × in Fig. 3), a continuous envelope is generated using a two-term exponential fitting,
y(x) = a1 · ea2 ·x + a3 · ea4 ·x ,

(8)

with MATLAB’s curve fitting toolbox. Note that in Fig. 3 we see the square root of the energy envelope, this is
because it will later on be combined with the ISM which is a pressure-based model.
0.012
Build up envelope (t<tc )

0.01

DE envelope (t>tc )
Fitted envelope

p (Pa)

0.008
0.006
0.004

tc

0.002
0

0

0.2

0.4

0.6

0.8

1

time (s)

Figure 3. Fitting exponential function to combined build-up and DE envelopes example

From this fitting we acquire a fully analytical non-specular envelope (equation (3)), of which the coefficients
(a1 , a2 , a3 , a4 ) are determined partly by the shape of the build-up envelope and partly by the shape of the DE
envelope. Note that equation (3) can also be written as a two-term exponential of base e as,
Wns (n) = eln (1−ᾱ)n − eln ((1−ᾱ)(1− s̄))n .
5

(9)
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Then Wns is described as a function of time using n = t · c/r̄, this results in,
Wns (t) = eln (1−ᾱ)(c/r̄)t − eln ((1−ᾱ)(1− s̄))(c/r̄)t .

(10)

A set of initial values (a1i , a2i , a3i , a4i ) for the fitting algorithm are obtained from this description of
the build-up envelope described by equation (10) as a1i = Qns , a2i = ln (1 − ᾱ)(c/r̄), a3i = −Qns , and
a4i = ln ((1 − ᾱ)(1 − s̄))(c/r̄). Note that Qns is the scaling factor to make the amplitude of the analytical
envelope match that of the DE envelope at tc .
Non-specular part of sound field as a random process
A sound field is diffuse when all directions of sound propagation have equal probability of occurring and
consequently contribute equal sound energy (4). This type of sound field can be represented using a random
process with a uniform probability density function (6) (see equation 11). For a uniformly distributed noise
signal the probability density function is
 1


 b − a for a <= x <= b,
f (x) = 
(11)

0
for x < a or x > b.
We want
√ a noise signal on the range [−1, 1] so we take a = −1 and b = 1. This signal has a standard deviation
σ = 1/3, and a mean µ = 0.
Band filtering
In the non-specular high frequency part of the model Butterworth filters are used to band-pass filter white noise
into octave bands. A Butterworth filter is also used to low-pass filter the low-frequency part of the hybrid
impulse response and to high pass filter the high-frequency part of the hybrid impulse response. The magnitude
of these filters at their cut-off frequencies should lie at 1/2 which is the case for a pass-band gain adjustment
factor () of 1,
p
 = 10−0.1·a pass − 1.
(12)
The Butterworth filter’s magnitude response (low-pass) (8) is described by,
1
.
|H| = p
1 +  2 · (ω/ω0 )2·n

(13)

The Butterworth filter is described in terms of its pass-band attenuation (a pass ), pass-band frequency (ω pass ),
its stop-band attenuation (a stop ), and stop-band frequency (ω stop ). From these design parameters the minimum
filter order is determined using
 −a pass /10 
−1
log10 10
10−a stop /10 −1

 .
nfilter =
(14)
ω
2 · log10 ωpass
stop
For the Butterworth filters a pass-band attenuation of 3.02 dB was used and a stopband attenuation of 80 dB.
This minimum filter order together with the desired passband frequencies (ω passL ,ω passH ) are used as the input
to MATLAB’s designfilt function to establish infinite impulse response Butterworth band-passfilter’s. These
filters are used to filter the random noise in the non-specular part of the hybrid.
Infinite impulse response filters have non-linear phase but since we are able to filter off-line MATLAB’s zero
phase filtfilt function could be used. Note that while applying the filter it is necessary to padd the signal with a
sufficient amount of zeros ν (2),
ν = d(3/2) · n f ilter · f s/ fLmin e.
(15)
It is evident from this formula that the amount of zeros needed for the padding increase with filter order n f ilter ,
and with an increasing sampling frequency to pass-band frequency ratio, hence the lowest frequency band’s
lower frequency limit ( fLmin ) is normative when it comes to determining the padding. Half of the required zeros
are padded in front of the signal and half after the signal.
6
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2.2. Wave-based solver Time-domain Discontinuous Galerkin Method (TD-DG)
TD-DG is a time domain wave-based simulation method which solves linear acoustic equations by discretizing
the simulation domain into finite elements. It uses an unstructured mesh which allows for local refinements
making it possible to accurately simulate complex geometries without having to approximate shapes. The
method solves the governing equations element-wise which makes it computationally expensive for serial
processing, but this element-wise computation lends itself well to parallel processing (9). The TD-DG
model works with locally reacting impedance boundary conditions. These boundary conditions can use the
impedance-values calculated with the impedance models described in section 3. The simulated source is a
Gaussian pulse as described in Ref. (10). The spectral characteristics of this pulse are also present in the
simulated impulse responses. To remove these characteristics an analytical inverse filter was used.
2.3. Image source model
The image source method is a deterministic algorithm that can be applied to construct a room impulse
response from all possible specular reflection paths between transducer positions (source position(s) and
receiver position(s)) in a room. The image source method can be applied in the time domain (1) but also in
the frequency domain (5). The advantage of a frequency domain application over a time domain application
is that in a frequency domain application the phase delays are not limited to integer multiples of the sampling
period (5). The model developed in this study is a frequency domain model that works for rooms that are
geometrically speaking a convex polyhedron, where it is made possible to define polygons with different
boundary conditions on its bounding surfaces.
We will commence from the point where a set of valid image sources is defined. The contribution of an image
source k to the total sound field can be described using a set of phasors Xk , which is defined as
Xk (ω) = Ak (ω) · eiφk (ω) .

(16)

Xk consists of an attenuation factor Ak and a frequency dependent shift in phase eiφk . Ak depends on the
directivity factors at the source Q sk and at the receiver Qrk for their given angles of incidence (which are
angle-independent in the case of omni-directional transducers), the total reflection coefficient Rtotk , the part
relinquished to the non-specular field due to scattering S totk , and the attenuation due to the total reflection path
length rk or similarly the distance between an image source and the receiver.
Ak (ω) =

Q sk · Qrk · Rtotk · S totk
4π · rk

(17)

The reflection coefficient for an interaction with a bounding surface depends on the frequency dependent
specific impedance of the material of that surface ζ and the angle of incidence to the normal of that surface
θ.
ζ · cos θ − 1
(18)
R=
ζ · cos θ + 1
The total reflection coefficient of an image source contribution can than be calculated as
Rtotk =

n
Y

Ri ,

(19)

i=1

where n is the number of wall interactions for a given image source. Ri is the i-th encountered wall reflection
coefficient.
The frequency dependent scattering coefficient s is defined as the part of the sound that is reflected in a nonspecular direction upon wall interaction, this results in a reduction of the specular field of S .
S = (1 − s)
7

(20)
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The total reduction due to scattering of an image source contribution can than be calculated as
S totk =

n
Y

S i.

(21)

i=1

With the time delay t0k corresponding to the image source receiver distance rk for a given image source k
(tok = rck ), the corresponding phase φ for a given frequency l can be calculated as follows,
φk (ω) = ω · t0k .

(22)

The room’s transfer function H(ω) is constructed by summing all the image source contributions per frequency,
H(ω) =

N
X

Xk (ω).

(23)

k=1

Subsequently the room’s impulse response can be obtained by applying an inverse Fourier transform to the
room’s transfer function,
(24)
h(t) = F −1 {H(ω)}.
2.4. Acoustic diffusion equation model
The acoustic DE model describes sound propagation as a diffusion process. It is strongly dependent on the
so-called diffusion coefficient which determines the rate at which sound diffuses within a room. This diffusion
coefficient is a function of the speed of sound, and the mean free path length. The DE model holds for nearlyisotropic fields only, i.e. a highly diffuse sound field (4). It was originally proposed by Ollendorf (7) as a
method to predict the diffuse sound field in rooms because it is more general than Sabine theory in a sense that
it allows for local variations of the energy density.

3

The benchmark cases

3.1. Room layout
Two scenarios mimicking common acoustical conditions of office spaces where created by retrofitting a
reverberation chamber with acoustical panels, carpet tiles, and office furniture. The empty room has an
internal volume of 89 m3 and a ceiling height of 3.3 m. For the first scenario the room underwent a more
substantial acoustical treatment than for the second scenario. The first scenario is also equipped with more
office furnishing. Figures 4a and 4b show the geometrical models of scenario I and II respectively that were
used to generate the mesh with Gmsh for the DG wave-based solver. Since the ISM was designed only for
simulating convex rooms with polygons on the bounding surfaces, the models used for the high frequency part
(ISM and DE) of the hybrid were simplified by excluding the furniture, the recessions in the wall (East), the
door (South), and the window rebates (East) from the model, see Figs. 4c and 4d.
3.2. Transducer positioning
Figure 5 shows the source and receiver positions used for the simulation. The source is located at [x =
3.01 m, y = 2.64 m, z = 1.62 m] and the receiver is located at [x = 4.26 m, y = 1.76 m, z = 1.62 m] with
the origin at the × in the left bottom corner of the room. The transducer positioning was kept equal for both
scenarios.
3.3. Boundary conditions
Boundary conditions for the ISM and the TD-DG model
Impedance models were used to characterise the acoustical treatments in the room (panels and carpets),
parameter values for these models were taken from a reference study (3). For the ISM these impedance
8
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(a)

(b)

(c)

(d)

Figure 4. 3D models for: (a) Scenario I DG, (b) Scenario II DG, (c) Scenario I ISM & DE, (d) Scenario II ISM & DE

models could be used as such, while for the TD-DG model these impedance values were cast into time domain
boundary conditions (9). The reflective characteristics of the walls, door, and window where modelled as
frequency independent and real-valued (R = 0.996).
Boundary conditions for the diffusion equation model
The DE model does not work with complex-valued angle dependent reflection coefficients but uses the realvalued random incidence absorption coefficient. The random incidence absorption αuni is calculated from the
complex valued impedances using the Paris formula (4). Furthermore the ISM has a fine frequency resolution
(e.g. ∆ f = 0.5Hz), while the DE model needs to run separate instances of the simulation for each set of
absorption coefficients αuni assigned to the materials for a given frequency, hence using a high frequency
resolution is not practical, so instead an octave band resolution is used. Figure 6 shows the random incidence
absorption coefficients, and the octave resolution averaged random incidence absorption coefficients ᾱuni for
the panel (Fig. 6a) and the carpet (Fig. 6b).
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(a)

(b)

1

1

0.8

0.8

0.6

0.6

(-)

(-)

Figure 5. Source and receiver positions for scenario I (a) and scenario II (b)
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Figure 6. αuni , and ᾱuni values for acoustic panels (6a) and carpet (6b)

Scattering coefficients
Since the scattering coefficient is used to describe the effects of scattering due to diffraction effects as well
as surface roughness it proofed difficult to come up with well substantiated method for determining these
scattering coefficients. The used scattering coefficients are shown in Table 1, the same scattering coefficients
were applied to all materials in the ISM. Scenario I was given higher scattering coefficients than scenario II
since it has significantly more furniture, and also more acoustical treatments.
Table 1. Averaged scattering coefficients ( s̄) for scenario I and scenario II

Frequency (Hz)

125

250

500

1000

2000

s̄ (scenario I)

0.15

0.25

0.50

0.53

0.55

s̄ (scenario II)

0.12

0.15

0.25

0.33

0.35

10
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4

Results and discussion

Table 2 and 3 show a comparison of the reverberation times T 20 -values obtained for the benchmark cases
(scenario I and II) using the reference wave-based solver (DG), the separate DE model, the hybrid model
(ISM+DE) and the full hybrid model (ISM+DE+DG). The T 20 -values were obtained using the integrated
impulse response method as described in the ISO 3382 standard.
Table 2. T 20 comparison DG, DE, IS+DE, and full hybrid (FH) scenario I

Frequency (Hz)

125

250

500

1000

2000

T 20 (s) DG

3.4

1.2

0.6

0.6

0.6

T 20 (s) DE

2.8

1.2

0.6

0.5

0.5

T 20 (s) IS+DE

3.1

1.3

0.7

0.4

0.5

T 20 (s) FH

3.4

1.3

0.7

0.4

0.5

Table 3. T 20 comparison DG, DE, IS+DE, and full hybrid (FH) scenario II

Freqeuncy (Hz)

125

250

500

1000

2000

T 20 (s) DG

4.2

2.3

1.1

0.9

0.9

T 20 (s) DE

3.8

2.4

1.2

0.9

0.9

T 20 (s) IS+DE

4.2

2.3

1.2

0.8

0.9

T 20 (s) FH

4.2

2.3

1.2

0.8

0.9

The low-frequency agreement in the T 20 -values between DG and the ISM+DE-part of the model is better
than the agreement between DG and the DE-part of the model for both scenarios. This improvement can be
attributed to the fact that the ISM part of the hybrid model incorporates the distinct specular reflections and
interference effects in the early part of the impulse response, while the DE model alone merely provides a
decay envelope for a diffuse sound field.
The IS+DE model still shows a deviation from the DG model in the 125 Hz band for scenario I. This is
possibly due to diffraction effects, these effects are not modelled in the ISM+DE part of the model and scenario
I has a significant amount of furnishing that causes diffraction effects in the lower frequency range. This means
that it would be beneficial to model diffraction for that frequency range in this case. This problem is addressed
in the full hybrid (FH) since here the lower frequency range < fc is simulated with the wave-based solver and
so diffraction is incorporated. Lower average scattering coefficients s̄ at a given frequency band make that the
ISM part of the impulse response becomes more dominant while higher average scattering coefficients mean
that the DE + non-specular part of the impulse response becomes more dominant.
Scattering is a result of diffraction or reflection. In addition, scattering also happens at different scale levels,
i.e. the interior of the room (which is not modelled with the ISM+DE method) causes scattering at a larger
scale, while the surface textures cause scattering at a smaller scale. So the effect of scattering at both scales is
to be accommodated in the averaged scattering coefficient s̄. The difficulty lies in finding appropriate scattering
coefficients for a given room acoustical scenario.
Furthermore the build-up envelope describing the non-specular part of the sound field (< tc ) depends on the
averaged absorption and scattering coefficients. tc from which onwards the DE model is used to describe the
non-specular contribution to the sound field depends on averaged scattering coefficients. The use of these
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Examples of constraint-based specification
of room acoustic parameters
Andor T. Fürjes 1
1

Head of acoustic development, Animative Ltd., Budapest, Hungary

Abstract
The paper provides an overview of the concept of room acoustics specifications, where a set of mathematical,
physical or other constraints results in ranges and relationships of room acoustic parameters. In its simplest
forms, this approach is known and used widely. Using new types of constraints is useful to reveal priority and
relationships among room acoustic parameters and also to avoid unfeasible sets of requirements. From
geometrical and statistical considerations to simple modelling approach are presented and compared.
Keywords: room acoustics, specification, room size, natural frequency, diffusion.

1

Introduction

In engineering practice, quality is always measured by some kind of technical parameters and there are usually
limits assigned to those parameters, in order to help decisions or just to distinguish “bad”, “hazardous”, “risky”
of “preferred” situations. In room acoustics the most basic relation is known since the studies by Sabine: in
order to shorten the decay apparent after stopping the sound, one must add more absorption to the room,
because ~ ⁄ , where is the volume of the room, is the absorbing power and is the length of the decay
with respect to the 1:106 change in power. While this relation might seem historical, it is used directly or
indirectly as the basis of the most basic considerations or standards.
Since I learned into engineering room acoustics, I found different forms of rules to follow during the design,
but rarely found well-founded explanations to them. For example, when I was involved to create the new
Hungarian standard of room acoustic specifications, I was asked to create some guidelines that would help the
reader to keep the design in favour of better acoustic. Such guidelines are based on some kind of constraints.
There I chose simply to set constraints based on the timing of the first lateral reflections and did end up in a
reasonable guideline for classroom sizing.
This paper revisits some of the known constraint-based guidelines and explores new ways of finding reasonable
specifications.

2

Classroom Sizing

One of the most important items in the discussion of the aforementioned national room acoustic standard was
the case of classrooms. Besides the debate on reverberation time requirements, a set of other suggestions were
also included to support sizing of classrooms.

1
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An important observation was, that teachers are not sticked to a position and aiming, but they walk around and
turn around, and therefore their directivity and position shall not be considered. In any case it is important to
direct early energies to the students. If not directly, then by reflections. Other studies have agreed, that the first
50 ms is generally acceptable as an early-late limit in energy ratios the express the effect of room acoustics on
speech intelligibility and clarity [1]. In addition, the 35 ms early-late limit is suggested for cases where clarity
is even more important (e.g. foreign language study, children with hearing difficulties).
If we set a constraint, that from any position there shall be reflections within the first 50 ms or 35 ms, sizes of
the classroom can be given a guideline. Reverberation time control is usually started at the ceiling and hearing
is more sensitive to lateral reflection, so reflections from the ceiling are not considered. Also, reflections from
the floor or desks can be excluded, because they are highly position dependent and also depend on occupancy
and other mobile objects.
Figure 1 shows the result of the constraint to keep the number of lateral early reflection high (taking 8
reflections to be the “best”) and was included in the standard. Interestingly the results agree well with some
usual other conventions (maximum floor area, maximum length, usual number of desks/children etc.). An
important message of this figure is also, that to keep listeners engaged, get them closer, i.e. their number low.
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Figure 1 – Classroom sizing chart, based on minimum required number of early lateral reflections.
(left: source S is in the corner, right: source S is in front center, both: receivers R within 1m of walls)

3

Concert Hall Sizing

Setting criteria for concert hall dimensions is supported by previous works. A ratio given to support shoeboxshaped concert hall design is for example:
> 0.7 and
where

is the height,

is the width and

< 2.0

(1)

is the length of the hall.

To see this working, let us assume a set of constraints (e.g. [2]):
2
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- the width of the room shall be within: 15
- number of listener seats: 800 ≤
≤ ⁄

- volume of hall: 10

≤ 2200

≤

≤ 25

≤ 14

≤ 40

- maximum distance to stage (we assume it to be the center of the stage):
and some usual architectural constraints:
⁄

- required floor area of audience (assuming a 0.6×0.9 m:
- stage area:

&:

= 1: 2 and

&

≥ 50

!

= 0.54

!⁄

"#$%

.

- width of corridor around audience area: 2.0 m
)*+

- maximum number of seats in a row:

≤ 15 "#$%"

From basic geometric calculations the number of seats, then volume and height can be calculated. Assuming
mean absorptions (NRC) of walls 0.10 and unoccupied audience area 0.50, statistical reverberation times
(Eyring) can be calculated and other room acoustic parameters (G, LF80, C80) can be approximated. Figure 2
shows the generalized floor plan scheme and the result for reverberation time, G using and LF80 using
approximations found in [3] and [4] respectively.
Reverberation time (s, T60,Eyring )

floor plan scheme
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Figure 2 – Concert Hall sizing chart, based on constraints including floor plan scheme
and statistical room acoustic approximations. Shadowed area denotes a 36×19 m floor area as an example.
If we set the volume constant V = 16000 m3 as a constraint and draw reverberation time as a function of length
and height, omit the maximum number of seats/row, the purpose of (1) seems to reveal (see Figure 3) as to
keep the reverberation time at a maximum.
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Reverberation times vs. sizes (unoccupied status)
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Reverberation times vs. sizes (occupied status)
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Figure 3 – Concert Hall sizing chart for reverberation time, using constraints: V = 16000 m3, Nrow not
limited, NRC of walls is 0.15, NRC of seats is 0.50 (unoccupied) or 0.80 (occupied), 0.50 m2/seat.

4

Room Sizing for Low Frequency Transmission in a Rectangular Room

Low frequency behaviour of a room is assumed to be well controlled, if room modes are distributed evenly in
the musically important low frequency region of 20-200 Hz. Suggestions to preferred ratios of length, width
and height are therefore based on evaluation of distribution of natural frequencies.
Natural frequencies of rectangular spaces can be listed using equation
-

2

!

-0 !

-

,-. ,-0 ,-1 = ! 34 . 5 + 4 5 + 4 1 5

!

(2)

where 7 is the speed of sound, 89 , 9: , 9; < are any combination of natural numbers if 9 + 9: +9; ≥ 1.
If the quality of the room is expressed as the mean square of distance of adjacent natural frequencies (based
on [5]), one may get a contour, where also well-known preferred or risky ratios outline. Figure 3 also denotes
preferred area of ratios suggested by [5]:
=.=∙

≤

<3∙ ,

≤

?.@∙

−4

(3a)

< 3∙ .

(3b)

4

618

Figure 4 – Contour plot of quality of distribution of natural frequencies. White dot denote golden ratios,
white line denotes are suggested by inequalities (3a) and (3b).
Despite the benefit to avoid some mistakes, Figure 4 shows that these inequations do not guarantee a flawless
distribution of modes.
The topic is well summarized in [6] and introduces another type of quality descriptor called frequency space
index (FSI), which is the normalized relative variance of the distance between adjacent low frequency modes.
An interesting conclusion was, that the quality does depend more on W/L than W/H.
The question is therefore: do these conclusions change if instead of the distribution of eigenmodes, actual
responses within a limited region the room are qualified and compared? The change of view is practical,
because both instruments (sources) and listeners are using only the 1 ≤ C ≤ − 1, 1 ≤ D ≤ − 1 and
1 ≤ E ≤ 2 region, not the whole volume.
Responses in a rectangular enclosure can be calculated using the mirror image source method. A systematic
series of calculations were run with the following settings in order to see any conclusions:
- geometry is definite (no uncertainties), reflections are purely specular,
- absorption is 0.10 on every surface,
- volume is 200 m3,
5

619

- number of possible sources is 10, number of receivers is 25 (overall 250 responses for each dimensional
variation, repeated once to have a total of 500 different random source-receiver position for each L, W and
H),
- the source is a 0 dBSPL@1 m omnidirectional source,
- mirror sources up to at least 20 times the diagonal of the room were collected.
Responses were calculated upon the complex summation of coherent image sources at frequencies stepped by
1/12th octave resolution from 20 Hz to 200 Hz.
Quality of each response can be expressed based on mean absolute deviation from the mean response (Q1),
the standard deviation of the response (Q2) or the difference of maximum and minimum response (Q3). Lower
values denote preferred situations for all quality indicators. A single response and a set of responses for a single
source position is shown in Figure 5.

max
std
mean

min
20

50

100

200

20

50

100

200

Figure 5 – Calculated responses of a shoebox MISM model, top: single source/receiver and descriptors of
response ‘quality’, bottom: responses from 1 source to 25 receivers, monochromatic at 1/12th octave
frequencies between 20 Hz and 200 Hz.
Using the assumptions, results of quality descriptors Q1, Q2 and Q3 are shown in Figure 6. It seems, that
characteristic contours of Q1, Q2 and Q3 are similar, but Q3 shows differences more clearly. A combined
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qualifier Q* is the average of each normalized qualifier Q1*, Q2* and Q3*, where normalization means to
scale results between 0 and 1, so that Q3* has also values between 0 and 1.

Figure 6 – Contours of low frequency response qualifiers Q1, Q2 and Q3 for different proportions of a V =
200 m3 reverberant (α = 0.1) room. Color axis is in dB (except for right bottom). Results from 1125 different
ratios and 500 random source receiver responses each. Bottom right: average of normalized qualifiers, color
axis limited to 0.5 to reveal a better view on minimums.

Figure 7 – Enhanced view from Figure 6, showing some preferred ratios from past works (see [6]).
White dashed outlined areas denote preferred ratios for this qualifier.
7
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Due to discrepancies from other works, effects of changes of constraints shall be tested in order to make general
conclusions on preferred ratios of room sizes.

5

Minimum Required Diffusion

It would be highly important, but to the best of the author’s knowledge, there is no objective measure available
that could describe overall diffusity of a room, which could be used similarly to absorption power.
In theory, however it is quite simple to derive a requirement.
If we accept the fact, that the energy decay can be approximated by the function (Eyring)
FG*G

N∙O

= FI ∙ J1 − KL M P̅

H,G

(4)

where % is time, 7 is the speed of sound, KL is the average absorption coefficient and R ̅ = 4 ⁄ is the mean free
path between reflections. The purely specular part is then
N∙O

F&ST2,G = FI ∙ UJ1 − "MJ1 − KL MV P

(5)

where " is the average scattering coefficient of the room.
We may assume, that once a part of the specular incident energy is scattered, it will stay scattered, and that the
total energy is the sum of the purely specular and the non-specular (or scattered) energies at any moment:
F&ST2,G + F&2

G,G

= FG*G

H,G

(6)

The diffuse and specular parts are equal when
F&ST2,G = FG*G

H,G ⁄2

(7)

which yields
%WX =

?H-!
2

Y

∙ ZW∙H-J=Z[M

(8)

where %WX is the time, where purely specular and non-specular energies are in balance.
This expression is very similar to the Eyring formula:
\:)]-^

=

!?H-=I
2

Y

ZW∙H-J=Z_
`M

so (8) and (9) can be combined:
The time limit of specular-to-diffuse balance is then
%WX =
or

a∙H-J=Z_
`M
!?H-=I
Gcd
a

?H-!

H-J=Z&M

a H-J=Z_
`M

≈ !I H-J=Z[M

= H-J=Z_
`M

≈ !I H-J=Z[M

(9)

(10)

(11)

Using (11) one may set a constraint to measure a stable reverberation time, meaning that from the -5 dB point
on (approx. 32% energy left in the decay) the energy decay curve the non-specular part shall be dominant. This
constraint means, that %WX < ⁄12, or from (11):
Gcd
a

=

< =!

→

=

=!

`M
= H-J=Z_

> !I H-J=Z[M

→

"Z@fg ≥ 1 − J1 − KL MI.h

(12a)
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Similarly, if the requirement is to have more scattered energy from the -10 dB point on (approx. 10% energy
left in the decay), the necessary average scattering coefficient is:
"Z=Ifg ≥ 1 − J1 − KL MI.

(12b)

These results (see Figure 8) suggest, that if the diffuse ratio is at least 0.10, then formulas based on diffuse
field theory shall be surely valid up to 0.15 mean absorption coefficient, and most probably valid up to 0.15
mean absorption coefficient.
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Figure 8 – Required minimum average scattering coefficient to ensure more scattered energy than specular
energy from the -5 dB or -10 dB of the decay as the function of the average absorption coefficient.

6

Conclusions

Room acoustic specification is partially based on experience, but to make knowledge-based decisions, it is
important to rely on simple guidelines too, that are consequences of physical, geometrical or other types of
constraints.
The paper gave an overview of some of the aspects that are concluded from such constraints, mainly aiming
to support sizing of rooms for clarity (classroom) or higher reverberation times (concert halls) or for a smoother
low frequency response.
A simple assumption could also lead to explain, why more scattering is required along with higher absorption,
if statistical formulas are expected to be valid.
Hopefully similarly practical guidelines can be constructed from simple constraints in order to make the room
acoustic design an engineering art.
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averaged coefficient strictly only makes sense when all specular sounds paths in the room have a comparable
sequence of interactions with their bounding surfaces, in terms of the amount of interactions per time frame
and in terms of the scattering and absorption properties they encounter with each interaction. This means that
for instance the room shouldn’t be very elongated since then the reflection density of sound paths in the long
direction will deviate significantly from the reflection density of sound paths in the short direction. Also the
material distribution should be relatively homogeneous.

5

Conclusions

A hybrid room acoustical approach combining the image source method + DE method (high frequency range)
with the time-domain discontinuous Galerkin method (low-frequency range), this hybrid was compared to a
reference wave-based solver in terms of reverberation time for two benchmark cases. The benchmark cases
were simulated using solely the DE model, a hybrid of the DE model + ISM model, and the full hybrid model
(ISM+DE+DG) respectively. It showed that the agreement between the reference wave-based solver improved
with increasing hybrid complexity. The most challenging aspects regarding the further development of this
model will lie in the correct determination of the transition time tc for the high frequency part of the model
(scattering coefficients), and in the determination of the cross-over frequency fc between the low frequency
(TD-DG) part of the model an de the high frequency part (ISM+DE).
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Positioning sound absorption –
a comparative study based on different calculation methods
(preliminary paper)
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Abstract
The effect of positioning of sound absorbing surfaces is studied in a number of simplified benchmark
geometries using different calculation methods. Benchmark geometries have the same volumes and almost the
same surface areas. Statistical formulas suggest, that positioning the same sound absorption in these cases
would have no effect on the results. It is well known, however, that validity of statistical formulas depend on
rate of diffusion and on the distribution of sound absorbing surfaces.
The aim of the study is to see how results from different room acoustic models correlate and to see how
different room acoustic parameters relate to each other and the positions of sound absorption, with respect to
the average scattering.
Keywords: room acoustics, scattering, comparison of methods.

1

Introduction

There are numerous calculation methods for basic room acoustic parameters and it is good to know exactly,
when it is allowed to use simplified approximation and when creating a model is unavoidable. By the word
“exactly” we mean physical parameters and limit values assigned to the probability of errors.
This paper introduces an attempt to answer some of the usual questions, based on “brute force” approach to
calculate different scenarios using different methods and compare the results. Due to the high number of
variations though, only a theoretical experiment could be arranged for this purpose.
To the best of the author’s knowledge there has not been such an extensive experiment yet. The current
experiment is an extension and re-evaluation of the experiment in [1]. The main goal of that study was to check
if speech transmission index (STI) has any relevance over simple room acoustic parameters (EDT10, T20, C50,
G) and if not, which parameter can be used instead of STI. The scattering coefficient was set to 5%, 10%, 20%
and 40%. For the two geometries and altogether 14 and 18 different absorption distribution, the results showed
that except for certain cases mean T20, EDT10 values decreased and STI increased by increasing scattering.
Tendencies of G and C50 however were different, depending on the way absorption was distributed.
In paper [2] Shtrepi et al. focuses on how scattering settings are reflected by different simulation software in
simple room acoustic parameters (EDT10, T20, C80, G) and if these settings are audible in the simulated
environment of a concert hall geometry. For the case of the selected geometry, somewhat different tendencies
were observed, when overall scattering coefficients were changed from 10% to 30%, 50%, 60%, 70%, 90%.
Tendencies did also depend on the selected modelling software and seemingly (including the summary of
previous works) it was not possible to make any general rules on the effects if changing scattering.
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In paper [3] Zhu et. al calculated reverberation times using a selected modelling software for different room
shapes and changing the scattering from 1% to 10%, 30%, 50%, 70%, 90% and 99%. For a given basic shape,
absorption coefficients and the room volume were kept constant, while other aspects of the shape were varied
and later scaled to different multiples of the volume. The results of reverberation times were then evaluated
and changes relative to the 1% scattering basis were calculated. As results show, T20 reverberation times were
decreasing for all shapes, but T20 was most sensitive to change in scattering if the shape has parallel walls. In
the case of other types of shapes, T20 seemed to stop decreasing if scattering was above 50%. We may conclude,
that (as already suspected from theoretical background) rectangular geometries are the worst cases if scattering
is low and therefore the best to show the effects of settings in scattering properties. We may note also, that any
deviation from the plane and parallel walls introduces a macro scaled scattering by itself, even if the scattering
coefficients for each surface are set to low values. That may also explain, why T20 stops changing after
scattering coefficients are higher than a certain limit value. An interesting conclusion was also, that scaling
volume did not change tendencies.
A simple derivation in [4] suggests, that a minimum of average scattering is required to make the diffuse
assumptions to be valid. Figure 1 shows what is the minimum required scattering for a given average
absorption to have more diffuse energy than specular energy from the -5 dB or -10 dB decay levels
respectively. It is interesting to note, that [3] found a minimum of 30% of critical (minimum) scattering for the
0.50 average absorption coefficient for all geometries with planar boundaries.
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Figure 1 – Required minimum average scattering coefficient to ensure more scattered energy than specular
energy from the -5 dB or -10 dB of the decay as the function of the average absorption coefficient.
According to all the above, it is seen, that all factors below together do affect validity of statistical formulas:
- average scattering in the room
- shape of the room
- average absorption in the room
- distribution of sound absorption within the room.

2

Description of the Experiment

The theoretical experiment aims the followings:
- to explore how the minimum scattering coefficient required to make statistical formulas valid;
2
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- to explore how room acoustic parameters depend on each other and how these relationships are affected by
the average scattering coefficient and the distribution of sound absorption;
- to compare different modelling software on how they interpret the average scattering coefficient.
2.1

Room Geometries

From previous works it is seen, that the effects of changing the average scattering is most obvious when the
geometry is made up from parallel and planar boundaries.
Figure 2 shows geometries chosen for these calculations. All geometries have
1000
volumes, but their
total surface slightly differ. Main geometric descriptors are summed in Table 1, path length histograms are
shown in Figure 3.
In all cases, two source positions are set: S1 (6.0 m; 6.0 m; 1.5 m) and S2 (12.0 m; 8.0 m; 1.5 m). Receiver
surfaces are 1.1 m above the floor, 1 m from walls and are set to calculate parameters at a 1×1 m grid.

Figure 2 – Geometries used for calculations.
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2.2

Surface Properties

In order to see characteristic tendencies upon the position of absorptive surfaces, all surfaces are acoustically
reflective (X) and then only 2×50 m2 of surface pieces (or boundary patches) are set to acoustically absorbing.
Combinations for the four geometries are summarized in Table 2.
Actual sound absorptions set for the reflecting and absorbing boundary patches are given in Table 3.
The same scattering coefficients are set for all the surfaces: 5%, 10%, 20%, 40%, 80% for all frequencies. This
makes a total of 355 models to evaluate.
volume and surface
shape
geometry #A
geometry #B
geometry #C
geometry #D

V
m3
1000
1000
1000
1000

path length
calculated mean
shape factor (γ2)
specular random specular random
m
m
6,10
5,47
0,48
0,57
5,62
5,07
0,45
0,56
5,52
5,04
0,48
0,61
5,98
5,32
0,40
0,52

statistic
mean
m
5,71
5,33
5,00
5,71

S
m2
700
750
800
700

Table 1 – Geometry data of selected shapes.

#C

#B, #C, #D

#A, #B, #C, #D

variant
geom. version
X
A
B
C
D
E
F
G
H
I
J
K
L
M
N
O
P
Q
R
S
T

01
X
X
X
X
X
X
X
X
X
-

02
X
X
X
X
X
X
-

03
X
X
-

04
X
-

boundary patch
05 06 07 08 09
- - - - - - - - - - - - - - - - X - - - - X - - - - X - - - - X - - - - X - - - - - X - X - - X - - X - X
X X - - - - - - - - - - X - - - - - - X - - - - - - - - X - - - -

10
-

11
-

12
X
X
X
X
-

13
X
X
X

Table 2 – Summary of different combinations of the position of the sound absorbing surfaces
for each geometry (room shape).
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0,05

0,07

0,08

0,10

0,92 10000

0,92 8000

0,92 6300

0,92 5000

0,10

0,10

0,10

0,92

0,10

0,10

0,10

0,91

0,09

0,09

0,09
0,09

0,91 4000

0,90 3150

0,90 2500

0,90 2000

0,90 1600

0,90 1250

0,90

0,08

0,08

0,08

0,90

0,07

0,07

0,07

0,06

0,90 1000

0,89 800

0,87 630

0,85 500

0,82 400

0,80 315

0,85

0,06

0,06

0,06

0,70

0,05

0,05

reflecting

0,05

0,20

0,73 250

0,57 200

0,28 160

0,17 125

absorbing

0,15 100

sound absorption coefficients for frequency bands
material

0,10

occurrence (%)

occurrence (%)

Table 3 – Sound absorption coefficients used for the absorbing and reflecting surfaces.

Figure 3 – Path length histograms from S1 and S2, using specular and random relfected ray-tracing
(top left: geometry #A, top right: geometry #B, bottom left: geometry #C, bottom right: geometry #D).
2.3

Selected Room Acoustic Parameters

For these calculations, parameters defined in ISO 3382-1 standard were evaluated:
- reverberation time: T20
- early decay time: EDT10
- strength: G
- clarity: C50 and C80
- lateral efficiency: LF80.
Parameters were calculated in 1/3rd or 1/1 octave frequency bands and then the mean values in 250 Hz, 500 Hz,
1 kHz and 2 kHz bands were calculated ((denoted by m4, for example T20,m4) for comparison.
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2.4

Statistical Formulas

In the case of reverberation time, Sabine, Eyring statistical formulas were evaluated. Other formulas assume
characteristic properties along x, y and z axes, which could have been used only Geometry #A (shoebox).
Since statistical formulas are unable to consider the position of absorbing and reflecting surfaces in general
(non-shoebox) shapes, but all assume a diffuse sound field, they might be considered as the reference values
when comparing modelled results.
Other room acoustic measures (e.g. G) were calculated using formulae given [5] for example.
2.5

Computer Models

The models were run using three different computer modelling software:
E EASE (Enhanced Acoustic Simulator for Engineers) version 4.4.67.26, Aura module 3.0
C CATT Acoustic v9.1d
P PETRA Acoustics beta.
Software E and C may not need detailed introduction, because they are already established and referred in
numerous papers.
Software P is a new development, its algorithms are a mixture of phased beam tracing, radiosity and boundary
element methods. The software and its algorithms are currently in the testing and validation phase. Its role in
this experiment is important, because all calculation details are known to the author (see Fig. 3 for example),
which makes it possible to rely on data otherwise hidden from the user. In these experiments simple beam
tracing and radiosity methods are used only for better comparison.

3

Results and Conclusions

Results and conclusion will be presented in the final paper.
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Abstract
One of the measures currently used to improve the sound insulation provided by facades of existing
buildings, is based on the acoustic reinforcement of their transparent areas, such as doors and windows, by
more efficient solutions (eg. double glazed systems).
With regard to air traffic noise and in order to minimize the corresponding impacts in terms of acoustic
comfort inside homes, this reinforcement is a solution that can be proposed for buildings located in zones
under the influence of airport operations (fly-over, ground operations, etc.). However, the performance of the
glazed systems (double or not) is strongly dependent on the incident noise spectrum, a fact that is enhanced
by the values assumed by the adaptation terms associated with these solutions.
This paper presents the results of a study on the efficiency of typical windows, considering their sound
insulation and the corresponding adaptation terms, which were calculated on the basis of Ctr, parameter
defined for an average noise spectrum of each type of aircraft. Thus, aircraft spectra were analysed, during a
typical operation day at Lisbon airport, determining the respective adaptation terms and evaluating their
influence on the sound insulation of a selected glazing set.
The results obtained and the conclusions drawn, can be considered important elements for proposals of
mitigation measures related to the evaluation of environmental impact studies of air traffic infrastructures.
Keywords: sound insulation, sound spectra, air traffic noise.

1

Introduction

Air traffic noise has always been the major environmental issue for residential communities close to airports.
Even though aircraft are becoming less noisy due to technological improvements, the expected increase in
the number of flights emphasizes the importance of noise mitigation measures for residential areas around
airports. In this way, operational measures (like air traffic management or land use planning) and passive
measures (increasing the sound insulation provided by the weakest façade elements, like windows and doors)
can play a significant role to establish acoustic comfort inside dwellings.
Acoustics standards for rating airborne sound insulation in buildings define procedures for expressing the
sound insulation with a single-number value. The measured sound insulation values, in octave or one-thirdoctave frequency bands, are compared to a reference curve, as a weighting procedure for obtaining the
single-number values. The ISO standard 717-1 [1] gives the spectrum adaptation terms (C, Ctr) applied to
weighted sound reduction index, Rw when the representative spectrum i.e., pink noise or traffic noise, is
assumed as impacting noise. Ctr value is to be applied when a representative urban traffic noise is assumed
1

632

as the impacting noise, and it is applicable for urban road traffic, railway traffic at low speeds, aircraft
propeller-driven, jet aircraft, disco music, and factories emitting mainly low and medium frequency noise.
The spectrum adaptation term C is calculated from A-weighting pink noise spectrum and is applicable to
living activities, children playing, railway traffic, highway road traffic, jet aircraft, and factories emitting
mainly medium and high-frequency noise. The suitability of a reference spectrum for rating sound insulation
depends on how well its shape matches the average spectra of actual noises existing in dwellings (or in the
surrounding environment). In fact, variations of the reference spectra values, even in certain frequency bands
only, can produce considerable variations of the calculated descriptor values [2]
In the Portuguese building acoustics code, when the translucent area is greater than 60% of the façade
element under analysis, it must be added to the index D2m,nT,w the appropriate adaptation term, C or Ctr,
according to the type of noise dominant in the emission, for the frequency range 100-3150 Hz. Bearing in
mind that the major Portuguese airports are very close to the cities (even Lisbon Airport is located in almost
“inside” Lisbon urban area), there was a need to estimating the spectrum weightings from the actual sound
source characteristics for air traffic noise and compare them with the standardized spectrum adaptation
terms.
Taking into account the perspective of the construction of new airport in Portugal, as well the proximity of
the existing ones to urban centres, there is a need to assess the added value due to the use of spectral
adaptation terms based on specific sound spectra representative of air traffic conditions from Portuguese
airports, instead of the standardized ones. In this context, continuous air traffic measurements were carried
out near Portela Airport, in Lisbon. Then the A-weighted normalized sound spectra noise was obtained.
These sound spectra were applied to laboratory measurements of sound insulation of windows with single
and double glazing, to check he possible differences that may occur in terms of their effective sound
insulation.

2

Field Study and Results

Continuous measurements of air traffic noise were carried out, at a distance of approximately 1500 m from
the beginning of the airport runway at Humberto Delgado Airport (Lisbon, Portugal), in Campo Grande area,
in Lisbon, between the 4th and 5th of July 2019 (see Figure 1). A Symphonie measuring system from 01 dB
with a GRAS 40 AF Microphone attached to the 26 AK Pre-Amplifier was used. In Figure 1, the location of
the noise measurement point (marked as A) is shown (it takes into account the beginning of the 03/21
runway of the Lisbon airport).

Figure 1 – Relative location of the measuring system (marked as A) to the 03/21 runway of the Lisbon
airport
2
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More than 200 spectra of plane were analysed, and the type of plane associated with each model was
recognized, using the Fightradar24 application. Later, all the planes were aggregated into 12 Classes,
according to the type of plane, with an extra class labelled “Others” that included more expressive models of
various aircraft. For each class, the spectra that presented deviating values were eliminated. The spectra of all
classes were added, and the average value was determined. Once again, the deviant values were eliminated,
leaving a total of 180 spectra of airplane passing-by. Figure 2 shows the spectra with linear frequency
weighting between 16 Hz and 20 kHz, and the corresponding average value in bold.

Figure 2 – Sound spectra in third octaves bands (from 16 to 20000 Hz)
To the average spectra, the frequency weighting A was applied (between the frequencies of 50-5000 Hz) and
the yielded spectra was normalized to 0 dB (labelled as Spectrum Airplane, in Figure 3). In Figure 3, the
measure sound spectra in this work (labelled as Spectrum Airplane), the spectrum adaptation terms C (used
for jet aircraft, in short distance) and Ctr (used for aircraft, propeller driven, and jet aircraft at long distance)
from ISO standard 717-1, are present. Also, for comparison purposes, two other spectra for aircraft noise
were included, from the Nordtest method NT ACOU 61, named as A6 for Aircraft noise representing starting
DC-9s, and A7 for Aircraft noise representing propeller aircraft.
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Figure 3 – A-weighed normalized spectrum for air traffic noise
Figure 3 shows that measured spectra (Spectrum airplane) is more similar to the sound spectra Nord A6
(representing the Mean value of 59 starts at Kastrup airport 500 m from the runway [4], and with the spectra
Ctr).

3

Application of the proposed spectra and comparison with reference spectra

To compare the effects of using the measure sound spectra (Spectrum Airplane), adapted for the Portuguese
air traffic noise conditions, the measured A-weighted normalized sound spectra were applied to laboratory
measurements of sound insulation for windows with, single and double glazing.
For single glazing windows, the sound insulation index - single number quantities - vary between Rw = 34
dB and Rw =38 dB, having 2 or 3 different spectral sound insulation for the same value of Rw (labelled as
Rw_1; Rw_2 or Rw_3), as shown in Figure 4. Also, the results were treated for the frequency range 1003150 Hz (used in the Portuguese building acoustics code) and frequency range 100–5000 Hz, separately. The
results are presented in Figure 4 for the single glazing windows analysed (frequency range 100-3150 Hz),
and in Figure 5 for the frequency range 100–5000 Hz .

Figure 4 – Weighted sound reduction index and spectral adaptation terms for single glazing windows (1003150 Hz)
4
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Figure 5 – Weighted sound reduction index and spectral adaptation terms for single glazing windows (1005000 Hz)
For double glazing windows, the sound insulation index - single number quantities - vary between Rw= 37
dB and Rw=49 dB, labelled as Rw_1; Rw_2; Rw_3 or Rw_4, as in the former case for single glazing
windows. The results are presented in Figure 6 (100-3150 Hz) and in the extended frequency range (1005000 Hz), as shown in Figure 7.

Figure 6 – Weighted sound reduction index and spectral adaptation terms for double glazing windows (1003150 Hz)

5
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Figure 7 – Weighted sound reduction index and spectral adaptation terms for double glazing windows in
extended frequency range (100-5000 Hz)
For both types of windows, the final result using the measured sound spectra (Spectrum Air Traffic) is nearer
Ctr values than C values. In the extended frequency range (100-5000 Hz) this difference is even shorter.
Figure 8 presents the total results for windows (single and double glazing), for Rw values, varying between
34 dB and 49 dB, in the frequency range 100-3150 Hz. For the extended frequency range, the results are
presented in Figure 9.

Figure 8 – Weighted sound reduction index and spectral adaptation terms for windows in the frequency
range 100-3150 Hz
6
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Figure 9 – Weighted sound reduction index and spectral adaptation terms for windows, in the extended
frequency range (100-5000 Hz)

4

Conclusions

From the average sound spectra obtained in the measurements made, it is possible to infer an attenuation of
about 10 dB, between the frequencies of 3150 and 5000 Hz. These results show the importance of extending
the analysis until 5000 Hz, when considering the sound insulation of windows in noise mitigation measures
related to air traffic noise.
Also, the sound spectra measured is very similar to the reference Ctr spectrum of ISO 717-1. Applying the
values from the Spectrum airplane to sound insulation values of single and double windows in use in
Portugal (laboratory values), the resulting values are very near to that obtained with Ctr. This coincidence is
even greater when using the extended frequency range.
On the basis of the results of this work, and regarding Portuguese building acoustics code, when the
translucent area is greater than 60%, general guidance can be given: use the Ctr adaptation term values, for
all the situations related to air traffic noise; and use of extended frequency range from 100-5000 Hz.
In a future nearby, and considering the importance of this analysis, the authors find important to make a
similar study for military aircrafts or minor recreational airports, in order to check if similar results are
found, or if a better appropriate spectra could give more accurate results to improve the acoustic comfort
inside homes.
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Abstract
When designing the acoustic treatment of a radio studio, it is critical to meet all acoustic requirements. On the
one hand, there is the requirement for a very high acoustic insulation in the two rooms of the radio studio
(studio room and control room), in order to achieve the recommended background SPL for this type of studios.
On the other hand, there is the acoustic conditioning, to ensure that the appropriate acoustic quality parameters
are achieved.
This work presents the acoustic treatment that has been implemented in the radio studio of the Escola
Politècnica Superior de Gandia. To achieve both objectives, a multi-layer product has been used, consisting of
a textile felt with low porosity, thermally bonded to a viscoelastic sheet and finally a perforated panel. In this
way, two problems are solved with one treatment.
Keywords: acoustic insulation to airborne noise, acoustic conditioning, radio, acoustic requirements, vertical
partition.

1

Introduction

This project aims to adapt two adjoining rooms located on the top floor of a tower in the Escola Politècnica
Superior de Gandia, to function as a radio studio. The floor plan of the building showing the location of each
of the rooms is presented in Figure 1.

Figure 1 – Building floor plans with the enclosures under study
1
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Enclosure 1 is intended to be used as a Studio room (Figure 2) and enclosure 2 as a Control room (Figure 3).

Studio Room
Volume = 32 m3
Total area = 63 m2
Floor area = 13 m2

Figure 2 – Enclosure 1, intended to be the Studio Room

Control room
Volume = 15,3 m3
Total area = 39 m2
Floor area = 6 m2

Figure 3 – Enclosure 2, intended to be Control Room
The conditions are very unfavourable, as both rooms are very small. In addition, they are located under the
roof where the air-conditioning motors and other machinery are intalled. In other words, it receives a large
amount of noise from both vertical and horizontal partitions.
Therefore, an acoustic solution is sought that satisfies the conditioning of the enclosures for the radio function,
and at the same time isolate the walls and ceilings to comply with the DB-HR [1], which is the Basic Document
for Noise Protection, part of the Spanish Technical Building Code, published by the Spanish government.
This work consists of two stages. The first is to analyze and diagnose the initial conditions of the enclosures.
The second is to investigate a solution that meets the defined objectives that are presented in the next section.

2

Initial conditions

The first step was to find out the initial state of the enclosures, for which two types of studies were carried out.
On the one hand, the acoustic conditioning was evaluated by measuring the reverberation time and the impulse
response of the rooms, following the ISO 3382-2 standard [2]. In addition, the impulse response was used to
calculate the typical acoustic quality parameters.
On the other hand, the airborne sound insulation of three vertical partitions was evaluated, according to the
ISO 16283-1 standard [3]. While for the evaluation of the data obtained, the ISO 717-1 [4] standard was
followed. The vertical partitions were measured as follows:
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•
•

•

Vertical partition containing the viewfinder: Enclosure 1 is taken as the transmitter and Enclosure 2 as
the receiver, the transmission procedure being from the enclosure with the largest volume to the one
with the smallest volume, as specified in the standard.
Vertical patition between the stairs and Enclosure 1: the corridor stairs are studied as the emitting
enclosure, and Enclosure 1 as the receiving enclosure. On this occasion, it is carried out from the small
enclosure to the large one, contrary to what is indicated in the standard, given that what we are
interested in knowing is the noise produced in the corridor towards the room.
Vertical partition containing the indicator: the bathroom is taken as the transmitting enclosure and
Enclosure 2 as the receiving enclosure, the transmission procedure being from the enclosure with the
highest volume to the one with the lowest volume, as specified in the standard. In this case, it is also
important to know how much of the noise produced in the bathroom reaches the control enclosure.

The results of the acoustic conditioning and acoustic insulation tests carried out in the initial state are presented
in the following sections.
2.1

Acoustic conditioning

Typical acoustic quality paremeters have been measured in each room. Despite most of these parameters are
usually evaluated with occupied room conditions, they have been used as an estimation of the rooms behaviour.
The obtained results in unocuppied room conditions are presented in Table 1.
Table 1 – Measured parameters of the enclosures under study
Acoustical Parameter

Control room
(unoccupied)

Studio Room
( unoccupied)

Target value
(occupied)

RTmid, (500 Hz - 1 KHz)

0,96 s.

0,90 s.

0,2 ≤ RTmid ≤ 0,4 s.

C50, (500Hz - 4kHz)

4,5 dB

3,8 dB

> 2 dB

Definition, D, (125 Hz - 4 kHz)

0,3

0,3

D > 0,5

STI

0,73

0,72

STI ≥ 0,60

Brilliance, Br, (125 Hz - 1kHz)

1,17

1,32

Br ≥ 0,89

As it can be seen in Table 1, the results obtained for most of the parameters show that not all the target values
are met. The average reverberation time (RTmid) is very high value with respect to the recommended value
and the definition (D) should be improved. Although the STI exceeds the defined objective, it is better if it is
closer to 1 in the studio room, as it is a dedicated speech room.
Regarding the reverberation time, it is important to study it in all frequency octave bands, in order to have a
better knowledge of the behaviour of the room depending on the frequency, this analysis can be seen in Figure
4.
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Figure 4 – Reverberation time of the Programme (left) and Control (right) rooms
It can clearly be seen that at low frequencies the reverberation time is very high, therefore, the solution to be
investigated has to have a very high absorption coefficient at low frequencies or bass traps for both enclosures.
In mid and high frequencies, the TR is also too high, especially in the Studio room.
In conclusion, we have two speech enclosures which are not suitable for their purpose. Their major
shortcoming is especially the reverberation time. For this reason, a solution has to be found with materials with
a very high absorption coefficient.
2.2

Acoustic insulation

According to the standard, five measurements are made for each source position for each of the enclosures
functioning as transmitter or receiver. In addition, the background noise and reverberation time in the receiving
room are analysed. A total of 38 measurements will be taken for each pair of rooms.
Table 2 shows the normalised DnT values for each studied partition. It can be seen that the acoustic insulation
results are very unfavourable as no partition reach 40 dB of airbone sound insulation global level.
Table 2 – Standardised values for airborne sound insulation level

DnT,A
(dBA)
DnT,w
(dB)

Vertical partition
Visor-S

Vertical partition
Stairs-S

Vertical partition
Toilets-S

30,1

35,9

35,6

29,7

36,3

36,0

Figure 5 represents the DnT values per frequency for a detailed visualization. It can be seen how at high
frequencies in the vertical partition Stairs (red) and Toilets (blue) reach values close to and above 40 dB, except
in the vertical partition Viewer (blue), as a consequence of the viewer containing this wall.
On the other hand, at low and medium frequencies, the three partitions have poor DnT values.
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Figure 5 – DnT (dB) of the measured vertical partitions
In summary, there is a poor level of sound insulation that allows external noise pollution, as in both rooms
there is a surface that faces the façade of the building, in addition to the noise from the machines on the roof.
The partition studied in Enclosure 1 overlooks a common area where a large number of people pass through,
which is a nuisance for the use of the room. The partition between Enclosure 1 and Enclosure 2, there is noise
pollution due to the fact that the wall contains a visor, and this type of gap always breaks with the insulation.
And finally, the third partition that separates the toilets from the control room, it is important that it be well
insulated as the noise from the toilet cisterns or people should not affect the control room.
Consequently, action will be taken to improve the sound insulation of the vertical surface separating the Studio
room and the stairs, and also the vertical surface between the toilets and the control room.

3

Proposal for action

Once the enclosures have been analysed, we proceed to define a proposal for action to address the acoustic
deficiencies in terms of both insulation and conditioning of these rooms.
3.1

Materials

The solution designed for this project is based on solving two problems: sound insulation and acoustic
conditioning. For this reason, it is essential that the proposal be both acoustically insulating and absorbent at
the same time, so that the reverberation time can be lowered and good conditioning can be achieved.
With these premises in mind, the best solution found was the structure shown in Figure 6, which consists of a
wall lining system formed by a main sheet (the vertical surface to be improved), a multilayer textile felt
composed of two symmetrical layers in density and thickness adhered to a high-density viscoelastic sheet and,
finally, a perforated platerboard.
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Textile felt

Main sheet

Perforated panel

Viscoelastic
membrane

Figure 6 – Overview of the proposed solution
Different perforated panels have been used according to the needs of each vertical surface. Figure 7 shows the
different panels that have been used for each wall.

Figure 7 – Distribution of the different perforated plasterboards over the rooms
The number corresponding to each perforated plasterboard, the description of the its main characteristics and
the surface area covered with each one is detailed in Table 3. Using different materials, the acoustic behaviour
of each room can be tuned depending on the needs.
Table 3 – Technical characteristics of the different perforated panels
Nº
Material

Code

1

PRF1

2

PRF2

3

PRF3

4

PRF4

Description
Plasterboard with rectilinearly distributed round
perforation.
Plasterboard with perforations of different
dimensions.
Plasterboard with perforations distributed in
square and non-perforated areas.
Plasterboard with round perforations distributed
in a rectilinear pattern.

Perf.
rate
(%)

Perf. size
(mm)

Area
(m2)

16

12x12

11,5

10

8, 15, 20

12,89

8,7

6

6,46

18,1

12

15,63

6
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The estimation of the sound reduction index improvement of additional layers improvement (ΔRA) of each
configuration with the different perforated plasterboards is presented in Table 4. These are theoretical values,
to be used as a reference when checking the insulation solution once installed. The PB* calculation is made
using a calculator provided by CHOVA, to find the insulation prediction with the evaluated products.
Table 4 – Estimation of the sound reduction index improvement of additional layers with adjustments in the
elements of the multilayer composite
ΔRA (dB)
HP
(kg/m2)
70
100
140
160
180
200
250

PRF1
(16%)
3
2
1

PB
14
13
12
11
10
9
7

PRF2
(10%)
8
7
6
5
4
3
1

PRF3
(8,7%)
8
7
6
5
4
3
1

PRF4
(18,7 %)
6
5
4
3
2
1

PB*
7
6
5
4
3
2
0

Figure 8 shows the ISO 354 standard [5] test results for each tested configuration, as detailed in the study
"Materials for simultaneous acoustic insulation and conditioning", presented in the Euronoise 2021 congress
[6]. From 315 Hz onwards, all the configurations present high absorption coefficient values, suitable for the
problem at hand, since the reverberation time is to be reduced from 0.9s to at least 0.4s.
ISO 354
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Sound reduc/on index

60,0

0,90

50,0

0,70

R (dB)

Sound absorp,on coeﬃcient,αs

55,0

0,80

0,60

45,0

0,50
40,0

0,40
0,30

35,0

0,20
30,0

0,10

MLC + PRF1

MLC + PRF3

PB + MLC + PRF1

PB + MLC + PRF2

PB + MLC + PRF3

PB

PB + FLT + PB

PB + MLC + PB

40
00

31
50

25
00

20
00

16
00

12
50

10
00

80
0

63
0

MLC + PRF4

50
00

F (Hz)

25,0

50
00

31
50

25
00

20
00

16
00

12
50

80
0

MLC + PRF2

10
00

63
0

50
0

40
0

31
5

25
0

20
0

16
0

12
5

80

10
0

MLC

40
00

F (Hz)

0,00

PB + MLC + PRF4

Figure 8 – ISO 354 (left) and Sound Reduction Index (right) of the assessed configurations
On the right graph of Figure 8, the results of the Sound Reduction Index, R (dB), applying the ISO 10140-2
standard [7] are presented. It can be seen, that all four plasterboard configurations are suitable to address the
deficiencies of the rooms. For example, the PB+MLC+PRF4 configuration is the most suitable to be placed in
the vertical partition connecting the toilet and the control room, since it is a small surface and it is more difficult
to improve the insulation, as well as having a high absorption coefficient. In the case of the wall between the
stairs and the studio room, the PB+MLC+PRF1 configuration has been used, as it is a larger surface area,
which will provide a greater improvement in insulation, and on the other hand, the absorption coefficient is
adequate.
7
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When choosing the material, a prediction was made for the two acoustic problems: acoustic conditioning and
acoustic insulation. The results for the reverberation time are presented in Figure 9.

Figure 9 – Estimated reverberation time for Control Room (left) and Studio Room (right)
To validate the proposed solution, the same in situ measurements were made as in the assessment of the initial
condition of the enclosures, but this time with the wall lining system installed. The results obtained before and
after the acoustic treatment are presented in Table 5.
Table 5 – Comparative table of results of the acoustic parameters of the rooms
After acoustic treatment
Acoustical Parameter

Studio room
(unoccupied)

Control room
(unoccupied)

Target value
(occupied)

RTmid (500 Hz - 1 KHz)

0,25

0,20

0,2 ≤ RTmid ≤ 0,4 s.

Brilliance (Br)

1,33

1,32

Br ≥ 0,89

STI

0,91

0,91

STI ≥ 0.60

C50, (500Hz - 4kHz)

15,21

19,5

C50 > 2 dB

Definition, D, (125 Hz - 4 kHz)

0,97

0,99

D > 0.5

Before acoustic treatment
Acoustical Parameter

Studio room
(unoccupied)

Control room
(unoccupied)

Target value
(occupied)

RTmid (500 Hz - 1 KHz)

0,90

0,96

0,2 ≤ RTmid ≤ 0,4 s.

Brilliance (Br)

1,03

1,17

Br ≥ 0,89

STI

0,72

0,73

STI ≥ 0.60

C50, (500Hz - 4kHz)

3,80

4,5

C50 > 2 dB

Definition, D, (125 Hz - 4 kHz)

0,30

0,30

D > 0.5

The average reverberation time (RTmid) has clearly decreased compared to the initial state, this is due to the
highly absorbent textile felt of the multilayer composite material. The intelligibility of the rooms has also
improved considerably, reaching a value very close to 1.

8

647

3.2

Sound insulation

With regard to sound insulation, the wall lining system was applied only to two of the three measured vertical
partitions: the vertical partition Stairs-Studio Room and the vertical partition Toilets-Control Room.
Analysing the graph presented in Figure 10, which corresponds to the veritcal partition Stairs-Studio Room, it
can be affirmed in almost all frequency bands, especially in the medium and high frequencies, the proposed
solution improves the acoustic insulation and also, as verified in the previous section, the acoustic conditioning
of the room.

Figure 10 – Insulation of the vertical partition Stairs-Studio Room
Table 6 presents the overall values of the standardised weighted level difference DnT,w (dB) before and after
the acoustic treatment, showing a 6 dB improvement in insulation.
Table 6 – DnT values for the vertical partition Stairs-Studio Room

DnT,A
(dBA)
DnT,w
(dB)

Before treatment

After treatment

Improvement

35,9

41,4

5,5

36,3

42,3

6,0

Some images of the Studio Room after installing the proposed solution can be seen in Figure 11.

Figure 11 – Images of the Studio Room with the proposed solution installed
9
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In Figure 12, the graph corresponding to the vertical partition Toilets-Control Room is presented. It can be
seen that the proposed solution improves the acoustic insulation in almost every frequency band.

Figure 12 – Insulation of the vertical partition Toilets-Control Room
In this case, the insulation improvement is lower than in the previous one, as there is less surface area to be
applied. As presented in Table 7, there is an improvement of almost 4 dB of improvement after applying the
acoustic treatment.
Table 7 – Insulation of the vertical partition Toilets-Control Room

DnT,A
(dBA)
DnT,w
(dB)

Before treatment

After treatment

Improvement

35,6

39,3

3,7

36,0

39,8

3,8

Some images of the Studio Room after installing the proposed solution can be seen in Figure 13.

Figure 13 – Control room with the proposed solution installed
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4

Conclusions

Two very small rooms with very unfavourable conditions in terms of both acoustic conditioning and insulation
have been acoustically treated in order to function as a radio studio. The poor initial acoustic conditions have
been revealed in the analysis of the initial in situ measurements. Subsequently, a solution has been studied
with two objectives, to improve the acoustical conditioning and insulation of the rooms, so that they can finally
be used as radio studio. For this purpose, a solution was designed by means of a wall lining system formed by
a main sheet (the vertical surface to be improved), a multilayer textile felt composed of two symmetrical layers
in density and thickness adhered to a high-density viscoelastic sheet and, finally, different perforated
platerboards, thus adjusting the acoustic parameters (TR, C50 and STI) and improving the acoustic insulation
(between 4 and 6 dB improvement). This study shows that two acoustic problems can be solved with the same
solution.
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Abstract
In this paper a cost-effective variable acoustic solution, which can be used in room acoustics applications, is
addressed. In the design of such solution, the surface appearance is kept unchanged, while variable acoustic
behaviour is achieved either by closing the holes in the back face of the perforated panel or by placing a
porous material in varying positions inside the backing cavity, thus accomplishing different acoustic
requirements within a multipurpose auditorium. An analytical approach, based on the transfer matrix
method, is employed for preliminary sound absorption assessment and definition of an optimized solution to
be used. Diffuse sound absorption is then computed, and the result is used in the analysis of the acoustic
behavior of an auditorium where this solution is prescribed. Acoustic simulations of this auditorium are
performed using a ray tracing model and several room acoustics quality parameters are evaluated and
compared with different acoustic requirements, in order to demonstrate adequacy and efficient acoustic
performance for distinct uses (e.g. music, speech).
Keywords: sound absorption, analytical approach, ray tracing, perforated sound absorbent systems, variable
acoustics design.

1

Introduction

Most of the existing auditoriums of many cities have been designed to accommodate one type of use, while
in common practice these are used for different and complementary purposes. In the last years, increased
attention has been given to the design of multipurpose halls, in order to be more efficient, to accommodate
more than one acoustic type of performance [1]. It has also become evident that, due to economic and
functional reasons, auditoriums dedicated to just one single use are not viable and, in large cities, there is
also a demand for flexibility in the use of these spaces, becoming common the organization of different
events with different acoustic requirements, from conferences to different types of music or theatre plays.
One way of providing a more appropriate acoustic performance for each function of the auditorium is using
variable acoustics techniques to control reverberation time and other relevant acoustic phenomena. These
solutions can modify the acoustic environment either through the implementation of electroacoustic systems
(active variable acoustics) or through architectural changes (passive variable acoustics).
Passive variable acoustic strategies may include changing the volume of the space or varying acoustic
absorption/scattering of the surfaces, allowing to reduce or increase the reverberation time, control of the
direction of the early energy and other acoustic parameters, such as Clarity and Definition. To obtain an
effective change in the acoustic properties, a substantial absorption variation is required [1]. Examples of
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solutions that can modify sound absorption in an environment are the use of retractable curtains, hinged
panels, adjustable audience seats or movable reflectors [2],[3]. A concept consisting on the use of articulated
panels, where one side has an absorbent material, being exposed when such space is used for theatre, while
the other face has a reflective surface, being exposed when the auditorium changes for a musical concert [4],
has been widely used, but it requires some significant modifications in the architecture of the room. Most of
the existing solutions implemented in auditoriums in the last years are manually controlled, however, with
the development of electromechanical and control systems at more affordable costs, other possibilities for the
implementation of such systems have been arising [5]. In the present work, a passive variable acoustic
concept will be explored, having in mind the possibility of automatization, for its implementation in
multipurpose halls.
During the design of a room, the first parameter to be analysed is the reverberation time, being possible to
change this metric by varying the absorption inside the auditorium. This can be accomplished by using
systems composed of combinations of porous or fibrous materials, that, through their properties (such as
porosity, fibre length, density or material thickness), allow to enhance absorption in the higher frequencies,
volume absorbers and panel absorbers that may be used as lining panel separating porous/fibrous material
and airgap from the auditorium. If this lining is composed of multiple perforated panels, the sound
absorption performance of these systems depends also on the properties of each perforated panel, such as
perforation type, diameter, central distance and perforation ratio [6]. By modifying some of these parameters,
it is possible to achieve a range of sound absorption performance of a variable acoustic system.
In this paper, a passive variable acoustics concept, based on the ideas described, is developed and its acoustic
performance is analysed. The concept herein proposed allows maintaining the architecture of the room while
the acoustic environment is modified. The analysis is performed using a mathematical model based on the
Transfer Matrix Method to obtain the sound absorption coefficient for normal incidence. The concept is then
applied in a conceptual multipurpose auditorium where the acoustic performance is studied for different
types of use by developing a model based on the ray-tracing method [7]. Several acoustic parameters are
calculated and compared with different requirements, established for different types of use.

2

Concept description

The acoustic system herein developed makes use of a perforated panel facing the auditorium and an air gap
with a fixed thickness, containing an absorbing material (e.g. mineral wool), whose position may vary.
Figure 1 displays the configurations that may be applied depending on the space and acoustic requirements.

Figure 1 – Possible configurations of the variable acoustic solution (Acronyms: PP- Perforated panel;
MW-Mineral wool).

Behind this perforated panel, a movable reflective panel (schematically represented in the figure by changing
the colour of the panel) will allow to close the holes and change the acoustic properties to approach a
reflective surface (although allowing some diffusion in the higher frequencies). As it will be shown later,
these configurations can be designed so as the two extreme acoustic types of use (speech and classical music)
can be provided with sound quality, but it may also allow fulfilling intermediate acoustic requirements, by
appropriately configuring the panel system (changing the position of the mineral wool panel or
opening/closing the holes of the perforated panel). This tuning feature can be achieved by using an
2
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automatized system as it will be described next. It is also important to bear in mind that, although from the
acoustic point of view it is possible to modify the space, from the architectural point of view the chosen
solution does not change the aesthetics of the room, which may be an advantage of such a system for
practical use.
The proposed acoustic solution can be easily automated through the use of an electromechanical system [8]
allowing the different configurations to be activated. Note that, in order to allow for mechanization of the
system, a small air gap was left in the extreme positions of the absorbing material (see Figure 1).

3

Sound absorption evaluation

The approach used in this paper to evaluate the sound absorption of a variable acoustic conceptual
system is based on the evaluation of the acoustic impedance of each layer (e.g. perforated panel, porous
material or air-gap) of the multilayer sound absorber. In the case of the perforated panel, the acoustic
impedance of a single hole is used to obtain that of the whole panel by using its open area ratio, the panel
being considered as a set of short tubes of similar length to its thickness. It is also assumed that the
wavelength of the sound that propagates is sufficiently large compared with the dimensions of the tube (i.e.,
hole). The impedance of the panel includes terms due to the viscosity of air, radiation (from a hole in a
baffle) and interaction between holes. On the other hand, an equivalent fluid is defined to describe the porous
material whose skeleton is assumed to be rigid by means of its effective acoustic properties (i. e. complex
characteristic impedance and wave number), and the air-gaps being modelled by means of a purely reactance
term. To allow the evaluation of generic systems, with arbitrary layers, the Transfer Matrix Method (TMM)
[9] has been used, where the acoustic impedance along the normal direction of an interface of a material is
determined using the continuity of particle velocity (on both sides of the interface) and knowing the acoustic
properties of the medium (characteristic impedance and the wavenumber or propagation constant).

4

Auditorium simulation

The conceptual auditorium used has a capacity for 409 seats, mean dimensions of 18.9(m)x16.9(m)x11.9(m),
and a total volume of 3779 m³. It is composed of the stage area, with a volume of 1448 m3, and an audience
area, totalizing a volume of 2331 m3. The volume per seat is approximately 9 m3. Note that this auditorium
does not correspond to an existing space (see Figure 2).
Regarding the reflective configuration, sound absorption coefficients were those from experimental results
obtained for similar existing commercial solutions.

Figure 2 – Geometry of the auditorium and distribution of applied lining materials.

The simulations were performed using a ray tracing code developed in Matlab, which used around 30000
rays during the calculation and an Impulse Response (IR) length of 2 s. This method uses a large number of
particles (rays) emitted by an omnidirectional sound source. Figure 2 displays the geometry of the acoustic
model (built with 111 planes and a total surface area of 2008 m2) and the corresponding lining materials,
where it is also possible to identify the position of the variable acoustic solution previously described in this
work.
3
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The variable acoustic solution employed in this auditorium (see Figure 1) was designed so as its two extreme
types of use (speech and classic music) can be provided with enough sound quality, for the above-described
auditorium, but also to allow intermediate acoustic requirements. The perforated panel has the following
properties: diameter of the hole with 3mm and perforation rate of 18%. Regarding the mineral wool the
following properties were assumed: density of 70 kg/m3 and flow resistivity of 28377 Pa.s.m-2. Table 1
displays other relevant properties of the analysed system.
The sound absorption and scattering coefficients used in the simulations for the materials applied on different
surfaces are displayed in
Table 2, as well as the relative area of each material. For the evaluation of sound absorption provided by the
perforated configurations of the variable acoustic solution, the transfer matrix method was applied and
diffuse field conditions were then computed using the approach defined in [10].
Table 1 - Definition of the different layers for each system of the set of configurations.
Configuration
A

Layer 1
PP

B

PP

C

PP

Layer 2
Airgap
e=10mm
Airgap
e=55mm
Airgap
e=100mm

Layer 3
MW
e=40mm
MW
e=40mm
MW
e=40mm

Layer 4
Airgap
e=100mm
Airgap
e=55mm
Airgap
e=10mm

Table 2–Sound absorption (α) and scattering (s) coefficients for each lining material.
Area

Area

m²

%

105,2

5,2

α

267,1

13,3

α

0,20 0,10 0,07 0,05

0,05

0,05

182,4

9,1

α

0,10 0,15 0,40 0,75

0,45

0,55

148,1
335,0
223,8

7,4
16,7
11,1

α
α
α

0,02 0,03 0,04 0,05
0,12 0,10 0,08 0,06
0,20 0,10 0,07 0,05

0,05
0,06
0,05

0,06
0,06
0,05

144,5

7,2

0,02 0,04 0,05 0,04

0,10

0,05

Empty chairs, low upholstered

271,8

13,5

α
α
s

Balcony guardrails in gypsum

73,7

3,7

α
α
s
α

0,25
0,20
0,12
0,88
0,12
0,63

0,51
0,50
0,06
0,92
0,15
0,55

0,49
0,60
0,06
0,48
0,16
0,37

0,45
0,70
0,06
0,24
0,17
0,27

256,6

12,8

s

0,12 0,13 0,14 0,15

0,16

0,17

0,42 0,49 0,53
0,13 0,14 0,15

0,48
0,16

0,24
0,17

0,10 0,10 0,10
0,13 0,14 0,15

0,15
0,16

0,20
0,17

Materials
Ceiling in rockwool with 25 mm
Plywood wall
Stage

Parterre
and
Balcony

Wall with panel composed of wood
wool bonded with cement with 15
mm and an airgap with 30 mm
Parquet floor
Ceiling in gypsum board
Plywood wall
Floor in concrete lined with wood
tiles

Variable Acoustic Configuration A
Variable Acoustic Configuration B

Octave bands [Hz]

Acoustic
Parameter*

125 250 500 1000 2000 4000
0,25 0,60 0,65 0,95 0,95 0,95

α
0,20
Variable Acoustic Configuration C
s
0,12
α
0,20
Variable Acoustic Configuration
Reflector
s
0,12
*By default, scattering coefficients not shown are assumed to be 0,10.

0,35
0,30
0,10
0,99
0,13
0,92

0,47
0,40
0,08
0,99
0,14
0,90
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For the acoustic simulations, 56 numerical receivers were placed in the audience seats area, grouped in 5
zones (A and B situated in the parterre and C, D and E in the balcony area), and an omnidirectional source,
A0, was placed centered at 1,5 m from the front of the stage. The arrangement of the receivers and sound
source are displayed in Figure 3. The arrangement of the receivers by zones was employed to assist in the
data analysis and enable a better understanding of the influence of this spatial distribution on the acoustic
parameters.

Figure 3– Position of sound source and numerical receivers.

4.1

Preliminary evaluation

Since the reverberation time is initially used in a preliminary acoustic evaluation of a closed space, it is a
fundamental indicator regarding the type of space. For the case of speech use, low reverberation times are
required to have a better intelligibility of words, whereas, for environments intended for music, higher values
are recommended, since it is necessary to create more “live” environments, with greater sound diffusion [1].
Several published works indicate acoustic requirements for the reverberation time depending on the use of
the closed space. For example, according to the Portuguese Acoustic Code for Buildings RRAE [11], in its
article 10.º-A, the average reverberation time in the frequency bands of 500Hz, 1000Hz and 2000 Hz,
evaluated with the room furnished but without an audience, and assumed a use for speech purposes, should
be less or equal than that obtained by the following expression: T  0.32  0.17 log V  for V<9000m 3 ,
with V being the volume for the space in cubic meters. For the present case study, this average reverberation
time should be less or equal to 0.9s.
For music and speech uses, Arau [12] suggests requirements for the reverberation time depending on the type
of use and the volume of the space. The standard NS 8178 [13] is also an interesting reference to evaluate the
specific case of music rooms. This standard provides a reference for the average reverberation time for
performance rooms, as a function of this volume, according to three different types of music classified as
amplified music, powerful acoustic music and weak acoustic music. For the analyzed performance room,
with a volume of 3779 m3, the average recommended reverberation times, are displayed in Table 3,
according to these references.
Figure 4a shows the average reverberation times obtained from the values registered at all receiver positions,
for four possible variable acoustic perforated system configurations (Configurations R, A, B and C). It is
possible to verify that, except for the octave band of 4000 Hz, there is a significant variation in the
reverberation time of the auditorium between the two extreme configurations (Configuration R and
Configuration A). The remaining configurations allow the reverberation to fall in intermediate values.
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Table 3 – Recommended reverberation times (mid-frequency octave bands 500 and 1000 Hz) suggested by Arau
[12] and by standard NS 8178 [13], according to the type of use.
Type
of use

Reverberation
time
Tmax

1,3

Tmin

0,8

Tmax

1,5

Tmin

1,1

Tmax

1,5

Tmin

1,3

powerful Tmax
Tmin

1,8

Tmax

2.2

Tmin

1.8

Tmax

1.0

Tmin

0.8

Theatre
Opera
Chamber music
Concerts
Acoustic
music

Recommended
Value (s)

Acoustic quiet music
Amplified music

Reference
Arau [12]
Arau [12]
Arau [12]
Arau [12]]
Standard NS 8178 [13]

1,5
Standard NS 8178 [13]
Standard NS 8178 [13]

Figure 4–Average Reverberation Time (a) and corresponding JND (b) obtained for the variable acoustic
perforated systems analyzed (Configurations R, A, B and C).

The differences among these solutions are also studied in terms of Just Accepted Noticeable Difference
(JND) [14], which indicates the perceptible variation achieved with the variable acoustic solution. Higher
values of JND indicate that the variable acoustic solution will allow to significantly modify the sound quality
of space. For the reverberation time parameter, the differences in the results are calculated concerning the
reflective configuration (Configuration R) and are then quantified in terms of the JND, according to the
reference value defined in the ISO 3382-1-2009 [14] (JND of 5%). Figure 4b shows the octave band results
and also the average at frequency bands of 500Hz and 1000Hz.
From the previous analysis, it is possible to verify that the greater JND values are found for configuration A
for all frequency bands, varying between 1 and 9 JND. Configuration B follows, displaying lower JND
values, in octave bands, although always greater than 2. The configuration with lower values of JND is
configuration C. Looking at the average value, the JND values of the three configurations, in comparison
with the reflective one are quite expressive, ranging from 6 to 9.
Comparing the average reverberation times with the reference ones (see Table 3), configuration A would be
adequate for speech use or amplified music, configuration R for acoustic loud music, and configuration C
could be applied for opera music, while for quiet music the auditorium would not provide good sound quality
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(higher reverberation times are required). The extreme configurations will be further discussed regarding
other relevant acoustic parameters.
4.2

Speech Assessment

The Definition (D50) is related to speech intelligibility and is measured in linear scale, as the ratio
between the energy contained in the time interval of the first reflections (50 ms) and the total energy
of the impulse response. The higher the value of D50, the better the listener capacity to distinguish
each syllable, with values above 50% being considered as acceptable [15].
Figure 5 shows the Definition values (expressed in %), which correspond to average values on
several receiver positions, according to the above-defined zones. For the majority of the frequency
bands, the values are situated above 50%, varying from 48% to 74%. Values slightly below 50% are
registered in zone D (48%), for a frequency of 125 Hz, and in zone C (49%), at frequency 4000 Hz.
The average definition value (at frequencies 500Hz and 1000Hz) in the several zones is situated
between 70% and 71%, indicating a very good spatial distribution of this indicator.

Figure 5 – Definition (D50) obtained, when the variable acoustic solution provides maximum absorption
(Configuration A).

The Speech Transmission Index (STI) is a criterion used to quantify the measure of intelligibility of words,
with values varying between 0 (null intelligibility) and 1 (optimum intelligibility) (see Table 4). The STI is
measured by the speech signal modulation, starting from the condition that the speech signal is amplitude
modulated, and to have good intelligibility one should have the minimum possible deformation [15].
Table 4 - Relation between speech transmission quality and Speech transmission index (STI).
STI
< 0,30
0,30 – 0,45
0,45 – 0,60 0,60 – 0,75
Score
Bad
Poor
Fair
Good
Excellent
The analysis of this parameter is essential in the case of the use of the space for speech purposes, to verify
the measure of speech intelligibility in the sound environment. In the present case study, STI values range
between 0.62 and 0.66, as evidenced by the analysis of Figure 6, with the solution being characterized as
Good to oratory, according to Table 4. It is also important to note that a good spatial distribution of this
parameter was found.
Although STI is a parameter used to evaluate speech intelligibility, and therefore important in the case of
oratory/speech use, this value was also obtained for music configuration in order the evaluate its variation
(see Figure 6). In the case of the selection of the reflective configuration (Configuration R), the STI values
varied between 0.51 and 0.59, as shown in Figure 6. According to Table 4, this range is considered Fair.
7
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When compared with the values obtained using the most absorbent configuration, there is an increase in this
indicator of about 10%.

Figure 6 – Speech transmission index (STI), when the variable acoustic solution provides maximum absorption
(solid columns – Configuration A) and when the variable acoustic solution provides maximum reflection (dashed
columns – Configuration R).

4.2.1 Concert Assessment
The Clarity (C80) is a parameter associated with the characterization of a given space for music. According
to Arau [12], a classification of values can be defined which depends on the type of use of the indoor space.
For opera the recommended values vary between 2dB < C80 < 6dB, while for concerts values should lay
within -2 dB < C80 < 4dB.
Figure 7 shows the indicator C80, in octave frequency bands, by zones. It can be seen that, as the distance
from the source increases, the curves also increase in amplitude. The average values in the frequency bands
between 500Hz and 2000 Hz (also displayed in Figure 7) vary between 1 and 4 dB complying with the
recommended values proposed by Arau, for concerts.

Figure 7 – Clarity (C80) obtained in the auditorium, when the variable acoustic solution provides minimum
absorption (Configuration R), by zones.

The “amplification” of the sound by the room is described by the parameter Strength (symbol G), in dB, and
is defined in the ISO 3382-1 [14]. The strength is the sound pressure level in the room relative to the sound
pressure level in the free field at a distance of 10 m from the same source, which must be omnidirectional.
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When Strength, G, of a room is known, it is possible to estimate the sound pressure level at forte (f) in the
room when the emitted sound power at forte of the music ensemble,
is known, by using the following
relation from ISO 3382-1 [14]: L p  f   Lw  f   G  31 , in dB.
The perceived acoustics of the room for music is characterized by the Reverberation Time (RT) and the
Strength (G) as a function of the space volume, and there is an optimum range for these values to have
proper acoustics. If the Reverberation Time is too high the sound would be too muddy and if it is too low, it
would be too dry. On the other hand, if the room has too high Strength the music will sound too loud and
maybe quite annoying, and if the Strength is too low the music will sound weak and maybe disappointing to
listen to it [16].
According to the standard NS 8178 [13], the reference for the acoustic evaluation of a music room is the
sound pressure level at forte, Lp(f), within the range 85-90 dB for performance rooms. For a classical
symphony orchestra playing at forte, the sound power level is around 110 dB at forte and around 120 dB at
fortissimo. With these sound power levels, to obtain a sound pressure level at forte, a Strength (G) between 6
and 11 dB is required.
For the variable acoustic configuration R, the values of G given by zones are shown in Figure 8, in octave
bands and also after performing the average in the frequency bands of 500Hz and 1000 Hz. The average G
varies between 9.4 dB and 10.4 dB among different zones. The major difference is equal to 1 JND, according
to the reference provided in standard ISO 3382-1 [14] (for G, that standard indicates a JND of 1 dB),
meaning that there is a good distribution of this indicator within the auditorium. Analysing the reference
provided in the standard NS 8178 [13], we may conclude that the auditorium will provide good acoustics for
loud music.
The Strength provided by configuration A, which could be used for amplified music, was also computed and
is also displayed in Figure 8 (dashed columns). Comparing the results provided by this configuration with the
reflective one, the differences are very clear. In this case, the average result varies between 5 dB and 9 dB,
and the greater differences are found to be at seats near the stage, which are more influenced by direct sound.
In this zone (Zone A) the sound may appear too loud compared to the other zones where the maximum
differences are of 1 JND and Strength values decrease to 5 dB and 6 dB.

Figure 8 – Strength parameter (G) obtained in the auditorium, when variable acoustic solution provides
maximum reflection (solid columns – Configuration R) and when the variable acoustic solution provides
maximum absorption (dashed columns – Configuration A), by zones.
The early Lateral Energy Fraction (LF) is a parameter for the spatial impression of the room (a sense for the
listener to be surrounded by the sound). A room is acoustically very spacious if it makes a sound source be
perceived as “wider”. The LF is the linear ratio of sound which arrives laterally to the ear in the time interval
between 5 ms and 80 ms concerning the total sound from all directions, within the first 80 ms. In other
words, the LF shows the sense of sound spatiality. LF is generally measured from the impulse responses
9
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obtained using a “figure-of-8” microphone (to measure the lateral energy), in conjunction with an
omnidirectional microphone (to measure the total energy).
According to ISO 3382-1 [14], the recommended LF for music venues varies between 5% and 35%. A too
high proportion of lateral sound can be disturbing since it compromises identification with the performers.
The average value of LF is obtained from frequencies between 125 Hz and 1000Hz. This parameter is
displayed below (Figure 9) for Configuration R. For the present case study, this value varies between 0.190.32, which falls within the recommended range.

Figure 9 – Early lateral energy fraction (LF) obtained in the auditorium, when the variable acoustic
solution provides minimum absorption (Configuration R), by zones.
The major difference among zones is higher than 1 JND, but less than 3 JND according to the reference
provided in standard ISO 3382-1 (for LF, the standard indicates a JND of 0.05), meaning that, except for
zone A (near the stage), where the sound from source may be more prominent, in general, there is a good
distribution of this indicator within the auditorium and the sound will be perceived as “wider”.

5

Conclusions

In this paper, a variable acoustic solution, based on the use of perforated panel systems that may be suitable
to adapt the auditorium acoustic conditions to different types of use was addressed. While its surface
appearance is kept constant, the acoustic properties may vary by either closing the holes of the perforated
panel or changing the position of a porous material embedded inside the air gap. Sound absorption provided
by possible configurations was calculated using an analytical approach based on the Transfer Matrix Method
(TMM). Ray tracing simulations of an auditorium were employed to analyse the different possibilities in
terms of the room acoustic behaviour. Configurations providing maximum absorption and minimum
absorption of the proposed concept solution were discussed in detail through the evaluation of important
acoustic indicators for each type of use and allowed for the conclusion that sound quality may be achieved
for types of use such as speech, amplified music or acoustic ensemble music. It was also interesting to note
that a good spatial distribution of the calculated parameters was obtained for the configuration related with
speech use. Regarding music configuration, in general, the indicators display also a good spatial distribution,
although differences in some indicators were found, mainly bellow the balcony where less early reflections
reach this zone. Spatial impression of the room is also perceived as “wider” in the back seats than in the front
seats where sound energy that reaches this zone is mainly that from the stage.
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Abstract
Railway-induced vibrations in dwellings alongside railway tracks can give rise to complaints. Soft soil
conditions in the western part of the Netherlands is influencing this phenomenon and is getting more and
more attention. Monitoring vibration levels and good maintenance help to mitigate induced railway
vibrations and consequent complaints.
In our project we used existing telecommunication cables parallel to railway tracks (dark fibres) to
monitor vibration levels of railway traffic. Vibration measurements were performed before and after
maintenance (levelling) by a tamping machine. At the same time vibration measurements were performed
using a traditional set up of accelerometers placed in an array perpendicular to the track. Data from both
measurement techniques were analysed in the time and in the frequency domain.
The paper will show the influence of maintenance on the vibrations close to the track and will investigate
the potential to control railway vibration levels by using the dark fibres in communication system cables.
Keywords: vibrations, fibre optics, field test, maintenance, railways.

1

Introduction

Railway-induced vibrations in dwellings alongside railway tracks can give rise to complaints. In soft soil
conditions like e.g. in the Netherlands, this phenomenon is getting more and more attention. Good
maintenance can help to mitigate railway induced vibrations and consequent complaints.
Alongside railway networks, there is an existing lineside telecom cable network. Within these telecom cables
some optical fibres are not used, the so-called dark fibres, and could be used for measurements. The question
arises whether one can use these dark fibres for vibration measurements to gain insight in the need for
maintenance at all positions along the track? Application of this method avoids installation of equipment
along the track, since the measuring device to collect data from the dark fibre can be installed at nodal
locations in the fibre network from where one can measure 5-10 km along the railway line in both
directions.
Before answering the main research question, the following three questions must be answered:
• does the maintenance lead to a decrease of vibration levels in the environment
• can this decrease be observed in the embankment
• can this decrease be observed by optical fibres in the lineside telecom cables.
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The paper will describe a field test. Vibration measurements were performed using a dark fibre in the
lineside telecom cables just before and after maintenance work by a tamping machine. At the same time
measurements were performed using two sets of geophones just above the telecom cables together with a set
of 24 accelerometers in a field close to the track. This paper will show the results of the measurements and
will discuss the influence of maintenance on the vibrations close to the track and the possibility to control
vibration levels by using dark fibres in the lineside telecom cable network.

2

Measurements

A measurement site at a railway crossing near Culemborg was selected on the line Den Bosch - Utrecht for
the experiment and a measurement set-up was elaborated. The line Den Bosch - Utrecht is a railway line with
mixed railway traffic; intercity passenger trains, commuter trains to and from Utrecht and freight trains. This
specific site was chosen since train speed is limited due to track conditions and scheduled track maintenance
for improving the track geometry of the track section near a railway crossing.
2.1

Lay-out of test setup

Figure 1 shows the plan view and a cross-section of the set up. The existing fibre optic cable is at the west
side of the track close to the rim of the track embankment is indicated with a red line. The fibre optic cable is
situated at a depth of approximately 0.7 m. The geophones are placed above the fibre optics at surface level.
Two types of geophones are used: 4.5 Hz with distance 1 m geophones, indicated with black dotted line
numbering HF22 to HF70, and 1 Hz geophones with distance 5-10 m, indicated with blue dots at positions
LF00 to LF90. It must be noted that geophones measure vertical vibration velocity. The fibre optics cable
measures horizontal strains parallel to the rails.
The accelerometers were installed in a field near the track opposite of the geophones at the east side of the
track in two lines perpendicular to the track, 10 m apart. The accelerometers measure in two directions
(vertical and perpendicular to the rails) or in three directions (vertical, perpendicular to - and parallel with the
rails). The test site was situated well within the area of the maintenance work carried out at the site of the
level crossing and the adjacent railway segments.
Vibrations generated during a train pass-by propagate dominantly in outward direction of the track. This
means that waves passing the geophones parallel to the track differ physically from waves propagating in
outward direction passing the accelerometers perpendicular to the track. For this research, this is not a
problem: The research doesn’t focus on finding an exact transfer function between the vibrations in the
embankment and the vibrations in the environment, but tries to answer whether the vibration level (measured
with the fibre optics) in the embankment can be used as an indicator for the change in vibration level in the
environment (measured by the accelerometers).
In addition to vibration measurements, train speed and train length of each train pass-by was detected using a
pair of light sender and receiver gates installed in a 25 m speed trap at the measurement site. These are
indicated in Figure 1 by ‘Sluis A’ and ‘Sluis B’. By analysing the number and the sequence of wheel passby’s, travelling direction, speed, length and train type could be detected. Additional data could be provided
using data from a nearby waysite monitoring unit of ProRail and data from rail traffic management.
2.2

Data collection

The vibrations in the three parts of the set-up were collected in three separate processes. The sample
frequencies for the geophones and the accelerometers were 1000 Hz. The Fibre optics were applied with a

2

664

gauge length of 10 m, with at each meter a measurement position. The sample rate of the Silixa equipment
[1] is much higher (order MHz).

Figure 1 Overview of the measurement site south of Culemborg. Left top view, right cross-section looking in
Northbound direction (from Den Bosch to Utrecht)

2.3

Measurements in the field

Due to poor track geometry near the level crossing maintenance work was carried out during night hours
between November 10, 2020 and November 11, 2020 to correct the level of the rails by tamping the ballast.
The measurements were carried out the day before (9 November 2021 from 14:05 to 20:15) and the day after
the maintenance works (11 November 2021 from 10:05 to 19:05) during normal railway operation at
daytime. During this period 6 double deck intercity and 4 local trains passed each hour in each direction.
2.4

Data post-processing

The signals of passing trains are selected based on data from a pair of light sender and receiver gates of the
optical train detection. From each pass-by a time window of 30 s is taken for each type of equipment
(accelerometers and geophones and fibre optic cable). The vibration data was filtered using a band-pass filter
[1.0 - 100 Hz]. To evaluate the fibre optic cable data, data from a 90 m cable segment was selected, which
shares its position with the position of the LF geophones string situated at the measurement site. To
characterize the recorded signals in frequency domain we use power spectral density (PSD) estimation
technique [3]. Although the Dutch vibration Guidelines [2] assesses the vibration nuisance on the effective
vibration velocity, here the maximum vibration velocity Vmax is used for judgement.
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3

Description of measured trains and train type selection

For further analysis only trains of the same train type were selected from the data set. In addition, train
pass-by's of trains travelling in opposite direction and passing each other at the measurement site, were also
removed from the data set. For this analysis we selected double decker trains and commuter trains, type
sprinter of the Dutch railway company NS for further analysis. In total 90 and 94 train pass-by's of the
Double Decker train respectively the Sprinter were selected from the data. At least 45 train pass-by’s for
each type, in each direction and each measurement day
Train speed was computed using data from the optical train detection at the measuring site. Figure 2 shows
the average speed of the double decker and sprinter train pass-by's in both directions during two days of
measurements. In general, the average speed of the trains ranged between 90.5 to 99.0 km/h. The commuter
train (sprinters) ran at slower speed compared to the intercity double decker trains, particularly the ones
running on 11-11-2020 with average speed slower of 90,5 km/h and 92.5 km/h compared to 96 km/h of the
double decker trains. The differences between the speed are small. Therefore, the differences in behaviour of
the rail infrastructure before and after the maintenance works can be investigated by dividing the data set into
two separate groups of train types and comparing train pass-by's of the same traveling direction and the
same train type only.

Figure 2 Average train speed during measurements a) at 9 November and b) at 11 November. u means
direction Utrecht (Northbound) and db means direction den Bosch (Southbound)

4

4.1

Resulting vibrations in the environment

Comparison PSD and Vmax and train length

Comparison of the influence of the train length on the maximum vibration velocity Vmax and the average
PSD, shows that Vmax is almost independent of train length, while the PSD in general increases with train
length. The maximum velocity Vmax occurs when the vibrations generated by all axles (accidentally)
interfere. We assume that in the case of trains longer than four carriages, the distance between the measuring
device and the additional axles of the fifth and other carriages is too high for generating a significant increase
of the Vmax value. This is illustrated in the Figure 3, that presents Vmax for double decker trains as a function
of train length.
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Double decker passenger trains are used in a 4 or 6 carriage variant, called VIRM 4 of VIRM 6. In service
the VIRM trains can be driven as a single train or as a train composition consisting of two or three elements,
each with a VIRM 4 of VIRM 6 variant. Therefore, the train length can vary from 4 to maximum 12 and has
an even number of carriages.
The PSD calculates an average value as function of frequency over a prescribed time window which is
proportional with the amount of energy in the vibration. The duration of the vibration depends strongly on
the train length, and so will the energy in the vibration and the average PSD. Figure 4 shows the PSD as a
function of frequency and train length. The value of PSD increases with train length, as expected. In the
actual analysis, the influence of train length is not further investigated and only train type is considered as
variable, but for further interpretation this seems an important improvement.

Figure 3 Vibration velocity Vmax of train pass-by’s at 5 m (northbound ….●… u) and 9m (southbound --▲-db) as a function of train length ((number of carriages per train) for train type VIRM double decker

Figure 4 Power spectral density for vertical vibrations in point N05 for passing double decker, influence of
train composition (group is number of wagons).
4.2

Maximum velocities of environmental vibrations using accelerometer data

First, the environmental vibrations were analysed using data from the two accelerometer arrays
perpendicular to the track, see Figure 1. Figure 5 and Figure 6 show the influence of maintenance on the
maximum velocity, as an average of pass-by's of the double decker train (Train type --d--) and the sprinter
train (Train type --s--) for horizontal respectively vertical vibrations measured in sensor N09, which is
situated 9 m from the eastern track with northbound rail traffic in the direction of Utrecht (u left side bars),
and 13 m from the western track with southbound traffic in the direction of Den Bosch (db right side bars).
The difference in distance between the source and the transducers fully explains the lower values observed in
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the transducers for the direction Den Bosch (western track). The red colour refers to vibration levels before
maintenance, the blue colour refers to vibration levels after maintenance.

Figure 5 Comparison of maximum velocity for horizontal vibrations over all train pass-by's before (red) and
after (blue) maintenance works at signal N09H. See text for more information.

Figure 6 Comparison of maximum velocity for vertical vibrations over all train pass-by's before (red) and
after (blue) maintenance works at signal N09V. See text for more information.
To determine the influence of maintenance one must analyse vibration levels in the two traveling directions
separately, since the distance of the transducers to the two tracks are different, and for identical train types.
The answer is given in a statistical way using a single sided test. We test the hypothesis H0: Vmax reduces
after the maintenance, against the alternative hypothesis H1: Vmax doesn’t decrease We used the Student-t
distribution for this test.
Figure 7 shows the result of the statistical test as a function of distance to the source. In general, a hypothesis
is considered to be true if the p-value is below 0.05 (5%), meaning that the probability that the hypothesis is
true is a result by accident is less than 5%.
It is concluded that maintenance at this location led to a decrease of vibration level for the sprinter train. For
the double-decker trains in direction Utrecht the hypothesis must be rejected, and for the double-decker
trains in direction Den Bosch is must be accepted. The results lead to a smaller calculated P-value with
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increasing distance. This suggests that maintenance has more effect at further distances. The difference in
train type and track suggests that it might be needed to concentrate on specific frequencies for the vibrations
at the embankment, e.g. wavelengths that propagate to the higher distances. The derived PSD curves might
be needed for this study.

Figure 7 Critical values for hypothesis (H0 versus H1) on distance from the eastern track. Top the vertical
vibrations, bottom the horizontal vibrations; left the north line, right the south line.

5

Comparison measured signals of geophones and fibre optics

First, we compare the measured signals in the embankment by the geophones and fibre optics. The
comparison with the measured results in the accelerometers and the answer on the research question will be
discussed in Section 6.
Figure 8 shows the results for all equipment in the embankment at 45 m. The scales might be different, since
we were primarily interested in the influence of maintenance and using identical instrumentation before and
after maintenance, scaling factors are not yet essential.
Three important differences are visible
· In the low frequency range, a strong response at 2 Hz is visible in signals from southbound railway
traffic in the direction of Den Bosch. This is caused by the close pass-by of train bogies to the
devices at about 2 m distance. The distance between device and track for northbound railway traffic
in the direction of Utrecht is 5 to 6 m. There is no response visible at 2 Hz in these results . Passing
train bogies cause a quasi-static deflection of the track, which is very local in space and thus not
observed in the results of railway traffic in the direction of Utrecht. It is also not observed in the
results of the HF geophones. This aspect dominates the average PSD value and is therefore removed
from the fibre optic results with help of a 4.5 Hz high pass filter.
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·

The geophones show a clear peak at 45 Hz. This seems to be the frequency which is generated by the
axle passing over the sleeper distance: 0.6 m with 100 km/h is 46 Hz. This frequency is visible in
both geophone results, but not visible in fibre optics results.
The fibre optics shows a relatively strong peak at 18-20 Hz, which is not visible in the geophone
results, while the vibrations between 20 and 30 Hz in the geophones are not visible in the fibre optic
results. These frequencies seem too high for the set-up that we used for the fibre optics.

·

Figure 8 PSD from measurements at position 45 m on embankment. a) 1 Hz geophone, b) 4.5 Hz geophone,
c) fibre optics filtered at 1 Hz (low cut) and d) fibre optics filtered at 4.5 Hz (low cut). It refers to double
deckers, in both directions (to u is to Utrecht (northbound) and to db is to Den Bosch (southbound)).
We think that the tamping maintenance has the most important influence on the frequencies below 46 Hz,
since the most important part of the operation is the repositioning of the sleeper in the ballast. Due to the
stiffness of the rails, this leads to changes in track level with a wavelangth longer then the sleeper distance.
These results suggest that the set-up of the fibre optics must be adjusted to make sure that it captures the
frequency range to 50 Hz accurately.

6

The influence of maintenance on vibrations in embankment and the
environment

Figure 9 shows some results along the northern line. Per figure a), b) and c) the top row holds for double
decker trains and the bottom row for sprinter trains. The left column shows the PSD for northbound trains,
the middle row for southbound trains and the right column the averaged value of PSD over all trains. While
calculating this average value no distinction in train length is made, due to the very limited number of trains
per group.
For the sprinter the maintenance generally leads to a decrease of the vibrations, both in the embankment and
the environment. For the double decker this result is not very clear, often an increase is observed after
maintenance.
a general comparison of the change of PSD levels in the signals of the individual HF and LF geophones and
fibre optic sensors (numbered LF40/HF40 to LF60/HF60 in figure 1) at the position opposite of the accelerometers This doesn’t produce a uniform picture of changes. The double deckers to Utrecht always give an
increase of the vibration level, independent of the device (LF or HF geophone or optic fibre sensor).
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Figure 9 Comparison of the results in a) HF geophone in embankment, b) vertical vibration at 5 m from
eastern track (9 m from western track) and c) vertical vibration at 18 m from eastern track (23 m from
western track)
The sprinters to den Bosch always give a decrease of the vibration level, almost independent of the device
(all but one exception). The other two combinations Sprinter to Utrecht, Double Decker to den Bosch) often
show one device with a different direction of the change. This suggest a high variability of the results.
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Table 1 Direction of change of PSD of vibration velocity due to maintenance (+ is increase after
maintenance, - is decrease after maintenance)
double decker

sprinter

position

direction

LF

HF

FO

LF

HF

FO

40

to Utrecht

+

+

+

+

+

-

to den Bosch

-

-

-

-

-

-

to Utrecht

+

+

+

+

+

+

to den Bosch

+

-

+

-

-

-

to Utrecht

+

+

+

+

+

-

to den Bosch

+

-

-

+

-

-

to Utrecht

+

+

+

+

-

+

to den Bosch

+

+

-

-

-

-

to Utrecht

+

+

+

+

+

+

to den Bosch

-

-

+

-

-

-

45

50

55

60

It is important to realize that the fibre optics measure horizontal strains, while the geophones measure
vertical velocities. Hence there is no necessity to assume that the maintenance generates the same change in
these two measured properties (vertical velocity and horizontal strain).

7

Conclusions

The main result of this study:
• environment vibrations are reduced by maintenance, especially further from the track
• vibrations measured in the embankment with geophones reduces slightly after maintenance (i.e. vertical
vibrations)
• no reduction could be found in the measured vibrations in the embankment with fibre optics after
maintenance (i.e. horizontal vibrations)
The experiment could not proof that fibre optics can be used a potential monitor instrument to control
environmental vibrations. The results were dependant on train type, distance to the track and track.
For further research it is recommended to measure much more trains during a longer time interval before and
after maintenance. For the interpretation train type as well as train length must be considered. The fibre
optics must be able to determine frequencies till at least 50 Hz. The interpretation must be taken place in
narrower frequency bands.
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Abstract
To better understand the relation between annoyance and acoustic properties of environmental noise,
laboratory studies with defined noise samples are often performed. To reduce measurement effort, sample
generation through manipulation is an important approach. In some cases, it is necessary to use time-variant
filters, e.g., to extract signal components whose frequency content changes over time. The method presented
here is based on frame multipliers. This allows the definition of such filters directly in the time-frequency
plane. The versatility of this approach is illustrated using curve squeal of railway vehicles, which can comprise
narrow-band components affected by the Doppler shift but also broadband noise which may vary in intensity
and frequency range. Multipliers are used to extract the relevant signal portions and to combine defined passby noise samples with the extracted squeal noises to produce well defined test conditions.
Keywords: time-varying filtering, frames, multipliers, curve squeal, test stimuli.

1

Introduction

Due to the increased burden caused by environmental noise, research on the perception of such noise and on
mitigation measures is an important topic. Many laboratory studies have been performed focusing on the
relation between acoustic parameters, psychoacoustic parameters, and annoyance ratings under various
conditions. Examples for such studies are the effect of noise barriers for road traffic [1], railway traffic [2], or
the effect of different source conditions such as varying wheel roughness [3], the effect of rumble strips [4],
or different variants of high speed trains [5], among many others.
In the majority of cases, time consuming and costly measurements are the basis of such investigations.
Sometimes, if test data is difficult to acquire or not available from measurements, sound samples are modified
using simple time-independent filtering or scaling. For instance, in a previous work the spectral effect of a
noise barrier was considered based on the results of numerical simulations [2]. As the sound sample consisted
of stationary portions of a train pass-by, the effect of the noise barrier was assumed to be constant during the
duration of the sound sample although the barrier's effect on the contribution of each wheel is time-dependent
due to the motion. Clearly, this is a simplification and approaches such as time windowing or spectral filtering
may often not be sufficient, e.g. when clearly audible non-stationary components are present.
One example requiring more sophisticated approaches are rumble strips, where test data of different strip
parameters was generated using a combination of filtering and partially synthesized audio data [4]. If, however,
there is no sufficiently good model to generate artificial sound samples time-dependent signal processing may
be an option for the specific purpose.
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One such method are Gabor multipliers [6] which act directly in the time-frequency-domain and are a particular
way to implement time-varying filters [7]. To allow other kinds of time-frequency transforms one reaches the
more general frame multipliers [8]. The concept of such systems for signal modification is very simple,
analysis (i.e. transformation into the time-frequency-domain) is followed by point-wise multiplication with a
filter mask (i.e. the multiplier) and re-synthesis. While those operators are interesting from a mathematical
point of view [9][10][11], they also have applications in acoustics and signal processing [12][13][14][15][16].
A graphical user interface to apply such multipliers was implemented in the Large Time-Frequency Analysis
Toolbox (LTFAT [17], http://ltfat.org/) by the name of MULACLAB [18][19] and available for Octave and
MATLAB.
Here, railway curve squeal is used as an example to illustrate the usefulness of time-dependent filtering via
frame multipliers. Curve squeal is a railway specific effect that occurs in tight curves. There are two different
mechanisms producing curve squeal. In curves the wheels may periodically roll and then slide lateral leading
to a jerking motion (stick-slip effect [20]). This leads to an excitation of wheel modes which in turn results in
a narrow-band sound emission. If the propagation from the wheel to the microphone were time-independent,
a simple filtering approach may suffice to isolate the squeal. However, the wheel is moving with respect to the
observer and thus a time-dependent frequency shift known as the Doppler-effect occurs, resulting in a more
complex time-frequency pattern. The second mechanism causing curve squeal is when the wheel flange gets
in contact with the rail. The so generated noise is also called flanging noise or flanging squeal and is typically
a broad-band variant of curve squeal. Both variants will be discussed in this work.
The structure of the manuscript is as follows. First, frames and frame multipliers will be explained in some
detail. Then, an overview of MULACLAB (the implementation in the LTFAT [18]) will be provided. Some
details on the measurements are given and then different cases of combining curve squeal with regular passbys are demonstrated and discussed. The basic principles and the feasibility were presented in [21] using tonal
squeal. Here, this is extended to broad-band squeal. Since this previous publication is in German and to keep
the manuscript self-contained the main principles are also presented here.

2
2.1

Methods
Frames

One of the most important tasks in signal processing is the representation of a continuous signal by discrete
coefficients. A typical example is the Shannon sampling theorem [22], where an analog signal is represented
by discrete sampling values. In order to achieve this, one searches for atoms  k such that


f (t )   ck k (t )

(1)

k 1

for any reasonable signal f , e.g. 𝑓 ∈ 𝐿2 (ℝ), i.e. having finite energy.
The classical approach is to use orthonormal bases for  k , but redundant representations have found a lot of
applications recently [23]. To still guarantee perfect reconstruction one introduces the following concept:
A sequence of vectors   ( k ) k  K in a Hilbert space H is called a frame, if constants A, B  0 exist, such
that

A f

2

  f , k

2

 B f

2

.

(2)

k K
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Frames allow non-unique, redundant representations, but still allow perfect reconstruction. This is achieved
by using a dual frame, which always exist.
In this manuscript we use a discrete Gabor transform (DGT), i.e., a frame consisting of time- and frequency
shifted copies of a window g :

 m,n (t )  g(t  am)e2bn .

(2)

Thus, this is a short-term Fourier transform where m and n denote the temporal and spectral shift in the
time-frequency plane, respectively. With ab  1 and e.g. g (t ) a Gaussian window function this transform
fulfills the properties of a frame.

2.2

Multipliers

Multipliers are a way to define a manipulation directly in the transform domain. The analysis coefficients are
multiplied by a fixed symbol and the resynthesized. So, for the symbol or mask m   m k  k K and sequences

   k k K ' ,    k k K we define a frame multiplier as
M m ,  , f 

m

k K

k

f , k  k .

(3)

Here two different frames can be used. Most often a frame and its dual are used so that the multiplication with
symbol mk  1 corresponds to the identity.
In the MATLAB/Octave Large Time-Frequency Analysis Toolbox (LTFAT) frames are implemented in an
object-oriented approach, where any transform can be put in this context. We use a Gabor transform
implemented by dgtreal in LTFAT. The application of frame multipliers use framemul, but, in particular,
there is a special graphical user interface for those operators.
2.3

MULACLAB

MULACLAB is a graphical user interface for using multipliers as described above. It allows to import wavfiles for which the frame analysis coefficients representation is calculated and displayed. In our case this is a
time-frequency representation based on a Gabor transform, although essentially all important time-frequency
representations implemented in the LTFAT can be used such as Gabor-frames [24], Erblets [25], discrete
wavelet transform [26] and others and the parameters can be defined in a wide range.
On the basis of the representation, e.g. the spectrogram in the case of Gabor-frames, time-frequency regions
which contain the signal of interest are defined. For the definition of regions different operations are possible.
First, regions can be manually defined by drawing the appropriate outlines. Second, using the ''wand'' tool a
region around a defined point in the TF-plane can be generated using simple region growing. The dynamic
range can be defined in dB. Third, a simple sub-band can be defined which is similar to a time-invariant filter.
Multiple regions can be defined using either of the above-mentioned methods which are combined with the
already existing region(s) using different set operations: union, intersection, and difference. Furthermore,
multiple layers can be defined which are then applied sequentially. By default, the marked region in a layer is
cut out thus producing a hole in the time-frequency plane. Each multiplier defined in a layer can also be
''inverted'' by using the symbol (1  mk ) in order to remove the background around the region and thus isolate
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the desired signal component. The selection as well as the TF-representation can be stored and imported
directly.
After applying the multiplier, the modified signal can be played back and exported to a wav-file.
2.4

Data acquisition and processing

The usefulness of binary multipliers, i.e., mk {0,1} for our purposes will be illustrated using examples of
curve squeal. The data were acquired next to a railway curve in 25 m and 50 m distance from the track using
microphones. At 25 m a head-and-torso simulator was also placed which was used for binaural recordings,
however, these data are not shown here. From the microphone measurement at 25 m two sound samples of
length 5.8 s were extracted to demonstrate the approach. First, a suitable single instance of a narrow-band
squeal was identified in a pass-by of a cargo train with a speed of 80 km/h. To illustrate the broad-band variant,
an occurrence for a passenger train was chosen. Different clean pass-by recordings (i.e. train pass-bys without
any apparent tonal squeal or flanging noise) were used as a basis.
For the remainder of the paper the samples will be referred to as tonal or broad-band squeal recording and
clean recording, respectively.
The Gabor frame for the time-frequency representation used a Hann window and a window length of 1024
samples with a hop size of 256 samples and 2048 frequency bins.

3

Results

Figure 1 – Screenshot of MULACLAB in Octave. The upper panel shows the time-frequency representation
of the original signal and the selected region. The black circle and rectangle indicate the first and second seed
region for the region-growing algorithm. The lower panel shows the signal after applying the multiplier.
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Figure 1 shows the DGT of the original signal where the narrow-band curve squeal around 4 kHz is clearly
visible. The Doppler-shift can be nicely seen and thus it is clear that simple bandpass filtering will not suffice
to isolate the squealing noise.
The crucial step in this setting is the definition of a suitable cutoff-region which is difficult due to the noisy
background. Two main approaches could be used: manually drawn regions or a region growing approach.
Manually drawn regions will not be considered here but were illustrated in [21].
Using the ''wand'' tool of MULACLAB a region around the component of interest is generated (Figure 1).
Clearly, the starting point and the dynamic range are essential to define the size of the region. Here, a range of
25 dB was chosen and a starting point at the maximum of the squeal noise (circle in upper panel of Figure 1).
In a second step, another starting point was chosen with 20 dB to capture the initial phase of the squeal.
Either approach requires some experience and intuition about the signal in question. The sub-band definition
which approximates a time-invariant filter was not suitable for the signals used here.
When using the ''inverse multiplier'' the signal component of interest can be extracted (Figure 1, lower panel).
Due to the perfect reconstruction property the sum of the signal constructed with the multiplier and the inverse
multiplier is, up to a numerical error, equal to the original signal. This is a big advantage of the linear multiplier
approach.
When listening to either of the modified signals, i.e. the squeal alone or the squeal cut out, no musical noise or
distortion was audible. This may, however, also be a consequence of the non-stationary nature of the squeal
and train noise which may make it hard to identify any phase distortions in the signal. For the manual mask a
slight remnant of the squeal could be perceived.
To generate pass-by noise samples with curve squeal from recordings without squeal, the idea is to add the
squeal signal to the pass-by sample. There are two ways this can be done. The signal can be added with or
without cutting out the time-frequency tile in the clean signal where the squeal noise will be added with the
former approach being the more adequate as it avoids the summation of sound energies of the underlying passby noise of two recordings in that region. If the squeal is sufficiently high in level, this effect will probably be
negligible. However, e.g. when the magnitude is modified cutting out the signal portion before combining the
samples may become important.
In [21] the combination was done using the original squeal mask to cut out the pass-by noise before combining
the sounds. Here, a slightly different approach is introduced which is more flexible. Instead of using this predefined mask, the two time-frequency representations of the squeal and the clean signal are compared and a
binary mask is generated with regions of one where the squeal sample is higher in amplitude and of zero where
the clean sample is larger. To avoid too noisy a mask, i.e. small speckles of ones and zeros, a further step is
included. Applying morphological closing and opening operations where holes (small regions of zeros
surrounded by only ones) are closed and small regions of ones surrounded by zeros are set to zero. The mask
is applied to the squeal and the inverse mask is applied to the clean signal and these two are combined. A
further advantage of this approach is that modifications e.g. of the frequency are implicitly taken into account
which would be difficult using a predefined mask.
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Figure 2 – Tonal squeal combined with the rolling noise of a passenger train (upper panel) and a cargo train
with higher rolling noise (lower panel). The squeal has been frequency shifted to a center frequency of 5 kHz
before its application using a phase vocoder.
Figure 2 shows squeal-free pass-bys of a passenger train (upper panel) and a cargo train (lower panel) where
the squeal was added using the procedure described above. The cargo train had a much higher rolling noise
thus the squeal is not as prominent in the time-frequency plane. Note, that the tonal squeal in this figure was
further manipulated by changing the center frequency to 5 kHz using a phase vocoder [27].
Clearly, in this setting there is no objective way to evaluate the signals for the two methods as there is no clean
reference signal to compare to. A main issue for the comparison is that the background noise of a pass-by will
always vary, so two samples will never be identical. In [21] a rating was performed by an expert listener (the
second author) on how realistic the signals are and whether distortions are audible. The listener who is
experienced in the analysis of curve squeal was asked to identify which samples he thought were modified.
Different samples were prepared by the first author comprising the original pass-by with squeal and two
combinations of a section without squeal from the same pass-by and of the extracted squeal (with and without
6
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a-priori cutting out of the clean signal portion). Furthermore, two masks were used: one based on region
growing and a manually drawn. The expert listener was not aware which sample was the original squeal and
which one was modified.
Briefly, as expected, due to additional noise components the listener was able to distinguish the two different
recordings underlying the test, but he was not able to point out which samples were modified. All samples
were judged to be not modified. However, the added squeal was perceived as slightly more dominant than the
squeal in the unmodified recordings which may be a consequence of different background noise in the
recordings.

Figure 3 – Different approaches of combining broad-band squeal (flanging noise, second signal) with a clean
rolling noise sample (first signal). The third and fourth signal uses a simple filterbank of a high-pass and lowpass filter with a cut-off frequency of 3 kHz and 4 kHz, respectively. The fifth signal shows the results for the
multiplier approach. For the sixth signal, the squeal was attenuated before combining it with the clean signal.
Applying this method to broad-band stimuli requires some modification. Figure 3 shows first a clean sample
and second a broadband sample. Naturally, it is not possible to clearly identify the regions of interest. Thus,
no manual mask is generated for this application. However, it is necessary to define a transition zone below
which only the rolling noise of the clean reference sample will be present. In this example, the flanging noise
occurred during the pass-by of an otherwise relatively silent train. The clean sample is of a louder cargo train.
Here, a cut-off of 1.5 kHz was applied to the time-frequency representation of the squeal sample. Then, a
binary mask was produced using the procedure described above by comparing the clean and the squeal sample.
After the application of the mask the two signals were combined to result in the fifth signal in Figure 3. For
comparison, the two samples were also combined using conventional filters with a cut-off at 3 and 4 kHz. For
3 kHz it is clear that major portions of the clean rolling noise are gone which results in a muffled sound at the
beginning of the sample where the squeal is very weak. For 4 kHz the situation looks much better. However,
the results are clearly highly dependent on the choice of cut-off whereas for the multiplier one only needs to
take care that no low-frequency portion of the rolling noise of the squeal sample dominates the clean sample.
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Thus, it is possible to generate a highly controlled set of stimuli for perception tests. Furthermore, when
modifying the squeal by, e.g., attenuating the signal or changing the frequency content by using a frequency
dependent multiplier for example, the multiplier approach still works whereas for the filter a different cut-off
would need to be defined (sixth sample in Figure 3).

4

Conclusions

Summarizing, the presented examples illustrate the versatility of the multiplier approach using tonal and broadband curve squeal. As also previously reported, the generated samples sounded natural and no musical noise
or other distortions were audible. The tool MULACLAB which is part of the LTFAT was shown to provide a
flexible tool to combine masks generated using either a purely manual approach or region growing.
The method was illustrated to enable the generation of sound samples which would be difficult to acquire using
only measurements. The main objective was to produce samples which were used in a perceptual experiment
evaluating the effects of different variants of curve squeal on annoyance. The method allows to produce a set
of systematic variations of specific squeal noises.
For this, a range of modifications of the squeal before combining it with clean pass-bys was necessary. Here,
results of pitch shifting a tonal squeal as well as simple attenuation were illustrated, however other
modifications such as changing the spectral tilt of broad-band squeal can be easily implemented.
Comparing the spectro-temporal amplitudes of the squeal samples and the clean signal in order to generate a
mask for combining the two signals provides a method that does not require a large amount of manual
adjustments. However, as illustrated in the examples presented some knowledge of the signal properties is
required to set up the basic parameters.
Further processing can also be performed generating e.g. a spatialized tonal squeal sample based on headrelated transfer function. This sample can be included into a binaural recording using a head-and-torso
simulator. For this, the actual position of the squealing wheel over time needs to be considered. Initial
judgments of the expert show that adding the squeal sounds natural including the spatial impression. However,
probably due to the delay and amplitude changes between the channels, the opposite operation, i.e. removing
an unwanted signal may lead to some audible effects in the binaural case. This is a matter of further
investigation.

Acknowledgements
This work was in part supported by the Austrian Research Promotion Agency (FFG, project 860523), the
Federal Ministry for Climate Action, Environment, Energy, Mobility Innovation and Technology, and the
Austrian Federal Railways (ÖBB) as well as the project P 34624 of the Austrian Science Fund (FWF).

References
[1]

Nilsson, M. E.; Andéhn M.; Leśna, P. Evaluating road-side noise barriers using an annoyance-reduction
criterion. The Journal of the Acoustical Society of America, 124(6), 2008, 3561–3567.

[2]

Kasess, C. H.; Maly, T.; Majdak P.; Waubke, H. The relation between psychoacoustical factors and
annoyance under different noise reduction conditions for railway noise. The Journal of the Acoustical
Society of America, 141(5), 2017, 3151-3163, 2017.

[3]

Kasess, C. H.; Noll, A.; Majdak, P.; Waubke, H. Effect of train type on annoyance and acoustic features
of the rolling noise. The Journal of the Acoustical Society of America, 134(2), 2013, 1071–1081.

8

680

[4]

Kasess, C. H.; Maly, T.; Kluger-Eigl, W.; Waubke, H. Psychoacoustic evaluation of different rumble
strip designs. Proceedings of the Internoise 2019, Madrid, 2019, In CD–ROM

[5]

Vos, J. Annoyance caused by the sounds of a magnetic levitation train. The Journal of the Acoustical
Society of America, 115(4), 2004, 1597–1608.

[6]

Feichtinger, H. G.; Nowak, K. A first survey of Gabor multipliers, Advances in Gabor Analysis. Applied
and Numerical Harmonic Analysis, Birkhäuser, Boston, MA, 2003.

[7]

Matz, G.; Hlawatsch, F. Linear Time-Frequency Filters: On-line Algorithms and Applications.
Application in Time-Frequency Signal Processing, B. Raton (FL): CRC Press, 2002.

[8]

Balazs, P. Basic definition and properties of Bessel multipliers. J. Math. Anal. Appl., 325(1), 2007, 571–
585.

[9]

Stoeva, D. T.; Balazs, P. Invertibility of multipliers. Appl. Comput. Harmon. Anal., 33(2), 2012, 292–
299.

[10] Gröchenig, K. Representation and approximation of pseudodifferential operators by sums of Gabor
multipliers. Appl. Anal., 90(3-4), 2010, 385–401.
[11] Balazs, P.; Stoeva, D. Representation of the inverse of a multiplier. J. Math. Anal. Appl., 422, 2015,
981–994.
[12] Brown G. J.; Cooke, M. Computational auditory scene analysis. Computer Speech & Language, 8(4),
1994, 297–336.
[13] Majdak, P.; Balazs, P.; Kreuzer, W.; Dörfler, M. A time-frequency method for increasing the signal-tonoise ratio in system identification with exponential sweeps. Proceedings of the 36th International
Conference on Acoustics, Speech and Signal Processing, ICASSP 2011, Prag, 2011, In CD-ROM.
[14] Balazs, P.; Laback, B.; Eckel, G.; Deutsch, W. A. Time-frequency sparsity by removing perceptually
irrelevant components using a simple model of simultaneous masking, IEEE Transactions on Audio,
Speech and Language Processing, 18(1), 2010, 34–49.
[15] Olivero, A.; Torrésani, B.; Kronland-Martinet, R. A class of algorithms for time-frequency multiplier
estimation. IEEE T. Audio. Speech., 21(8), 2013, 1550–1559.
[16] Tauböck, G.; Rajbamshi, S.; Balazs, P.; Abreu, L. D. Random Gabor multipliers and compressive
sensing, Sampling Theory and Applications (SampTA) 2019, Tallinn, 2019, In CD-ROM.
[17] Søndergaard, P.; Torrésani, B.; Balazs, P. The linear time frequency analysis toolbox, Int. J. Wavelets
Multi., 10(4), 2012.
[18] Průša, Z.; Søndergaard, P. L.; Holighaus, N.; Wiesmeyr, C.; Balazs, P. The Large Time-Frequency
Analysis Toolbox 2.0. Sound, Music, and Motion, M. Aramaki, O. Derrien, R. Kronland-Martinet, and
S. Ystad, Eds., Lecture Notes in Computer Science, pp. 419–442. Springer International Publishing,
2014.
[19] Stoeva, D.; Balazs, P. A survey on the unconditional convergence and the invertibility of multipliers
with implementation. 2020.
[20] Thompson, D. Curve Squeal Noise. Railway Noise and Vibration, Elsevier, Oxford, 2009.
[21] Balazs, P.; Kasess, C.; Kreuzer, W.; Maly, T.; Průša, Z.; Jaillet, F. Anwendung von RahmenMultiplikatoren für die Extraktion von Kurvenquietschen von Zugsaufnahmen, e & i Elektrotechnik und
Informationstechnik, 138, 2021, 206–211.
[22] Zayed, A. I. Advances in Shannon’s Sampling Theory, CRC Press, 1993.

9

681

[23] Balazs, P.; Holighaus, N.; Necciari, T.; Stoeva, D. Frame theory for signal processing in
psychoacoustics. Excursions in Harmonic Analysis Vol. 5, R. Balan, J. J. Benedetto, W. Czaja, and K.
Okoudjou, Springer, 2017.
[24] Feichtinger, H. G.; Strohmer, T. Gabor Analysis and Algorithms - Theory and Applications, Birkhäuser
Boston, 1998.
[25] Necciari, T.; Holighaus, N.; Balazs, P.; Průša, Z.; Majdak, P.; Derrien, O. Audlet filter banks: A versatile
analysis/synthesis framework using auditory frequency scales. Applied Sciences, 8(1), 2018.
[26] Průša, Z.; Søndergaard, P. L.; Rajmic, P. Discrete Wavelet Transforms in the Large Time-Frequency
Analysis Toolbox for Matlab/GNU Octave. ACM Trans. Math. Softw., 42(4), 2016, 32:1–32:23.
[27] Průša, Z.; Holighaus, N. Phase vocoder done right. Proceedings of 25th European signal processing
conference (EUSIPCO-2017), Kos, 2017, 1006–1010.

10

682

General Session 24
Soundscape

683

Perceptual assessment of operation noises of equipment on
construction sites
Joo Young Hong1, Bhan Lam2, Zhen-Ting Ong2, Kenneth Ooi2, Woon-Seng Gan2, and Sung Chan Lee3
1

Department of Architectural Engineering, Chungnam National University, Daejoen, Korea (jyhong@cnu.ac.kr)
School of Electrical & Electronic Engineering, Nanyang Technological University, Singapore
3
Department of Architectural Engineering, Youngsan University, Gyeongnam, 50510, Korea
2

Abstract
This study aims to assess objective and subjective aspects of equipment and operational noises on
construction sites based on a laboratory experiment. Sixteen audio-visual recordings of machines on
construction sites were used as stimuli. In total, 53 participants took part in the laboratory experiments. The
participants assessed noises of construction machines using 12 pairs of bipolar semantic differential
adjectives to describe acoustic perceptions of the construction machine noises. Principal component analysis
(PCA) was conducted using the subjective responses on the 12 semantic differential scales. The PCA
revealed four principal components of perceptions construction noises, namely, Incisiveness, Strength,
Intermittency, and Periodicity. Cluster analysis was then conducted on the PCA results for the sixteen
construction noises. The results showed that the equipment noises on construction sites could be grouped
into three clusters in terms of perceptual characteristics.
Keywords: Construction sites, Equipment noise, Perception, Soundscape, Semantic differential.

1

Introduction

The number of complaints caused by construction noises has been gradually increasing due to increased
construction activities in highly dense urban environments. Unlike other types of environmental noise
sources such as transportation and industrial facilities, the acoustical characteristics of construction noises
are largely varying because construction tasks are changing throughout the construction stages. Also,
construction noises are characterized by high variability in noise levels and spectra-temporal characteristics
because various types of equipment are operating on construction sites during the construction periods [1,2].
Despite various acoustic characteristics of construction noises, noise regulations for construction activities
primarily consider the maximum permissible noise levels [3,4]. This implies that the current construction
noise regulation might underestimate spectra-temporal variations of equipment noises. Therefore, it is
necessary to explore various perceptual factors of operating construction machines affecting the annoyance
of construction noises. Therefore, this study aims to evaluate perceptual aspects of construction machine
noises. Specifically, two research questions are addressed: (1) What are the perceptual components of
construction noises? (2) Can we cluster construction noises based on the perceptual components?
To answer the research questions, a laboratory experiment was conducted using various types of
construction equipment noises recorded on construction fields. During the experiment, participants assessed
the perceptions of recorded construction noises based on a semantic differential method.
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2
2.1

Method
Stimuli

As shown in Figure 1, sixteen construction machines were selected as construction noise sources for the
laboratory experiment. 3-min binaural recordings of the operating construction machines were carried out on
construction fields in Korea using a binaural microphone (Type 4101, Brüel & Kjæ r (Sound and Vibration
Measurement A/S), Denmark) and a digital recorder (DA-21, Rion, Japan). The measurements were
conducted at a distance of 10 m from the construction machines, whereby the microphone was placed 1.5 m
above the ground and 3-min videos of each operating construction machine was simultaneously recorded
using a digital HD video camera (HDV V-1, Sony, Japan). For the laboratory experiment, 30-s audio and
video excerpts of each construction machine were excerpted from the 3-min recordings. Table 2 shows 30-s
A-weighted equivalent sound pressure levels (SPLs) of the 16 acoustic stimuli. A-weighted equivalent SPLs
of the (LAeq, 30s) ranged from 65.1 dB (Concrete mixer) to 92.0 dB (Concrete plant).

Figure 1 – Photos of sixteen construction machines.
Table 1 – 30-s A-weighted equivalent sound pressure levels (LAeq, 30-s) of the 16 acoustic stimuli.
Machine
(a) Breaker
(b) Crusher
(c) Forklift
(d) Earth auger
(e) Pile driver
(f) Air compressor
(g) Bulldozer
(h) Excavator

LAeq, 30-s [dB]
86.4
76.2
71.3
78.8
91.7
74.8
83.5
67.8

Machine
(i) Loader
(j) Pay loader
(k) Roller
(l) Concrete mixer
(m) Concrete plant
(n) Concrete pumpcar
(o) Concrete vibrator
(p) Asphalt finisher

LAeq, 30-s [dB]
83.5
83.3
76.7
65.1
92.0
81.0
86.7
83.6
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2.2

Subjective evaluation

A semantic differential test was employed to evaluate various perceptions of the construction machine noises.
Based on previous studies on perceptions of sounds [5–7], as presented in Table 2, 12 pairs of bipolar
adjectives were selected to include various aspects of perceptions of sounds including pitch sensation,
strength, variety, and fluctuation. Participants were asked to evaluate the perceptions of each construction
noise based on a 7-point bipolar scale of -3 to +3.
Table 2– Twelve pairs of bipolar semantic differential (SD) adjectives
No

Perceptions

SD attributes

1

Dull

Sharp

Dark

Bright

3

Low-pitched

High-pitched

4

Quiet

Loud

Gentle

Harsh

6

Un-energetic

Energetic

7

Boring

Lively

Smooth

Rough

9

Uneventful

Eventful

10

Non-stationary

Stationary

Continuous

Intermittent

Non-periodic

Periodic

2

Pitch

5

Strength

8

Variety

11

Fluctuation

12

2.3

Procedure

In total, 53 participants (25 males and 28 females) took part in the experiment. Mean age of the participants
was 23.4 (SD= 2.4). The study protocol used in this experiment was approved by the institutional review
board (IRB) of the Nanyang Technological University, Singapore (IRB-2017-07-025).
The acoustic stimuli were played to the participants through headphones (Beyerdynamic Custom One Pro,
Germany), while the video recordings were presented on a 23-inch display monitor (HP z23n, HewlettPackard, US). The laboratory test was conducted in a recording studio with LAeq,3-min of ~28 dB.

3
3.1

Results
Principal component analysis

To find the critical perceptions of construction machine noises, principal component analysis (PCA) was
conducted using the subjective responses of 12 adjective attributes. As shown in Table 3, four principal
components were found. Component 1 was highly associated with the attributes (Dull-Sharp, Dark-Bright,
Low-pitched-High-pitched, and Uneventful-Eventful), which could be interpreted as Incisiveness. Component
2 has high correlations with the attributes (Quiet-Loud, Gentle-Harsh, and Unenergetic-Energetic)
representing the Strength of construction machine noises. Component 3 had high component loadings of the
3
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attributes (Non-stationary-Stationary and Continuous-Intermittent), which could be characterized as
Intermittency of sounds. Component 4 only was correlated with the attribute (Non-periodic-Periodic)
representing Periodicity of construction noises.
Table 3. Rotated component matrices of the PCA using subjective responses for the 12 adjective attributes
Component (Explained variance, %)

3.2

SD attributes

Incisiveness
(43.6)

Strength
(11.5)

Intermittency
(9.3)

Periodicity
(8.8)

Bright

0.81

-0.04

0.03

0.06

Lively

0.75

0.29

0.18

0.10

High-pitched

0.69

0.34

0.10

-0.20

Sharp

0.67

0.51

0.14

-0.07

Eventful

0.65

0.21

0.27

0.17

Energetic

0.60

0.53

0.13

0.22

Harsh

0.24

0.90

0.05

0.00

Loud

0.20

0.87

0.02

0.06

Rough

0.16

0.80

0.22

0.03

Stationary

-0.16

-0.08

-0.85

0.16

Intermittent

0.17

0.13

0.78

0.25

Periodic

0.07

0.06

0.04

0.95

Hierarchical cluster analysis

Hierarchical cluster analysis (HCA) for 16 construction machine noises was carried out using the principal
component scores calculated from the PCA. As shown in Figure 2, 16 construction machine noises were
grouped into three clusters. Cluster 1 had eight equipment noises (air compressor, concrete mixer, concrete
pump car, crusher, earth auger, excavator, forklift, and roller), while six equipment noises (concrete plant,
asphalt finisher, loader, concrete vibrator, bulldozer, and payloader) were classified into Cluster 2. Two
machine noises (breaker and pile driver) were grouped into Cluster 3.

Figure 2 – Dendrogram of hierarchical clustering of 16 construction
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Figure 3 shows mean principal component scores of the three clusters. Cluster 1 showed negative
component scores for Incisiveness and Strength. This indicates that machine noises in Cluster 1 had lower
sound power with low frequencies. Clusters 2 and 3 exhibited positive Incisiveness and Strength scores,
However, Cluster 2 obtained negative Periodicity and neutral intermittency scores, whereas Cluster 3 had
highly positive component scores for Intermittency and periodicity. This indicates that Cluster 2 includes
machines with high noise levels and low temporal variation, while Cluster 3 contains either discrete impulse
noise (e.g., pile driver) or quasi-steady impulse noise (e.g., breaker).

Figure 3 –Mean principal component (PC) scores in terms of clusters.

4

Conclusions

This study aims to investigate perceptual components of operating construction machines and based on a
laboratory experiment. Sixteen audio-visual recordings of machines on construction sites were used as
stimuli. Multidimensional perceptions of 16 construction equipment noises were evaluated based on the
semantic differential method using 12 pairs of adjectives, which describe various acoustic perceptions of
construction noises. The PCA results revealed that there are four principal components (i.e., Incisiveness,
Strength, Intermittency, and Periodicity). Based on the PCA resutls, sixteen construction noises were
clustered into three groups. The mean Strength score of noise in Cluster 1 was relatively lower than those of
Clusters 2 and 3. Both Cluster 2 and 3 had higher Incisiveness and Strength scores, but Periodicity and
Intermittency scores of Cluster 3 were higher than those of Clusters 2. These findings demonstrate that
loudness and temporal variability of noises are important components to distinguish the three clusters of the
construction noises.
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Abstract
Since the European Noise Directive, noise mapping and actions plans are now part of everyday language for
those managing transport infrastructures. These instruments are targeted to year-long exposures in dwellings
near the infrastructure: after entering the motorway, passengers and drivers give up agency on their soundscape,
which is decided by the vehicle’s sound insulation. Service areas are an exception: they are effectively part of
the motorway, and thus not controlled by legislation, but users expect from them a restorative soundscape, which
is rarely offered. In this work, we present a set of measurements taken in two service areas near Florence. We
characterise them in terms of energy levels, semi-structured interviews, and more advanced perception-focused
indices, highlighting the potential limitations of classical methods. Finally, we discuss potential restorative
actions and their impact on users.
Keywords: soundscapes, short-term, indicators, service areas.

1

Introduction

First recognised by the European Noise Directive [1], quiet areas play a key and irreplaceable role in our modern
life: they offer respite from the acoustic siege to which we are exposed, since the early days of the industrial
revolution. Queit areas can be found even in the open countryside [2]....but not everywhere. When entering a
motorway, drivers give up the agency on wanted/unwanted sounds they may have at home: energetic levels that
would be intolerable elsewhere become a “necessary pain". With time, regulation (EU) No 540/2014 [3] will
progressively reduce the amount of traffic sounds reaching the drivers in passenger vehicles, but access to quiet
areas would be highly desirable, also on a motorway. A possibility in this direction is offered by service areas:
with other facilities, they could also offer them a restoring soundscape.
In this work, we describe a field survey carried out in two service areas near the Italian city of Florence,
in Tuscany. During the survey, we used both sound level meters (fixed and mobile ones) and semi-structured
interviews, to acquire a complete characterisation of their soundscape, both in terms of acoustic climate and
perception-focused assessments.
It is nowadays quite common, for the characterization of the soundscape in a certain area, to refer to a
combination of quantitative and qualitative elements [4, 5, 6]. Examples of the former are the geometrical
characteristics of the area and its acoustic climate. Examples of the latter are the individual aspects of perceived
sounds, as assessed in a specific spatial and temporal context. In this study, we present a preliminary exploration
on how the different parameters interact in places where users tend to stay as little as possible (see below), and
of how this knowledge may be used to improve the soundscape in motorway service areas.
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2

Experimental campaigns

In this work, we will refer to the current definition of “soundscape", as it appears on ISO 12913-1 [7]: “a
soundscape is an acoustic environment as perceived or experienced and/or understood by a person or people,
in context". This definition was crucial in determining the two locations for this study: since we were looking
for two different soundscapes under the label "service area", we sought for two places having different context
(e.g. sound sources beyond motorway traffic), but also, potentially, two different user groups.
“Arno Est", our first choice, is a classical motorway service area. It is located on the A1 motorway, along
one of the busiest motorway stretches in Italy: far from urban centres, but very close to the motorway. A
high-speed railway (see Figure 1a) is the other key source of sounds in the area. The station is relatively large,
with two different restaurants and shower-equipped toilets, with plenty of parking for both light and heavy
vehicles. This means that Arno Est has a very varied user base, including families and truck drivers, and a
fairly continuous flow throughout the day and the year. Nevertheless, peaks in user presence can be observed
throughout the day, in correspondence of meal times [8] and visitors typically stay longer than 30 minutes.
“Peretola Sud" is also located along the A1 motorway, but where the latter joins the A11 motorway: a
main way for commuters towards the centre of Florence. The location is close to urbanised area of Sesto
Fiorentino, with various productive activities nearby (see Figure 1b). Florence International airport (“Amerigo
Vespucci") is the other key source of sounds in the area. Peretola Sud is frequented mainly by drivers of
passenger cars and light commercial vehicles and much less frequently by truckers, partly because of the
absence of a restaurant inside and the very limited presence of parking spaces for heavy vehicles. Visitors are
therefore mainly commuting workers, on their way to Florence, who generally stop for breakfast and for short
periods of time. A quick search online confirms that the average customer stops for no longer than 15 minutes
and that the busiest time of day is between 7.00 and 10.00 in the morning [9].
We visited each station twice, in the months of May and July 2021. On the first visit, the areas were mapped
with microphone measurements to calculate acoustic indicators. This part of the study consisted mainly of
mobile measurements (30 min), with a synchronous continuous monitor (8 hours) used as a reference “acoustic
clock". The information from the first visit was used to plan the second one, which was focused on capturing
users’ perception and potentially the “non-acoustic" factors that influence the experienced soundscape. This
was done using semi-structured interviews (15-20 min), while a continuous monitor was used to check potential
changes in the acoustic climate between the two visits1 .
2.1. Acoustic measurements
The acoustic monitoring in each service area was carried out using a fixed monitoring station (also
known as “continuous reference") located near the motorway and two mobile measurement stations (“spot"
measurements). Both in Arno Est and Peretola Sud, the positions of the spots were selected taking into account
the noise map (courtesy of Autostrade per l’Italia through MOVYON) and proceeding radially away from the
continous reference monitor (see Figure 1). When different positions were available, the positions for the spots
were selected with the second survey in mind - i.e. in areas where human activities would be expected to be
higher, in the second visit (e.g. playground, smoking area, pic-nic area, parking area).
The spot measurements were carried out using two portable sound level meters (model 870, by 01dB),
mounted on a tripod at 1.5 m from the ground at at least 1 m from any other reflecting surface. The reference
measurements were carried out using the same sound level meters (model 870 by 01dB), but mounted in
monitoring stations with the microphone at 4 m from the ground. In all cases, the microphones were protected
with a windproof cap and the instrumentation chain had been recently calibrated for Class 1 [12]. In all cases,
the calibration was checked within ±0.5 dB at the start and at the end of the day with a portable calibrator (model
1
This was necessary to take into account potential weather effects on sound propagation, but also that the state-imposed rules for
lockdown changed, in Italy, between the two visits. In particular, during the first visit the Florence area was affected by a curfew from
10 PM to 5 AM, which was not present in July.
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(a) Arno Est

(b) Peretola Sud

Figure 1: Visualisation of the two service areas in this study. The pictures also show the noise mapping
contours (in terms of LDEN , obtained from Autostrade per l’Italia [10], the main sources of sounds in the areas
(e.g. the railway in Arno Est, the garbage treatment plant in Peretola Sud) and the locations of the
measurements. Maps were obtained from Google Earth [11].
CA200 by 01dB). Each of the service areas included a spot measurement indoor (e.g. near the restaurant tables),
which will not be discussed in this study.
2.2. Results of the measurement campaign
Figures 2a and 2b report the energetic level registered by the reference monitor as function of time,
respectively for Arno Est and Peretola Sud. In particular, the points reported in the graph refer to the periods
of time when a spot was simultaneously being measured (during the first visit), while the continuous line
summarises the LAeq,1h recorded by the monitor during the second visit. In both cases, very little difference
can be observed in the values recorded by the monitor.
It is worth noting that in Peretola Sud the energetic levels follow the number of visits (as reported by Google
[9]), confirming that most of the visitors arrive at breakfast time. This is not true for Arno Est, where the energy
levels measured by the fixed monitor peak when the number of visits recorded by Google [8] is at its minimum.
This may be because of the delay between the arrival recorded by Google and the delay in leaving the services
(e.g. truck drivers are actually travelling after lunch hours).
In both cases, however, the energy level measured by the monitor - (Lday = 72.8 ± 0.5 for Arno Est and
Lday = 68.8 ± 0.5 for Peretola Sud) - was much lower than the one appearing in the noise map. This could be
due to a difference between the indicators: since LDEN penalises the acoustic emissions recorded in the evening
and at night, in locations affected by motorway traffic (which tends to be constant over the day and the evening),
the additional weighting always gives LDEN ≥ Lday . Another possible reason could be the decreased number of
vehicles in circulation at the time of measurements (i.e. due to the local pandemic rules). One fact to support
this latter hypothesis is that the energy levels decrease more quickly than expected from a linear source i.e.
the level decreases quicker than what expected from the linear approximation used to obtain the noise map
contours. This is particularly noticeable in Peretola Sud (Figure 2d), where the energy levels decrease by 13 dB
when the noise map would suggest a reduction of less than 10 dB instead. However, since no significant change
was observed in the energy levels in July 2021, after the local lockdown had been relaxed, this hypothesis was
parked, waiting for further investigations.
In Arno Est (Figure 2c), the levels clearly show a more complex acoustic climate, since they decrease
towards the centre of the services to increase again getting close to the high-speed railway and to the parking
space for heavy vehicles.
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(a) Arno Est, reference

(b) Peretola Sud, reference

(c) Arno Est, spots

(d) Peretola Sud, spots

Figure 2: Results of the acoustic measurements: (a,b) values at the reference position as a function of time and
(c,d) spot results, reported as if they were simultaneous. Also shown in (a,b) is the relative presence of
customers at each service station, as reported by Google Maps [8, 9]. (c,d) also report the values of the
Harmonica index [13]. The colours on the side refer to the noise map contours of LDEN , but have also been
used in (c,d) to colour-code the measurements values. .
Figures 2c and 2d also report the value of the Harmonica index relative to investigated areas. Harmonica is
one of the many indices that have been developed after the European Noise Directive to bridge the gap between
time-averaged energy levels and user perception, taking into account background noise and occurrence of
events. As it can be seen, even if there is a significant decrease in energy levels, Harmonica gives approximately
a constant value across each service area i.e. HAE = 5.5 ÷ 6.2 for Arno Est (with the minimum in the parking
area for heavy vehicles) and HPS = 5.0 ÷ 6.3 for Peretola Sud (with the value decreasing with increasing
distance from the motorway). It is worth noting that, while Harmonica has no proven correlation better than dB
levels with perception, this indicator has been voted as much easier to understand that dBs and successfully used
to map road traffic in urban areas [14]. According to Harmonica, then, the two service stations are therefore
very similar.
2.3. Semi-structured interviews
In order to capture the visitor’s perception of the soundscape, we designed a questionnaire to run semistructured field interviews. It was inspired by the one proposed by Fields et al. in 2001 [15], but with some key
differences. The questionnaire that guided our interviews contained indeed the standard questions to describe
the interviewee (e.g age, gender, education, perception of noise at home, self-assessed sensitivity), common to
most experimental psychology studies, but also investigated whether the participant had auditory disturbs or
4
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was particularly interested in music. Moreover, all the wording “noise" in [15], was substituted with “sounds" to
avoid biasing the participants (as suggested by ISO 12913 [7]). In addition, all the questions were designed for
word-based 5-points Likert scales (e.g. “Never", “Very Rarely", “Rarely", “Occasionally", “Very Frequently",
“Always" for frequency questions), as this type of scales is deemed more appropriate than 11-point numerical
ones for in-person interviews. Finally, interviews were designed to last no longer than a successful marketing or
fundraising interaction (i.e. 15 minutes, according to the Market Research Society [16]). Last, but not least, our
interaction was designed to contain two listening experiences: one to identify and assess the sources present in
the soundscape and the other to place unwanted sounds in the context of the other potential critical points during
a visit to a service area (as identified by MOVYON). The study was approved by the local ethics committee (at
Sussex) and 30 interviews were collected for each site.
3.1

About the users

Figure 3 summarises the demographics of the 30 interviews collected in Peretola Sud (Questions 1-6). The
numbers show that we managed to collect responses from most age groups, with a prevalence of males (83%).
Most of the participants had at least concluded high school (83%) and the majority (57%) declared to be “very"
or “extremely" sensitive to noise. Similar results were obtained from the 30 interviews in Arno Est (77% males,
equally distributed among the age groups), where all the participants had at least a high-school degree and only
37% declared to be in the top two notches of the noise sensitivity scale. From the demographics, the two groups
(30 users each) were therefore similar, with a slightly more sensitive sample in Peretola Sud.

Figure 3: Demographics for Peretola Sud (from top-left to bottom right): gender, age group, education,
auditory problems, self-assessed sensitivity and relationship with music. .
The differences between the two user groups, however, started to appear when we asked how much time the
interviewee normally spent in a service station and how much of that time was spent outside (Questions 7-9).
In Peretola Sud, 57% of the participants in the study shared that they would spend “less than 15 minutes" at the
services, with 37% spending “between 15 and 30 minutes". In Arno Est, an equal number of the respondents
would spend either “less than 15 minutes" (40%) or “between 15 and 30 minutes" (43%), with all the others
(17%) planning a visit “between 30 minutes and 1 hour". Considering that, in both cases, most respondents
would not want to spend more than 50% of their time outdoor (e.g. for smoking a cigarette) and that 30 minutes
is the minimum for a quick lunch or dinner, this difference seems to confirm the information we had on the user
base of the two service stations when we selected them: Peretola Sud is mostly active at breakfast, while Arno
Est also collects customers for longer stays.
In this study, we will not discuss the attitude reported by the participants towards the presence of unwanted
sounds at home (Questions 16-19).
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3.2

About the soundscape

At this point in the interview (Question 10) the participant was asked to listen to the different sources in the
soundscape. Since the start of soudscape research [17], listening whas been a key activity for the classification
(and the enjoyment) of soundscapes, so we felt it was crucial to have this aspect in our evaluation. Due to
time constraints and the need to respond to users potentially staying for only 15 minutes, it was not possible
to fit a soundwalk in our interview, even if these exercises have become a practical and widespread way to
evaluate soundscapes [5, 18]. We therefore asked, following [15], how much different sources were present in
the soundscape and how much “annoying or bothering" they were2 .

(a) Arno Est, detected sound sources

(b) Peretola Sud, detected sound sources.

(c) Arno Est, judgments on the sources.

(d) Peretola Sud, judgement on the sources.

Figure 4: Results of listening experiences in Arno Est (a,c) and Peretola Sud (b,d) in terms of sources noted
(a,b) and of judgment on these sources (c,d). The bubble plots (c,d) represent with the size of the bubble the
number of answers in a specific combination (e.g. the people saying that traffic sounds were “always" noticed
and were “always" annoying or bothering them was bigger in Arno Est than in Peretola Sud). .
The results can be found in Figure 4. In Arno Est, traffic sounds dominate perception, followed by
“mechanical" sounds and “railway" sounds (Figure 4a), with natural sounds almost not present. In Peretola
Sud, the second source most detected (after “traffic") was instead “natural sounds" (Figure 4b), with only 1-2
persons reporting aircraft sounds from the nearby airport. Focusing on the sounds from traffic (Figures 4c and
4d), they were found to be more annoying in Arno Est than in Peretola Sud.
Following the listening experience, interviewees were asked to give an overall judgement of their experience
(Question 11: “How do you evaluate the quality of the soundscape around you") and to compare it with their
expectations (Question 12: “Do you think the soundscape is appropriate for a service area?") and the general
environment (Question 13). Expectations are a key aspect of soundscape assessment [19, 5] and it is on this
scale that the greatest differences between the two service areas were found.
2

In translating the classical definition of annoyance into Italian, we removed the word "disturbing", as it is linked better to long-term
exposure
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As shown in Figure 5a, in fact, while the judgment on the soundscape was almost the same, the expectations
of the two user groups were very different: in Arno Est the respondents thought that the acoustic climate did
not fit their expectations, while in Peretola Sud our participants could hear the sounds they expected in a service
station. The fact that the average soundscape judgement in Arno Est is greater than the average one in Peretola
Sud (see 5a) suggests that our listeners may have been pleasantly surprised by the soundscape in Arno Est. A
component of this result was the average judgement on the general environmental quality, which was above
“average" in Peretola Sud and just below ‘average" in Arno Est (see Figure 5b.

(a) Perceived soundscape vs. Expectations

(b) Perceived soundscape Vs. General Environment.

Figure 5: Questions following the listening experiences: soundscape assessment vs. expectations (a) and vs. a
judgement on the general quality of the environment (b). .

3

Discussion

In this paper, we have used measurements and semi-structured interviews to capture the soundscape in two
service areas, which proved to be different both in terms of acoustic climate and user base. With our study, we
have already highlighted the limitations of dBs and the opportunities offered by perception-focused surveys,
but the point is that both these instruments have been designed for capturing impressions over the soundscape
which have developed over long-term. Even if there is some evidence that 16 minutes are sufficient to develop
an acoustic judgement over a soundscape [20] and there are different attempts to capture acoustic perception
“there and then" (see e.g. [21] and [22]), there is not an established way to capture short-duration acoustic
perception yet.
This challenge was even stronger in this study, where (e.g. in Peretola Sud) we expected the average visit
to be long 15 minutes or less. We decided therefore to solve this impasse by forcing an interaction between
the users and the surrounding acoustic environment, lasting at least 16 minutes (i.e. our structured interviews).
This choice was reinforced by running two listening experiences within the semi-structured interviews (the first
typically at minute 5 and the second at minute 14) and by taking measurements lasting at least 30 minutes.
The complementary analysis of measurements and questionnaires gave a more comprehensive picture of the
soundscape in the two selected areas.
Our study highlighted how visitors minimise the time they spend in service areas and particularly outdoor,
where the soundscape is potentially compromised by exposure to traffic sounds. If service areas want to offer
restoring quietness to drivers, their soundscape needs to be improved. The design of actions in this direction,
however, depends on the unresolved (but crucial) link between objective measurements and semi-structured
interviews. Part of the challenge is making this link is due to the inherent difficulty of interpreting Likert scales
[23], but a much larger part comes from the non auditory factors impacting on acoustic judgements [24]. As
our contribution to the design of such action, we would like to share the following line of reasoning:
– First, we calculated the percentage of “highly annoyed" (%HA) by counting for each site the number of
people who answered “Very much" and half of the interviewees who answered “Somewhat" [25]. This
7
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gave us %HAAE = 40.5 and %HAPS = 26.5. While %HA is a biased indicator of perception, it is one
that has been studied by many [25].
– Second, we compared the “measured %HA“ with the value expected from the energy levels where each
interview was conducted, using the curves published by the World Health Organisation in 2018 [25] (see
Table 1). This was possible since the measured values only changed within 1 dB(A) between May (1 st
visit) and July (2nd visit). As shown in Table 1, in both service areas the measured value of annoyance
is much higher than the one calculated using Lspot /dB(A) and the WHO curves. In the case of Peretola
Sud, however, the measured %HA was very similar to the one obtained from Lday /dB(A), hinting that
it is the most energetic sounds that decide how the mostly annoyed classify a soundscape, at least for
short experiences and in places where the general environment is pleasant. For this type of users, actions
should be focused at reducing the most energetic sounds (e.g. with small places offering respite from
intruding traffic sounds).
– Third, we tried to attribute the remaining difference in %HA to non-auditory factors, looking at
correlations with noise sensitivity, gender and education, but did not find a sufficiently strong effect.
Recent studies, in fact, show that it is the most sensitive that benefit from restorative actions in places
near motorways (see [26]).
– Finally, we realised that there was a correlation between lower expectations and higher perceptions of the
soundscape (see Figure 5a). Equally, we noticed how positive soundscape experiences were correlated to
positive judgements on the overall ecological quality of a site (see Figure 5b).
It is known that the presence of desired sounds, such as natural sounds due to biophony and geophony, is
more acceptable to humans than technological sounds and the sounds generated by vehicle traffic [27, 28]. If
expectations are therefore key to acoustic judgements, at least for short experiences like the ones in this work,
actions to improve the soundscape could be based on the introduction of visual and sound installations eliciting
surprise in the users (i.e. masking). Future studies, and a larger number of interviews in different sites, will be
needed for more solid conclusions.
Table 1: Comparison of measurements and interviews on the scale of annoyance. Energetic levels refer to the
positions of the interviews (Lspot /dB) or to the continuous monitor (Lday /dB).

4

Location

“Very much"

“Somewhat"

%HA

Lspot /dB

Lday /dB

Arno Est

17.0%

47.0%

40.5

72.9

Peretola Sud

20.0%

13.0%

26.5

68.8

%HA (from
Lday )

%HA (from
Lspot )

65.0

33.0

20.9

56.0

27.0

11.0

Conclusions

In this work, we have used a combination of measurements and semi-structured interviews to characterise
the soundscape in two service areas near Florence (Italy): Arno Est and Peretola Sud. Our study showed that
the label “service area" may hide different soundcapes, both in terms of users and context. For this study, we
designed an interaction-guiding questionnaire to assess perception for short-term users, which typically stayed
at the services for less than 30 minutes. Our questionnaire included a listening experience and the interviews
highlighted a key role of expectations in the self-reported acoustic judgements.
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Abstract
The results of many years dedicated to applying the methodology of touring architectural spaces blindfolded
are presented. This provides the Architecture student, the Master and Doctorate student in Architecture, and
especially the Acoustic Engineering student, an unusual teaching about how they sound, and specifically
about the need or not to qualify them, or even to design new sounds.
In order to experience it for oneself, and that the different spaces can be traveled without danger, the Daumal
method is based on forming teams of three people, who alternatively perform the roles of blind, guide and
notary, traveling a pre-established or random itinerary by the city and its buildings, and discussing perceived,
and recorded, auditory sensory sensations. In short, you can see how the morphology, as well as the materials
and finishes, of pavements, walls, ceilings, vegetation, fountains and waterfalls, present both indoors and
outdoors, all intervene in how architecture sounds and resonates. Cases that can constitute a sound tour to be
carried out in the city are even detected, and the elements that can be classified as Sound Intangible Cultural
Heritage.
Resumen
Se presentan los resultados de muchos años dedicados a aplicar la metodología de recorrer los espacios
arquitectónicos con los ojos vendados. Esto proporciona al estudiante de Arquitectura, al del Master y
Doctorado en Arquitectura, y especialmente al de Ingeniería Acústica, una enseñanza inusual sobre cómo
suenan los mismos, y en concreto sobre la necesidad o no de cualificarlos, o inclusive de diseñar nuevos
sonidos a lo largo de esos recorridos.
Para experimentarlo por uno mismo, y que se puedan recorrer los distintos espacios sin peligro, el método
Daumal se basa en formar equipos de tres personas, que de forma alternativa realizan los papeles de ciego,
lazarillo y notario, recorriendo un itinerario preestablecido o aleatorio por la ciudad y sus edificios, y
debatiendo las sensaciones sensoriales auditivas percibidas, y registradas. En definitiva, se aprecia cómo la
morfología, así cómo los materiales y acabados, de pavimentos, paredes, techos, vegetación, fuentes y
cascadas, presentes tanto en un interior como en el exterior, intervienen todos ellos en cómo suena y
resuena la arquitectura. Inclusive se detectan los casos que pueden constituir un recorrido sonoro para
realizar en la ciudad, y los elementos catalogables como Patrimonio Cultural Inmaterial Sonoro.
Palabras clave: Percepción acústica ciudad, recorrido sonoro, método Daumal, adjetivación acústica,
psicoacústica.
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1

Introducción

Hace años, con bastante experiencia adquirida en el método, escribimos con Jimena de Gortari uno de los
primeros textos referente a este método para el congreso Tecniacústica 2010 realizado en León [1]. Dentro
de los módulos dedicados a Psicoacústica y Sistemas de Refuerzo Sonoro, se proponía a los alumnos del
Máster en Gestión y Evaluación de la Contaminación Acústica de Granada y también a los del Máster en
Ingeniería Acústica (especialidad Arquitectónica) de Cádiz, un ejercicio sobre la percepción acústica del
espacio arquitectónico y natural en ausencia total del sentido de la vista. Desde entonces han pasado varios
años con ejercicios similares destinados a los estudiantes de arquitectura, licenciados, estudiantes de Masters
e incluso al público en general en todas las edades, incluyendo los niños, y con las mascarillas exigidas estos
últimos años por el Covid 19. Ahora volvemos a recuperar algunos de estos alumnos para continuar el
método.

2

Objetivos

El objetivo de este ejercicio consiste en observar qué sonidos se presentan en el paisaje sonoro de la ciudad
como agradables y cuales como molestos, valorar si hay sonidos característicos y dignos de perdurar, y
evaluar también a qué ruidos se presta más atención, comprobar cómo el ruido del tráfico y de las obras,
enmascaran la mayoría de sonidos de la ciudad, y cómo podemos adjetivar todos estos sonidos.
El hecho de recorrer con los ojos vendados los espacios arquitectónicos, tanto dentro de los edificios como
en los exteriores, proporciona al individuo una enseñanza inusual sobre cómo suenan los mismos, y sobre la
necesidad o no de analizar o incluso rediseñar sus sonidos.
Como objetivo principal, se pretende enseñar que tanto la morfología, como los materiales y acabados de
pavimentos, paredes, techos, vegetación, fuentes y cascadas, todos intervienen en cómo suena y resuena la
arquitectura y por consiguiente, que sensaciones transmite al que la transita o habita.

3

3.1

Metodología

Metodología general

Para el éxito de cada taller, en primer lugar se proporcionan las bases pedagógicas en una clase previa, donde
se señalan los objetivos y se proporciona la metodología específica y equipo material necesario. Se forman
los diferentes equipos con tres personas afines o al azar, y se realiza una prueba previa donde el profesor
muestra los distintos estadios del proceso.
Con ello se intenta establecer unas relaciones de gran confianza entre los tres intervinientes de cada equipo,
que de forma alternativa realizarán los papeles de ciego, lazarillo y notario, recorriendo un itinerario
preestablecido o aleatorio por la ciudad.
Se discuten los resultados de otras realizaciones similares a nivel nacional e internacional, pero se muestra
que en ninguna de ellas se utiliza el sistema aquí descrito para experimentarlo por uno mismo.
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Se realiza una experiencia previa indoor con cada equipo, para mostrar y superar las dificultades específicas,
y señalar los momentos de cambio, a fin de que todos participen alternándose en los papeles de ciego,
lazarillo y notario.
Se procede a efectuar el recorrido exterior e interior guiado por el profesor en su etapa inicial, y se deja que
cada equipo realice su recorrido, hasta encontrarse de nuevo una vez finalizado el tiempo y todos los
cambios.
El trabajo continúa luego puesto que cada participante debe entregar individualmente su experiencia en cada
uno de los tres papeles, para lo que es oportuno cruzar sus resultados con las aportaciones de los restantes
miembros del equipo.
Al final de la experiencia, se exponen en público los trabajos y se establece un coloquio con todos los
equipos, previo a su corrección [2].
Obviamente aparecen las características acústico-espaciales del sector de la ciudad escogido o recorrido por
todos ellos, donde se exponen los más ruidosos y calmados, los más señoriales, incluso los más nobles, y se
contrastan con las sensaciones exclusivamente auditivas, que hacen que la vivencia de la ciudad haya sido
distinta a la simple percepción visual con que cotidianamente la contemplamos. Aparecen lugares vacíos de
sonidos, donde se debería rehabilitar la ciudad para que tenga voces oportunas, y otros con un patrimonio
cultural inmaterial sonoro de gran riqueza, que incluso precisaría ser conservado y catalogado como tal. Ver
la Ficha 1.

Ficha 1. Ficha de itinerario para els batecs dels barris, realizada por Eleni Papageorgiou

3.2

Metodología específica

Constituye el cuerpo principal del proceso. Para experimentarlo por uno mismo, y que se puedan recorrer los
distintos espacios sin peligro, el método se basa, como se ha indicado, en formar equipos de tres personas y
asignarles unos papeles específicos de ciego, lazarillo y notario, que serán rotatorios.
El Ciego. Se le enseña cómo colocarse la venda (alguno se llegó a vendar también los oídos), y cogerse del
compañero (Lazarillo) que le acompañe. Se dedican varios minutos a darle confianza con su Lazarillo. En
todos los casos se recomienda que al menos, el que hace de ciego se adapte a ese papel durante 5 minutos
antes de empezar el recorrido. Las instrucciones son que el Ciego proporcione el máximo de información
sobre lo que percibe sin la visión. Cuando realiza el itinerario debe indicar a quien haga las funciones de
notario, colocado al otro lado, las características espaciales y acústicas del lugar donde se encuentre. Por ello,
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debe expresar constantemente lo que percibe con el sentido auditivo, a ser posible adjetivando los diferentes
espacios de su recorrido y todo lo que va sintiendo al recorrer la ciudad, sus edificios y espacios interiores y
exteriores.
El Lazarillo. Su función es la de elegir un itinerario aleatorio, salvo si este se ha preestablecido, y guiar al
ciego cuidando siempre de su seguridad y proporcionarle tranquilidad. El Lazarillo trata de buscar lugares
que sean contrastados y donde el ciego pueda describir diferentes ambientes, interiores-exteriores, ruidosossilenciosos, estáticos-dinámicos, estrechos-amplios, abiertos-cerrados, calles-plazas, cóncavos-convexos,
lúdicos-fabriles, etc., y los pueda adjetivar sonoramente hablando. Cuando lo considera interesante se puede
parar (Estación) para que el ciego experimente de forma más reflexiva con ese lugar. En los itinerarios
aleatorios, escoge el ritmo en que se recorren, y aquellos sitios en los que detenerse. Puede ayudar al equipo
portando la grabadora y el sonómetro si procede. Es muy importante su papel, porque elije el itinerario a
recorrer, los soportales donde pasar, las tiendas a las que entrar, etc.
El Notario o Auditor. Es el que realiza el mayor trabajo, puesto que debe levantar acta de todo lo que ocurre,
vea y escuche, tanto del ciego como de su realidad. Anota todo lo que dice el ciego y lo contrasta con lo que
cree ver; lugar, hora, tipo de espacio, sensación sonora, etc. También puede ayudar realizando dibujos y
esquemas, así como fotografías y vídeos. Tiene el papel de auditor, tanto en el sentido en su papel de
escuchar, como de la veracidad de lo que dice percibir el ciego.
Al cabo del tiempo asignado, se invierten los papeles. Ahora el que hacía de Lazarillo hará de ciego, el que
hacía de Notario hace de guía, y el que hacía de ciego hace de Notario. Este cambio, proporciona
complicidad entre los que interpretan estos papeles. Finalizado el tiempo asignado se vuelven a turnar.
Cuando finalmente los tres han interpretado todos los papeles, es cuando se reúnen con el maestro para
finalizar la visita in situ de la ciudad, o para debatir sobre la experiencia. Fotografía 1.

Fotografía 1. Itinerario con el método Daumal por el Barrio Gótico de Barcelona. Fotografía del autor.

4
4.1

Resultados
Trabajo inicial del colaborador

El trabajo realizado para el Master en Acústica Arquitectónica de la Universidad de Cádiz (UCA) - Curso
2010, Asignatura Psicoacústica, por Joaquin Serrat González, respondía las siguientes preguntas
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4.1.1 ¿Cómo crees que tú influyes en el paisaje sonoro que te rodea? Y ¿Cómo crees que el paisaje
sonoro que te rodea influye en ti?
Esta clara que la influencia que ejerzo sobre el paisaje sonoro que me rodea, es importante, al igual que
cualquier individuo de esta sociedad que tenga relación con su entorno. En mayor o menor medida, nuestras
costumbres y hábitos, influencian en nuestro entorno.
Son muchas las conductas ruidosas que inconscientemente ejercemos. El trasladarnos en coche o
motocicleta, el vivir en compañía de animales (perros, gatos o pájaros que ladran, maúllan o pían). El poner
el equipo de música en tu vivienda a un volumen alto o utilizar máquinas de bricolaje para realizar cualquier
apaño. El silbar armoniosamente mientras vas en bicicleta, en definitiva, cualquier acción que realicemos
llevará asociada un nivel de ruido producido, que si llega a otro individuo con un nivel equiparable o
superior al ruido de fondo que le rodea, le afectará de forma agradable o desagradable, según opinión
subjetiva de este.
De una misma forma lo que el resto de la sociedad y mi entorno, afectan a mi persona, ya que percibo
sonidos los cuales me influencian en mi estado anímico y emocional.
Donde yo vivo, a 10m de la playa, reina la calma casi todo el año (menos en verano). Por lo general el
murmullo del mar y el viento son los compañeros sonoros dominantes, cuando ningún elemento
electrodoméstico multimedia, no domina la atención sonora de la casa.
Vivo en una casa de finales de 1800, con muros y paredes interiores de 50-60 cm de espesor, por lo que
tengo un aislamiento a la calle muy alto, quedando envuelto por el ruido del mar y del viento que se
introducen en mi casa por el patio interior.
De todas formas, al salir, ir a un bar o restaurante, pasear por la calle, no me gusta oír ruido de tráfico,
grandes aglomeraciones de gente en sitios cerrados, con altas reverberaciones (cafeterías, bares o
restaurantes). Me molestan tremendamente los tonos intensos y penetrantes de las maquinarias de frio, los
ruidos periódicos se convierten en estresantes y se van introduciendo en la cabeza de una manera molesta e
insistente.
En conclusión, cuando el entorno acústico es de mi agrado, duermo mejor, estoy mas alegre, si oigo alguna
melodía agradable, la suelo tararear, el escuchar una voz esperada o un sonido que asocio a algo deseado me
suelo poner contento. Por el contrario, al oír un sonido desagradable, la opción normal es evitarlo, ya sea
yéndome del lugar o aislándome de ese ruido.
4.1.2 Reflexiona sobre tu relación con el sonido y el paisaje sonoro que te acompaña habitualmente en
tu casa, trabajo, tiempo libre, etc. Cumplimenta el siguiente cuadro:
•

MI PAISAJE SONORO, Ciudad: CHIPIONA

•

SONIDOS AGRADABLES

Registros Musicales (canciones), me alegran, recuerdos, el propio ritmo y melodía me hacen sentir.
Sonidos de la naturaleza (mar, aire) me relajan, son suaves
Sonido fuego chimenea, me relajan
Sonido de la ducha, o la lluvia, me gusta
Sonidos del campo, por lo general llenos de muchos matices, que cuando no les presto atención no me
molestan y cuando se la presto me relajan y me divierten, como si fuera un crucigrama, intentando identificar
sonidos entremezclados.
El andar de mi pareja me da buen rollo porque quiere decir que esta viniendo.
•

SONIDOS DESAGRADABLES
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Ventiladores de los ordenadores (tengo bastantes) persistentes y desagradables.
Vehículos acelerando (motos) estridentes y a veces asustan.
Claxon de coches en bodas y parecidos, no comparto esa afición,
Ladridos de perro, obras cercanas (vecinos) en horarios intempestivos me levanto con cualquier ruido
extraño. Por suerte en mi habitación no hay ruido, tal vez por eso me molesta tanto.
Golpes secos, tales como portazos.
Maquinaria de aires acondicionados en las fachadas.
•

SONIDOS QUE TE PARECEN MOLESTOS

Cualquiera de los sonidos desagradables que duran mucho, se producen en horarios de descanso o son muy
elevados de nivel
•

SONIDOS QUE TE PARECEN MUSICALES

El mar en su conjunto, al llegar a la costa rocosa, con las influencias de la marea, me parece un concierto
diario del agua generando un sinfín de melodías rítmicas centradas en diferentes alturas frecuenciales.
La propia música, claro está.
El piar de los pájaros.
El run-run del autobús cuando estoy en lo alto.
4.1.3 Realiza una reflexión, desde tu propia experiencia personal y profesional, de los beneficios que
aporta a ingeniero acústico realizar itinerarios acústicos. (Indica si participaste en el itinerario
acústico del 4 de junio de 2010 y que rol desempeñaste).
La importancia de un itinerario acústico por un espacio, te ayuda a conocer mejor el entorno. Nos da
información cultural, nos muestra curiosidades, la naturaleza de esa zona, una idea de los focos ruidosos de
la zona y personalmente una oportunidad para ejercitar el hábito de escuchar. El ejercitar la memoria auditiva
es divertido por un lado, e importante por otro, sobre todo en nuestra profesión. El escuchar con
premeditación y criterio, nos ayuda a entender la naturaleza de los focos ruidosos y tener una idea de los
niveles y timbre de los diferentes sonidos.
Participé con Jorge Donaire en la práctica del 4 de Junio, como lazarillo y como ciego. Fue mi primera
experiencia y me impresionó gratificantemente el desempeñar ambos papeles. El de auditor que fue el
primero que desempeñé, por ver como mi compañero, era capaz de describir su entorno bastante bien
(acústicamente hablando) estando privado de la percepción visual. El de ciego, porqué aunque acústicamente
podía definir sensaciones espaciales, estimar distancia de los elementos que me rodeaban, captar la
procedencia de las fuentes puntuales, valorar si la fuente estaba quieta o en movimiento, distinguir distintos
timbres y asociarlos a recuerdos acústicos, me veía muy limitado e inseguro al depender principalmente de
ese sentido.
4.1.4 Reflexiona sobre los conceptos de poética sonora - diseño acústico personal y paisaje sonoro
valorando las contribuciones al campo de la ingeniería acústica
Poética sonora: La poética sonora es el recurso léxico utilizado para definir sensaciones y estados acústicos.
Seco, brillante, calido, áspero, chirriante, frío, cálido son términos usados en el mundo acústico que aún
estando alguno definido con fórmulas claras y unívocas, se emplean muy a menudo y sin dejar nada claro,
dan una sensación del sonido que se intenta explicar.
Diseño acústico personal: el diseño acústico, entiendo que es el valorar que elementos se han de distribuir o
ubicar en un entorno, para poder consolidar un paisaje sonoro deseado y acorde con la definición que
hallamos conseguido en términos de poética sonora.
Paisaje sonoro: El paisaje sonoro es una realidad intrínseca a un entorno. Es la visión acústica de un paisaje,
en la que los elementos arquitectónicos o urbanísticos son el contexto donde los usuarios del entorno
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desarrollan sus actividades ruidosas. Estos elementos, por lo contrario que pueda parecer, afectan
directamente a las características de los sonidos que se van a generar en él.

4.1.5 Primeras conclusiones del colaborador
Pocos son los sonidos dignos de preservar. El ruido ha invadido la mayor parte de la ciudad. El tráfico y la
obra, junto con servicios municipales, ocultan los minimalistas sonidos de la gente, animales y actividades.
El silencio se agradece, pero nos acostumbramos al ruido. Tenemos asumida una agresión acústica constante
en la calle. Podemos perder muchos sonidos progresivamente sin darnos cuenta. Hay que limitar los horarios
de carga y descarga en las zonas del casco antiguo. Las motos son un gran problema generador de ruido. No
podemos permitir que un colegio este altamente expuesto a índices de ruido de una avenida, sin ningún tipo
de medida atenuante.

4.2

Trabajo final del colaborador

Durante la realización actual del método Daumal en el papel de Notario, con 6 personas no técnicas ni
expertas en el ámbito de la Acústica, haciendo de cieg@ y lazarill@, he recogido nuevas impresiones, y
aunque la muestra no es importante y mucho menos significativa, refuerzan la experiencia desde que tuve la
suerte de realizarla como ciego.
Las personas que han participado este año 2021, son autóctonas de la zona de Chipiona (Cádiz). Conocen el
pueblo y al ser pequeño es posible que hayan podido tener referencias que les hayan ubicado en las
localizaciones donde percibían los sonidos, pero aún así he visto que no han intentado descubrir donde
estaban sino que han intentado adentrarse en el mundo de la percepción auditiva, muy desconocido para ellas
y que se han sorprendido de la experiencia. Se han dejado llevar para disfrutar de la experiencia y romper un
poco la monotonía del día a día. Creo que se han sentido importantes en poder participar en una cosa
diferencial como esta. En la Fotografía 2 aparezco con Noelia Louzao Ibáñez y Helen Holmes Mellado.

Fotografía 2. Itinerario con el método Daumal en la calle Víctor Pradera, de Chipiona. Fotografía de Marina
Bernal.
Puedo decir que el haber realizado el método Daumal con mascarilla (tiempos de COVID) ha afectado más
de una manera positiva que negativa, ya que les ha privado del olfato, que es otro de los sentidos que cuando
perdemos la visión utilizamos para intentar salir de la oscuridad. Aún así, el olfato y el tacto han sido
narrados en las sensaciones que han percibido a lo largo del recorrido, tal vez para intentar “adivinar” como
si de un juego o concurso se tratara, donde estaban o que es lo que escuchaban. Como cosas en común de los
participantes, puedo decir que han tenido voluntad de definir sensaciones, percepciones de espacios e
identificación de focos ruidosos.
7
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Muchos de los focos ruidosos han sido identificados con éxito y otros, aunque no se haya acertado, se ha
determinado la naturaleza y han sabido describir de una forma simple el tipo de ruido del que se trataba. La
directividad de los sonidos, así como la proximidad y volúmenes de los espacios ha sido muy bien
encontrada.
Después del recorrido nos hemos tomado unas tapas y unos vinos para poder debatir sobre la experiencia y
ahí me he dado cuenta de lo que han disfrutado abriendo un mundo en el que jamás se habían interesado o
que nunca se habían planteado. Algunos me han reflexionado como han oído cosas que normalmente con la
visión no prestaban atención, se han sorprendido y han preguntado, hemos establecido un bonito debate.
Gente que habla fuerte en general ha llegado a decirme que lo que más le ha molestado es el volumen con el
que habla la gente por la calle y que se han dado cuenta lo que pueden llegar a molestar. Han detectado que
les agrada y que les molesta. En mi opinión, cuando vemos, muchas veces no escuchamos. Aplicamos un
filtro mental que cierra el sistema de procesado de lo que oímos. Visualmente seleccionamos lo que
queremos escuchar. El cerrar los ojos y lanzarse a la percepción de los sonidos que se encuentran en distintos
planos, nos abre en primer lugar un mundo de sensaciones.
Tal vez si mantuviéramos posiciones estáticas más tiempo que el recorrido que les he propuesto, se abriría
otra puerta, la del mundo frecuencial y podrían determinar los matices que complementan un paisaje sonoro.
El pararse nos da la pausa para poder profundizar en la escucha minuciosa, tal vez la próxima. Es cierto que
el no tener formación acústica les limita en el poder definir cosas en este sentido, pero me quedo con las
sensaciones que he percibido de su parte y su manera cotidiana de explicar el sonido. Al final, como técnico
de sonido que he sido durante muchos años, la acústica tiene también un lenguaje poético no definido, pero
que sirve para enlazar el mundo real y físico con el mundo técnico. Muchos de los sonidos que han
identificado son de carácter cultural, sonidos que tienen muy asimilados. Me ha sorprendido que casi todos,
escuchando la maquina del cuponero, sabían que se vendían cupones. Yo, como no juego, sería incapaz. Los
locales de hostelería los detectaban a decenas de metros antes de llegar, identificando los platos, vasos o
cubiertos. También he visto como detectaban de una manera exitosa materiales como madera, metal, agua,
que al ser golpeados emitían su sonido característico.
Las huellas de los sonidos están en la memoria y la asociación es rápida y muy certera. La primera barrera
que es la confianza con el lazarillo que acompaña ya es un punto de salto al vacío en una sociedad que busca
casi siempre la seguridad, y más en los tiempos que nos acompañan. Les ha roto un poco los esquemas, pero
una vez iniciado el recorrido y superado los primeros obstáculos, se establece un vínculo sensitivo, a través
del contacto entre ciego y lazarillo que acompaña todo el recorrido. El lazarillo transmite sin querer las
sensaciones de peligro o calma ya que sujeta de la mano al ciego y el velar por él, le hace sufrir en cierta
forma. Sobre todo cuando se acercan vehículos o hay cambios de alturas (escaleras, aceras, obstáculos).
La vergüenza es otro de los factores que me ha sorprendido gratamente, ya que al ser Chipiona un pueblo
donde nos conocemos casi tod@s, no han tenido reparo en exponerse a recorrer la localidad de esta forma
peculiar.
La gente con la que nos hemos encontrado durante la experiencia ha colaborado satisfactoriamente,
facilitando el paso y siendo pacientes cuando hemos colapsado la circulación. En muchos de los
establecimientos que hemos entrado, ha habido una complicidad y al repetir recorrido durante estos tres días,
ha dado que hablar en el pueblo. No me extrañaría que nos saquen en una chirigota. En resumen, ha sido
divertido repetir 11 años después la experiencia y poder apreciar cómo le ha abierto una vía de relajación a
quienes han participado.
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5

Encuesta específica 11 años después

Se ha realizado una encuesta a alumnos del Master de Ingeniería Acústica de la Universidad de Cádiz, para
conocer las impresiones causadas años después, y avanzar con las variaciones o las modificaciones
necesarias.

5.1

Preguntas de la encuesta

1 ¿Consideras que el método Daumal ha servido para tu educación auditiva?
2 Hacer de ciego me ha servido para escuchar mejor la ciudad y los edificios.
3 Cuando hacía de ciego pasé mucho miedo.
4 Repito alguna vez la experiencia de cerrar los ojos para escuchar cómo suenan, resuenan o están aislados
los espacios.
5 Se observan sonidos dignos de preservar
6 Un ingeniero acústico necesita para su formación hacer un recorrido como ciego mediante este método.
7 Con los ojos vendados se puede adjetivar mejor la acústica de los espacios.
8 Lo peor del método es hacer de notario, porque hay que estar pendiente de todo.
9 Para la acomodación del que realiza las funciones de ciego se precisan unos 5 minutos con los ojos
vendados.
10 Con la pandemia, el método debería mejorarse (indicar cómo).
Responder con: Totalmente en desacuerdo/bastante en desacuerdo/ni si ni no/ bastante de acuerdo/
Totalmente de acuerdo

5.2

Resultados de la encuesta

11 años después, algunos de los alumnos que cursaron el máster de acústica y realizaron la práctica, y que en
cierta manera se han dedicado o dedican al mundo de la acústica durante estos años, han estado bastante de
acuerdo o totalmente de acuerdo con la mayoría de las respuestas.
Solamente una persona pasó algo de miedo al desempeñar el papel de ciego, el resto se presenta indiferente
ante esta afirmación y otro la niega, pero argumenta que pasó vergüenza en un inicio. A su vez, también
solamente una persona penaliza el ejercer el papel de notario, el resto se presentan indiferentes ante esta
afirmación.
El grado de implicación en la encuesta, como en todo grupo de ensayo, varía según individuo. Un@s definen
más y otr@s simplemente responden, pero si es cierto que en conversación previa, cuando se les propone que
realicen la encuesta, tod@s presentan un recuerdo favorable de la experiencia, recordando detalles del día de
la práctica.
Ha sido difícil contactar con un número elevado de alumnos. Con el tiempo se han dispersado por la
geografía ya sea por motivos personales y/o laborales y se agradece a los que han encontrado un hueco en su
tiempo para responder y recordar. Lo más importante es observar como 11 años después, sigue en su
recuerdo la experiencia, y cómo esa inmersión en el mundo sensorial auditivo la han integrado como una de
sus vivencias agradables.
En general, se puede concluir que la memoria del método es sumamente satisfactoria para los participantes.
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6

Conclusiones.

El recorrido puede servir también a la ciudad para establecer recorridos e itinerarios de su paisaje sonoro,
como ha sucedido en Barcelona para sus 10 barrios [3], donde sirvió de base para sus batecs dels barris
(latidos de los barrios) diseñados por el autor. A su vez, en muchas ciudades se ha extraído documentación e
investigación del material de estudio de la ciudad, como las fichas de su paisaje sonoro mas tranquilo, de
símbolos y marcas sonoras, de los picaportes y aldabas, de los vestíbulos resonantes, de las marquesinas con
flutter eco, etc. En otros ejercicios posteriores, se intenta enseñar las herramientas de diseño de sonidos para
la ciudad. Este proceso es más entendido por el alumno tras la experiencia del método Daumal de ciegolazarillo-notario [4], [5], [6].
A modo de conclusión final, puede decirse que el método se ha aplicado en múltiples ocasiones, tanto para
Grado como Master y Doctorado, para Arquitectos e Ingenieros Acústicos, en diferentes universidades y
centros Nacionales y Extranjeros, a veces con ligeras variaciones, pero siempre con resultados muy positivos
para la educación sonora de todos los participantes.
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Abstract
To support the dissemination of soundscape terminology and use in different languages, a collaboration of
researchers from different regions of the world was established under the name of “Soundscape Attributes
Translation Project” (SATP) to validate the translation of perceptual attributes for soundscape assessment
published in the ISO/TS 12913-2:2018 standard (Acoustics - Soundscape - Part 2: Data Collection and
reporting requirements). Translation into 15 different languages was already proposed, but the Portuguese
language remained unrepresented. To fill this gap, the objective of this article is to present the translation of
the referred attributes from the original terms in English into Portuguese (Brazil and Portugal), seeking their
harmonization and validation. Lay people and experts were consulted through surveys to consider the
meanings of the terms in English and to draft a preliminary translation. Then, the authors worked to refine
the translations, until consensus was reached. The outcomes of the study and the proposed translations are
presented.
Keywords: soundscape attributes, sound perception.

1

Introduction

In recent years, investments in soundscape tools became relevant to society and community stakeholders as
an alternative to noise control policies [1] towards a proactive approach to promoting the health and wellbeing of the sonic environment [2]. Initially, “soundscape” terminology appeared with Southworth [3] in his
urban studies and became popular with the Canadian music composer Murray Schafer [4]. Soundscape
assessments go well beyond simple individual auditory judgment. It includes diversity in many dimensions
like sound sources, contexts, and individuality of participants. Given these variances, efforts on standardizing
are encouraged to develop a reference method for comparing different studies within an international
community and interdisciplinary collaboration [5]. In 2008, the International Organization for
Standardization (ISO) established the working group ISO/TC 43/SC 1/WG 54 “Perceptual assessment of
soundscape quality” to support theoretical and methodological harmonization in soundscape studies and
practice. It resulted in the publication of the three parts of the standard series ISO 12913. This standard
defines the term as to how people perceive the acoustical environment within a context in time and space. It
1
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has a human-centred approach that includes the auditory sensation, interpretation, and responses to the
acoustic environment [6]. There are currently three different soundscape standards as follows: ISO 129131:2014 related to framework and definitions [6]; ISO/TS 12913-2:2018 associated with data collection
methods [7]; and ISO/TS 12913-3:2019 regarding data analysis [8].
Method A of ISO/TS 12913-2:2018 [7] describes the methodology of data collection for assessing
soundscape based on the rating of eight attributes. Each of these attributes, also called perceptual attribute
(PA), were scaled by subjects according to the suitability to soundscape descriptions. The eight PAs listed in
method A of ISO/TS 12913-2:2018 are derived from Axelsson and colleagues [9] work on a principal
component analysis of 116 attributes from 50 soundscapes. These effective responses represent a twodimensional model where the main dimension is related to how pleasant or unpleasant the environment was
judged and therefore labelled as pleasantness. The second dimension relates to the amount of human and
other activities and is also represented by how eventful or uneventful the acoustic environment is perceived
to be and labelled as eventfulness [8]. If the pleasantness and eventfulness axes rotate 45° from the two main
dimensions, two alternative dimensions appear. One dimension represents chaotic versus calm environments,
and the second dimension denotes monotonous versus vibrant environments [8].
As a result of the application of this model, the eight PAs are: pleasant, annoying (based on the
tradition in environmental noise research, the term ‘annoying’ is used instead of ‘unpleasant’), eventful,
uneventful, calm, chaotic, vibrant, and monotonous. A pleasant soundscape consists of an acoustic
environment that stimulates joy in people as a quiet park [9]. An annoying soundscape with a history from
environmental noise assessments is considered unpleasant or harmful [8] and can be related to technological
sounds [9]. Meanwhile, eventfulness and uneventfulness are related to how busy or not a place is regarding
“human activity” [8]. Examples are a crowded city centre and a wilderness area without any human activity,
respectively [8]. Additionally, a calm soundscape represents a quiet rural area, and a chaotic one can be a
very noisy street corner [9]. Finally, a lively downtown shopping street characterizes a vibrant soundscape
while a continuous noise from a ventilation system is related to a monotonous one [9].
Challenges in translating these attributes into other languages need caution in linguistic levels
(conceptual and terminological) [10]. One of the main issues debated in the soundscape community is the
applicability around the world of a set of attributes that is standardized only in the English language [11]. It
is not clear whether the meanings of the technical perceptual attributes can be straightforwardly translated
into other languages. Aletta et al. [11] point that sounds and their interaction with the environment are
described differently in distinct languages. Also, they mention that research on the translation of soundscape
attributes is limited [11]. Therefore, some studies have already identified critical aspects in adapting English
versions for other languages [10].
After the publication of ISO/TS 12913-2: 2018 standard [7], an informal international collaboration
network of research groups in the field of soundscape from different regions of the world was established
under the name of “Soundscape Attributes Translation Project” (SATP). The aims of this project are Stage 1
- to provide translations, in languages other than English, of the protocol for collecting information about
soundscape according to Method A from ISO/TS 12913-2: 2018; Stage 2 - to validate the translation of
perceptual attributes for soundscape assessment as reported in the standard; and Stage 3 - to support the
dissemination of soundscape terminology and its use in different languages [11]. As a result of this
collaboration, translation into 15 different languages, obtained through focus groups and panels of experts in
soundscape studies, have concluded [11]. There were selected languages from regions of the world where
soundscape research is well established, and research groups are active.
After the first translations, the research groups carry out auditory experiments with native participants
of different languages in different regions, using the same set of auditory stimuli to validate the translation of
the questionnaire of the ISO. Portuguese is a language spoken by 3,7% of the world population (about 250
million people) [12] and remained unrepresented.
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Given the importance of this language, the authors of the present work contacted the coordinator of the
SATP. They expressed their desire to fill this gap and to include the Portuguese language in the project. This
group consist of the present authors of this article and began meeting with the finality of developing the
soundscape attributes translation into the Portuguese language. The group has a diverse background, with
different areas of expertise, such as Environmental Sciences, Mechanical/Acoustic Engineering, Architecture
and Urban Design, and Environmental Acoustics, as the order of appearance under the title. They have
experience in soundscape for over ten years with related publications in the Portuguese language regarding
data collection in Brazilian parks, urban areas, squares, and fairs [13-16], also as reflections on the
application in urban planning [17], qualitative assessment of the sonic environment in urban areas and
assessments of Portuguese historic zones [18, 19]. Additionally, there are publications in English regarding
soundscapes in a public garden, urban sound planning tools, and traffic noise [20-22].
In the works of Aletta and colleagues [11], the first stage of the SATP was covered, and now there are
many regions of the world applying the second stage (validation of translations by listening tests).
Specifically, the first stage rests on the translation from English to the “best possible translation” in each
regional language. Most groups used “expert panels” based on discussions and literature to an agreed
consensus among specialists as methodology. We went further in this approach and applied an online survey
to obtain the final translations for all attributes as described below.

2

Methodology

The present paper describes the development of Stage 1, with the first and provisional translation of
soundscape attributes into Portuguese (from Brazil and Portugal), based on the reference attributes in
English. The definition of the languages included in the SATP follows the classification proposed in ISO
639-3:2007 [23]. The standard defines three-letter codes for the representation of language names for
comprehensive coverage of languages. While the ISO 639-3:2007 [23] code for the English version of the
ISO/TS 12913-2:2018 [7] is ISO 639:eng, the code for the Portuguese translation of attributes is ISO
639:por.
Based on previous work done with the Portuguese language [13-19] where bibliographic research was
made on the words used in other countries, and surveys applied to people (acousticians and non-experts) to
ask them to use their own words for sound samples description. Our approach is of a qualitative
methodology based on the researchers’ previous experience and knowledge of soundscape studies to join the
contributions from Portugal and Brazil.
The authors organized a qualitative data collection process in which the guiding principle was that
considering the English words, it was desirable to keep the “meaning” rather than looking for a literal
translation. Therefore, a set of three possible words to translate as closely as the same perceptual
construction was established for each attribute. It is important to highlight that, before this preliminary
translation, a free translation of the ISO 12913-2 standard was prepared.
The preliminary proposed terms translated into Portuguese for the perceptual attributes are presented
in Erro! A origem da referência não foi encontrada.. In addition, the original terms in English [7], in
French and Spanish [11] languages are presented given they share the same common ancestry as Portuguese,
Romance languages.
After this preliminary translation (Table 1), natives from Brazil and Portugal answered a questionnaire
relating the original terms in English with different sound environments and the translated words. The
questionnaire was created in Google Forms, and it was divided into two parts. The first part was related to
the soundscape perceptual attributes. Eight questions were formulated with words and pictures referring to
different sound environment types and their eight soundscape attributes.
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Table 1 – Preliminary proposed translations into Portuguese and English, French and Spanish.
prazeroso/
confuso/
desconfortável/
monótono/
calmo/
vibrante/
Portuguese confortável/ desordenado/
irritante/
entediante/
tranquilo/ animado/
agradável
caótico
desagradável desinteressante
quieto
estimulante

sem
com
acontecimentos/ atividades/
uniforme/
agitado/
estático
movimentado

English [7]

pleasant

chaotic

annoying

monotonous

calm

vibrant

uneventful

eventful

French
[11]

agréable/
plaisant

agité/
chaotique

désagréable
/déplaisant

ennuyeux/
monotone

calme/
tranquille

stimulant/
dynamique

inerte/
amorphe

Spanish
[11]

agradable/
placentero

caótico/
confuso

desagradable/
molesto

monótono/
aburrido

calmado/ estimulante/
tranquilo
vibrante

animé/
mouvementé
con
actividad/
dinámico

sin actividad/
estático

At first, each of the eight questions would contain an image related to different sound environments.
However, after an analysis among the researchers, it was decided not to include images in each question, but
to make an assembly/montage with the eight images and use it only at the beginning of the questionnaire to
illustrate different acoustic situations and not to point each situation as specific for the sound environment
described. Each question started with the description of a sound environment (related to different
soundscapes), followed by a question of which words was more suitable to the description of the related
attribute, considering that the respondent was immersed in the respective sound environment. The possible
answers to each question were the respective set of three words and an incomplete field called “others”,
allowing the respondents to freely write other words. Figure 1 shows an image of the first part of the
questionnaire, and Table 2 presents its eight questions.

Figure 1 – First part of the questionnaire (created in Google Forms).

Table 2 – Questions of the first part of the translation survey.
Questions related to the soundscape attributes
1 - Sound of waterfalls gently falling into the lake. Sounds of birds in the background and a soft sound of the wind
moving the leaves on the trees. Immersed in this sound environment, which of the words do you consider most suitable
for the “pleasant” attribute translation?
2 - Sound of light and heavy vehicles passing by, and occasionally the sound of vehicle horns, ambulance sirens, and
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motorcycles. Immersed in this sound environment, which of the words do you consider most suitable for the “chaotic”
attribute translation?
3 - Sound of a hydraulic hammer breaking stone. Immersed in this sound environment, which of the words do you
consider most suitable for the “annoying” attribute translation?
4 - Sporadically one notices the sound of small stones rolling on the ground. Immersed in this sound environment,
which of the words do you consider the most suitable for the attribute “monotonous” translation?
5 - Background sound related to animals (mainly birds) and aquatic sounds from the lagoon. Occasionally the sound of
leaves and vegetation moving due to the wind. Immersed in this sound environment, which of the words do you
consider the most suitable for the “calm” attribute translation?
6 - Sounds of voices from people sitting outside bars/restaurants/coffee shops, people passing by, music by artists
performing. Immersed in this sound environment, which of the words do you consider the most suitable for the
“vibrant” attribute translation?
7 - Place without human, social and industrial activity. Immersed in this sound environment, which of the words do
you consider most suitable for the “uneventful” attribute translation?
8 - Sounds of music from bars and of a crowd of people enjoying in the street. Immersed in this sound environment,
which of the words do you consider the most suitable for the “eventful” attribute translation?

The second part of the questionnaire was related to the respondent’s characterization, including
gender, age group, native country, professional activity, and education level. Two other questions were
included in this part: “How do you rate your sensitivity to noise?” and “Would you like to send any comments
regarding the completion of this questionnaire?”
After elaborating the questionnaire, it was applied online and disseminated to both the Brazilian and
Portuguese natives from June 2nd to June 28th, 2021. In Brazil, the research was supported by the Brazilian
Acoustical Society (Sobrac – Sociedade Brasileira de Acústica) and in Portugal, by the Portuguese
Acoustical Society (SPA – Sociedade Portuguesa de Acústica). A total of 245 people answered the
questionnaire. Among them, 175 (71,4%) are Brazilians and 70 (28,6%) are Portuguese.

3

Results

The answers to the questionnaires were tabulated, statistically analyzed and compared to each other, to
define the translations of the eight soundscape attributes into Portuguese. The results are present in this
section.
3.1

Qualitative description of the respondents

Summing up the answers from the second part of the questionnaire, a qualitative description of respondents
was done.
The majority of the participants’ gender is female, 62,0% of the respondents. Regarding age group,
most respondents are 18 to 29 years old (45,7%), followed by 21,2% for 40 to 49 years old. Regarding the
professional activity, 38,4% of the respondents are students, 25,7% work in areas related to acoustics, sound
or vibration, and 31,8% work in another area of activity. Regarding education level, most of them are
undergraduate (40,4%) followed by graduated (39,6%). Concerning noise sensitivity, 45,7% of the
respondents reported to be very sensitive to noise, 40,0% reported to be moderately sensitive, 14,3% reported
to be slightly sensitive, and 11,8% reported to be extremely sensitive to noise.
The open question allowed the participants to comment on the questionnaire. Some of the respondents
congratulated the initiative and found it very good, excellent, and interesting. One of the comments said: “it
is a wonderful initiative and work that will have great results for the acoustics in the national context”.
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3.2

Results for the translated perceptual attributes

The main challenge was the possibility of translating each of the eight attributes of the ISO document into a
single word. Therefore, the authors agreed that if a single word was not enough to translate the original
meaning, a set of 2-3 words would be allowed to translate as closely as possible the same perceptual
construction.
Table 3 presents a compilation of the results for the translated terms. In this table, the results for the
Portuguese and Brazilians are presented individually. In the third column, the results are for all samples
(Portuguese and Brazilians).
Table 3 – Compilation of the translation survey results.
Terms
Pleasant

Chaotic

Annoying

Monotonous

Calm

Vibrant

Brazilian answers
Agradável
Prazeroso
Confortável

Caótico
Desordenado
Confuso
Perturbador
Irritante
Desagradável
Desconfortável
Estressante

Eventful

78,72%
12,77%
7,98%
0,53%
67,32%
22,44%
9,27%
0,98%

Monótono
Entediante
Desinteressante
Irregular

68,28%
17,74%
13,44%
0,54%

Tranquilo
Calmo
Quieto
Prazeroso,
Aconchegante
Animado
Vibrante
Estimulante
Agitado, Excessivo

56,10%
40,49%
2,44%

Sem acontecimentos
Estático
Uniforme
Calmo, Parado

Uneventful

58,46%
36,92%
4,62%

Ocioso, Silencioso,
Natural, Sem
intercorrências,
Esquecível, Quieto,
Tranquilo
Agitado
Movimentado
Com atividades
Calor humano,
Notável

Portuguese answers
Agradável
Prazeroso
Confortável
Calma ou tranquilidade,
Paradisíaco
Caótico
Confuso
Desordenado

1,35% each

Irritante
Desagradável
Desconfortável
Incómodo

60,49%
17,28%
11,11%
4,94%

Violento, Molesto,
Perturbador, Ensurdecedor,
Agressivo

1,23% each

Monótono
Desinteressante
Entediante
Imprevisível, Letárgico,
Irritante
Tranquilo
Calmo

62,16%
31,08%
4,05%

80,00%
16,00%
4,00%

68,42%
14,47%
13,16%
1,32% each
70,13%
25,97%

Quieto, Idílico, Paz e
Sereno

1,30% each

Animado
Vibrante
Estimulante
Animado
Incómodo
Sem acontecimentos
Estático
Uniforme

58,67%
22,67%
13,33%
4,00%
1,33%
40,54%
31,08%
12,16%

Agradável, Bucólico,
Tranquilo, Estável e
sereno, Parado, Pausado,
Quieto, Rotineiro, Sem
atividade, Sereno,
Sossegado, Sem
movimento

1,35% each

54,73%
35,32%
8,96%

Movimentado
Agitado
Com atividades

45,57%
39,24%
12,66%

0,50% each

Incómodo, Movida

1,27% each

0,49% each
38,58%
37,06%
23,35%
0,51% each
45,36%
37,11%
11,86%
1,03% each

0,52% each

Brazilian and Portuguese answers
Agradável
Prazeroso
Confortável
Calma ou tranquilidade,
Paradisíaco
Caótico
Confuso
Desordenado
Perturbador
Irritante
Desagradável
Desconfortável
Incómodo
Estressante
Violento, Molesto,
Perturbador,
Ensurdecedor, Agressivo
Monótono
Entediante
Desinteressante
Imprevisível, Letárgico,
Irregular, Irritante
Tranquilo
Calmo
Quieto
Prazeroso, Aconchegante,
Paz e sereno, Idílico
Animado
Vibrante
Estimulante
Agitado, Excessivo,
Incómodo
Sem acontecimentos
Estático
Uniforme
Parado
Calmo
Sem atividade, Agradável,
Ocioso, Silencioso,
Natural, Sossegado, Sem
intercorrências, Sem
movimento, Bucólico,
Estável, Pausado,
Rotineiro, Esquecível
Agitado
Movimentado
Com atividades
Calor humano, Incómodo,
Notável, Movida

59,33%
35,45%
4,48%
0,37% each
79,09%
10,27%
10,27%
0,38%
65,38%
20,98%
9,79%
1,40%
0,70%
0,35% each
68,32%
16,41%
13,74%
0,38% each
59,93%
36,52%
2,13%
0,35% each
45,22%
33,09%
20,59%
0,37% each
43,66%
35,07%
12,31%
1,12%
0,75%

0,37% each

50,36%
38,21%
10,00%
0,36% each
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The results of Step 1 (the proposed translations into Portuguese) are presented in Table 4.

Table 4 – Proposed translations into Portuguese (and the reference English words).
English

pleasant

chaotic

annoying

monotonous

Portuguese

agradável/
prazeroso

caótico

irritante/
desagradável

monótono/
entediante

calm

vibrant

tranquilo/ animado/
calmo
vibrante

uneventful

eventful

sem acontecimentos/
agitado/
estático
movimentado

Considering the percentage values, two words were chosen for each attribute, except for “chaotic” that
stood out relative to the second and third most voted expressions (“desordenado” and “confuso”).
Additionally, these expressions were different for Brazilian and Portuguese natives. Therefore, only one
word (“caótico”) was considered in this case.
This work will continue for Stage 2 (validation), with listening experiments of auditory stimuli carried
out with native speakers. Stage 2 aims to validate the preliminary translation. After the validation, the
research group will reassess the need to change the translated words and whether it is possible to reduce the
number of words needed for each attribute.

4

Conclusions

The standards and technical specifications for soundscape characterization are currently determined by the
International Organization for Standardization (ISO) and aim to provide reliable parameters for researchers
and professionals at an international level. However, they only exist in the English version. Thus, the present
research aimed to clarify whether the meanings of the perceptual constructions described by the soundscape
attributes, originally in English, can be directly translated into Portuguese.
This paper describes the work done up to the moment for Stage 1 of the SATP for the Portuguese
language. The objective of this stage was to propose a translation for the eight soundscape attributes,
originally in English, to the Portuguese language. Portuguese is the mother tongue of Portugal (Europe),
Brazil (South America) besides São Tomé e Príncipe (Africa) and one of the main languages in several
African countries (Angola, Mozambique, Guiné-Bissau, and Cape Verde) and Asian countries (Timor-Leste
and Macau). The research group concerns the translation of these expressions would represent the diversity
in the use of the language. In the present work, a representation was achieved for Europe and South America.
Future research could include the same questionnaire application to natives from African or Asian countries
where Portuguese prevails as the spoken language. As shown in Table 4, the research group decided to
include two translated attributes for the original expressions. Although a comprehensive statical analysis will
be described in future work, preliminary results indicate that two expressions would represent the majority of
replies from both expressions (Europe and South America) and, thus, would unquestionably represent the
translation of the original expressions to native speakers. This approach was verified for all seven attributes
except for “caótico”, which was chosen by 79,09% of the respondents, followed by 10,27% “desordenado”
and 10,27% “confuso”, and thus there was no statistical fundament to choose one expression or the other as a
second Portuguese attribute, and “caótico” clearly represented the original attribute for most respondents.
The work will proceed for Stages 2 (validation of the translation of perceptual attributes for
soundscape assessment as reported in the standard) and 3 (support the dissemination of soundscape
terminology). Stage 2 consists of laboratory auditory stimuli experiments and is already under planning.
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Abstract
This paper presents the development of an acoustic autonomous monitoring system specially designed for the
study of the soundscape in wild areas.
The system, denominated Sentinel, operates on a single board computer with micro-electro-mechanical
systems microphones and a mobile communication board for data transmission. This design allows in situ
calculation of indices and their transmission in real time for remote monitoring of natural soundscapes.
Sentinel's versatility allows obtaining acoustic and bioacoustic indices that provide information on the
spectral content, complexity, diversity, entropy and temporal dynamics of soundscapes. These indices allow
remote monitoring of the biophonic, geophonic and anthropophonic components present in natural
environments and how they evolve over time. Sentinel has been conceived as an open-source and low-cost
tool, to facilitate equity in its access. The results of the tests carried out in Protected Areas in Northwest
Argentina are presented.
Keywords: Sentinel, natural soundscapes, passive acoustic monitoring, protected sites, low cost

1

Introduction

The environmental soundscape is a complex and dynamic system made up of a multiplicity of interrelated
elements. These elements belong to different domains of knowledge and respond to different scales of time
and space. Soundscape is concerned with what is happening in and around an environment, as well as with
what is happening elsewhere and can be heard by the individuals in the environment, or indirectly generates
sounds in the environment [1].
Soundscape plays a key role in the understanding and protection of biodiversity, as ecosystems involve
complex and dynamic acoustic processes [2]. Both the information about the environment contained in
acoustic waves and the use of sound for communication between living beings represent fundamental
mechanisms for life on the planet [3]. These biological mechanisms can be affected by anthropogenic noise,
especially technological noise [4,5]. Some ecosystems harbour vulnerable or endangered endemic fauna that
may be highly sensitive to noise, especially avifauna that depend on acoustic communication for life
processes [5].
The soundscape of each ecosystem is unique and allows the recognition of its components and conservation
status, and can therefore operate as an indicator of biodiversity. This assessment tool, due to the physical
properties of sound propagation and the way it is modified by the environment, allows the detection of
anomalies in ecosystems that are not easily detected by means of other assessment techniques [6]. In this
sense, the soundscape informs about anthropogenic-induced changes taking place in natural environments,
thus reflecting the health of ecosystems [7].
1

719

One way of assessing the health of ecosystems, their present biodiversity and the degree of intervention is by
means of eco-acoustic indices, which are obtained by processing the audio signal recorded during the periods
of interest. These indices are multiple and diverse, but can essentially be classified into three types: energetic,
spectral, and entropic. Among the group of energetic indices are the Acoustic Complexity Index (ACI) and
the Bioacoustic Index (BI) [8, 9]. In the group of spectral indices, we find the Normalized Difference
Soundscape Index (NDSI), the Acoustic Evenness Index (AEI) and the Acoustic Diversity Index (ADI) [6,
10, 11]. Entropy indices include Spectral Entropy (Hf) and Temporal Entropy (Ht) [12].
Acoustic monitoring allows the collection of these data over extended periods of time, as scheduled, in a
continuous or iterated way, achieving conservation management decisions by identifying the habitat of
acoustically active species. In the literature, the most widely used acoustic monitoring systems are passive
(PAM), based on the placement of a series of monitors in a determined territorial area with the objective to
record all the present sound events. Also, depending on the niche to be evaluated, it’s selected the type of
temporal sampling and the use of monaural or multi-channel recording systems. Blumstein et al. al [13] have
carried out a detailed study of multichannel systems for acoustic monitoring in which the main objectives of
each system are realized [14].
The use of sensors for acoustic monitoring has grown greatly in the mid-2000s with the emergence of
inexpensive electronic components and processors. It is possible to find on the market private developments
and high quality audio such as Wildlife Acoustics [15] and low cost monitoring systems, based on MEMS
sensors such as Audiomoth [16]. On the other hand, it’s possible to look at innumerable developments in
devices for specific cases [17].
In this context and inspired by the review of different PAM devices and related methods, the aim of this work
is to achieve a versatile low-cost monitoring and analysis system for the study of Natural Soundscapes. This
system,named Sentinel, was conceived to process audio in situ and send data through GPS communication
in real time. It is presented as a PAM system with the support of two receivers and the ability to perform
acoustic monitoring, allowing the investigation of several aspects related to seasonal activity and population
dynamics [18]. Sentinel is developed from open source hardware and software, which are presented in this
article. Besides, this work shows some results obtained from the preliminar field tests conducted in two
ecoregions of the Argentine Northwest, which were chosen due to their contrasting biological and landscape
diversity.

2

Materials and Methods

The Sentinel system design is based on prioritizing the dimensions of versatility, scalability and
maintainability, under the constraints of being low-cost and open source. Versatility, in this case, refers to the
need to perform multiple functions: (a) REC: make continuous high-quality recordings with minimal
directional information, (b) PAM: monitor passively several soundscape parameters and uploading this data
in real time to a server, (c) SED: implement a sound event detection system for monitoring activity of
targeted species or creating alerts of anomalous or undesirable sound events. Scalability, in turn, is required
since the system must be able to handle from a bare minimum system for a REC+PAM only system to a
memory-hungry neural network for an accurate SED system. Finally, maintainability, being an open-source
project, demands the use of well-tested hardware and software frameworks, along with a strong community
support.
2.1 Hardware
In Figure 1 we display a schematic of the main hardware components and a view of a Sentinel module. The
core data capturing and processing of the system is based on a Raspberry Pi 4 (8 GB RAM model)
single-board computer. This choice was made following the design criteria mentioned above. The device is
powerful enough to run “state-of-the-art” neural networks (e. g. with MobileNet architecture) and, on the
other hand, flexible enough to run functions at the GPIO level, such as I2S bus standard for audio, serial
communication and eventually I2C sensors, simultaneously. The maintainability of the system is also
2
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guaranteed since the Raspberry Pi is the most widely used single-board computer, with a well-established
community of support. Stereo sound is captured through a pair of digital MEMS microphones (Knowles
SPH0645LM4H). These microphones are placed at opposite sides of the case, behind a pair of small drill
holes and were chosen due to their popularity, low cost and environmental resiliency. A GPS/GSM/GPRS
module based on the Sim808 chip provides time/date/location services and internet connectivity through
mobile networks. Lastly, the system is powered by a pair of external 12V 7Ah AGM batteries. The tested
autonomy on the field was over 48 hours. The overall size of the Sentinel module (without a windshield) is
135x90x70 mm.

Figure 1:Schematic (left) and open case view (right) of the Sentinel hardware. The main processing is made
by a Raspberry Pi 4 (R) interfacing with two digital MEMS microphones (M1, M2) through the I2S protocol
and a GPS/GSM/GPRS module (G) through UART. The system is powered from an external 12V battery
pack through a voltage regulator (V).
2.2 Software
The software is based on the Raspbian Buster operating system (kernel version: 5.10.17) with the addition of
a custom I2S kernel module, and is available at https://github.com/proyecto-grapa/sentinel.
Figure 2 displays a block diagram of the main components of a basic REC+PAM system. There are three
services running:
(a) READPIN starts at boot time and manages the location, time/date services and the interaction with
the user. When powered up, both LEDS of the push and momentary buttons are on. After a long
press of the momentary button, READPIN performs a system check to see if: the microphones are
receiving signal, there is enough space in the SD card, the GSM/GPRS is up and connected to the
network. If some of the conditions are not met the LEDS blink with a specific code. If all tests are
passed, or the user chooses to resume using a second long press, both LEDS are turned off and the
RECORDING service is started. A further long press of the momentary button starts a graceful
shutdown process.
(b) RECORDING runs a single respawning process that records continuously at 48 kHz / 24 bits and
stores PCM files of fixed size in the SD card.
(c) WATCH_PROCESS starts at boot time and watches for newly created PCM files. Each time a new
file is created, its content is processed with a python routine (soundscape_process) for extracting the
desired eco-acoustic indices and storing them in a log file and a FIFO queue. This routine depends
on a custom python module for soundscape analysis (acoustic_field) developed by the authors,
which is loosely based on the R package Seewave [19] and is also available at
https://github.com/meguia/acoustic_field A second process (gsm_send) connects to the GSM/GPRS
3
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module and tries to upload the content of the queue to the cloud for real-time monitoring. Also, a
python code based on the plotly/dash library receives the values sent by the gsm_send process to a
remote host and displays them in HTML format.

Figure 2: Block diagram showing the main workflow of Sentinel. The three services in red, readpin,
recording and watch_process manage the interaction with the user, the recordings and the processing
respectively. The computed eco-acoustic indices are stored in a log file and sent to the cloud via a GSM
module.

3

Deployment and testing

A series of recordings was made in two protected areas in Salta province (Argentina). These regions are
representative of two contrasting ecosystems: the Yungas jungle (Acambuco Flora and Fauna Reserve) and
the Puna grasslands (Poma region) [20].
3.1 Recording areas
A total of five records, with a spatial distribution greater than 20 km between them, were obtained (three
devices were deployed in Acambuco and two in the Poma region). In the following we will concentrate in
the two representative locations that are displayed in Figure 3 for the sake of clarity: Acay for the Poma
region and Quebrada de Astilleros in Acambuco.

4

722

Figure 3. Map showing the two locations under analysis. In blue, Acay, belonging to the Poma region (Puna
grasslands). In red, Quebrada de Astilleros within the Acambuco Flora and Fauna Reserve (Yunga jungle).
The inset displays the approximate extent of the satellite image (source earth.google.com)
Acay is a location that corresponds to a mountain range 3511 meters above sea level. Dry climate of dry and
low shrubs (valleys and Puno shrubs) [21], high winds. During the recording period, the temperature range
was -3° C to 6° C, the humidity 20-40% and winds between 25 and 35 km/h. Sunset time was 18:53

Figure 4. Views of the two locations under analysis: Acay (left) and Quebrada de Astilleros (right). Image
credit: Juan Barthe
5
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Quebrada Astilleros corresponds to a set of saws and yungas with high diversity (Selvas Pedemontana and
Selva Montana) and 715 meters above sea level. Its climate is warm temperate, moderate rainy, with a
non-rigorous dry winter [22]. The temperature range was 7° to 18° C, the humidity 50-85% and winds
between 5 and 25 km/h. Sunset time was 18:41.
In Figure 4 we display two views of the locations, where the contrast between the two landscapes is apparent.
3.2 Samples obtained
In Figure 5 we display two six-hours snippets of the records around the sunset for both locations and six of
the seven eco-acoustic indices recorded (Ht behaves in a very similar way to Hs). Although this is an
exploratory study and there is no possible generalization from a single measurement, interesting contrasts
can be observed between the recordings on both locations.

Figure 5. Computed eco-acoustic indices taken two hours before and four hours after the sunset for both
locations (left panels: Acay; right panels: Quebrada de Astilleros). These data can be monitored in real-time.
All eco-acoustic indices recorded in Quebradas de Astilleros (Figure 5, right panels) display a sudden change
of behavior around 19 hrs (after the sunset). This change seems to be related to an increase of the biophonic
activity (see for example the BI index in the second row). The rise of the ACI index also points to a more
diverse and varied content of the soundscape after the sunset. On the other hand, both the ADI index and the
Entropy decrease and become less regular, indicating that the sound spectrum turns to be less uniform, with
6
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the possible appearance of sound events, such as animal vocalizations. After inspection of the sound
recordings, it turns out that this sudden change of behavior occurs simultaneously with the onset of the
anuran vocalizations.
In contrast, the eco-acoustic indices recorded in Acay (Figure 5, left panels) do not display this pronounced
change of behavior after the sunset. The ACI index, for example, is almost flat with the exception of a strong
peak around 18:30 hrs. This peak is also noticeable in the recordings of the BI, NDSI and AEI indices, while
ADI and HS indices exhibit a sharp dip. For this location, the soundscape is dominated by sound sources
with less temporal dynamics, such as running water and winds, which is a possible explanation for the
greater stability observed in the indices. The pronounced peak and dips that take place in the different indices
around 18:30 hrs is concurrent with the appearance of strong gusts of wind, caused by the temperature drop
before the sunset in such a dry region.

Conclusions
Preliminary tests of Sentinel showed great potential for remote monitoring of the soundscape in natural
environments with different characteristics. In particular, the ability of the developed PAM system to process
the audio signal in situ for real-time acquisition and transmission of acoustic and bioacoustic indices is
particularly noteworthy.
Furthermore, due to Sentinel's design, its computational power allows expanding its functionality for the
potential detection of sound events by means of machine learning.
The features offered by Sentinel provide a good tool for the monitoring, diagnosis and presentation of
ecosystems sensitive to anthropogenic noise.
The next phase of hardware work consists of improving communication performance in wilderness areas
with low connectivity. For longer recording periods, the use of solar panels is foreseen. On the software side,
work is being done on the detection of specific sound events using deep learning tools processed in situ.
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Abstract
The development of our civilization and increasing noise pollution are strongly connected. This connection is
particularly noticeable in national parks. The aim of the paper is analysis of noise pollution of the most
popular national park in Poland – Tatra National Park. The Kościeliska Valley was selected for the study,
because it is the second area in the park in terms of the number of tickets sold according to the statistics kept
by the Tatra National Park show. Three measurement points were selected in the valley: entrance to the
valley, a glade by the Ornak shelter and the Smreczyński pond. The paper presents the results of the analysis
of acoustic measurements and ambisonic recordings made in four seasons using classical method and the
soundscape method. In addition, an electronic composition was made using ambisonic recordings of unique
sounds recorded in the Kościeliska Valley, thus giving an example of the creative use of natural sounds and
the possibility of recording a unique soundscape for posterity.
Keywords: natural soundscape, national parks, tourist noise.

1

Introduction

In most countries of the world, National Parks are created to preserve biological diversity, resources,
creations and components of inanimate nature and landscape values, restore the proper condition of resources
and nature components and restore distorted natural habitats, plant habitats, animal habitats or fungal habitats
[16]. There are 23 national parks in Poland, they are distinguished by a relatively small area - from over
2,000 ha (Ojcowski National Park) to about 60 thousand ha (Biebrza National Park). National Parks cover a
mere 1% of Poland's territory [9]. Protected areas are characterized by particular natural, scientific, social,
cultural and educational, which is subject to the protection of all nature and landscape values. The area of
national parks is divided into areas that differ in the use of separate methods of nature protection. There are
areas of strict, active and landscape protection.
Giving the area the status of a national park makes willingness to visit this place and contact nature in search
of aesthetic impressions. Therefore, national parks attract a large number of visitors, which causes a
systematic increase in tourist traffic in their area. In national parks or in the natural environment in general,
we look for places of peace and quiet, sometimes for scientific inspiration [2, 8]. Currently, the attendance in
Polish National Parks varies in individual parks - from less than 12 thousand. people to about 3 million
visitors a year. The highest turnout (about 3 million visitors) was noted down in Tatra National Park.
Tatra National Park (Polish: Tatrzański Park Narodowy; abbr. TPN) is a National Park located in the Tatra
Mountains in the Lesser Poland - Małopolska region, in central-southern Poland. Tatra National Park is the
only national park in Poland located within Alpine Mountain range. The Tatra Mountains form a natural
border between Poland to the north and Slovakia (Tatranský Národný Park, TANAP) to the south, and the
two countries have cooperated since the early 20th century on efforts to protect the area. The Polish Tatra
1
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range, which is a part of the Western Carpathian Mountains, is divided into two sections: the High Tatras
(Tatry Wysokie) and the Western Tatras (Tatry Zachodnie). The landscape of the Tatras is characterized by
sharp-jagged peaks and stunning rock formations. Rysy is the highest summit in Poland reaching a height of
2,499 m. Since 1993 the mountain range Tatras, together with the Polish part of the National Park, has been
identified as natural, biospheric, reserve of UNESCO [22]. Tourism in the TPN is organized and supervised
by the authorities of the national park - all tourist entrances to the park are monitored through the sale of
admission tickets.
The red coloured trail to Morskie Oko is the most frequently visited trail in the Tatra National Park. On
average, one million people go to the Tatra Mountains from Palenica Białczańska per year, which constitutes
about 30% of the total entry traffic to the Tatra National Park [17].
The second trail in the TPN, which is characterized by intense tourist traffic, is the green coloured trail on the
section Koscielisko Kiry - shelter in the Ornak glade. In Koscielisko Kiry, 21.7% of total inbound traffic to
the TPN was observed. [17]
One of the elements of environmental protection is the protection of the acoustic environment, including the
analysis and protection of the soundscape [11]. They can be various types of soundscapes: natural, sensitive,
endangered, unique, recreational, representative, cultural, and everyday soundscapes [13.14.15]. Within each
soundscape’s values, threats, management objectives and monitoring directions are identified as the basis for
planning protection [3,4,5].
Standards enabling the analysis of soundscapes have been published in recent years. [7,10, 19,20,21] Sound
events can be analysed from the perspective of their source, function, and social context (warning, internal,
landmark, relaxing, stress-inducing, status-indicating sounds) as well as associations and symbolism. Also
the spatial and temporal dynamics of occurring sounds can be analysed, and human impact on natural
soundscapes is evaluated [5,6,12].
The conducted research and analyses allow to conclude that in most Polish National Parks, the noise hazard
was most often rated as medium. However, in the case of four parks it was rated as high (Drawa, Ojcowski
and Karkonosze NP) or very high (Tatra NP). [1]. In 2006, a single measurement of the sound pressure level
were carried out at various points of the Tatra NP. Based on the measurements carried out, it was found that:
the acoustic background for the Tatra National Park is 30-35 dB, the equivalent sound level on hiking trails
is 34.7-62.5 dB, tourists grouping: 48.6-57.5 dB, car traffic: 64.2-70 dB, Ornak glade shelter 48.6-53.6 dB
[18].
The aim of the paper is analysis of soundscape and noise pollution of the most popular national park in
Poland – Tatra National Park. The Kościeliska Valley was selected for the study, because it is the second
area in the park in terms of the number of tickets sold according to the statistics kept by the Tatra National
Park show. Three measurement points were selected in the valley: Koscielisko Kiry entrance to the valley, a
glade by the Ornak shelter and the Smreczyński pond. The paper presents the results of the analysis of
acoustic measurements and ambisonic recordings made in four seasons using classical method and the
soundscape method. In addition, an electronic composition was made using ambisonic recordings of unique
sounds recorded in the Kościeliska Valley.

2

Methods and measurement

Currently, the attendance in Polish National Parks varies in individual parks - from less than 12 thousand
people to about 3 million visitors a year. The highest turnout (about 3 million visitors) is noted down in Tatra
National Park. The second trail in the TPN, which is characterized by intense tourist traffic, is the green
coloured trail on the section Koscielisko Kiry - shelter in the Ornak glade (Tab.1.). In Koscielisko Kiry,
21.7% of total inbound traffic to the TPN was observed. For comparative measurements of acoustics
environment three points at Koscieliska Valley have been selected (Tab.2). The measurements of sounds and
their recording were made using the following measuring equipment: Sound level meter Svan 971 and Svan
979, Class 1, Noise monitoring station Svan 307, Class 1, Soundfield SPS200 1st order ambisonic
microphone, ZOOM H6 and F8n recorders. During four recording sections following events were recorded:
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rustle of trees, noise of a stream, wind, sheep grazing, horses passing, footsteps (squeaking snow, crampons),
noise of people, screams of children, passing vehicles.
Tab. 1. Tourist traffic statistics in Polish National Park and Tatra National Park (TPN)
Tourist traffic statistics
2019 year
TNP - 2 645 834 tickets
KV - 519,929 tickets
2018 year
TNP - 2 619 857 tickets
KV - 478,507 tickets

2019 year
Koscielisko Valley
Spring 86 500
Summer 270 500 thousand
Autumn 93 000
Winter 68 000

Tab. 2. Dates and map of selected measurement points
Chosen measuring points
Kiry - at the entrance to the valley
PTTK shelter on Hala Ornak - a clearing to the left
of the entrance to the shelter
Smreczyński Pond - at the observation deck
Selected weekends days
o November 23, 2019
o February 15, 2020
o May 23, 2020
o September 12, 2020

3

Map of the TNP witch selected points

Results

The conducted measurements and analyzes allowed for the calculation of SPL, sound spectrograms, and the
determination of psychoacoustic parameters. Selected characteristics of SP changes over time, spectrograms
and acoustic parameters are presented in Figures 1 and 2 and Table 3.
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Figure 1 - Sound spectrogram at PTTK shelter on Hala Ornak – P2

Figure 2 - Sound spectrogram at Smreczyński Pond - at the observation deck – P3
Table 3 Sound pressure level and psychoacoustic parameters. Ornak Glade

4

Parameter - symbol [unit]
sound pressure level (A)

– LAeq [dB]

Spring
46,7

5th percentile sound pressure level
95th percentile sound pressure level
N5 percentile loudness
N95 percentile loudness

– LAF5 [dB]
– LAF95 [dB]
– N5 [son]
- N95 [son]

50,7
39,1
3,7
7,1

Summer
59,3
*2001year 53,6
65,2
52,4
9,8
15,4

Winter
50,0
57,1
42,9
4,5
8,4

Conclusions

Measurements of the acoustic pressure level will allow the examination of the daily and annual variability of
the noise level. There are very high values of the sound pressure level in very popular places of the national
park, especially at the entrance to the Koscieliska valley. There was a noticeable increase in the sound
pressure level at PTTK shelter on Hala Ornak in summer by about 6 dB.
The increase in the number of tourists visiting the national park and the very high SPL values indicate a
necessity:
- performance of long-term measurements and tests,
4
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- implementation of a noise protection strategy in vulnerable areas.
Moreover, it was proofed that ambisonic recording could be use not only for research purpose. As an
example, an electronic composition was made using ambisonic recordings of unique sounds recorded in the
Kościeliska Valley. Natural sounds were used in artistic way. It is an example how to save a unique
soundscape for posterity.
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Abstract
Impulsive sound events are characterized by their short duration, high amplitude, and wide spectral spread.
In the industry, these events are classified as undesirable noise and have been gaining the attention of
manufacturers. In rotating machines, automobiles, and refrigeration systems, these noises occur in an
anomalous and unplanned manner, generating a lot of discomfort and loss of customer reliability with
manufacturers. In a sample of 247 individuals, the differential threshold of refrigerator impulsive signals was
remotely measured using the internet. Thus, the threshold of impulsive signals for different amplitudes,
duration times, and frequency ranges was estimated. The differential threshold was obtained by the
adaptative staircase method. Sinusoidal signals were synthesized with frequencies between 500 Hz and 3000
Hz conducted randomly for each user. Therefore, it was possible to compare the prominence obtained
between the sessions. Also, The results showed that individuals are more sensitive to signals with higher
frequencies, with a smaller observable difference. Women had lower thresholds compared to men, as well as
specialists, who had better results compared to laymen. In addition, older people had higher thresholds.
Keywords: Impulsive signals; Psychophysical methods; Differential threshold; Internet listening test.

1

Introduction

Human hearing is particularly sensitive to transient sound characteristics, such as impulsive content [1].
However, there is no specific metric for analyzing annoyance in impulsive signals, much less for impulsive
signals from refrigerators [2]. To build a metric it is necessary to know the relationship between stimulus
intensity and stimulus response [3]. A good way to obtain this information is through the determination of
thresholds.
Currently, there are few studies of remote threshold assessments. There are many precautions regarding
the instrumentation and test reproduction environment. A controlled environment, with low background
noise, as well as a sound reproduction system that presents little distortion and flat response are necessary
elements to obtain good results [4]. Allied to this, impulsive signals require more care, as they have short
duration increases in amplitude, occurring at high rates of changes [5]. However, face-to-face testing has
become impractical due to the COVID-19 pandemic, with the remote form being the only possible means for
constructing and performing threshold tests.
One of the most common ways to determine thresholds to present several levels of the stimulus and
determine the desired value from a derived psychometric function [3, 6]. However, although it is possible to
obtain good results, the tests tend to be time-consuming and repetitive, being impractical in most cases. A
good alternative to circumvent problems with the duration of the tests is to use an adaptive staircase method,
in which the stimulus adjusts according to the subject's response history [7]. Stimulus levels are adjusted
based on pre-established rules and the test ends when the stimuli approximate the subject's threshold, which
makes the method very efficient and with low computational cost [8].
1

734

2
2.1

Experimental Methodology
Signals, Recording and Processing

Refrigerators operating in steady-state and transient regimes were recorded in a semi-anechoic camera
with the aid of an artificial head (HATS) positioned 1.60 meters from the floor and 1 meter away from the
refrigerator, as shown in Figure 1. The acquired signals were filtered and subsequently divided into two
categories: reference signals and masking signals. For the reference signals, impulsive noises typical of
refrigerators were recorded. Masking signals were obtained by recording the refrigerator in steady state.

Figure 1 – Measurement setup used in recording reference signals and masking signals.
The reference signals were recorded for 3 seconds. However, the duration of the impulsive noise was
approximately 135 milliseconds. After acquisition, the signals were filtered with second order filters
(bandpass) tuned to frequencies of 500 Hz, 1000 Hz and 3000 Hz, equivalent to the critical bands of 5, 9 and
16, respectively. Finally, zero padding was applied in the intervals that precede and follow the impulsive
noise. Processing and reference signals are shown in Figures 2 and 3, respectively.

Figure 2 – Signal processing used for reference signals.

2

735

Figure 3 – Reference signals filtered with bandpass filters tuned to the central frequencies of 500 Hz,
1000 Hz and 3000 Hz.
The refrigerator in a permanent state was recorded and the acquired signal was used as a masking
signal in the subjective test. Combination between each reference signal and compressor noise represented a
session in the remote test.

Figure 4 – Masking signal from the recording of a permanent refrigerator.

3
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Like the reference signal, the masking signal was recorded for 3 seconds in a semi-anechoic chamber.
However, for this case, no processing was done on the signal. The masking signal is seen in Figure 4.
2.2

Remote Test

One of the great challenges of this work was to accurately obtain the differential threshold of
impulsive signals for different frequencies. Remotely and asynchronously, the researcher has no control over
the test, and there is not possible to know if the user has understood the test instructions. The advantages
offered by an online platform are the practicality in applying the test and the sample space, which tends to be
larger than a face-to-face test. The remote trial was proposed as a way to perform a psychophysical test
during the COVID-19 pandemic. The test was conducted asynchronously.
2.2.1 Development of an Online Platform
To create a virtual environment a digital web browser platform was used. The structuring of the page
was done using Html and Css as programming languages, while JavaScript was used for the front end, being
incorporated in the steps of convergence of responses, and processing of impulsive signals. To send data to
the server the language adopted was Php.
First, a registration area was developed, where it was possible to obtain some user data, such as name,
age, gender, and whether respondents have some knowledge in acoustics. In this way, it was possible to
stratify the sample. After the registration area, the user was forwarded to a "welcome" page, where some
instructions were passed. The instructions were divided into two groups: instructions for performing the test,
and instructions for the test interface. To perform the test, the instructions guided the user to go to a quiet
environment, use headphones and avoid interrupting the test once it started. The interface instructions gave
guidelines on how the interface worked, informing about the sounds and functionality of each button.
Finally, the user was guided to the test area, where the reference sound signals and the mask signal were
presented.
2.2.2 Design of Subjective Evaluation Experiment
For each user, the order of presentation of the reference signals was random, and the reproduction
occurred simultaneously with the masking signal. The amplitude of the reference signal was randomly
assigned at the beginning of the test and changed depending on the user's response to the question "Did you
hear the reference signal?". For positive responses, the amplitude of the reference signal was divided in half,
on the other hand, for negative responses, the amplitude of the reference signal was doubled. For both
responses chosen by the subjects, the amplitude of the masking signal remained constant. The convergence
criterion adopted was associated with the amplitude history of each session, so that the test ends, the mean
between the amplitude values must be smaller than the difference between the two last obtained values [9].
The interface used in the test and the flowchart applied to determine the differential threshold are shown in
Figure 5. The average time for users to end each session was approximately 5 minutes, totaling 15 minutes of
testing for all sessions (500 Hz, 1000 Hz and 3000 Hz).
2.3

Participants

The sample consisted of men and women aged between 13 and 64 years, totaling 247 people. From the
total sample 83 (33.6%) outliers were removed from the sample from the detection of elements with values
that is more than three scaled median absolute deviations (MAD) [10]. The subjects' mean age was 34.2
years. The sample was divided between laypersons and experts by a dichotomous question "Do you have
knowledge in Acoustics?" 57 (30%) of the participants scored positively for knowledge and acoustics.
Unfortunately, it was not possible to perform audiometric tests on the sample because the test is exclusively
4
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remote. Those data would be very relevant for assessing the hearing health of the sample members.
Furthermore, it could be used to help detect outliers.

Figure 5 – The interface used in the test and the flowchart applied to determine the threshold.

3

Results

The tests results were used to obtain the impulse signals hearing thresholds for different frequency
ranges. The data refer to tests carried out between March and May 2021. Values were analyzed globally (see
Figure 6) and stratified, considering the division of the sample by gender, age and knowledge in acoustics
(see Table 1). The results show that both globally and stratified, the values obtained for the thresholds
depend on the central frequency of the filter. Impulsive signals with energy concentrated at low frequencies
showed higher hearing thresholds, while impulsive signals with energy concentrated at higher frequencies
showed lower hearing thresholds. Furthermore, the confidence intervals for impulsive signals filtered with
lower frequencies were higher compared to those filtered with high frequencies, that is, there was more
dispersion of data with tests with impulsive signals of low frequencies.
Data dispersion was analyzed in each trial number in all sessions (see Figure 7). As well as the results of
global threshold values, the confidence interval was greater for signals with energy concentrated in low
frequencies compared to signals with energy in high frequencies. The signal with the central band of the
filter tuned at 1000 Hz reached the lowest number trial, indicating that the test converged faster than the
other sessions.
The general sample, counting only valid subjects (excluding outiliers), was composed of 190 people,
being 136 (71.58%) men and 54 (28.42%) women. As for age, 95 (50.0%) of the individuals were in the
range of 20 - 30 years, while the range of 60 – 70 years had only 3 (1.58%) individuals. In addition, 57
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(30.00%) people were counted as specialists, against 133 (70.00%) who were dominated by inexpedient
people.

Figure 6 – Global thresholds obtained for the signals filtered with bandpass filters tuned to the central
frequencies of 500 Hz, 1000 Hz and 3000 Hz.

Figure 7 – Data dispersion in each session trial number
Among the stratified results (seen in Table 1), the threshold values obtained according to gender
stand out, where it was observed that, in general, women had lower thresholds compared to men, except for
the central band of 3000 Hz, which values were pretty much the same. Analyzing the data by age, it was
found that ranges between 50-60 years and 60-70 years reached higher thresholds than other age groups. As
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for knowledge in acoustics, specialists obtained better results with lower thresholds compared to results
obtained by laypersons.

4

Conclusions

The characterization of impulsive signals is a task that involves knowing the frequency ranges that the
signals cause the greatest sensitivities for people. Furthermore, specifically for refrigerators, this
classification can be of great help in the manufacture of products that cause less discomfort for the consumer.
The results obtained showed that, in general, the impulsive signals with energy at low frequencies had
the lowest thresholds compared to the signals with energy at higher frequencies. Women had lower
thresholds compared to men, as well as specialists, who had better results compared to laymen. In addition,
older people had higher thresholds.
The digital platform showed good results in subjective tests. Greater data dispersion was expected, as it
was not possible to follow most tests. This shows that the instructions passed at the beginning of the test
were effective. The applied methodology is practical and managed to achieve a relatively large sample space,
given the time that the data were computed, which indicates be an effective tool for applications in sound
quality. Moreover, in more favorable situations the execution of in-person tests, it is expected to compare the
results obtained remotely and in-person form.
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Gender
Male
Female
Age
10 - 20
20 - 30
30 - 40
40 - 50
50 - 60
60 - 70
Knowledge in
acoustics
Layperson
Experts
Total

Sociodemographic
variables

0.011065 ± 0.004509
0.012507 ± 0.001901
0.009668 ± 0.002702
0.012805 ± 0.005043
0.012863 ± 0.004469
0.014217 ± 0.012521

0.012018 ± 0.002381
0.010874 ± 0.001619
0.011564 ± 0.001349

15 (7.90)
95 (50.00)
43 (22.63)
16 (8.42)
8 (4.21)
3 (1.58)

133 (70.00)
57 (30.00)
190 (100.00)

8

0.012350 ± 0.001613
0.009124 ± 0.003025

500 Hz
136 (71.58)
54 (28.42)

Sample size
(%)

0.007320 ± 0.001696
0.007149 ± 0.001156
0.007287 ± 0.00093

0.006555 ± 0.003006
0.006689 ± 0.001344
0.007837 ± 0.001632
0.006526 ± 0.003920
0.006641 ± 0.004241
0.010364 ± 0.009653

0.007180 ± 0.001131
0.008009 ± 0.01832

Threshold (Mean ± CI 95)
Filtering center frequency
1000 Hz

Table 1 – Stratified thresholds

0.002406 ±0.001175
0.003472 ± 0.00756
0.00356 ± 0.00067

0.005597 ± 0.002010
0.003249 ± 0.000935
0.003769 ± 0.001655
0.003759 ± 0.001559
0.004014 ± 0.003012
0.009361 ± 0.00430

0.0035 ± 0.000758
0.003738 ± 001873

3000 Hz

741

References
[1] Sottek, R.; Genuit, K. Models of signal processing in human hearing. International Journal of
Electronics and Communications. Vol 59 (3), 2005, pp 157-165.
[2] Sato, S. I.; You, J.; Jeon, J. Y. Sound quality characteristics of refrigerator noise in real living
environments with relation to psychoacoustical and autocorrelation function parameters. The Journal of
the Acoustical Society of America. Vol 122 (1), 2007, pp 314-325.
[3] Farrel, B.; Pelli, D. G. Psychophysical methods, or how to measure a threshold and why. Vision
research: A practical guide to laboratory methods. Vol 5, 1999, pp 129-136
[4] Windhorst, U.; Johansson, H. Modern techniques in neuroscience research. Springer, Berlin (DE), 1st
edition, 1999.
[5] Willemsen, A. M.; Rao, M, D. Characterization of sound quality of impulsive sounds using loudness
based metric. Proceedings of 20th International Congress on Acoustics, Vol 5, 2010, pp. 3397-3404.
[6] Hairston, D. W.; Maldjian, J. A. An adaptive staircase procedure for the E-Prime programming
environment. Computer Methods and Programs in Biomedicine, Vol 93 (1), 2009, pp 104-109.
[7] Cornsweet, T. N. The staircase method in psychophysics. The American Journal of Psychology, Vol 75
(3), 1962, pp 485-491.
[8] Johnson, C.A.; Chauhan, B; C.; Shapiro, L. R. Properties of staircase procedures for estimating
thresholds in automated perimetry. Investigative ophthalmology & visual science, Vol 33 (10), 1992, pp
2966-2974.
[9] Kollmeier, B.; Gilkey, R. H.; Sieben, U. K. Adaptive staircase techniques in psychoacoustics: A
comparison of human data and a mathematical model. The Journal of the Acoustical Society of America,
Vol 85 (5), 1988, pp 1852-1862
[10] Leys, C.; Ley, V.; Klein, O.; Bernard, P.; Licata, L. Detecting outliers: Do not use standard deviation
around the mean, use absolute deviation around the median. Journal of experimental social psychology.
Vol 49 (4), 2013, pp 764-766

9

742

Sound quality assessment: comparison of in-situ and on-line
experiments
Etienne Parizet1, Dorian Grappe1, Chaouki Benzekri1, Clément Coppel2
1

Univ. Lyon, INSA-Lyon, Laboratoire Vibrations Acoustique, Villeurbanne, France
2
Volvo Group Trucks Technology, Saint-Priest, France
etienne.parizet@insa-lyon.fr

Abstract
In order to assess the sound quality of electrically powered trucks, a listening test experiment was planned in
2020. 27 sounds recorded in different vehicles were equalized in loudness (using the Zwicker model) to
highlight the contribution of timbre parameters. Due to the health situation and the lockdown in France, this
experiment was conducted online; 55 people participated. The following year, it was repeated in the laboratory
and at the truck manufacturer (46 participants). In the online experiment, there was no control over the
experimental conditions (background noise in the room, headphones, etc.). In contrast, the in-situ experiment
was carried out in soundproof booths with high-quality headphones. The objective of this presentation will be
to present the comparison of the results obtained in the two conditions. Despite the lack of control in the insitu conditions, the results of the two experiments are very close - showing that online experiments can be used
for sound quality applications.
Keywords: Sound quality evaluation, on-line experiment.

1

Introduction

Most of the time, perceptual experiments are conducted in a laboratory, in a very controlled environment:
participants are in a room isolated from outside noise, they are focused on their task and sound are presented
with high-fidelity headphones or loudspeakers. Very few experiments are conducted via the Internet (an
example is given in [1]). Indeed, the conditions of such an experiment are not controlled: does a listener use
headphones or a loudspeaker to listen to the stimuli? (see [2] for a proposed protocol to check this). What is
the quality of the playback system? Is the sound environment quiet enough not to disturb the listener? All this
can greatly reduce the quality of the results.
Because the Covid pandemic led to a lockdown in 2020, followed by a period during which outsiders could
not enter the laboratory, an online experiment had to be set up. We wandered whether the results of the
experiment could be considered as reliable. To get an answer, this experiment was repeated in 2021 under
usual controlled conditions.

1
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2
2.1

Methods
Stimuli

These experiments were conducted as part of a study about noise comfort in electrically powered trucks. The
objective of the study was to identify the sound timbre parameters that contribute to the acoustic quality of the
vehicles. The sounds of several vehicles were recorded (fs=51200 Hz) at the driver's ears, for different speeds
(from 30 to 90 km/h). In some stimuli, emerging frequencies (between 600 and 3000 Hz) were amplified (by
6 to 15 dB). Thus, 27 stimuli were obtained – they had a duration of 10 s. Fading in and out was applied (250
ms duration).
The large differences in vehicle speeds resulted in large differences in level (about 20 dBA between the
minimum and maximum values). As perceived loudness is a very important factor in acoustic quality, it was
decided to equalise this loudness. An iterative procedure was used, consisting in equalizing calculated
according to ISO 532-1 (2017). The metric was the average of loudness computed at both ears, equalized to a
level of about 19 soneGF (with a total deviation between all signals of less than 0.5 soneGF).

2.2

On-line experiment (2020)

As the health situation prohibited participants to come to the laboratory, it was decided to carry out an on-line
experiment using Psytoolkit [3,4]. After listening to each sound, the participant had to evaluate four
parameters: loudness, sharpness, regularity and finally pleasantness. For each descriptor, the response was to
be given by moving a slider on a continuous scale with five extreme labels (e.g. from extremely unpleasant to
extremely pleasant). The position of the cursor was recorded as an integer between 0 and 100.
Beforehand, five signals were presented to allow the listener to appreciate the variation of the parameters. In
addition, the participant was asked to indicate his or her age (in four categories: 18-25 years, 26-40 years, 4160 years and over 60), gender and experience of driving a truck (never / rarely / sometimes / regularly).
Finally, as it was not possible to calibrate the listening level, the participant was asked to listen to a speech
signal and to adjust the level of the computer so that the speech was just intelligible. A limitation of Psytoolkit
is that it is not possible to combine two elements:
- a random presentation of signals;
- the presentation of a progress indicator for each sound (which is useful to the participant).
We therefore divided the experiment into four blocks (presented randomly and within which the order of the
sounds was also random), with a progress indicator presented to the participant at the end of each block.
The link was disseminated and this allowed to collect 55 complete responses within a couple of months (other
participants dropped out along the way).
2.3

Laboratory experiment (2021)

The experiment was repeated in 2021. This time, participants were allowed to come to the laboratory. Each
participant was placed in an sound-proof booth and sounds were presented through headphones (Sennheiser
HD650) at a calibrated level corresponding to an average loudness of 19 soneGF. 46 people took part in the
experiment: 30 students from INSA-Lyon (aged 18 to 25 and with no experience of driving industrial vehicles)
and 16 members of the manufacturer's staff, of various ages and all with driving experience.
The rest of the procedure was identical to the experiment conducted in 2020, with the exception that the speech
signal was not presented (as participants were not allowed to modify the presentation level of the sounds). This
experiment was also run by Psytoolkit, so that only the listening and environmental conditions differed
between the two experiments.
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3

Results

For each descriptor, an analysis of variance (repeated measures) was conducted. It included a within-subjects
factor (stimuli, 27 levels) and a between-subjects factor (type of experiment: on-line or in-situ). These analyses
were conducted by JASP (https://jasp-stats.org). The Greenhouse-Geisser sphericity correction was used and
the significance threshold was 5%.
For the parameters Sharpness and Regularity, the results are similar between the two experiments (p>0.05). A
difference is noted for the parameters Loud (F(26,2574)=2.48, p=0.003), and Pleasant (F(26,2574)=1.59,
p=0.021), as shown in Figures 1 and 2.

Figure 1 – Averaged loudness of the 27 stimuli. Blue circles : on-line experiment (2020). Red squares : in
situ experiment (2021).
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Figure 2 – Averaged pleasantness of the 27 stimuli. Blue circles : on-line experiment (2020). Red squares : in
situ experiment (2021).

Although the statistics relate a significant difference between the two experiments, figures 1 and 2 shows that
results are quite similar. Moreover, it can be suspected that these differences are due to a different age
distribution of the listeners in the two experiments. The age distribution was not similar for the two experiments
(table A). Distributions are significantly different (𝜒 (3) = 11.6, 𝑝 < 0.01).
18 to 25

26 to 40

41 to 60

> 60

On line (2020)

19

13

21

2

In situ (2021

31

10

5

0

Table A - Age distribution of participants in the two experiments
If the analyses of variance are repeated for the younger participants only (between 18 and 25, which represents
the largest category in both cases), the effect of the type of experiment is not significant for any of the four
sound parameters.

4

Conclusions

The results obtained in the two experiments are very similar. It therefore seems possible to carry out online
experiments more often. An advantage of this type of experiment is that, potentially, a very large number of
4
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people can participate. A limitation is that it is difficult to target a particular profile of participants (for example,
in our case, regular drivers of industrial vehicles). It therefore seems reasonable to limit the use of online
experiments to cases where such particular profiles are not sought.
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Abstract
Annoyance due to aircraft noise is known to be highly impacted by non-acoustical factors such as attitudes ,
expectations and (mis-)trust towards the airport management. As exposure to noise is generally dis tributed
unevenly, perceived fairness in the relationship between the airport and its residents is assumed to contribute
to annoyance judgments. Perceived fairness has even been shown to alleviate the distress of the affected
individual in other fields of research (e.g. organizational and justice psychology). However, research on
fairness aspects in the context of aircraft noise exposure is scarce. In the framework of the EU-project
ANIMA, focus groups with noise-affected residents were conducted around Cologne-Bonn Airport in order
to identify relevant aspects of fairness evaluations. Transcripts of the discussions were produced and
analyzed using qualitative content analysis. The four-factor structure of fairness (i.e. distributive, procedural,
informational, and interpersonal fairness) was brought to life with statements from residents. The relevanc e
of specific factors, such as informational aspects like truthfulness and justification was analyzed based on
residents` statements. Recommendations are made to focus on fairness, both for future studies inves tigating
fairness in the context of noise research and airport management measures aimed at establishing a
constructive relationship to aircraft noise affected residents.
Keywords: aircraft, noise, focus groups, fairness, justice
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1

Background

The comprehensive ANIMA project, in which this qualitative study is embedded, deals with a crucial fac tor
affecting the quality of life of many residents in Europe: aircraft noise. In contrast to other projects that focus
on the purely physical reduction of noise from the source, ANIMA focuses on the quality of life of residents
living around airports in Europe.
On the one hand, ANIMA aims to analyse current airport noise management efforts and identify those
measures that are particularly effective in improving the quality of life of airport residents. ANIMA also
aims to gain a deeper understanding of the annoyance caused by aircraft noise. Numerous studies have
shown that annoyance is not only influenced by noise intensity, but is also affec ted by many so-called nonacoustic factors. For an overview see [1].
Research into these non-acoustic factors is yet a further important part of the ANIMA project. Work package
3 of the ANIMA package aims to deepen the scientific understanding of annoyance by exploring the
influence of non-acoustic factors and their weighting. In the work package, factors influenc ing annoyanc e
will be reviewed and their impact on well-being and quality of life will be investigated. Furthermore, new,
innovative measures will be developed and identified that help to minimise annoyance and its consequences.
In a review by Hauptvogel et al. [2] it was shown that fairness is a central aspect that can significantly
influence the perception of annoyance and can also be seen as a foundation stone for the airport' s efforts to
interact with affected citizens. Four fairness facets of distributive, procedural, informational and
interpersonal fairness were identified and their relevance was applied to the issue of aircraft noise from
existing literature, first of all from the field of organisational psychology, and their relevance was elaborated
[3].
Having identified fairness as a key aspect in the management of aircraft noise in Hauptvogel's [2] review , it
is important to look more closely at the aspects that make up airport residents' perceptions of fairnes s. For
this reason, this qualitative approach addresses an important link between theory and practice.

2

Method

Four focus groups were conducted between January and February 2020 in the vicinity of the Cologne-Bonn
Airport. They were carried out in municipal venues (e.g. schools, civic centres) close to the residents’ home.
Focus groups as a research instrument can be defined as a “carefully planned discussion to obtain
perceptions of a defined area of interest in a permissive, non-threatening environment” [4].
For that reason, focus groups offer the possibility to provide meaningful input and reveal dimensions of
understanding that are not possible with quantitative data collection techniques [5]. Main target of focus
groups is to generate hypothesis and to foster a general understanding.
The developed discussion guide included questions and prompts designed to address following topics :
•
•
•
•
•
•

Importance of aircraft noise as a factor impacting the quality of life in comparison to other pos itive
or negative factors in the immediate living vicinity
Personal associations with the airport to evaluate the current perception and attitude to the airport
Description of how a good, fair neighbourly relationship with the airport would look like
Current perceptions of communication and information dissemination related to the airport
Expectations regarding information (what information, who should provide this information, how
should the information be provided)
Opinion of whether a fair, neighbourly relationship could potentially lead to a shift of the perception
of aircraft noise
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The participants were recruited with in several ways. The main method was via mailshot (bulk mail).
Additionally, flyers were displayed in hair dressers, doctoral offices, pharmacies, parishes, community
centers and schools.
In order to compare perceptions of residents differing in the amount of aircraft noise at their homes, s everal
areas were identified prior the recruitment. Focus groups were conducted consisting of five to nine residents ,
which were either highly (> 55 dBA LDEN ) or slightly (< 50 dBA LDEN ) exposed to aircraft noise at their
homes in an either rural or urban area. If possible, the groups were mixed in age, gender and long-term
annoyance due to aircraft noise in order to produce a variety of rich data from different perspectives. To
conclude, two focus group with residents of high aircraft-noise exposed areas (rural and urban) and two
focus groups with residents of minor aircraft-noise exposed areas (rural and urban) were conducted. This was
done purposefully to allow for a variety of different perceptions in terms of other factors like green space
areas, other noise sources etc. However, in every area aircraft noise was the predominantly environmental
noise source.
•
•
•
•

3

Group 1 was located in an urban part of Cologne with a high exposure of aircraft noise. Seven out of
the ten invited participants showed up. From those seven participants five were female. The mean
age was 44 with a range from 17 to 81 years old.
Group 2 was located in the rural area a bit outside of Cologne with a rather low exposure to airc raft
noise. Nine out of ten participants turned to show up. From those nine participants two were female.
The mean age was 45 with a range from 17 to 69.
Group 3 was an area in the south of Cologne which is urban and not very affected of aircraft nois e.
Five out of nine invited participants showed up. From those five participants three were female. T he
age range was from 37 to 88 with a mean age of 55.
Group 4 was an area south-east of Cologne which is mostly rural but highly affected to aircraft noise
due to its proximity to the airport. Out of the ten participants invited to the focus group eight did
show up. From those eight people four were female. The age ranged from 26 to 74 w ith a mean of
50.

Results

The following are examples of statements from the focus groups that are assigned to the respective subfacets of the fairness categories. The aim is to find out how relevant certain aspects are and how they are
expressed in the context of aircraft noise research.
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3.1

Distributive Fairness

Distributive fairness is generally considered to be a concern for the socially equitable distribution of goods ,
especially in relation to outcomes [6, 7].
Table 1 - Definition and examples of distributive fairness.
Subcategory
Equity

Equality

Need

3.2

Definition
Outcomes are allocated
according
to
contributions
Outcomes are allocated
equally
Outcomes are allocated
according to need

Example
"There have already been wishes and suggestions regarding
different runways for take-off and landing, that the aircraft noise
is better distributed."
"There's quite a spread of departure routes. I suppose it's a
compromise, sometimes more burdening those, sometimes more
burdening those."
"But I also personally think in areas like here where there are
social problems, to have noise on top of that, I think it harms
people even more."

Procedural Fairness

Procedural fairness can be seen as the fairness of the process that leads to a decision and ultimately to the
distribution of goods. Research on procedural fairness distinguishes between different aspects [8-10].
Table 2 - Definition and examples of procedural fairness.
Subcategory
Process control

Definition
Procedures provide
opportunities for voice
Decision control
Procedures provide
influence over
outcomes
Consistency
Procedures are
consistent across
persons and time
Bias suppression
Procedures are neutral
and unbiased
Accuracy
Procedures are based
on accurate
information
Correctability
Procedures offer
opportunities for
appeals of outcomes
Representativeness Procedures take into
account concerns of
subgroups
Ethicality
Procedures uphold
standards of morality

Example
"[...] there is somehow no way to proactively contact the
affected communities […].”
"[...] taking me seriously and involving me and making
decisions with me. I don't feel that.”
"I would first say [communication] at regular intervals it
would be important to me that it also becomes a certain
institutional matter as a result."
"The airport follows the law of money."
"We even had a measuring vehicle from Cologne Airport
parked in front of our door. [...] But that didn't help either
and the vehicle was always broken apart from that."
No statement made.

"There are different interests [that have to be weighed up],
there are the residents, there are those who want to fly, there
are those who earn money by flying...”
"There are now medical reports that have even calculated
the costs of illness. What does it cost if the population is ill
and becomes even more ill and what does it cost to introduce
a ban on night flights."
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3.3

Informational Fairness

However, the addition of a fair process still does not fully reflect the complexity of human perceptions of
fairness. Research has found that it also depends on how processes and outcomes are communicated and how
people are engaged with [11]. Informational and interpersonal fairness regards to the quality of interaction
between involved parties [12]. Informational fairness regards to the quality of explanations and justifications
given that explain the procedure applicated in the decision-making process.
Table 3 - Definition and examples of informational fairness.
Subcategory
Truthfulness

Definition
Explanations about
procedures are honest

Justification

Explanations about
procedures are thorough

3.4

Example
"Measurements are sometimes taken by the airport. Those are
always the days when it's particularly quiet. That's when they fly
the other way. I'm absolutely convinced of that."
"I don't know where I can get an answer. How come Düsseldorf
has a night flight ban and Cologne doesn't?"

Interpersonal Fairness

The term interpersonal fairness describes the degree in which residents are treated with politeness, dignity
and respect [13]
Table 4 - Definition and examples of interpersonal fairness.
Subcategory
Respect

Propriety

Definition
Enactment of
procedures are sincere
and polite
Enactment of
procedures refrain from
improper remarks

Example
"I think the airport is also a closed-door neighbour, that's how it
looks to me. He doesn't open his front door, he stays locked all
the time."
"The attitude is partly hardened and partly disgruntled. I think
like talking in a marital dispute, the willingness to talk mitigates
something."
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4

Conclusions

This paper highlights the relevance of fairness in the context of aircraft noise research. Based on the review
by Hauptvogel et al. [2], in which the different facets of fairness in the context of aircraft noise research were
elaborated, this paper first offers insights from qualitative research with residents around the airport in
Cologne-Bonn. Four focus groups were conducted with people from high and low aircraft noise regions.
First results are presented, in which the various fairness facets are brought to life w ith conc rete s tatements
from airport residents.

From the results, conclusions can be drawn about the relevance of certain fairness aspects. Data indicate that
fairness should not only be an important part of airport management in theory, but is also perceived as s uc h
by affected residents. Detailed results will be published soon.

Looking into the future, results of this qualitative study can be used to create a psychometric ins trument to
objectively, reliably and validly measure fairness aspects of airport management and neighbourliness. This
will allow quantitative studies to be conducted to further investigate fairness in the context of airport
management.

Acknowledgements
The study was conducted within a larger study of the EU-project ANIMA (Aviation Noise Impact
Management through Novel Approaches) which has received funding from the European Union’s Horizon
2020 research from 2017 - 2021 and innovation programme under grand agreement No 769627.

References
[1]
[2]

[3]
[4]
[5]
[6]

R. Guski, D. Schreckenberg, and R. Schuemer, "WHO environmental noise guidelines for the
European region: A systematic review on environmental noise and annoyance," International
Journal of Environmental Research and Public Health, vol. 14, no. 12, p. 1539, 2017.
D. Hauptvogel, S. Bartels, D. Schreckenberg, and T. Rothmund, "Aircraft Noise Distribution as a
Fairness Dilemma—A Review of Aircraft Noise through the Lens of Social Justice Researc h," vol.
18, no. 14, p. 7399, 2021.
D. E. Rupp, D. L. Shapiro, R. Folger, D. P. Skarlicki, and R. Shao, "A critical analysis of the
conceptualization and measurement of organizational justice: Is it time for reassessment?," Academy
of Management Annals, vol. 11, no. 2, pp. 919-959, 2017.
R. A. Krueger, Focus groups: A practical guide for applied research 2nd ed. Thousand Oaks, CA:
Sage Publications, 1994.
J. Kitzinger, "Qualitative research: introducing focus groups," Bmj, vol. 311, no. 7000, pp. 299-302,
1995.
G. S. Leventhal, "The distribution of rewards and resources in groups and organizations. ," Advances
in experimental social psychology, vol. 9, pp. 91 - 131, 1976.

6

754

[7]
[8]
[9]
[10]
[11]
[12]
[13]

J. S. Adams, "Inequity in social exchange," in Advances in experimental social psychology, vol. 2:
Elsevier, 1965, pp. 267-299.
J. Thibaut and L. Walker, Procedural justice: A psychological analysis. L. Erlbaum Associates,
1975.
E. A. Lind and T. Tyler, The social psychology of procedural justice. Springer Science & Bus ines s
Media, 1988.
D. R. Bobocel and L. Gosse, "Procedural justice: A historical review and critical analysis," 2015.
J. Greenberg, "The social side of fairness: Interpersonal and informational classes of organizational
justice," Justice in the workplace: Approaching fairness in human resource management, pp. 79 103, 1993.
R. J. Bies, "Interactional (in) justice: The sacred and the profane," Advances in Organizational
Justice, vol. 89118, 2001.
R. J. Bies and J. S. Moag, "Interactional communication criteria of fairness," Research in
organizational behavior, vol. 9, pp. 289-319, 1986.

7

755

The synergetic effect of nocturnal road noise exposure and workrelated stress on self-rated sleep quality
Susanne Bartels1, Mikael Ögren2, Jeong-Lim Kim2, Sofie Fredriksson2, Kerstin Persson Waye2
1

Sleep and Human Factors Research, Institute of Aerospace Medicine, German Aerospace Center (DLR),
Cologne, Germany
(susanne.bartels@dlr.de)

2

School of Public Health and Community Medicine, Occupational and Environmental Medicine, Institute
of Medicine, University of Gothenburg, Sweden
(mikael.ogren@amm.gu.se, jeong-lim.kim@amm.gu.se, sofie.fredriksson@gu.se,
kerstin.persson.waye@amm.gu.se)

Abstract
Ample evidence exists for adverse health effects, such as sleep disturbance, due to nocturnal transportation
noise but also due to other non-acoustic particularly psychosocial stressors, such as work-related strain.
However, only very few studies have focused on the synergetic effect of the co-exposure by transportation
noise and psychosocial stress. A survey with 3460 working women aged 18-65 years from the Swedish
county Västra Götaland investigated the effect of nocturnal road noise exposure, work-related stress and their
potential synergetic effect on self-rated sleep quality. Results revealed that sleep quality was not consistently
associated with noise exposure (depending on the assessment via modelled nocturnal outdoor noise levels vs.
façade of the bedroom) while work-related stress had a significant effect throughout. There was a nonsignificant trend for a synergetic effect between the façade of the bedroom and work-related stress that
warrants consideration in future noise effects research.
Keywords: road noise, sleep quality, work-related stress, synergetic effect

1

Introduction

Chronic exposure to nocturnal transportation noise can have adverse physiological and psychological effects
including annoyance, decreased cognitive performance, increased risks for cardiovascular diseases, and sleep
disturbance [1]. According to the World Health Organization [2], the latter comprises the highest burden of
disease due to environmental noise exposure with road traffic noise considered as the most common source
of transportation noise worldwide. Evidence for road noise-induced sleep disturbance come from laboratory
and field studies using electro-physiological sleep measurements [3-5], but also from epidemiological studies
and cross-sectional surveys using self-assessments of sleep quality and sleep disturbance [6].
An additional source of sleep disturbance is psychosocial stress [7]. Amongst others, work-related stress has
shown to be a critical predictor of decreased sleep quality and insomnia in a systematic review [8].
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However, the potential for synergetic effects of work-related stress and nocturnal transportation noise
exposure on sleep has scarcely been investigated, so far [9]. The present conference paper analyses the effect
of work stress and nocturnal road traffic noise exposure on self-rated sleep quality in multivariate models. In
addition, a potential synergetic effect of noise exposure and work-related stress is examined. All analyses and
results presented here are part of a paper recently published by the same authors
(https://doi.org/10.1007/s00420-021-01696-w).

2
2.1

Methods
Sample

Data presented here come from an ongoing cohort of working women in Sweden including women with a
preschool teachers’ degree and randomly selected women from the general population of the Västra Götaland
County of Sweden born between 1943 and 1989 [10]. Data were surveyed via questionnaires sent out
between October 2013 and July 2014. Predictor and outcome variables were assessed in parallel using a
cross-sectional study design. Response rates were 51% (preschool teachers) and 38% (general population)
[10].
Analyses presented in this paper are based on a sample of in total 3460 working women aged 18-65 years.
For 2,191 respondents residing in the area of Gothenburg and its neighbouring community Mölndal
(= subsample A), data on modelled nocturnal road noise levels and subjective sleep quality were available.
For 1,764 respondents from the area of Gothenburg and Mölndal and the whole Västra Götaland County
(subsample B) data on the façade of their bedroom and their sleep quality.
The study was approved by the Ethics Committee of Gothenburg Sweden (060-13). All participants received
written information and gave their consent by returning a completed questionnaire.
2.2

Outcome variable

Sleep was assessed via a single question on self-rated general sleep quality plus a matrix of four questions on
specific sleep problems including problems to fall asleep, early awakenings and problems to fall asleep
again, tiredness in the morning, and sleepiness during the subsequent day in line with recommendations by
[11]. Answer options were “very good”, “rather good”, “neither good nor bad”, “rather bad”, and “very bad”
for the question on self-rated sleep quality and “never/seldom”, “a few times per month”, “once per week”,
“several times per week”, and “every day” for the questions on specific sleep problems. The five questions
were condensed and dichotomized as follows: Sleep quality was coded to value 1 (=poor sleep) when three
or more of the five questions were answered with the two upper answer options characterizing worse sleep
(“rather bad” or “very bad” and “several times per week” or “every day”). Otherwise, sleep was coded to 0
(= no poor sleep).
2.3

Predictor variables, confounders and modifiers

2.3.1 Noise exposure
The nocturnal road noise level (Lnight) which is the equivalent noise level from 22:00 to 06:00 (standard night
time in Sweden) was modelled according to the Nordic prediction method for road traffic noise [12] based on
geo coding of the respondent’s home address. The method used geometries of roads, buildings, elevation
data, ground types and noise barriers as well as traffic counts for standard and heavy vehicles and their
2
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distribution during the night. All noise data referred to outdoor levels calculated for the mot exposed façade.
Information regarding the floor of the bedroom in the building was not available. We differentiated between
three Lnight categories, i.e. < 45 dB(A), 45-50 dB(A), and > 50 dB(A).
Via the question “Does your bedroom have windows directly facing a street or road?”, we obtained
information about the façade of the bedroom. The response options were “no street/road”, “yes, a low-traffic
street/road”, “yes, a medium-traffic street/road”, and “yes, a high-traffic street/road”. “No street/road” was
considered as a proxy for a quiet façade. Because of very few respondents in the category “high-traffic
street/road”, this category was combined with the category “medium-traffic street/road” for the subsequent
analyses.
2.3.2 Work-related stress
Work-related stress was operationalized by the concept of job strain [13] that describes mental job strain as a
result of the interaction between psychological job demands (i.e. workload and task requirements) and job
control (i.e. individual control over one’s work activities and work-related decision authority) [14]. We used
the Swedish Demand–Control–Support Questionnaire (DCSQ) [15] and assigned respondents to categories
of low, medium and high job strain depending on their ratio between job demands and job control applying a
method described by [9]. The categorization of job strain was conducted according to a priori defined cut-off
values (i.e. sum scores). We considered this method preferable to a categorization based on quantile splits
since they and the resulting categorization can vary with study populations and survey waves [16].
2.3.3 Confounders and modifiers
The following demographic and lifestyle factors have a priori been selected as potential modifiers or
confounders of the association among work-related stress, nocturnal road noise exposure, and poor sleep and
have been included in all analyses: current smoking, alcohol consumption, obesity via the Body-Mass-Index,
physical activity, educational level, monthly income, self-rated general sensitivity to noise, age, and
belonging to either the preschool teacher cohort or the general population.
2.4

Statistical analyses

In a first step, we analysed the effect of the predictor variables separately in univariate logistic regression
models. In a second step, we applied multivariate logistic regression models including a noise exposure
variable (i.e., either Lnight or the façade of the bedroom window), job strain, and all a priori selected
confounders and modifiers in order to examine their effects on the outcome sleep quality (i.e., poor sleep vs.
no poor sleep).
In order to test for potential synergetic effects between job strain and exposure to nocturnal road noise, we
assessed interaction effects on an additive scale. Positive departure from additivity in the present analyses
means that the number of respondents reporting poor sleep is higher when both risk factors (i.e., nocturnal
noise exposure and job train) impact in combination than the sum of the respondents that would be caused by
high levels of each risk factor [17]. We quantified the amount of interaction by attributable proportion, AP,
that indcates the presence of an interaction for values larger than 0. AP was computed as recommended by
[18]. Since this method applies to dichotomous variables and the predictor variables presented in this paper
contained three categories, we calculated AP including only the highest and lowest levels of these variables,
each.
Synergistic interaction effects between the noise exposure variables and job strain were only examined when
the variables showed at least a trend for an increase in the prevalence of poor sleep, i.e. p <.01.
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3

Results and discussion

3.1

Association among nocturnal road noise exposure, job strain, and self-rated poor sleep

As shown in Table 1, there was no positive association between the Lnight and the prevalence of poor sleep
neither in the univariate nor in the multivariate model. Contrary to our expectations, respondents in the high
Lnight category reported even slightly lower rates (15.6 %) of poor sleep than respondents in the low Lnight
category (19.6 %) pointing at a rather negative association.
Table 1 – Effect of nocturnal road noise exposure level and job strain on sleep. Odds Ratios (OR) with
95 % Confidence Intervals (CI), subsample A.
Univariate Model
Variable and level
Nocturnal road noise
Low (< 45 dB,
reference)
Medium (45 - 50
dB)
High (> 50 dB)

n with
poor sleep

n without
poor sleep

OR

139
120

570
544

1.00
0.90

112

607

0.76

95 % CI

*

Multivariate Model
OR

95 % CI

0.69-1.19

1.00
0.96

0.73-1.28

0.58-0.99

0.80

0.60-1.07

Job strain
Medium (reference)
179
765
1.00
1.00
Low
94
730
0.55 *** 0.42-0.72
0.62 *** 0.47-0.82
***
High
98
226
1.85
1.39-2.47
1.83 *** 1.35-2.47
Note. * p < .05, ** p < .01, *** p <.001. The Multivariate Model includes potential confounders and
modifiers: age, educational level, monthly family income, type of the cohort, body mass index, BMI,
physical activity, current smoking, alcohol, and noise sensitivity.

A plausible explanation for this finding may be limitations in the modelling of the nocturnal road noise
exposure at the most exposed façade and without considering the façade of the bedroom. It is assumed that
residents of noisy roads are likely to choose more shielded façades of their dwellings for their bedrooms
[19]. Hence, our original intention was to analyse the association between the Lnight and sleep quality while
considering the façade of the bedroom. However, due to an unfortunate mishap, the majority of the study
population received a questionnaire version that did not include the question on the bedroom façade so that
this information could not be considered together with the Lnight. As a consequence, the modelled Lnight used
in the analyses did not necessarily reflect the actual level at the bedroom façade and this limitation might
have led to an underestimation of the true association between the equivalent outdoor level and sleep quality.
Moreover, information on the respondents’ window positions at night were not available. When exposed to
high nocturnal road noise levels, residents are likely to close their windows [20]. Depending on the window
position, outdoor-to-indoor attenuations can vary considerably between 10 dB(A) for open windows and 28
dB(A) for closed windows [21]. Thus, outdoor levels are a per se a rather poor proxy for the noise exposure
indoors.
Notwithstanding the above, the explanatory power of equivalent continuous levels for sleep disturbance is
generally limited, in particular for rather intermittent and less continuous noise such a road traffic noise [2223]. A major drawback of equivalent levels is the fact that different noise scenarios can result in the same
level [6]. Maximum levels are a more important factor for sleep disturbance and fragmentation [6]. Future
4
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studies should therefore apply exposure modelling that considers the bedroom facade, window-opening
behaviour, façade insulation as well as maximum levels.
Besides, also the wording of the questions on sleep quality and sleep disturbance may have had an influence
as they were neutral and did not name road noise as the source of potential sleep disturbance. Recently, it
was concluded that night-time road noise night levels were significantly associated with self-rated high sleep
disturbance when questions mentioned road noise as the cause of sleep disturbance. When road noise was not
mentioned in the question, only a non-significant, very small association was reported [6]. Moreover, the size
of effect of modelled road noise exposure on self-reported sleep quality has been shown to vary depending
on the sex with a significant association found in men but not in women [24]. Consequently, the results of
the present study should be generalized with caution to the whole population since only women were
included in the dataset.
Table 2 – The effect of bedroom window façade and work stress on sleep. Odds Ratios (OR) with
95 % Confidence Intervals (CI), subsample B.
Univariate Model
Variable and level
Bedroom façade
No street (reference)
Street with low
traffic
Street with medium
or high traffic
Job strain
Medium (reference)
Low
High

n with
n without
poor sleep poor sleep

OR

Multivariate Model

95 % CI

OR

95 % CI

0.71-1.32

1.00
0.91

0.65-1.26
0.89-2.22

165
65

919
375

1.00
0.97

31

106

1.63

*

1.06-2.51

1.40

134
72
55

521
717
162

1.00
0.39
1.32

***

0.29-0.53
0.92-1.89

1.00
0.45
1.38

***
+

0.33-0.62
0.94-2.02

Note. + p < .1, * p < .05, *** p <.001. The Multivariate Model includes potential confounders and
modifiers: age, educational level, monthly family income, type of the cohort, body mass index, BMI,
physical activity, current smoking, alcohol, and noise sensitivity.

The present results suggest an effect of the façade of the bedroom. Albeit not throughout on a significant
level, Table 2 shows a trend for an increase in the prevalence of poor sleep among respondents with a
bedroom window facing a medium or high-traffic street compared to those with a bedroom window facing
no street. Thus, results suggest a beneficial effect of a quiet bedroom façade on sleep quality as already
reported in previous studies [20, 25-26]. We did not find a difference in the prevalence of poor sleep between
the no street (=quiet façade) and the low-traffic street condition. Being exposed to a self-reported low-traffic
street may be related with low-level night-time noise in the studied areas which may not have caused
perceivable sleep disturbance. Moreover, the absence of a street does not necessarily mean a quiet façade
such as a garden, green space, a yard or garden, or water, as suggested by [25].
As shown in Tables 1 and 2, job strain was positively related with self-rated poor sleep. The prevalence of
poor sleep was lower when job strain was low compared to medium job strain in both the univariate and the
multivariate model. The prevalence of poor sleep was higher in the high job strain condition compared to the
medium job strain condition, albeit not throughout on a significant level in the multivariate models for
subsample A and B. The increasing effect of job strain on self-reported sleep quality has been shown before
5
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[7-9, 27]. In addition, the present results suggest a sleep protecting effect of low job strain, meaning that
control exceeds demands. However, the present data came from a cross-sectional study and causality
between job strain and sleep quality cannot be proven. Reverse causality is conceivable as well, meaning that
chronically poor sleep can lead to decreased performance which, again, may affect the perception of one’s
demands and control [8].
3.2

Synergetic effects between road noise exposure and job strain

Potential synergetic effects, i.e. the departure from additivity, was examined between the predictors bedroom
facade and job strain. Since the Lnight did not show any positive association to the prevalence of self-rated
poor sleep, we did not carry out an analysis of additive interaction. Table 3 shows a positive Attributional
Proportion (AP = 0.46, CI -0.09-1.00) suggesting a non-significant trend for an additive interaction. A high
level of job strain in combination with a bedroom window facing a medium or high-traffic street showed a
more than additive risk for self-rated poor sleep indicting that the number of cases of poor sleep in this
combination was higher than the sum of cases of poor sleep that would be caused by high job strain and a
bedroom façade to a medium/high-traffic street, each.
Table 3 – Analysis of additive interaction effects between bedroom façade
and job strain.
No street (quiet façade)

Low job strain
High job strain

n with
poor sleep
47
31

n without
poor sleep
474
98

OR
1.00
3.02

95 % CI
1.79-5.09

Medium-/high-traffic street

Low job strain
High job strain

n with
poor sleep
6
9

n without
poor sleep
52
14

OR

95 % CI

1.09
5.71

0.43-2.75
2.24-14.56

Attributional Proportion
AP
95 % CI
0.46
-0.09-1.00
Note. The distribution of levels of bedroom façade and job strain in
respondents with vs. without poor sleep refer to crude numbers (n).
Estimates for odds ratios (OR) and confidence intervals (CI) are adjusted
for the effect of a priori selected confounders and modifiers

A study that focussed on potential synergetic interactions between nocturnal road noise exposure and job
strain first [9], did not find an additive interaction in women. However, those findings are not fully
transferable to the present results as noise exposure was operationalized by the Lnight and not by the bedroom
facade.
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4

Conclusions

Job strain and at least on a trend level also bedroom façade both impacted on self-rated sleep quality in a
sample of Swedish working women. Compared to job strain, the impact of the bedroom façade was marginal.
A non-significant trend for an additive interaction was found between the bedroom façade and job strain on
self-rated sleep quality. Results suggest that work-related stress and potential additive interactions with the
noise exposure are important predictors that should be considered more thoroughly in future
(epidemiological) studies on the effect of transportation noise on sleep quality. Because of previously
reported sex differences in the association between road noise exposure and sleep quality [24], present
findings in only women warrant more research in order to establish generalizability on a population level
including men.
The nocturnal equivalent road noise level modelled outdoors at the most exposed façade (Lnight) seem to be a
poor predictor of self-reported sleep quality since it does not adequately reflect the sleeper’s actually
perceived noise exposure. A quiet façade seems to play a more important role as it protects sleep quality at
least on a trend level. Future studies on the effect of nocturnal road noise exposure should consider the
façade of the bedroom in their modelling of outdoor noise levels.
Since the findings presented in this a paper are based on cross-sectional analyses causality of effect could not
be proven. However, the research questions raised in this study with regard to exposure classification and an
improved knowledge on health affecting factors warrant following up preferably in longitudinal studies.
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Abstract
SOPRANOISE targets simplified assessment of the in-situ intrinsic acoustic performances of road / railway
noise barriers. This paper presents its half-term progress. The research is divided in 5 Work Packages, the
scientific ones being WP2 to WP5. WP2 is about establishing a State Of the Art (SoA) on the
characterization of the intrinsic performances: it is now finished and presented in 2 other papers by Conter
and Fuchs. WP3 is about in-situ inspection tools: based on a review / questionnaire, an inspection protocol
has been developed allowing simplified assessments mainly based on visual inspections and characterization
of possible defects. WP4 is about designing brand new “quick and safe methods” that could take place “in
between” the inspection tools and the standardized EN 1793-5 and -6; the research and development phases
of WP4 are now finished, while its validation along highways is now scheduled. Finally, WP5 is about the
use of noise barriers in the European market and the final report: a synthesis on the physical behaviour of
noise barriers and the physical significance of the test methods has been done, as well a SoA on the effective
use of noise barriers.
Keywords: noise barriers, sound absorption, airborne sound insulation, measurements.

1

Introduction

SOPRANOISE (Securing and Optimizing the Performance of Road traffic noise barriers with New methOds
and In- Situ Evaluation) is a European research funded by the CEDR (Conference of Eu-ropean Directors of
Roads) about simplified methods to characterize the in-situ intrinsic acoustic performances of (roads or
railways) noise barriers: its structure and objectives have already been presented in [1].
This paper presents the “half-term” progress report on the Work Packages WP2 to WP5.
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2
2.1

WP 2: State of Art, database, effect of degradations
Task 2.1 State-Of-the-Art

In this task, a systematic research on the State-Of-the-Art regarding physical background, available
comparisons, correlations and possible trends between measurement results of methods under diffuse sound
field conditions [2] [3] and methods under direct sound field conditions [4] [5] was per-formed.
The complete results of Task 2.1 have been reported in deliverable report D2.1 that will be soon available on
the SOPRANOISE website [6].
2.2

Task 2.2 Database

This task was about the update and analysis of noise barrier database including new current measurements:
the activities were focused on extending the relevant database of European noise barriers already developed
within the QUIESST project [7]. This updated database aims to show facts and figures about acoustic
performances obtained from measurements performed under diffuse sound field as well as direct sound field
conditions, together with a better understanding of the respective significance, similarities and differences of
these methods. The main results are summarized in a first general paper [8] and in a second more specific
paper about possible empirical correlations between the methods [9].
All the analysis performed and the results of Task 2.2 are reported in deliverable report D2.2, which will be
soon available on the SOPRANOISE website [6].
2.3

Task 2.3 Effect of degradations

In this task, the effect of degradations on the global acoustic performance of noise barriers was considered in
detail. First, a theoretical description has been presented to understand and model the effect of common
simple sound leaks on the sound insulation of noise barriers. This has been done by applying two
approaches: on the one hand, the dependence of the degree of transmission on the characteristics of the leak
is derived using the model by Mechel [10]. On the other hand, extended sound field simulations are used to
calculate the reduction of the sound insulation index due to the presence of a leak with a given transmission
coefficient. In practice, a significant statement about the noise barrier’s condition can be obtained via the
extended sound field simulations by simply assuming a worst-case transmission.
In the second part of this task, a more global model has been applied to investigate the effect of the intrinsic
properties of noise barriers on the sound immission level behind and in front of the noise barrier. From the
calculations with a simple sound propagation model we can conclude, that the effect of losing transmission
loss of noise barriers (e.g. due to aging or caused by small holes and slits) can be regarded as minor problem
far away from a noise barrier of moderate height. However, for high noise barriers, changes of the
transmission loss can cause a serious problem, also far away from the noise barrier. The higher the noise
barrier, the more important is a constant high transmission loss over the lifetime of the noise barrier. The
consequences of degradations in the reflection loss of a noise barrier for its overall acoustical performance
are also essential. The investigations show that with decreasing reflection loss, the level in front of the noise
barrier is increasing. This increase can amount to a maximum value of 3 dB in the limit of infinite distance of
the receiver (doubling of the noise source). For multiple traffic lanes this behaviour is comparable. Further
scenario calculations show that for the special case of multiple reflections between the dolly of an articulated
truck and the noise barrier can also lead to significant effects under certain conditions.
The results of Task 2.3 will be presented soon in [11], while they are also included in the deliver-able report
D2.2,again being soon available on the SOPRANOISE website [6].
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3

WP 3: In-situ inspection tools

This work package had to provide an acoustic in-situ inspection procedure that allows simplified acoustic
assessments of possible degradations of airborne sound insulation mainly based on visual inspections and
characterization of defects in a noise barrier. This inspection procedure is supposed to be the first step in the
progressive 3-step approach pursued in the SOPRANOISE project. It is relevant to note that this inspection
tool is not intended to be used for approvals of newly built noise barriers, what can only be done by
quantitative measurements. The intended purpose of the inspection is to qualitatively assess installed noise
barriers and prioritize their maintenance. Although the calculations within the framework of the acoustic
inspection protocol have a clear approximative character, they are based on a theoretical model and are able
to yield a relevant first estimation of the acoustic performance of a noise barrier under inspection regarding
possible degradations of the airborne sound insulation without undertaking actual measurements. In the
presence of a leak, an acoustical critical area behind the noise barrier is formed, in which the influence of the
leak is dominant over the diffraction and the sound insulation of the barrier reduces significantly. At more
distant immission points beyond this area the effect from the leak is negligible and the reduction of the sound
insulation is not critical anymore.

Figure 1: Illustration of the acoustical critical area behind a barrier with a leak ©BASt
Based on a review of existing inspection methods and on the results of a survey among CEDR member
states, a profile of requirements for the in-situ inspection method was defined. The criteria motivated the
structure and working principle of the resulting acoustic inspection protocol. The acoustic inspection
protocol is set up as Excel file consisting of five different sheets. When performing a noise barrier inspection
on site, the inspector can use this Excel document to obtain a first assessment of the acoustic condition of the
noise barrier. This can happen interactively during the general inspection routine by using a portable device.
The main features are:
• Procedure that can be implemented in a general inspection routine;
• Minimal inputs; frequent use of dropdown lists or check boxes for a fast and easy handling;
• Adjustable global settings;
• Immediate result of the acoustic qualitative assessment in a self-explanatory “traffic light” rating and
a critical radius.
Figures 2 to 4 show example of sheets corresponding to the inspection of a degraded noise barrier.
In those sheets, the following data have to be entered :
• General information about the location of the noise barrier is entered on the ‘Location’ sheet, mainly
as free text.
• All Information on the materials used in the design of the noise barrier are protocolled in the
‘Construction’ sheet. while the calculation itself is independent from the inputs made in this sheet,
records on the noise barrier construction might be helpful for further investigations.
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•

•

•

The main input sheet of the inspection protocol is the ‘Defects’ one. All information on the detected
defects are filled in there. Except for the field number and additional notes, all inputs have to be
selected from a dropdown list or via check boxes. This makes the actual inspection process faster
and easier to handle on site. The entry fields in the ‘Defects’ sheet are: field number, noise barrier
side, field height, defect location, type/cause of defect, view through, position (vertical and
horizontal), size (vertical and horizontal), additional notes.
The sheet ‘Acoustic assessment’ (see Figure 4) presents the result of the acoustic inspection and is a
pure output sheet, where each considered noise barrier field is listed with the assessed acoustic
condition and a critical radius of influence. Two different types of acoustic assessment are included:
on the left, the result of the calculation is given for each noise barrier field individually. From this,
the severity (in the acoustic sense) of a single leak becomes evident. However, in general more than
one leak can occur in the same noise barrier field or in neighbouring noise barrier fields. Thus, for a
comprehensive overall acoustic assessment, the superposition of leaks close to each other has to be
considered. An approximation for such an overall assessment is given on the right of the ‘Acoustic
assessment’ sheet.
In a last Excel sheet ‘Settings’, the inspector has the possibility to change few global parameters. In
general, modifications are not necessary here, since the default values serve as a good approximation
within the accuracy of the method.

Figure 2: degraded noise barrier, ‘Location’ (middle) and ‘Construction’ (right) sheets ©BASt

Figure 3: ‘Defects’ sheet with drop-down lists and check boxes ©BASt
The most important information follows directly from a “traffic light” rating: a green rating states that the
noise barrier is in an acceptable acoustic condition and no further actions are required regarding its airborne
sound insulation; a red rating is a clear indication of a defective acoustic condition, which has to be repaired
in any case; and all cases in between with a yellow rating cannot be decided via inspection only. Here,
additional acoustic measurements are necessary to decide for further actions – i.e. in the progressive
approach pursued in the SOPRANOISE project, the quick method (as developed in WP 4) has to be applied.
When degradations of the sound absorption performance are suspected, sound absorption measurements
must also be carried out because the in-situ inspection tool cannot draw quantitative conclusions about it.
4
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Figure 4: Output sheet ‘Acoustic assessment’: acoustic condition of the inspected noise barrier ©BASt
In a practical testing phase, German road authorities have been contacted to accompany motorway
inspections and apply the acoustic in-situ inspection protocol. The tests involved noise barriers of different
conditions (both structural and acoustic) and of different materials. Focus of the testing were the basic
applicability and the question, how different degrees of (real) damages are assessed by the proposed acoustic
rating. The tests confirmed: isolated leaks, even of larger size, supposedly have only minor effects on the
acoustic performance of a noise barrier. However, the effect of several leaks – even of smaller size – lying
close to each other superimposes and might lead to a significant loss of the airborne sound insulation
properties of a noise barrier. The results of WP3 will be presented soon in [11], while they are also included
in the corresponding deliverable report D3.1, soon available on the SOPRANOISE website [6].

4

WP 4: Quick and safe methods alongside roads

EN 1793-5 [4] and -6 [5], derived from the two EU research projects ADRIENNE (1995-1997) and
QUIESST (2009-2012), allow measurements on noise barriers almost everywhere, what is essential for
approving noise barriers installed alongside roads. This is already and increasingly done by authorities in
European countries. However, EN 1793-5 and -6 methods require a careful application by expert users,
which may result in quite lengthy tests, and this can limit their use to few locations. Therefore, there is a
need for a new “quick method” that could be easier and faster so as to be applied to a large part of an
installed noise barriers in a manageable time period, even if with a broader uncertainty compared to the full
EN standards [12]. From such preliminary acoustic assessments, few critical locations could then be selected
to carry out final assessments according to [4] and [5]. In Task 4.1 a comparative analysis of existing or
potential quick methods has been done [1]. This assessment included the following characteristics: working
frequency range, immunity to background noise (essential for in situ measurements), degree of expertise
required to operators, lightness of the equipment, easiness of handling of the equipment on site,
demonstrated correlation with the EN 1793-5 or -6 results [13,14], demonstrated reproducibility of the
results. The result of this comparative analysis was that a simplified version of the methods standardized in
EN 1793-5 and -6 would be the quickest way to achieve the intended goal while maintaining a relatively
good correlation of the measured values with those resulting from the application of full EN 1793-5 and -6
procedures. However, this implies a considerable effort in making the hardware lighter and easily portable
and in adapting the software to this new hardware. This is the task pursued by UNIBO researchers during
Task 4.2. In Task 4.2, it was necessary to design a completely new equipment, simpler and faster to be used
than that one for full tests, allowing the use by normal operators after a short training even in critical
conditions [15]. The general layout of the equipment design conceived at UNIBO is shown in Figure 5. The
measuring and processing system is based on a Teensy 4.0 system, including an Arm Cortex-M7 processor,
the highest performance member of the energy-efficient Cortex-M processor family. Figure 6 shows the onboard system Teensy 4.0 and its audio adaptor board during the assembling step. Figure 7 shows the
assembled on-board system. It performs all acquisition and post-processing operations, writing the results on
a portable memory stick.
5
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Figure 5: General layout of the equipment design conceived at UNIBO.

Figure 6: on-board Teensy & audio adaptor

Figure 7: control & processing system by UNIBO

The microphone array, which in the EN standards is a 0,80 x 0,80 m square grid of 9 microphones is
replaced with a linear array of 6 microphones, regularly spaced by 0,40 m from an height of 1,20 m above
ground to 3,20 m. It permits to check the full span between two posts of a 4 m high noise barrier, detecting
all possible defects, even those close to the top of the barrier. The linear antenna should be kept vertical and
manually displaced in short steps, say 1 m wide, to scan the full extension of the noise barrier. Using the
standard square 9-microphones array this would require many careful adjustments of the array, i.e. a very
long measurement time. The measuring procedure is borrowed with few changes from EN 1793-5 and -6:
• Loudspeaker and microphone are placed at the same distance to the noise barrier under test as in EN
1793-5 and EN 1793-6.
• The test signal is generated and 6 impulse responses are acquired.
• For each microphone position in front of the device under test, a free-field impulse response with the
measurement set-up oriented toward the free space is acquired.
• Each set of impulse responses – in front of the device under test and in the free-field – are processed
as in EN standards to get the final sound reflection index, RI, or sound insulation index, SI.
6
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The laboratory tests done had the main goal of verifying to which extent the values of the sound reflection
index and sound insulation index values obtained with the new equipment are close to those obtained with
the standard equipment for full EN tests. As an example, a timber noise barrier sample, available at UNIBO
laboratory, has been tested for sound reflection. The noise barrier under test is made up of wooden panels
with a sound-absorbing face (street side) and a face in wooden matchboard (external side). The barrier is
built by overlapping two wooden panels of the same length, 3,00 m, and the same height, 2,00 m. The panels
are inserted into HEA 160 posts spaced 3,00 m apart. The overall height of the barrier is 4,00 m. A soundabsorbing layer, 120 mm thick, made of recycled polyester fibres with a density of 30 kg / m3 is placed in the
interspace between the rear matchboard and the front HDPE sheet. The joints are sealed with an EPDM
gasket. Figure 8 and Figure 9 report the comparison with the two different equipment and procedures.

5

Figure 8: comparison of the RI values obtained with the quick method and with EN 1793-5.
The overall trend is similar; the RI curve obtained with the quick method is slightly underestimated (i.e.:
absorption is overestimated) compared to the full method curve. The single-number ratings are:
• Full EN method:
DLRI = 5,1 dB (200-5000 Hz)
• Quick method:
DLRI = 5,9 dB (200-5000 Hz)

Figure 9: comparison of the SI values of the acoustic elements with the quick method and with EN 1793-6
The overall trend is very similar; the quick method seems to slightly overestimate the SI value according to
the full standard (0.8 dB for the single-number-rating). The single-number ratings are:
• Full EN method:
DLSI = 28,5 dB (200-5000 Hz)
• Quick method:
DLSI = 29,3 dB (200-5000 Hz)
The new quick method is now ready for validation in real on-site conditions.
7
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5
5.1

WP 5: Guidelines for noise barriers use and scientific report
Task 5.1 Website

The SOPRANOISE specific website is available: https://www.enbf.org/sopranoise/ . This website is a
channel of communication that will soon let the first public deliverables being available to download.
5.2

Task 5.2 Physical behavior of NB / acoustic intrinsic performances

The aim of this task is to provide a comprehensive review of all the phenomena that rule the performance of
noise barriers (NB), insisting on the importance of every key factor as the extrinsic performances and the
intrinsic ones. Although this is obvious to skilled acousticians, it is worth remembering that the road / rail
traffic noise is a very complex phenomenon: in its path from the sound emission to its final perception by
individuals, every key factor rules the final NB performance (i.e.: reducing the noise perception). This
phenomenon has at least 5 dimensions: the geometric ones (X,Y,Z), the frequency and the time: vehicles are
reflecting / diffracting volumes, each one emitting as a group of sound sources randomly moving in the space
/ complex environment: the noise barriers could be very effective on some parts of the whole process, while
being less effective, or even useless, to some others. Thus, the specific (extrinsic and intrinsic) characteristics
of a noise barrier may, or may not, be important. Corresponding T5.2 report is included in the deliverable
D5.1 now available on the SOPRANOISE website [6].
5.3

Task 5.3 State-Of-the-Art on the today’s NB use within the EU Market

Task 5.3 aims to summarize the SOA on the current use of NB within the EU market: this survey is based on
a questionnaire that has been distributed to the relevant EU road and railway authorities, as well as to the
relevant stakeholders involved in the NB implementation and their maintenance. The questionnaire had the
following 7 questions about: (a) NB types used, (b) specifications / requirements, (c) contract awarding
process, (d) control at the installation, (e and f) maintenance and (g) end-of life. The representativeness of
the responses is quite good as we got 32 replies from 18 EU countries, 21 road and 6 railway authorities, 3
national / international associations of NB manufacturers and 2 individual NB manufacturers. The replies to
the questionnaires lead to a huge amount of interesting data: we only present here the answers to the
questions (a) and (b), the other ones being stated in the full Task 5.3 report, included in deliverable D5.1.
5.4

Question a: types of NB used

Tables 1 to 3 show the summarized replies to question (a), with the surfaces relative to each specific
type: sound absorbing effectively represent 76% of the data here compiled, the sound reflecting
17%, while the “others” 7%: this is a very interesting finding. Concrete NB are predominant, then
metallic NB (steel + aluminum), then wood NB.
Table 1: summarized replies on the installed sound absorbing NB
Concrete

Wood

Steel

8.895.562 3.169.045
47%
17%

Alu

761.892
4%

3.204.830
17%

Sound absorbing (m²)
Transparent
Opaque
Plastics
Plastics
15.000 169.249
0%
1%

Green
Vegetation
813.846
4%

Other

Total

1.812.473
10%

18.841.897
100%

18.841.897

Table 2: summarized replies on the installed sound reflecting NB
Concrete

Wood

Steel

842.985

655.303

59.655

20%

16%

1%

Sound reflecting (m²)
Transparent
Opaque
Alu
Plastics
Plastics
9.707
2.393.937
77.921
0%

57%

2%

Green
Vegetation
30.906

150.859

4.221.274

1%

4%

100%

Other

Total

4.221.274
17%

8
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Table 3: summarized replies on the “other?” (undefined) NB
Concrete

Wood

16.762 1.085.242
1%

63%

Steel
294.300
17%

Alu

Other? (m²)
Transparent
Opaque
Plastics
Plastics
10.687
3.509
1%

0%

Green
Vegetation
18.772
1%

Other

Total

294.682

1.723.954

17%

100%

1.723.954

5.5

Question b: tender specifications / requirements

Even this question concerned the application of EN 1793-5 and -6 [4, 5], many replies came referring to EN
1793-1 and -2 [2,3] that normally refer to noise reducing devices for which the intended use is under diffuse
sound field conditions (thus not corresponding to NB). This important finding shows that many countries are
still referring to EN 1793-1 and -2 characteristics because of the historical characterization when only those
(ISO based) methods were standardized. About the (normally) mandatory DLRI and DLSI (EN1793-5 & 6),
some repliers are using a single requirement: for those, the most common requirement for DLRI is
5 dB, generally considered as a minimum value, SNCF being the only replier requiring values from 8 up to
11 dB, what is very difficult to reach by existing EU NB. For the DLα (EN1793-1) requirements, the
common minimal value is 8 dB, what is quite logic as DLα values are higher that the DLRI ones.
Most common requirements for DLSI are in the range from 24 to 28 dB, some countries requiring different
values in function of the product materials. For information, the DLR (EN1793-2) requirements are very
similar, what is also logic: here DLR values are very similar to the DLRI ones.
All the results of Task 5.3 are included in the deliverable D5.1 available on the SOPRANOISE website [6].
Finally, the WP5 pending tasks are: Task 5.4 “How to asses the NB acoustic performances” (due date:
December 2021), Task 5.5 “Guidelines and scientific report” and Task 5.6 “finale event” (due date:
February 2022). The final deliverable will be then available on the SOPRANOISE website [6] and the
developed method will be submitted to CEN TC226 WG6 as candidates for future standardization.

6.

CONCLUSIONS

SOPRANOISE improves the understanding of the NB acoustic performance (i.e.: reducing the noise
perception); at this stage of the research, one can state the following:
The data assembled in WP2 database are representative and useful: they are now available to public [6].
WP3 developed an acoustic in-situ inspection protocol that yield a clear and realistic approximation of the
degradation effect in the airborne sound insulation of a noise barrier: Deliverable D3.1 includes the relevant
reports detailing this protocol and are now public [6].
At the present stage of the research within WP4, it can be said that all the objectives have been reached: a
hardware device has been built using components available on the market (overall cost below 4000 €). Some
preliminary tests have been done; more tests are planned. Full tests according to EN 1793-5 and EN 1793-6
are also planned in order to have an idea of the reliability of the new quick method versus the full EN
standards. Moreover, the post-processing software already developed at UNIBO is being simplified and
transferred to the new portable device. The actual easiness of use in situ will be tested in Task 4.3 along the
A22 motorway, but the preliminary results already obtained in laboratory are very encouraging.
Finally, WP5 is continuing, Tasks 5.1, 5.2 and 5.3 are now finished and their outcomes (as well as for WP2
and WP3) are now available on the SOPRANOISE website [6].
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Abstract
Although railway system is the most sustainable mode of transport, with the lowest energy consumption, the
noise induced by rail traffic in urban regions is a significant drawback. Mitigation of railway noise can be
performed by different solutions, namely by the implementation of acoustic barriers. Although they offer a
significant reduction in noise levels, their height makes people feel enclosed. Therefore, in the case of the
railway infrastructure, the solution to the problem may lie in the use of barriers with a lower height placed
close to the railway track.
The purpose of this paper is to illustrate the development of a barrier solution to be used in a railway context
through numerical modelling with BEM. The solutions developed were placed close to the track and have a
low height (approximately 0.8 m above the rail head). The geometry was defined so as to direct the energy
back to the track to take advantage of the acoustic properties of the ballast. The addition of a porous granular
material on the inner face of the barrier allows the control of reflections between the vehicle body and the
barrier, increasing its acoustic efficiency.
Keywords: Railway noise, Low height acoustic barrier, Acoustic efficiency.

1

Introduction

Rail transport is the most sustainable mode of transport, with the lowest energy consumption and carbon
footprint compared to any other mode of transport.
A report by the European Environment Agency (EEA) [1], points that on a European level, rail noise is the
second dominant source of noise, with a trend of increasing numbers of people being exposed in the coming
decades according to [2]. Rail noise mitigation measures are applied in three different locations depending
on the level of mitigation [3]. Usually, the most common solutions are used at the level of the propagation
path of sound waves, in this case acoustic barriers.
Acoustic barriers have been widely adopted in the context of noise mitigation; however, due to their height
(usually 3 m to 4 m high), these solutions face criticism from the population living and transiting in the
proximity of railway lines. The reason for that criticism lies in the feeling of entrapment caused by the
barriers, affecting the field of vision, loss of natural light and normal air circulation [4]. In order to tackle this
problem, new solutions, such as the one presented in this paper, have been studied by different researchers.
The advantage of low height noise barriers is related to the positioning of the barrier. As the noise formation
mechanisms are located mainly at the rail level [5], placing the barrier in a position close to the track allows
the propagation of sound waves to be interrupted near the source without presenting itself as an obstacle, as
happens with the usual barriers. With this in mind, several authors have worked on this issue in order to
develop a solution to mitigate the noise levels associated with rail traffic [6, 7].
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In order to increase the efficiency of the barrier, in this case to control reflections between the vehicle body
and the barrier, an absorptive treatment is required. For this purpose the use of porous concrete made with
light and sustainable consolidated granular materials, is of special interest from the point of view of
sustainability and resistance to external actions [8-10]. Research on the equivalent fluid representation of
porous concrete made with expanded clay has been shown to be relevant in the scientific community [9, 10].
In this work, the numerical modelling of railway scenarios is essential for the construction of the low height
acoustic barrier. The Boundary Element Method (BEM) is widely used to solve acoustic problems [11, 12]
and can be an excellent option for modelling the effect of mitigation measures. The numerical model allows
the incorporation of purely reflective boundaries and the modelling of wave propagation in different fluid
media.
The structure of the paper is as follows: The section 2 presents the experimental characterization of railroad
noise. The section 3 summarizes the experimental procedure used to characterize porous concrete samples,
allowing the representation of fluid equivalence theory. Section 4 presents the numerical formulation of the
BEM used to model the described problem. Section 5 presents the strategy used to define the barrier
geometry. Section 6 outlines the main results obtained from the studies performed. Finally, section 7
summarizes the main conclusions of this work.

2

Railway noise characterization

Noise induced by rail traffic comes from various sources and has many different characteristics. Despite the
various components of railway noise, the most predominant noise is the result of wheel-rail interaction,
influenced by the speed of movement of vehicles.
In order to identify the main frequency content, an experimental characterization campaign was carried out,
in which the signal acquisition was done using four Behringer microphones type ECM 8000, connected to a
Focusrite Sclarett 4Pre USB for signal acquisition.
The placement of the microphones was set to allow the acquisition of the noise at the closest possible
location to the source, and at successive greater distances from the source, thus allowing the propagation of
the sound waves to be studied in a comprehensive manner.
The Figure 1 shows the configuration used for the measurement, with the distance between microphones and
the position relative to the track.

Figure 1 - Experimental setup configuration.
The sound pressure levels shown in Figure 2 were collected on a ballasted track site with trainsets running at
different speeds (84 km/h and 78 km/h respectively). By analysing the one-third octave bands presented, it is
concluded that the most prevalent frequency content responsible for the highest noise levels lies between 200
Hz and 4000 Hz, i.e. the frequency interval between the two discontinuous black lines in each of the third
octave bands. This information has been the basis for the numerical modelling presented later in this paper,
allowing the definition of the frequency range and content that needs to be mitigated by the noise barrier.
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Figure 2 - Records of measured sound pressure levels; in blue a vehicle operating at 84 km/h; in yellow a
vehicle operating at 72 km/h.

3

Experimental characterization of porous concrete

Granular elements used in the construction of porous concrete are generally distributed differently from
fibres, following a log-normal pore distribution, resulting in lower porosity and higher tortuosity. Therefore,
the absorption coefficient of these materials depends on the pore size, porosity, tortuosity and sample
thickness of the material. The porous concrete samples were produced using expanded clay aggregates with a
particle size of 0-2 mm. Six samples were prepared, where all samples are 10.1 cm in diameter and 4, 6 and 8
cm thick. The proportions between the components of the materials by weight (kg) are shown in Table 1.
Table 1 – Material proportions in weight (kg) of the produced samples
Grain size (mm)
0-2

Aggregate (%)
43.96

Cement (%)
37.36

Water (%)
18.68

An experimental procedure based on the use of an impedance tube was used to characterize the normal
incidence acoustic properties of the porous concrete samples. As described in ISO 10534-2 [13], these
properties can be obtained from the transfer function between two microphones. To obtain the intrinsic
acoustic properties of the porous concrete samples, the Two-Cavity Method proposed by Utsuno [14] was
used. Figure 3-a) shows the porous concrete samples and Figure 3-b) sound absorption curves between
samples with different thickness. Each curve corresponds to the average between the two samples of same
thickness, respectively, 4, 6 and 8 cm. It is observed that the increase of the thickness produces a shift in the
sound absorption coefficient curve towards low frequencies.

a)

b)

Figure 3 - Sound absorption behavior of porous concrete. (a) Porous concrete built samples. (b) Average of
the sound absorption coefficient for three different thicknesses: 4, 6, and 8 cm.
To predict the acoustic behaviour of porous concrete with different thickness and to represent these materials
as the fluid-equivalent theory the Horoshenkov and Swift model is performed. This model consider four

3

777

macroscopic parameters to determine the acoustic behaviour, to list: air flow resistivity, σ, open porosity, ϕ,
tortuosity, α∞, and the standard deviation of the pore size, σp.
The inverse technique was performed using a genetic algorithm in which the objective function was based on
the quadratic sum of errors between the analytical and experimental data, along a frequency range.
Figure 4 shows a comparison between the complex properties using the presented macroscopic parameters
and those experimentally obtained through the Two-Cavity method for a sample with 4 cm. As observed in
[15] an excellent agreement can be observed between the experimental data and the semi phenomenological
prediction, allowing to represent and predict the porous concrete behaviour for different samples thicknesses
and geometries.

Figure 4 - Comparison between the experimental characterization and the semi phenomenological
representation. (a) Characteristic impedance, Zc; (b) Wavenumber, kc. (Adapted from [15]}).

4

System modelling

The Boundary Element Method, BEM, allows the analysis of complex geometries without the need to
describe the entire propagation medium, allows solving problems with both infinite and limited domains.
The solution to the problem involves solving the Helmholtz equation, where p is the acoustic pressure and k
is the wave number.
..

(1)

Solving the equation (1) is done by approximating the solutions for each boundary element. The numerical
method involves defining a virtual source P, one of the boundary elements, and integrating the other
boundary elements, Q. This operation is performed for all boundary elements, thus creating a system of
equations N, where N is equal to the number of boundary elements. The solution is obtained as the sum of
the solution of the integrals for each collocation point. Typically, the matrix formulation is used as the
preferred means of presenting the boundary element method [16],
..

(2)

Where p and v, are the acoustic quantities to be calculated, pressure and velocity of the particles according to
the normal to the surface and pinc is the free-field acoustic pressure due to a source located in the domain.
The matrices G and H are complete matrices and contain the Green solutions for all boundary points.
Finally, C is a diagonal matrix whose values depend on the placement point.
In order to represent the porous materials that must be placed in the barrier and study in this paper, it is
necessary to include the simulation of porous materials as fluid equivalents. It is necessary to define each
media and ensure coupling between the pressures and the normal velocity at the interfaces. The
systematisation of this problem involves defining the equations presented in equation (2) for each
propagation domain and their boundaries valid for both the external domain, Ωexterior, and the internal domain,
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Ωi, as illustrated in Figure 5. The coupling between domains is done by ensuring the continuity of the
pressure and particle velocity conditions at the shared boundaries of the domains [17].

Figure 5 - Representation of the coupled interior/exterior problem.
Once the acoustic variables at the defined boundaries are known, the acoustic pressure at the external
receivers, pT, is equal to the sum of the incident field acoustic pressure, pinc, and the acoustic pressure
resulting from the interaction of the boundaries with the acoustic medium, pS, as shown in Equation 3.

.

5

(3)

Methodology

The following section is intended to describe the methodology used to achieve the final low height acoustic
barrier solution.
The diagram in Figure 6 summarizes the main steps that were necessary, from the way the barrier geometry
was designed to the study of ways to improve its acoustic efficiency.

Figure 6 - Schematic representation of the methodology and results.
The application of the BEM 2D model makes it possible to calculate the effect of acoustic barriers in a
railway environment. In order to accurately describe the acoustic conditions of the modeled boundaries a
purely reflective condition was defined for the vehicle and part of the acoustic barrier, which means that the
particle velocity is zero. However, for the track (indicated in the figure as red dots) an impedance condition
was prescribed, which allows the acoustic absorption coefficient of the ballast to be considered. Thus, to
consider the absorption capacity of the ballast, based on the work developed by Broadbent [18], which
presents the acoustic absorption coefficient for a 17 cm ballast layer, the surface impedance of the ballast
was calculated.
The information collected from Metro do Porto, SA, allowed the modeling of the elements that are part of
the railway context, thus getting as close as possible to the real scenario. This information allowed us to
define the distance between the track and the barrier, setting it at 1.225 m. As shown in the diagram above,
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the design process of the barrier led to define a curved solution in order to take advantage of the acoustic
properties of the ballast, sending as much energy back to the track as possible.
The construction of the curved geometry of the barrier was done using the simulation of the propagation of a
sound wave in the time domain, in order to match the inner face of the barrier to the wave front. The Figure
7-a) presents the time domain simulation of the acoustic wave at the location where the barrier will be
placed, also representing a low height curved noise barrier with the inner face coinciding with the wave
front. As a result, the final geometry of the barrier is shown in Figure 7-b).

a)

b)

Figure 7 - (a) Schematic representation of the wave front and the designed barrier; (b) Representation of the
main dimensions of the final barrier.
The position of receivers has been defined considering the circulation of pedestrians alongside the track (in
the case of the lower receivers) and sensible buildings (in the case of the higher receivers).
Figure 8 presents the grid of external receivers (black dots) used in the studies presented in the following
sections. As can be seen, the grid extends about 7 meters in length and 5 meters in height, incorporating the
receivers mentioned above.

Figure 8 - Representation of the receiver grid used in the simulations.

6

Results

Initially, the acoustic performance of a purely reflective vertical barrier 1.20 m high and 0.15 m thick was
evaluated. In Figure 9 the sound pressure levels for the scenarios with and without barrier (see Figure 9-a) to
f)), and the IL (see Figure 9-g),h),i))), for three different frequencies: 500 Hz, 2000 Hz and 4000 Hz are
presented. From the analysis of the Figure it is observed that there are relevant differences between the
scenario without barrier and the scenario with barrier, which means that the barrier prevents the propagation
of part of the energy. This phenomenon is even more remarkable when analysing the IL (see Figure 9g),h),i))), where it is observed that the reduction (warmer colors of the figures) is higher than 15 dB.
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Figure 9 - Results calculated without (a,b,c) and with (d,e,f) the noise barrier, and the insertion loss (g,h,i),
for vertical barrier.
The second phase of the study involved analyzing the proposed curved geometry. In Figure 10 the calculated
results for the new barrier shape are illustrated. This figure is divided into three parts, illustrating the
propagation in the case without barrier in Figure 10-a),b),c) , the scenario with the presence of the barrier, in
Figure 10-d),e),f) and finally the insertion loss in Figure 10-g),h),i). In the case of the curved barrier, the
attenuation effect is very clear, with reductions of over 15 dB.
Compared to the vertical barrier, the insertion loss presented by the curved barrier is higher. The
phenomenon is again observed in the warmer colors that make up the color insertion loss map of the barrier
under analysis.
The use of the track as a means of absorption plays an important role here, since part of the performance
improvement is due to the characteristics of the ballast that absorbs the energy reflected on the inner surface
of the curved barrier.

Figure 10 - Results calculated without (a,b,c) and with (d,e,f) the noise barrier, and the insertion loss (g,h,i),
for curved barrier.
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From the comparison between the vertical barrier and the curved barrier it can be concluded that the curved
barrier is noticeably better at reducing sound pressure levels in the vicinity of the noise source, in particular
for the lower frequencies. However, the secondary reflections that occur between the barrier and the vehicle
are not properly attenuated and part of the energy is sent back to the external receivers.
Thus, an absorptive treatment was adopted on the inner face of the barrier to reduce the sound pressure level
between the train box, the track and the acoustic barrier. Placing material with sound absorbing
characteristics on the barriers ensures an improvement in acoustic performance, particularly with respect to
the phenomenon mentioned above.
For this purpose, porous concrete was chosen due to its greater durability and excellent acoustic properties.
The Figure 11 shows the geometry of the curved barrier filled by porous material, with an irregular
geometry, to increase the absorbent surface. The geometry of the porous material shown is composed of two
parts, namely a regular layer with a thickness of 0.08 m and an irregular layer. The irregular layer is
composed of elements 0.06m thick and 0.10m wide, with equal spacing between them.

Figure 11 - Sound absorptive and curved noise barrier.
In Figure 12 the insertion loss calculated at the level of the receivers shown in Figure 8 can be seen. For this
purpose, the energetic averaging of the sound pressure at the receivers was done for the cases with and
without barrier and the insertion loss was then calculated.
With respect to the vertical barrier, the analysis shown in Figure 12 corroborates what has already been
observed in the proximity to the noise source. The curved barrier performs substantially better than the
vertical one, particularly from the frequency 630 Hz onwards. From 200 Hz to 630 Hz the insertion loss
varies and the vertical barrier is slightly superior at some frequencies. From 630 Hz onwards, the insertion
loss of the curved barrier stabilizes and the difference between the two is always more than 5 dB.
As far as the barrier with porous material is concerned it performs better compared to the purely reflective
barriers for the entire frequency range under analysis. The performance of the curved barrier with porous
material translates into an insertion loss of more than 10 dB over the entire frequency range, reaching 15 dB
at most frequencies and for the frequency of 3150 Hz the insertion loss exceeds 25 dB.
In summary, for the lowest frequencies (200 Hz - 630 Hz), the difference between the three elements under
study is not more than 2 to 3 dB; however, from 630 Hz on, the performance of the curved barrier with
porous material is clearly superior compared to the other solutions presented.

Figure 12 – Insertion loss calculated for the three proposed noise barrier.
8
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Next, the IL color maps for the central frequencies of the one-third octave bands of 315 Hz, 1000 Hz, 1600
Hz and 2500 Hz are shown in Figure 13 for the curved barrier scenario with porous material. By analyzing
the IL maps one can see that the influence of the barrier on the more distant receivers is very relevant,
namely for the higher frequency bands. It should also be noted that, in the examples presented, the shadow
zone of the barrier increases its influence in height as one moves away from the barrier. According to these
results, receivers placed higher and further away from the barrier still exhibit a good level of protection. The
color maps presented corroborate the average IL presented in Figure 12.

Figure 13 - Insertion loss maps for the curved noise barrier with absorptive layer for frequencies 315 Hz,
1000 Hz, 1600 Hz and 2500 Hz, with the presence of the receivers (black dots) used to calculate mean IL.

7

Conclusions

This paper summarizes the development of a low height acoustic barrier for use near the noise source in a
railway environment. The development of the solution is composed of two distinct phases, namely the
optimization of the barrier geometry and the integration of a porous material in order to increase the acoustic
performance of the solution. Using the sound pressure level records acquired in the railway environment in
the metropolitan area of Porto, it was possible to define the most important frequency content and thus
design a solution whose performance was superior in that frequency range. The numerical modelling and the
study of the various solutions was done by applying a multi-region BEM formulation. The parametric study
presents the methodology for the sizing of the curved barrier. Through the simulation of a sound wave, the
inner face of the barrier was constructed to coincide with the shape of the incident wave front. In this way
normal reflection is favoured and, as such, more energy is sent in the direction of the noise source.
The methodology adopted intends to create an integrated solution taking advantage of the acoustic
absorption capacity of the track to absorb the energy sent back. In a complementary way, a porous concrete
layer was added, which on the one hand has a good acoustic absorption capacity and, on the other hand,
guarantees the durability required for solutions used outdoors.
The main purpose of the porous material is to absorb part of the energy resulting from reflections between
the barrier and the vehicle, ensuring that the energy is not sent to the receivers. The results presented show
the clear improvement achieved by using porous material as a means of absorbing some of the energy over
purely reflective solutions.
The curved solution with porous material presents an IL at the defined receivers higher than 10 dB
throughout the calculated frequency range, with peaks higher than 15 dB at some frequencies.
The presented solution proves to be an element capable of reducing the train-induced noise with great
effectiveness. Due to its low height, this solution does not represent a visual obstacle, as is usual for noise
barriers, meeting the final objective.
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Abstract
As the consumption change of combustion engine cars (ICEV) to electric cars (EV) continues, there are audible changes
perceived inside the car due to engine components alterations. Thus, an objective evaluation of sound quality study is
necessary to uncover mentioned audible shift. EV Sound stimuli from Swart et al and an added ICEV sound stimuli is
used to evaluate its psychoacoustics values using a MATLAB-based program, PsySound3. Extracted value was
investigated with statistical methods to evaluate psychoacoustics characteristics of each sample such as loudness,
sharpness, roughness, tau-e, and peak frequency. ANOVA and Tukey test verified that HEV and PEV have smaller values
in loudness and tau-e compared to ICEV and generated/enhanced EV. ICEV has higher values in loudness compared to
HEV, PEV, and generated/enhanced EV. While generated/enhanced EV has extreme value in all parameters. During the
process, probable connection between parameters were established as well. Similar sound stimuli patterns of Tukey test
result were found in loudness, tau-e and peak frequency. Comparable trendlines were also discovered between sharpness,
roughness, and tau-e.

Keywords: sound quality, psychoacoustics, electric vehicle.

1

Introduction

Electric vehicle (EV) have different components from internal combustion engine vehicle (ICEV). In ICEV,
the driving force comes from the combustion of gasoline and air that moves the piston. This process involves
various mechanical components and combustion that continue as long as the car is moving. Whereas EV, the
driving force is obtained from electricity by the battery, moves through the inverter, causes an electromagnetic
process that drives the motor.
The disappearance of ICEV combustion sound and vibration engine on EV, not only causes sound pressure
level (SPL) reduction inside the cabin but also leads to disturbing noises due to masking loss which is usually
given by combustion engine loud sound [1]. In addition, EV sound consists of more tonal character due to its
high-frequency components. As a result, EV sound can be perceived as annoying and unpleasant by the user
[2].
The reduction of SPL in EV’s cabin makes this parameter no longer appropriate to use in determining EV
sound. Psychoacoustic parameters related to sound quality (SQ) are considered better to determine the
appropriate EV sound [3]. Research for indoor EV sound using SQ method has been carried out by Swart et al
[4], Qian et al [5], and other researchers, but this research will focus on psychoacoustic parameters.
As one of the objective judgements of sound quality, psychoacoustics parameters deemed appropriate to
measure noise. These parameters mimics the complex psychoacoustical features of human ear and considers
psychological aspects of men [6] to value the subjectivity in perceiving sounds. There are various parameters
in psychoacoustics, and numerous models has been proposed [7],[8],[9],[10],[11]. However, all models have
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a common idea in their algorithms: they weight and filter the sound as human ears do before calculation.
Therefore, the final equation for psychoacoustics parameters usually sums up the calculated value across all
banked noise, usually in critical band e.g., Bark scale, Erb scale.
The main purpose in this study is to evaluate the characteristics of EV and ICEV sound stimuli expressed in
psychoacoustics parameters. The extracted value of each parameter furthermore becomes the traits of each
sound stimuli, allowing comparisons to be done. This comparison was executed with simple statistical analysis,
performed generally and by pairs of sound stimuli across the parameters. Through the process, patterns of
sound stimuli sequence also emerged, establishing connection between parameters in this study.

2
2.1

Methods
Sound stimuli

This research uses sound recording from data article “Electric vehicle sound stimuli data and enhancements”
by Swart et al [12]. Six cabin interior sounds of PEV and HEV were recorded on the freeway with WOT (Wide
Open Throttle) acceleration from 0 km/h to 120 km/h in the shortest time possible. Sounds were recorded from
the driver's seat using Squadriga I data acquisition system from Head Acoustics and a BHS I binaural headset,
using a sample rate of 44.1 kHz. There are 12 interior cabin EV sound recordings in total, including sounds
samples that are generated/enhanced. As a comparison from Swart et al, a 2013 Toyota New Avanza ICEV
cabin interior sound recording was also taken using phone recorder. ICEV specification and recording
condition can be seen on Table 1.
Level of all sounds sample was then normalized using Audacity and smoothed at the end of the sample. Format
conversion was also done from .mp3 to .wav.
Table 1 – ICEV specification and recording condition
Sound Model
Sample
A
Toyota
New
Avanza

Year

Propulsion Drive System

2013

ICEV

Tyre type

Capacity

Gear box with Bridgestone 1296 cc
multiple stages
B250

Recording
condition
Cloudy,
moist

Table 2 – Selected sound stimuli
Sound
R
V
P
B

Source
Renault ZOE
Volkswagen e-Up!
interior
Porsche Panamera
Hybrid interior
BMW i3 sound
concept
Motor orders

Type
PEV
PEV

Description
WOT interior sound signaturea
WOT interior sound signaturea

HEV

WOT interior sound signaturea

Generated/en
hanced EV
E
Generated/en
hanced EV
S
Shepard’s Tone
Generated/en
hanced EV
A
Toyota New Avanza
ICEV
a
refer to Swart data article [12] for full details

Enhanced sound signature concepta
Generated stimulus using data ordersa
Shepard-Risset Glissando with 110 Hz
fundamental frequencya
WOT interior sound signature
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2.2

Characteristics analysis

The sound samples’ psychoacoustics parameters were extracted using an open-source, MATLAB-based
program called Psysound3 [13]. The program provides analysis of sound files in different formats, using broad
selection of audio analysers modules. Calibration after input used a 1 kHz sine wave generated in Audacity,
since gain sensitivity is important and influences the output psychoacoustics parameter values. The main output
formats of the analysers are time-series, spectrum objects, and time-spectrum objects [14]. All formats output
data can be extracted to .csv for further analysis.
Five psychoacoustics parameters are observed to discover the characteristics difference between sound stimuli:
loudness, sharpness, roughness, 𝜏𝑒 , and peak frequency. Three former parameters are selected based on their
common use in identifying car interior and automobile noise. Two others, 𝜏𝑒 and peak frequency are the
uncommon ones but useful in identifying pitch and related preferred condition for the temporal factors of a
sound field[15]. Furthermore, these five selected parameters are frequently used to calculate sensory
pleasantness, rating of preference, and annoyance metric [4], [16], [17], [9]. Each parameter is calculated using
provided algorithm. Loudness of each sound stimuli is calculated using Glasberg and Moore’s time-varying
loudness model [18], meanwhile sharpness is based on Zwicker’s calculation method [7], and roughness is
based on Daniel dan Weber’s model [19]. Both 𝜏𝑒 and peak frequency are the independent factors extracted
from each time frame of auto-correlation function (ACF), with their definitions provided by Ando [20], [21].
The elimination of existing sound stimuli was done subsequently to reduce the number of samples. The process
is done by selecting sound stimuli with maximum and minimum value of each psychoacoustics parameters.
Following this manner, the process eliminated half of the sound samples, and the other selected half were used
for further statistics analysis. The selected few are listed in Error! Reference source not found..

3
3.1

Result and Discussion
ANOVA Test

Psychoacoustic results on loudness, sharpness, roughness, tau-e, and peak frequency were tested by ANOVA
to determine whether there are differences on each sound sample character in each psychoacoustic parameter.
P-value of ANOVA test can be seen in Table 3.
ANOVA p-value for all psychoacoustic parameters is lower than 0.05, so there is a statistically significant
difference between at least a pair of sound stimuli for each psychoacoustic parameter.
Table 3 – P-value for ANOVA test of psychoacoustic parameter
Psychoacoustic Parameter

P-value

Loudness
Roughness
Sharpness
Tau-e
Peak frequency

0.000
0.000
0.000
0.000
0.000
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3.2

Discussion for Each Psychoacoustic Parameter

3.2.1 Loudness
Sound samples in the same colour box on error bar are sound pairs that are statistically insignificant in Tukey
test. For loudness in Figure 1, it can be said that each sound sample has a different loudness character. This is
indicated by the absence of sound samples that are in the same colour box.

Figure 1 – Mean loudness for each sound sample
The sound sample with the highest loudness is ICEV (sound sample A). The reason is expected to be the
dominant combustion engine components that were heard. Thus, an electric car that does not have a
combustion engine component automatically has a lower loudness level. Sample P, which is an HEV car
having the lowest loudness value, followed by two PEV car sound samples. Although HEV has a combustion
motor component, HEV has a lower loudness level. This can happen because the HEV sound sample is a plugin hybrid electric car, so the combustion engine component was not active during the sample measurement.
3.2.2 Sharpness
In Figure 2, sound S has the highest mean sharpness, and sound E has the lowest mean sharpness. Sharpness
represents the ratio of high and low-frequency components in a signal, and sharpness can be reduced if there
are additional low-frequency components. It can be seen Figure 3, sound E is a sound generated by MATLAB,
as an approach to the sound of motor with gas input on combustion engine. Therefore, there is some addition
of low-frequency components as shown in Figure 3(a), which results in a lower mean sharpness. Meanwhile,
the presence of high-frequency components that consistently increase over time (Figure 3(b)) on sound S
causes a higher sharpness.

Figure 2 – Mean sharpness for each sound sample
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(a)

(b)

Figure 3 – Spectrogram of (a) EV Motor Orders and (b) Shepard’s Tone [12]
Sound samples inside the blue box (Figure 2) that is V, R, A, and B are statistically insignificant. V and R
sound samples has the same position. This can be further analyzed using frequency component of each sample
in Figure 4 (a)-(d), which can be obtained through the spectrum plot in Audacity. It can be seen that these
four samples have approximately the same high and low-frequency components, especially sound V
(Volkswagen) and R (Renault) because both stimuli are PEV sound samples.

(a)

(b)

(c)

(d)

Figure 4 – Frequency components of sound stimuli (a) Volkswagen e-Up! (b) Renault ZOE (c) Toyota New
Avanza (d) Enhanced BMW i3

5
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3.2.3 Tau-e

Figure 5 – Mean tau-e of selected sound samples
There are different patterns of insignificant different for 𝜏𝑒 compared to the other parameters discussed above.
This difference between sound samples can be divided into four parts, as the coloured boxes suggest in Figure
5. This visual data representation of 𝜏𝑒 for each sound sample includes four coloured boxes which indicate the
Tukey test results. It is important to note that the presented error bar is not of high accuracy to represent
insignificance, resulting in inconsistencies between the graph and boxes, and thus is utilized only as data view
assistance.
The green box, indicates the insignificant difference between sample V, P, R, and B. This data shows that PEV
and HEV sound samples have broad bandwidth, since small value of 𝜏𝑒 represent noise with similar
characteristics to white noise. This characteristic is the immediate effect to aerodynamics noise dominance in
PEV and HEV. On the contrary, even though aerodynamic noise is undeniably present, combustion engine
noise of ICEV sound sample is more prominent. Therefore, as indicated in yellow box, sample A, S, P, and B
has statistically insignificant difference. Furthermore, it is evident that both sample R and B has a wide range
of 𝜏𝑒 value, as shown in blue box. This implies both wideband noise and tonal noise is present in samples
mentioned. Regardless, sample S and E have the most tonal characteristics of all samples, as shown in red box.
In [21], Ando states that 𝜏𝑒 as a correlation feature partially predicts loudness percept. This statement is also
proven with comparing Figure 1 and Figure 5. Upon comparison, both data gives the same trendline, with
PEV and HEV sound samples having lower value than ICEV and generated/enhanced EV sound samples in
both parameters: loudness and 𝜏𝑒 . Therefore, in this study, 𝜏𝑒 and loudness relates unidirectionally.
Another connection is also evident by comparing sharpness and 𝜏𝑒 Tukey test results. From sample V to S,
both parameters give a unidirectional tendency, except sample E. Additional analysis uncovers that tonality
characteristic of noise defines sharpness. This increasing value of sharpness is detected in noises with
bandwidth smaller than a critical band [7]. In this study, the high frequency tonal component is becoming more
evident from sample V to S. Meanwhile, sample E as a generated sound sample has lower order addition,
meaning the sample also generates a low frequency tonal noise. This addition therefore fathomed to be the
reason of sample E’s small sharpness value.
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3.2.4 Peak frequency

Figure 6 – Mean peak frequency of selected sound samples
Based on Figure 6, peak frequency value of each sample has conspicuous difference, particularly sample S
and B, as yellow and red boxes suggest. Sample S - Shepard’s glissando tone – naturally consisted of high
frequencies. Sample B, as an enhanced BMW i3 cabin sound signature, underwent the addition of E7th harmony
as part of its enhanced process. This addition may be the reason of its high peak frequency value. Nevertheless,
the other samples are proven in having statistically insignificant difference while also possess low peak
frequency component, as indicated in the green box. It is also evident that PEV, HEV, and ICEV sound stimuli
are found to have similarities in peak frequency value. ICEV low frequency components are explicitly from
its combustion engine. For HEV and PEV, [12] suggests tire and wind noises as its source.
Upon comparison with other parameters, similar patterns of sound stimuli sequence were found between
loudness and peak frequency. Sample V, P, and R as HEV and PEV sound stimuli have small values in general,
while sample S and B inhibited higher values. The contradictory in this pattern is sample A, which should have
a lower value in loudness based on its value in peak frequency. After going through some supplementary
analysis, researchers contend to the level domain of sound stimuli. A noise loudness value is affected by two
components: its level and frequency contents [7]. Speaking in frequency domain, sample S and B should have
higher loudness value than sample A, since both samples inhibited higher and more sensitive region of
frequency to human ear. But in level domain, since normalization in Audacity only applies to highest amplitude
peak in each sound stimuli, overall level of sample A is higher than sample S and B due to the whirring and
booming sound of combustion engine in WOT state.
3.2.5 Roughness

Figure 7 – Mean roughness of selected sound samples
In case of roughness, all selected sound samples are divided into two groups, shown in Figure 7. All samples
– except sample E – are members of the first group (green box) which have statistically insignificant difference
in mean roughness value with each other, proven with Tukey test. That is, with lower roughness value than
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sample E, which constructs the second group along with sample R in yellow box. The result shows sample E
has the highest and distinguished roughness value, while PEV and HEV sound samples has statistically equal
roughness value with ICEV sound samples, even though their drive components are different. These outcomes
are congruent with research by Swart [22], which states that sample E is characterized by initial roughness
value, attributed to the addition of frequency modulation. It is also important to note that in his research, Swart
mentions that there is a possible counteraction between roughness and sharpness. In this study, the mentioned
possibility evinces in sample E, but is elusive in other samples. Comparison between roughness and 𝜏𝑒 is also
worth to point out, since sample E and sample V both have maximum and minimum value respectively in
mentioned parameters. This outcome denotes probable connection, that tonality increases roughness value. Yet
not all results correspond to this probability, since modulation in amplitude, frequency, or both is also needed
to take account of.

4

Conclusions

Seven cabin sound stimuli of EV and ICEV were evaluated objectively using five psychoacoustic parameters.
The time-series data of each parameter then analysed statistically using ANOVA test and Tukey test. The
former test revealed there were statistically significant difference between at least two sound stimuli in each
parameter. The latter, however, showed different insignificant combination across the parameters. HEV and
PEV sound stimuli were found to have smaller values in loudness and tau-e parameters compared to other
sound stimuli. ICEV sound sample had notable high value in loudness due to its combustion components.
Meanwhile, generated/enhanced EV sound stimuli had extreme values all over the parameters. Additional
discovery was also found regarding the probable connection of parameters. Loudness was found to have
connections with tau-e and peak frequency, while sharpness, tau-e, and roughness have probable connection
between them. Similar studies of psychoacoustics parameters reveal corresponding results. However, even
though some of these connections had been established, some others are not yet resolute. Further analysis is
needed alongside subjective evaluation with more scrutiny to obtain promising results.
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Abstract
In 2012, the City of Paris launched an experiment on a 200 m section of the Paris ring road to test low noise
pavements and their acoustic and mechanical durability over time, in a context of heavy road traffic.
Bruitparif maintained a permanent noise measurement station to monitor the acoustic efficiency of the
pavement over several years. Follow-ups have recently been implemented by Bruitparif in the vicinity of
dwellings near major road infrastructures crossing the Ile-de-France territory, such as the A4 and A6
motorways. Today, for ring roads and motorways with traffic speed limits of 70 and 90 km/h respectively,
the benefits of using low noise pavements is demonstrated. It is now interesting to study the contribution of
low noise pavements in downtown areas with speed limits of 50 km/h or less. As part of the European LIFE
“Cool & Low Noise Asphalt” project led by the city of Paris, in which Bruitparif is a partner, three
innovative asphalt pavement formulas are being tested to fight noise pollution and global warming on three
heavily exposed Paris sites. Asphalt mixes combine sound, thermal and mechanical properties, in particular
durability.
Keywords: road noise, pavements, durability, thermal properties, urban environment.

1

Introduction

Reducing noise generated by road traffic in urban areas involves a combination of several actions. Among
the possible actions, the laying of low noise pavements appears to be a promising solution to solve the
problem at source. Various evaluations on the subject are carried out in the Ile-de-France, on the Paris ring
road, on the A4 and A6 motorways. More recent experimental projects combining acoustic and thermal
properties in Paris are also underway. An article on this subject was published in 2020 [1]. This document
provides new elements concerning the monitoring of acoustic performance one year later.

2

Test on the Paris ring road

Over the 2010-2011 period, several factors led the City of Paris to test the use of low noise road surfaces on
the Paris ring road, in a context of strong constraints liked to the large number of vehicles using this road
infrastructure daily (more than 1.2 million vehicles with up to 270,000 vehicles per day in some places):
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2.1

the publication of Bruitparif of the results of the noise measurement campaign conducted around the ring
road in January 2010 [2],
the development of the maintenance market and opening to “alternative products with improved noise
characteristics” in February 2011.
The renewal of the maintenance market and opening to “alternative products with noise characteristics”
in June 2011.
Experimental section

As early as 2012, the City of Paris and Bruiparif tested this type of solution on part of the Paris ring road in
order to assess its relevance and durability over time from an acoustic and mechanical point of view. The
portion chosen for the experiment is a 200 m section located at the Porte de Vin-cennes. This sector
benefited from ADEME funding as part of the treatment of noise hot points. From 25 to 29 June 2012, the
City of Paris and the Colas Company applied BBTM 0/6 and BBTM 0/4 type asphalt on the interior and
exterior lanes of ring road respectively instead of the old pave-ments aged 3 to 30 years.
2.2

Noise source evaluation method

Continuous measurements of tyre/road contact noise according to LCPC method n°63 M1 (CPX) have been
regularly programmed by the City of Paris in order to monitor the evaluation of the acoustic performance of
each traffic lane.
2.3

Noise evaluation method at residential facades

As part of the HARMONICA [3] project supported by the European LIFE program, Bruitparif deployed five
noise measurement stations to monitor the acoustic efficiency of the products tested. At first station was
installed between the lanes (in close proximity to traffic), three others were in-stalled on the facades of the
nearest residential buildings. The fifth station was positioned outside the experimental perimeter for
operations as a control station. Real-time access to the results of the noise monitoring system at the Porte de
Vincennes is available on the Bruitparif data consultation platform via the Bruitparif website:
http://rumeur.bruitparif.fr. The results of this experiment have also been published and shared with other
examples of good practice on the noise abatement actions database available on the HARMONICA [3]
project internet portal online from the end of 2013: http://www.noiseineu.eu.
2.4

Initial performance: tyre/road contact noise

The CPX approach allows to characterize the 8 lanes independently for a differentiated follow-up according
to the supported traffic (fast lane 1 and slow lane 4). The sound levels were measured at 70 km/h and
corrected to a reference temperature of 20°C. To evaluate the gains obtained between the initial situation and
the situation after the laying of acoustic pavements, two measurements campaigns were carried out, before
(in March 2012) and after in August 2012). Table 1 presents the gains achieved for each lane. The decrease
in sound levels is very important since its varies for BBTM 0/6 from 5 dB(A) to 78 dB(A) and for BBTM 0/4
from 7.0 dB(A) to 10.1 dB(A). These performances depend to a large extent on the initial conditions of the
road surfaces. Also, for substantially identical initial sound levels, the BBTM 0/4 offers a better
performance.
Table 1 – Sound levels in dB(A) measured at 70 km/h (Ref. 20°C).
Lane
1
2
3
4

Inner ring
-7.8
-5.1
6.8
-7.8

Outer ring
-8.3
-7.0
-10.1
-9.5
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2.5

Initial performance: noise at residential facades

The fist evaluation was carried out three months after the pavement was changed [4]. The noise reduction at
the source was on average 7.5 dB(A) for the central location results (cf. figure 1). Such a reduction in noise
is quite significant and corresponds to what could be obtained by dividing traffic by six (all other conditions
being equal).

Figure 1 – Reduction of day and night noise levels near the source (median) after the pavement change.
On the facades of residential buildings, noise levels have decreased by an average of 2.2 to 4.3 dB(A),
depending on the location (cf. figure 2). The gains obtained correspond to what could be obtained by
reducing traffic by 30 to 70%. The buildings that have seen the greatest improvement are those exposed
mainly to noise generated by the ring road and located closest to the experimental section.

Figure 2 – Change in day and night noise levels in the residential areas.
Despite this significant improvement, the situation in terms of noise exposure for residents closest to the ring
road remains unsatisfactory. The regular threshold values are still exceeded by 2 to 6 dB(A) for the
regulatory night indicators (the French regulatory threshold is 65 dB(A)). The situation is less critical for day
time levels since two out of three stations on the front of buildings now record LAeq levels 6h-22h below or
very close to the French regulatory threshold of 70 dB(A).
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2.6

Performance monitoring: tyre/road contact noise

Table 2 presents the results of evaluations conducted in 2012, 2014 and 2017.
Table 2 – Sound levels of side microphones in dB(A) measured at 70 km/h (Ref. 20°C) since 2012.
Lane
1
2
3
4

2012
-7.8
-5.1
-6.8
-7.8

Inner ring
BBTM 0/6
2014
-6.7
-1.6
-2.2
-3.5

2017
-5.0
-1.6
-1.2
-3.5

2012
-8.3
-7.0
-10.1
-9.5

Outer ring
BBTM 0/4
2014
-7.5
-4.6
-4.3
-4.6

2014
-5.7
-4.3
-4.6
-4.0

The evolution of the two products is comparable, however there is a differentiated evolution according to the
traffic lanes and thus according to the supported traffic.
For the periods 2012 and 2014:
 the gains are still significant and vary between 1.6 and 7.5 dB(A);
 for the fast lane, the loss in acoustic performance is in the order of + 0.8 to + 1.1 dB(A) (lane 1), i.e. a
loss in the order of + 0.4 to + 0.5 dB(A) per year. For the other lanes (2, 3 and 4), the loss is in the order
of +4.1 to +4.3 dB(A) on average, i.e. a degradation in the order of +2.0 to +2.2 dB per year. Similar
experiments carried out in Belgium [4] on other types of pavement surfaces show changes in rolling
noise of the order of +0.5 to +2.5 dB per year;
 for an evolution identical to BBTM 0/6, the gains remain nevertheless more important for BBTM 0/4.
However, a problem of durability for BBTM 0/4 was quickly noticed with the start of gravel on the
surface.
For the periods 2014 and 2017:
 the loss of performance on the fast lane remains of the same order of magnitude with + 1.7 to + 1.8
dB(A) or + 0.6 dB(A) per year. For the other lanes (2, 3 and 4), we note a stabilization of performances
with a loss of about + 0.3 to + 0.5 dB(A) on average;
 the gains on BBTM 0/4 remain significant with more than 4 dB(A). Deterioration has become
widespread throughout the area.
2.7

Performance monitoring: noise at the central median

Figure 3 shows the evolution of the average LAeq 22h-22h noise level calculated per year since 2012. This
annual approach makes it possible to avoid variations linked to traffic and weather conditions. On 1 January
2014, the maximum speed limit on the Paris ring road was decreased from 80 km/h to 70 km/h. This led to a
small decrease in average noise levels (around -0.5 dB(A) during day time and -1 dB(A) during night time).
To overcome this confounding factor, the assessment of the acoustic performance of pavements was based
on data available since 1 January 2014. The linear regression results correspond to a degradation of + 0.66
dB(A) per year. Experiments conducted in Belgium [5], based on a different measurement method
(measurement in passing SPB) and covering other types of pavement, show changes in rolling noise of the
order of + 0.4 to + 1.7 dB per year.
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Figure 3 – Evolution of the average noise level LAeq calculated per year since 2012.
In June 2019, the BBTM 0/4 placed on the outer ring, mechanically damaged, was replaced by a BBTM 0/6.
Today, 50% of pavement used in the Paris ring road is a BBTM 0/6.

3

Motorways A4 and A6

Class 1 noise measurement stations were deployed by Bruitparif on sections of the A4 and A6 motorways
where low-noise road surfaces were laid in 2017. Thus, on the A4 motorway, two stations have been
installed near the traffic lanes at Charenton-le-Pont (94), one in each direction of traffic, and one has been set
up also in Joinville-le-Pont (94) (cf. figure 4). On the A6 motorway, two stations have also been set up, in
each direction at L’Haÿ-les-Roses (94).

Figure 4 – Location of a noise monitoring station (A4) at Joinville-le-Pont (94).
Figure 5 shows the decreases observed as of January 31, 2018 for pavements aged 3 to 6 months. On the
LAeq 24h indicator, the gains are in the order of 5 to 8.5 dB(A). The deployed stations are intended to be
maintained for many years in order to document the evolution of the acoustic performance of road surfaces.
Two years after installing the low noise pavements, the results are still very positive in terms of the noise
reduction efficiency provided by such solutions, with average noise levels reduced from 4.9 to 7.2 dB(A) on
average over 24 hours, a reduction equivalent to what could be obtained by reducing the number of vehicles
by a factor of 3 to 5. A comparison of the reductions obtained in 2018 and in 2019, one year and two years
5
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respectively after the installation of the low noise pavements, how-ever indicates a deterioration in their
acoustic performance over time, which can be estimated for the moment at 0.9 dB(A) per year [6].

Figure 5 – Evolution before / after road surface replacement; LAeq indicator 24h.

4

LIFE Project: Cool & Low Noise Asphalt

As part of the European LIFE program, the City of Paris, in partnership with Colas, Eurovia and Bruitparif,
is testing three innovative pavement surfaces to fight against both noise pollution and global warming [7]. In
2018, three new types of asphalt mix (PUMA, Bbphon+ and SMAphon) gathering both phonic and
refreshing properties, while maintening acceptable durability, were de-veloped [8-10]. From 2018, 1200
meters of roads are surfaced with new asphalts having acoustic, thermal and mechanical properties. These
new formulas are tested on three pilot sites, each 400 me-ters long, in three Paris sites heavily exposed to
road noise: Frémicourt street, Lecourbe street and Courcelles street. Each site is equipped with various
sensors and is coated half with an experimental formula and the other half with the Parisian standard
pavement (cf. figure 6).

Figure 6 – Pilots sites and Frémicourt street with new asphalt mixes, October 2018.
6
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The new types of asphalt mix are tested on road sections of about 200 m and compared to the standard
solution deployed by the City of Paris on Parisian roads: ACR 0/10 AC2 and BBMA 0/10. Also, sections of
about 200 m of these standard asphalt mix were also laid on the three experimental sites (cf. figure 6). For
the thermal evaluation, a third section keeping the original asphalt is used as a "control" section.
4.1

Monitoring systems

The project objectives in terms of reducing rolling noise compared to standard solutions are achieved 14
permanent measuring stations have been installed to evaluate the acoustic and thermal performance of the
new types of asphalt mix and to compare them to standard solutions: 6 acoustic stations and 8 thermal
stations positioned between the roadway and the facade of the buildings. Digital audio recordings on the
roadside and continuous ProXimity (CPX) noise measurements, consisting of measuring the noise emitted
near a rolling test tire, complete the acoustic evaluation device (cf. figure 7).

Figure 7 – Acoustic station and thermal station; CPX measuring equipment (City of Paris); Frémicourt street
75015 Paris (SMAphon).
Measurements of mechanical durability microroughness (skid resistance tester: SRT), macrotexture (mean
texture depth: MTD) and in situ survey of small degradations were carried out.
On the noise side, the priority objective is to reduce the noise pollution generated by road traffic on urban
roads thanks to these new pavements, by reducing the noise emitted by the contact of vehicle tires with the
asphalt (rolling noise). On the facade of a building, the reductions in rolling noise are clearly observable
during the passage of isolated vehicles at night, when road traffic speeds are rela-tively higher and the other
sources of noise reduced (works, human activity, etc.). Thus, the LA10 22h-6h indicator clearly reflects the
reduction associated with rolling noise (cf. figure 8). For the other periods of the day, the acoustic indicators
show a reduced or zero benefit.

Figure 8 – Courcelles street with new asphalt mixes; LA10 indicator.
7
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4.2

Performance compared to standard solutions

The project objectives in terms of reducing rolling noise compared to standard solutions are achieved for the
SMAphon and the Bbphon + (cf. tables 3 to 5). For the PUMA, a reference (ACR 0/10 AC2) not
representative of reality did not allow the performance of the new pavement to be assessed before summer
2020. Results for the CPX method are now available for the three new asphalt mixes for year 2020. For the
facade results, the analysis for the year 2020 corresponds to the period before March 16, a period not
impacted by the traffic restrictions associated with the COVID-19 health crisis. Table 5 shows the results for
all noise sources combined, not only rolling noise, during the night period. Over this period, noise reduction
remains significant: around -1 dB(A).
4.3

Performance compared to the existing pavement

The project objectives in terms of reducing rolling noise compared to standard solutions are almost achieved
for the SMAphon and the Bbphon +. Less efficient in terms of noise reduction after installation, the
performance of the PUMA seems to be maintained over time (cf. tables 3 to 4).
Table 3 – Rolling noise reduction in dB(A) with new asphalt mixes (CPX).
Δ CPX
Objective
SMAphon
Bbphon+
PUMA

compared to the reference
2019
2020
30 km/h
50 km/h
30 km/h
50 km/h
-3.0
-2.0
-2.9
-3.5
-1.8
-2.2
-2.3
-3.3
-0.6
-1.5
0.3
0.3

compared to the existing
2019
2020
30 km/h
50 km/h
30 km/h
50 km/h
-5.0
-3.0
-3.6
-4.4
-1.8
-2.3
-4.2
-4.7
-1.2
-2.4
-2.8
-2.1
-2.4
-1.9

Table 4 – Rolling noise reduction in dB(A) with new asphalt mixes with temperature correction 0,1 dB/°C.
Δ LA10 22h-6h
Facade
Objective
SMAphon
Bbphon+
PUMA

compared to the reference
2018
2019
2020
-2.0
-1.0
-1.0
-2.3
-1.8
-1.2
-2.8
-2.6
-2.4
-

compared to the existing
2018
2019
2020
-3.0
-2.0
-2.0
-4.3
-3.9
-2.9
-3.5
-2.7
-2.1
-1.2
-1.1
-1.1

Table 5 – Noise reduction in dB(A) with new asphalt mixes (facade all noise sources combined).
Δ LAeq 22h-6h Facade
compared to the reference
SMAphon
Bbphon+
PUMA
4.4

2018

2019

2020

-1.3
-1.4
-

-1.1
-1.1
-

-0.7
-1.1
-

Local residents' satisfaction survey

The first results show a significant reduction in noise levels associated with tire / road contact noise during
the night period. However, the ability to distinguish sources of noise by the human ear, can make it possible
to feel the benefit provided by innovative the innovative asphalt mixes. A survey of users and residents of
pilot sites made it possible to answer this question (http://www.life-asphalt.eu). A survey of users and
residents of Frémicourt Street shows that 63% of those questioned noted a reduction in road noise following
the change of road surface. Among them, 67% consider this reduction to be medium or significant. These
additional qualitative elements in terms of feeling are interesting in the evaluation of the project.
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4.5

Thermal and durability aspects

On the thermal aspect, the objective is to mitigate the effect of Urban Heat Islands (UHIs), by testing the
surface water retention capacities, the micro-climatic impacts generated by their spraying with non-potable
water during hot periods, and the effects of their color (albedo) on heat restitution. The new coatings tested
present a micro-granularity allowing to retain a water film which will refresh the air by evaporating [11-13].
On the durability aspects, the objective is to reinforce the durability of these coatings in terms of their sound,
mechanical and thermal properties while limiting their additional cost compared to conventional coatings, in
order to promote the dissemination of these solutions in urban areas. The long-term monitoring will
document the evolution of acoustic and thermal performance over time.

5

Conclusions

Today, the use of low noise pavement is common on roads with speeds above 70 km/h. The use of these
solutions in the city center for speeds below 50 km/h is less usual. For the three contexts studied: A4 and A6
motorways, Paris ring road, and Paris city center roads, early age evaluations of low-noise pavements
provide very encouraging results in terms of effectiveness in reducing noise exposure of populations living
near road infrastructures. The first results in Paris city center roads show a significant reduction in noise
levels associated with tire / road contact noise during the night period. A survey of users and residents of
Frémicourt Street shows that 63% of those questioned noted a reduction in road noise following the change
of road surface. The sustainability of performance over time remains a subject of study. Also, long-term
monitoring should be conducted in order to study the durability of acoustic performance and the mechanical
qualities of acoustic pavements in a context of dense urban road traffic. For the Paris ring road, six years
after the start of the experiment, sound levels remain below initial levels on the portion of the Paris ring road
studied.
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Abstract
A car moving on the road is an element of tyre/road noise generation in itself. The rolling noise levels and
spectral components change by the effect of the road aging, speed, and the surface characteristics of both the
tyre and the asphalt. The processing of this sound signal by acoustic featuring tasks can provide valuable
information on the characteristics and status of the road surface. Pattern recognition techniques are applied to
detect areas with similar asphalt conditions. The features in the frequency domain have proven to be suitable
as a source of information for automatic asphalt quality detection for a test route where there are two kinds of
asphalt conditions.
In this study, some results of both acoustic featuring comparison and automatic learning algorithms for
road condition identification are presented. The capabilities of the new methodology for asphalt condition
identification are shown as an alternative to improve maintenance activities and road safety. Additionally, the
basic sensors setup provides the advantage of any passenger car, even a fleet, to easily become an asphalt
condition inspector collaboratively.
Keywords: tyre/road noise, pattern recognition, road condition.

1

Introduction

The continuous exposure of roads to mechanical loads from vehicles and environmental factors are the main
causes of pavement deterioration. This gradual degradation influences both road safety and traffic noise
emissions, making it important to perform periodic inspections of the asphalt surface [1]. Several road
infrastructure inspection methods have emerged to assist in road and street maintenance and rehabilitation
plans. In this regard, new inspection methods based on indirect acoustic analysis have presented some
advantages over traditional methods [2]. Accordingly, the results of automated detection of changes in the
road surface condition from the characterization of the sound recorded in the tyre-road interaction zone are
presented. Classification and analysis of surface homogeneity using pattern recognition algorithms have shown
good performance in identifying the defectology of the tread layer.

2

Material and methods

The workflow for the automatic road distress identification, depicted in Figure 1, starts with the acquisition
of the tyre pavement interaction noise (TPIN), driving conditions (speed and acceleration), and georeference
throughout the driving over a testing route.
The test route has an approximate length of 2.4 km, and clearly shows two conditions of superficial status based
on ageing and deterioration. The newest street zone is one year old, while the oldest one is more than three
years old. See the Figure 2.
1
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The materiality of the asphalt mixture is considered the same over the road circuit although the macrotexture
would change due to the deterioration status. The tests were performed with a unique tyres set.

Figure 1: Block diagram for the automatic shifts detection in the road surface condition

Figure 2: Actual road status on experimental route.
Then, the databases are constructed by digital signal processing of the TPIN. Next, the processing by pattern
recognition algorithms will detect the shifts on superficial road status. Finally, the classification results will be
presented by road map reports.
2.1. Data acquisition
For the data acquisition, a portable set of sensors was employed to the simultaneous register of the TPIN signal,
the GPS trip information and the driving parameters, during a normal trip of a light diesel vehicle. For the
sound signal register, one microphone was located on each rear wheel arch, pointed to the tyre/road interaction
zone. The acquisition device was connected to a laptop computer, and the audio files were recorded at 51,2 kHz
sample rate.
2
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The georeference and driving parameters were registered by the OBD adapter mounted on the car and linked to
the smartphone via Bluetooth. Both the phone and laptop were linked to the same Wi-Fi network obtaining the
same date-time information.
2.2. Dataset design
The feature extraction process of N (1-second) sound signal frames was executed in the time, frequency, and
cepstral domain. Only audio frames that have been captured while the car was travelling faster than and
including 30km/h will be processed.
The first dataset was made only considers the features of TPIN on time, such as equivalent noise: Lrms , crest
factor CF , and the zero-crossing ratio ZCR.
The second data set consists of the spectral representation of the signal using a 1/3 octave filter bank [3].
The third dataset includes as features a set of t=31 triangular filters. The central frequencies of the triangular
filter bank are logarithmic spaced based on mel-scale, where the initial central band starts in f ct=1 = 392.8Hz.
Then the low cut-off frequency: f lt = f ct /1.0718 and the upper cut-off frequency f ut = f ct ∗ 1.078. In
addition, it follows that f c(t+1) = f ut [4].
The influence of the car speed and acceleration on each triangular frequency band was considered and
subsequently corrected by the linear relation of the Eq. 1 .
!
0
v
L f = L f − α f · log10
− β f · ac
(1)
vre f
Where, L f is the tyre/road noise level on each frequency band, v is the car speed, ac is the car acceleration,
vre f = 70km/h is the reference speed, α and β are coefficients of the linear regression by each frequency band.
The last dataset includes the 14 MFCC coefficients of each audio frame. Table 1 presents the amount of data for
each dataset extension. Consequently, three datasets on different domains could be examined for the detection
of road deterioration status.
Domain

Features

Number of features

Observations-Frames [N]

Time

Overall noise levels

3

744

Triangular filter banks

31

744

1/3 octave filter bank

31

744

MFCC

14

744

Frequency
Cepstral

Table 1: Datasets for automatic detection.
The Figure 3 shows the tyre/road noise amplitude of the signal obtained by 1 microphone during a lap of the
test road. It shows that the zones corresponding to the label “1-deteriorated” are the ones with the highest
amplitude; and the zones corresponding to label “0-new” have the lowest amplitude of the extracted features.
2.3. Results of the automatic learning approaches
Road condition identification was analyzed using two strategies. First, supervised classification will assign a
road state according to two possible state classes known a priori. Subsequently, the unlabeled dataset will be
processed by unsupervised learning to detect clusters that can be associated with the road state.
Supervised classification
The supervised classification models trained were: Support Vector Machine (SVM) and k-Nearest Neighbors
(k-NN). These showed strong results for the classification of sound events based on rolling noise [3, 5, 6].
The models were trained and evaluated with the datasets separately, see Table 1. The training and evaluation
3
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process was developed through cross-validation (k-fold=5) and the “F1-score” metric was used and reported in
the Table 2.

Figure 3: Feature space domains. Actual labels: 0-new pavement, 1-deteriorated pavement.

F1-score
Model
Features

k-NN (k=5)

SVM

Time

0.88 (0.03)

0.88 (0.04)

Freq 1/3 oct.

0.93 (0.02)

0.97 (0.02)

Freq Triangular

0.93 (0.03)

0.95 (0.03)

MFCC

0.97 (0.01)

0.96 (0.01)

Table 2: F1-score metric for the classification supervised model

Unsupervised classification
Unsupervised learning aims to train a clustering model that can identify groups into feature space data
corresponding to different road surface conditions, from the distribution of the unlabeled data. A new dataset
was formed by both features: in the time and the triangular filters obtained in the frequency domain. The
features were standardized. Subsequently, the t-SNE algorithm was run for feature reduction; see Figure 4.
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The elbow method assists in the selection of the optimal number of clusters K by Sum of Squared Errors or
Inertia (SSE) function minimization; see Figure 5.
Finally, the clustering analysis was performed using the probabilistic Gaussian Mixture Model (GMM)
technique, which forms ellipsoidal clusters [7].

Figure 4: Visual representation of vectors distribution
from test data using t-SNE [8]

3

Figure 5: Selection of clusters number K by
elbow method [7]

Results on map

The comparison of the results of the above approaches for the identification of changes in road condition is
presented in maps; see Figure 6. The observations from the predicted dataset predicted dataset are presented
georeferenced and were coded by the color assigned to each class of road surface deterioration. Also for the
unsupervised clustering results, each cluster was assigned a different color code.

Figure 6: Georeferenced road surface detections
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4

Conclusions

This paper reports the results of a straightforward experiment for the automatic identification of road surface
condition based on its deterioration, by processing the rolling noise signal and with the application of pattern
recognition algorithms.
We first evaluated the performance of two supervised classification algorithms for detecting deteriorated
areas of the road surface. The SVM and k-NN models show satisfactory performance in the identification of
areas with "new" or "deteriorated" asphalt, based on the features obtained from the acoustic footprint of the
rolling noise. However, when running the unsupervised learning or clustering algorithm, it is observed that
the algorithm can identify the existence of a third group of data. The extra group of data appears concentrated
in the transition zones between the a-priori known asphalt status classes, it lets us to identify the road status
shifting zones. The unsupervised learning approach has made it possible to detect homogeneous areas of the
asphalt surface. The results were compared with supervised detections and with visual evidence of the road
surface condition.
Some methodological details colud be improved for future works, such as driving an electric vehicle to
record a more purely rolling signal, exploiting the detection task using frequency features and deep learning
algorithms; finally, the unsupervised learning could include unattended feature generation in latent spaces
using autoencoders and subsequent clustering of these features.
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Abstract
The road pavements of the future should be designed to take into account the variation of the traffic noise
due to traffic increase and electric vehicles (EVs) diffusion. Indeed, EVs are very different from internal
combustion engine vehicles. Importantly, they could be quieter than traditional vehicles at low frequencies,
but could be noisier at high frequencies. This study aims at presenting the acoustic and mechanical
performance of two asphalt concretes that were designed to reduce the problem mentioned above. In more
detail, an experimental investigation was carried out to test samples of asphalt concretes with low nominal
maximum aggregate sizes, with and without crumb rubber, added applying the dry method. A gyratory
compactor was used to make the samples and acoustic and mechanic properties were tested. Results show
that mechanistic-related strategies such as the addition of crumb rubber could improve the acoustic
performance. Consequently, there is probably room for improving design criteria.
Keywords: traffic noise, electric vehicles, low-noise road mixtures, acoustic and mechanical performances,
crumb rubber.

1

Introduction

The diffusion of the electric vehicles (EVs) will change the current characteristics of traffic noise.
Consequently, the road pavements of the future should be designed to take into account the aforementioned
variation.
As is well known, the noise produced by vehicles mainly refers to propulsion engine (especially for speeds
lower than 40 km/h), and to tyre-road interaction (e.g., for speeds greater than 40 km/h) [1, 2, 3]. Hence,
designers are trying to act on both the sources mentioned above. On the one hand, mechanical engineers and
acoustic physicists are working on characterizing and minimizing the noise produced by vehicle engines and
tyres (of EVs and Internal Combustion Engine Vehicles, ICEVs). On the other hand, road and environmental
engineers are working on the development of road surfaces that minimize the noise produced by tyre-road
interaction, and on other solutions (e.g., noise barriers) to isolate the Noise Sensitive Receptors (NSRs) from
traffic noise. Regulations and directives to control and minimize traffic noise were enacted. These official
prescriptions provide advices and guidelines that aim at protecting the environment and the NSRs from the
pollution due to noise and address problems related to the quietness of the EVs. For instance, the Directive
70/157/EEC and the UNECE Regulation 51 [4] address the type-approval of motor vehicles in relation to
permitted noise levels both under moving and stationary conditions. In particular, these two documents
include procedures for noise measurement (e.g., noise emitted by EVs must only be measured in motion) and
report admitted noise limits (e.g., for eight categories of vehicles, including both passenger vehicles and
goods vehicles, the limits currently range from 74-80 dB(A)). In more detail, the test procedures defined in
the UNECE Regulation 51 are those defined in the following ISO standards: 1) ISO 362:1998 (i.e., moving
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vehicle test 1 of the Regulation above). This standard has been withdrawn and currently two standards are
given: ISO 362-1:2015 - Measurement of noise emitted by accelerating road vehicles — Engineering method
— Part 1: M and N categories and SO 362-2:2009 - Measurement of noise emitted by accelerating road
vehicles — Engineering method — Part 2: L category. 2) ISO 5130:2007 (i.e., stationary vehicle test of the
regulation above). This standard has been revised by ISO 5130:2019 Acoustics — Measurements of sound
pressure level emitted by stationary road vehicles. In addition, the assessment and the management of
environmental noise in Europe is regulated by the EU Directives 2002/49/EC, and 2015/996/EC, and by the
Common NOise aSSessment methOdS (CNOSSOS-EU). In more detail, the CNOSSOS-EU aims at
improving the reliability, consistency and comparability of noise assessment results by means of noise
mapping of road, railway, aircraft, and industrial noise [5]. Whereas, to face the problems related to the
excessive quietness of the EVs, the Commission Delegated Regulation (EU) 2017/1576 mandates that, since
1 July 2021, all new types of electric and hybrid cars must be equipped with the acoustic vehicle alerting
system (AVAS). This latter will automatically generate a sound for speeds lower than 20 km/h, and during
reversing [6, 7].
Since EVs have a different type of propulsion engine with respect to ICEVs, the frequency components of
the noise produced by EVs are different, i.e., EVs are quieter than ICEVs at low frequencies, but could be
noisier at high frequencies. These results can be derived from the study related to the LIFE E-VIA project
(LIFE18 ENV/IT/000201) (see e.g., [8, 9, 10]).
Several asphalt concrete mixtures were designed to reduce traffic noise acting on the tire-road interaction.
Krag et al. (2013)[11] reported results of the application of the Close ProXimity (CPX) method on a
multitude of road pavements (i.e., Asphalt Concrete, AC, Stone Mastic Asphalt, SMA, Ultra-Thin Layer
Asphalt Concrete, UTLAC, etc. with different Nominal Maximum Aggregate Size, NMAS). Based on this
latter study, AC6o (i.e., open AC mixture with NMAS equal to 6 mm) resulted the quietest mixture (LCPX of
about 89 dB(A) using the SRTT reference tyre and moving at 50 km/h; LCPX of about 93 dB(A) using the
SRTT reference tyre and moving at 80 km/h) among those mentioned above (LCPX = 89-96 dB(A) and
LCPX =93-102 dB(A) considering the two reference speeds mentioned above). Kowalski et al. (2016)[12]
presented the results of the CiDRO project, where asphalt concrete AC 11 (reference), stone mastic (matrix)
asphalt SMA 5 and SMA 8, open graded friction course OGFC 8 and OGFC 11, porous asphalt PA8 and
PA11 were considered as noise reducing solutions. PA8 (air voids of about 22–24%) and OGFC 8 (air voids
of about 14%) resulted the most performing (for Polish climate conditions) for the high-speed roads located
outside the cities, and the urban roads, respectively. Kleiziene et al. (2019)[13] measured the noise (CPX
method at 80 km/h) from 18 low-noise pavements consisting in asphalt concrete mixtures belonging to the
classes SMA, AC, PA, a low noise asphalt mixture called TMOA, soft asphalt (SA). The CPX level ranged
from 95.1 to 98.8 dB(A). Ling et al. (2021)[14] concluded that the following mixtures have good noise
reduction performance 1) Porous asphalt pavement (PA; Air void content, AV = 15-20%; noise reduction =
3-6 dB(A); sound absorption peak = about 0.7 at 1000 Hz). 2) Rubber asphalt pavement (RAP; vertical
vibration reduction of tires = 9.67%; Attenuation of vibration = 20%-25% greater than that of ordinary
asphalt pavement; noise reduction = 1-10 dB(A)). 3) Ultra-thin wearing course (UTWC; consisting of gapgraded asphalt mixtures and emulsified asphalt; with a thickness of 20-30 mm; with NMAS=4.75-9.5 mm;
noise reduction = 2.9 dB(A)). 4) Porous elastic road surface (PERS; consisting of rubber particles, asphalt
mixture and polyurethane resin; with porosity = 20-40%; rubber content of about 20% volume of the total
asphalt mixture or 1%-3% weight of the total asphalt mixture; noise reduction = 6-13 dB). 5) Stone mastic
asphalt pavement (SMA; consisting of gap-graded skeleton dense asphalt mixture with voids filled with
asphalt binder, stabilizer and finer aggregate; AV=3-8%; sound absorption peak = about 0.3 at 800 Hz). 6)
Porous Ultra-Thin Overlays (PUTO; consisting of the combination of PA and UTWC. They allow for
significant sound absorption in the frequency range 250-1250 Hz; good tire-road noise reduction and skid
resistance). 7) Three-layer pavement structure (TLPA; consisting of the first two top layers with a thickness
of 30 mm, and the third lower layer with Helmholtz-like cavities). 8) Helmholtz type porous asphalt (HPA;
reduce 3 dB(A) noise more than double-layer porous asphalt pavement). 9) Curling Prefabricated Noise
Reduction Pavement (CPNRP; two-layer pavement consisting of the combination of the rolled prefabricated
pavement called “Rollpave” and an emulsified asphalt, with significant sound absorption frequency is 3002
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1300 Hz; reduces tires-road noise). Praticò et al. (2020) [15] studied the correlation between surface and
volumetric properties (e.g., acoustic absorption, drainability, texture, and friction), and found that these
properties are linked to intrinsic factors (e.g., gradation and bitumen content) and extrinsic factors (e.g.,
traffic load), and decay over time (reduction of friction and high-frequency acoustic absorption). Finally,
they proposed an experimental method to design porous asphalts to account for the aforementioned
correlations and factors. Vázquez et al. (2020)[16] reported that traffic noise levels at high frequencies can
be attenuated by reducing the dynamic stiffness (or mechanical impedance) road pavements. Praticò et al.
(2021) [17] found that the addition of crumb rubber can contribute to lowering the mechanical impedance,
the dynamic stiffness, and the acoustic response of the dense asphalt concrete mixtures (AC6d).
The remaining part of this paper is organized as follows. Section 2 reports the main objectives of the study
and the tasks that were carried out to achieve the objectives mentioned above. Section 3 focuses on methods.
Section 4 refers to the description of the experimental investigation. Section 5 shows the results of the study
and the related discussions. Section 6 summarizes the main conclusions.

2

Objectives

This study aims at presenting the acoustic and mechanical performances of two mixtures that were designed
to reduce the problems related to traffic noise due to traffic increase and EVs diffusion.
Based on the results of the literature review carried out in the section above, an open Asphalt Concrete (AC)
with Nominal Maximum Size Aggregate (NMAS) of 6 mm (herein called AC6) was selected as reference
mixture. Subsequently, two mixtures, i.e., an AC6* (without treated crumb rubber, TCR), and an AC6**
(with TCR) were designed. In more detail, a treated crumb rubber termed RARX was used. Finally, the
following tasks were carried out to achieve the aforementioned objectives: Task 1) Design of the
experimental investigation. Task 2) Design of the mixtures and creation of the samples with and without
TCR. Task 3) Testing of samples with and without TCR. Task 4) Analysis of the results.

3

Method

3.1

Task 1: Design of the experimental investigation

An experimental investigation was designed. Two types of mixtures (AC6* and AC6**) and three
percentages of bitumen per mix type were considered. Table 1 provides an overview of the main scheduled
tests.
Table 1 – Tests to carry out.
Test

Parameter

Unit of measure

Standard

Ref.

Dimensional Analysis

Thickness (t)
Diameter (D)

mm
mm

[18]
N/A

Macro-texture

Mean texture depth, (SH=MTD)

mm

Micro-texture

Pendulum Test Value (PTV)

dimensionless

Volumetrics

Weight (W)
GmbCorelok
AVG

g
dimensionless
%

UNI EN 12697-36
N/A
UNI EN 13036-1
ASTM E965-15
UNI EN 13036-4
N/A
ASTM D6752 / D6752M
ASTM D6857 / D6857M
ASTM D6925 – 15

[19, 20]
[21]
N/A
[22]
[23, 24]

Mechanical Impedance (MI)
N×s/m
UNI EN 29052-1
[17, 25, 26]
Dynamic Stiffness (K)
N/m
Acoustic response
Road Acoustic Response (RAR)
N/A
[17]
dB related to 20 Pa
Symbols. AVG = Air void content as an effect of gyratory compaction. MI = Mechanical Impedance measured using the impact
hammer test. RAR = Road Acoustic Response measured using the impact hammer as source and a microphone as receiver.
Mechanical response
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3.2

Task 2: Design of mixtures and production of the samples with and without TCR

Two asphalt concrete mixtures were tested, i.e., an AC6* (without treated crumb rubber, TCR), and an
AC6** (with TCR). Several samples were produced using the gyratory compactor. The following table
(Table 2) summarizes the main features associated with the six samples selected for this study and with their
compaction. Figure 1 shows the samples produced during this study.
Table 2 – Samples’ compaction and features.
Bitumen TCR by Gyratory
by mix
mix
compactor
weight weight revolution
[%]
[%]
number

Sample
dimensions
(thickness ×
diameter)
[mm × mm]

Sample
weight
[g]

Gmb_DIM
[-]

Type of
mixture

Sample ID

AC6*

AC6o_3%B_0%TCR_21

3.2

0.0

210

117.4 × 97.5

2066.09

2.36

AC6*

AC6o_5%B_0%TCR_22

5.2

0.0

210

117.2 × 97.5

2109.57

2.41

AC6*

AC6o_7%B_0%TCR_23

7.2

0.0

210

119.6 × 97.5

2154.78

2.41

AC6**

AC6o_3%B_2%TCR_24

3.0

2.0

210

123.7 × 97.5

2105.22

2.28

AC6**

AC6o_5%B_2%TCR_25

5.0

2.0

210

107.0 × 97.5

2151.30

2.39

AC6**

AC6o_7%B_2%TCR_26

7.0

2.0

210

123.9 × 97.5

2198.26

2.36

Symbols. AC6 = Asphalt Concrete with Nominal Maximum Aggregate Size of 6 mm. 3%B = Percentage of
bitumen of 3% (w/w by the total weight of the mixture). 0%TCR = Percentage of TCR of 0%. Gmb_DIM = Bulk
Specific Gravity calculated considering the characteristics of the sample (dimensions and weight).

Importantly, because of the fact that the dry process was used to incorporate the TCR into the mixtures, the
percentage of TCR was maintained constant at 2%, while the percentage of bitumen was varied between 3%
and 7%, approximately. Note that 1) The gyratory compactor revolution number was maintained constant
for all the samples (i.e., 210). 2) The presence of the TCR seems to negatively affect the in-lab compaction
level of the samples (cf. Gmb_DIM).

Figure 1 – Upper surfaces of samples.
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4

Experimental investigation

4.1

Task 3: Testing on samples with and without TCR

Six samples (with or without TCR) were tested in order to estimate the parameters listed in Table 1 and 3.
The following figure shows the main devices. Note that the method and the system used to measure both
mechanical and acoustic responses of the samples tested in this study is the same described in [17].

Figure 2 – Main devices.
Notes. 1: Corelok machine. 2: Samples. 3: Pendulum tester. 4: Impact hammer. 5: Accelerometer. 6:
Microphone.

5

Results and discussions (Task 4)

The results of the study are shown below (Tables 3-6 and Figures 3-5). In particular, Table 3 reports the
mechanical and acoustic characterization of the samples under investigation.
Table 3 – Samples’ main properties.
Sample ID

AVG
[%]

MTD
[mm]

PTV
[-]

Gmb_Corelok
[%]

MI_max
[N×s/m]

K_max
[N/m]

RAR_max
[dB]*

AC6o_3%B_0%TCR_21

9.78

0.41

68

2.37

9.6 E+03

8.6E+07

56.20

AC6o_5%B_0%TCR_22

4.88

0.34

67

2.42

8.2 E+04

1.2E+08

50.34

AC6o_7%B_0%TCR_23

1.11

0.37

68

2.42

2.1 E+05

1.5E+09

51.73

AC6o_3%B_2%TCR_24

9.66

0.20

69

2.29

1.4 E+05

2.3E+09

52.31

AC6o_5%B_2%TCR_25

1.76

0.28

66

2.39

1.4 E+04

1.1E+08

55.13

AC6o_7%B_2%TCR_26

0.26

0.53

66

2.39

1.6 E+05

5.7E+08

48.77

Symbols. Sample IDs: see above. AVG = Air void content as an effect of gyratory compaction. MTD = Mean
Texture Depth. PTV = Pendulum Test Value. Gmb_Corelok = Bulk Specific Gravity measured using the Corelok
machine. MI = Mechanical Impedance measured using the impact hammer test. K = Dynamic Stiffness measured
using the impact hammer test. RAR = Road Acoustic Response measured using the impact hammer as source and a
microphone as receiver.
* = Based on the results shown in Figure 4.

Figure 3 shows the spectra of the Mechanical Impedance (MI) and Dynamic Stiffness (K) of the six samples
under test in the range 0-3200 Hz. Figure 4 shows the spectra of RAR for the six mixtures. In this figure 1)
The frequency range is divided into four frequency sets, i.e., very-low (0-40 Hz), low (40-400 Hz), medium
5
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(400-1600 Hz) and high (1600-3200 Hz) frequencies. 2) RAR values are expressed in Pascal and in dB.
Figure 5 shows RAR spectra in the range 0-3200 Hz. In this figure 1) The frequency range is represented in
1/3 octave bands (a representation that is more detailed than the one in Figure 4). 2) RAR values are
expressed in Pascal and in dB. Finally, Table 4 reports the Pearson coefficients of the parameters reported in
Table 3, Table 5 reports the Pearson coefficients between RAR and MI and Table 6 reports the Pearson
coefficients between RAR and K.
Table 4 – Pearson coefficients between the parameters reported in Table 3.
AVG

MTD

PTV

Gmb_Corelok

MI_max

K_max

RAR_max

AVG

1.0

-0.5

0.7

-0.7

-0.3

0.2

0.5

MTD

-

1.0

-0.5

0.5

-0.2

-0.5

-0.4

PTV

-

-

1.0

-0.6

0.5

0.7

0.2

GmbCorelok

-

-

-

1.0

0.0

-0.6

-0.2

MI_max

-

-

-

-

1.0

0.8

-0.7

K_max

-

-

-

-

-

1.0

-0.2

RAR_max

-

-

-

-

-

-

1.0

Table 5 – Pearson coefficients between RAR and MI.
RAR

MI (0-40 Hz)

MI (40-400 Hz)

MI (400-1600 Hz)

(0-40 Hz)

MI (1600-3200 Hz)

-0.42

-0.42

-0.35

0.15

-0.33

-0.10

(40-400 Hz)

-0.80

-0.47

(400-1600 Hz)

-0.84

-0.82

-0.77

-0.39

(1600-3200 Hz)

-0.39

-0.11

-0.06

-0.59

Table 6 – Pearson coefficients between RAR and K.
RAR

K (0-40 Hz)

K (40-400 Hz)

K (400-1600 Hz)

K (1600-3200 Hz)

(0-40 Hz)

-0.41

-0.46

-0.31

0.15

(40-400 Hz)

-0.80

-0.40

-0.31

-0.11

(400-1600 Hz)

-0.83

-0.78

-0.76

-0.39

(1600-3200 Hz)

-0.41

-0.01

-0.08

-0.60

Based on results, it is possible to state that:
 By referring to the effect of bitumen percentage for samples without TCR, the increase of the
percentage of bitumen (from 3% to 7%) causes the reduction of the air void content (from about 10%
to about 1%). When %B=5%, the average depth of pavement surface macrotexture, MTD has a
minimum. A negligible effect on the skid resistance (PTV = 67-68) is observed. A slight increase of
the bulk specific gravity (the Gmb_Corelok varies from 2.37 to 2.42) is observed. A considerable
reduction of the mechanical response (expressed in terms of MI and K) is observed. RAR reaches a
minimum for %B=5%.
 By referring to the effect of bitumen percentage for samples with TCR, the increase of the
percentage of bitumen seems to lead to the reduction the air void content (from about 10% to about
0.3%), while MTD increases, PTV decreases (from 69 to 66), and a slight increase of the bulk
specific gravity is observed (the Gmb_Corelok varies from 2.29 to 2.39). MI and K reach a minimum for
intermediate values of asphalt binder percentage, while the corresponding RAR appears to have a
maximum.
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Based on Table 4, strong correlations (Pearson coefficients of about 0.7 and about 0.8) are
observed between the couples MI_max-K_max, MI_max-RAR_max, PTV-K_max, AVG-PTV, and
AVG-Gmb_Corelok. Moderate linear correlations (Pearson coefficients of about to 0.5 and 0.6) are
observed between the couples PTV-Gmb_Corelok, GmbCorelok-K_max, AVG-SH, AVG-RAR_max, MTDPTV, MTD-Gmb_Corelok, MTD-K_max, PTV-MI_max. At the same time, weak correlations (Pearson’s
coefficients of about 0 and 0.2) are observed among the remaining couples, except that for the
couple MTD-RAR_max, where the Pearson coefficient is about -0.4.
Based on Tables 5 and 6, strong negative correlations (Pearson coefficients in the range between 0.76 and -0.84) are observed between the road acoustic response (RAR@40-400 Hz) and the
mechanistic response (MI and K).
The effect of TCR on RAR appears quite questionable (cf. Figure 4 and 5). This could depend on the
use of low percentages.

Figure 3 – Mechanical Impedance (MI) and Dynamic Stiffness (K) spectra.
Notes. TCR: treated crumb rubber. %B: percentage of bitumen.
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Figure 4 – Road Acoustic Response (RAR) spectra.
Notes. TCR: treated crumb rubber. %B: percentage of bitumen.
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Figure 5 – Road Acoustic Response (RAR) 1/3 octave band spectra.
Notes. TCR: treated crumb rubber. %B: percentage of bitumen.

6

Conclusions

Future road pavements should face traffic increase and diversification towards EVs. This study aims at
presenting the acoustic and mechanical performances of two asphalt concretes that were designed under the
LIFE E-VIA project. Even if further investigations are needed, results show that there is a strong negative
correlation between road acoustic response and mechanistic response. In more detail, the linear correlation
between RAR (400-1600 Hz) and MI (for frequencies lower than 1600 Hz) appears to be strong and
negative. Future works will focus on setting up a more robust factorial plan of experiments to investigate
about RAR representativeness and about its negative correlation with the mechanistic response. This could
unveil interesting perspectives when using higher contents of crumb rubber or/and using substitute or
synergistic strategies.
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Abstract
In the frame of the SOPRANOISE project (funded by CEDR in the Transnational Road Research Programme
2018), the goal of work package 3 was to develop an in-situ inspection procedure which exploits the
possibilities of visual examinations to obtain first indications on the effect of degradations on the airborne
sound insulation of existing noise barriers. Based on a review – including a survey among CEDR member
states – and a simplified theoretical framework, an acoustic inspection protocol has been designed, which
allows a quick assessment of possible effects of leaks on the airborne sound insulation of noise barriers. After
filling in the protocol, an estimation of the consequences of detected leaks is given. Depending on the
properties and position of the leak, a “critical radius of influence” is calculated, up to which the leak has a nonnegligible effect on the airborne sound insulation, and an acoustic rating is indicated. From this quick
assessment, it is possible to evaluate where it is advisable to apply further testing, i.e. either by using a “quick”
measurement (also developed by SOPRANOISE) or measurements according to the standards EN 1793.

Keywords: noise barrier, performance, degradation, inspection, EN 1793.

1

Introduction

EN 1793-5 [1] and -6 [2] are the relevant European standards for characterizing the intrinsic sound absorption
and airborne sound insulation performance of noise barriers under direct sound field conditions. However, they
require expert users and rather lengthy tests which could also be affected by practical limitations (e.g. weather
conditions, safety, accessibility…). This can limit their use alongside roads. To facilitate the acoustical
investigation of noise barriers, both “quick measurement methods” (being easier, faster and safer than the full
methods according to the standards) and qualitative in-situ inspections procedures can provide important
additions.
Thus, in order to improve the characterisation and systematic control of the acoustic performance of a noise
barrier, the SOPRANOISE project pursues a progressive approach consisting of three steps: (1) in-situ
1
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inspections, (2) quick measurement methods and (3) full measurement methods according to EN 1793-5 [1]
and -6 [2]. The present manuscript summarises the outcomes of work package 3 (WP 3). The main goal of
WP 3 was to elaborate step (1), to demonstrate up to what extent in-situ inspections can yield fair indications
on the acoustic performances of installed noise barriers and to establish an inspection method for the qualitative
assessment of the possible effect of degradations in noise barriers.
It is important to note that the inspection tool described here is not intended to be used for the legal approval
of newly built noise barriers, as this can occur only if quantitative measurements are carried out.
WP 3 started off with a review of existing inspection tools and procedures. A questionnaire was circulated
among the CEDR member states (covering European Road Authorities and Research Institutes) to gather
information about existing inspection routines and knowledge/experiences on different aspects of the acoustic
performance of noise barriers. See Section 2.
After defining the demands on the inspection method, the development process began. This is presented in
Section 3. Originating from a simplified theoretical approach, an approximative calculation method was
implemented. In a subsequent testing phase, the resulting acoustic inspection protocol has proven to yield a
clear and realistic approximation of the degradation effect due to leaks in a noise barrier. Moreover, the overall
effect of changes in the airborne sound insulation as well as in the sound absorption was examined in several
specific scenario calculations, which qualitatively underline the importance of a constant high value for the
insertion loss of a noise barrier during its lifetime.
In a last step, the scope for the application of the in-situ inspection procedure was defined – see Section 4 –
and the relevant user-oriented documents, including all information necessary to carry out and understand and
apply the inspection procedure, were drafted.

2

Review of existing in-situ inspection tools

To review the assessment procedures existing in different countries, a questionnaire was set up and sent to the
European Road Authorities and Research Institutes. The questions were supposed to retrieve the knowledge
and experiences on different aspects of the acoustic performance of existing noise barriers, and see how and
to which extent noise barrier inspections are already carried out – in particular considering acoustical aspects.
More concretely, the relevant questions addressed the following topics:

2.1

•

Theoretical models for noise barriers describing the impact of defects on sound insulation and
absorption or other investigations, which allow conclusions about the intrinsic properties of noise
barriers based on the description of defects.

•

Acoustic investigations on damaged/aged noise barriers or databases, in which information about the
performance (loss) of damaged/aged noise barriers can be extracted.

•

Procedures/best-practices for a first visual/aural inspection of old noise barriers and corresponding
assessment methods.
Existing inspection routines

The results of the review (covering the answers to the questionnaire and a literature study) are briefly
summarised in Table 1. It became evident that in general there is a large interest of having an assessment
method for a structured maintenance of noise barriers, in order to achieve a long lifecycle and ensure a high
acoustic performance.
Databases of road buildings including noise barriers exist in some countries and rudimental information about
the acoustic characteristics is provided therein. Yet, details on the acoustic performance or current acoustic
condition are lacking.
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Table 1 – Summary of existing in-situ inspection tools

Regular inspections of noise barriers are being carried out in most countries and different procedures for an
evaluation of their condition are generally available. However, these inspections mainly cover stability and
safety issues and do not have a specific focus on the acoustic performance. Several countries are setting up
more elaborate inspection procedures since a few years to have a better basis for managing the maintenance of
their noise barriers.
Theoretical models describing the impact of leaks on airborne sound insulation and/or sound absorption are
unknown and not used by the European Road Authorities. Regarding the effect of leaks and recommendations
on inspections and monitoring, the CEDR technical report from 2017 [3] has been frequently referred to by
the participants of the questionnaire.
2.2

Requirements for an in-situ inspection

The aspects from the review were considered in order to frame a profile of requirements for an acoustic
assessment based on visual inspections on site. These considerations formed the starting point for the
development of the in-situ inspection procedure:
•

An in-situ inspection of the acoustic performance has to be conceptualized as an add-on in a way that
it can be implemented into existing inspection procedures and be in accordance with the inspection
regulations with respect to frequency, categorisation, reporting etc.

•

The basic recommendations and information published in the CEDR technical report from 2017 [3]
are of high value for inspectors of noise barriers. The list of key areas for visual inspections serves as
a good basis for localising damages relevant for the assessment of the acoustic performance of a noise
barrier.

•

The inspection is supposed to yield a first approximate estimation about the possible degradation of
the acoustic performance of a noise barrier without carrying out actual acoustic measurements. It
is meant to represent the first step (out of three) for giving a first evaluation of possible degradations
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of the airborne sound insulation and clarify which noise barrier sections have to be investigated further
on in more detail by measurements.

3

•

The required effort for the inspection should be minimal and no additional tools should be required.
All relevant aspects for the acoustic assessment should be filled out directly on site.

•

A common feature in the inspection procedures is the categorisation of the noise barrier condition
into different levels with different action plans, depending on the degree of damage or degradation.
This concept is transferred to the in-situ inspection procedure proposed here.

•

The basis for the qualitative assessment should be provided by a physical approach, allowing to
approximate the acoustic consequences of leaks in a noise barrier.

Implementation and testing of the in-situ inspection procedure

The acoustic inspection protocol is implemented as an Excel document, consisting of five worksheets. When
performing a noise barrier inspection, the inspector can use this Excel document on site to assess the acoustic
condition of the noise barrier. After filling in all detected leaks and damages, it immediately returns the result
of a first acoustic evaluation: depending on the properties and position of the leak, the so-called “critical radius”
will be calculated. This defines the critical area, in which the leaks have a non-negligible effect.
Correspondingly, a “traffic light” rating is assigned to each inspected noise barrier field, where green means
“acceptable acoustic condition”, yellow represents “questionable acoustic condition” and red means
“acoustically defective”.
3.1

Theoretical background of the acoustic assessment

The calculation of the critical radius behind a leak in a noise barrier and the corresponding acoustic (traffic
light) rating are based on an extended sound propagation model – fully presented in the SOPRANOISE
deliverable D2.2 [4].
In the presence of a leak, an acoustical critical area behind the noise barrier is formed, in which the influence
of the transmission through leak (described by the sound level 𝐿𝑚,𝑡 ) is dominant over the diffraction across
the top of the barrier (described by the sound level 𝐿𝑚,𝑏 ). In this area the sound insulation of the barrier is
reduced significantly. Beyond this area, the effect from the leak is negligible and the reduction of the sound
insulation is not critical any more. The criticality condition 𝜉 reads
𝜉 = 𝐿𝑚,𝑡 − 𝐿𝑚,𝑏 + 10 dB.

(1)

For ξ > 0 dB the specific receiver point lies within the acoustical critical area, where the diminished sound
insulation due to the leak is relevant. For ξ < 0 dB the presence of the leak has no significant influence on the
sound immission. In other words, the condition ξ = 0 defines the border (or radius) of the critical area with
dominant impact of the leak. See Figure 1.

Figure 1 – Illustration of the acoustical critical area behind a noise barrier with a leak
4
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In order to model the transmission through a barrier induced by a leak, the formulas found in the German
guidelines for noise protection at roads (RLS-90) [5] were used and extended. In short, the general idea is that
the leak is regarded as a point source which is “fed” by a line source (road). This point source emits a
hemispherical sound wave into the area behind the barrier. The sound power of its contribution is reduced
according to the transmission loss caused when passing through the barrier. The detailed contributions to 𝐿𝑚,𝑏
and 𝐿𝑚,𝑡 are stated in the SOPRANOISE deliverable D2.2 [4].
The underlying geometry for the calculation of the critical radius is shown in Figure 2 as a side view. For a
better practicability, some simplifications are made:
•

Only the closest lane to the noise barrier is considered as emission sound source, situated at 0.5 m
above the ground.

•

The noise barrier is situated at a distance of 7.6 m from the centre of this lane. In cases without
emergency lane this distance reduces to 5.1 m.

•

A two-dimensional description is chosen, i.e. source, leak and receiver are assumed to be in line
perpendicular to each other.

•

The receiver is assumed to be at 2.8 m above the ground.

Figure 2 - Underlying geometry for the calculation of the critical radius
By exploiting the underlying geometry within the approach of the criticality condition, the problem is reduced
to one unknown variable and can be solved numerically. As a measure for the acoustical severity of a leak, the
so-called critical radius is obtained. For the full derivation of how the critical radius is calculated, the interested
reader is referred to the SOPRANOISE deliverable D3.1 [6].
It is important to remember that the result of the acoustic inspection is not supposed to be exact and cannot
substitute measurements, because it relies on several assumptions and does have a large uncertainty. Instead,
it yields a first estimation of the acoustical consequences of a leak and suggests where it is advisable to
measure. A reproduction of the exact geometry on site is not expedient and will not yield notable improvements
of the acoustic assessment via the inspection.
3.2

Superposition of leaks

The theoretical calculation model is formulated for the case of a single leak in a noise barrier. Generally, more
than one damage can occur at a noise barrier. Several leaks might be located within the same noise barrier field
(e.g. horizontal acoustic elements with missing sealings one above the other) or close to one another, affecting
neighbouring noise barrier fields.
In these cases, the critical radius and acoustic rating calculated for an individual leak is of limited significance.
It gives a measure for the acoustic degradation due to this specific leak, but it does not yield a correct overall
acoustic assessment at the respective noise barrier field if surrounding leaks are not considered. To close this
gap in the acoustic assessment, a superposition of the effect from several neighbouring leaks is included. This
superposition is based on a weighting function for the summation of the critical radii of different leaks in
dependence of their distance to one another.
5
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3.3

Overall effects of degradation on sound propagation

A more global approach within a simple sound propagation model has been applied to investigate the effect of
the intrinsic properties of noise barriers on the sound immission level behind and in front of the noise barrier.
The sound pressure level behind a noise barrier was calculated for varying sound reduction index R to model
the influence of the degradation of the transmission loss on the acoustic performance. Changes in the reflection
loss RL were considered in three distinct situations: (1) for the case of a single noise barrier (acting as a partial
reflector), (2) adding an additional second noise barrier (acting as a shield by assuming an infinite transmission
loss) in parallel to the (partially) reflecting noise barrier of case (1), and (3) (multiple) reflections between a
noise barrier and lorries passing by, since these have an influence on the noise level behind the barrier.1

Figure 3 – Sketch of the scenarios for the investigation of the overall effects of degradation
The calculations show that the effect of losing transmission loss (e.g. due to aging or small holes) can be
regarded as minor problem far away from a noise barrier of moderate height. However, for high noise barriers,
changes of the transmission loss can cause a serious problem, also far away from the noise barrier. The higher
the noise barrier, the more important is a constant high transmission loss over the lifetime of the noise barrier.
The consequences of degradations in the reflection loss of a noise barrier for its overall acoustical performance
are also essential. The investigations show that with decreasing reflection loss, the level in front of the noise
barrier is increasing. This increase can amount to a maximum value of 3 dB in the limit of infinite distance of
the receiver (doubling of the noise source), For multiple traffic lanes this behaviour is comparable.
In the presence of an additional parallel noise barrier, acting as a full shield, the height of this shielding noise
barrier also plays a role. The higher the additional shielding noise barrier on the other side of the road (in
parallel to the original noise barrier, see Figure 3), the more important is a constant high reflection loss over
the lifetime of the original noise barrier. In other words, if the shielding noise barrier is low, a decrease of the
reflection loss will not have a significant effect on its acoustical performance. Regarding multiple lanes (e.g.
broad motorways), the model has shown that the influence of a diminishing reflection loss over time is less,
but also gains importance with increasing height of a shielding noise barrier.
Further scenario calculations show that for the special case of multiple reflections between the dolly of an
articulated lorry and the noise barrier, significant effects occur under certain conditions. If the noise barrier is
of comparable height with the dolly, the reflection loss of the noise barrier will be relevant for the sound
pressure level behind the noise barrier. Considering multiple lanes, reflections between noise barrier and lorries
have a lower effect on the sound pressure level behind the noise barrier: only noise barriers with low reflection
loss (as the usual sound reflective barriers are) have a noteworthy effect on the noise level behind the noise
barrier. Generally, the pass-by sound level (especially for heavy vehicles) of course also depends also on the
temporal and the spectral dimensions (time t and frequency f).
All in all, the investigations on the interplay between the intrinsic barrier properties and the sound immission
level behind and in front of the noise barrier have shown which scenarios are acoustically relevant in the case
of damaged or aged barrier conditions.
The terms “behind” and “in front” of the noise barrier are used with respect to the side of the road traffic. In other words,
by “behind” we refer to the “shielded zone” and by “in front” we refer to the “unshielded zone”.
1
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3.4

Description of the in-situ acoustic inspection protocol

The general information about the location (road name, direction, coordinates etc.) of the noise barrier is
entered on the first sheet ‘Location’ (cf. Figure 4), mainly as free text. Except for the information about the
emergency lane, all inputs here are for identification purposes only.
All Information on the materials used in the design of the noise barrier are protocolled in the second sheet
‘Construction’ (cf. Figure 4). The calculation itself is independent from the inputs made in this sheet.
However, records on the noise barrier construction might be helpful for further investigations or cause studies.

Figure 4 – First and second input sheet ‘Location’ and ‘Construction’ with exemplary entries
The third sheet ‘Defects’ (cf. Figure 5) is the central input sheet of the in-situ acoustic inspection protocol. All
information on the detected defects (barrier field height, position and size of the leak, transparency etc.) are
filled in here. The table allows to record up to 50 different defects. Most inputs have to be selected from a
dropdown list or via check boxes. This makes the actual inspection process faster and easier to handle on site.

Figure 5 – Third input sheet ‘Defects’ with exemplary entries
The fourth sheet ‘Acoustic assessment’ (cf. Figure 6) presents the result of the acoustic inspection and is a
pure output sheet, where each considered noise barrier field is listed with the assessed acoustic condition and
a critical radius of influence. Two different types of acoustic assessment are included: on the left, the result of
the calculation is given for each noise barrier field individually. From this, the severity (in the acoustic sense)
of a single leak becomes evident. For a comprehensive overall acoustic assessment, the superposition of leaks
close to each other has to be considered. An approximation for such an overall assessment is given on the right
of the ‘Acoustic assessment’ sheet.
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Figure 6 – Fourth sheet ‘Acoustic assessment’ with exemplary output results
The traffic light rating of the acoustic condition is based on the inspection inputs made on the first three sheets.
The meaning of the colours is as follows:
•

Green = acceptable acoustic condition, non-priority actions required for airborne sound insulation.
No conclusion possible for sound absorption.

•

Yellow = questionable acoustic condition, further testing could be required for assessing the
effective airborne sound insulation (e.g. passing on to quick measurement method).

•

Red = defective acoustic condition regarding airborne sound insulation, repairing required.

In the fifth and last sheet ‘Settings’, the inspector has the possibility to change a few global parameters. In
general, modifications are not necessary here, since the default values serve as a good approximation within
the accuracy of the method. Nevertheless, in exceptional cases it can be useful to change some of the global
settings. The customisable parameters are: size of the noise barrier field, thresholds specifying the trigger
values of the critical radius for the acoustic traffic light rating, distance from the noise barrier to the first traffic
lane, for the case with and without emergency lane in between.
3.5

Testing of the in-situ acoustic inspection protocol

From June to October 2020, acoustic in-situ inspections of noise barriers in the federal states of North RhineWestphalia, Baden-Württemberg and Hesse were carried out. One of these inspections was part of a planned
regular inspection. Long sections of motorways were investigated and searched for damages at noise barriers.
Apart from this, we also received information on the specific location of damaged noise barriers from road
authorities. We were allowed to accompany one of the regular inspections and carry out the acoustic
assessment with the inspection protocol developed herein.
The test inspections showed and confirmed that through-holes in noise barriers with a size in the single-digit
centimetre range have only minor acoustic consequences, even though they appear to be visually conspicuous.
Here, the results obtained with the acoustic in-situ inspection protocol confirmed the impressions gathered
during the visual and aural inspections. Even at distances of less than one metre, where vehicles driving on the
motorway could be seen through the holes, no level increase was perceived aurally compared to the basic noise
level. Only for holes with a length of 20 cm to 30 cm, level increases could be heard directly behind the noise
barrier. But even holes of this larger size, if they occur individually and isolated, have a negligible levelincreasing effect at a distance of several metres behind the barrier. Yet, when such damages or defects occur
regularly, for example due to subsidence of the soil over several noise barrier fields, they can be perceived
aurally and/or evaluated analytically even at greater distances.
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4

User documents and scope

Two descriptive documents were created to accompany the inspection protocol itself and provide all
information necessary to carry out and understand the inspection procedure. The manual is a step-by-step
instruction (including an example and screenshots) of how to fill in the inspection protocol, and the short
description explains the theoretical background of the calculation and the functionality of the different parts of
the Excel protocol file. Potential inspectors should always have access to these documents to ensure a regular
execution of the method and a correct understanding of the results. Both the manual and the short description
are included in the SOPRANOISE deliverable D3.1 [7].
The scope of application for the SORPANOISE 3-step approach is summarised in Figure 7Fehler!
Verweisquelle konnte nicht gefunden werden.. Initially, it is necessary to define the reason for the planned
noise barrier investigation. For the approval of a newly built noise barrier (i.e. for legal reasons which require
quantified values of intrinsic characteristics DLRI and DLSI), the only way is to carry out measurements
according to the EN 1793 standards.

Figure 7 – Flow chart visualising the scope of the SOPRANOISE 3-step approach
Since approvals according to EN 1793 standards can be expensive and time-consuming – especially for long
noise barriers – it is advisable to first carry out in-situ inspections and/or measurements via the quick method.
With the in-situ inspection, apparent defects can be found and directly rejected, and sampling via the quick
method also allows a fair pre-selection of relevant locations for the actual approval.
The 3-step approach comes into action when a noise barrier investigation is planned within a monitoring
process of an existing noise barrier. For the evaluation of sound absorption properties, it is unavoidable to
carry out acoustic measurements via the quick method (step 2). No conclusions about the degradation of sound
absorption characteristics can be drawn from in-situ inspections only. The purpose of in-situ inspections
(step 1) is to obtain useful indications and spot out major defects, in order to deliver a very quick and relevant
estimation of the degradation of the insertion loss of the noise barrier (due to a diminished sound insulation).
This facilitates the follow-up monitoring and maintenance of installed noise barriers, considering its insertion
loss performance. In-situ inspections do not give a quantitative value of airborne sound insulation. The acoustic
rating obtained via the in-situ inspection method identifies defects with negligible consequences for the
insertion loss (green rating), defects which surely have to be repaired (red rating) and defects which require an
actual assessment via acoustic measurements (yellow rating). This case establishes the transition to step 2, i.e.
the quick measurement method, which will be the output of WP 4 of SOPRANOISE.
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5

Conclusions

The SOPRANOISE 3-step approach optimises the assessment of the acoustic performance of noise barriers by
exploiting a progressive evaluation strategy. The different stages of the method come into play under welldefined conditions and thereby help to realise much more systematic tests, improve the understanding of
acoustic performance losses and consequently the sustainability of noise barriers. However, it is important to
note that neither the in-situ inspection procedure nor the quick measurement method can substitute the
conformity test according to the EN 1793 standards.
With the completion of WP 3 of the SOPRANOISE project, the first stage of the progressive 3-step approach
is fully developed. The result is a practice-oriented in-situ inspection procedure for the approximation of the
degradation effect in the acoustic insertion loss of a noise barrier due to leaks. Its potential and features are:
(1) a simple and fast application, (2) easy to integrate into existing inspection procedures, (3) a physics-based
approach, (4) a well-defined scope of application, and (5) a clear and transparent documentation for users.
In the remaining tasks of the SOPRANOISE project, further practical testing will be carried out in parallel to
the application of the quick measurement method in WP 4. This will elucidate the connection between both
steps and see how the inspection results can indicate the preferred locations for the application of the quick
method.
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Abstract
The paper deals with the acoustical characterization of low-noise asphalt concretes developed for noise
reduction in urban areas within the LIFE E-VIA project (LIFE18 ENV/IT/000201). With the perspective of an
increasing number of electric vehicles (EVs) in urban area, the asphalt concrete mixes have been optimized
considering Life Cycle Cost with respect to actual best practices. Two very thin asphalt concretes (VTAC) of
6 mm maximum aggregate size have been implemented on a reference test track in France. Both are based on
the same formulation, but one mix contains 1.9% crumb rubber by weight. The noise performance of these
prototype test sections has been evaluated by means of close-proximity (CPX) tests and controlled pass-by
(CPB) noise measurements for two EV models. CPX results have shown a noise reduction of about 3 dB(A)
by comparison with a reference dense asphalt concrete 0/10, while an average pass-by noise reduction of about
4 dB(A) has been observed for the sample of EVs tested.
Keywords: electric vehicles noise, tyre/road noise, low-noise asphalt concrete, life cycle analysis.

1

Introduction

According to recent data of European Alternative Fuel Observatory (EAFO), the electric vehicle (EV) fleet in
the European area is growing exponentially, reaching 3.1 million of EVs in 2020 and 10.7% of market share
new registrations [1]. The different projection scenarios proposed in [2] expect EVs to represent between 15%
and 30% of the global vehicle fleet by 2030, reaching between 130 and 250 million vehicles worldwide.
In this context, considering the relative quietness of electric motors, rolling noise is likely to become the
prominent source of noise in urban area from about 20 km/h at constant speed [3]. Therefore, one of the main
objectives of the European LIFE E-VIA project [4] is the reduction of tyre/road noise by proper optimization
of the tyre/road interaction. A literature review has shown that EV tyres are not necessarily the quietest [5].
Apart from some specific EV model, the future market of EV tyres will also stay within standard tyre
dimensions [6], while EVs have some specificities by comparison with intern combustion engine vehicles
(ICEV) such as higher torque and curb weight. According to [7], EVs noise abatement could highly benefit
from low-noise road surfaces, with a possible stake in noise reduction of at least 6 dB(A) on the average EV
fleet.
This study deals with the acoustical characterization of low-noise very thin asphalt concretes developed for
noise reduction in urban areas within the framework of the LIFE E-VIA project. The asphalt concrete mixes
1

831

have been developed considering Life Cycle Analysis (LCA) as e.g. [8] in the perspective of an increasing
number of EVs in urban area. The first section of this article describes the mix design procedure and the
implementation of two low-noise prototypal asphalt concretes, as well as road surface properties influencing
tyre/road noise (i.e. surface texture, sound absorption and dynamic stiffness). Then, the acoustical
characterization of the prototype test sections is presented. It relies on close-proximity (CPX) and controlled
pass-by (CPB) measurements. The results are given and discussed at the reference speed of 50 km/h. The last
section gives the main conclusions and outlook of the study.

2
2.1

Low-noise asphalt concrete for electric vehicles
Holistic optimization of the mix

The framework of the study carried out to optimize the low-noise asphalt concrete mixtures, which are the
main outputs of the LIFE E-VIA Project, are described in the following. In particular, the study consisted of 3
main tasks (see Figure 1) that were organized as follows:
TASK 1.1: A comprehensive literature analysis [9-11], which allowed finding 150 asphalt concrete mixtures,
was carried out (Actor: University MEDITERRANEA of Reggio Calabria, UNIRC; Project Action: A2).
TASK 1.2: From the 150 asphalt concrete mixtures above, nine mixtures were selected based on many
characteristics, including: 1) Acoustic response. 2) Expected life by referring to mechanistic properties.
3) Permeability. 4) Friction (i.e., Mean Profile Depth, MPD, and British Pendulum Number, BPN now PTV).
5) Expected life. 6) ENDT value. Based on the characteristics above, the open asphalt concrete mixture with
Nominal Maximum Aggregate of 6 mm (AC6*) was selected as the best low-noise mixture (Actor: UNIRC;
Project Action: B1.2).
TASK 2.1: Acoustical and mechanical properties of different reference road pavements in Nantes (France)
were measured on site, in order to gather data to use in the next sub-tasks (Actors: Univ. Eiffel and IPOOL;
Project Actions: B1.3 and B1.4).
TASK 2.2: Based on the results of the sub-tasks 1.1-2.1, two mixtures were designed, namely two AC6 ones
(where AC stands for asphalt concrete and 6 for nominal maximum aggregate size of 6mm). The first one
(AC6P) without crumb rubber and the second one (AC6PCR) with crumb rubber (see Table 1). Physical-based
models were set up and implemented at the MEDITERRANEA to investigate the interaction among the
predicted characteristics. Two pavement prototypes were built (see Figure 3, P and PCR, respectively) and
tested on site (see Sections 2.3-3.2) in order to find the correlation and the relationship between the mixtures
defined in the laboratory (Sub-task 1.1) and those used to build the prototypes P and PCR (Actors: Univ. Eiffel
and IPOOL; Project Action: B2).
TASK 3.1: Based on all the results collected during the tasks above, the final two mixtures were designed
(Actor: UNIRC; Project Action: B1.5).
TASK 3.2: The two final mixtures designed in the previous sub-tasks were built in a pilot area (Actor:
Municipality of Florence; Project Action: B3). Tests are going to be carried out (by the end of the 2021) to
validate the aforementioned mixtures from a mechanical and acoustical point of view.
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AC6P
AC6PCR

P
PCR

Figure 1 – Framework of the low-noise asphalt concrete mixtures holistic optimization

2.2

Prototype implementation

Based on the conclusions of the holistic approach, two VTAC test sections were implemented in September
2020 on Université Gustave Eiffel reference test track in Nantes (France). Table 1 details each mix
composition. Both mixes have a maximum aggregate size of 6 mm. They are based on the same formulation,
but one mix contains 1.9% crumb rubber (CR) by weight.
Table 1 – Mix composition of the implemented prototype VTAC 0/6.
Fraction (mm)
4/6.3
2/4
0/2
0/1 (CR)
Fines
Filler bitumen
Total bitumen

Mix without crumb rubber
7.0%
33.0%
52.0%
1.6%
6.4%

Mix with crumb rubber
7.0%
33.0%
51.0%
1.9%
1.0%
6.1%
6.4%

Figure 2 shows a top view picture of the VTAC 0/6 test sections after implantation. The prototype dimensions
were 8 m width by 57 m length. The thickness of the compacted mixture was 0.025 m. The test section without
CR was named P, while the one with CR was named PCR.
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8m

Prototype with crumb rubber (PCR)
Prototype without crumb rubber (P)
57 m

Figure 2 – Top view of VTAC 0/6 test sections built on Univ. Gustave Eiffel test track in Nantes (France).
Figure 3 gives a close-up picture of the VTAC 0/6 test sections and of test section E1 from the same site, which
is considered as a reference dense asphalt concrete (DAC) 0/10 within this study. By comparison with E1, the
finer grading and the flattening of aggregates for P and PCR can be appreciated on the picture.
P

PCR

E1 (ref)

Figure 3 – Close-up pictures (20 cm by 10 cm frame) of test sections P, PCR and E1 (reference DAC 0/10).
2.3

Characterization of road surface properties

2.3.1 Surface texture
Surface texture was measured with a 3D profilometer based on a 2D laser sensor that is moved over the road
surface (Figure 4, left). The system allows 3D measurements of length 1.5 m and width up to 0.35 m. Four
consecutive scans were performed on the wheel path on the side of the pass-by microphone position and two
consecutive scans were carried out on the opposite wheel path. The final complete texture scans were
respectively about 5.80 m and 2.94 m long. The longitudinal and transverse sampling intervals were 0.1 mm.
The Mean Profil Depth (MPD) and the texture spectra were calculated using longitudinal profiles extracted
from the 3D texture scans, according to respectively ISO 13473-1 and ISO 13473-4. The average MPD was
respectively 0.39 mm and 0.30 mm for P and PCR test sections, while 0.82 mm for the reference test section
E1. Figure 4 (right) gives one-third octave band texture spectra averaged over the left and right wheel tracks
of both prototypal test sections P and PCR. Texture spectrum of E1 is also plotted. The texture levels of section
P are up to 3 dB higher than those of section PCR at wavelengths lower than 125 mm, with an opposite situation
at wavelengths greater than 250 mm. A peak at wavelength 160 mm is observed for PCR test section. Texture
levels of both prototype test sections are much lower than the reference E1, especially at wavelengths higher
than 16 mm for which a difference of about 6 dB to 9 dB is observed respectively for P and PCR.
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Figure 4 – 3D profilometer (left) and surface texture spectra measured on the 3 test sections (right).
2.3.2 Sound absorption
Sound absorption was measured on test sections P and PCR by means of a system conforming ISO 13472-1
(Figure 5, left). The absorption coefficient was measured in the middle of the test section at five spots located
approximately in front of the pass-by microphone and averaged in the narrow bandwidth frequency domain.
Then, the sound absorption coefficient was calculated in one-third octave band (Figure 5, right). The sound
absorption coefficient was quite low for both prototype test sections, with a maximum value of 0.17 and 0.26
at 2500 Hz for PCR and P respectively.
1
P
PCR
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Figure 5 – Sound absorption measurement system (left) and sound absorption coefficient in one-third octave
bands (right) measured on prototype road surfaces P and PCR.
2.3.3 Dynamic stiffness
The dynamic stiffness of the prototype test sections was measured in situ. The experimental setup is based on
the frequency response function between an impact hammer and an impedance head measuring the direct force
and acceleration at the impact spot (Figure 6, left). Five different spots were tested, located in the middle of
the test section, at the same position as for sound absorption measurements. Figure 6 (right) shows the dynamic
stiffness of test sections P and PCR in the frequency range between 100 Hz and 2000 Hz. The dynamic stiffness
is almost constant over this frequency range, thus corresponding to an ideal spring behaviour. Although
comprising crumb rubber, it is observed that PCR test section is stiffer than P test section, with a difference up
to 5 dB below 400 Hz and about 2 dB above 400 Hz.
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Figure 6 – Impact hammer and impedance head used for the dynamic stiffness measurements (left) and
dynamic stiffness as a function of frequency for P and PCR test sections (right).

3

Acoustical characterization of the prototype test sections

3.1

Close-ProXimity measurements

CPX measurements were performed according to ISO 11819-2. Two different test vehicles fitted with different
tyre models have been used. The first test vehicle was a passenger car Renault Scénic 2.0 litres fitted with
standard commercial tyres Michelin Energy Saver 195/60 R15 (Figure 7, left). The second test vehicle was a
Mercedes Vito fitted with SRTT P225/60 R16 according to ISO 11819-3 (Figure 7, right).
On each test section, several runs were performed every 5 km/h at steady speed V from 30 km/h to 110 km/h.
For each run, the energetic average of one-third octave band noise levels on lateral microphone was calculated
and averaged over the test section. Then, the overall CPX noise level was recomposed from the frequency
range between 400 Hz and 4000 Hz for the Michelin tyres and between 315 Hz and 5000 Hz for the SRTT
tyres. Finally, a logarithmic regression versus speed was performed on recomposed CPX overall noise levels
and for each one-third octave band noise levels to get overall noise levels and spectra at 50 km/h.

Figure 7 – CPX test vehicles: Renault Scénic fitted with Michelin Energy Saver tyres (left) and Mercedes
Vito fitted with SRTT tyres (right).
Table 2 gives the regressed CPX overall noise levels at the reference speed of 50 km/h. The noise levels have
been corrected in temperature at 20°C for both tyre models and in hardness for the SRTT tyre. For the Michelin
tyre, the noise reduction at 50 km/h by comparison with the reference surface E1 is 2.8 dB(A) for P and
2.4 dB(A) for PCR. For the SRTT tyre, the noise reduction is 1.7 dB(A) for P and 2.4 dB(A) for P.
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Table 2 – CPX overall noise levels at the reference speed of 50 km/h.
E1
P
PCR
Michelin Energy Saver 195/60 R15 87.0 dB(A) 84.2 dB(A) 84.6 dB(A)
SRTT P225/60 R16
90.2 dB(A) 88.5 dB(A) 87.8 dB(A)
CPX noise spectra are given in Figure 8 for the three test sections E1, P and PCR and for both tested tyre
models. No temperature correction has been applied to spectral noise levels. Both prototype test sections P and
PCR have very similar spectral shapes for both tyre models. The maximum spectral value for P and PCR is
observed at 800 Hz for the Michelin tyres and at 630 Hz for the SRTT tyres. By comparison with E1, the
highest noise reduction is obtained in the frequency range between 800 Hz and 2000 Hz, with a maximum of
about 4 dB(A) at 1000 Hz.
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Figure 8 – CPX noise spectra for the Michelin Energy Saver 195/60 R15 tyre (left) and for the SRTT
P225/60 R16 tyre (right) at the reference speed of 50 km/h.

3.2

EVs pass-by noise measurements

CPB noise measurements were performed with a microphone located on the left side of the vehicle, at 7.5 m
from the middle of the test section and 1.2 m above the road surface. Two EV models were tested (Figure 9):
a passenger car Renault ZOE fitted with Michelin Energy EV tyres of size 185/65 R15 and a light commercial
vehicle Renault KANGOO Z.E. fitted with Michelin Energy Saver tyres of size 195/65 R15, which have the
highest market share in European Union over the last 3 years, respectively for passenger and light commercial
EVs [1].
On each test section, several runs were performed every 5 km/h at steady speed V from 20 km/h to 70 km/h.
At low speed, the acoustic alerting vehicle system (AVAS) was deactivated. For each run, the maximum
overall A-weighted sound pressure level LAmax was identified from the Fast time signature and a correction of
the background noise level was applied to the overall and spectral noise levels according to a procedure
explained in [7]. Then, a logarithmic regression versus speed was performed on CPB overall noise levels and
for each one-third octave band noise levels in the frequency range between 100 Hz and 5000 Hz.
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Figure 9 – Two tested EV models: Renault ZOE fitted with Michelin Energy EV 185/65 R15 tyres (left) and
Renault KANGOO Z.E. fitted with Michelin Energy Saver 195/65 R15 tyres (right).
Table 3 gives the regressed CPB overall noise levels at the reference speed of 50 km/h. The noise levels have
been corrected in temperature at 20°C according to [12]. The noise reduction at 50 km/h by comparison with
the reference surface E1 is 4.2 dB(A) for PCR and 4.6 dB(A) for P in the case of the Renault ZOE, and
3.9 dB(A) for PCR and 4.5 dB(A) for P in the case of the Renault KANGOO Z.E. It is observed that the
Renault KANGOO Z.E. is about 1.5 dB(A) quieter than the Renault ZOE.
Table 3 – CPB overall noise levels at the reference speed of 50 km/h.
E1
P
PCR
Renault ZOE
67.3 dB(A) 62.7 dB(A) 63.1 dB(A)
Renault KANGOO Z.E. 65.7 dB(A) 61.2 dB(A) 61.8 dB(A)
CPB noise spectra are given in Figure 10 for the three test sections E1, P and PCR and for both EVs. No
temperature correction has been applied to spectral noise levels. For both tested vehicles, noise spectra have a
similar shape on the reference test section E1, with a clear peak at 1000 Hz. On prototype test sections, this
peak is attenuated by 5 dB(A) for the Renault ZOE and the maximum is shifted at 800 Hz on PCR test section.
For the Renault KANGOO Z.E., the peak at 1000 Hz is reduced by 10 dB(A) and the maximum is shifted at
630 Hz for both P and PCR test sections. For this vehicle, a peak at 1250 Hz can be observed, but originating
from another source than tyre/road noise. For the Renault ZOE, a clear peak is also observed at 315 Hz and is
reduced by about 5 to 6 dB(A) on the prototype test sections. While having similar spectral shapes, it is clearly
observed for both EVs that noise levels on PCR are slightly higher than noise levels on P in the frequency
range between 500 Hz and 1000 Hz, while the opposite is found in the frequency range above 1250 Hz.
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Figure 10 – CPB noise spectra for the Renault ZOE (left) and for the Renault KANGOO Z.E. (right).
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3.3

Discussion

CPX and CPB results have shown a significant overall noise reduction with both prototype test sections P and
PCR by comparison with the reference test section E1. From spectral noise levels, this noise reduction can be
mainly attributed to the noise reduction at 1000 Hz for P and PCR, and a frequency shift of the maximum noise
level towards 630 Hz and 800 Hz. This abatement can be mainly attributed to the low texture levels of the
prototype test sections by comparison with the reference road surface, leading to a reduction of tyre vibration.
From [13], it has been found that the maximum spectral noise level for road surfaces with relatively high
texture levels as E1 is located at 1000 Hz independently of the vehicle speed. On the contrary, for road surfaces
with low texture levels as P and PCR, the maximum spectral noise level is speed dependent and is mainly
influenced by the tread pattern pitch. Thus, tread pattern impacts play a major role in the noise emission for
this kind of road surfaces with low texture levels. The lower noise levels for P by comparison with PCR in the
frequency range between 500 Hz and 1000 Hz may be explained by the lower dynamic stiffness measured for
P, reducing the magnitude of tyre tread impacts and then noise levels in the medium frequency range [14].

4

Conclusions

In the perspective of an increasing part of EVs in urban area, two VTAC 0/6 mixes have been designed by
means of an LCA approach. Two prototype VTAC 0/6 test sections, namely P and PCR, have been
implemented on the reference test track of Université Gustave Eiffel in France. Both are based on the same
formulation, but one mix (PCR) contains 1.9% of crumb rubber by weight. Quite low MPD and surface texture
levels have been measured on both prototype test sections by comparison with a reference DAC 0/10 (namely
E1 test section). The measured acoustical absorption was relatively low on both P and PCR test sections, with
a maximum absorption coefficient below 0.3 at 2500 Hz. Unexpectedly, the dynamic stiffness on test section
P without crumb rubber was lower than on test section PCR containing crumb rubber.
CPX noise has been measured for two tyre models with two different ICEVs. At 50 km/h, the overall CPX
noise level reduction for the prototype test sections by comparison with the reference DAC 0/10 was on average
2.6 dB(A) for the Michelin Energy Saver 195/60 R15 tyre and 2.0 dB(A) for the SRTT tyre. CPB noise has
been measured for two EV models. At 50 km/h, the overall CPB noise level reduction for the prototype test
sections was on average 4.4 dB(A) for the Renault ZOE and 4.2 dB(A) for the Renault KANGOO Z.E. The
noise abatement was mainly attributed to the low MPD and texture levels of the prototype test sections, leading
to a significant reduction of the maximum noise level at 1000 Hz by comparison with the reference DAC 0/10.
On average, test section P without crumb rubber was 0.5 dB(A) quieter than test section PCR, which may be
explained by the lower dynamic stiffness measured on test section P.
This study has shown the high potential of noise reduction of both prototype test sections and future work will
concern the implementation of such road surfaces in a pilot urban area in Florence (Italy). The results have
also emphasized the importance of tyre tread pattern optimization for further noise reduction on this type of
road surface with very low MPD and texture levels. This aspect is currently under investigation within the
LIFE E-VIA project.
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Abstract
The different properties of pavements influence the generation of rolling noise produced by the interaction
between tire and pavement. Currently, many researchers are working on the achievement of silent
pavements.
One of the variables that may be relevant in reducing noise generation is, in addition to the pavements
texture, the dynamic stiffness. This property of pavements is closely related to the composition of the
wearing courses. In this project, different Stone Mastic Asphalt (SMA) mixtures, with a different content
of crumb rubber, have been studied.
The scope of this research is to evaluate the variation that occurs in dynamic stiffness as a consequence of
the different content of crumb rubber. Results show that there could be a relation between the composition
of the pavements and the dynamic stiffness. For certain frequencies, it is observed that, as the crumb
rubber content increases, the dynamic stiffness decreases. This fact would translate into a decrease in
rolling noise, which would improve the living conditions of the society close to the tracks, which suffers
the undesirable effects of the acoustic pollution.
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1. Introduction
The noise generated by the rolling is an issue that causes concern in the road environment. In order to
mitigate it, different strategies can be considered focused on the study of the mechanisms of noise generation
itself.
Dynamic stiffness is one of the factors that contribute to the greater or lesser generation of noise. In recent
decades, experimentation has begun with the use of certain special components in asphalt mixtures, such as
polymers or crumb rubber, which could have the ability to reduce noise levels. This study will focus on the
dynamic stiffness of different reference mixtures with different crumb rubber content. The use of this
recycled material, being more flexible, could reduce the stiffness of the pavement and, consequently, the
noise generated by the interaction between the tire and the pavement would be lower.
No less relevant in relation to noise reduction is texture. Those pavements with small aggregation sizes will
have a smoother texture and, consequently, will produce less noise against impacts and vibrations.
However, the above variables, even though they are the main ones in this study, are not the only ones that
have an influence on rolling noise. Other influencing factors to be mentioned are the state of aggregation of
the mixtures, the temperature, the bituminous mixture itself or the absorption.

2. Mixtures studied
In this work, asphalt mixtures of the SMA 8 (Stone Mastic Asphalt) type have been studied. Different
samples of SMA, attending to their different content in crumb rubber, were tested.
The different reference mixtures were tested by packages of four samples with the same dimensions and
characteristics. Five different types of mixtures have been studied, whose content in crumb rubber is detailed
in Table 1.
Mixture

% of Crumb Rubber

Reference 1

0.3

Reference 2

0.5

Reference 3

1

Reference 4

1.5

Reference 5

2

Table 1 - Crumb rubber content of the reference mixtures.
The aim of this study is to analyze the existing relation, if any, between the dynamic stiffness of the test
mixtures and the different content of crumb rubber.
Likewise, and in a complementary way for the surface characterization of these mixtures, the texture of each
of them has been analyzed.
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3. Methodology
The characterization carried out on the SMA mixtures has consisted of conducting dynamic stiffness and
texture tests using the following pavement surface characterization equipment: the vibration exciter, for
measuring the dynamic stiffness; and a laser profilometer, for the texture, respectively.
3.1.

Experimental set up of the dynamic stiffness

The dynamic stiffness measurements have been carried out in the laboratory, on samples and in accordance
with the Non-Resonant method.
The experimental methodology used to measure the dynamic stiffness is composed of a vibration exciter,
commonly called "shaker", and an impedance head that is in contact with the upper face of the mixture, on
which the measurements are made. The contact between the head and the sample is made by means of a 14
mm circular plate fixed to the surface.
This device measures the applied force and the displacement produced on the sample surface. The force and
motion signals are recorded by a multi-analyzer equipment and, by means of the Fast Fourier Transform
(FFT), the dynamic stiffness spectra are reproduced. Said measure of dynamic stiffness will indicate the
ability of the mixture to resist movement when a certain force is applied to it.
To carry out the dynamic stiffness tests, the samples have been placed on a concrete floor and, in order to
avoid undesirable vibrations during the tests, they have been placed on a thin layer of plaster.

Figure 1 - Arrangement of the series of samples to be tested.
The signal generated by the vibration exciter in the measurements has been a random signal. With this
method, the dynamic stiffness spectra of each individual sample between 1 Hz and 6 kHz have been
represented. Within this interval of frequencies, the values of dynamic stiffness have been selected, from the
mean spectrum resulting from each type of mixture to be studied, for the discrete frequencies of 400 Hz.
Considering these values, it will be observed if there is any trend between series with different crumb rubber
content, in relation to dynamic stiffness.
An example of the dynamic stiffness spectra of the reference series 2 specimens is shown below (Figure 2),
along with the mean spectrum resulting from them. The shape of the resulting spectra in the rest of the series
is similar, only varying the range of values of the dynamic stiffness spectrum.
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Figure 2 - Stiffness spectrum of the samples of reference two and mean stiffness spectrum.
It should be noted that, with the methodology used, an area where resonance occurs, between 1500 and 2500
Hz, stands out in the spectrum. This phenomenon is due to the configuration of the measurement system and
therefore, when comparing the different mixtures, we will avoid doing so with the values of dynamic
stiffness measured in the range of these frequencies.
3.2.

Experimental set up of the texture

The texture measurements have been carried out through a laser profilometer.
The scanner is a separate unit that scans the surface of the material. To do this, it performs multiple twodimensional scans, in order to represent a three-dimensional image of the surface. This equipment can scan
pavement surfaces up to 75mm x 100 mm with a maximum cross-sectional resolution of up to 1200 lines.
From the recorded surface profile, the mean profile depth (MPD-Mean Profile Depth) has been calculated.
The MPD is calculated from the texture profiles obtained with the laser profilometer.
In the tests carried out on the SMA mixtures, an area of 60 x 60 mm was scanned under the scanner, with a
transverse resolution of 100 lines.

4. Experimental results and discussion
Measurements have been carried out to evaluate the differences existing with the addition of crumb rubber in
dynamic stiffness.
With the dynamic stiffness measurements, a dynamic stiffness spectrum is obtained for each tested sample
and, from them, the average spectrum with which we will work to compare the different reference series is
calculated. In the Figure 3, the mean spectrum of the reference series under study can be observed.
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Figure 3 - Representation of the mean spectrum of the reference series.
From these mean spectra, the dynamic stiffness values have been selected for a frequency of 400 Hz.
Knowing these dynamic stiffness values and their standard deviation, the results have been analyzed.
In accordance with other studies [1], the mean value of the dynamic stiffness at 400 Hz has been selected to
compare the different bituminous mixtures. In addition, dynamic stiffness may influence tire/road noise in
this frequency range.
On the other hand, using the present methodology, the results obtained for low frequencies (< 200 Hz) are
not clear, since the standard deviation in the data is very high. The location of the frequency of 400 Hz is
outside the resonance zone that characterizes the dynamic stiffness spectra, so we consider that it is the most
appropriate value to characterize the behavior of the dynamic stiffness of the mixtures.

Figure 4 - Dynamic stiffness values obtained in the individual samples at 400 Hz.
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Taking into account the mean values resulting at the frequency of 400 Hz for the different reference
mixtures, the graph of the following figure (Figure 5) is obtained, which shows the mean value cited and the
standard deviation of the results obtained from the measurements in different samples.

Figure 5 - Graphic of mean values of dynamic stiffness and standard deviation for the reference series
at 400 Hz.
Dynamic stiffness (N/m x 107)
400 Hz

Sample 1

Sample 2

Sample 3

Mean Value

Reference 1
Reference 2
Reference 3
Reference 4
Reference 5

2.74
2.62
2.04
2.08
1.93

2.03
1.40
1.91
2.08
1.84

2.72
2.22
2.13
1.93
1.56

2.48
2.01
2.03
2.03
1.77

Standard
Deviation
4.05
6.19
1.10
0.80
1.97

Table 2 - Mean values of dynamic stiffness and standard deviation for the reference series at 400 Hz.
The results show a tendency to decrease the dynamic stiffness when the crumb rubber content is increased.
This fact could represent a great advance in the achievement of the reduction of rolling noise, since this is
related to the dynamic stiffness of the pavements.
There are multiple investigations about the use of recycled rubber in SMA mixtures, where de addition of
crumb rubber has resulted in less noise [3][4].
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5. Conclusions
Dynamic stiffness is one of the characteristics of pavements related to the amplification or reduction of
rolling noise. Therefore, its study is important to characterize the noise generated by the contact between the
tire and the road on different pavements.
This work has focused on studying the dynamic stiffness of different asphalt mixtures with different crumb
rubber content. In view of the results, it could be that adding crumb rubber to bituminous mixtures may
result in a decrease in dynamic stiffness values.
Taking into account the problems of safety and durability in our days, the key will be to find a balance
between reducing rolling noise and maintaining sufficiently safe and durable pavements [2].
Ultimately, the controlled addition of crumb rubber in the manufacturing process can have positive effects on
reducing rolling noise.
As a complement to the mitigation of noise levels, it is important to characterize the texture of the
pavements. Depending on the state of aggregation of its components, they will contribute to a greater or
lower extent to noise mitigation.
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Abstract
In urban environments, the predominant noise emission is generated by the use of vehicles. Rolling noise,
produced by the interaction between vehicle tyres and road surfaces, increases its importance as attenuation of
the mechanical component's noise is achieved in modern vehicles. Vibratory phenomena, mainly due to impact
mechanisms, are predominant in rolling noise at low and medium frequencies. To understand these better, this
document presents a two-step numerical model: Firstly, a parameterised tyre is modelled to perform a dynamic
study using the Finite Element Method. In this time-domain step, the tyre hits a rigid plain surface, then, the
vibration over the tyre is transformed to the frequency domain through the Fast Fourier Transform. Secondly,
this vibration is used as a sonorous source in a Boundary Element analysis to study sound propagation. This
second study finally allows the sound directivity of the impact to be analysed at the frequencies of interest.
Keywords: Tyre noise, impact model, FEM, BEM.

1

Introduction

Road traffic is the noise source that affects the largest number of people [1]. The noise produced by traffic can
be considered as the collective contribution of each of the vehicles that constitute traffic flow. The noise
emitted by a vehicle is generated by different sub-sources [2] that can be grouped into three main categories:
the noise generated by the engine and the traction system, the noise produced in the tyre-pavement interaction,
and aerodynamic noise.
Advances in improved aerodynamics and optimisation of mechanical components have significantly reduced
emissions in present vehicles [3]. In the case of hybrid-electric (VHEs) and electric (VEs) vehicles, the noise
contributions of their mechanical components are practically reduced. Therefore, it is still necessary to know
the physical mechanisms involved in the generation of rolling noise, since the noise emission generated in the
tyre-pavement interaction is independent of the vehicle's propulsion system.
In general terms, the main mechanisms for generating rolling noise collected in the literature in this field [4]
are divided into two groups: the mechanical vibrations of the tyre and the aerodynamics of the emission zone.
Vibratory mechanisms predominate in the low and medium frequency range (below 1,000 Hz), which, in turn,
are divided into impact mechanisms and adhesion mechanisms.
The impact of the tyre tread produces vibrations on the carcass that propagate through the sidewalls of the tyre.
To study this phenomenon, this document proposes a model of the tyre using the Finite Elements Method
(FEM) that allows the vibration on its surface after impacting on a rigid surface to be analysed. This vibration
is then used as a sound source in a Boundary Element Method (BEM) frequency analysis to determine sound
propagation.
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2

State of the Art

The study of the mechanical behaviour of the tyre through Finite Elements has been widely studied in the
bibliography: In [5] the distribution of stresses in tyres depending on the inflation pressure and the vertical
load is studied. In [6] the stress and deformation of the different parts of a tyre are analysed while using a
model of hyperelastic material. In [7] the vertical force-displacement characteristics of a wheel are studied
using models of material obtained from tensile tests of specimens. These studies characterise the tyre through
its different parts, applying specific material characteristics for each one of them.
Sound tyre propagation through FEM has been studied in [8], where the free-field absorbing condition is
achieved through the Perfectly Matched Layer method and the road is modelled as a rigid surface. The sound
power comes from a previous noise prediction model and then it is intended to achieve the same sound
propagation produced by the wheel surface but simplifying it to equivalent monopole sources.
In [9] a Lagrangian mesh is used to simulate the behaviour of the wheel through a FEM analysis, where the
non-rotational acceleration obtained is then mapped onto an Eulerian mesh that allows the study of acoustic
propagation. This propagation is studied through BEM analysis, where the air over the wheel does not need to
be discretised and the free-field condition is directly fulfilled. Besides that, in [10] the sound propagation of
the wheel vibrations is achieved through a finite/infinite element approach.
Regarding tyre impact models that allow noise generation, in [11] and [12] the noise produced by the tyre after
passing over a speed bump element is studied. In [11], using a lumped model of a quarter of a vehicle, the
force acting on the wheel is obtained when it crosses a certain speed bump profile. This force is applied to the
3D FEM model of a tyre to study the emitted noise. In [12] the wheel, rim and suspension assembly are
modelled directly in 3D and through a coupled FEM matrix system, the normal acceleration is used as a sound
source to obtain the acoustic propagation in the time domain.
Beyond tyre noise, there are vibroacoustic studies such as [13] where the structural vibration modes of the
chassis of a vehicle obtained by FEM are used in a BEM propagation analysis. Before, in [14] the interior
noise of the vehicle produced by forces acting directly on its structure was studied with a coupled FEM model.
Other contributions of vibroacoustic coupling applications are given in [15] for the hull of a submarine and in
[16] for parts of space vehicles.

3
3.1

Methodology
Fundamentals

The dynamic response of a system of deformable solids subjected to variable loads over time is obtained using
a transient dynamic analysis, where the inertial characteristics must be taken into account. Therefore, the
displacement field u is a function of time and is governed by the Motion Equation (1).
𝑀 𝑢̈ + 𝐶 𝑢̇ + 𝐾 𝑢 = 𝐹

(1)

Where M is the mass matrix, C is the damping matrix, K is the stiffness matrix and F is the loads' vector. In
the Finite Elements Method, this equation is not solved directly, instead, their resolution involves using the
appropriate numerical approach, such as virtual work principle.
In the next step, the Fast Fourier Transformation is applied to the displacement field u in a given time window
to convert it into the frequency domain. The boundary condition of equation 2 links the displacement field u
of the solid medium to the pressure field p of the air in the surfaces of interest.
1
− 𝑛 · (− ∇𝑝) = (𝑖 𝜔)2 𝑛 · 𝑢
𝜌

(2)

Where n is the normal unit vector of the surface and ρ the density of the medium.
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The acoustic propagation is governed by the Helmholtz Equation (3) solved through the Boundary Element
Method in frequency-domain simulations.
𝜔 2
∇2 𝑝 − ( ) 𝑝 = 0
𝑐

(3)

Where c is the speed of sound.
3.2

Model

The tyre geometry has been parameterised to be automatically generated by the three fundamental size values
of the ISO metric code for tyres [17]:
• Tyre width in mm.
• Aspect ratio, which expresses the percentage ratio of the width and height of the sidewall.
• Diameter of the rim in inches.
Table 1 shows the parameters of the three chosen tyres. Tyre 1 refers to a type of compact car, tyre 2 refers to
a type of truck and tyre 3 refers to a type of sports car.
Table 1 - Size parameters of the three chosen tyres.
Tyre 1

Tyre 2

Tyre 3

Width [mm]

205

265

265

Aspect Ratio

45

70

40

Rim [in]

16

17.5

21

Figure 1 shows the mesh of the three generated tyres.
Tyre 1

Tyre 2

Tyre 3

Figure 1 - Mesh of the three selected tyres.
In the first place, the transient dynamic simulation governed by equation (1) is performed through FEM. In
this analysis, the tyre hits a rigid surface, for this, the tyre has an initial speed vi equivalent to a free fall from
one meter, at the same time, the acceleration of gravity g is also applied. Figure 2 shows in blue the inner
surface of the tyre where an inflation load pressure of 200 kPa is applied. The rim is simulated the boundaries
of the shoulder tyre (in yellow in Figure 2) by becoming non-deformable and applying a distributed mass of
15 Kg on them. The material considered [18] has uniform elastic properties throughout the whole tyre volume.
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g
vi

Figure 2 - Modelling of the FEM analysis with a three-quarter view of the tyre.
Once the transient analysis in the time domain has been solved, the FFT is applied to the field of displacements
of the tyre to be able to use its outer surface as a sound source following equation (2). The BEM analysis is
then performed to solve the Helmholtz Equation (3) and calculate sound propagation. Figure 3 shows the
modelling of these acoustic simulations: A reflective plane acts as a floor and the ring element highlighted in
blue simulates the presence of a tyre through its sound reflective characterisation.

Figure 3 - Modelling of the BEM analysis.

4

Results

This section shows the results of the sound propagation of the different tyres, as well as the effect of the
inclusion of grooves on the surface of the tyre is studied.
4.1

Sound propagation

An example of sound propagation obtained after the simulation of the impact is shown in Figure 4. The
radiation planes have been marked over the plot of the results to visualise where the polar graphs are located.
Arrows indicate reference angle 0 and the evaluation distance is 1 m. The vertical plane (black line) is set
through the middle of the tread and centred on the ground, in turn, the transversal plane is placed through the
centre of the tyre.
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Figure 4 - Radiation evaluation planes over sound dispersion simulation.
The directivity of the sound propagation at 1000 Hz of the different simulated tyres can be studied across the
polar graphs in Figure 5. This frequency has been considered because it belongs to the middle range of the
audible spectrum and it is the reference frequency in loudness curves.
The sound pressure level achieved depends on the size of the tyre, with tyre 3 being the largest and the one
with the highest radiated energy, and tyre 1 being the smallest and the one with the lowest energy.
In the vertical plane, the symmetrical lobes with the highest energy can be seen on the 0º axis. These lobes are
produced by the highest amplitude vibration in the impact zone of the tyre against the reflective ground. The
90º lobe is due to the transmission of vertical vibrations produced on impact towards the upper part of the tyre.
In the transversal plane, the propagation is cross-shaped, reaching higher pressure levels in the axis at 90º
(axial direction of the tyre).
Vertical Plane

Transversal Plane

[dB]

[dB]

Figure 5 – Sound pressure level for different tyres at 1000 Hz polar charts.
4.2

Grooves Inclusion

The tyres have been initially modelled with a smooth surface for computation time reasons. Grooves have been
included over the surface of tyre 1 to study their effect on the impact simulation and its sound propagation.
5
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Figure 6 shows the geometry of three modelled tyres: with the smooth surface called slick tyre, with three
grooves and with four grooves
Slick

3 Grooves

4 Grooves

Figure 6 – Tyre 1 geometries with different surfaces.
Polar charts of the sound propagation at 1000 Hz of the different configurations of tyre 1 are shown in Figure
7. The shape of the curves achieved in both the vertical and transverse planes are identical for the three surface
geometries studied. The maximum difference in sound pressure level is 0.14 dB for the tyre with three grooves
and 0.55 dB for the one with four grooves, both compared to the slick tyre.
Vertical Plane

Transversal Plane

Figure 7 - Sound pressure level for Tyre 1 with different surfaces at 1000 Hz polar charts.

5

Conclusions

In this document, a generic model of tyre impact noise using a combination of the Finite Element
and Boundary Element Methodologies has been presented. For this purpose, a variable geometry
tyre from the standard size parameters has been modelled.
The simulations performed have reproduced the impact of a tyre in a free fall against the ground,
where the vibration produced by the impact on its surface has been used as a sound source for the
acoustic simulation.
The use of this model can be extended in the future to dynamic simulations of the road impact of a
tyre-suspension assembly under rolling conditions. On the other hand, the sound propagation part
also allows the incorporation of different acoustic properties to the ground.
6
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The results performed in this study show that the acoustic propagation varies with the size of the
tyre but including details on its surface such as considering the presence of grooves does not present
substantial changes.
Current work is focused on model validation through a circular array of microphones and on the
modelling of the tyre using different material properties such us the inclusion of orthotropic
conditions.
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Abstract
Railways lines crossing urban areas usually involve important acoustic impacts on adjacent dwellings, with
the peculiarity of the proximity of the houses to the line and the complexity of addressing traditional
solutions that do not imply a visual impact.
With this objective in mind, Euskal Trenbide Sarea (administrator of railway infrastructure in the Basque
Country) has carried out a pilot project near Ermua station, installing low noise barriers alongside the tracks
and between them. Thanks to this piloting the viability of implementing the solution in similar situations will
be analysed.
For this purpose, Insertion Loss measurements have been made to quantify the effectiveness of the solution
and to know the acoustic performance of low noise barriers compared to simulations made at the design
phase.
At the same time, the effect of the installed solution has been simulated using the interim method of railway
noise, to know the feasibility of simulating with commercial models the real effectiveness of low barriers.
Finally, Tecnalia and BECSA, as responsible for the development of the product, developed an analysis of
the necessary improvements of the barrier, both in design and in implementation.

Keywords: noise, low barriers, insertion loss, railway.

1

Introduction

The European Environment Agency (EEA-33) has developed an environmental policy on noise based on the
Environmental Noise Directive (END) which establishes noise quality goals for urban areas (55 dB Lden)
and applicable regulations. This legislation requires Member States to elaborate noise maps to determine the
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noise exposure caused by major transport routes and industrial areas. The final goal is to implement plans to
prevent and reduce exposure to noise.
According to EEA-33, 6% of the European population live in urban areas exposed to Lden noise levels
above 55 dBA. Therefore noise reduction measures must be adopted to reduce exposition, for example, in the
case of railway (trains and tracks).
Railways are the second major source of noise, after road traffic, in terms of people exposition: 19 million
people are exposed to Lden noise levels above 55 dB in EEA-33. Aircraft noise is the third largest noise
source, with more than 4.1 million people exposed to Lden levels above 55 dB, followed by industrial noise
within urban areas, which affects 1.0 million people.
European Member States must approve Noise Action Plans to reduce noise levels by applying various types
of measures, to be set out in this case by railway operators. Actions at the source are best considered, they
could be focused on the tracks and on the trains, as noise generators. Also, future planning measures are
considered, as well as protection measures for dwellings by façade insulation, or placing elements that
reduce the noise propagation between source and receiver. According to the European Commission's "Noise
in Europe 2020" [1] report those measures account for 20% of the practical measures to be carried out
(excluding planning measures).
In the case of the Basque railway network managed by Euskal Trenbide Sarea (ETS), in compliance with
applicable legislation, drawn up Strategic Noise Maps, as well as Noise Action Plans [2].
Railway noise is caused by the interaction of various elements at different heights, depending on the type of
train, the infrastructure, and the running speed. At medium or low speeds, the main sources of noise are at
lower height, and sources located on the train or aerodynamic noise are not relevant.
At this height, the main sources are those derived from wheel-track contact, in addition to those generated by
the traction systems. This noise is emitted from the bottom of the train and even through the lower fairing.
Due to that, main actions to abate this noise emission are focused on i) minimizing rolling noise by reducing
wheels and track roughness, always compatible with traffic safety; ii) reducing impact noise on zones with
joints; iii) reducing squealing on curves; and iv) improving the designs of the lower fairing in new units to
minimize traction noise and reduce the emission of noise generated from wheel-track contact. However, all
these actions are generally not sufficient to ensure that noise levels generated do not disturb the environment
and, therefore, action must be taken in the propagation path.
Traditional noise barrier reduction system consists on building a solid element in the propagation path
between the source (lower part of the train) and the receiver. This element forces sound waves to cover a
longer path around the barrier and, consequently, masks the source from the receiver (shadow zone).
Acoustic design of a noise barrier to protect a given point, based on geometry, implies that the greater the
distance of the barrier from the source of the noise, the higher the element has to be, and, therefore, the
greater the foundation to ensure its stability. Its foundations require a significant amount of space; can
originate noise and vibration nuisance during installation works; and implies an increase in the costs. In
addition, the higher the height, the greater the visual, architectural and accessibility impact.
Acoustically, the ideal solution is to bring the barrier closer to the source of emission. But location of
traditional barriers depends on availability of space and mostly are located in areas outside the land owned
by railway administration, entailing additional costs. Another limitation to the installation of noise barriers is
the visual impact to residents or reduction of sunlight in surrounding buildings. Consequently, the acoustic
effectiveness is notably reduced due to the greater distance to the source that can only be solved by
increasing the height of the screen.
Low height barriers are based on applying this ideal solution of bringing the barrier closer to the train, to the
nearest viable point. It implies acting in the track area, allowing the installation of an additional element that
will provide, with a minimum height, similar noise reductions, or even better, than those obtained by a
2
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traditional high barrier. To this end, the element must meet the requirements of any element placed on the
track. In this case, it must meet some premises, such as being effective without encroaching on the obligatory
gauges for each section, depending on track radius of curvature and speed. Due to that it must be less than
1.5 m high. It should also be easy to install, without need of foundation work, respecting other track elements
and track maintenance operations. In any case, its design makes it easy to remove, clean, replace and store,
when necessary. And it could be placed both on slab and ballast track.
Despite the noise reduction measures implemented by ETS on its infrastructure and rolling stock, there are
still issues that need to be solved to reduce as much as possible the population exposed to noise levels.
The goal of this project is to implement a solution, that is easy to install and of minimal dimensions, that will
reduce noise levels in urban railway environments to reach the acoustic quality goals established in current
legislation.

2

Ermua: priority area

The ETS Acoustic Noise Action Plan [2] defines priority areas where acoustic quality goals are not met. The
municipality of Ermua is one of these areas being prioritised. A significant percentage of the population at
Ermua is exposed to Lnight noise levels higher than 55 dB(A).
The construction of a new station and new tracks posed the need to address an overall solution to the
problem. Therefore, it was proposed to test an innovative solution at Ermua: the installation of a new Low
Barrier System.
The environment to be protected is complicated: a double track at the exit of the station where there is a
curve with a very small radius (80 m) that generates squealing noise.
2.1

Environment

The project to modify Ermua station affects the surroundings of Abeletxe street, where there are buildings
very close to the tracks. Railway noise, both rolling and squealing noise, has raised some complaints in the
area.
The very tight curved scheme and the proximity to the tracks prevents the adoption of traditional acoustic
shielding measures, while a low noise barrier solution is ideal, since the predominant focus is the noise
generated by the wheel-rail contact.

Figure 1 – Pilot study (source Bing Maps)
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2.2

Railway Traffic

Track 1. There are circulations of two lines. The first is the Eibar-Ermua line. It has two circulations per
hour in each direction. The second is the Bilbao-Donostia line with an average periodicity of two circulations
per hour, same direction as Eibar. On average there are six circulations per hour on this track, four in the
direction of Ermua and the other two in the direction of Eibar.
Track 2. There are circulations of Bilbao-Donostia line towards Bilbao, in the direction of Ermua. The
average frequency is two trains every hour.
In both direction running speed is below 60 km/h.
2.3

2.4

Typology of trains
•

Electric train Serie 900 of 4 carriages Mc-R-R-Mc with a layout of axles Bo'+2'2'+2'2'+Bo'Bo' and a
length of 69,458 m.

•

Electric train Serie 950 of 3-car Mc-R-Mc with a Bo'+2'2'+Bo'Bo' axle arrangement and a length of
52,458 m.
Type of noise

Railway noise caused at this site is mainly characterized by a linear noise spectrum centered on medium
frequencies (between 200 and 2KHz) without pure tones.

Figure 2 –Spectrum of a pass-by
As mentioned, there is a curve that usually generates squeal noise, both at arrival and departure of trains to
the station, and on both tracks with a similar behavior. Euskal Trenbide Sarea has installed an irrigation
system to reduce the squealing noise in this area.
The squeal effect consists of excitation at 1 kHz and in its harmonics: 2 kHz and 4 kHz. In some cases,
usually when the train accelerates out of the station, there is an additional increase in the levels centered at
400 Hz.
In Figure 3 both effects can be seen on the linear noise spectrum. The effect of acceleration (2), when
appears remains the whole pass-by, meanwhile the squeal (1) appears at the beginning or end of the pass-by
depending on whether the train is running to or from the curve.
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Figure 3 – Effects of the linear noise spectrum
The auxiliary equipment activated when the train is braking generates high noise levels at high frequencies,
above 2kHz, blowing. Figure 4 shows this effect by comparing a pass-by with and without this blowing
contribution from the braking system.

Figure 4 – Effects of auxiliary equipment in braking conditions
The evaluation of the effectiveness of the Low Noise Barrier System will take into account all types of noise
to define the measurement conditions that can ensure, as far as possible, good repeatability of results.

2.5

Limitations to barrier installation

The Low Barrier System needs some requirements to have a correct acoustic performance:
1.

The optimal acoustic effect, according to the calculations, occurs when the nearest edge of the
barrier is positioned 1.3 meters from the nearest track lane.
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2.

Low Noise Barrier System should be positioned such as its higher point is 1 meter above the head
track.

The environment of the newly built Ermua station had some limitations that could affect the layout of any
solution, such as:
1.
2.
3.
4.

Curve (radius curve 80 m.), implying a dynamic gauge, greater than expected in design.
Existing underground installations and accessible pipelines, and
Foundations of the catenary structures that limited the installation of the modular system at certain
points.
Different types of noise, as explained above.

Therefore, the efficacy of the low noise barrier installed in Ermua could be reduced due to discrepancies with
respect to its optimal requirements, such as greater distance to the source and linear discontinuities in the
arrangement of the modules, creating gaps with direct acoustic transmission.
Low Noise Barrier System effectiveness was assessed in an area where the negative consequences of these
limitations were small. It is a section without gaps for a longer length.
3

Description of the solution

The solution consists of installing, in a real railway environment such as Ermua Station a modular system of
Low Noise Barriers for railway environments (1.2 m high and 2 m long each module) developed by Tecnalia
Research & Innovation & BECSA, and currently owned by the company ACUSTRAIN, based on a concrete
structure, with acoustic absorption provided by the geometric design of the front panel and additional
absorbent material.
The design of the system is aimed at reducing the noise generated by rail traffic in the vicinity of the track,
focusing on protecting the noise source located at the railhead.
The Low Noise Barriers design complies with the railway requirements set for any element positioned close
to the track. It can be placed close to the source to optimize its acoustic efficiency.
The system does not require additional foundations or works that would require the use of drilling machines
on the track, as the system is secured by means of its own design. Therefore, installation costs are optimized.
Installation of the Low Noise Barrier System can be done at night without affecting rail traffic. This requires
the prior creation of a smooth gravel and ballast surface as a support base. Later, the modules are moved to
the track and installed with their corresponding system to anchor them to each other or to a nearby wall, if
necessary. A very simple specific installation procedure has been developed.

Figure 5 – Image of the Acustrain™ Low Noise Barrier installed at Ermua.
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The acoustic impact of the installation work is limited since no drilling or track machinery is required.
Therefore, annoyance caused to neighbors is reduced to the maximum.
After analyzing the existing conditions and limitations at the site, Tecnalia proposed a project that consists
(as presented in figure 5) of:
•

A lateral Low Noise Barrier System in the direction of Eibar, 170 m long, from the train station
(pk300 to pk470).

•

A lateral Low Noise Barrier System in the direction of Ermua, 40 m long, before arriving to the
station.

•

A double/single central Low Noise Barrier System between tracks, 40 m / 60 m long, close to the
station.

Figure 6 – Project layout (in black Low Noise Barrier System)
Low Noise Barrier System effectiveness was assessed where the system is located on both tracks and
between them (section marked in Figure 5).
4

Methodology of evaluation

The correct performance and effectiveness of the installed Low Noise Barrier System has been verified
through measurement campaigns, under controlled conditions at different heights and distances. For this, two
measurement campaigns have been carried out, before and after its installation, to obtain the Insertion Loss
level associated with the barrier. Measurement settings were defined to comply, as far as possible, with the
technical specification of CEN/TS 16272-7 Railway applications - Track - Noise barriers and related devices
acting on airborne sound propagation - Test method for determining the acoustic performance - Part :
Extrinsic characteristics - ) in situ values of insertion loss.[3]
The section selected to assess the effectiveness of the Low Noise Barrier System is an optimal solution,
where the Barrier is installed in four positions: two lateral positions, on both sides of the tracks and two
central position, between the tracks (Figure 6).
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Track 1

Track 2

Figure 7 – Description of Low Noise Barrier System at the test section, and Measurement setting
Measurement setting consists on an array of microphones at three heights and two distances from track, in
each section/ point (Figure 6) [4].
Measurements were made simultaneously at two distances (3.5 m and 7 m from the nearest track) and at
three heights (1.2 m, at 3.5 and 6 m from the railhead). Due to the presence of buildings, the standard
distance of 7,5 m was moved to 7 m.
A minimum of 10 pass-bys were measured for each type of train.
Each pass-by is characterized by the LpAeq,tp level. The integration time is longer than that set in the
standard to facilitate the analysis of the squeal noise and to ensure it does not contribute to the pass-by level.
Therefore, the integration time used lasts from the pass of the first to last boggies, plus the time required for
the level to drop by 10 dB.
The repeatability of the conditions of the two campaigns was considered by analyzing the noise levels
measured in a reference position in both campaigns. This reference measurement position is not affected by
the installation of the Low Noise Barrier System, and the comparison of its data between the two campaigns
avoids the effect of possible changes in speeds and/or track conditions. At this reference point, noise levels
were measured for the same pass-bys that were measured on the array microphones for the test section in
both campaigns.
Referred to the contribution of the squealing noise, to try to have similar conditions, the irrigation system
installed in the area was working in both campaigns. However, given that the second campaign was carried
out in a warmer season, the noise levels measured in the second campaign are somewhat higher, so
additional analysis was necessary to exclude these differences from the Insertion Loss.
5

Results

As said before in the selected test section, the arrangement of the Low Noise Barrier System barrier is close
to being the optimal: with practically no discontinuities.
The measured pass-bys are arrivals to the station by the nearby track (towards Ermua) with similar
conditions. Considering the pass-bys without the contribution of squealing noise in the measurements with
and without Low Noise Barrier System, for the same type of train (900 series passages on track 2), the
improvement achieved is greater than 11 dB, with all the attenuations being above 9 dB. Reductions in noise
levels appear in all bands of the spectrum.
The improvement occurs at all measurement points in the microphone array, and the Low Noise Barrier
System performs as expected from the simulations performed in the design phase and measurements carried
out in the prototype phase.
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This effectiveness is what could be considered as the closest to the real effect provided by the correctly
installed Low Noise Barrier System.
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Figure 8– Noise levels with and without Low Noise Barrier System
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6

Conclusions

As a summary of the evaluation of the effectiveness of the Low Noise Barrier System, and considering that
some contribution of squealing noise in the second campaign could be reducing the acoustic effect, it could
be concluded that:
-

When the installation of the Low Noise Barrier System can be carried out in accordance with the
requirements established to optimize its efficiency, it is estimated that the insertion loss, measured
with respect to LAeq, tp (vehicle passage level), is greater than 11 dB.

-

In general, the Low Noise Barrier System can be located in the position closest to the track to
optimize its acoustic efficiency, since it complies with railway legislation required for elements that
are positioned close to the track.

-

The procedure to install the Low Noise Barrier System can be performed at night without affecting
traffic. It only requires the prior creation of a smooth gravel and ballast surface as a support base, the
position of the modules on the trackside and the installation of each module with their corresponding
anchors between them or shoring some of them to the wall, if necessary.

-

In addition, the acoustic impact of the installation is reduced, since only track machinery is required,
without the need for drilling.

-

The installation costs are optimal, since it does not require additional foundations, as it is anchored
by means of its own solution.
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Abstract
The reliability of CNOSSOS-EU methodology for evaluation of railway noise is dependent on the quality of
input values that define the system’s excitation and transfer functions. Currently available input values are
limited and of insufficient quality, resulting in large errors in noise level calculations. A case study wherein
railway rolling noise mitigation measures are evaluated with both CNOSSOS-EU and TWINS show deviations
in resulting sound power levels of up to 8 dB(A) and 4 dB(A) for absolute and relative measures respectively.
An approach to process TWINS output to extract transfer functions as input values for CNOSSOS-EU is
described in this paper. The updated CNOSSOS-EU calculations correspond well with those of TWINS, with
the maximum deviation limited to 1.5 dB(A) and 1 dB(A), respectively, for the same absolute and relative
measures.
Keywords: railway rolling noise, freight wagon, noise source strength CNOSSOS-EU, TWINS.

1

Introduction

To address the growing problem of noise pollution in Europe, the Environmental Noise Directive (END) [1] was
established and an update to Annex II of this END in 2015 [2] requires all European Union Member States to
use Common Noise Assessment Methods for Europe (CNOSSOS-EU) [3] - a harmonized European calculation
method - for calculating these strategic noise maps. This intention to create a common platform for all Member
States to quantify their noise issues posed a challenge as the transition from the existing country-specific noise
calculation techniques to CNOSSOS-EU presented obstacles especially in the context of railway noise [4].
To aid the transition, CNOSSOS-EU repository includes a database of default values for the parameters
necessary to perform a source strength calculation. An interim solution was also suggested by representing the
country-specific vehicle and track systems with their closest relevant default values [5]. This solution is not
meant to be permanent nor accurate, with differences reported in source strength calculations of up to 10 dB(A)
between old methods and CNOSSOS-EU [6], and is expected to decline in usage as countries develop their
own repository of parameter values.
With the next round of strategic noise mapping approaching in 2022, there is still a lack of reliable values
for the critical parameters which are the track and wheel’s roughness and its acoustic behavior represented
using Transfer functions (TFs). In this paper, an approach to supplement the repository of wheel and track
TFs with reliable and specific values is presented. In line with suggestions by developers of CNOSSOS-EU
[5], this approach processes calculations made by TWINS (Track-Wheel Interaction Noise Software) [7, 8]
which is a widely accepted standard for rolling noise evaluation, to extract TFs that are suitable as input for
CNOSSOS-EU.
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Figure 1: Flowchart visualizing common methodology shared by CNOSSOS-EU and TWINS. The steps in
the flowchart representing the functions and parameters of a particular calculation method’s framework are
classified as follows: solid-lines imply they are explicitly defined and hence accessible; dashed-lines imply
they are implicitly defined and hence inaccessible. Dotted lines denote extraction procedure described in this
paper

2

Methodology

CNOSSOS-EU and TWINS calculations of railway rolling noise strength are based on a theoretical approach
wherein excitation from surface roughness is amplified by the dynamic response of vibrating surfaces, hereby
referred to as transfer functions (TFs). The primary difference between TWINS and CNOSSOS-EU is that
the former estimates the TFs using numerical methods whereas the latter uses empirical values to simulate
these interactions. Despite this difference, the principle of amplifying the input excitation with the system’s
TFs is similar for both methodologies and this allows for using the TFs extracted from TWINS in CNOSSOSEU. The illustration in Fig. 1 uses a process flowchart to compare the methodologies as well as the proposed
approach for extracting TFs. The CNOSSOS-EU calculations which make use of these extracted TFs while all
other common inputs are identical are expected to provide results close to those obtained with the calculations
entirely performed in TWINS, which is verified in Section 3.2.
The two methodologies also differ in their purpose: TWINS is primarily used for design and validation
purposes at the industry and research level while CNOSSOS-EU is intended for administration-level strategic
noise mapping. The difference in purpose influences the input/output specifications, and these are detailed
below:
1. In TWINS, the rail and sleeper components are treated as separate components, whereas these are
integrated in CNOSSOS-EU and denoted as the track component.
2. TWINS uses either measured or modelled decay rates. In CNOSSOS-EU, decay rates are not explicitly
provided as input but are implicit in the track transfer function.
3. The frequency range considered by TWINS is 100 Hz - 5 kHz. In comparison, CNOSSOS-EU has a
2
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larger frequency range of 63 Hz - 10 kHz.
4. LW calculations are in 1/3rd octave bands for TWINS, while they are made in 1/1 octave bands for
CNOSSOS-EU. Nonetheless, the input spectra for both methodologies are required in 1/3rd octave bands.
5. The calculated rolling noise SWL is defined in TWINS as a point source with the unit dB(A) per wheel
and associated rail vibration [7]. In CNOSSOS-EU, it is defined as a line source with the unit dB(A) per
meter for a steady flow of vehicles.
2.1 Extraction of the transfer functions
In the calculation methodologies employed by TWINS and CNOSSOS-EU for railway rolling noise evaluation,
the transfer function of a component quantifies the propagation of the system input excitation to the component
SWL, as illustrated in Fig. 1. The TF of a given component is defined in 1/3rd octave bands and is invariant
with respect to the vehicle speed.
2.1.1

Total roughness calculation

The total roughness for wave number band i − LR,T otal,i is calculated by the energetic addition of the rail and
wheel roughness spectra along with a logarithmic penalty on shorter wavelengths defined by the Contact Filter.
The conversion of the spatial roughness variations to the temporal excitation at the rail-wheel interface is based
on the constitutive relation f = v/λ where v is the vehicle speed, λ is the roughness wavelength and f is the
frequency, all in SI units.
An excitation spectrum that follows the standard limits for 1/3rd octave bands - LR,T otal, fi , is obtained by
energetically and proportionally adding the frequency bands of LR,T otal, fi0 that overlap with the standard 1/3rd
octave bands [3].
2.1.2

Processing TWINS calculations

The transfer functions of the different components: wheel, rail and sleeper may be readily extracted from
TWINS rolling noise SWL calculations as shown in Equation 1. Here subscript comp refers to the component
− wheel, rail or sleeper, and LR,T otal, fi is the input excitation spectrum using values of the roughness spectra and
contact filter that were used as input to TWINS.
T Fcomp,i = LW,comp,i − LR,T otal, fi

(1)

The post processing of a single TWINS calculation yields three TFs, respectively associated with the wheel,
rail and sleeper component, and specific to the choice of component properties.
2.2 Validation of the extracted transfer functions
The validity of the extracted transfer functions may be checked by being introduced into the CNOSSOS-EU
calculations and comparing the results with those of TWINS, provided other common input parameters are
identical. To allow this, a simple conversion of the default CNOSSOS-EU output to a unit that is comparable
to the TWINS output is described below.
The SWL calculation framework in CNOSSOS-EU implicitly includes a conversion of the SWL from per
axle − LW to per meter − LW 0 , where the latter metric accounts for the effects associated with a steady vehicle
flow. The intermediate SWL per axle is equivalent to the SWL per wheel and associated rail vibration calculated
by TWINS [7]. Equation 2 is used to revert the CNOSSOS-EU output back to LW , consisting in a simple
rearrangement of the implicit conversion found in Eq.(IV-2) in [3]. The conversion between the metrics is thus
given by
LW = LW 0 − 10 log(Q/1000 v),
3
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where Q is the vehicle volume flow in railway wagons per hour and v is the vehicle speed in km per hour given
as input to CNOSSOS-EU.

3

Case Study: Comparison of rolling noise mitigation measures

Realistic train-track configurations are defined as a case study to test the presented methodology through a
comparative evaluation using both TWINS and CNOSSOS-EU calculations. The motivation for the defined
configuration is to quantitatively assess the effectiveness of selected rolling noise mitigation measures applied
to the case of freight wagons running on a typical railway network in Sweden.
Reference calculation performed with TWINS [9] are used for comparison with CNOSSOS-EU as well as
for extracting the transfer functions to refine the CNOSSOS-EU calculations. These extracted TFs are then
used as input to CNOSSOS-EU calculations to validate the accuracy of the suggested approach.
Two sets of CNOSSOS-EU calculations are performed with different wheel and track TFs:
– Default: Uses existing TFs from the CNOSSOS-EU database
– Updated: Uses TFs extracted from TWINS calculations
3.1 Definition of the test cases
The rolling noise source strength and radiation may be mitigated through changes to the train-track component
geometry, roughness or material properties. A noise mitigation measure may consist of one or more of these
modifications implemented on a baseline train-track configuration.
In the case study considered here, the so called primary mitigation measure is a change in brake technology
from freight wagons equipped with Cast-Iron brakes to Disc brakes. Secondary measures consist in possibly
adding rail-grinding or rail-pad stiffening as supplementary measures. The cases are defined to evaluate the
effectiveness of the primary measure and one of the secondary measures when applied either independently or
in combination.
3.1.1

Baseline/Reference scenario

The baseline train-track configuration is considered to be representative of a typical freight wagon running on a
railway network in Sweden. Table 1 lists the specifications of the baseline configuration. References to figures
represent the input values used for the empirically-based parameters.
3.1.2

Change in brake technology

The primary mitigation measure in this case study is a change in the brake technology of the freight wagon
from Cast-iron block brakes to Disc brakes. This change in technology affects two features of the wheel that
contribute to rolling noise:
– Change in wheel roughness: Using Cast-Iron brakes compared to Disc brakes imply a greater wheel
roughness due to the direct contact of the brake blocks with the wheel tread. Fig. 2 shows a comparison
of the roughness spectra obtained from [10], with an extrapolation of the measurements in order to fit the
CNOSSOS-EU wavelength range.
– Change in wheel geometry: Cast-Iron brakes have a curved web to allow for better thermal expansion
of the wheel for withstanding heat generation during braking whereas Disc braking enables the use of a
straight web. The strength of the wheel as a rolling noise source is controlled by its geometry and this
may be seen by comparing the wheel TFs in Fig. 8.
The current database of limited default wheel TFs associated with CNOSSOS-EU makes it incapable of
considering a change in wheel geometry. Therefore the CNOSSOS-EU default calculation will only evaluate
4
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Component

Geometry†
Wheel

Roughness
Contact Filter

Track

Parameter Value

Feature
TWINS

CNOSSOS-EU

BA308 Curved Web,

920 mm wheel diameter,

920 mm wheel diameter

no measure (Fig. 8) *

Cast Iron brake

Cast Iron brake

wheel roughness (Fig. 2)

wheel roughness (Fig. 2)

Axle load 100 kN,

Axle load 100 kN,

920 mm wheel diameter

920 mm wheel diameter

Rail type†

UIC-60

Sleeper†

concrete mono-block

on soft rail pad

Pandol soft studded

(Fig. 9) *

Rail pad†

Mono-block sleeper

10mm rail pads

Ballast

Granite

-

Rail roughness

Medium rail (Fig. 3)

Medium rail (Fig. 3)

Damper

Absent

Absent

Table 1: Specifications of the baseline configuration representing a typical freight wagon on Swedish rail
network. † denote features that are typically geometrically modelled in TWINS. * denote TFs to
CNOSSOS-EU that are modified for the calculations updated to match the corresponding TWINS feature
description
the impact of changing the wheel roughness, keeping the wheel TF a constant. In comparison, the updated
calculations with CNOSSOS-EU will rely on wheel TFs extracted from TWINS, thereby enabling evaluating
the impact of changing both the wheel roughness and geometry.
3.1.3

Rail grinding

Rail grinding is introduced as a secondary measure to better capture the reduction in wheel roughness levels
obtained from a change in brake technology. The medium rail and smooth rail in Fig. 3 correspond to the
roughness spectra before and after grinding, respectively, based on measurements taken on Swedish tracks.
These are retrieved from roughness measurements at Järna2 and Gårdsjö respectively, reported in [13]. An
extrapolation of the spectra is assumed to fit the measured data with the CNOSSOS-EU wavelength range.
Fig. 4 shows the resulting total roughness in the wavenumber domain − LR,T otal,λ for combinations of the two
sets of rail and two sets of wheel roughness spectra. Note that the spectra in Fig. 4 include the Contact Filter.
3.1.4

Rail-pad stiffening

The stiffening of rail-pads as a secondary measure decreases the effective radiating surface of the rail thereby
reducing the rail-component contribution to rolling noise. In TWINS, this change is implemented by modifying
the stiffness of the rail-pad in the numerical model. This change affects the wheel-rail contact receptances and
the modelled decay rate. In CNOSSOS-EU, rail-pad stiffness is implicit in the choice of Track TF. The values of
rail-pad vertical stiffness chosen for this measure are based on track TFs available in the default CNOSSOS-EU
database: soft (150 MN/m), medium (500 MN/m) and hard (1000 MN/m). This measure is thus implemented
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Figure 2: Typical wheel roughness spectra for Cast-Iron and Disc braked technologies obtained from [10] and
plotted in comparison with ISO 3095 [11] and TSI limits [12]

Figure 3: Rail roughness spectra of Järna2 (medium roughness rail) and Gårdsjö (smooth roughness rail)
obtained from [13] and extrapolated, shown in comparison with ISO 3095 [11] and TSI limits [12]

Figure 4: Combined roughness of Wheel spectra (Fig. 2), Rail spectra (Fig. 3) and baseline Contact filter for
the 4 wheel-rail combinations shown in comparison with ISO 3095 [11] and TSI limits [12]

6

871

Figure 5: Evaluation of primary measure: change in brake technology. Left: Absolute SWL; Right: Reduction
in LW in dB(A)
by a switch from the soft rail-pads (baseline) to hard rail-pads. The track TFs corresponding to all three classes
of rail-pads are presented in Fig. 9.
3.2 Default vs. Updated calculations with CNOSSOS-EU
This Section presents the A-weighted calculations from TWINS and CNOSSOS-EU for the test cases under
consideration. For each case, the total SWL − LW , is presented along with the reduction associated with the
implementation of mitigation measures − ∆LW , thus facilitating both an absolute and relative comparison. The
CNOSSOS-EU output is post-processed as described in Section 2.2 in order to compare the results to those
obtained with TWINS. The default and updated calculations in CNOSSOS-EU differ only by the choice of
wheel and track TFs taken as input and the results are presented below. A discussion of the associated results
is presented in Section 4.
3.2.1

Impact of primary measure

Fig. 5 shows the reduction in SWL when switching from Cast-iron brakes in the baseline configuration to Discbrakes. The wheel roughness spectra used as input is shown in Fig. 2 and the wheel TFs for CNOSSOS-EU is
shown in Fig. 8. Both configurations use the medium rail roughness in Fig. 3.
The reductions obtained by this primary measure are again shown in Figs. 6 and 7 for comparison with
improvements associated with the secondary measures.
3.2.2

Impact of secondary measures

The improvements in SWL reduction with the secondary measure applied independently or in combination
with the primary measure are presented below.
Fig. 6 shows the reduction in SWL when considering the secondary measure of rail grinding. The secondary
measure is implemented by changing the input rail roughness in Fig. 3 from Medium to Smooth spectra.
Fig. 7 shows the reduction in SWL when considering the secondary measure of rail-pad stiffening. The
secondary measure is evaluated by changing the default vertical rail-pad stiffness from 150 MN/m to 1000
MN/m. In TWINS, this is introduced by changing the material property of the rail-pad, which in effect also
changes the modelled track decay rates, while in CNOSSOS-EU, this is done by changing the input track TFs
in Fig. 9.
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Figure 6: Evaluation of improvement with secondary measure: rail grinding. Left: Absolute SWL; Right:
Reduction in LW in dB(A)

Figure 7: Evaluation of improvement with secondary measure: rail-pad stiffening. Left: Absolute SWL;
Right: Reduction in LW in dB(A)
3.3 Comparison of Transfer functions
The wheel and track TFs used for the CNOSSOS-EU calculations are shown in Figs. 8 and 9. The TFs from the
default calculation are compared with those extracted from TWINS for the updated calculation. The frequency
spectrum of the extracted TFs is limited to the output spectrum of TWINS, corresponding to the range 100
Hz - 5 kHz. A constant value extrapolation of the extracted TF is done in order to satisfy the input spectrum
requirements of CNOSSOS-EU.
3.3.1

Wheel

Fig. 8 compares the default wheel TF for a generic shape 920 mm wheel with those extracted for curved and
straight web geometry from TWINS results. As may be seen from Fig. 8, there is a clear difference between the
default and extracted TFs, the former being consistently higher in magnitude across most of the spectrum. A
distinction is also observed between a curved and straight web geometry, allowing the evaluation of the change
in brake technology to also account for the impact from change in wheel geometry.
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Figure 8: Default and extracted wheel TFs for 920 mm wheel profile

Figure 9: Default and extracted track TFs of a mono-block sleeper on 3 type of rail pads - Soft, Medium and
Hard. Specifications of track component mentioned in Table 1
3.3.2

Rail

In this case study, a track TF is extracted using multiple distinct TWINS calculations which evaluate the
same type of track. The TF finally used for the updated calculation is plotted as a solid-line with error-bars
highlighting the limits of the TFs from the set of distinct calculations. Fig. 9 shows the track TFs for different
rail-pad stiffness values. In Fig. 9 it is observed that the default track TFs are higher in magnitude than the
extracted track TFs, similar to the wheel TFs in Fig. 8. The magnitude and orientation of change varies across
the frequency bands between the default and updated TFs. The large discrepancy may be justified as partly due
to the unclear origin of rail-pad stiffness values that describe the default TFs [14].

4

Discussion

TWINS is regarded as a standard for evaluating railway rolling noise [8] and is therefore considered as a
target for reliable CNOSSOS-EU calculations. For each case with its respective input roughness spectra, the
CNOSSOS-EU default and updated calculations show large variations in both absolute and relative assessments
(see Figs. 5 - 7). The two sets of calculations under the different measures vary primarily in the choice of wheel
and track TFs, highlighting the crucial influence of these TFs and the distinction between default and extracted
values.
For all cases considered, the default CNOSSOS-EU calculation overestimates the absolute SWL by at least
4.5 dB(A) (e.g., Disc braked wagon on a track without secondary measures in Fig. 5) and up to 8.5 dB(A)
(e.g., Disc braked wagon on a track with 1000 MN/m rail pads in Fig. 7) for the worst case. The reason for
this may be associated with the wheel and track TFs: in Figs. 8 and 9, the default TFs are higher on average
than the extracted TFs which reflect the dynamic behavior modelled by TWINS. In comparison, the updated
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calculation’s absolute values vary by at most 1.3 dB(A) (freight wagon on a track without secondary measures
in Fig. 5) for all considered configurations. It is interesting to note that the absolute SWL obtained with the
updated calculation is a consistent underestimation, thus implying that the cause may well be a systematic bias
in the extracted TFs.
In the relative assessment, the default calculation shows deviations of almost 4 dB(A) (e.g., reduction
from implementing both primary measure and rail-pad stiffening in Fig. 7), whereas deviation in the updated
calculation is limited to 1 dB(A), which occurs for the evaluation of the primary measure (see Fig. 5). The cause
for the updated calculation’s 1 dB(A) overestimation in the relative assessment may be due to an overestimation
of reduction in the track-component contribution, in comparison with TWINS’s track-component.

5

Conclusion

Rolling noise source strength calculation using CNOSSOS-EU is seen to be significantly dependent on the
choice of input values, namely − wheel and track transfer functions (TFs), implying good quality TFs are
required for reliable calculations. An approach is presented to extract TFs for CNOSSOS-EU from TWINS
calculations that utilizes similarities between their rolling noise calculation methodologies. It is applied to
a test case developed to evaluate rolling noise mitigation measures on freight wagons on a railway network
typical in Sweden. Rolling noise SWL calculations by TWINS are compared with two sets of CNOSSOS-EU
calculations that differ in the origin of the track and wheel TFs: a default calculation using existing CNOSSOSEU database, and an updated calculation using TFs extracted from TWINS results. The extracted TFs lead to
CNOSSOS-EU calculation results that better matched that of TWINS calculations. Previous deviations of up to
8.5 dB(A) were reduced to 1.3 dB(A) for the absolute SWL calculations, and those up to 4 dB(A) were reduced
to 1 dB(A) for the relative measure. The method also enables CNOSSOS-EU to evaluate changes to the system
that are not possible with the default database of TFs, such as changing wheel geometry.
Despite the generality and simplicity of CNOSSOS-EU in comparison to TWINS, appropriate choice of
input TFs obtained using the presented approach enables CNOSSOS-EU results to approach that of TWINS,
highlighting its effectiveness. This allows for more reliable evaluation of railway rolling noise by CNOSSOSEU, especially in the context of END strategic noise mapping.
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Abstract
Railway rolling noise is strongly influenced by the characteristics of the track. The track contribution is
relevant as an input to environmental calculation models such as CNOSSOS and also affects results of type
tests. In this paper, results are presented of measurement campaigns on in-service trains at seven sites in the
Spanish railway network managed by ADIF and ADIF Alta Velocidad to assess the track parameters for use
in CNOSSOS. The measurement configuration and procedure are described including the effects of site
geometry, which affects the sound power derived from pass-by sound pressure. The track types include three
different track gauges, and monoblock and biblock sleepers with various railpads and fasteners. The
measurements and the processing were performed according to CEN/TR 16891 and a draft CEN standard to
determine source terms. Track decay rates, transfer functions and site characteristics are presented and assessed
for the tracks considered, in relation to prediction models.
Keywords: Railway noise, CNOSSOS, transfer functions

1

Introduction

ADIF Alta Velocidad, Administrator of Railway Infrastructures in Spain, carried out a project to support the
national implementation of the Common EU Noise Assessment Method, CNOSSOS [1], particularly to model
the noise emission of ADIF and ADIF Alta Velocidad railways. Three gauges are common in Spain, namely
the Iberian gauge of 1668 mm, 1000 mm in the narrow gauge network, and 1435 mm in the high speed network.
Railway rolling noise is strongly influenced by the characteristics of the track, besides wheel/rail roughness.
The track contribution is relevant as an input to environmental noise calculation models such as CNOSSOS
and also affects results of type tests. In this paper, some results are presented of measurement campaigns on
in-service trains at seven sites in the national railway network to assess the track contribution.
These campaigns were part of a broader project with the following aims:
1. To gather measured data of CNOSSOS input parameters (roughness and transfer functions) to evaluate
the suitability of the default CNOSSOS databases to ADIF tracks and the trains that run on them.
2. To assess the need to expand databases with new categories of input parameters to the method.
3. To compare resulting CNOSSOS calculations with noise levels at reception points.
4. To define the CNOSSOS input parameters to be used by ADIF, to provide instructions for the realization
of Strategic Noise Maps and to facilitate the use of CNOSSOS method with common noise mapping
software.
The focus here is mainly on the acoustic characterization of the track influence, although the project included
the characterization both of track types and trains. Firstly, the measurement and analysis procedures are
described, followed by the site and measurement configurations and the method to obtain sound power data.
Finally, track characteristics, track decay rate and transfer functions are presented, followed by comparison of
measured and calculated sound levels.
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2

Measurement and analysis procedures

Measurement campaigns and analysis procedures were set up to gather input parameters for the CNOSSOS
prediction method for railway noise emission according to the type of infrastructure and rolling stock. The
noise source types and associated CNOSSOS parameters are set out in table 1.
Table 1: Main noise sources and CNOSSOS input parameters for trains and tracks

Train characteristics

Source type
Traction Noise
Aerodynamic Noise

CNOSSOS Parameter
Engine Type, traction noise spectrum
Aerodynamic spectrum
Wheel Roughness
Wheel-Rail Contact Filter
Vehicle Transfer Function
Track Transfer Function
Rail Roughness
Additional roughness

Rolling Noise
Track characteristics
Impact Noise

The general principle is to use, as far as possible, the default values set by the CNOSSOS method (Tables G1 to G-6 in 996/2015/EU). This project already considered the amended CNOSSOS default values (contact
filter values) published in the Commission Delegated Directive (EU) 2021/1226 of 21 December 2020 [2] and
anticipated in the RIVM Report in 2019 [3]. It was also decided only to create new categories when clearly
justified by significant differences in measured noise levels. The following steps were taken.
Grouping of train and track types
The various types of trains and tracks and their physical characteristics were grouped based on information
from the main railway operator in Spain (RENFE) and the infrastructure manager, as a basis to configure the
measurement campaigns and to facilitate interpretation of obtained results and their extrapolation to the whole
network.
Measurement campaigns
The numbers of pass-bys of all seven campaigns measured are listed in table 2, per track and train type.
Table 2: Overview of measurements performed for different train and track types.
Track gauge
Pass-bys
Train types
Track types

High Speed
1435 mm
111
7
2

Conventional
1667 mm
358
7
2

Freight
1667 mm
52
1

Narrow gauge TOTAL
1000 mm
39
560
5
20
1
5

Measurement of CNOSSOS rolling noise quantities
The results of each measurement campaign were processed to obtain the rolling noise source quantities
wheel/rail roughness, rolling noise transfer functions for track and vehicle and track decay rates. The
CNOSSOS transfer functions were derived based on a recent draft CEN standard on railway noise source terms
[4], using the procedure shown in figure 1 for rolling noise. The CEN TR 16891: 2016 technical report [5] was
applied to obtain the combined roughness, the decay rates of the tracks and transfer functions with the TNO
Pass-by Analysis software (PBA), using vertical rail vibrations. In addition, direct rail and wheel roughness
was measured independently, as it is a specific means of noise control. Rail roughness was found to be
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sufficiently low at all sites. Where not covered by the above, the EN ISO 3095: 2013 standard [6] was
applicable.
The results were grouped according to the type of train and/or track, so that the values of each parameter are
obtained, which according to the measurements, would best represent the acoustic emission.

Figure 1: Analysis procedure to obtain sound power source terms for rolling noise, as given in the CEN draft
standard for railway noise source terms. Pass-by sound pressure p(t) and rail vibration a(t) are used to drive
track decay rates (TDR), combined effective roughness LR and transfer functions LHpR. CNOSSOS transfer
functions are then obtained from the site-specific transfer functions LHpW = Lp-LW’. A total sound power transfer
function LHWR is then derived which is separated into a track and vehicle part.
Comparison and selection of CNOSSOS parameter values
The measured parameter values were compared with the default CNOSSOS transfer function and roughness
spectra, selecting the most appropriate values (new or selected default ones) in each case. Also, a sensitivity
analysis was performed to compare pass-by spectra applying default CNOSSOS values or measured parameter
values.
Comparison of calculation and measurement
The results of CNOSSOS calculations of pass-by noise levels at 7.5 m were compared with measured levels,
LpAeq,tp in each campaign, applying the preselected options for each parameter (Table 1). The pass-bys were
chosen to correctly represent the emission covering the widest range of operational train speeds possible. In
this comparison, both the infrastructure and rolling stock parameters were taken into account. Subsequently, a
final decision on input parameters was made considering differences between calculated and measured overall
noise levels and spectra, being as close as possible to the actual characteristics of each type of train and/or
infrastructure.
Other sources
The contribution of traction noise and aerodynamic noise were also included in the analysis. The effect of
impact noise was analyzed in a specific way and for this purpose, two measurement campaigns were
performed. These analyses are not discussed in this paper.
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3

3.1

Measurement configurations and sound power analysis

Microphone measurement configurations

The microphone measurement configurations were selected based on the site accessibility and geometry,
following the preferences from the CEN draft standard for source term measurement. This recommends EN
ISO 3095 positions, but also states preference for the high microphone (3.5m height) and over-ballast
measurement (see fig 2a/b and 3). Most of the sites selected had two tracks with service trains in operation.
Both heights of 1.2 m and 3.5 m above rail surface at 7.5m distance from the track centreline were used, to
allow for potential propagation differences. Only the near track was measured at single tracks (fig 4) and at
high speed lines, due to the perimeter fences, which are often at 8 m distance or more from the track.

Figure 2-a. Over-ballast propagation, using standard Figure 2-b. Near track and over-ballast
ISO positions.
propagation, using standard ISO positions.

Figure 3: Measurement and site geometry for Figure 4: Measurement and site geometry for single
track conventional line at El Tejar. Near Track as in
conventional line at Galapagar (as in fig 2a)
fig 2b mT2lo and mT2hi.
3.2

Apparent sound power from sound pressure

Railway noise source terms are often ‘apparent’ sound power level per metre LW’, i.e. the sound power derived
from the specific microphone positions. The apparent sound power level is obtained from backward
propagation, including the direct sound path (free field), the reflected path and diffraction over the ballast.
This depends on the specific site and track geometry such as shown in figs 3 and 4. Also, the lateral and vertical
source directivities are included specific to the calculation model, in this case CNOSSOS.
A site-specific transfer function for excess attenuation LHpW can be calculated using a model or taken from
tabulated values such as developed in the draft CEN Source terms standard. It is defined as
LHpW = Lpeq,tp – LW’,

(1)

4

880

where Lpeq,tp is the pass-by sound pressure level as in EN ISO 3095, and LW’ is the apparent sound power level
per metre of the source considered.
Here the transfer function LHpW was calculated following the guidelines in the CEN Source terms draft
standard. Some examples are shown in figures 5-a to 5-d. The general trend is a slightly rising line for the free
field condition, which is due to the vertical directivity included in the CNOSSOS model. But for most
situations, also reflection and diffraction effects appear, as seen in the graphs. These show a higher level at
low frequencies, followed by several reflection dips. Also, the number and positioning of sources can affect
the results.

Figure 5-a: Transfer function LHpW over the ground Figure 5-b: Transfer function LHpW over the ground
(Excess attenuation) for high microphone positions (Excess attenuation) for low microphone positions
These are 7 transfer functions of the microphone locations where sound propagates over the ground from the
nearest track. (Terrer site Conventional Line T1, Terrer site High Speed Line T3 and 4, Ciudad Real site High
Speed Line T1 and 2, Tejar site Conventional Line T1, Pinto site Conventional Line T1).

Figure 5-c: Transfer function LHpW over the track Figure 5-d: Transfer function LHpW over the track
(Excess attenuation) for high microphone positions (Excess attenuation) for low microphone positions
As the uncertainty in this type of function may be significant, depending on the real site geometry and
modelled geometry, it is preferable to apply a moderate value if possible, by position selection or by averaging
(the draft CEN Source terms standard provides an average over several site geometries).
The preference for the high position and over-ballast measurement seems to be somewhat supported by the
smaller spread in transfer functions in figs 5-a and c, and fig 5-c compared with figs 5-a.
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The draft CEN standard gives preference to the over-ballast measurement and to the high microphone, but at
most sites the difference between the low and the high microphone was found to be relatively moderate, as
shown for example in figure 6. The difference between the near (7.5 m) and far (11.2 m) microphones was
also found to be relatively small as shown in the example in figure 7.

Figure 6. Difference between high and low Figure 7: average difference between over track and
microphone for several pass-bys on one track at Pinto near track microphones for high and low positions,
and calculated with 10 lg d distance free field
site
correction. Series of pass-bys on track 2 at Pinto
site.

4

Track characterization

CNOSSOS calculations have five input parameters to calculate railway rolling noise, two referred to the track
(roughness and transfer function) and three to the vehicle (roughness, contact filter and transfer function).
Firstly, decisions on track input parameters were adopted to enable later analysis of the vehicle parameters.
Considering the information provided by the infrastructure manager on track gauge, ballast platform, sleeper
type, railpad, fastener, vertical static stiffness, 8 acoustic track classes were proposed, most of which were
included in the measurement campaigns: two for high speed lines, two for conventional lines with concrete
mono-block sleepers, one for conventional lines with concrete biblock sleepers, one for narrow gauge network
with concrete monoblock sleepers, track with wooden sleepers and lastly, slab track.
The analysis performed for one of the monoblock track classes is shown below, as an example of how the
procedure presented in section 2, was applied.
4.1

Monoblock track

The description of the track provided by ADIF as infrastructure manager is the following: track gauge of 1667
mm, on mono-block sleepers, with a static stiffness declared of 100 MN/m, being higher than the other class
in conventional lines with static stiffness of 85 MN/m.
Two measurement campaigns were devoted to the characterization of this track type at the site of Tejar (54
pass-bys) and Galapagar (118 pass-bys). At both sites four train types were measured (types 446, 450, 465 and
freight trains) at speeds between 50 and 100 km/h. Additionally to those at Galapagar, two regional trains were
measured (types 449 and 599).

6
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4.1.1 Track decay rates
Track decay rates are not actually input data for CNOSSOS but help to characterise the track and understand
the transfer functions. A low track decay rate usually points towards lower dynamic stiffness and higher track
transfer function. Analysis with PBA allows to determine track decay rates following CEN TR 16891:2016
(CEN Technical Report on Measurement method for combined roughness, track decay rates and transfer
functions). The vertical track decay rates derived for the Galapagar and Tejar sites are presented in figure 8.
The spectrum falls below 4 dB/m at 800 Hz potentially indicating a soft support for monoblock sleepers.

Figure 8: Spectrum of vertical track decay rates in [dB/m] in third octave bands for the
Galapagar and Tejar sites, derived from pass-by rail acceleration time signals.
4.1.2 CNOSSOS track transfer function LHWR,TR
The Pass-by Analysis (PBA) applied to the measurements produces total transfer functions LHpR,nl (from
combined roughness to total sound pressure). A further conversion is made to obtain CNOSSOS total transfer
functions LHWR,n in third octave bands from the PBA transfer function LHpR,nl, and the excess attenuation
function LHpW (see formula (1) ) following
LHWR,n = LHpR,nl – LHpW

(2)

Considering their spectrum range dominated by the track contribution (from 200 to 2KHz) the track transfer
functions LHWR,TR were derived per train type and site (examples in fig 9-a and 9-b).
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Figure 9-b. Total Transfer Function (LHWR) at the
Figure 9-a. Total Transfer Function (LHWR) at the
Galapagar site per train type, compared to
Tejar site per train type, compared to CNOSSOS
CNOSSOS input data for hard monobloc track
input data for hard monoblock track (red dashed
(red dashed line)
line)
The process to aggregate these transfer functions into one per site differs per frequency range. The transfer
function must be dominated by rolling noise. However, it is known that below 500 Hz, it can be influenced by
sources (traction/auxiliary), other than rolling noise. Expert criteria are needed to make this analysis and
different procedures are applied per site to select the best spectrum that represent the track transfer function
(red line in figures 9-a and 9-b): either to select the minimum LH per train type in the low to medium frequency
range, or to select the transfer functions derived for the train types with higher roughness, being ones that
create higher rolling excitation of the track.
For the Tejar site below 630 Hz, minimum values of the average LHWR per train type were selected (green line
in figures 9-a and 9-b) to represent the track part LHWR,TR. Minimum values correspond to train types with
higher roughness (type 450 and freight trains). On the other hand, the upper part of the spectrum of the selected
LHWR is the average (blue line in figure 9-a and 9-b). The selected LHWR compares reasonably well with the
CNOSSOS default input spectrum for hard monoblock track. Higher deviations are 3 dB at 500 Hz (selected
LHWR higher than CNOSSOS value) and the opposite at 1.25 KHz.

Figure 10. Average Total Transfer Function (LHWR)
of both sites, compared to CNOSSOS input data for
Total LHWR for hard monoblock track and wheel
diameter 920 mm (black dashed line).

Figure 11. Comparison of calculated LWAeq,tp spectra
based on average measured Transfer Functions LHWR
and on CNOSSOS default data for hard monoblock
track.

For the Galapagar site below 630 Hz, again minimum values of the average LHWR per train type were selected,
which corresponds to train type 446. Above 630 Hz, LHWR values for freight trains were selected. The
CNOSSOS default input spectrum for hard monoblock track seems representative for the track. Deviations are
seen at 800 and 1.6 KHz, with LHWR higher than CNOSSOS default values.
Total Transfer Functions selected per site were averaged over available pass-bys. The result in figure 10 shows
how close it is to CNOSSOS default values. The main deviation is at 500 Hz where CNOSSOS is still lower,
due to the differences found at the Tejar site.
As track input data for CNOSSOS contributes to the acoustic emission of several types of trains, a sensitivity
analysis was carried out to quantify the effect of this decision in the overall sound power levels. CNOSSOS
algorithms were applied to calculate rolling emission with the average measured LH (solid line in figure 11)
and with the spectrum based on CNOSSOS defaults for monoblock hard track (dashed line). For this analysis
vehicle input data were fixed to disc wheel roughness, contact filter for wheel load of 25kN and diameter of
920 mm. The amended CNOSSOS Track-Wheel Contact Filter default value was applied [2].
8
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The effect on global emission levels of using the CNOSSOS default input instead of the calculated LH and
select data is below 0,5 dB; although spectra show differences up to 2dB at 500 Hz or -3 dB at 1KHz. It can
be noted that the shape of the spectrum at 500 Hz is well predicted with CNOSSOS default values.
4.1.3 Comparison with noise level measurements
The final step to validate the proposal of the CNOSSOS input parameters was to compare pass-by noise
pressure levels at 7.5 m, measured according to ISO 3095 configuration. Here, two pass-bys of a type465 train
are presented as an example in table 3 and figure 12.
Table 3: Description of two pass-bys of type 465 train selected for the validation at Tejar and Galapagar sites
and results of the comparison between measured and calculated values.
Running speed
75 km/h
94 km/h
Campaign
Tejar
Galapagar
Track type
Mono-bloc on hard rail pad
Measured level (dBA)
74,0
77,5
Calculated Level CNOSSOS (dBA)
76,0
78,3
Difference
-1,9
-0,9

Figure 12-a. Comparison of A-weighted pass-by Figure 12-b. Comparison of A-weighted passsound levels, measured (grey line) and by sound levels, measured (grey line) and
calculated (orange line) at 94 km/h, Galapagar
calculated (orange line) at 75 km/h, Tejar site.
site.
Frequency
Frequency
MEASURED
CNOSSOS
DIFF

63
41,6
48,7
-7,1

125
54,0
57,8
-3,8

250
63,4
63,0
0,4

500
67,2
72,6
-5,4

1K
68,9
67,5
1,3

2K
68,8
67,3
1,5

4K
63,2
67,0
-3,8

8K
52,3
63,7
-11,4

63

125

250

500

1K

2K

4K

8K

MEASURED

46,2

54,5

66,9

71,4

73,0

70,8

66,4

56,6

CNOSSOS

45,9

57,0

68,7

74,0

72,3

68,9

68,6

64,3

DIFF

0,3

-2,5

-1,8

-2,7

0,7

1,9

-2,2

-7,7

Calculated pass-by sound levels fall within ± 2 dB of measured levels. This range was defined as acceptable
in the quality criteria for CNOSSOS immission levels. In addition, calculated results generally are higher than
measured, which suggests CNOSSOS does not underestimate acoustic impact. In octave bands, larger
differences of 3-5 dB are seen in the 125 Hz, 500 Hz and 4 kHz for the Tejar site, but only up to 3 dB at 500
Hz for the Galapagar site.

ADIF track experts assessed the tracks at the Tejar and Galapagar sites as having hard railpads, being
representative of the oldest railway network.
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5

Conclusions

Railway noise source term measurements were performed at seven different sites in Spain, with different track
gauges and characteristics, and a variety of train types, with the aim to evaluate whether CNOSSOS default
input data could be used or other values would be required. The first analysis focused mainly on rolling noise,
in particular the track contribution. In general, a good correspondence was found between measured and
calculated noise levels based on CNOSSOS defaults, to within ± 2 dB.
The CNOSSOS default spectra for transfer functions were found to fit reasonably well with the average
measured values.
For some train pass-bys, the influence of traction or aerodynamic sources was minimised by considering the
combined wheel-rail roughness level and taking the minimum transfer function occurring for the highest
wheel-rail roughness levels. This requires some expert judgment. In any case, the final selected track transfer
function should be verified, comparing measured noise levels LpAeq,Tp and calculated values using the choices
made for each CNOSSOS input parameter. In terms of track decay rates, three characteristics were found: soft
pads on the high speed lines, medium and hard pads on the other lines.
The site geometry, microphone positioning, train speeds and source characteristics are key to obtain reliable
data from which to derive source terms. The methodology and procedures from the draft CEN standard on
source terms and CEN TR 16891 were applied to obtain the combined roughness, track decay rates and transfer
functions from vertical rail vibration. At several sites the high and low microphone positions produced similar
spectral results. Also, the positions measuring over ballast (far track) or by the near track tended to give similar
results for the sites considered.
The project led by ADIF Alta Velocidad to study the CNOSSOS-EU implementation for modelling railway
noise will allow not only a more precise calculation of its acoustic impact, but also to better understand the
contributions on it of different elements of the system vehicle-track. Both the main train operating company
RENFE and the infrastructure manager ADIF and ADIF Alta Velocidad have been involved in the decisions
adopted in the project. Another important result of the project is data collected to study the effect of train and
track maintenance strategies, that could be the base for future analysis to reduce noise emission and update
calculation conditions accordingly.
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Abstract
In this work, we numerically investigate the performance of acoustic holograms at 650 kHz to correct
the aberrations introduced by the skull and, simultaneously, target the thalamic nuclei through the
temporal bone window. The misalignment of the lens with the patient’s head is studied in terms of focus
pressure and treated volume. Five different holograms are designed. Using holograms, we observe an
improvement on the sonicated target volume ranging from 1.5 to 9.5 times larger than using a focused
transducer. Alignment errors in the skull-lens relative position lower than 3.75 degrees of rotation result
in field with a peak pressure higher that -1 dB the maximum pressure in the design location. Result show
that transtemporal acoustic holograms are a robust method to improve focus quality and to enhance
sonicated volumes when targeting deep-brain nuclei. In addition, under small misalignments these
therapeutic ultrasound devices maintain acceptable focusing performance. In this way, they can generate
sharp acoustic images for low-cost therapeutic ultrasound techniques such as blood-brain barrier
opening or neuromodulation applications.
Keywords: Therapeutic ultrasound, neuromodulation, blood-brain barrier opening, acoustic holograms.

1

Introduction

By nature, ultrasound can propagate through the skull and interact with the brain tissue, producing
mechanical and thermal effects in a non-invasively and non-ionizing manner. These effects allow for
local temperature raising, ranging from mild hyperthermia (40-45 ºC) [1], used for drug delivery and
chemotherapy enhancement [2], to thermal ablation (temperatures above 55 ºC) [3]. On the other hand,
at lower acoustical intensities mechanical effects can trigger neuromodulation [4] or blood-brain barrier
opening [5], the latter effect widely used for drug and gene delivery in a localized and safe manner.
However, when focusing ultrasound on a non-invasive way, i.e., without surgical interventions, sound
waves must break through the skull, which acts as a mechanical wall of great stiffness and complex
internal structure; producing strong refraction and attenuating effects to the propagating sound wave.
This results in an uncontrolled beam focusing that might sonicate out-of-target brain structures. To
overcome this, MRI-guided phased-array systems have emerged as the gold-standard for transcranial
ultrasound applications [6] due to the precise phase and amplitude control, which enables the
compensation of the aberrations by actively time-delaying the ultrasound signals, and monitoring the
treatment using MRI-Thermometry. Unfortunately, this is a high-cost an complex technology, not
available for all medical facilities. Recently, 3D-printed lenses were reported as a low-cost alternative
for skull aberration correction for fixed [7], or mechanically steered target locations [8]. This approach
was enhanced by using acoustic holograms to match the focus shape and size to those of the therapeutic
target [9] and to create bilateral focusing at deep-brain structures [10], or even vortex beams [11].
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In this work, we propose ultrasound holograms adapted to the temporal bone window, which is the
thinnest part of the human skull and is usually used for brain imaging [12]. Using this window, we can
tackle deep-brain bilateral targets while attenuation and skull heating is minimized. In addition, it is not
mandatory to shave the head of the patient, which might be a concern for recursive treatments such as
neuromodulation and long drug delivery therapies. In particular, we study numerically the transtemporal
focalization using a focused transducer on both thalamic nuclei, deep-brain targets of great neurological
interest [13]. Five different holographic lenses coupled to a flat transducer have also been studied and
compared with the performance of the single element focused transducer in terms of skull aberration
correction and optimization of the thalamic volume sonicated. In addition, we report the robustness of
acoustic holograms under small misallocations between the skull and the ultrasound transducer.

2

Materials and methods

A flat circular transducer of 65 mm-aperture located at 15 mm from the skin was located in front of the
temporal bone window. This arrangement allows for a good coupling between the holographic lenses
and the flat transducer, ensuring the lens is not in direct contact with the skull. A focused transducer
with the same aperture and radius of curvature 𝐹 = 80 mm, located in the same position and at 13 mm
from the skull has been used to compare focusing quality and treated volumes. Both transducers have a
central frequency of 650 kHz.
To create acoustic holograms inside the skull and following the shape of the thalamus, we first acquire
tomographic MRI data for soft tissue segmentation and x-ray CT images to extract bone properties. A
skull from an anonymous patient in this study was used, whose CT images were obtained using a GE
LightSpeed VCT 64 scanner (GE Medical Systems, Milwaukee, WI) at 0.49 mm x 0.48 mm x 0.63 mm
resolution. Hounsfield units obtained were converted to density and sound speed maps using empirical
linear fits [14], resulting mean values of ρ𝑠 = 1611 kg/m3 and 𝑐𝑠 = 2333 m/s, for the density and sound
speed in the bones, respectively. Acoustic attenuation was considered constant for all skull, with a value
of 𝛼𝑠 = 8.37 dB/(cm·MHzy), 𝑦 = 1.1, according to the literature [15]. Brain was supposed as a
homogeneous media inside the skull with density ρ𝑏 = 1000 kg/m3, sound speed 𝑐𝑏 = 1560 m/s and
attenuation α𝑏 = 0.66 dB/(cm·MHzy), values obtained from literature [16]. Thalamus segmentation was
obtained from an MRI extracted from the open-access human atlas of the International Consortium for
Brain Mapping (ICBM) from the Laboratory of Neuro Imaging [17]. Total brain and both thalami
volumes are 1523 cm3 and 7.9 cm3, respectively.
Acoustic holograms were designed using time-domain pseudo-spectral simulations with the k-Wave
software [18] and a phase-conjugation method with virtual sources, as described previously in Ref. [9].
Five different configurations of the virtual sources were studied and compared of the propagated field
produced by the curved transducer inside the brain: a point hologram between both thalamic nuclei, Fig.
1(b), a line hologram, a bifocal point hologram in the middle of each nucleus, a bifocal line hologram,
Fig. 1 (c), and a bifocal plane hologram. The wavefront produced by the virtual sources is recorded in a
plane parallel to the transducer surface and the lens is designed with the phase – conjugated information,
considering that each pixel of the lens vibrates as an elastic Fabry-Perot resonator. Each pixel has a size
of 0.39 x 0.39 mm2, having a total of about 22000 elements, each one emitting a different sound waves
and, therefore, acting as an element of a phased-array system. A scheme of the therapeutic system
dimensions and location is shown in Fig. 1 (a).
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Figure 1: a) Scheme of the transtemporal transducer-lens system for thalamic focusing. b) point hologram virtual source
location. c) Bifocal line hologram virtual sources location.

Finally, we obtained the acoustic field produced by each lens-transducer system inside the brain with
numerical simulations and considering the Clear resin (Formlabs) measured acoustic properties (𝜌𝐿 =
1171 kg/m3, 𝑐𝐿 = 2580 m/s and α𝐿 = 2.87 dB/(cm·MHzy)), which were like those reported in the
literature for similar photopolymers [19].
All simulations were done with a grid size of λ/6 = 0.39 mm in each dimension for a frequency of 650
kHz and water medium surrounding the skull. Both focused and flat transducers with holographic lenses
were driven with a 100-cycles sinusoidal tone burst and acoustic pressure of 1 Pa at the transducer
surface. Simulations were running for enough time (300 µs) to consider multiple reflections of the
ultrasound inside the skull.

3

Results

On the one hand, the ultrasound beam produced by the reference focused transducer was simulated. The
focal spot presents strong aberrations, even the transducer was aligned with the temporal bone window
for normal incidence of the acoustic waves. Maximum pressure gain of the focus inside the skull is 4.7
𝑝/𝑝0 , where 𝑝0 is the pressure at the transducer surface. Considering sonicated volumes as those with a
pressure higher than -3 dB the maximum value, we obtained that 0.28 cm3 (3.6%) of the thalamus
volume is covered with one sonication, while 1.21 cm3 of the brain outside the target were treated. The
ratio between the sonicated thalamic and non-thalamic volumes is 0.23.
On the other hand, the abovementioned five different holograms were simulated. For both one-point and
one-line holograms, pressure gains, defined as half the average pressure at the exit plane of the
holographic lens, are 7.6 𝑝/𝑝0 and 5.9 𝑝/𝑝0 . With the same -3 dB threshold, 5.2% and 8.5% of both
therapeutic targets is sonicated with these holograms, respectively, while the sonicated non-target brain
volume is 0.19 cm3 and 0.77 cm3. For these holograms, the thalamic-brain sonicated ratios are 2.16 and
0.88, showing an improvement with respect to the curved transducer field of 9.4 and 3.8 times for the
point and lines holograms, respectively. Also, pressure gain on the focal region is better since the
corresponding energy is concentrated in the focal spot and no aberrations or lateral lobes are produced.
Similar results were obtained for the three holograms designed for bifocal targeting. For the two-point
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hologram, 4.5% of the target structure has been treated, while 0.45 cm3 of the brain is sonicated, with
pressure gain of 5.8 𝑝/𝑝0 and 3.7 𝑝/𝑝0 at right and left thalami, respectively. In the two-lines hologram
we get to treat 17.1% of both thalami in one sonication, sonicating 4.94 cm3 of the brain with pressure
gain of 3.9 𝑝/𝑝0 and 3.4 𝑝/𝑝0 at right and left thalami, respectively. With the two-planes hologram, we
treat 15.3% of both therapeutic targets while sonicating 5.84 cm3 of the non-target brain tissue with
pressure gain of 3.4 𝑝/𝑝0 and 3.3 𝑝/𝑝0 at left and right thalami, respectively.

Figure 2: a) 3D representation of bifocal sonication with two-points hologram. b) Coronal cut of the point hologram and (c)
line hologram. d) Normalized pressure comparison in a cut along the y-axis. e) Normalized pressure comparison in a cut
along the x-axis

Finally, a set of simulations were performed to study how a misallocation of the transducer-lens system
relative to the target position could affect the focusing capabilities, in terms of pressure gain at the focal
point and thalamic and brain sonicated volumes. The results are summarized in Fig. 3. Performance of
the one line, two points and two planes hologram have been studied for rotation errors of 1.25° from 0°
to 17.5°. Normalized peak pressure is calculated as the pressure gain relative to the pressure at the
transducer surface and to half the average pressure at the exit of the holographic lens for the focused
transducer and holograms, respectively. Volumes are calculated as the region with a pressure gain
between the maximum and -3 dB for each focus separately.

Figure 3: Parametric study depending on the skull rotated angle. a) Maximum pressure at focus. b) Sonicated volume outside
the therapeutic target, in the brain. c) Sonicated organ volume.

For the curved transducer, its focus quality does not change under rotation from the center of the
skull. The main change in sonicated volumes and peak pressures is due to the secondary lobes that
appear due to the aberrations introduced by the skull. The maximum change in pressure values is 8% of
the original pressure gain, and sonicated volumes of the brain and both thalami remain almost constant.

891

For the line hologram, the maximum pressure decreases with the rotated angle and treated volumes
increase, which means that the hologram loses resolution when it is not correctly positioned. At 17.5°
of rotation, the acoustic pressure at the focus is reduced by 32% of the original value and the volume
outside the target is 8.3 times greater. Also, the target volume covered is increased 1.5 times compared
to the original location. For rotation angles below 5° both volumes outside and inside the target remain
almost constant (below 10% of increase) while the difference of pressure gain is 15%.
In the case of the two-point configuration, right focus presents more pressure amplitude and has a more
delimited shape. While rotating the lens around the skull, for an error of 5° the loss in pressure at the
right focus location is 21%, and for 17.5° this loss arrives at 52%. Thalamic volume covered is increased
1.2 times while sonicated volume outside the target is 2.7 times greater for 5° of rotation error. This
proportions are 4.7 and 29.7 times greater when the rotation error is 17.5°, respectively. Note that using
the two-plane hologram both foci are wider than in the two-point hologram, meaning that the same
energy is distributed in a wider area. Therefore, under small rotation errors the pressure gain is smaller
and the focus shape becomes partially blurred, as can be observed in Fig. 3. Pressure gain barely
decreases, but sonicated volumes rapidly increase because greater volumes are sonicated with the same
energy.

4

Conclusions

The results of this study prove that acoustic holograms could improve sonication through the
transtemporal bone window. The results show that the thalamic treated volume is optimized in all the
cases, reducing the amount of energy outside the target. Also, using holograms the pressure gain is
higher since the aberrations introduced by the skull are corrected, and no side lobes appear at the focal
region. In addition, the parametric study showed that the performance of holographic lenses under a
rotation error lesser than 5° are pretty good, which shows the great stability of these systems. In this
sense, transtemporal acoustic holograms are a robust method to improve focus quality and to enhance
sonicated volumes on deep-brain targets even under small misallocations of the therapeutic ultrasound
device. The temporal window is especially important for small-aperture holograms, when all energy
propagates through a small portion of skull and could overheat it locally. This technology might be used
for highly selective and low-cost blood-brain barrier opening, neuromodulation or hyperthermia
applications.
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Abstract
In this work we numerically and experimentally study the performance of large-volume
hyperthermia induced by acoustic holographic-modulated high-intensity focused ultrasound
(AHmHIFU) in gelatin phantoms. Excellent agreement was found between thermal simulations
of the AHmHIFU system and temperature maps characterized with Proton Resonance Frequency
Shift MR-thermometry at 1.5 T. ROIs inside which experimental temperature elevation was
greater than 4 degrees were 11 mm by 16 mm and 7 mm by 30 mm with and without the
holographic lens, respectively. Most importantly, standard deviation inside these ROIs were equal
to 12% and 40% of the maximum temperature with and without the lens. This demonstrates that
a wider and more uniform heated region can be generated using the holographic lens, showing
the capabilities of acoustic holograms to be used as a low-cost alternative for large-volume
hyperthermia treatments.
Keywords: Ultrasound, acoustic holograms, hyperthermia

1

Introduction

Therapeutic ultrasound is an emerging technique that has many applications thanks to its noninvasive and non-ionizing nature. These therapies rely on the interaction between ultrasound
waves and tissues, involving mechanical and/or thermal mechanisms. Indications range from low
intensity applications, mainly conceived for transcranial therapies such as blood-brain barrier
opening [1] or neuromodulation [2], to high intensity therapies such as histotripsy [3], thermal
ablation or hyperthermia [4].
In order to obtain biological effects, ultrasound must be directed and focused to the target to be
treated. To achieve this focalization, curved [5] and phased array [6] transducers are employed,
usually combined with an imaging system to monitor the treatment. Even though these systems
allow for a precise location of the focus, they are very expensive and complex. To overcome this
drawback, acoustic holograms have been designed and tested in water [7] and in complex media
[8], where their capacity to focus on a desired target while preserving the rest of the medium was
demonstrated. Acoustic holograms have also been proposed as a novel and low-cost technology
for transcranial therapies such as neuromodulation or blood-brain barrier opening, in which the
focal aberrations introduced by the skull are corrected, allowing the ultrasound beam to fit the
shape of the target [8-9]. Holograms have also been proposed to create cavitation patterns when
microbubbles are added to the sonicated medium for multiple therapeutic purposes [10].

894

In this work, we design and develop acoustic holograms specifically for a new therapeutic
application, namely, ultrasound-induced hyperthermia [4]. Hyperthermia, defined as a mild rise
in tissue temperature (usually between 39 and 45 degrees), is emerging as a highly promising
therapeutic approach that has been shown to activate the immune system, and/or enhance drug
delivery, in particular chemotherapeutic drug administration. We present a method based on 3Dprinted acoustic holograms to create thermal holographic patterns for local and controlled
hyperthermia using a single-element ultrasonic transducer. Resulting thermal patterns are first
validated numerically. Experimental thermal patterns are measured subsequently using an infrared camera and MRI-thermometry in phantoms and ex-vivo soft tissue.

2

Materials and methods

Thermal holographic patterns are produced when acoustic energy is locally transformed into heat
inside an absorbing medium. Therefore, the first step is to design an acoustic hologram capable
of generating a sharp acoustic image. To do so, we make use of time reversal methods by setting
a series of virtual sources at the locations where we want to maximize the acoustic pressure. The
field produced by these sources is backpropagated to a plane parallel to the transducer surface,
known as the holographic plane. When the phase-conjugated field is forward propagated, acoustic
waves focus on the virtual sources due to reciprocity and time-reversal invariance, and a
diffraction-limited image is obtained. To design and numerically validate acoustic holograms we
perform calculations using the Rayleigh-Sommerfeld integral and k-space pseudo-spectral
simulations using the software k-Wave. We assume the transducer is located in front of a
homogeneous tissue-like media (liver), with density and sound speed values of 𝜌𝑡 = 1079 kg/m3
[11]and 𝑐𝑡 = 1586 m/s [12]respectively, and we consider that acoustic attenuation follows a
power-law as 𝛼𝑡 = 𝛼0 ⋅ 𝑓 𝛾 where 𝑓 is the ultrasound frequency, 𝛼0 = 0.59 dB/(cm·MHzᵞ) [12]
and γ = 1.1. To implement the holographic lens in the 3D simulations we make use of the
complex-conjugated wavefront at the holographic plane. This plane is divided into pixels of
uniform width and different height depending on the backpropagated phase profile at the
transducer working frequency. The holographic lens is designed assuming that each pixel vibrates
longitudinally as a Fabry-Perot resonator and its height is obtained by a using a numerical
interpolation method, as described in Ref. [9]. The values of density and sound speed of the lens
were experimentally measured for Clear resin material (Formlabs, USA), being 𝜌𝐿 = 1171 kg/m3,
𝑐𝐿 = 2580 m/s. Attenuation was fixed at 𝛼𝐿 = 2.72 dB/(cm·MHzᵞ), with γ = 1.1, in agreement with
previously reported values for similar photopolymers [7]
Once the acoustic hologram is designed, we calculate the corresponding thermal pattern produced
in a homogeneous absorbing medium. To do so, an acoustical simulation is set using the acoustic
holographic lens, and we record the maximum pressure at the stationary state in the whole
medium. Then, the thermal pattern is obtained as a time-domain numerical solution of the Penne’s
bio-heat equation [13], given by
ρ𝑡 𝐶𝑡

𝜕𝑇
= 𝜅∇2 T − 𝑊𝑏 𝐶𝑏 (𝑇 − 𝑇𝑎 ) + 𝑄,
𝜕𝑡

where 𝜌𝑡 and 𝐶𝑡 are the tissue density and specific heat capacity, 𝑇 the tissue temperature, 𝑊𝑏 the
blood perfusion rate, 𝐶𝑏 the blood specific heat capacity, 𝑇𝑎 the blood ambient temperature, 𝜅
the tissue thermal conductivity and 𝑄 the volume rate of heat deposition, defined as
𝑄 = 2𝛼𝑡 𝐼,
where 𝛼𝑡 is the medium absorption coefficient and the intensity is given by 𝐼 = 𝑝2 /2𝜌𝑡 𝑐𝑡 where
𝑝 is the peak acoustic pressure at stationary state. In this work, no blood perfusion was considered
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(𝑊𝑏 = 0) to mimic the ex-vivo experimental conditions. Specific heat capacity and thermal
conductivity were set to 𝐶𝑡 = 3540 J/(kg·K) and 𝑘=0.52 W/(m·K), according to the values reported
in the literature [11].

Thermal holograms were designed for two different transducers: a custom-designed MRIcompatible flat transducer of aperture 2𝑎 = 50 mm and a curved transducer with focal distance 𝐹
= 100 mm and lateral dimensions of 132 mm × 92 mm, both with 1 MHz central frequency. To
perform the experimental validation, the calculated holographic lenses were 3D printed in Clear
material with a Form 2 stereolithography printer (Formlabs, USA).
Two holograms were proposed for this study. First, a two-shaped image was selected, located in
a plane parallel to the flat transducer surface and at 2 cm from its surface. This target was chosen
to evaluate the possibility of generating arbitrary thermal holograms in an absorbing medium.
Second, an ellipsoidal-shaped image was designed for the focused transducer. It was located at a
perpendicular plane with respect to the source surface. This target was selected to show the
capabilities of holograms to widen the natural focus of a focused transducer and generate largevolume thermal patterns for hyperthermia applications.
2.1

Experimental setup

Acoustic measurements were performed in a degassed water tank at 23 ºC. Acoustic lenses were
coupled to the transducer surfaces with a thin layer of vaseline, ensuring no bubble was trapped
between both objects. The transducer-lens system was driven by a 5-cycles sinusoidal pulse burst
at a frequency of 𝑓 = 1.1 MHz using a signal generator (14 bits, 100 MS/s, model PXI5412,
National Instruments, USA) and amplified by a linear RF amplifier (ENI 1040L, 400 W, 55 dB,
ENI, Rochester, NY, USA). The pressure field was measured with a piezoelectric hydrophone (225.5 dB re 1 V/µPa at 1 MHz, Model Y-104, Sonic Concepts, USA), calibrated from 40 kHz to
2 MHz. The field was scanned using a 3D positioning system (10 µm precision, OWIS GmbH,
Germany) from -22 mm <x< 22 mm and -22 mm < y < 22 mm, at z= 20 mm using steps of 1 mm,
and at each location the signals were averaged 20 times.
Thermal holograms were validated with two different systems: A thermal camera for the flat
transducer, and MR Thermometry for the focused transducer. On the one hand, the evolution of
the thermal pattern was observed with an infrared thermal camera (FLIR TG165, Teledyne FLIR,
USA), at the surface of a 20-mm slice of a beef liver, the experimental setup is shown in Figure
1 (a). Tissue was previously degassed using a vacuum pump. Thermal images were obtained at a
rate of 11 images per minute. During thermal experiments, the single element transducer was
driven with a continuous sinusoidal signal (1.1 MHz, 25 W). In addition, two thermocouples
(5SRTC, Omega Engineering, USA) were positioned at the surface of the lens and inside the
surrounding water to monitor the temperature. Figure 1 (b) shows in detail the lens-transducer
system employed in the experiment for the two-shaped hologram.
In the case of the focused transducer, thermal holograms were measured using Proton Resonance
Frequency Shift MR-thermometry in a milk-gelatin based phantom made with 4% gelatin-30%
concentrated milk. Experiments were performed in a 1.5T Aera MRI (Siemens, Erlangen,
Germany). A single-slice 2D gradient-echo (GRE) sequence was used for MR PRFS
Thermometry, allowing the reconstruction of one thermal image every 1.2 seconds.
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Figure 1: a) Experimental setup for thermal hologram validation using an infra-red thermal camera. b) Scheme of the
employed lens-transducer system

3
3.1

Results
Two-shaped hologram

First, the two-shaped acoustic hologram was measured in water with a spatial step of 1 mm x 1
mm to compare results with the simulated acoustic field, shown in Fig. 2 (a). The experimental
pressure field, depicted in Fig. 2 (b), was found to be in great agreement with the simulated one.
Discrepancies between both fields might be related to the fact that the holographic lens was
designed for a liver-like media and measured in water, which has slightly different properties in
terms of acoustic impedance, internal tissue structures, misalignments between source and tissue,
and because the axial distance between the transducer and the measurement plane might be not
exactly the same as the simulated.
Second, the temperature rise was measured at the surface of the liver tissue using the infrared
thermal camera. Both, simulated, Fig. 2 (c), and measured, Fig. 2 (d), thermal patterns agree at
the same instant of time (1 minute) when considering continuous acoustic signal. The thermal
image is well defined until heat diffusion dominates and all the central part of the hologram is
heated almost uniformly, as it also occurs in simulations.
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Figure 2. (a) Simulated acoustic pressure field. (b) Acoustic pressure field measured in degassed water. (c) Simulated
thermal pattern in liver tissue. (d) Thermal pattern measured with an infrared camera in liver tissue.

3.2

Large volume hyperthermia hologram

To enlarge and shift the natural focus of the focused transducer, we have designed a 1.5-cm wide
ellipsoidal hologram located at 65 mm from the transducer surface, while its natural focus is 1.5
mm wide at 10 cm depth. Both acoustic and thermal holograms were obtained numerically , while
the hyperthermia region was evaluated experimentally using MR-thermometry in a gelatin-milk
based phantom.
Excellent agreement was found between thermal simulations and temperature maps measured by
MRT. ROIs inside which experimental temperature elevation was greater than 4 degrees were 15
mm × 16 mm and 7 mm × 25 mm with and without the holographic lens, respectively, while these
same regions have 11 mm × 16 mm and 7 mm × 30 mm sizes in the experiment. Most importantly,
standard deviation inside these regions were equal to 12% and 40% of the maximum temperature
with and without the lens. This demonstrates that a wider and more uniform heating region can
be achieved using the holographic lens. Moreover, focal region is steered 35 mm towards the
transducer surface, which can be clearly seen in both simulation and experiment. Note this
technology allows not only to enlarge focus size but also to change its position.
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Figure 3: (a) Thermal simulation for a 1-cm wide hologram located at 65 mm from the transducer surface and (b) for
the focused transducer without the lens. (c) MRI-thermometry measurement for the hologram and (d) for the focused
transducer without the lens.

4

Conclusions

In this work we have numerically calculated and experimentally validated thermal holograms in
an ex-vivo tissue and tissue mimicking gelatin-milk phantom. Acoustic and thermal simulations,
infrared images, and magnetic resonance thermometry measurements are in good agreement with
the proposed designs for all the studied cases. These results demonstrate the capability of
holographic lenses coupled to plane and focused ultrasound transducers to generate arbitraryshaped thermal patterns in absorbing media. This technology can be used to enlarge and relocate
the focus of existing devices or to match the shape of the thermal hologram to complex-shaped
target regions. Using a single sonication, acoustic holograms allow large volume hyperthermia
treatments using a low-cost and personalized system.
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Abstract
Photoacoustic (PA) imaging uses the acoustic energy produced by some materials when heated with a laser
due to the photoacoustic effect. Photoacoustic tomography (PAT) can be a powerful tool in medical imaging,
since it combines the optical contrast with the high penetration of ultrasound to generate anatomical, molecular
and functional images. To create the images, beamforming algorithms are used as commonly in ultrasonic
imaging. The most used algorithm is Delay-and-Sum (DAS) beamforming because is computationally efficient
and very easy to implement, however, it has some limitations as it offers low image resolution and contrast.
To overcome these image quality problems, improvements have emerged over the typical DAS to obtain better
image quality and narrower main lobes. They are based on combining the signals of the different elements,
windowing the signal, or even calculating the optimal apodization for each pixel based on the signals received
by the ultrasonic elements. This work is a numerical and experimental study that uses the spatial resolution
and the signal to noise ratio to evaluate the performance of the main reconstruction algorithms used in PAT.
Keywords: Ultrasound, photoacoustic tomography, beamforming.

1

Introduction

Photoacoustic tomography (PAT) is an emerging modality of high-resolution biomedical imaging combining
the use of optical and acoustic techniques for imaging biological tissue [1]. The technique consists of
illuminating a tissue by means of a laser beam causing a local heating of the tissue. Due to the photoacoustic
effect, in which optical energy is absorbed and converted into acoustic energy by thermoelastic expansion of
the tissue, tissue rarefaction produces a pulsed ultrasonic signal that can be detected and converted into images
by using beamforming algorithms [2]. The received acoustic signals come from the light absorbers or
chromophores that have emitted the ultrasonic signal after laser excitation. The chromophores are excited at a
specific laser wavelengths, and they can be classified as endogenous, such as hemoglobin or oxyhemoglobin,
which allow to obtain anatomical and functional images monitoring parameters like the level of oxygen
saturation, blood flow velocity, or the basal metabolic rate [3]; or exogenous, such as photosensitive inks or
nanoparticles, which can be used as a contrast for molecular imaging [1].
Photoacoustic tomography presents better penetration into the tissue than purely optical tomographic methods,
and substantially improving spatial resolution and contrast compared to classical ultrasonic methods. In
addition, it maintains many of the advantages of ultrasonic imaging, being a non-invasive, non-ionizing
radiation, fast and low-cost [4]. Classical ultrasonic linear phased arrays, often employed in both commercial
and research ultrasound imaging systems, have been adapted for their use in photoacoustic imaging systems.
However, the use of these receptors reduces the quality of the obtained PAT images, since the laser-generated
1
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acoustic signals are travelling in all directions in the 3D-space. Thus, improved PAT images can be achieved
using concave or even semi-spherical sensors which almost surround the sample [5]. Ideally, if the sample is
completely enclosed by the sensor, an error-free tomographic image could be reconstructed by delaying and
adding the registered signals from each element of the array [2, 6]. However, since it is usually unfeasible to
completely wrap the object, basic reconstruction algorithms result in images having artifacts, aside from other
limitations inherent to the experimental setup that complicate the reconstructions. Hence, it becomes necessary
to use more complex reconstruction algorithms that take advantage of the properties of the recorded ultrasonic
signals, obtaining images with improved resolution and contrast. For example, the time reversal algorithm
projects the signals in the reverse path instead of delaying them, which allows reconstructions in
inhomogeneous medium [7]; there are also other algorithms based on FFT [8] and even techniques that use
artificial intelligence for image reconstruction and even for quantitative photoacoustic imaging [9].
Nevertheless, since soft tissues have similar sound propagation speeds, it is common to use reconstruction
algorithms that assume homogenous sound speed and are just based on delaying and combining the received
signals [6], those algorithms can be mainly classified into two groups: adaptive and non-adaptive techniques.
This work aims to evaluate and compare adaptive and non-adaptive algorithms, seeking to be able to
characterize them and proving what advantages and disadvantages each one of them has and in what
circumstances they should be used to optimize the reconstructed image properties. For this, the Delay and Sum
(DAS), Delay Multiply and Sum (DMAS), Minimum Variance (MV) and MV-DMAS [10] beamforming
algorithms have been implemented and have been numerically and experimentally evaluated using qualitative
and quantitative criteria. The coherence factor has also been implemented in order to reduce lateral lobes.

2
2.1

Materials and methods
Beamforming algorithms

The basic beamforming of acoustic signals is based on aligning the signals received in each element of the
sensor and adding them, Delay and Sum (DAS), as can be seen in Eq. (1), where 𝑡 is the time index, 𝑃 is the
pixel index, 𝑥! (𝑡 − ∆!" ) is the delayed signal from the element 𝑖 for the pixel 𝑃, and 𝑀 is the number of
elements of the array [6]. The intensity at a pixel 𝑃 is calculated as
&

𝐼#$% " (𝑡) = , 𝑥! (𝑡 − ∆!" ).

(1)

!'(

From this base, different variations have emerged introducing pre-addition operations to enhance the signal
and improve the resolution of the image. To improve the quality of the tomographic images, in Delay Multiply
and Sum (DMAS), a combinatorial multiplication of the signals received in the different elements of the
transducer (𝑖 and 𝑗 in Eq. (2)) is introduced into the beamforming leading to a non-linear beamforming based
on the spatial coherence of the photoacoustic signals. The objective of this modification is to improve the
signal to noise ratio (SNR), enhancing the signals of the photoacoustic effect and reducing the noise [11] as
&+(

&

𝐼#&$% " (𝑡) = , , 𝑥! (𝑡 − ∆!" ) 𝑥) (𝑡 − ∆)" ).

(2)

!'( )'!*(

Due to the products in the time domain, the spectrum of the signal after beamforming has components at 2𝑓, ,
-2𝑓, and 0 Hz, so a band-pass filter that allows us to keep only the information in 2𝑓, is necessary [11].
However, if we calculate the analytic signal of the RF recorded by the transducers, we are left with only the
2
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information at 𝑓, . Furthermore, the multiplication of complex signals does not cause information to appear at
0 Hz, as it happens with real signals, since these components are canceled in the multiplication process.
Therefore, the resulting signal after beamforming only has the component in 2𝑓, , hence, it does not need bandpass filtering.
Although this technique improves the quality of the reconstructions, it does not make the lateral lobes
disappear. To minimize them, adaptive algorithms, such as MV can be used [12]. The beamformed signals are
given by
&

𝐼&- " (𝑡) = , 𝑤!" 𝑥! (𝑡 − ∆!" ),

(3)

!'(

where 𝑤!" are weighting factors. The success of adaptive algorithms lies in the calculation of the optimal
weights based on the received signal. The vector of weights that maximizes the SINR (signal-to-interferenceplus-noise-ratio) is defined as
𝑊./0 =

𝑅+( 𝑎
,
𝑎1 𝑅+( 𝑎

(4)

where 𝑅 is the covariance matrix (interference-plus-noise) and 𝑎 the steering vector, which will be a vector of
ones, since a response without distortion is assumed and the signals from the different transducers have been
aligned [12]. However, in practice 𝑅 is not known, therefore, it is estimated using the covariance matrix (𝑅:)
of the received signals using the 𝑁 samples received in the 𝑀 elements of the transducer as
𝑅: = 𝑋2 𝑋2 1 ,

(5)

where 𝑋2 is the matrix of delayed signals. To obtain better results, a spatial and temporal averaging can be
performed, by windowing the M elements of the transducer in windows of L elements, using K samples before
and after the calculated sample. In this case, it has been applied an spatial averaging considering a window of
𝐿 = 𝑀/2.
The DMAS technique, as its name suggests, has a simple sum in each term. This sum is the common part with
the classic DAS technique. If, instead of using DAS for each term, the adaptive weighted sum MV is used, the
MV-DMAS technique is obtained [10]. In this case the signal intensity is given by
&

&

𝐼&-+#&$% " (𝑡) = , 𝑥! (𝑡 − ∆!" ) ? , 𝑤)" 𝑥) @𝑡 − ∆)" AB .
!'(

(6)
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In addition to these beamforming algorithms, a coherence factor (CF), which has already been used for
ultrasonic imaging [13], can also be employed in photoacoustic. It is based on applying a weight function to
each pixel, which is neither linear nor adaptive, to drastically reduce the side lobes [14]. It involves multiplying
the beamforming of each pixel by its CF, which is defined as
𝐶𝐹 =

5
(∑&
!'( 𝑥! (∆! ))
.
5
𝑀 (∑&
!'((𝑥! (∆! )) )

(7)
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2.2

Evaluation of the beamformers

2.2.1 Numerical simulations
The reconstruction algorithms described above have been numerically evaluated using the k-Wave tool. For
the simulation, an area of 100 mm x 60 mm has been simulated using an orthotropic mesh of 10 µm, resulting
in 10000 rows x 6000 columns. The size of the Perfectly Matched Layer (PML) is 4 mm, surrounding all four
sides of the simulated area. The medium was water, 1445 m/s is set as the speed of sound and 1000 kg/m6
as the density. The attenuation of ultrasound in water has been neglected. The design of the initial pressure
distribution produced by the simulated photoacoustic effect should allow an easy comparison and evaluation
of the different image shaping algorithms that are implemented. To do this, an initial pressure consisting of a
series of discs of diameter 0.1 mm placed on the vertical axis (90 ° with respect to the sensor) spaced 10 mm,
from 10 mm to 80 mm of depth has been configured. A 128-element linear phased array with a pitch of 3 mm
and a central frequency of 7.6 MHz has been simulated. A sampling frequency of 30.4 MHz has been selected.
With these characteristics, the maximum frequency supported in the simulation is 72.25 MHz, which is large
enough considering the central frequency of the transducer, which has been set at 7.6 MHz. White noise has
been added to the simulated sensor data, setting the SNR to 50 dB.
2.2.2 Experimental setup
A gelatin phantom with a sound propagation speed of 1525 m/s, whose properties are similar to those of soft
tissues [15], has been fabricated. Eight black nylon threads of 0.1 mm in diameter separated by 5 mm, who
will act as chromophores, have been evenly located through the gelatin, crossing transversally the sample. For
the laser excitation, an OPO (Optical Parametric Oscillator) laser tuned at 532nm wavelength and with 10 Hz
pulse repetition rate (EKSPLA-NT350) has been used, complemented with a beam expander that magnifies
the collimated beam to achieve a 20 mm diameter illumination area, representing the maximum image field of
view, and with average pulse energy of 60 mJ. A Verasonics Vantage 2567& ultrasound phased-array system
has been used for the registration of the ultrasonic signals emitted by the chromophores of the phantom. To
synchronize the laser and the acquisition system a trigger signal was sent from the phased-array to a function
generator, which generated a rectangular pulse whose duration determines the energy emission of the laser
pulse, as shown in Figure 1.
a)

b)

Figure 1. Experimental set-up (a) diagram and (b) photograph.
4
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2.2.3 Parameters
Full width at half maximum (FWHM) was measured to quantify the performance of the reconstruction
algorithms. FWHM indicates the minimum distance that two-point sources can be separated so that their image
is interpreted as two independent sources. To calculate it, the lateral distance (width) of the main lobe at half
the maximum power of the reconstructed image has been considered.
To evaluate the contrast between signal and noise, SNR has been calculated as
𝑆𝑁𝑅 = 10 log!"

𝑃#$%&'(
,
𝑃&)$#*

(8)

where 𝑃8!9:;< and 𝑃:.!8= are calculated considering the intensity of the image at the zones marked in Figure 2
as the power signal and noise regions.

Figure 2. Initial pressure distribution for the simulation. Color bar represents power in a 80dB logarithmic
scale. A small region around the first absorbent is represented, in which (a) the signal and noise areas to be
considered and (b) the detail of the first absorbent (b) have been marked; these proportions are maintained for
all sources, from 10 mm to 80 mm.

3
3.1

Results
Numerical results

As the sensor simulated is a linear array, the Point Spread Function (PSF) is not symmetric and the lateral and
axial resolution do not depend on the same factors. The axial resolution is limited by the bandwidth and
frequency of the signal, which are linked in photoacoustic imaging by the attenuation of the medium and the
bandwidth of the receptor. Since the simulated medium is water, the attenuation is almost negligible for the
range of frequencies used in this study. The main limitation for the axial resolution is the frequency response
of the array. As shown in Figure 3, the axial resolution does not vary with depth neither in DAS nor in DMAS.
On the contrary, the lateral resolution is highly influenced, besides the above factors, by the effective aperture
of the array, i.e., the f-number, and, therefore, it does vary with depth.
The main effect of DMAS (Figure 3(c, d)) is to boost the signal with respect to background noise, however,
the main lobe is too wide, and this means that reconstructions with this technique will not have good resolution.
To improve this aspect, the use of adaptive methods becomes necessary. The combination of MV (Figure 3 (g,
h)), which improves resolution, and DMAS, which enhances the sources with respect to the background,
maintains the good properties of both techniques (Figure 3(i, j)). Finally, the CF has been applied on DAS and
5
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MV-DMAS (Figure 3(e, f, k, l)) showing that lateral lobes are improved using the CF in both techniques as
compared to Figure 3(a, b, i, j).

Figure 3. Numerical reconstructions at 40 and 80 mm depth using different beamformers.
To understand and evaluate how the source reconstruction varies depending on depth and the beamforming
algorithm used, the lateral and axial profiles of the sources located at 40 mm and 80 mm depths have also
been studied. Figure 4 illustrates the lateral and axial profiles obtained using different reconstructions methods,
being expressed in power logarithmic scale. Note that no limitation in the dynamic range is set. Since it is a
simulation, the initial pressure distribution is known so, to use it as a size reference, the profile of the initial
pressure distribution has also been included and labelled as “Simulated”.

Figure 4. (a, b) Lateral and (c, d) axial profiles of the numerical reconstructions and (e) FWHM depending on
depth and the beamforming algorithm used for a source of 0.1 mm.
As shown in Figure 4(a, b), increasing depth increases the width of the main lobe for all the algorithms. The
DMAS, compared to the DAS, increases the difference between the signal and noise levels and vaguely reduces
the width of the main lobe, but does not make the secondary lobes disappear. The MV algorithm manage to
almost eliminate the side lobes, however the MV-DMAS combination slightly reintroduces the lateral lobes of
6
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the DMAS, although reducing both the width of the main lobe and the baseline level with respect to the
standard MV. Axial resolution (Figure 4(c, d)) is less variable in depth and between algorithms than lateral
resolution. The main difference in the axial profile is observed between the MV-DMAS algorithm and the
others, since it slightly reduces the width of the main lobe and considerably reduces the background noise level
of the image. Regarding lateral resolution, as shown in Figure 4(e), adaptive algorithms practically maintain
the FWHM with depth, while non-adaptative DAS and DMAS increase the width of their main lobe linearly
as the depth increases. This result is consistent with the discussion in the previous sections.
Finally, regarding the signal to noise ratio (SNR), the one with the best ratio is the MV-DMAS CF method,
which is also capable of keeping it practically constant around 44, as shown in Table 1.
Table 1. SNR as a function of depth and the beamforming algorithm used.
Depth

3.2

(mm)

DAS
(dB)

DAS CF
(dB)

DMAS
(dB)

MV
(dB)

MV-DMAS
(dB)

MV-DMAS
CF
(dB)

10

36.0

39.8

38.7

41.1

43.5

44.2

20

36.9

39.7

38.8

41.6

43.5

44.2

30

37.3

39.9

39.1

41.9

43.9

44.2

40

37.3

39.8

39.1

41.7

43.7

44.2

50

37.1

39.6

38.8

41.1

43.5

43.9

60

37.6

40.1

39.3

42.6

44.1

44.3

70

37.3

39.8

38.9

42.2

43.9

44.3

80

37.6

40.0

39.2

42.4

43.6

44.2

Experimental results

To obtain the experimental data at different depths, several measurements were made with the laser
illuminating the different absorbers threads. The reconstructions of one of the excitations are shown below.
The upper part of the phantom, where there was no signal, has been omitted in the images because the laser
was not exciting those absorbers. The pixel size is 50 µm x 50 µm.

Figure 5. Experimental reconstructions.
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The laser beam was centered at 50 mm depth and it can be seen that the absorber at 51.4 mm receives the
maximum energy. The others have not received as much energy as the central one and, therefore, the emitted
signals are weaker. This is noticeable for all algorithms, but it is especially significant in the adaptive ones
since they enhance more the areas in which there are abrupt pulses. The main difference between threads at
different depths is the maximum power level of each lobe, which is maximum for the central thread , whose
profiles are represented in Figure 6(a, b). In this figure, it can also be seen that the dynamic range of 80 dB is
not the optimum for the MV-DMAS CF, which would be best represented with a dynamic range of 200 dB,
which is why results in Figure 5(c, f) have been represented with more dynamic range than the rest.

Figure 6. (a) Lateral and (b) axial profiles of the experimental reconstructions for the central thread, located
at 51.40 mm depth. (c) Dependence of FWHM with depth.
MV-DMAS CF considerably improves resolution and SNR for both the central thread and its neighbors. To
evaluate this quantitatively, the same parameter as for the numerical case has been used and, as shown in
Figure 6(c), depth plays a fundamental role in the lateral resolution for the non-adaptive algorithms, since with
just 15 mm extra in depth there is a difference of about 0.05 mm in the FWHM. However, for the adaptive
algorithms, the position of the center of the laser spot becomes more important since they are just based on
enhancing where there is already more signal. Therefore, when performing the linear adjustment of the data,
it is found that the FWHM grows linearly with depth for non-adaptive techniques (blue and yellow lines in
Fig. 6(c)), while for adaptive algorithms (red and purple lines) depth does not govern the FWHM. The location
of the center of the laser spot area for MV and MV-DMAS has a greater effect than for non-adaptive
algorithms. Therefore, the dependence of FWHM with depth does not grow linearly. Data does not fit to an
increasing line with depth as in the simulation, where all sources had the same power, but the best resolutions
are obtained for the thread located at 51.4 mm, which is the closest to the center of the laser spot.
Finally, the SNR has been evaluated and the obtained results are presented in Table 2. The greatest contrast
between the signal and the background, as advanced by the results of the previous sections, is obtained for the
central thread (51.400 mm) in all the reconstruction algorithms used. The thread at the top (46.852 mm), in
most cases, has a better ratio than the bottom one (55.957 mm) because the center of the laser was slightly
offset upwards. Furthermore, it is quantitatively confirmed that the MV-DMAS CF is the algorithm with the
best SNR.
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Table 2. Experimental SNR for the three ranges of depth.

4

DAS
(dB)

DAS CF
(dB)

DMAS
(dB)

MV
(dB)

MV-DMAS
(dB)

MV-DMAS CF
(dB)

Upper

29.7

32.3

31.8

30.2

34.5

36.4

Central

34.7

37.7

37.0

30.0

43.2

44.6

Lower

27.9

30.8

30.2

28.6

33.7

36.2

Conclusions

In this study we quantify the performance of several reconstruction algorithms for photoacoustic tomography.
A PAT system was developed using a linear array, and several reconstruction algorithms were implemented.
In particular, Delay and Sum (DAS), Delay Multiply and Sum (DMAS), Minimum Variance (MV) and MVDMAS have been numerically and experimentally evaluated, along with the coherence factor. It is observed
that, under realistic conditions, the DAS algorithm involves low-resolution reconstructions and prominent
lateral lobes, as observed in both numerical and experimental results. This makes it necessary to use more
complex algorithms to compensate the limited-aperture detector. After the implementation and the numerical
and experimental evaluation of both the adaptive and non-adaptive algorithms, it is concluded that the nonadaptive algorithms (DAS and DMAS) are more appropriate for real-time image reconstruction of large
scenarios, they allow obtaining a general image of the reconstructed scenario in real time. In this way, nonadaptive algorithms are especially useful for applications in which the goal is to quantify the concentration of
a particular photoacoustic contrast or to visualize large objects. However, adaptive algorithms (MV and MVDMAS) provide high resolution and high contrast images. Therefore, they are best suited when looking to
image small and close objects and identify them as two different entities. It should be noticed that they can
differentiate very close objects, but they could also give a wrong perception of the real dimension of the object.
Finally, it is concluded that the CF improves the properties of the reconstructed images for all cases.
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Abstract
Ultrasonic Metal Welding is a friction welding process that relies on transmitting horizontal vibrations from a
piezoelectric transducer to the workpieces that should be welded. The last part of this transmission chain, and
the main component that transmits vibrations to the workpieces, is the horn. Although widely used, ultrasonic
metal welding still suffers from fluctuations in the strength of the weld that it produces. In addition, and though
the welding frequency is mainly around 20 kHz, measurements of the vibrations of the horn during welding
show nonlinear vibrations with additional spectral components in the whole measurement range, up to
120 kHz. These extra vibrations might be a source of problems during welding as well as a source of
information. Therefore, a better understanding of the vibrational field in the horn is needed. In this work, the
eigenmodes of the horn are simulated and analysed, and potentially problematic modes of vibration are
identified.
Keywords: Ultrasonic Metal Welding, modal analysis, vibroacoustics, simulations

1

Introduction

Ultrasonic Metal Welding (USMW) is a type of friction welding that is often used for electronics, for example
in welding battery tabs [1]. Despite its wide industrial use, the strength of the welds produced in USMW still
fluctuates from weld to weld, and finding the right welding parameters for a specific welding configuration
can take time and trial and error. The exact causes of the strength fluctuations are still unknown, as there are
many parameters which can affect the weld formation. Even the exact way the weld formation takes place is
still a subject of study, with new theories being proposed as recently as 2020 [1].
Put simply, USMW happens in the following way: the workpieces, the metal sheet which are meant to be
welded, are placed on top of each other on a machine component called anvil. Then, another component of the
machine, called horn or sonotrode, compresses the workpieces against each other and against the anvil by
applying a downward vertical force on them. A transducer then generates horizontal vibrations, which are
transmitted to the horn via a component called “booster”. The horn then starts to vibrate sinusoidally along the
horizontal direction at a frequency around 20 kHz and a displacement amplitude of about 20 µm. In doing so,
the horn, top worksheet, bottom worksheet and anvil move relative to each other, creating friction at the
interfaces, and ultimately leading to the formation of a weld between the top sheet and bottom sheet [1][2].
In reality, the actual vibrations of the horn are more complex. Measurements [3][4] have shown that, during
welding, the horn vibrates at many frequencies other than the welding frequency. These frequencies include
harmonics of the welding frequency, but also other frequencies as well. It is assumed that the additional
frequencies are created in a nonlinear process in the excitation by the transducer. Such frequencies of vibrations
were measured by the authors at the welding tip of the horn, a few centimeters above the interface between the
1

911

top workpiece and the horn as seen in Figure 1, and include frequencies both higher and lower than the welding
frequency. The experimental data and the experimental procedure were already presented in [3], but only part
of the results were presented in those papers.
As the horn is excited at multiple frequencies, it is possible that some of those frequencies significantly excite
eigenmodes of the horn. It is possible that some of those eigenmodes include a notable displacement of the
welding tip of the horn in the vertical direction, into and away from the workpieces, which might affect the
force applied by the horn on the workpieces. USMW, as its categorisation as a friction welding process
suggests, relies heavily on the friction between the horn, the workpieces and the anvil. Friction itself depends
heavily on the force applied by the horn on the workpieces, as well as the relative displacements between them.
Therefore, the welding process might be affected by these extra frequencies, and better knowledge of the
movement of the welding tip of the horn during welding is needed. Some displacement of the horn into the
workpieces is already an integral part of USMW, with typical penetration depths starting at around 100 μm
and increasing with welding time [5].
The goal of this paper is to offer insight into USMW by studying the vibrations of the horn, the machine
component directly responsible for welding. In this study, a modal analysis of the horn vibrations via
simulations is done. The eigenfrequencies of the horn are derived and compared to experimental
measurements. Since a very important factor for the formation of a weld in USMW is friction, and friction
depends directly on the vertical force applied by the horn on the worksheets, the eigenmodes are investigated
as well to see whether they might affect the force applied by the horn on the worksheets. One should note two
elements: first, the horn is modelled as a LTI system in this study. Second, this study was done for a single
horn geometry. In USMW, horn geometries are highly variable, and are often customised to the type of weld
required. Therefore, the results shown in this study should not be generalised blindly to any horn geometry,
but should rather be taken as a case example, and the results should be extended to multiple horn geometries.

2

2.1

Measurements and simulations

Experimental data acquisition

The experimental data and the experimental procedure were already presented in [3], but only part of the results
were presented in those papers. A short recapitulation of the measurement procedure will be given here. For
more information on the welding parameters, the reader is invited to refer to [3].

Figure 1: Measurement point on the horn, in the white circle (repeated from [3])
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The vibrations of the horn were measured during welding along the direction of welding using a Polytec CLV2534 laser Doppler vibrometer, which measured the velocity of the horn. The velocity was later integrated to
get the displacement vibrations. The measurement point was taken a few centimetres above the top sheet-horn
interface, as shown in Figure 1. The workpieces welded were CW-008A copper sheets, of dimensions 125 mm
x 45 mm x 0.5 mm (length x width x thickness), welded along the width. The amplitude of vibration of the
horn at the welding frequency was 25 µm. The sampling rate of the measurement system was 250 kHz, and
the vibrations were measured up to 125 kHz.
The direction of measurement is important to note, because no vibrations in other directions were measured.
This means that no information about the vibrations of the horn in any other direction, for example vertically,
is available.
2.2

Simulation setup

2.2.1 Simulation parameters
The simulations were done in COMSOL 5.5 using the Structural Mechanics component of the Acoustics
module. The simulations used Finite Element Methods with quadratic elements, and with at least six mesh
elements per wavelength. The material of the horn is assumed to be structural steel (the exact material was not
given by the manufacturer), and the material properties used were the default properties in COMSOL. The
highest frequency studied was 62 kHz, and the maximum element size was 0.0148 m. The study settings
include geometric nonlinearities, and the modal search was done for 42 modes, which covered modes up to a
little more than 60 kHz. The rest of the settings were the default settings in COMSOL.
The 3D model of the horn was provided by the Welding and Joining Institute, RWTH Aachen, and is shown
in Figure 2. The length of the horn is along the x direction, the direction of vibration of the horn during welding.
The z direction is the vertical direction, in which the horn applies the constant force against the workpieces
and anvil. The horn has a length of 14.83 cm. The welding area, shown in green in Figure 2 (b), has knurls
which dig into the upper workpiece. The knurls have 0.8 mm base side, 300 μm height and 90° apex angle.

welding area

Figure 2: CAD model of horn (a) without the bolts and (b) with the bolts, shown as red lines. Dashed lines
mean that the bolt goes through the horn, and full lines mean that the bolt is outside the horn. At the welding
tip, the welding area, in green, is the area in contact with the upper worksheet.
2.2.2 Excitation and boundary conditions
Before the boundary conditions applied on the model are explained, the forces which act on the horn during
welding and the expected modal behaviour of the horn should be described.
At x=0 m, shown on Figure 2, the horn is connected to the booster via a two-ended bolt, which runs through
both of them. During welding, the vibrations of the booster are transmitted to the horn via this bolt and contact
3
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between the horn and booster surfaces. The forces applied on the horn at x=0 m are a constant vertical force
along the negative z axis, and a sinusoidal excitation force along the x axis: the welding excitation force. These
forces are distributed along the bolt threads. Furthermore, a few centimetres forward along the x axis, another,
smaller bolt runs radially through the horn from its outside perimeter makes contact with the two-ended bolt.
This radial bolt is used to strengthen the connection between the booster and the horn. Therefore, the horn has
an antinode of 20 kHz at x=0 m by design.
At x=0.1483 m, where the horn is in contact with the upper worksheet, there is another antinode of 20 kHz.
m
Indeed, the wavelength of the longitudinal wave in the horn at 20 kHz is 5900 s / 20 kHz=0.295 m, where
5900 is the speed of sound of the longitudinal wave in structural steel; this is double the horn length. Therefore,
there is half a wavelength of 20 kHz in the horn, with two antinodes of opposite phase: one at x=0, and the
other at x=0.1483 m. It is therefore expected for the horn to have a compression-elongation behaviour at
20 kHz. Furthermore, at x=0.1483 m, the forces applied on the horn are a vertical force in the positive z
direction, the reaction to the force applied by the horn on the workpiece, and a friction force which resists the
movements of the horn. In addition, it is expected that, at the welding tip, the horn amplifies frequencies
received at x=0 m. Frequencies received from the transducer would then be amplified at the welding tip,
leading to a more efficient welding.
Between the two antinodes, at x= 0.075 m, is a node of the 20 kHz wave, with minimal vibrations. At the
position of the node is a curved slit on the upper side of the horn. In this curved slit, perpendicular to the length
of the horn, is placed a bolt. Via this bolt, the USMW machine applies a vertical force on the horn in the
negative z direction. Furthermore, due to its threads and its position at the bottom of a curve, the bolt also
applies a frictional resistance to vibrations along the welding direction. Since this bolt is placed at a node of
the 20 kHz wave, it does not affect its propagation much, but dampens the vibrations at other frequencies, such
as 40 kHz for example, which would have an antinode at that position. Furthermore, at this position, there is
also another bolt, which touches the perimeter of the horn. This bolt is merely placed on the horn, not tightened
against it. This bolt would not cause resistance against movement in the welding direction, but would resist
any radial motion that pushes against it, for example in bending modes.
In this study, only the contact with the bolt in the curve was modeled using a fixed boundary condition. No
other boundary conditions were applied on the horn.

3

3.1

Results

Measurement results

Figure 3: Frequency plot of horn vibrations
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Figure 3 shows the frequency plot of 27 measurements of the horn vibrations. The different colours in the plot
represent the different measurements. Since information on a specific measurement is not relevant for this
analysis, a legend was not added to the plot for better readability. Furthermore, since the peaks have a certain
width, have sometimes many smaller peaks close to them, and there are slight differences (less than 50 Hz)
between different measurements, the frequencies with the highest amplitudes were chosen.
From Figure 3, it is clear that the peaks of all 27 measurements overlap very well. The welding frequency and
its first two harmonics are visible at 20.28 kHz, 40.56 kHz and 60.85 kHz. Other frequencies are visible as
well, and seem to be harmonics of a fundamental frequency 6.62 kHz. The harmonic series is given by
𝐹𝑇ℎ𝑒 = 6.62 𝑘𝐻𝑧 ∗ 𝑛

(1)

where n =1, 2, …
Table 1 lists the peak frequencies of Figure 3 in the row 𝐹𝑀𝑒𝑎𝑠 , the theoretical harmonics in row 𝐹𝑇ℎ𝑒 , and the
difference between them. The difference between the theoretical frequencies and the measured frequencies is
given in the row Difference and calculated by:
𝐷𝑖𝑓𝑓𝑒𝑟𝑒𝑛𝑐𝑒(%) =

|𝐹𝑇ℎ𝑒 − 𝐹𝑀𝑒𝑎𝑠 |
∗ 100%
𝐹𝑇ℎ𝑒

(2)

where 𝐹𝑇ℎ𝑒 is the theoretical frequency and 𝐹𝑀𝑒𝑎𝑠 is the measured frequency.
Table 1: Peak frequencies from measurements, theoretical harmonics, and their differences
multiple
1
6.62
𝐹𝑇ℎ𝑒 (kHz)
6.62
𝐹𝑀𝑒𝑎𝑠 (kHz)
Difference (kHz)
0
Difference (%)
0.00
multiple
10
66.2
𝐹𝑇ℎ𝑒 (kHz)
67.45
𝐹𝑀𝑒𝑎𝑠 (kHz)
Difference (kHz) 1.25
Difference (%)
1.89

2
13.24
13.68
0.44
3.32
11
72.82
74.55
1.73
2.38

3
19.86
20.28
0.42
2.11
12
79.44
81.13
1.69
2.13

4
5
6
7
8
9
26.48 33.1 39.72 46.34 52.96 59.58
26.89 33.97 40.56 47.18 54.29 60.85
0.41 0.87 0.84
0.84
1.33
1.27
1.55 2.63 2.11
1.81
2.51
2.13
13
14
15
16
17
18
86.06 92.68 99.3 105.92 112.54 119.16
87.76 94.31 101.4 108.0 114.6 121.7
1.7
1.63
2.1
2.08
2.06
2.54
1.98 1.76 2.11
1.96
1.83
2.13

From Table 1, the measurement frequencies seem to fit the theoretical harmonic series quite well, with
differences of less than 4% for all frequencies. The 20.28 kHz frequency has the highest amplitude, and
contributes the most to the movement of the horn tip in the welding direction. Compared to the welding
frequency, all other frequencies have much smaller amplitudes. The next frequencies with the largest
amplitudes are 60.85, 40.56 and 81.13 kHz, with amplitudes larger than 0.1 μm, all harmonics of the welding
frequencies, while the other ones have amplitudes. The other frequencies all have amplitudes ranging between
0.004 μm and 0.089 μm. The latter is reached by the 6.62 kHz frequency, the fundamental of the harmonic
series.
Table 2 lists the displacement level 𝐿𝐷𝑖𝑠𝑝 in dB re 1 pm of the measured displacement of the horn in the welding
direction, in the x-direction, for each peak frequency. 𝑥𝑚𝑒𝑎𝑠,𝑝𝑒𝑎𝑘 shows the amplitude of the displacement at
each measurement frequency in the x direction, calculated from 𝐿𝐷𝑖𝑠𝑝 . The amplitude of vibration of the horn
changes during welding, so 𝑥𝑚𝑒𝑎𝑠,𝑝𝑒𝑎𝑘 only shows a peak amplitude averaged over the entire welding.
Example figures can be seen in [3]. 𝑥𝑚𝑒𝑎𝑠,𝑝𝑒𝑎𝑘 for any frequency 𝑓 is calculated by:
𝑥𝑚𝑒𝑎𝑠,𝑝𝑒𝑎𝑘 (𝑓) = √10

𝐿𝐷𝑖𝑠𝑝 (𝑓)
⁄10

∗ (1𝑒 − 12)2 ∗ 2

(3)
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From Table 2, it is clear that the 20.28 kHz frequency has the highest amplitude, and contributes the most to
the movement of the horn tip in the welding direction. Compared to the welding frequency, all other
frequencies have much smaller amplitudes. The next frequencies with the largest amplitudes are 60.85, 40.56
and 81.13 kHz, with amplitudes larger than 0.1 μm, all harmonics of the welding frequencies, while the other
ones have amplitudes. The other frequencies all have amplitudes ranging between 0.004 μm and 0.089 μm.
The latter is reached by the 6.62 kHz frequency, the fundamental of the harmonic series.
Table 2: Amplitude of the displacement of the peak frequencies
6.62 13.68 20.28
𝐹𝑀𝑒𝑎𝑠 (kHz)
𝐿𝐷𝑖𝑠𝑝 (dB re 1 pm) 216
210
256
0.089
0.045
8.923
𝑥𝑚𝑒𝑎𝑠,𝑝𝑒𝑎𝑘 (𝜇𝑚)
67.45 74.55 81.13
𝐹𝑀𝑒𝑎𝑠 (kHz)
𝐿𝐷𝑖𝑠𝑝 (dB re 1 pm) 203
196
221
𝑥𝑚𝑒𝑎𝑠,𝑝𝑒𝑎𝑘 (𝜇𝑚) 0.020 0.009 0.159

3.2

26.89
209
0.040
87.76
202
0.018

33.97
202
0.018
94.31
189
0.004

40.56
222
0.178
101.4
214
0.071

47.18
197
0.010
108.0
205
0.025

54.29
198
0.011
114.6
189
0.004

60.85
235
0.795
121.7
210
0.045

Simulation results

In total, 42 modes were calculated. Of those 42 modes, only a select few are presented here. The eigenmodes
presented in this paper are the ones, which correspond best to the movement of the horn during welding, and
which could be measured by the laser vibrometer, so which involved the vibration of the welding tip chiefly
in the x direction, rather than in the y- or z -directions. The choice of which eigenmodes to show in this paper
and which to discard was done manually by the authors, and was based on their knowledge of USMW to
estimate the plausibility of occurrence of a specific modal behaviour during welding. For this estimate, two
elements were taken into account: the closeness of a simulation eigenfrequency to a measured frequency, and
the expected effect of the other boundary conditions, not included in the simulations but described in section
2.2.2. In other words, eigenmodes such as, for example, bending modes in the y-direction, torsional modes and
modes which did not move the welding tip, or modes which are improbable because of the boundary conditions
not included in the simulations and described in section 2.2.2, were discarded.
The eigenfrequencies are listed in section in section 3.2.1, and the eigenmodes are shown in section 3.2.2.
3.2.1 Eigenfrequencies
Table 3 lists the eigenfrequencies 𝐹𝑆𝑖𝑚 of the relevant modes. The difference in percentage is calculated as
𝐷𝑖𝑓𝑓𝑒𝑟𝑒𝑛𝑐𝑒 =

|𝐹𝑆𝑖𝑚 − 𝐹𝑀𝑒𝑎𝑠 |
∗ 100%
𝐹𝑀𝑒𝑎𝑠

(4)

Table 3: Comparison of measurement frequencies with simulation eigenfrequencies
6.62 13.68 20.28 26.89 33.97 40.56 47.18 54.29 60.85
𝐹𝑀𝑒𝑎𝑠 (kHz)
NA 12.67 19.53 26.61 33.82 NA 49.44 54.36 61.69
𝐹𝑆𝑖𝑚 (kHz)
Difference (kHz) NA 1.01 0.75 0.28 0.15
NA
2.26 0.07 0.84
Difference (%)
NA 7.38 3.70 1.04 0.44
NA
4.79 0.13 1.38
From Table 3, most of the measurement frequencies had corresponding eigenmodes, including the welding
frequency, with some differences in frequencies. For most of the measured frequencies, the difference between
simulated and measured frequency was less than 5%, except for the 13.68 kHz frequency with a difference of
7.38%. Based on the difference in kHz, though, the difference is less than 1 kHz for all frequencies except for
6
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the measurement 13.68 kHz and 47.18 kHz. For frequencies less than the first harmonic of the welding
frequency, 40 kHz, the simulation eigenfrequencies are smaller than the measured frequencies. For frequencies
above 40 kHz, the eigenfrequencies are higher than the measured frequencies.
No suitable eigenmodes were found for the 6.62 kHz and 40.56 kHz measurement frequencies. The letters NA,
standing for Not Applicable, were used to fill their respective columns.
3.2.2 Eigenmodes
Figures 4 to 10 show the eigenmodes of the frequencies. The colour map shows the absolute value of the
displacement in the x direction over the entire modal cycle of displacement: red denotes large movements in
the x direction, and blue denotes small movements. The wireframe in the plots shows the rest position of the
horn. Note that the displacements shown in the figures were amplified 100 times for better visibility.

Figure 4: 12.67 kHz

Figure 7: 33.82 kHz

Figure 5: 19.53 kHz

Figure 8: 49.44 kHz

Figure 9: 54.36 kHz

Figure 10: 61.69 kHz

Figure 6: 26.62 kHz
Starting with the 19.53 kHz eigenmode, the closest to the welding frequency, shown in Figure 5: this mode is
a translational mode along the welding direction with almost no movement in the z direction, an antinode at
the connection with the booster, another antinode at the welding tip, and a node around the middle of the horn,
at the curved slit. Furthermore, the amplitude of the displacement at the welding tip, 0.16 µm, is double the
displacement at the back, 0.08 µm. These elements were expected and described in section 2.2.2.

7

917

Looking at the other modes, all of them show amplification of the vibration amplitude from the excitation point
of the horn, always in a shade of blue, to the welding tip, always in red. Similar to the 19.53 kHz eigenmode,
they all show differences between their eigenfrequencies and the measurement frequencies. Furthermore, all
of them also show noticeable displacement in the z direction, in addition to a displacement in the x-direction.
These displacement are shown in more detail in Table 4.
To look at the displacement of the welding area of the horn in the x and z directions, 𝑥𝑠𝑖𝑚 and 𝑧𝑠𝑖𝑚 , a point
was taken in the center of the welding area of the horn, the area in contact with the upper worksheet. 𝑥𝑠𝑖𝑚 and
𝑧𝑠𝑖𝑚 therefore show the movement of this point in the welding direction and normal to the workpiece when an
eigenmode is excited. The ratio between them is given by 𝑧𝑠𝑖𝑚 /𝑥𝑠𝑖𝑚 . The last row of the table shows the
expected displacement of the welding area along the z-direction during welding, 𝑧𝑒𝑥𝑝𝑒𝑐𝑡𝑒𝑑 , calculated as:
𝑧𝑒𝑥𝑝𝑒𝑐𝑡𝑒𝑑 = 𝑥𝑚𝑒𝑎𝑠,𝑝𝑒𝑎𝑘 ∗

𝑧𝑠𝑖𝑚
𝑥𝑠𝑖𝑚

(5)

𝑧𝑒𝑥𝑝𝑒𝑐𝑡𝑒𝑑 is, of course, not representative of what actually happens during the actual welding. It allows us to
compare the amplitude of displacement in the z-direction of our simulated eigenmodes while accounting for
the difference in amplitude of the welding frequencies.
Table 4: Displacement along welding direction (x axis) and into the worksheets (z axis) of each eigenmode
Simulation (kHz) NA 12.67
NA 0.162
𝑥𝑠𝑖𝑚 (μm)
NA 0.098
𝑧𝑠𝑖𝑚 (μm)
NA 0.602
𝑧𝑠𝑖𝑚 ⁄𝑥𝑠𝑖𝑚
𝑥𝑚𝑒𝑎𝑠,𝑝𝑒𝑎𝑘 (μm) 0.089 0.045
𝑧𝑒𝑥𝑝𝑒𝑐𝑡𝑒𝑑 (μm)
NA 0.027

19.53
0.143
0.006
0.042
8.923
0.375

26.61
0.133
0.038
0.286
0.040
0.011

33.82 NA 49.44
0.134 NA 0.155
0.043 NA 0.046
0.326 NA 0.296
0.018 0.178 0.010
0.006 NA 0.003

54.36
0.138
0.014
0.100
0.011
0.001

61.69
0.160
0.013
0.081
0.795
0.065

From Table 4, the highest 𝑧𝑒𝑥𝑝𝑒𝑐𝑡𝑒𝑑 is 0.375 μm at 19.53 kHz, the welding frequency, although its
𝑧𝑠𝑖𝑚 ⁄𝑥𝑠𝑖𝑚 coefficient is the smallest. The second highest 𝑧𝑒𝑥𝑝𝑒𝑐𝑡𝑒𝑑 comes from the second harmonic,
61.69 kHz, with a displacement of 0.065 μm, followed by 12.67 kHz with a displacement of 0.027 μm and
26.61 kHz with 0.011 μm. The other frequencies have displacements of less than 0.01 μm.

4

Discussion

From Figure 3, the overlap of the frequencies in all measurements shows that the measurement is repeatable,
and these frequencies should be expected in other welding situations if the same horn geometry as the one
studied in this paper is used. Looking at the measurement results in Table 3, since the peaks found in the
measurements fit a harmonic series so well, it is highly likely that these harmonics come from the transducer
itself, rather than be generated by other elements in the transmission chain from transducer to horn. These
frequencies could be a by-product of generating the welding frequency. It is possible that the friction on the
horn during welding puts extra strain on the transducer, driving it into a non-linear regime in which the
frequencies other than the welding frequency are more pronounced. Such excitation, small at the output of the
transducer, would then excite modes of the horn and be amplified at the welding tip.
In the simulations, the eigenmode found at 19.53 kHz fits the description of the horn vibration during welding
well: the movement pattern it displays corresponds well to the expected behaviour of the horn during welding.
This is a first indication that the simulations were set up correctly. Such a translational displacement with very
little variations in the z direction, combined with a normal force into the workpiece, would create controllable,
repeatable friction between the horn and the upper worksheet. The difference between the measured and
welding frequency is small, and can be seen as a natural occurrence of the simulation limitations.
8
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The differences between the simulation eigenfrequencies and the measurement frequencies could be due to
multiple factors: differences in the material properties between the horn model and the real horn, not adding
all boundary conditions, and the non-ideal modelling of boundary conditions. These points are all limitations
of the simulations done here. Nevertheless, a good agreement was reached in some cases: the modal behaviour
of the welding frequency is as expected in real measurements, and the difference in calculated frequency was
small. All calculated eigenfrequencies are similar to the measured eigenfrequencies, with differences of less
than 10%, and often less than 5%. There is therefore good agreement between the modal analysis and the
experimental measurements.
No eigenmode was found to fit the 40 kHz measurement frequency. This makes sense, because such a mode
would have an antinode at the curved slit, where a fixed boundary condition is applied during welding. As for
the 6.62 kHz measurement frequency, no corresponding eigenmode was found. This could be due to the
differences between the simulation setup and the forces which are applied on the horn during actual welding.
It is possible that one such mode could be found if more boundary conditions are applied in the simulation.
Looking at the changes in the z direction, it is clear that the highest displacement comes from the welding
frequency. Even combining the displacement of all frequencies coherently, the total average displacement
would still be less than 1 μm. This is three orders of magnitude less than the depth of the horn knurl, 300 μm,
and the penetration of the horn into the workpiece. It is safe to assume that the horn is always in contact with
the workpiece, and that the horizontal excitation of the workpiece is always happening. However, this does
not give us an indication of whether the vertical force applied by the horn on the workpiece fluctuates at any
of the frequencies excited. This might also be frequency-dependent, since vertical displacements of similar
amplitudes are found for frequencies both noticeably higher and lower than the welding frequency.
From the results of this study can be suggested a hypothesis to explain the frequency content of the
measurement results: during welding, the transducer generates a harmonic series with a fundamental frequency
at 6.62 kHz, and in which its second harmonic, the welding frequency, has a much higher amplitude than all
other frequencies in the series. The frequencies in this harmonic series then excite corresponding modes in the
horn, which lead to non-zero vibrations of the welding tip at those frequencies. In the x direction, the welding
tip would then vibrate not only at the welding frequency, but also at the frequencies excited by the harmonic
series. Furthermore, the eigenmodes excited would lead to vibrations of the welding tip along the z direction,
into and away from the workpiece. These extra displacements of the welding tip in both x and z directions
might have an effect on the friction between the horn and the upper worksheet: vibrations in the x direction
would affect the relative movement between the horn and upper workpiece, and vibrations in the z direction
might affect the normal force applied by the horn on the workpiece, both of which are primary parameters of
friction.
It is not clear at the moment whether such movements actually have any effect on the welding process, as the
transfer of forces from the horn through the workpieces to the anvil is complicated. According to [1], friction
is an important element of USMW not only between the worksheets, but also at the interface between the upper
worksheet and the horn, and at the interface between the lower worksheet and the anvil. The friction in these
friction sites depends not only on the normal force applied by the horn on the upper worksheet and the relative
movement between them, but also on how they transfer to the upper worksheet-lower worksheet and lower
worksheet-anvil interfaces. To investigate the effect of these x- and z-movements on friction generation, many
further elements would have to be taken into consideration: the period of the x- or z-displacement relative to a
welding frequency cycle, relative to the period of elastic relaxation of the upper sheet, or the amplitude of zdisplacement relative to the horn penetration into the upper worksheet, to name a few. This could lead to
interesting effects: for example, if the changes in the z direction are much faster than a welding period, this
could lead to a hammering effect similar to a jack hammer, and the x-displacement would resemble more
closely stick-slip behaviour.
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Should one want to avoid such modal behaviour of the horn, it might be possible by adding boundary
conditions to the horn, or altering the horn geometry adequately. Care should then be taken to avoid exciting
modes of the new horn, or at least those which might lead to unwanted behaviour. Furthermore, it is also
possible that other modes of the horn not measured in these experiments are present, for example in the y
direction. This is improbable, due to the direction of excitation of the transducer into the horn, but not
impossible. Measurements of the horn surface perpendicular to the welding direction would be a good and fast
way to check whether such movements occur. Finally, it is good to remember that the comparison between
simulations and measurements was limited to a maximum frequency of about 65 kHz. Movement of the
welding tip of the horn has been measured in frequencies up to 120 kHz, and the modal behaviour of the horn
at those frequencies might affect the welding process as well.

5

Conclusion

Fluctuations of weld strength happen during USMW. Measurements have shown that the vibrations of the
welding tip of the horn during welding contain not just the welding frequency, but other frequencies as well.
These frequencies were found to be part of a harmonic series, of which the welding frequency is the second
harmonic, and most likely originating from the transducer of the USMW machine during welding. The
harmonics of this series matched some eigenmodes of the USMW horn studied. From the modal analysis, the
displacements of the welding tip of the horn into the workpiece during welding was estimated. Further work
is required to estimate whether these displacements actually have an effect on the weld strength.
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Abstract
Cavitation mapping is a reliable tool to monitor therapeutic ultrasound applications based in microbubbles.
However, when the temporal duration of the transmitted pulses is long, the acoustic emission of the bubbles
extends in time, and it becomes difficult to generate sharp acoustic cavitation images. In this work, we
present a method based on long synchronized sine-sweep pulses that enable the separation of individual
impulse responses to produce sharp cavitation images and increases the signal-to-noise ratio. By uncoupling
nonlinear signatures, the method allows the separation of pulse-compressed impulse responses for the linear
response and for each harmonic component. In this way, using synchronized sine-sweep, the cavitation of
microbubbles under the action of a therapeutic transducer can be mapped with accuracy and with a robust
signal-to-noise ratio. This pulse compression method enables the harmonic localization for nonlinear
cavitation mapping, enabling the individual imaging of nonlinear signatures of cavitating bubbles. The
cavitation images allow to identify the real focal spot of a therapeutic transducer, and the nonlinear
signatures offers quantitative information about the stable or inertial regime of the cavitating bubble.
Keywords: Ultrasound, Imaging Ultrasound, Cavitation, Pulse-compressed

1

Introduction

The applications of pulse compression and coded excitation in ultrasonic imaging have been explored in
many investigations [1]-[2]. The interest in this type of long duration and broadband signals has increased
due to their advantages over short narrowband sinusoidal signals such as, for example, better signal to noise
ratio (SNR), better depth resolution. In addition, these signals allow increasing the pulse power, in order to
improve the SNR, without increasing the pulse amplitude, thus avoiding the possibility of excitation of
nonlinearities. This can be very useful in cavitation detection applications, where harmonic signals are
produced due to the excitation of nonlinearities.
Ultrasound cavitation has an infinite number of therapeutic applications and a great potential, but for safety
reasons it is very important to be able to effectively evaluate the state and level of cavitation. The
information provided by the cavitation effect in radio frequency (RF) signals will be in the upper harmonics
since the behaviour of cavitation corresponds to a nonlinear regime.
In this paper, we present a method based on the deconvolution of long synchronized sinusoidal sweep pulses
that allows the separation of the individual impulse responses for the harmonic components produced by
cavitation nonlinearities and offers an increase in the signal-to-noise ratio.
1
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2

Methods

A focused therapeutic transducer (64-mm OD, 31.7-mm ID, 64-mm ROC) transmitting a plane wave signal
is simulated. Then, using a simulated 5 MHz, 64-element transducer, the signals received after transmission
are detected using a synchronized sine-sweep coded excitation (2.1 to 4.5 MHz, 0.5-MPa PNP) with the
following expression [3],


 t 
x ( t ) = sin  2π f1 L exp   
 L 


(1)

where L is the frequency increase factor,

L=

T
 f 
ln  2 
 f1 

(2)

and where f1 and f 2 are the initial and final frequencies of the sinusoidal sweep and T is the pulse
duration.
On the other hand, the scattering of a bubble oscillating in water is simulated using the Rayleigh-Plesset
model [4]. The bubble is placed in the focal zone of the therapeutic transducer.
After receiving the scatter signal, the frequency deconvolution of the synchronized sine-sweep is performed
to calculate the impulse response, knowing that the spectrum of the transmitted signal is given by [3],



 f 
π
f
X ( f )= 2
exp  − j 2π fL 1 − ln    + j 
L
4 

 f1  


(3)

After deconvolution it is possible to separate the impulse response from the received harmonics by means of
a time shift ∆tn =
L ln ( n ) , where it corresponds to the harmonic number. This gives us the possibility to
focus on higher harmonics as well as sub-harmonics (see Figure 1).

Figure 1 – Emission of a synchronized sine-sweep pulse, second harmonic response and subharmonic
response. (b) Deconvolved signal where due to the synchronization integer and subharmonic components are
separated.
2
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After deconvolution, a B-mode image is performed by applying delay-and-sum beamforming [5] to the
impulse response of the harmonics.
Finally, an experimental setup is proposed to experimentally evaluate the signal-to-noise ratio of the
proposed method. The experiment consists of imaging a point scatter while it is excited focally with a highpower transducer in the scatter region. The 256-Vantage system (Verasonics), consisting of the H-101
focused therapeutic transducer (64-mm OD, 31.7-mm ID, 64-mm ROC) and the IP-105 phased array (5 MHz
and 64 elements), is used for this purpose.

3

Results

In this section we present the results of simulated scattering measurements of a bubble oscillating in water.
Figure 2a shows the B-mode image of the fundamental component of the impulse response produced by the
scatter, while Figure 2b shows the impulse response of the second harmonic component. The location of the
scatter in the second harmonic image is very similar to that of the fundamental component, with the
advantage of better resolution, as the sidelobes are narrower in the harmonic component.

Figure 2 - Cavitation imaging (simulated) using the deconvolved signals where the 2nd harmonic signature
results in a localized nonlinear signature.

Figure 3 - Experimental demonstration of the SNR enhancement.
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Secondly, the results of experimental measurements are presented to evaluate the signal-to-noise ratio of
synchronized sine-sweep coded excitation signals compared to conventional short pulses. Figure 3a depicts a
B-mode image where the pulse emitted by the receiving transducer consists of a short duration plane wave,
while Figure 3b shows the reconstructed image using the impulse response of the fundamental component of
the scatter after emitting with a long duration synchronized sine-sweep signal.

4

Conclusions

By uncoupling nonlinear signatures, the method allows the separated pulse-compression of fundamental and
harmonic components. Applying the harmonic pulse compression, the simulated images of fundamental and
second harmonic responses show a sharp resolution (fundamental, 3.4 mm by 0.75 mm; 2nd harmonic 1.8
mm by 0.75 mm) at a depth of 54 mm. Experimental results show a signal-to-noise ratio enhancement of
50.8 dB when comparing with conventional pulsed imaging when the therapeutic transducer was driven at
168.7 V. By using a synchronized sine-sweep we have been able to map the cavitation of a microbubble
located at the focal zone. In addition, this pulse compression method enables the individual localization for
cavitation mapping, enabling the imaging of nonlinear signatures of cavitating bubbles.

Acknowledgements
This research has been supported by the Spanish Ministry of Science, Innovation and Universities (MICINN)
through grants IJC2018-037897-I, FPU19/00601 and PID2019-111436RB-C22, by the Agència Valenciana
de la Innovació through grant INNCON/2021/8. Action co-financed by the European Union through the
Programa Operativo del Fondo Europeo de Desarrollo Regional (FEDER) of the Comunitat Valenciana
2014-2020 (IDIFEDER/2018/022) and (IDIFEDER/2021/004), by Catedra del Instituto Valenciano de
Investigaciones Odontológicas (IVIO), and by Consejo Superior de Investigaciones Científicas (CSIC) (PTI
Salud Global), funded by European Union – NextGenerationEU.

References
[1] T. X. Misaridis et al., «Potential of coded excitation in medical ultrasound imaging», Ultrasonics, vol.
38, n.o 1, pp. 183-189, mar. 2000, doi: 10.1016/S0041-624X(99)00130-4.
[2] V. Behar y D. Adam, «Parameter optimization of pulse compression in ultrasound imaging systems with
10,
pp.
1101-1109,
2004,
doi:
coded
excitation»,
Ultrasonics,
vol.
42,
n.o
https://doi.org/10.1016/j.ultras.2004.02.020.
[3] A. Novak, P. Lotton, y L. Simon, «Synchronized swept-sine: Theory, application, and implementation»,
J. Audio Eng. Soc., vol. 63, n.o 10, pp. 786-798, 2015, doi: 10.17743/jaes.2015.0071.
[4] T. G. Leighton, The Acoustic Bubble. Academic Press, 1994. doi: 10.1016/B978-0-12-441920-9.X50019.
[5] V. Perrot, M. Polichetti, F. Varray, y D. Garcia, «So you think you can DAS? A viewpoint on delay-andsum beamforming», Ultrasonics, vol. 111, p. 106309, mar. 2021, doi: 10.1016/j.ultras.2020.106309.

4

924

General Session 30
Underwater Acoustics

925

Acoustic signatures of ships and their inclusion
in underwater traffic noise prediction models.
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Abstract
The paper presents a review of recent approaches in measuring acoustic signatures of ships under
the intention of including them as source excitation functions in underwater traffic noise
prediction models. A brief presentation of the scope of these models under the framework of the
European Directives for the monitoring of the continuous low frequency noise in European waters
will be made, followed by a discussion on the basic requirements for a reliable prediction of the
noise levels from the acoustic source perspective. Some of the existing ship signature
measurement standards for research purposes will be presented and their significance in obtaining
source excitation functions representing actual noise emission characteristics from ships will be
discussed.
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Abstract
Biomimetic flapping-foil thrusters are able to operate efficiently while offering desirable levels of thrust
required for the propulsion of a small vessel or an Autonomous Underwater Vehicle (AUV). Extended
review of hydrodynamic scaling laws in aquatic locomotion and fishlike swimming can be found in
Triantafyllou et al (2005). Flapping-foil configurations have been investigated both as main propulsion
devices and for augmenting ship propulsion in waves; see also the review by Wu et al (2020). In this work
biomimetic systems are studied with application to small vessel or AUV propulsion and their comparative
performance with standard marine propellers concerning the reduction of noise. A three-dimensional model
of the lifting flow around the dynamic foil is presented and its application is discussed as regards the
prediction of the hydrodynamically generated noise, in conjunction with methods allowing for the
calculation of acoustic propagation and spatial evolution of the spectrum, based on data concerning the noise
sources on the dynamic foil, coupled with the solution of the hydroacoustic problem.

Keywords: Biomimetic flapping-foil thrusters, small vessel / AUV propulsion, hydrodynamic noise

1

Introduction

The seas become substantially noisier the last decades and anthropogenic sources contribute substantially in
this degradation trend with detrimental effects on sea life and particularly on marine mammals; see, e.g.,
Duarte et al (2021). Shipping, resource exploration, and infrastructure development have increased the
anthrophony (sounds generated by human activities), whereas the biophony (sounds of biological origin) has
been reduced by hunting, fishing, and habitat degradation. In particular, shipping noise has a significant
impact on the marine environment as demonstrated by the fact that at low frequencies below 300 Hz,
ambient noise levels have been increased by 15-20dB over the last century (McKenna et al 2012).
Many recent studies have shown that underwater-radiated noise from commercial ships may have both short
and long-term negative consequences on marine life, especially marine mammals. The issue of underwater
noise and impact on marine mammals was first raised at IMO in 2004. It was noted that continuous
anthropogenic noise in the ocean was primarily generated by shipping. Since ships routinely cross
international boundaries, management of such noise required a coordinated international response.
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Moreover, in 2008, the IMO Marine Environment Protection Committee (MEPC) agreed to develop nonmandatory technical guidelines to minimize the introduction of incidental noise from commercial shipping
operations into the marine environment to reduce potential adverse impacts on marine life.
As far as the radiated noise is concerned, it has been found that different components are dominant at
different speeds. In particular, hydrodynamic noise due to propeller operation in the wake of the ship and
machinery is dominant at low speeds, whereas propeller noise is dominant at higher speed especially when
cavitation takes place; see also Belibassakis (2018). Marine propellers are the standard devices used for ship
propulsion and are characterized by increased load distribution on the disc while operating at high rotational
speed conditions. The increased flow speed is the main reason leading to the appearance in almost all cases
of partial cavitation manifested near the tip region and occasionally also at the hub of marine propeller blades
and the trailing vortex sheets. The fast variation of the generated bubble cavitation volume on the propeller
blades, acting as acoustic monopole terms, in conjunction with dipole contribution due to unsteady blade
load, leads to the generation of intensive noise, especially at the blade frequency and the first harmonics,
while at higher frequencies noise is caused by sheet cavity collapse and shock wave generation; see also Seol
et al (2005). In the lower frequency band, the noise excitation from marine propeller, especially under partial
cavitating conditions, match well the first octave bands, which has negative impact on the life conditions
particularly of marine mammals. On the other hand, flapping-foil thrusters are systems operating at
substantial lower frequency as compared with marine propellers and are characterized by much smaller
power concentration. The latter biomimetic devices are able to operate very efficiently while offering
desirable levels of thrust required for the propulsion a small vessel or an Autonomous Underwater Vehicle
(AUV); see, e.g., Triantafyllou et al (2000), Rozhdestvensky & Ryzhov (2003). Extended review of
hydrodynamic scaling laws in aquatic locomotion and fishlike swimming can be found in Triantafyllou et al
(2005). Moreover, flapping-foil configurations have been investigated both as main propulsion devices and
for augmenting ship propulsion in waves, substantially improving the performance by exploitation of
renewable wave energy. More details can be found in Belibassakis & Politis (2013), Belibassakis & Filippas
(2015); see also the review Wu et al (2020). In the framework of Seatech H2020 project entitled “Next
generation short-sea ship dual-fuel engine and propulsion retrofit technologies” (https://seatech2020.eu/) a
concept of symbiotic ship engine and propulsion innovations is studied, that when combined, are expected to
lead to significant increase in fuel efficiency and emission reductions. The proposed renewable-energybased propulsion innovation is based on the bio-mimetic dynamic wing, mounted at the ship bow to augment
ship propulsion in moderate and higher sea states, capturing wave energy and producing extra thrust while
damping ship motions.
In this work biomimetic flapping thrusters are considered with application to the propulsion of small vessel
and AUV and approximate models are presented in order to evaluate their comparative performance with
standard marine propellers concerning the reduction of noise. More specifically, a three-dimensional model
of the lifting flow around the dynamic foil operating as an unsteady flapping thruster is described. The
method is based on vortex-ring elements and its application is subsequently presented concerning the
prediction of the dynamical behavior of the system and the hydrodynamically generated noise. Finally results
are presented showing the effectiveness of the model to be used, in conjunction with methods allowing for
the calculation of acoustic propagation and spatial evolution of the acoustic spectrum, based on data
concerning the noise sources on the dynamic foil, coupled with the solvers of the hydroacoustic problem.
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2

The vortex ring element method for flapping thruster performance

A vortex ring element method based on quadrilateral elements will be used to discretize the wing and its
trailing vortex wake and the singularity strengths are calculated to satisfy directly the no-entrance boundary
condition on the surface of the foil, along with the Kutta condition. A general foil geometry is modelled
including camber, thickness and various planform shapes and aspect ratio AR=s2/A, where s is the span of
the wing, c the midchord length and A the planform area. A main difference with the lifting surface VortexLattice model (Katz & Plotkin 1990), is that the exact boundary condition is satisfied on the actual wing
surface, in contrast with lifting surface models where the boundary condition is satisfied on the mean camber
surface and the thickness effects are taken into account by linearization procedure and a corresponding
source-sink lattice.

Figure 1: Discretization of a flapping wing and its trailing vortex sheet by means of quadrilateral
elements carrying constant dipole strength (left), which is equivalent with vortex ring elements
(right). Only the half symmetric part with respect to the centerplane of wing of AR=8 is shown.
The method is based on the discretization of the wing sections into number of chordwise elements for a
number of spanwise sections as shown in the Fig.1 above. A scanning procedure is applied in order to define
the 4 nodal points of the vortex ring elements, which then are used to calculate the influence coefficients on
the collocation points (defined as the centroids of the ring elements on the body surface).
The wing undergoes an oscillatory heaving and pitching motion, with same frequency and phase difference
around 90deg, while traveling at constant speed, in order to operate in a flapping mode; see Triantafyllou et
al (2000, 2005). The most important parameters are the Strouhal number Str = h0 / (U  ) , the heaving
motion amplitude h0/c and the pitching amplitude 0 , where ω is the angular frequency, and U  denotes the
incident parallel inflow due to the steady forward speed of the flapping thruster.
In treating time – dependent motion of bodies, the selection of the coordinate systems becomes important. It
is useful to describe the unsteady motion of the wing on which the flow – tangency condition is applied in a
body – fixed coordinate system (x,y,z); see Katz & Plotkin (1990). The motion of the origin is prescribed in
an inertial frame of reference (X,Y,Z). In the present work, the flapping wing starts from rest, and we also
consider the wing to perform a pitching angle  ( t ) , a vertical oscillatory heaving motion h ( t ) , and thus

3

929

Figure 2. Vortex wake development of flapping thruster operating at a Strouhal number Str=0.23, with
heaving amplitude with h0/c=0.75 and pitching amplitude 0 =23deg, during 4 periods of oscillation
(left), Morino – type Kutta condition (right).
.
Middle wing
section at CL

Tip wing
section

Figure 3. Pressure distribution of every wing section in the case of flapping thruster at a Strouhal
number Str=0.23, with heaving amplitude with h0/c=0.75 and pitching amplitude

X = −Ut + x cos  + z sin 
Y=y

0 =23deg.

(1)

Z = h ( t ) − x sin  + z cos 
The solution is based on a time – stepping technique, and at the beginning of the motion only the bound
vortex ring elements on the unsteady thruster exist. The closing segment of the trailing – edge vortex
4
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elements represent the starting vortex. At the first time step, there will be no wake panels. During the second
time step, the wing is moved along its flight path and each trailing – edge vortex panel sheds a wake panel
with a vortex strength equal to its circulation in the previous time step. This time step methodology can be
continued for any type of foil path and at each time step the vortex wake corner points can be moved by the
local velocity, so that the wake rollup can be simulated.
The problem is solved by calculating the influence coefficients of the induced potential and velocity
Fij , U ij = U ij , Vij , for i, j = 1,...K . by each vortex ring element on each collocation point on the wing,

(

)

which is selected as the centroid of each quadrilateral element. The latter quantities are used to set up a linear
system of equations by constructing the coefficient matrix. To this respect, the flow – tangency condition is
implemented on the wing surface, requiring zero normal velocity. Consequently, in the present case, the
discrete system of equations expressing the flow tangency condition at the collocation points on the wing is:
K

 Alk k = bl − nl 
k =1

Kw (t )

U
k =1

w
lk

 kwl , for l = 1, 2.., K

,

(2)

where  k are the bound vortex ring element strengths and the matrix coefficient is composed by
Aij = ni Uij , for i = 1,...K , and ni , i = 1,.., K is the unit normal vector directed to the exterior of
the body. In Eq.(2) k is an one – dimensional counter for each collocation point, and l for each
vortex ring element. The index Kw ( t ) = M  Nw ( t ) corresponds to the number of wake panels
generated by the unsteady wing motion up to the time instant t, where Nw ( t ) = t /  t , where  t is
the time step. The system is supplemented by a Morino-type Kutta condition used to determine the
vortex ring intensity in the wake element adjacent to the trailing edge is in this case connected with
the ring intensities of the first element in the lower wing side and the last element in the upper wing
side (see Fig. 2) as follows
TE
TE
W =   = − ( upper
− lower
(3)
) .
The first term in the right – hand side of Eq.(2) is defined by:

bk = −uk  nk , k = 1,..K ,

(4)

with u k denoting the relative flow velocity at the collocation points of the wing

u = ( u x , u y , u z ) = Ui −

d
dh
( j  rw ) − k ,
dt
dt

(5)

where i, j, k , are the unit vectors along the axes x,y,z respectively and rw denotes the position vector on
the wing. In the right hand side of Eq.(2) the influence of the vortex-ring elements modelling the shed wake
vorticity on the wing wake is included. The summation is over the Kw = M × Nw vortex elements of the
wake (M in the spanwise direction and Nw n the downstream direction) which are generated from the

motion of the wing, after discetization to equal time steps  t . The total potential on the surface S of the
unsteady wing is approximately:

 ( s1 , s2 ) =  ( s1 , s2 ) + U  x

,

(6)

and it can be used for the calculation of the velocity on the wing by covariant differentiation of the potential
in curvilinear coordinates on the wing (s1-cordwise and s2 -spanwise):
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u1 =



, u2 =
s1
s2

,

(7)

from which the the total velocity is estimated:

w = u1e1* + u2e*2

,

(8)

where e1* , e*2 denotes the physical components of the surface contravariant base on the wing. After obtaining
the velocity, the pressure distribution is calculated by applying the unsteady Bernoulli’s equation providing
the instantaneous distribution of the pressure coefficient
2

w
p − p
2 
Cp =
= 1− 2 − 2
.
2
1 2 U 
U  U  t

(9)

Finally, time dependent hydrodynamic responses concerning flapping thruster forces and moments are
calculated by pressure integration over the wing surface. Indicative results are presented in Figs 2 and 3 as
obtained by the present method.

3 Comparison with unsteady hydrofoil theory
In this section results from the present 3D unsteady panel method are compared against unsteady hydrofoil
theory by Theodorsen (1935) and experimental data from Schouveiler et al (2005).
The case of flapping wing of large aspect ratio of Fig.2 is studied for verification. Using Theodorsen theory
(see Katz & Plotkin 1990) in the case of wings of finite aspect ratio the lift force FL can be estimated as:
2
1

 3 p    c 
1 p 
FL = UA H ( AR ) C ( k ) U − h +  −  c  +
U − h + c  −   ,

2
4 
4 c  
2 c  


(

where

)

(10)

p / c is pitching axis location, k = c / ( 2U ) is the reduced frequency C ( k ) is the Theodorsen

function (lift deficiency factor), A is the area of the foil, and H = AR ( AR + 2 )

−1

is a 3D correction from

lifting – line theory (elliptic wing). In Fig.4 at the top subplot the time-history of foil angle of attack  ( t )
shown for a time interval of 4 periods,

a ( t ) =  ( t ) − ab ( t ) ,

h
where ab ( t ) = tan −1  
U 

(11)

where the foil pitching and heaving oscillatory motions are defined as follows

 ( t ) = 0 sin (t + 0.5 ) and h (t ) = h0 sin ( t ) .

(12)
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Figure 4. Comparison of present method prediction with Theodorsen’s unsteady hydrofoil theory and
experimental data by by Schouveiler et al (2005) in the case of foil of AR=6, at Str=0.23, h0/c=0.75,
0 =23deg. Top subplot: angle of attack α(t). Lower subplot: Lift nd thrust coefficients as calculated by
the present method and compared with theory (red line) and measured data (symbols).

In the last subplot the vertical (lift) force coefficient is shown by using black line and the horizontal (thrust)
force by using cyan line, as calculated by the present method, and are compared against the measured data
shown by using symbols and the unsteady hydrofoil theory results by using red lines. It is observed that the
present method provides compatible predictions concerning the integrated quantities with unsteady hydrofoil
theory and the experiment approximating satisfactorily the maxima of both the lift and thrust forces.

4. Flapping thruster noise prediction
As the flapping thruster operates, it is subjected mainly to unsteady pressure loads. Low frequency noise is
caused by the fluctuations of foil pressure and volume flow disturbance due to oscillatory motion. The
usual formulation for the acoustic pressure p  generated from rotating machinery is based on the Ffowcs
Williams and Hawkings (1969) equation as follows

1  2 p
−  2 p = m + d + q ,
2
2
c t

(13)

where c is the speed of sound in the medium (c=1500-1550m/s for water) and the various terms in the
right-hand side correspond to the acoustic monopole, dipole and quadrupole source terms (Farassat &
Myers 1988). The quadrupole term becomes important for strongly transonic flow phenomena at higher
frequencies. Taking into account that the speed of sound in water is much greater than the flow velocities,
and focusing on the low-frequency part of the generated noise spectrum the contributions by the latter term
are neglected in the present work. Farassat (2001) formulation is employed offering an integral
representation of the solution of Eq. (13) forced by the monopole and dipole terms. The acoustic pressure
field is accordingly given by thickness and loading components, as follows

p '(x0 , t ) = pT (x0 , t ) + pL (x0 , t ) .

(14)
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The loading term is given by

4 pL (x 0 , t ) = −

 dp nrˆ 
1d
dS

c dt f =0  r (1 − M r )  ret

+

 dpnrˆ 
dS ,
f =0  r 2 (1 − M ) 
r  ret


(15)

where f=0 indicates the moving surfaces un the corresponding normal velocity, where dp denotes the
pressure jump on the blade surface, M r denotes Mach number in the r-direction and the integrand is
calculated at retarded time. For relatively large distances (of the order of several propeller diameters) of
the observation point from the propeller, we use the approximation

r = x0 − x  x 0 − xT ( t ) , rˆ  ( x 0 − xT ( t ) ) / r
where xT ( t ) denote the center of lift and thrust force on the flapping wing. Using the fact that the Mach
number is very small, Eq. (15) leads to the following simplification

pL ( x0 , t ) = −

x − x (t )
1 dF(tr ) x0 − xT ( tr ) 1
+
F(tr ) 0 3T r ,
2
4 c dt
r
4
r

(16)

where F(tr ) denotes the fluctuating unsteady part of the foil force, mainly composed from vertical (lift)
and horizontal (thrust) forces, and tr = r / c denotes the retarded time between the observation point x 0
and the disturbance generating point xT .
Similarly for the thickness effect we have

pT (x0 , t ) =

 un

 

 dS ,

f
=
0
4 t
 r (1 − M r )  ret

(17)

which is approximated by

pT (x0 , t ) 

 d 2Qc (tr )
1
,
2
4 dt
x0 − xQ (tr )

(18)

where xQ ,k ( t ) denotes the center of volume Qc displaced by the foil. In the case of an unsteady cavitating
foil thruster the latter term will include also the bubble cavitation volume.
Indicative results obtained by the above simplified model are presented in Fig.5 in the vicinity of the
flapping thruster and at large distances. The acoustic field generated by the flapping thruster of middle
chord c=1m and AR=6 operating in the same as before conditions in water (c=1500m/s) is presented in Fig. 5
as calculated by the present method. Results are presented at a time instant after 3.7 periods of oscillation,
starting from rest. The contribution of the monopole and the dipole term, which is dominant in the examined
case, are clearly observed. In the examined case since the foil flow is not cavitating and the intensity of the
acoustic field is very small. Future work will be directed to the incorporation of unsteady cavitation effects
which are expected to be important in the case of flapping thrusters operating near the free surface.
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Figure 5. Calculation of acoustic field generated by the flapping thruster operating in water
(c=1500m/s), in the case of foil of Fig.4 of AR=6, flapping at Str=0.23, h0/c=0.75, 0 =23deg, using
the calculated hydrodynamic loads by the present method. Top subplot: near field from dipole and
monopole term and total acoustic field in the vicinity of the flapping thruster. Lower subplot:
calculated field at large distances.

5. Conclusions
In the present work a 3D vortex – ring element method has been presented for calculating the flow over
wings in unsteady conditions with application to the performance of flapping thrusters operating at low
Strouhal numbers. The method is shown to provide compatible predictions with unsteady hydrofoil theory
and experimental data. Next, a simplified model is presented for the prediction of the hydrodynamically
generated noise, based on data concerning the noise sources on the dynamic foil, coupled with the solution of
the hydroacoustic problem. The present model will be used, in conjunction with methods allowing for the
calculation of acoustic propagation for calculating spatial evolution of the noise spectrum, for comparative
studies with the noise from standard marine propellers. An important fact is that the utilization of the
flapping thruster to augment ship propulsion could enhance the combined ship/AUV propulsive performance
dropping at the same time the power feed of marine propeller and reducing the overall generated noise level.
Future work will be directed to the incorporation of cavitation effects which are expected to be important in
the case of flapping thrusters operating at low submergence depths, including biomimetic flapping thrusters
that are currently studied for augmenting ship propulsion in waves. Also, the reflection and scattering effects
by the vessel or AUV hull surface and the refraction effects due to variable sound speed profile on longerdistance acoustic propagation characteristics will be considered.
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Abstract
Vibration induced by heavy vehicles is a significant problem in large cities causing a major impact on human
activities, comfort and health. The quantification of the vibrations in a building is essential for the definition
of mitigation strategies. As a significant example, consider the underground railway systems that induce
vibrations in tunnels that propagate to the surrounding soil and can disturb, in the form of vibration, the
inhabitants of the adjacent buildings. In this paper, the authors intend to simulate the effect of a dynamic load
on the tunnel base and the consequent vibration propagation in the ground and the building structure.
Parametric studies are presented for different propagation scenarios. The effects of mitigation measures such
as trenches, buried walls and phononic crystals horizontally arranged are evaluated. The simulations are
performed using a 2D finite element model, formulated in the time domain and using a time-marching
algorithm that allows an efficient calculation procedure.
Keywords: Numerical modelling, Phononic crystals, Time marching, Underground-tunnels railway,
Vibration mitigation.

1

Introduction

Mitigation of mechanical waves originating in heavy transport traffic is currently an extremely important
topic in Civil Engineering. Both the surface and the underground-tunnels railway systems are the main
sources of vibration that propagate to the surrounding soil and can directly interfere with adjacent buildings
and human comfort and well-being. Recently, researchers have developed new and innovative methods
based on a physical concept already widely known in the acoustics world, more specifically in the acoustic
barriers’ development. These barriers are constituted by elements arranged periodically that are commonly
known as “sonic” or “phononic” crystals [1] and have a significant effect on vibration levels reduction,
mainly in the downstream zone. As a group of inclusions with the same characteristics, these barriers are
only efficient in a certain frequency range. By changing some crystalline parameters, such as the distance
between inclusions, their geometry, or their distribution within the phononic crystal, it is possible to move,
reduce or enlarge the frequency range for which the barrier is most efficient. An optimal and tuned system
depends widely on the properties of the host medium, the properties of the inclusions and the frequency band
to be mitigated. Each configuration has its efficiency zone very much enhanced in the band gap frequency
range [2].
The present paper follows previous works by the authors in which numerical simulations are used to better
understand the propagation of vibrations, originating from the surface railways, and the mitigation that those
periodic buried structures provide on vibration levels [1,3–6]. Here, to help simulate the effect of the
1
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inclusion of those periodic structures, an innovative time marching algorithm supported by the 2D finite
element method was used [7].

2

Wave propagation

In a solid material excited by mechanical impulses, three important types of waves are generated. The
compression waves (P) are those with the highest propagation velocity, defined by equation (1) (E,  and 
being the Young’s modulus, Poisson’s ratio and density). Those are longitudinal waves causing
displacements in the medium, parallel to the direction of the wave. The shear waves (S) are transverse waves
causing displacements in the medium, and they are perpendicular to the direction of the propagation. These
waves are slower than P waves and their speed is defined by equation (2). The surface waves are the slowest.
For its low frequency, long duration, and large amplitude these can usually be the most destructive. There are
several types of surface wave (such as Rayleigh and Love). For the Rayleigh (R) waves, which propagate
along the surface, their velocity is approximately that defined in equation (3). These waves cause elliptical
orbit displacements in the medium particles and their amplitude decreases rapidly with depth.
(1)
(2)
(3)

3

Numerical Model

In this work it is intended to study the full wavefield generated when the train passes in an embankment
railway and in an underground-tunnel railway. A loading line is used to simulate the excitation source. The
2D finite element method (FEM) is here used in the time domain, to simulate several scenarios. This method,
applied to a dynamic, multidimensional, and damped system, can be mathematically defined by the equation
(4).
(4)
were
is the applied load,
is the force of inertia,
is the damping force
(considering a viscous damping) and
is the elastic force. , and , are respectively the mass,
damping and stiffness matrices.
,
and
, are respectively the acceleration, velocity, and
displacement vectors dependent on time, . Once , and matrices are obtained, the time integration is
performed with an innovative algorithm, developed by Soares Jr., presented in [7], where the basic aspects
and the main parameters of the new time-marching formulation are described. This paper presents only the
time-marching equations used in this new formulation, which are
(5)
– the velocity equation – and

(6)
– the displacement equation – where
and time-step length, respectively;

,

is the effective matrix;
and

and

are the time-step number
are the time integration
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parameters of the new method;
, with
, using trapezoidal
quadrature rule or
and
, extending the explicit feature of the technique to the load term (see [7]
for more details).
The main features of this model, among others, are: the method is based only on single-step displacementvelocity relations; it requires no system of equations to be dealt with; it is second-order accurate. In other
words, this model is very effective, being able to provide accurate analyses considering relatively large time
steps (thus, also being very efficient). Moreover, since it has high stability limits, it minimizes the main
drawback of explicit procedures, allowing time-steps that are usual in accurate implicit analyses, rendering
good results at reduced computational costs [7].

4

Numerical results

As mentioned in the Introduction, this article is following previous work of the authors. Here, an important
aspect is introduced, namely the effect of the vibration source being a few metres below the ground surface
in the wave propagation patterns and, in the protection, provided by mitigation devices. To evaluate the
effect of such parameters on the vibrations registered at different receivers, the insertion loss was computed
for several scenarios and then the results were compared with those obtained for a reference medium.
The evaluated mitigation devices correspond to trenches, buried walls, phononic crystals and combinations
of buried walls with phononic crystals. Figure 1 and Figure 2 show the schematic representation of the
models used for the analysis where the propagation sources can be seen, centred horizontally on top of an
embankment and inside a tunnel, respectively. In these figures, the relative location of the embankment and
the tunnel, the mitigation zone, and the nearest building, can be seen. Also, all measurements and relative
distances of the system are defined in these figures. The material properties are defined in Table 1 and the
mitigation devices that will take place, each in turn, in the mitigation zone are represented in Figure 3 and
described in Table 2. Mitigation devices are 0.6 m wide. Trenches and walls have different depths and
inclusions have a square section and are placed at different depths (see Figure 3).
Since the propagation domain is semi-infinite, an absorbent layer was considered based on progressively
increasing the material damping towards the outer limits of the model. This layer is responsible for absorbing
all the energy that enters it, avoiding unwanted reflections in the system under study. An absorption layer 1.5
times the wavelength of the host medium is sufficient to absorb all the unwanted reflections. In this specific
case, an absorbent layer 8 m wide is required.

Figure 1 – Schematic representation of the embankment model used for the analysis of wave propagation.
3

940

Figure 2 – Schematic representation of the tunnel model used for wave propagation analysis.

Figure 3 – Schematic representation of the mitigation devices.
In both models, the system is excited by a Ricker pulse generated by a source located 7.40 m right of the
system origin (see Figure 1 and Figure 2) and the evaluation is carried out by analysing the vibrations
recorded in three groups of receivers placed in strategic positions (see Figure 4): (1) on the ground surface
just before the building, (2) on the base of the building and (3) on the top of the building.
Table 1 – Material properties.
Material
Host medium
Tunnel concrete
Building concrete
Buried mitigation devices (poor)
Buried mitigation devices (stiff)

Density
[kg/m3]
1700
2500
2500
2100
2400

Poisson’s
ratio
0.33
0.20
0.20
0.25
0.20

Young’s
modulus [Pa]
115.76106
35109
31109
2.7109
27109

Wave velocities [m/s]
P
S
R
318
160
149
3944
2415
2202
3712
2273
2072
1242
717
660
3536
2165
1974
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Table 2 – Description of mitigation devices.
Reference

Description
Trench at position x=24.2 m with a depth of 3.0 m.
Trench at position x=26.0 m with a depth of 3.0 m.
Trench at position x=27.8 m with a depth of 3.0 m.
Group of 3 trenches centred at x=26.0 m with a depth of 3.0 m.
Wall at position x=24.2 m with a depth of 3.0 m.
Wall at position x=26.0 m with a depth of 3.0 m.
Wall at position x=27.8 m with a depth of 3.0 m.
Group of 3 walls centred at x=26.0 m with a depth of 3.0 m.
Group of 3 walls and 3 inclusions centred at x=26.0 m with a depth of 3.0 m and 4.5 m,
respectively.
Group of 3 walls and 3 inclusions centred at x=26.0 m with a depth of 1.6 m and 3.1 m,
respectively.
Group of 3 inclusions, horizontally distributed, centred at x=26.0 m with a depth of 0.8 m.
Group of 3 inclusions, horizontally distributed, centred at x=26.0 m with a depth of 2.2 m.
2 groups of 3 inclusions, horizontally distributed, centred at x=26.0 m with a depth of 0.8 m
and 2.6, respectively.

Figure 4 – Location of receivers.
Numerical simulations were performed using a 2D FEM in the time domain, formulated with an average of
87 566 triangular elements, whose longest edge is 0.31 m, fitting 8 elements per wavelength. This mesh was
obtained from the Gmsh program (version 4.8.4). The time marching algorithm described above was
developed by Soares Jr. [7] and is adopted to render the numerical process more efficient. A damping factor
equal to 1% and a propagating Ricker pulse with a central frequency of 60 Hz were considered.
Before making a deeper analysis, the average vertical vibration levels detected in the different sets of
receivers, defined in Figure 4, for each model (embankment railway and the underground tunnel railway) are
shown in Figure 5. This figure also shows the reference vertical vibration level considering the load applied
to the soil surface (solid black line). Figure 4 (a) shows the average levels for the receivers R[1], Figure 4 (b)
shows the average levels for the receivers R[2], and Figure 4 (c) shows the average levels for the receivers
R[3]. In general, the registered levels are lower than the reference levels and the levels originating in the
tunnel are always lower. However, in the embankment railway model, the levels recorded in the receivers
before the building are found to be higher than the reference levels.
An analysis of the results by type of mitigation device is presented here, comparing the two models: the
embankment railway and the underground tunnel railway. To evaluate the effect of the presence of
mitigation devices in the vibrations registered in the previously mentioned receivers, the reduction is
computed in terms of insertion loss, IL, which is defined as the difference between the vibration levels
obtained in the presence of mitigation devices (L1) and the displacement vibration levels obtained without
those devices (L0). This is given in dB by the following equation 7:
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(7)
where are the vertical displacements amplitude. According to equation 7, positive values correspond to a
reduction of the displacement vibration levels in the presence of mitigation devices and negative values of
the insertion loss stand for losing protective solutions efficiency.

Figure 5 – Average of vertical vibration levels on different sets of receivers: (a) R[1], (b) R[2] and (c) R[3].
Starting by analysing the sets of phononic crystals, (see Figure 6) it is verified their low attenuation up to the
central frequency of 60 Hz. The first important observation is that in the case of the embankment model –
see Figure 6 (a) –, there is an attenuation peak around 90 Hz. This frequency range seems to match what is
usually considered as the band gap frequency (f) in sonic crystals (f = c/2d) which should occur in this case
around 88 Hz, if P waves are considered, propagating in the host soil with an approximate velocity of vp = c
= 318 m/s, and considering that the inclusions are equally spaced of d = 1.8 m. Performing the same
calculation for S and R waves, frequencies of 44 Hz and 41 Hz are obtained, respectively. In the same figure,
a less pronounced attenuation around these frequencies is also seen. Still in the case of the embankment
model, it appears that the inclusion group I2.2 has no effect. However, there are attenuation peaks, although
slight, in those frequency bands previously defined as band gap. This group is at a depth of 2.2 m, very close
to the wavelength of waves S ( = 2.6 m) and R ( = 2.5 m). On the other hand, P waves ( = 5.3 m) perform
3.5 cycles when they reach the centre of the inclusion group and, therefore, these also propagate above or
below the phononic crystal. That is, this phononic crystal, due to its location and geometry, does not interfere
with the wave path. Therefore, in this model, the further up the inclusions are positioned, the more efficient
the mitigation device. In the case of the tunnel model, in R[1] receivers – see Figure 6 (b.1) –, there is a
relative optimization of groups I2.2 and I0.8,2.6 for the central frequencies above 70 Hz. The group I0.8,2.6 has an
attenuation loss around 90 Hz. At this frequency, Bragg interference should be felt. However, the phononic
crystal is located outside the trajectory of the waves originating at the bottom of the tunnel that propagate to
the receivers, therefore, they do not interfere with the path of these waves. Unlike the embankment model, in
this model, the mitigation devices should be placed lower to have a better performance.
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Figure 6 – Average insertion loss of inclusion groups in receivers groups (1) R[1], (2) R[2] and (3) R[3].whose
propagation source is located in (a) embankment and (b) tunnel.
Buried walls have an increasing efficiency over frequency in the embankment model – see Figure 7 (a). As
expected, the set of 3 walls, W3.0, stands out. This is because the buried walls, which extend from the ground
surface to a certain depth, are an excellent barrier to surface waves. In the tunnel model, due to its geometry,
the strongest waves originating at the base of the tunnel propagate under and to the right of the mitigating
devices and move upwards in the building location. This is the main reason why mitigating devices have no
effect or have a negative effect on building protection – see Figure 7 (b). From Figure 7 (b.2) this conclusion
can be drawn, since the single wall positioned farthest to the right, W3.027.8, produces more attenuation than
the others single walls.
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Figure 7 – Average insertion loss of buried walls in receivers groups (1) R[1], (2) R[2] and (3) R[3].whose
propagation source is located in (a) embankment and (b) tunnel.
The grouping of buried walls and inclusions (see Figure 8) achieves greater efficiency when this type of
mitigating device is compared to just buried walls. Generally, in the case of embankment model – see Figure
8 (a), the stiffer mitigating devices have better performance, while in the case of the tunnel model – see
Figure 8 (b), it is the depth of the mitigating devices that has better efficiency. Also, in the case of the tunnel
model, there is an increase in efficiency from the central frequency of 60 Hz and, it is always positive.
8
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Figure 8 – Average insertion loss of buried walls and inclusions groups in receivers groups (1) R[1], (2) R[2]
and (3) R[3].whose propagation source is located in (a) embankment and (b) tunnel.
Finally, the trenches, in the case of the embankment model – see Figure 9 (a), have a marked increase in
efficiency up to the central frequency of 60 Hz and then, generally, lose some efficiency and stabilize. In
building receivers – see Figure 9 (a.2) and (a.3), the loss is relatively high between the central frequencies of
75 Hz and 100 Hz in all trench models. In the tunnel model – see Figure 9 (b), similarly to the other
mitigation devices, the efficiency is not relevant when compared to the embankment model.
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Figure 9 – Average insertion loss of trenches in receivers groups (1) R[1], (2) R[2] and (3) R[3].whose
propagation source is located in (a) embankment and (b) tunnel.
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5

Conclusions

This paper follows on from previous studies. The simple phononic crystals used in this study are efficient in
a certain frequency range called the band gap frequency, when P waves are considered.
In the case of embankment model, mitigation devices, are very efficient as they are in the path of wave
propagation. All mitigation devices show increasing efficiency with frequency except for trenches which
have a drop in efficiency from the central frequency of 60 Hz.
In the tunnel model, the same mitigation devices are not as efficient as they are not in the direct path between
the source and the receivers. In some cases, negative attenuation is registered as a consequence of multiple
reflections of different wave types between the building and the mitigation devices.
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Abstract
Fibreglass composite plates are used for applications ranging from aerospace and automotive to
construction industry. The classical theory of the plate vibration has been used to determine the
deflection of the composite plate at difference locations on the plate surface. 3D deformations of plate
for different boundary conditions have been computed at different frequencies. It has been shown that
clamping the plate at four edges delayed first resonance of the plate by 15 Hz and second resonance of
the plate by 30 Hz.
Keywords: composite plates, vibration of plate, 3D deformation, radiation impedance.

1. Introduction
The vibrations of the structures that are made of isotropic and homogeneous materials has been an important
subject in the study of noise control, in the aeronautical industry, in the study of fluid-solid interactions and
in construction industry for double leaf partitions as building structures. When a sound wave impinges on a
structure, a part of acoustic energy is reflected back into source medium, a part is dissipated in the structure
and the rest of acoustic energy is transmitted through the structure into the other medium. In building
acoustics applications, the reflected acoustic energy builds up a reverberant sound field in the source room
that in turn vibrates the walls. The vibrations in the common walls radiate sound directly into the receiver
room. The vibrations in the other walls of the source room travel as structure-borne noise to the all walls of
the receiving room and radiate sound into the receiver room.
Complex structures may be modelled as systems that are made of individual plate like elements. The theory
of vibration of porous and non-porous structures is a well-known branch of engineering mechanics. Previous
works on classical theory of the plate [1-7] has investigated vibration of isotropic and anisotropic plates for
various boundary conditions. The vibration of porous plates can be described using two coupled equations
[8], which are based on Biot’s stress-strain relations [9, 10] and which introduce two types of compressional
waves (‘fast’ and ‘slow’) and a shear wave. They assumed that the thickness of plate is smaller than the
wavelength and that interaction can take place between the slow waves and the bending waves in the plate.
They also ignored the amplitude of the fast wave. Galerkin’s variational techniques were applied to porous
plates [11-13], taking into account a classical set of trial functions obtained from the linear combination of
trigonometric and hyperbolic functions for various boundary conditions. The effects of fluid loading on the
vibration of rectangular porous plates and on their radiated sound power was investigated by including an
extra term into the equations for the porous plate vibration, corresponding to the additional external force
acting on the plate [14]. Previous study on low frequency vibration of porous plates [15] has demonstrated
the existence of low frequency absorption coefficient resonance in configurations consisting of clamped
poroelastic plates with an air cavity between the plates and a rigid termination. An analytical model that
takes into account the effect of perforations and the effect of the flexural vibrations in the plates has been
formulated and used to calculate the insertion loss in the absence, and in the presence of air flow [16, 17].
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Recently, Aygun [18] has studied composite recycled glass bead panels in order to assess their suitability for
civil engineering application, especially in noisy urban environments, either as structural panel components
that also offer acoustic insulation or as dedicated noise barriers for outdoor applications. The aim of this
paper is to investigate the vibrational and acoustical parameters of thin composite plates that are made of
fiberglass, which are used for applications ranging from aerospace and automotive to construction industry.
To author’s best knowledge, vibroacoustical properties of composite plate have been reported in this paper
for first time. The deflection of composite plate has been predicted at difference locations on the plate using
the classical theory of the vibrating plate for simply supported and clamped boundary conditions.
Computational simulations have been carried out to determine deformations of the plate in 3D for different
frequency ranges for simply supported and clamped boundary conditions. Furthermore, the radiation
impedance matrix has been predicted for simply supported boundary condition by using equations for
eigenfunctions and Green’s function without interpolation, convergence and without reducing the quadruple
integral into a double integral.

2. Theory of plate vibration
When a flat plate is subjected to a transverse, time dependent force density F(x, y, t), the transverse
deflection of the plate is governed by the fourth order differential equation. The transverse vibration under
free wave conditions stems entirely from inertial loading. A thin, baffled square plate of dimension a x b
(along aces x and y, respectively) and uniform thickness h is considered in this study. The plate displacement
induced by bending waves is in the direction of z axis and is function of time. The geometry of the plate is
shown in Figure 1.
z
y
Plate
b
Force
0

x

a

Figure 1: The geometry of a baffled plate.
The flexural wave equation for composite thin plate can be given by;
..
0, free vibration

D∇ 4 ws + ρ s h ws = 

 F ( x, y ), forced vibration 

(1- a, b)

..

where ws is the transverse plate deflection, ws

is the second order derivative of the plate deflection,

( )

D = Eh 3 / 12(1 − v 2 ) is the flexural rigidity, ∇ 4 = ∇ 2 ∇ 2 and ∇ 2 = ∂ 2 ∂x 2 + ∂ 2 ∂y 2 in the system of
coordinates (x, y) with x and y parallel to the plate sides of length a and b respectively, ρ s is the mass
density, E is the Young’s modulus of the plate, and v is the Poisson ratio of the plate.
The plate deflection ws for harmonic wave motion is expressed in the form as shown below;
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∞

∞

ws ( x, y ) = ∑∑ Amn X m ( x )Yn ( y )

(2)

m =0 n = 0

where Amn is the unknown coefficients to be determined, m, n = 0, 1, 2, 3 ….. , and X mand Yn are the
beam functions in x and y direction respectively.
The beam functions have been selected to satisfy different boundary conditions at the edges of the plate. An
appropriate trigonometric function for vibrating beams has been used for X mand Yn different boundary
conditions.
For
simply
supported
plates,
the
beam
functions
are
=
π
Y
(
y
)
sin(
n
y
/
b
)
and
which
should
satisfy
the
equations
of
equilibrium.
The
X m ( x) = sin( mπ x / a ),
n
boundary conditions for simply supported edges of the plate are w = 0,

∂2w
= 0, for x = 0 and x = a
∂x 2

∂2w
and w = 0, 2 = 0, for y = 0 and y = b . The shape of each mode of vibration of plate can be determined
∂y
from Equation (2) by knowing the relative values of Amn and the values of X mand Yn functions. In the static
and dynamic analysis, the excitation function F(x, y) has been expanded into double infinite sine series of
variables x and y for each value of the couple (m, n) by using the equation below;
∞

∞

F ( x, y ) = ∑∑ Fmn sin(mπx / a) sin( nπy / b)

(3)

m=0 n=0

where Fmn are the expansion coefficients.
By inserting (2) and (3) into (1), we can obtain that;

(

Amn = Fmn / D∇ 4 − ω 2 ρ s h
where

ω

)

(4)

is the angular frequency of the plate.

Trigonometric functions have been used to expand the plate deflection for clamped non-porous composite
plate. These functions are called beam functions and are given by;

X m ( x) = Bm1 cosh (am x / a) + Bm 2 cos (am x / a) + Bm3 sinh (am x / a) + Bm 4 sin (am x / a)

(5-a)

Yn ( y ) = Cn1 cosh (bn y / b) + Cn 2 cos (bn y / b) + Cn 3 sinh (bn y / b) + Cn 4 sin (bn y / b)

(5-b)

where a m and bn are the frequency parameters corresponding to the mth and nth normal modes of
characteristic equation.
The constants C n1 , C n 2 , C n 3 , C n 4 , Bm1 , Bm 2 , Bm 3 , and Bm 4 have been determined from the boundary
conditions at four edges of the plate, and allow any condition involving simply supported, and clamped
edges. A baffled square composite plate has been excited by a point force F(x, y, t) which is applied at x0 =
0.25 m, and y0 = 0.25 m from a corner of the plate. The responses have been calculated at the locations given
3
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by x = 0.25 m and y = 0.25 m and also at x = 0.15 m and y = 0.15 m respectively. The magnitude of the force
used to vibrate the plate was 1 N. The vibration response of the plate has been calculated in the 0-1000 Hz
frequency range. The properties of the plate used for numerical analysis are given in the Table 1.
Table 1: Properties of thin composite plate
Length
(m)
0.50

Width
(m)

Thickness
(m)

Density
(kg/m3)

Young’s
Modulus (Pa)

Loss
Factor

Poisson
Ratio

0.50

0.0025

1600

7.489 x 109

0.03

0.2

The plate deflection have been predicted for values of (m, n) up to 30. The vibration responses of a simply
supported and clamped composite plate plotted against frequency are shown in Figures 2. The responses
observed are kind of exponentially decaying sinusoidal wave signal. The first and second resonance
frequencies has been observed at 18 Hz and 91 Hz for simply supported plate respectively. In case of
clamped plate, the first and second resonance frequencies has been observed at 33 Hz and 121 Hz
respectively. It can be seen that clamping the plate at four edges delayed first resonance of the plate by 15
Hz and second resonance of the plate by 30 Hz while it reduces the amplitude of the plate deflection
throughout the frequency range. The deflections of the composite plate has been also calculated at a point
where x = 0.15 m and y = 0.15 m as shown in Figure 3. It shows that only amplitude of resonances
changes at lower frequencies while at higher frequencies resonance and amplitude change.
10

-2

SSSS
CCCC

Plate deflection(m)

10

10

10

10

-3

-4

-5

-6

0

100

200

300

400

500

600

700

800

900

1000

Frequency, (Hz)

Figure 2: Deflection of simply supported and clamped fibreglass plate at x = 0.25m and y = 0.25m
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Figure 3: Deflection of simply supported and clamped fibreglass plate at x = 0.15 m and y = 0.15 m
3D deformations of thin composite plate for simply supported boundary condition are computed using a
MATLAB code, at centre of the plate for 100 Hz, 500 Hz and 1 kHz, and their corresponding results are
shown in Figures 4 a, b, and c respectively. 3D deformations for clamped composite plate are shown in
Figure 4. Sixteen modes in each direction have been used to compute the 3D deformations of the composite
plate. Vertical line at the centre of the plate shows the location where the force is applied to the plate. This
clearly shows that different modal deformations at 100 Hz, 500 Hz and 1 kHz frequencies can be observed
for different boundary conditions. 3D deformation in Figure 3a corresponds to first resonance frequency
while the visualisation of the deformation in Figure 4a corresponds to first and second resonances. When the
frequencies increase, the number of the plate resonances increase too.
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Figure 4: 3D deformation of fibreglass composite simply supported plate at a) 100 Hz, b) 500 Hz, and c) 1
kHz.
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Figure 5: 3D deformation of fibreglass composite clamped plate at a) 100 Hz, b) 500 Hz, and c) 1 kHz
respectively.

3. Radiation impedance matrix
The coefficients of the acoustic radiation impedance of a baffled plate are given by equation below:

Z mnpq = jρω ∫∫∫∫ψ mn ( x, y ) G ( x, y, z; x′, y ′,0) ψ pq ( x′, y ′) dS dS ′)
S

(6)

S

where Z mnpq is known as the acoustic radiation impedance between the normal modes (m, n) and (p, q),

G ( x, y, z; x′, y′,0) is the Green function defined, ρ is the fluid density, and

ψ pq ( x′, y ′) is the

eigenfunctions in the case of the simply supported boundary condition given by Equation (7);

ψ pq ( x′, y′) = sin(

pπx′
qπy′
) sin(
)
a
b

(7)

The acoustic radiation impedance shows the influences of the sound pressure in the (m, n) mode on the plate
system vibrating in the (p, q) mode. A Gaussian quadrature scheme with 16 terms of functions in each
direction (x, y) has been used to compute the radiation impedance matrix. When the variables x = x ′
and y = y ′ , for which G ( x, y, z; x′, y′,0) go to infinity, care has been taken to avoid singularity. The
singularity at the origin has been avoided by taking G (0, 0) = 0. In this work the radiation impedance matrix
has been calculated by using direct numerical integration of Equation (6) without interpolation, convergence
and reducing the quadruple integral into a double integral. The direct and cross coupling terms of the
radiation impedance matrix are normalized by the characteristic impedance ( ρ 0 c0 ), where ρ 0 is the air
density and c 0 is the sound speed in the air.
The direct terms ( Z mnmn / ρ 0c0 ) of the radiation impedance matrix are shown in Figure 6. When higher values
of (m, n) are used in the calculations, the radiation impedance matrix is equal to zero at low frequency. The
cross coupling terms Z mnpq / ρ 0 c 0 are shown in Figures 7. The values of m, n, p, and q vary between 0 and
N. These figures show that the predicted radiation impedance matrix exhibits a smooth variation in terms of
frequency. The real part of the radiation impedance matrix is the radiation resistance and expresses the
radiation damping of the plate structure while the imaginary part of the radiation impedance matrix is the
radiation reactance and expresses the added mass of gas on its structure.
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4.

Conclusion

An investigation of the vibrational and acoustical parameters of thin composite plate that is made of
fibreglass has been carried out. The deflection of the composite plate has been computed using the classical
theory of the vibrating plate for simply supported and clamped boundary conditions at difference locations
on the plate surface. Computational simulations have been carried out to determine deformations of the plate
in 3D and their corresponding square velocities for different frequency ranges for simply supported and
clamped boundary conditions. It has been shown that clamping the plate at four edges delayed first resonance
of the plate by 15 Hz and second resonance of the plate by 30 Hz. The radiation impedance matrix has been
calculated by using basic equation without interpolation, convergence and without reducing the quadruple
integral into a double integral. The direct and cross coupling terms of the radiation impedance matrix have
been normalized using characteristic impedance. The real part of the radiation impedance matrix is the
radiation resistance and expresses the radiation damping of the plate structure. The imaginary part of the
radiation impedance matrix that was not shown in the manuscript is the sound radiation reactance and
expresses the added mass of gas on the plate structure.
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Abstract
This work aims at tuning a non-destructive inspection technique, based on vibroacoustic analysis, capable of
detecting the presence of high moisture content in timber elements. Most of the inspection techniques currently
used to identify the damage caused by water are based on local measurements; through a limited number of
measurement positions, the method proposed here allows scanning a whole surface to detect the presence of
water in localized regions. First, the direction-dependent dispersion relations characterizing the propagation
media are estimated through experimental measurements. Then, a delay-and-sum imaging algorithm is
implemented to estimate the shape of the waterfront related to wicking phenomena. The proof of concept is
provided by testing a plywood panel that had been in contact with water and that displayed a clear sorption
profile. The results show that the location of the waterfront can be accurately estimated and that, for the
frequency range used for the evaluation, the simplifying assumption of a circular distribution of wavenumbers
is valid.
Keywords: NDT, moisture content, timber construction, wavenumber characterization, imaging algorithm.

1

Introduction

One of the most relevant concerns regarding timber structures is durability. The presence of high levels of
humidity in wood can be related to capillary uptake from the ground, condensation due to a wrong design of
the envelope, or infiltration. Whatever the cause is, when wood is exposed to water or water vapor, its
mechanical characteristics change. If wood has the possibility to drain and dry the excess of water, then the
original characteristics of wood are easily restored. Conversely, when wood cannot dispose the excess water,
it degrades quickly.
One of the most relevant concerns in timber structures, and especially in those made of Cross Laminated
Timber (CLT), is the presence of humidity above a safety threshold. When the moisture content in timber is
greater than 20 %, molds and fungi start to appear, compromising the structural performance of timber [3].
Since timber constructions have linings that cover both sides of the walls, too often when the damage is found
it is too late for an intervention. Moreover, while for timber frame buildings the substitution of rotten elements
is reasonably feasible, the substitution of CLT panels is an extremely invasive and expensive technique.
Considering that CLT buildings are relatively new in the market, rehabilitation interventions on these structures
is a quite new and challenging topic.
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Most of the inspection techniques currently used to identify the damage caused by water are based on
capacitance or resistance methods that allow to measure locally the moisture content of the inspected element
[1].
This work aims at developing a Non-Destructive Testing (NDT) procedure, based on vibro-acoustic analysis,
capable of detecting the presence of anomalous moisture content in timber elements. The basic concept is
straightforward: when wood reaches a certain moisture content, its vibro-acoustic propagation characteristics
changes. The interface determined by the change in impedance is in fact a new boundary that generates
reflections. Therefore, through the quantification of these reflections, it is possible to determine if and where
wood is dry or not.
This approach offers several advantages compared to the other available inspection techniques. Through the
application of a permanent set of sensors on the element to be controlled, the monitoring can be continuous in
time, the defect can be automatically localized, and finally the status of the structural element can be checked
remotely. And most importantly, the defect can be spot even if the sensors are located away from the damage,
with some limitations that are discussed in the following. These features are extremely relevant for the field of
fault detection in smart buildings and in the field of management optimization.
This study is presented as a proof-of-concept, the main idea being focused on applying these testing
methodologies to Cross-Laminated Timber elements.

2

Background

The characterization of wood at different moisture content has been the objective of extensive research in the
forestry sector, for the classification of wood is based upon the measurement of the longitudinal wave velocity,
which in turn depends on the moisture content of the wood. Hence, a proper estimate of correction factors to
compensate for humidity is crucial for the forestry industry [2].
Guided waves-based techniques in NDT or Structural Health Monitoring (SHM) are widely used in ducts,
seismic engineering, automotive and aerospace engineering. The use of arrays of sources and receivers allows
detecting the presence of cracks, notches, and anomalous static behaviours.
The use of ultrasonic NDT techniques on timber requires attention for several reasons: (i) timber is per se an
anisotropic material. Layered products can be assumed as orthotropic but the hypothesis of elliptical
distribution of the wavenumber must be verified; (ii) timber is inhomogeneous, therefore one has to consider
the dimension of the defects (knots, holes) acting as scatterers in relation to the inspection wavelength; (iii)
the material is layered, therefore it must be verified that no propagation occurs in superficial layers; (iv)
damping of timber limits long-distance wave propagation (v) fibre orientation, which might deviate from
longitudinal, affects wave velocity.
The microstructure of wood must be carefully considered when analysing wave propagation for wavelength
compared to the dimensions of the inhomogeneities. Luckily, the dimensions of cells, vessels, resin ducts and
so on are extremely small compared to the wavelengths used for inspection in this work, and therefore can be
neglected.
2.1

Water sorption in timber and influence on wave velocity

Generally, wood is characterized by the orientation of the cells and ducts along the grain, and by an axial
distribution system. A cell that has reached a functional maturity is composed by the lumen, an empty space
where all the living contents used to stay, and the cell walls.
Moisture Content (MC) is defined as:
(1)
where mwater is the mass of water in wood and mwood is the mass of the oven dry wood.
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The MC of green wood can range from 30 % to 200 %, while dried planks used for the manufacturing of
engineered wood products have a standard MC that ranges around 10-12 % [3].
Moisture in wood can exist as free water (liquid water of water vapor in cell lumina and cavities) or as bound
water (within cell walls). The moisture content at which the cell walls are saturated, but no water exists in cell
lumina is called the Fiber Saturation Point (FSP).
The rate of liquid water sorption depends on several factors. It is higher in the longitudinal direction, and it is
strongly affected by the boundary conditions of the wood, as water displaces air in the lumina [4].
Unlike other classical construction materials, wood can shrink and swell depending on the moisture content,
changing the amount of water that it can absorb; both mass and volume depend on the MC.
The FSP is considered as that moisture content above which the physical and mechanical properties of wood
do not change anymore. The FSP of wood averages around 30 % MC for most commercial woods.
Several studies report empirical relations to compensate the velocity of longitudinal waves for the MC.
The velocity of stress waves propagating in solid wood drops as the MC increases, with a greater slope below
FSP and with a less marked dependence above the FSP [5-7]. The Modulus of Elasticity (MOE), evaluated
from the longitudinal wave velocity, remains almost constant above the FSP. Another interesting feature is
that the ratio between the dynamic MOE and the static MOE is affected by the moisture content when MC is
below FSP, while it assumes relatively constant values above FSP [5].
From these considerations, it is possible to infer that the detection capability of a vibro-acoustic measurement
setup increases with increasing moisture content, and that when 30 % MC is reached, the apparatus would
detect straightforwardly any further variation in mechanical properties.

3

Method

The objective of the present work is to implement an imaging algorithm for the detection of high MC in
building elements, and in particular in mass timber elements, the substitution of which in the lifespan of a
building would represent a serious drawback in terms of serviceability. The proof of concept was provided
studying, under controlled laboratory conditions, a scaled laminated wood panel: a cherry plywood panel.
Cherry is a hardwood characterized by a fairly uniform texture and a high dimensional stability after drying,
which oriented the choice to this high-quality panel.
The mechanisms of water sorption may change when considering other species of wood, but since the
implementation of the method is done on a macroscopic scale, this choice is not expected to influence the
results.
The cherry plywood panel is made of 10 layers of equal thickness, for a total thickness of 15.2 mm, and has
density ρ = 680 kg m-3. From the master panel, smaller panels were cut in different sizes to perform the different
measurements that are presented in this work. In particular, the results concerning wavenumber identification
were obtained on a 1.22 x 1.22 m panel, while the setup for the imaging was installed on a smaller element
(1.22 m by 0.61 m).
This high-quality plywood is characterized by a marked orthotropic behaviour and a high damping. In
laminated wood panels, each layer has a different orientation. Capillary actions are stronger along the grain,
but the reduced thickness of each layer together with the fact that cherry is a porous wood, helps make the
water absorption homogeneous in the cross section.
To implement the imaging algorithm, several preliminary measurements were necessary. Some hypotheses
concerning the orthotropic nature of the panel had to be verified. Furthermore, the imaging algorithm was
implemented in the time domain, i.e., generating pulses centred at a specific frequency, and that calls for a
deep insight regarding the choice of the frequency range to be investigated. The analysis was conducted
following the steps listed below.
1.
The complex velocity of different guided wave modes along several radial directions was detected
to:
a. verify whether the orthotropic nature of the plate could be simplified as circular or elliptical.
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2.
3.

4

4.1

b. identify the cut-off frequency of the A1 mode, and therefore limiting from above the frequency
range of interest.
c. evaluate damping (using plane wave excitation) to avoid making any assumption on the
cylindrical propagation.
The frequency range of interest was narrowed by studying the intervals in which the complex
reflection coefficients measured on the dry plate and the wet plate gave the highest difference.
A Delay-and-Sum imaging algorithm was implemented, and the input parameters were tweaked
until convergence.

Results

Wavenumber information

The extraction of wavenumber information was performed using Prony's analysis, a method that fits the signal
acquired on a grid of equally spaced points to a sum of complex damped exponentials, allowing to determine
at once wavenumber, amplitude, and damping information [8] under plane-wave assumption.
Measurements were conducted in the frequency domain along a linear array of 141 points with a spacing of
0.002 m, spanning a total length of 0.28 m. Measurements were repeated along 5 radial directions ranging from
0 (parallel to grain) to π/2 radians (perpendicular to grain). The source was a circular piezoelectric transducer
with diameter 0.0145 m and the acquisition of the signals was performed using the 3D-Laser Doppler
Vibrometer Polytec (3D LDV - Polytec PSV 500-3D). The panel had dimensions 1.22 m by 1.22 m.
The measurement setup is depicted in Figure 1. The bottom corners of the plate were simply supported while
the upper corners were clamped. An aluminium support was assembled to guarantee a good contact between
the piezo emitter and the plate, having no other contact point with the plate under test.

Figure 1 - Measurement setup for the determination of the dispersion relations in plywood. Panorama of the
panel and the laser Doppler vibrometer, with detail of the clamping of the panel and detail of the fixing of the
piezo.
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In Prony analysis, the information on the propagating modes is stored in coefficients, whose number is suitably
chosen in relation to the element under investigation. Therefore, the extraction of the information followed the
process described below:
• The target propagating mode (the first anti-symmetric mode, A0) was identified and the relative
dispersion curve was calculated theoretically, using Mindlin's theory for acoustically thick plates.
• A tolerance criterion was set to exclude outliers.
• The coefficients that describe the forward and the backward propagating waves are identified: for each
point of the wavenumber vector k, the value that lies closer to the Mindlin's fit is taken and the
associated coefficient is stored.
• The same coefficients are used to identify the respective amplitudes and the damping factors.
From Prony analysis, it was observed that the cut-off frequency of mode A1 lies at around 35 kHz. When
implementing imaging algorithms, it is desirable to have a single-mode propagation to associate each
frequency to only one group velocity. The analyzed frequency range was therefore limited to 35 kHz.
The direction-dependent wavenumbers and damping coefficients are presented in Figure 2, for frequencies
ranging from 9 to 30 kHz.

Figure 2 - Real (left) and imaginary (right) parts of the A0 mode wavenumber measured along five radial
direction in the cherry plywood plate. The direction labelled as “0” is parallel to the fibres of the face ply.

It is specified that, since measurements were performed using a circular piezo as source, damping information
is affected by the geometrical spread of the wavefield. Measurements using a rectangular piezo bar were also
performed along four directions (0 to ¾ π radians) to retrieve accurate estimates of damping.
4.2

Selection of the driving frequencies

Imaging algorithms are usually implemented in the time domain, generating bursts centered at specific
frequencies.
The choice of a suitable frequency encapsulates several aspects. Imaging algorithms increase in precision when
small wavelengths are used, but in plywood the cut-off frequencies of higher order Lamb waves modes are
low.
A further refinement of the frequency range of investigation was performed through the analysis of the
frequency region in which the mechanical characteristics of wet wood differ more from those of dry wood,
through the analysis of the reflection coefficient, that was calculated according to Sherafat et al. [9].
The reflection coefficient is calculated, for each frequency, as the ratio of the amplitude of the reflected wave
Ur to the amplitude of the incident wave Ui, corrected by a factor that compensates for the attenuation due to
propagation:
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(2)
where θ is the angle of incidence, kI is the imaginary part of the bending wavenumber of the propagating mode
under analysis and d is the distance from the emitter to the center of the measurement array.
Amplitude and damping were estimated by measuring the spectral response of the plate to pseudo-random
noise over a dense mesh of points (173 points spaced 0.0016 m apart) and using a rectangular piezo bar
described above as source. The Prony analysis was used to evaluate the damping and the amplitude of the
incident and scattered waves. Similarly, to what seen in the previous section, the data were extracted as follows:
• Identify the propagating wave.
• Fit the propagating wave using a theoretical model (Mindlin’s plate).
• Set a tolerance criterion to exclude points that lie too far from the expected value.
• Identify of the coefficients that participate to the description of the forward propagating wave.
• Mirror the fitted curve to evaluate the backward propagating wave.
• Identify of the coefficients that participate to the description of the backward propagating wave.
• Use the same indices to evaluate the energy associated to the two waves.
• Estimate, with the same coefficients, of the damping (heavy smoothing required) and evaluation of the
attenuation due to propagation.
• Calculate of the reflection coefficient according to Eq. 2.
Measurements were first performed on a dry board. Then, water was added in a basin that had been previously
placed under the wood board, and the level of the water was raised until the lower edge of the panel was in
contact with the water, adsorbing it by capillary action. It is worth noticing that this manipulation did not
require the movement of any part of the equipment, and therefore did not require the calibration of the
acquisition system. After five hours, the evaporation rate balanced the wicking and the water uptake profile
remained constant. With this new modified boundary condition, the reflection coefficient was measured once
again. The difference of the reflection coefficient calculated with and without water is shown in Figure 3. the
regions in which the difference is maximum were selected as frequency ranges in which to generate pulses.

Figure 3 - Measured reflection coefficient in the θinc = 0° direction on a cherry plywood panel having wet and
dry edge.
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From the analysis of the reflection coefficients, three optimal ranges of frequencies were identified, centered
roughly around 10, 20 and 30 kHz, where the effect of water sorption marked the greatest influence on wave
propagation.
A reasonable trade-off would be to choose the highest frequencies among these available, to increase the
resolution of the method. Bursts were actually generated in all the identified frequency ranges, but results will
be only shown at one frequency for the sake of brevity.
4.3

Implementation of a Delay-and-Sum imaging algorithm

A Delay-and-Sum (DAS) imaging algorithm was implemented following the formulation proposed by
Michaels et al. [10] with some minor modifications.
The principle of this imaging technique is the calculation of the difference between two signals: one recorded
on the healthy plate and one recorded, for the same set of transducers, on the damaged plate. The subtraction
of the signals will generate a signal in which only the features that characterize the flaw are present: all direct
components and the reflections from the boundaries are cancelled out. Therefore, the energy of the composite
scattered field is calculated upon the so-called differenced signal in the following.
Consider a point source at position i and a receiver at position j on an isotropic plate. Under the hypothesis of
a single mode propagation, the group velocity can be calculated as:

(3)
where tij represents the time-of-flight from transducer i to transducer j, while x and y represent the spatial
coordinates of the points.
If there is a flaw at position f, the signal recorded at position j will show a reflected component that will arrive
at time tijf:

(4)
Given each pair of
source-receiver transducers, for a defined group velocity, the distance that characterizes the flaw is identified
by an ellipse that has the two points as foci.
The plate is then meshed into a set of points which are the coordinates of potential flaws: the scattered signal
from all possible transducers' pairs is then summed up creating a matrix (sxy) that represents the energy of the
total scattered field:

(5)
where dij is the differenced signal and w is a windowing function.
Where more ellipses intersect, a flaw is localized, and the matrix will display a maximum.
Operationally, the impulse responses were acquired in the time domain. A cylindrical wave field was generated
using a circular piezoelectric transducer (diameter 0.0145 m, thickness 0.003 m) and pseudo pulses (5-cycles
Hanning-windowed sines) were generated at a central frequency of 20 kHz. Sixteen scanning points were
randomly chosen on the panel and signals were acquired using again the 3D-Laser Doppler Vibrometer.
The signals were windowed to discard noisy tails and Time Gain Compensation (TGC) was applied to
counteract for the attenuation due to propagation. Then, a matrix was built that, for each point of the mesh
grid, estimated the time of arrival of a reflection from a potential flaw tijf, with a spatial resolution of 0.2 cm.
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For each of the measured signals, the envelope of the signal was calculated using the Hilbert transform and the
value that it assumed at the specific time tijf was calculated and summed up for all source-receiver
combinations.
In this application, only one point source was considered and, instead of summing over a time window, the
maxima of the envelopes are summed up. Eq. 5 is thus modified as:

(6)
where N is the number of receivers.
The image is finally obtained by calculating, for each point of the matrix, the energy according to Eq. 5; where
higher levels were found, a flaw was spot.
The water profile in the timber element and the preliminary results of the application of the imaging techniques
are displayed in Figure 4. The algorithm clearly detected the presence of water in the lower region of the plate,
where the energy of the total scattered field reaches a maximum. Figure 4a shows that, in the inner layers, the
waterfront reached approximately 3 cm of height, with variations that depend on the orientation of the layers.
The grid displayed on Figure 4b has a vertical resolution of 0.65 cm; the yellow-filled area covers 5 cells,
indicating a total height of 3.25 cm. Future work will be devoted to improving the accuracy of the estimate of
the waterfront. The low precision of the detection at the boundaries (i.e., the concave profile) is due to the
construction of the ellipses: in particular, to the distribution of points, that were not generally picked close to
the edges, and to the small dimensions of the plate. The orthotropic behavior of the plate has also been
accounted for, but since the wavenumber variation is relatively small, the implementation of deformed ellipses
did not improve the results relevantly.

(a)
(b)
Figure 4 - Preliminary testing on a small plywood board. Water profile caused by wicking (a) and imaging
results of the board (b), with the identification of the wet area in yellow. The red dot represents the position
of the source piezo, while black dots represent the measurement points.

5

Conclusions

This work aimed at using a Non-Destructive Testing ultrasonic inspection technique to detect the presence of
high moisture content in timber elements. To this aim, a multi-step procedure was followed comprising (i) the
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characterization of wavenumber propagation on a timber plate, (ii) the determination of the optimal frequency
range to inspect the plate, and (iii) the implementation of a delay-and-sum algorithm. The results of this
preliminary testing show that the algorithm is able to detect the region characterized by a higher moisture
content. The information related to the direction-dependent wavenumber did not improve the performance of
the imaging algorithm. The analysis also showed that the identification of the frequency to use for inspection
requires attention and should be tailored on the specific object tested. Future developments of the present work
will regard the validation of the method by testing large scale Cross-Laminated Timber samples.
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Abstract
As part of the ANR CENSE project, a questionnaire was sent in January 2019 to households in a 1 km² study
area in the city of Lorient, France, to which 300 responded. The main objective of this questionnaire was to
collect information on the inhabitants' perception of the sound environments in their neighborhood
(soundscape representation), in their street (soundscape representation), and in their dwelling (noise
annoyance). Starting from 2018, a hundred sensors were continuously positioned in the same study area, and
fifteen of them were selected for testing sound source recognition models. The French lockdown due to the
COVID-19 crisis occurred during the project, so we decided to send a second questionnaire during April
2020. About 60 of the first 300 first survey respondents answered to this second questionnaire. This unique
longitudinal dataset, both physical and perceptual, allowed us to undertake a multidisciplinary analysis of
this period. The analysis revealed the effectiveness of integrating source recognition tools, soundscape
observation protocol, in addition to physical level analysis, to accurately describe changes in the sound
environment.
Keywords: Lockdown, Soundscape, Urban sound environment.

1

Introduction

The emergence and spread of the Covid-19 pandemic from late 2019 to 2020 has forced governments to take
unprecedented social distancing measures to slow the spread of the virus. The most emblematic of which was
the lockdowns imposed in a large number of countries in the spring of 2020. They had an immediate and
drastic impact on the sound environments. From a research point of view, this unprecedented event raises the
question of how can we observe and objectify the physical changes in urban sound environments during this
period, as well as their perception by populations. This question is crucial for understanding the impact of
such a crisis, which is likely to change the perceptions of and the expectations about noise in a lasting way,
but also for proposing protocols for capturing and understanding the impact of slower and less dramatic
changes in noise environments.
Despite initiatives to homogenize observations, such as that proposed by Asencio et al [1], observation
protocols in the recent literature on the subject are very disparate, from acoustical measurements to the use of
questionnaires. For example, cities equipped with noise measurement networks have highlighted the
decrease in noise levels of about 4 to 6 dB(A) reported on average in Lyon [2], Madrid [3], Milan [4]. In [2],
[5], [6], questionnaires were distributed to residents, the analysis of which highlighted the perceived change
in noise environments, namely a decrease in transport and mechanical noise sources and an increase in
natural sound sources.
This study proposes an approach that combines both a measurement network that integrates an automatic
sound source recognition module and questionnaires distributed before and during the lockdown. The
objective is not to define a universal characterization of the impact of the lockdown, but to demonstrate the
1
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relevance of such a protocol to characterize such an event. As such, this paper is only a brief summary of the
methods and results obtained.

2
2.1

Material and methods
Questionnaire

In the second week of January 2019, a questionnaire was sent to approximately 2000 households in a study
area of 1 km² in the city of Lorient, France. Until 15 March 2019, it was possible for the inhabitants to return
a paper version of the questionnaire or to fill it in via a web platform. The questionnaire takes about 20-25
minutes and is composed of 5 sections detailed in [7]. A second questionnaire was sent out during the
lockdown period in 2020, from early April to mid-May. It was identical in every respect to the first two
sections. 318 people completed the first questionnaire and 62 of these participants also completed the second
questionnaire.
2.2

Measurement network

Specific low-cost noise monitoring sensors have been developed within the CENSE project to be integrated
into a measurement network [8]. In April 2020, approximately 70 sensors were installed in the study area.
Among these sensors, we strategically selected 15 that operated continuously over the study periods and
were best spatially distributed to match the residents' questionnaires. To facilitate data processing, only the
first 10 minutes of each hour are analyzed assuming that they are representative of the whole corresponding
homogeneous period as suggested in [9].
2.3

Sound Recognition

In addition to analyze perceptual assessments and acoustic indicators, we investigated variations in the
content of sound environments through automatic sound source recognition. Specifically, a deep neural
network was designed to identify the time presence ratios of cars, trucks, motorbikes, voices, small birds,
seagulls and background noise activities from the sensor network [10].

3
3.1

Results
Perceptual analysis

Comparative statistical analyses between the responses given in the pre-lockdown period and during the
lockdown period were carried out. In particular, this showed strong decrease of the perceived presence time
of road traffic, two-wheelers and "expressive" voices (shouts, laughter) during the lockdown. In contrast, the
perceived presence time of birds increased significantly. In general, the sound environment perceived by the
residents in front of their homes was assessed much calmer, more pleasant and less eventful during the
lockdown period than before.
3.2

Sound level analysis

The analysis of the measured sound levels shows first of all that globally the typical daily and weekly
pattern is maintained for both study periods. However, a statistical analysis indicates that the period
effect for the mean measurements of all the sensors is about 7 dB(A). A difference of up to -15 dB(A)
is even observed between the period before and during lockdown for a station located close to a
boulevard.

2

970

3.3

Sound recognition analysis

We initially observe that the expected general diurnal and weekly behavior is observed for most of the
variables (e.g., morning birdsong peaks at sunrise), which reinforces the confidence in the source recognition
model. Statistical tests show a strong increase in the perceived presence time of birds, and a decrease in the
perceived presence time of road traffic, estimated by the algorithm. We also observe a decrease in the
estimated presence time of voices during the lockdown period in the hyper center and near the bars, but an
increase in the small streets or on the pathways along the riverbank.
3.4

Cross-comparison of the different evaluation methods

Pearson correlation coefficients with their respective significance (p-values) between the questionnaire
variables, source recognition, but also the physical indicators directly were calculated. They show that the
perceived sound level and the measured sound level indicators LAeq and LA50 are significantly inversely
correlated. The same dynamics are also observed when comparing the measured sound level LAeq and LA50
and the perceived traffic presence time. The perceptual indicators and those from source recognition for the
time of presence of birds and road traffic are also significantly correlated.

4

Conclusion

In this study, three methods of sound environment analysis were considered for periods before and during the
lockdown due to the COVID-19 crisis in the city of Lorient, France. The analysis of sound levels reflects the
results of many other studies on the subject, namely an average decrease in equivalent sound level of about
5-10 dB(A). The analysis of the questionnaire results allows us to investigate the changes in the perceived
presence of certain sources over time, such as the drastic decrease in road traffic and the increase in the
perceived presence of birdsong.
This study also introduces the integration of the analysis of the presence of sound sources both from the
questionnaires and from the automatic estimation using a deep convolutional network algorithm. The
analysis of the latter reveals temporal details on the presence of sources which are very complementary to
that of the questionnaires. The differences between the questionnaires and the algorithm also allow us to
question the perceptual or algorithmic biases that may be present in each measuring method.
When confidence in the results of the algorithm will progressively increase, this type of cross analysis will
certainly allow us to highlight perceptual biases. In spite of some methodological and technical limitations of
the study, this shows the interest of introducing multidisciplinary analyses of the urban sound space, in
particular to explore particular phenomena such as the lockdown related to COVID-19, or more generally to
testify of the short- and long-term evolutions of the urban sound environments and their appreciation. More
information about the methods and results obtained will be given during the presentation and in a full paper
that is in the final stage of writing.
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Abstract
This study analyses the noise immission levels evolution during COVID scenario in different urban
environments due to the four main sources with the greatest impact on population: vehicle traffic in urban
areas, industry, transport infrastructure and nightlife. This evaluation aims to find out in which scale the
noise level decreased in the state of alarm declaration and how it evolved in the resumption of the new
normal.
A wide noise sensor network was installed by AV Ingenieros with the initial objective of monitoring noise
levels during the development of noise control and specific action plans. But during this monitoring the state
of alarm was declared, so the sensors already installed were able to measure noise levels before, during and
after the lockdown.
A parallelism can be seen between noise levels and some indicators that represent each environment. During
the total lockdown, a greater reduction can be observed, and afterwards sound levels return to the usual
levels in environments like the industrial, but levels have been lower in urban and nightlife environments,
since the allowed capacity in activities or the mobility have also been lower than usual.
Keywords: noise exposure; noise continuous monitoring; noise reduction; noise and economic parameters.

1

Introduction

Noise pollution, according to the World Health Organization (WHO), is one of the environmental factors that
causes more health problems. Some of the main noise sources that generate the most impact on the
population are road traffic, industry and nightlife. These noise sources usually generate a seasonal acoustic
impact, so the evaluation of sound immission levels must be done through long-term measurements or
through continuous monitoring.
Continuous noise monitoring stations measure the equivalent continuous level with A frequency weighting
during 24 hours / 7 days. This allows to have absolute control of the real acoustic impact and its evolution.
Since they are some of the main noise sources that affect the population, they usually cause the acoustic
quality objectives to be exceeded and are usually subject to the implementation of mitigation measures to
reduce the acoustic impact. In this case, it is essential to have a noise level monitoring system, before, during
and after the implementation of the corrective measures, since it will be the indicator that determines the
effectiveness of the developed measures.
This is the reason why AV Ingenieros has a wide network of continuous noise monitoring evaluating
different noise sources that affect the population. This sensors network has made it possible to have noise
data before, during and after the declaration of the alarm state and to be able to observe the evolution of
noise levels in different environments.
1
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This document has the objective of evaluating the sound levels in four environments affected by four of the
noise sources with greatest impact on the population, analysing the noise records between January 1st, 2020
and March 31st, 2021.

2
2.1

Applicable regulations
International Standards

Internationally, the most widespread standard for noise evaluation is the ISO 1996 Acoustics -- Description,
measurement and assessment of environmental noise by Part 1:2016 Basic quantities and assessment
procedures and by Part 2: 2017 Determination of sound pressure levels. These standards have two main
objectives, on the one hand to define the best methods for describing, measuring and evaluating the
environmental noise of all types of sound sources and on the other hand, to harmonize this methodology
internationally.
2.2

European Regulation

Directive 2002/49/EC of the European Parliament and of the Council of 25th June 2002 relating to the
assessment and management of environmental noise, was created with the aim of reducing noise pollution
caused by different types of noise emitters. This European directive establishes a set of objectives, including
the creation of a common framework for all Member States for the assessment and management of
environmental noise exposure.
2.3

National Regulation

The Spanish membership of the European Union led to the transposition of the basic provisions of the
European Directive through Ley 37/2003, de 17 de noviembre, del Ruido, which has been developed with its
subsequent decrees.
Real Decreto 1513/2005, de 16 de diciembre, por el que se desarrolla la Ley 37/2003, de 17 de Noviembre,
del Ruido, en lo referente a la evaluación y gestión del ruido ambiental, establishes a basic framework for
the preparation of strategic noise maps with the aim of adding the concepts of nuisance and exposure to
environmental noise proposed by Directive 2002/49/EC to the state legal framework.
Real Decreto 1367/2007, de 19 de octubre, por el que se desarrolla la Ley 37/2003, de 17 de noviembre, del
ruido, en el Referente a zonificación acústica, Objetivos de calidad y Emisiones acústicas, has as its main
objective to complete the development of the Ley del Ruido, defining the different noise indices, their
application and establishing the acoustic quality objectives.
2.4

Autonomic Regulation

The reference regulation in Catalunya, related to the external noise immission, is Decret 176/2009, de 10 de
Novembre, pel qual s’aprova el Reglament de la Llei 16/2002 de protecció contra la contaminació acústica i
se n’adapten els seus annexos. The object of the decree is the Llei 16/2002 development and the adaptation
of its annexes in order to achieve the adequacy to those basic precepts of the state regulations that directly
affect the catalan regulations.
The methodology for measuring and evaluating noise levels depends on the emitter focus. That is why
Decret 176/2009 incorporates a set of annexes for each of them. For example, Annex 1 is developed for the
evaluation of the noise immission level generated by infrastructures; Annex 3 is developed for the evaluation
of the external noise immission generated by activities; and Annex A is developed for the evaluation of
acoustic quality objectives, which applies to all incident emitters.
These annexes also establish the limit values for noise immission and are different depending on the
evaluated noise source and depending on the acoustic zoning of the evaluated receiver.
2
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This acoustic zoning is regulated through the acoustic capacity maps that are of local competence and that
are based on the predominant use of the land.

3

Instrumentation

The equipment that AV Engineers has used for noise measurements is a noise monitoring equipment (noise
sensor) from the Cesva brand, TA120 model. Figure 1 shows the image of one of the sound level sensors
installed in a streetlight.

Figure 1 – View of one of the noise monitoring equipment installed in a streetlight.
The equipment used for noise assessment have the following extra items:
• Battery: The equipment has an internal battery that charges at night with the power from the
streetlight.
• 3G modem: The equipment has an internal 3G data module, to transmit the recorded data from the
equipment to the server for data management.
In this way, the temporal evolution of the level of sound immission registered by each of the equipment can
be consulted in real time by NoisePlatform from Cesva and through AV Ingenieros’ own server. The query
parameter is the A-weighted equivalent sound immission level (LAeq) for each minute. Figure 2 shows, as an
example, the visualization of the data recorded minute by minute. In addition, through NoisePlatform it is
possible to check the noise levels recorded every hour or every day. Figure 3 shows an example of a weekly
data display.

Figure 2 – Example of the temporal evolution of the sound immission level on a real-time platform.
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Figure 3 – View the equivalent level of each hour for a week via the real-time platform.
As shown in the figure above, the display of the equivalent level every hour allows to know the sound level
every hour throughout the day, to compare between weekdays and weekends levels or to correlate punctual
events with recorded sound immission levels, allowing the detection of problematic events in terms of sound
immission.

4

Boundary conditions

As already mentioned, this study considers the main noise sources with greatest impact on the population and
analyses the evolution of noise immission levels before, during and after lockdown due to COVID-19
scenario.
Although all the evaluated points are located in an urban environment with exposed population, each of them
has its own particularities. Then, the following subsections, make a brief description of each point and then
some indicators are defined to allow the relation between the measured sound immission levels and
economic parameters. Due to data confidentiality, the description that follows is made in a generic way
without going into detail of its exact location.
4.1

Urban environment

The urban noise immission level is evaluated with a sonometric sensor located on a main avenue of a tourist
town on the coast. This avenue consists of two traffic directions and one lane in each direction. The buildings
in the area are for tourist use and on some of the ground floors there are shops. Just in front of the
measurement point is the exit of a public car park, as well as a taxi station.
During the day it is a commercial area, while at night, nightlife predominates, so the evaluation of this point
is made during the day level Ld.
4.2

Traffic impact

The noise level generated by a road infrastructure is assessed by an equipment installed in an urban
environment affected by industrial use land, but with the existence of a main road that acts as a predominant
focus and which masks completely the industrial activity noise. The buildings are multi-family GF+3 with
commercial premises on the ground floor.
4
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4.3

Industry

The measurement point used for the evaluation of the industrial environment is characterized by being an
urban area affected by land for industrial use. This specific industrial activity is the main noise source that
affects the residential buildings in the area, but they are also affected by a road infrastructure with
considerable traffic intensity and by a railway infrastructure. In addition to these two noise sources, the
measurement point is also affected by the traffic noise of the destination streets.
In relation to the operating conditions of the industry, it works from Monday at 6 a.m. to Saturday at 6 a.m.,
with a lower operating regime at night. In relation to the COVID scenario, the factory was stopped during the
four first weeks of total confinement and then it has had a normal operation, but with closing for holidays in
August and at Christmas.
4.4

Nightlife

Urban environment in a coastal tourist town with a high concentration of nightlife activities. Te street where
the sensor is installed is pedestrian, with no traffic. Nightlife is one of the sectors that has been most affected
by health restrictions. Music bars and discos were able to reopen their doors in June, although in mid-August
they had to close again.
4.5

Indicators

To find out if there is any relationship between the acoustic quality of the environment and the economic and
social situation, the evolution of the levels of sound immission is compared with the public data available on
GDP, data on traffic intensity or economic data from private companies in the environment that may have
influenced the noise results.
•
•
•
•

5

Urban environment: GDP of the trade, transport and hospitality sector
Traffic impact: No traffic intensity data are available, so noise levels are compared to GDP data
Industry: GDP of the industrial sector and the economic data of the industry itself.
Nightlife: GDP of the hospitality sector

Results

As already mentioned, the noise levels evaluation is carried out from January 1st, 2020 to March 31st, 2021.
Although in each environment the evolution has been different, in all of them three scenarios can be
observed: noise levels before the alarm status decree, noise levels during total lockdown and noise levels
during return to the new normal. In this sense, the results are organized into the following two sections:
5.1

Noise reduction during lockdown

The state of alarm decree represented a radical change in the acoustic landscape in all environments, so this
section evaluates the noise reduction between the previous sound levels and the sound levels during
confinement. Table 1 shows, for each noise source, the noise level measured the days before de lockdown,
set between March 2nd and March 8th and the noise level measured during the 4 weeks of total lockdown.
Then below, the table details the noise reduction expressed in dBA and the reduction percentage considering
the sound pressure indices.
As it can be seen in Table 1, the greatest noise reduction appears in nightlife, with a decrease of nearly 20
dBA, that supposes a 99% less noise. This is normal if it is observed that nightlife activities are practically
the only noise source affecting the receivers, since the measurement point is in a pedestrian street with no
road traffic.
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The industrial environment also presents a significant noise reduction of 10 dBA, which represents a
contribution of 90% lower. This is because the factory was stopped during the 4 weeks. If the reduction has
not been less, it is due to the contribution of other noise sources unrelated to the activity, such as road traffic.
The most moderate decrease is observed in the environment affected by traffic noise from the main road,
with a drop of 3.5 dBA representing 55% of its usual contribution.
Finally, the noise level Ld reduction in the urban environment is reduced by about 5 dBA, which represents a
decrease of 70%.
Table 1 – Noise levels before and during lockdown and reduction in dBA and %.

Week before
4 weeks Lockdown
Reduction dBA
Reduction %

5.2

Ld - Urban
environment
69.3 dBA
64.2 dBA
-5.2 dBA
-69.5%

Ln - Traffic
impact
60.6 dBA
57.1 dBA
-3.5 dBA
-55.5%

Ln - Industry Ln - Nightlife
62.7 dBA
52.6 dBA
-10.1 dBA
-90.2%

73.3 dBA
53.7 dBA
-19.6 dBA
-98.9%

Noise reduction during 2020

The evaluation of the acoustic quality objectives must be carried out considering the period of one year.
Thus, in this section, the noise levels of the initial acoustic situation are compared with the global levels for
the entire year 2020, to know the impact of the drastic noise reduction in a specific period over the whole
year period. For the evaluation of the noise levels for the rest of the year, it must be taken into account that in
October another state of alarm was decreed to contain the spread of COVID infections, which especially
affects noise levels at night and during the weekend.
Next, Figure 4 to Figure 7 show the evolution of the daily levels throughout the entire period under study,
while Table 2 shows the averaged levels and the reduction it entails with respect to the acoustic situation
prior to the COVID scenario, characterized by records obtained between January 1st and March 8th, 2020.

Figure 4 – Ld noise level evolution in urban environment.
In urban surroundings, it can be clearly observed how the noise level decreases on the first weeks of
confinement and how it progressively recovers till remain stable as of June. What can be observed as of
October are lower peaks that correspond to weekend days, in which the perimeter confinement and the
closure of trade were decreed, with the exception of essential establishments.
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Figure 5 –Ln noise level in road traffic environment.
As observed in urban environment, a drastic decrease of noise level is observed during the total confinement
and a progressive recovery is observed responding to de-escalation phases towards the new normal. From the
end of October there are also lower peaks that correspond to the perimeter closure and the closing of
commercial activities during the weekend.

Figure 6 –Ln noise level in industrial environment.
The noise level measured in the industrial environment only shows variations during the days in which the
factory has been shut down, corresponding to the temporary closure during total confinement and the closure
corresponding to vacation days, as observed in August and in Christmas. The rest of the days the industry
has operated under normal conditions.

Figure 7 –Ln noise level in nightlife environment.
7
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The available data corresponding to the sound sensor installed in the nightlife environment shows an
evolution of the noise level in several phases. First, it appears the noise levels prior to the declaration of the
alarm state and later the drastic fall due to the closure of all activities. Starting in mid-May, the noise level
increases progressively until July, when normal noise levels are recovered and remain until mid-August,
when the closure of nightlife activities is again decreed. From this date until mid-October another phase with
average noise levels is observed, but as of mid-October, the perimeter closure and the curfew mean that noise
levels remain lower.
Table 2 – Noise levels before lockdown, averaged 2020 levels and reduction in dBA and %.

2 months before
2020 average
Reduction dBA
Reduction %

Ld - Urban
environment
70.3 dBA
68.5 dBA
-1.8 dBA
-34.5%

Ln - Traffic
impact
60.8 dBA
59.1 dBA
-1.6 dBA
-31.3%

Ln - Industry Ln - Nightlife
63.4 dBA
62.2 dBA
-1.2 dBA
-23.3%

72.1 dBA
70.8 dBA
-1.3 dBA
-25.6%

As it can be seen in the Table 2 the greatest noise reduction is observed in the urban environment and in the
environment affected by traffic noise. Although the reduction observed only during the days of total
lockdown was not the most pronounced of the 4 noise sources (see Table 1), it has been a noise reduction
sustained throughout the whole year due to reduced mobility.
The acoustic quality objectives in the other two environments are affected by a predominant noise source, so
the absence of this source totally conditions the results. This means that on days of total closure, the levels
are clearly lower than the usual noise levels, but once the activity is resumed, the noise levels return to the
usual situation. In the energy averaged noise level carried out to obtain this objective index of acoustic
quality, the high noise levels outweigh the lower noise levels, which means that the noise level averaged
throughout the whole year does not look so affected.
5.3

Indicators comparative

Below, Figure 8 to Figure 11 show the relationship between the sound immission levels of the 4
environments with the indicators set in each case as described in the section 4.5.

Figure 8 – Comparison between the noise level Ld in urban environment and GDP in trade, transport and
hospitality sector.
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Figure 9 – Comparison between the noise level Ln in road traffic environment and GDP in trade, transport
and hospitality sector.

Figure 10 – Comparison between the noise level Ln in industrial environment and GDP in industrial sector.

Figure 11 – Comparison between the noise level Ln in nightlife environment and GDP in trade, transport and
hospitality sector.
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As can be seen in the previous figures, the noise level is an index that immediately reflects the different
phases conditioned by the different scenarios of the pandemic, while the economic indices are collected a
posteriori.
In relation to the GDP of the commercial and transport sector, the second quarter of 2020 shows a reduction
of 32% compared to the previous quarter. This decrease follows a similar proportion to the decrease
observed in the noise level due to road traffic, which stands at 36% in the same period. Even so, the same
does not happen in the evaluated urban environment, since the decrease in urban noise in the second quarter
of 2020 is 47% compared to the previous quarter.
In relation to the industrial environment, the representation through quarterly results is not useful, since the
local confinement lasted 4 weeks, 2 of them are recorded in the first quarter and the other 2, in the second
quarter. In this case, in order to know if there is a parallelism between the acoustic and the economic
situation, the specific economic indices of the industry that affect the measurement point are consulted. In
this sense, the data available correspond to the annual averages, being able to observe in 2020 a reduction in
turnover of 16% compared to 2019. In this case the reduction in noise indices is higher, since in global terms,
the noise level for the entire year 2020 is 23% below the usual acoustic situation.
Finally, regarding to nightlife, as it is such a specific sector, noise levels cannot be compared with such a
global economic index, so there is no clear parallelism. Even so, if the data is analysed in global terms
observing the entire year, the reduction in the economic index in 2020 is 25% compared to 2019, while the
reduction in the noise level in the same period is 26%.

6

Conclusions

The declaration of the state of alarm and the different restrictions, in relation to commercial closures, local
confinements and curfews have totally modified the acoustic scenario throughout 2020.
The greatest noise reduction observed in the four evaluated environments (urban environment, road traffic,
industrial and nightlife) undoubtedly corresponds to the first four weeks of confinement, with a reduction of
70% in the daily level Ld of urban environment, a reduction 55% in the night level Ln generated by road
traffic, or a reduction of 90% and 99% of the night level Ln due to the total closure of the industrial plant and
nightlife, respectively.
From the de-escalation phases towards the new normal, it is observed how sound levels recover. In those
environments conditioned by a very predominant source of noise, such as industrial or nightlife, the levels
are equal to the previous acoustic situation, but the sound levels remain a little lower than usual in urban
environments, since that mobility has also been reduced.
Noise levels evolve in a similar way to the evolution of economic indices, since the GDP of the commercial
and transport sector in 2020 is 25% lower than in 2019, while the decrease in noise levels in 2020 compared
to the acoustic situation prior to the pandemic is 34% in the urban environment, 31% in the environment
affected by traffic noise and 26% in the nightlife environment.
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Abstract
Limiting the diffusion of COVID-19 pandemic in Italy required the adoption of different restrictive measures.
These interventions produced significant reductions of vehicular traffic and, consequently, of the traffic noise
levels. The permanent noise monitoring network installed in the city of Milan, developed by the European
LIFE+ project DYNAMAP, has captured the sound environment changes throughout the pandemic period. The
monitoring sensors are equipped with a built-in software able to identify Anomalous Noise Events (ANE) to
discard the contribution of non-traffic noise sources from the dynamic noise map computation. In this work, we
analyse two representative network sensors from January 2019 to June 2021, thus embracing the pre, during
and post “hard” lockdown periods. The results show a relevant increase of both the absolute noise levels (Lden)
and presence of ANEs during the summer of 2020, as well as a progressive increment of Lden during the
subsequent periods, but without returning to the pre-COVID-19 levels.
Keywords: sound environment, COVID19 pandemic, noise monitoring network, road traffic noise,
anomalous noise events

1

Introduction

The pandemic outbreak of COVID-19, originated in Wuhan, China, at the end of 2019, fully revolutionised
people’s lifestyle. Smart working from one side and the imposition of social distancing on the other, caused
implications on health and wellbeing. Italy experienced a first “hard” lockdown period from March 10, 2020.
All non-essential commercial activities, businesses and industries were temporarily shut down, forcing people
to “stay at home”. As a consequence, the pandemic slowed down, almost disappearing thereafter. Later, the
infections started up again in 2020 autumn season with the resulting restrictions and lockdown according to the
trend of daily new cases with the infection and the rate of occupation of intensive care. Table 1 shows the time
line of measures taken by the Italian Government in reply to COVID-19 pandemic. These measures consisted in
restrictions, advices and alerts with different level of seriousness.
During the outbreak, the acoustic community organised engaging public organizations and academics to collect
noise data through pre-existing noise monitoring networks and on-going measurements (e.g., see [1–3]). In
Milan and Rome, Italy, a permanent noise monitoring network allowed to capture the changes in the sound
environment engendered by the lockdown measures. This network of acoustic sensors has been developed
within the framework of the European LIFE+ project DYNAMAP [4]. DYNAMAP is a dynamic noise
mapping system able to detect and represent in real time the acoustic impact of road infrastructures in urban
and suburban areas using a limited number of noise monitoring sensors, permanently installed in the area of
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study [5]. To this aim, the monitoring stations are provided with a built-in software named Anomalous Noise
Event Detector (ANED) [6], designed to identify the presence of non-traffic related events, denoted as
Anomalous Noise Events (ANEs) within the DYNAMAP project (e.g., trains, sirens, birds, people, street
works, etc.). The ANED algorithm is designed as a two-class classifier trained with acoustic data gathered from
the network of sensors to discriminate between ANE and Road Traffic Noise (RTN) according to their spectrotemporal characteristics [7]. Following the project specifications, these events are detected and removed from
the computation of the A-weighted equivalent noise levels every second so as to represent the RTN levels in
the dynamic noise maps reliably [4]. District 9, in the city of Milan, is one of the two pilot areas chosen for the
implementation of the system [8]. The second pilot area is located in a suburban area of Rome [9]. In Milan, the
DYNAMAP network is composed of 24 sensors, which have been appropriately distributed all over District 9.
Table 1 – Phases and measures taken by the Italian Government, through the emanation of DPCMs (Decree
of the President of the Council of Ministers), Ordinance of the Ministry of Health and Regional Ordinance,
in reply to COVID-19 pandemic.
LAW MEASURES – PHASE 1
Action 1: DPCM 23/02/2020 - effect: schools closed in Lombardia (Region)
Action 2: DPCM 01/03/2020 - effect: manifestations suspended, restaurant and entertainment venues partially closed, partial limitation
of work activities
Action 3: DPCM 08/03/2020 - effect: restaurant and entertainment venues closed, banned hangouts, greater limitation of work activities
LAW MEASURES – “HARD” LOCK-DOWN
Action 4: DPCM 22/03/2020 - effect: total limitation of work activities, obligation to stay at home (except for basic necessities)
LAW MEASURES – PHASE 2
Action 5: DPCM 03/05/2020 - effect: first partial reopening of work activities
Action 6: DPCM 17/05/2020 - effect: second partial reopening of work activities
Action 7: DPCM 03/06/2020 - effect: third partial reopening of work activities and displacements between regions
LAW MEASURES – PHASE 3
Action 8: DPCM 15/06/2020 - effect: fourth partial reopening (no schools and public offices)
LAW MEASURES – PHASE 4
Action 9: Regional Ordinance 10/7/2020 - effect: reopening of sports and recreation centers (gyms, swimming pools and spas, cinemas
and theatres, etc.)
Action 10: Regional Ordinance 16/8/2020- effect: closure of dance halls, discos and similar venues
Action 11: 14/9/2020 - reopening of schools
LAW MEASURES – PHASE 5
Action 12: DPCM 13/10/2020 - effect: bars and restaurants with table service only (closing at 9 pm), nighttime consumption on public
land prohibited, parties prohibited, for private homes it is forbidden to receive more than 6 people
Action 13: Regional Ordinance 21/10/2020 - effect: travel prohibited (curfew) from 11pm to 5am, shopping centers close on weekends
Action 14: DPCM 24/10/2020 - effect: closure of high schools, closure of recreation centers (gyms, swimming pools and spas, cinemas
and theaters, etc.)
RED ZONE (LOCK-DOWN)
Action 15: DPCM 3/11/2020 - effect: total limitation of work activities, obligation to stay at home (except for basic necessities), travel
prohibited (curfew) from 10pm to 5am
ORANGE ZONE (“SOFT” LOCK-DOWN)
Action 16: DPCM 28/11/2020 - effect: limitation of work activities and displacements, partial reopening of basic necessity commercial
activities, travel prohibited (curfew) from 10pm to 5am. More restrictions for the Christmas period.
YELLOW ZONE
Action 17: Ordinance of the Ministry of Health 12/12/2020 - effect: reopening of the restaurant service with consumption at the table
(until 6pm), travel prohibited (curfew) from 10pm to 5am
ORANGE ZONE (“SOFT” LOCK-DOWN)
Action 18: Ordinance of the Ministry of Health 8/1/2021
RED ZONE (LOCK-DOWN)
Action 19: DPCM 16/1/2021
ORANGE ZONE (“SOFT” LOCK-DOWN)
Action 20: Ordinance of the Ministry of Health 23/1/2021
YELLOW ZONE
Action 21: Ordinance of the Ministry of Health 29/1/2020
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ORANGE ZONE (“SOFT” LOCK-DOWN)
Action 22: Ordinance of the Ministry of Health 27/2/2021
RED ZONE (LOCK-DOWN)
Action 23: DPCM 13/3/2021
ORANGE ZONE (“SOFT” LOCK-DOWN)
Action 24: Ordinance of the Ministry of Health 10/4/2021
YELLOW ZONE
Action 25: Ordinance of the Ministry of Health 22/4/2021
LAW MEASURES – PHASE 6
Action 26: from 24/5/2021 - effect: reopening of shopping centres, gyms, etc..

In preliminary studies, DYNAMAP data gathered from January to June 2020 were analysed to evaluate the
impact of the COVID-19 pandemic on the sound environment of both pilot areas [10,11]. In Milan, the
comparison of the noise levels, with respect to the same period of 2019, showed a reduction of the noise levels of
approximately 6dB. In Rome, an average difference of 5.2dB during the whole day (Lden) and 5.4dB at night
(Lnight) were also observed. The study about the distribution of ANEs in both environments was also conducted,
but limited to two representative days (a weekday and a weekend day) during the “hard” lockdown period,
showing they remained similar to what was observed before the lockdown in Milan (with a slight noticeable
decrease in the weekday), whereas presenting an averaged increase of 20% in Rome (mainly in the weekend day).
This paper is a follow-up research from the previous analyses focused on studying the effects of COVID-19
pandemic on the sound environment of Milan. To that effect, we analyse the evolution of the noise levels and
the presence of ANEs at two representative sites of the DYNAMAP noise monitoring network in the District
9 of Milan. The analysis period includes, besides the previous analysed interval (January-June 2020), the
period up to June 2021, thus, embracing the pre, during and post “hard” lockdown periods.

2

Data collection from the urban monitoring network

The DYNAMAP monitoring network composed of 24 noise sensors is active since August 2017. The
available dataset allows us to keep as baseline 2019 data for evaluating the effect of the pandemic on the
sonic environment. Among the 24 monitoring stations, we selected two sites with different characteristics:
- hb127 (Via Quadrio): sensor installed on a school building façade facing the roadside. The road is
classified as type D (mainly local traffic, low vehicle flow rate, no heavy vehicles). It is settled in a
residential and tertiary urban area with absence of production sites (see Fig. 1).
- hb140 (Viale Jenner): sensor installed on a public building façade facing the roadside. The road is
classified as type F (thoroughfare road, high vehicle flow rate, presence of heavy vehicles). It is settled in
a residential and tertiary urban area with presence of parks, craft activities / shops, absence of production
sites (see Fig. 1).
In the following Table 2, we present the scheme adopted for the analysis of the data recorded from each
monitoring stations.
Table 2 – Data analysis
Period considered

Data treatment

Period analysed:1 January
2020-18 June 2021

Identification of missing data due to sensor off-line or
temporary out of use

Reference period:1 January31 December 2019

Removal of noise data for days with unfavourable weather
(rain rate > 2mm/h and wind speed > 5 m/sec) obtained by
cross-checking ARPA (Regional Agency for Environmental
Protection) Lombardia weather stations

Noise indicators
Lden total, Lden upon
ANED filtering, and
percentage of ANEs
detected by the ANED
algorithm
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hb127 Via Quadrio

hb140

hb127
hb140 Viale Jenner

Figure 1 – Google Earth’s® view illustrating the position of hb127 (Via Quadrio) and hb140 (Viale Jenner).

3
3.1

Experiments and results
Analysis methodology

Noisemote® is a real-time control service for environmental noise embedded in the DYNAMAP system 1. It
allows displaying dynamic maps, the evolution of noise levels recorded by the monitoring stations, download
noise data at different integration time (Leq 1 sec, Leq 5 min, Leq 15 min, Leq 1 h, Lden daily, etc.) for both all
data (total) (in which all types of noise sources are considered) and ANE-filtered data (in which only the
contribution of RTN is retained after removing the ANEs identified by the ANED algorithm). Following
[10,11], we analyse both types of data, comparing the Lden indicator calculated with and without the ANE
contribution, and the averaged presence of ANEs per day in percentage (hereafter denoted as ANE (%)).
Table 3 reports the time-line of the periods corresponding to the Italian and Regional Government measures in
reply to the pandemic. These time intervals will be considered for the analysis hereinafter.
Table 3 – Time intervals corresponding to the periods between the different Italian and Regional
Government measures considered for the analysis of noise levels.
Analysed periods
1 - before first action (normal situation)
2 - between first and second action
3 - between second and third action
4 - between third and fourth action
5 - between fourth and fifth action (first “hard” lock-down)
6 - between fifth and sixth action
7 - between sixth and seventh action
8 - between seventh and eighth action
9 - between eighth and ninth action
10 - between ninth and tenth action
1

Date
01/01/2020 - 23/02/2020
24/02/2020 - 01/03/2020
02/03/2020 - 08/03/2020
09/03/2020 - 21/03/2020
22/03/2020 - 03/05/2020
04/05/2020 - 17/05/2020
18/05/2020 - 02/06/2020
03/06/2020 - 14/06/2020
15/06/2020 - 10/07/2020
11/07/2020 - 16/08/2020

http://www.life-dynamap.eu/dynamic-maps/
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11 - between tenth and eleventh action
12 - between eleventh and twelfth action
13 - between twelfth and fourteenth action
14 - between fourteenth and fifteenth action
15 - Red Zone (lock-down) and Orange Zone (“soft” lock-down)
16 - Yellow Zone
17 - Red Zone (lock-down) and Orange Zone (“soft” lock-down)
18 - Yellow Zone
19 - Red Zone (lock-down) and Orange Zone (“soft” lock-down)
20 - Yellow Zone
21 - towards progressive reopening

17/08/2020 - 13/09/2020
14/09/2020 - 13/10/2020
14/10/2020 - 24/10/2020
25/10/2020 - 05/11/2020
06/11/2020 - 12/12/2020
13/12/2020 - 08/01/2021
09/01/2021 - 31/01/2021
01/02/2021 - 27/02/2021
01/03/2021 - 22/04/2021
23/04/2021 - 23/05/2021
24/05/2021 - 18/06/2021

3.2 Results of the Lden analysis
In this section, the results of the analysis for both the monitoring stations hb127 and hb140 are reported. Figure
2 illustrates the total Lden evolution (including ANEs) over the period 1 January 2019 - 18 June 2021; this
period includes: the months prior to the diffusion of COVID-19 in Italy, the first “hard” lockdown period, the
initial reopening of all activities and the so-called “second wave” of the pandemic. As it can be observed, the
noise level trend follows the impact of human activity and of vehicular flows:
- Pre-first lockdown (2019 and January-February 2020): presence of stationary levels.
- First “hard” lockdown period (March-April 2020): noise levels at minimum.
- Post-first lockdown period (summer 2020): gradual increase of noise levels.
- “Second wave” of the pandemic (autumn 2020 - winter 2021): noise levels are in general always lower
than the previous years (before COVID-19 breakout), the noise trend follows the “soft”
lockdown/reopening between October 2020 and May 2021.
- Progressive reopening of activities (from May 2021): gradual increase of noise levels.

First lockdown

Second wave

Figure 2: Time evolution of Lden levels in the period between 1 January 2019 and 18 June 2021 recorded at
the noise monitoring sensors hb127 (Via Quadrio) and hb140 (Viale Jenner). Vertical dashed red lines
indicate the entry into force of the main restrictive measures.
Considering the time periods corresponding to the dates of the Italian and Regional Government measures
reported in Table 3, in Fig. 3, we analyse the time evolution of the differences (ΔLden) between Lden calculated for
the reference year (2019) and the corresponding Lden for 2020-2021 for each acoustic sensor. Both figures
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illustrate Lden levels accounting for all noise sources, represented as ΔLden total, and Lden variation only considering
the RTN contribution according to the ANED output, henceforth denoted as ΔLden (ANED).
Second wave

First lockdown

hb127

hb140

Figure 3: Trend of the differences (ΔLden) between Lden levels for the years 2019 and 2020-2021 for the noise
monitoring sensors hb127 (Via Quadrio) and hb140 (Viale Jenner). The difference is shown for both Lden
total and Lden (ANED). Each period corresponds to the dates of the different Italian and Regional
Government measures reported in Table 3.
In Fig. 2, we can observe how Lden levels corresponding to 2019 remain stable over different periods. From 1
January to 23 February (period 1 in Table 3 and Fig. 3), 2019 and 2020 data are aligned, confirming that, in
general, the noise trend profiles are almost stationary, thus, suggesting that acoustic-wise 2020, the prelockdown period can be considered as “standard”. The first “hard” lockdown, from the end of February
2020, caused a significant reduction of noise (period 4-5 in Table 3 and Fig. 3), with maximum difference of
about 9 dB for the total Lden for sensor hb127 (via Quadrio) and of about 6 dB for hb140 (viale Jenner). This
decrease of noise can be linked to a reduction of the traffic flow down to 90% for via Quadrio and 70% for
viale Jenner (since a -3dB level reduction corresponds to a halving of the source sound power level Lw).
During the summer of 2020, a strong recovery of road traffic volumes was observed due to both the postlockdown effect and the economic crisis (people went on vacation less and an increase of noise levels with
respect to the 2019 reference period was observed −periods 10-11 in Table 3 and Fig. 3). In the months
following 2020 summer, the noise levels retrace the different measures with the rapid succession of openings
and closures (periods 12-20 in Table 3 and Fig. 3). The noise level reduction in this period reaches the
highest level up to 6 dB (see Fig. 3) for the noise station hb127 and of 2.5dB (see Fig. 3) for hb140. As for
the traffic flow along the considered area of study, the observed noise reduction, thus, corresponds to a 75%
traffic flow reduction for the site located in via Quadrio and 50% for the site in viale Jenner. In general, the
acoustic environment in Milan linked is getting back to normality in periods 20-21 in Table 3 and Fig. 3 (see
monitoring sensor hb140 in Fig. 3), but the local viability, influenced by daily movements (e.g., schools), has
not yet reached the pre-COVID-19 levels of 2019 (see monitoring sensor hb127 in Fig. 3). The reduction of
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vehicular traffic (i.e., decrease of background noise) generally corresponds to a greater activity of the ANED
algorithm which most likely recognizes more easily extraordinary events not related to road traffic noise,
where ∆Lden (ANED) > ∆Lden.
3.3 Results of the ANE analysis
In this section, we present the results obtained from the analysis of the averaged percentage of ANEs
identified by the ANED algorithm per day running in each considered monitoring station, that is, hb127 (Via
Quadrio) and hb140 (Viale Jenner). As it can be observed from Fig. 4, the presence of ANEs before the
lockdown (period 1 in Table 3) in sensor hb127 (via Quadrio) is very similar to the same period in 2019,
subsequently showing a relevant reduction during the lockdown (periods 4-5 in Table 3) as a result of the
confinement of the Milan’s citizens. Next, periods 2-3 show an increase of ANE (%), probably due to the
combination of the reduction of global Lden values and an increase of ANEs, e.g., from emergency services
and from people caused by the ‘fear-of-running-out-of-pantry’ episode highlighted in [10]. After the
lockdown, the detection of ANEs increases while the restrictions are progressively reduced, presenting a
peak of 12.8% within summer time (period 10 in Table 3). This result is consistent with the greater presence
of people in the city during vacations due to the travelling restrictions imposed by the COVID-19 pandemic,
being anthropic noise one of the main ANEs detected. The averaged ANE (%) gradually decreases until the
end of 2020 (until period 16, see Table 3), subsequently increasing during the progressive reopening in 2021
with respect to what was observed in 2019. Finally, the analysed data present another relevant peak in period
7 (see Table 3) mainly due to an extraordinary episode of 4 consecutive days (from 25/05 to 28/05) where
the ANE (%) is higher than 18%. As the audio data are not available in the Noisemote® platform, we cannot
determine the origin of the ANEs, but estimations can be done based on the knowledge of the acoustic
environment and the restrictions applied for each stage of the lockdown. Our hypothesis is that this result
may be caused by street works (or a similar event) during that period due to the high percentage and duration
of the episode.
Second wave

First lockdown

Figure 4 – Distribution of the ANE (%) detected by sensor hb127 (Via Quadrio) along the pre, during and post
“hard” lockdown Periods from January 2020 to June 2021 with respect to the corresponding periods in 2019.
In what concerns the impact caused by the presence of ANEs in the via Quadrio’s acoustic environment in
terms of the averaged correction of the Lden computation of RTN levels (denoted as ANED L den Correction),
most values are lower than 1 dB(A) (see Fig. 5). However, it is to note the significant correction of 1.7dB(A)
observed during period 10 (in summer) due to aforementioned increment of 6.1% of ANEs in that period. A
similar situation can be found in periods 7 and 8 (within the post-lockdown), showing an ANED Lden
Correction of 1.1dB(A) from +8.1% of ANE, and 1.3dB(A) due to +3.6% ANE, respectively. Moreover,
it is also worth mentioning the correction caused by the presence of ANEs within the lockdown (a period
with significant lower Lden values as discussed in Section 3.2) entails a variation on the Lden measurements of
0.6dB(A) and 0.7dB(A) for period 4-5 (see Table 3), respectively.
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Second wave

First lockdown

Figure 5 – Correction (in dB(A)) of the Lden values measured by sensor hb127 (Via Quadrio) caused by the
presence of ANEs along the pre, during and post-lockdown periods from January 2020 to June 2021.
On the other hand, Fig. 6 depicts the averaged percentage of ANEs detected by the ANED algorithm running
in sensor hb140 (Viale Jenner) during the pre-, during and post-lockdown periods (see Table 3). Regarding
the pre-lockdown, period 1 in 2020 presents a slight but no relevant reduction of the presence of ANEs with
respect to 2019. As already observed in sensor hb127, periods 2 and 3 present a significative larger number
of events when compared to 2019. This percentage decreases during the lockdown (periods 4-5 in Table 3)
and rise progressively during the post-lockdown periods reaching its peak during summer (periods 9 to 11)
due the motivation already discussed for sensor hb127. However, notice that the averaged ANE (%), despite
being significantly higher than in the surrounding periods in 2020, do not surpass the corresponding values
from 2019. After summer, the ANE (%) remains quite similar to what was observed in 2019, although
presenting lower percentages until the end of 2020 (periods 12 to 16 in Table 3) and returning to similar
values to the reference year afterwards.

Second wave

First lockdown

Figure 6 – Distribution of the ANE (%) detected by sensor hb140 (Viale Jenner) along the pre, during and post
“hard” lockdown Periods from January 2020 to June 2021 with respect to the corresponding periods in 2019.
The impact of the presence of ANEs in the computation of the Lden values are shown in Fig. 7. It can be
observed that 11 out of 21 values entail a correction of 0.5 dB(A) or higher. However, only 2 of them are
higher than (or equal to) 1dB(A), being 1.5dB(A) and 1dB(A) during the lockdown for periods 4 and 5,
respectively. Therefore, the presence of ANEs entails a higher impact on the RTN Lden measurement in
sensor hb140 (Viale Jenner) as the ones observed in sensor hb127 (Via Quadrio) within the same period.
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During the different post-lockdown stages, all the corrections are lower than 1dB(A), showing by the end of
2020 some quite relevant values around 0.7dB(A) (period 14-16, see Table 3). Both the summer of 2020 and
the beginning of 2021 present a couple of periods with 0.5dB(A) corrections.
First lockdown

Second wave

Figure 7 – Correction (in dB(A)) of the Lden values measured by sensor hb140 (Viale Jenner) caused by the
presence of ANEs along the pre, during and post-lockdown Periods from January 2020 to June 2021.

4

Discussion

In this section, we discuss several aspects related to the conducted analyses. First of all, it is to note that,
despite both monitoring stations present a similar global evolution on the Lden values, the overall levels of
each location are quite different. The Lden values measured by sensor hb127 (Via Quadrio) are around 6 dB
lower (8dB for Lden (ANED)) than those observed by sensor hb140 (Viale Jenner), besides presenting larger
Lden reductions during both the “hard” lockdown and post “hard” lockdown periods. This is a relevant issue,
since lower levels of RTN allows the detection of not only high-impact ANEs (e.g., sirens), but also low and
mid-impact events (e.g., people talking) [12]. This difference can also explain the higher average of ANE
(%) observed in sensor hb127 with respect to hb140, as well as the fact that the events detected by sensor
hb140 during the progressive reopening do not surpass the ones detected in 2019, which differs from what is
observed in the acoustic environment monitored by hb127. In a similar manner, despite there is a significant
increment of ANEs (%) during the summer (periods 9-11 in Table 3), the ANE (%) observed in Viale Jenner
in 2020 are lower than those from the corresponding period in 2019 as the summer in 2020 presents higher
Lden values (see Figs. 2 and 6). Secondly, notice that no apparent correlation has been found between the
increase of ANE (%) and the consequent correction of Lden (ANED) levels. For example, sensor hb127 (Via
Quadrio) presents quite similar ANE (%) in periods 8 and 9 (see Table 3). Period 8 presents an
ANE=3.8% that entails a correction of Lden (ANED) of 1.3dB(A), whereas in period 9, the 3.7% of ANE
only causes a slight correction of 0.4dB(A) in the absolute noise level measurements. This result can be
explained by the heterogeneous nature of the acoustic events, which may lead to low, mid or high individual
and/or aggregate impacts on the equivalent noise levels computation (see [12] for further details). As periods
8 and 9 present a similar increment of ANEs with respect to 2019, we can conclude that the average impact
of the events in period 9 is lower than in period 8 according to the bias caused in the Lden (ANED) values.

5

Conclusions

In this work, we have analysed the evolution of absolute traffic noise levels as well as the presence of ANEs
at two representative DYNAMAP sensors located in the District 9 of Milan from January 2019 to June 2021.
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The results confirm the Lden levels reduction during the lockdown, but with a greater decrease of the
percentage of ANEs compared to previous works. Regarding the post-lockdown period, the summer of 2020
presents a particular behaviour, showing higher Lden levels and ANEs (%) than the same period in 2019. This
result is mainly caused by the increase of vehicular traffic since the citizens of Milan remained in the city
due to both the post-lockdown restrictions and the effects of the economic crisis. Afterwards, the sensed
acoustic environments start getting back to normality, but still without returning to pre-COVID-19 levels.
Moreover, we have also observed that the reduction of RTN allows a higher detection of ANEs, whose
presence entails different variations on Lden values depending on their impact on the measurements. Future
work will focus on extending the conducted analysis considering other monitoring stations.
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Abstract
The global COVID-19 pandemic has affected people’s daily life. Health authorities all over the world have
promoted restrictions on people and goods movement to reduce the pandemic effects. Moreover, in many
countries Lockdown measures have been taken to stop the spread of the pandemic and prevent local health
systems from collapsing. Lockdown measures have produced wide behavioural changes on the population,
especially in cities. This fact has had a direct impact on the urban noise levels measured. Equivalent noise levels
in Girona before, during and after the COVID- 19 Lockdown have been analysed to determine the variations
due to pandemic restrictions. A wide time perspective is applied to the analysis and it is focused on citizens
behaviour changes with the aim to discuss large variations on noise levels. Girona is placed in the North-East
of Catalonia (Spain), and has a population of more than 100.000 citizens. In this paper we present on the one
hand a day over day comparison of the mean value of four different sensors. On the other hand, an hour over
hour comparison of the LAeq trend among same days of the week in the same sensor – focusing on traffic and
leisure noise -, comparing before, during and after the lockdown. Data has been obtained from an acoustic
sensor network deployed in the city. This analysis is part of the project “Sons al Balcó”, which aims to draw
the soundscape of Catalonia during the lockdown.
Keywords: COVID-19, Lockdown, Pre-Lockdown, Post-Lockdown, LAeq , noise, Girona.

1

Introduction

WHO declared the COVID-19 pandemic as an emergency on the 30th of January of 2020 [1], and several
European countries developed lockdown plans, based on restricting commercial activities and flights,
decreasing the ground transportation [2], the schools were closed, and all companies promoted the teleworking,
with the final goal of minimizing the interaction between people. In Spain a lockdown plan was also drawn,
starting in March and finishing in June for the first part of the pandemic, with several different stages [3].
Nevertheless, after the first and hard lockdown, a second – and mostly softer –lockdown was installed after the
second pandemic evolution after last summer.
This global social lockdown had a severe impact on the soundscape, especially of the urban environments
[4]. Most of the noise [5] associated with everyday outdoor activities was severely decreased, and needed to be
newly observed and integrated in an adhoc taxonomy. Noise ground transportation, mainly traffic noise [6, 7],
but also changes in railway noise, and port noise, airport noise, industry noise and last, but not least, leisurerelated noise [8] were clearly reduced in the analyzed cities, and even in quiet residential areas [9]. Perception
changes were analyzed in different countries, e.g. Italy in [10], Granada (in Spain) by Vida et al [11] or even
Montreal (in Canada) in [12], showing clear changes in measurements and perception before and during the
lockdown.
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In Catalonia, our project ”Sons al Balcó” (the Catalan expression for Sounds on the Balcony [13] has studied
the effects of the lockdown on people and the perception from home, as well as the changes in the LAeq values
collected by sensors in cities like Girona or Barcelona [14, 15]. The work presented in this paper is an extension
of [14] on quantitative data, which came out from four out of the eight calibrated sensors deployed in the streets
of Girona (Spain), going further our first and preliminary analysis over the hard lockdown months, and widening
the study to the second part of the pandemic soft lockdown.
This paper is structured as follows: Section 2 gives details about the wireless acoustic sensor network and
the data collection, Section 3 plots the evolution of the LAeq during all 2020 and several comparisons between
the Pre-lockdown levels, during the lockdown and Post-lockdown levels, and finally, Section 4 details some
conclusions of this extended work.

2

Noise Monitoring Network and Data Collection

2.1. Details of the Wireless Acoustic Sensor Network
Sensors deployed in Girona are located in the city center, and constitute a network of up to eight sensors,
as it can be observed on the map in Figure 1. The sensors locations are: 1) Rambla Xavier Cugat, 2) Ramon
Folch, 3) C. Figuerola, 4) C. Güell, 5) Pg. d’Olot, 6) Pj. de Sant Feliu, 7) Plaça de Sant Feliu and 8) C.
Joan Maragall w/ Bisbe Lorenzana. The sensors have been deployed by Urbiotica and the signal processing
corresponding to the equivalent LAeq evaluation has been coded by Keacoustics. The sensors give a detail of
LAeq with a maximum temporal resolution of 1 min. The sensors collect data all day and night and, besides
several technical issues that occurred mainly after the 2020 Lockdown. The analyzed data is continuous 24
hours per day, throughout all analyzed weeks.
2.2. Data Collection during 2020
In a previous work done and published in JASA [16], data from February 2020 to the end of June 2020
was examined, sticking to the comparison between the Pre-lockdown, hard Lockdown, and the first weeks of
Post-lockdown, when most of the activities were reopening. In this period, six different Lockdown stages were
analyzed. The different stages were selected considering required degrees of restrictions:
– Stage 1: 12/03/2020–13/03/2020 School suspended and telework suggested.
– Stage 2: 14/03/2020–28/03/2020 School, non-essential shops, and any events closed, no walking
outdoors, telework unless justified.
– Stage 3: 29/03/2020–12/04/2020 School, non-essential shops, and any events closed, no walking
outdoors, telework unless justified. Non-essential movement banned.
– Stage 4 (similar to Stage 2): 13/04/2020–26/04/2020 School, non-essential shops, and any events closed,
no walking outdoors, telework unless justified.
– Stage 5: 27/04/2020–24/05/2020 School and any events closed, telework unless justified. Walks allowed
(major restrictions).
– Stage 6: 25/05/2020–07/06/2020 School and any events closed, telework.
In this work, data throughout a complete year has been considered. During the first period of pandemic, hard
restrictions were implemented. After a de-escalation period, health indicators for COVID-19 worsened. This
has led to continuous changes in restrictions, such as mobility or openness and capacity in bars and restaurants.
Measures such as a curfew and capacity restrictions in bars and restaurants have been implemented to control
the transmission of SARS-CoV-2.
Following dates define important changes in restrictions trough the analyzed period. This regulations have
had a direct impact in daily life of population, as well as in economic activities.
2
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Figure 1: Map of the locations of the WASN sensors in Girona

– 08/06/2020 Cinemas, theaters and shopping centers can open with reduced capacity. Mobility to second
residences is allowed, and night clubs can open with some restrictions.
– 01/08/20 50% capacity inside bars and restaurants. No limit in terraces. Harder restrictions in night
clubs.
– 01/09/20 50% capacity inside and outside bars and restaurants. Furthermore, they must close at 1 a.m.
– 16/10/20 Bars and restaurant closed, except takeaway food. 50% capacity in cultural activities and they
must close before 11 a.m. Universities classes online. Not allowed meetings of more than 6 people.
– 25/10/20 Curfew from 10 p.m. to 6 a.m. Cinemas and theaters closed. Mobility restrictions inside
Catalonia and from Catalonia to other autonomous communities. Other restrictions implemented on
16/10/20 remain.
– 23/11/20 Bars and restaurants can open from 6 a.m. to 9:30 p.m. Others restrictions implemented on
25/10/20 remain.
– 19/12/20 New restrictions in bars and restaurants opening hours. It is only allowed from 7:30 a.m. to
9:30 a.m. and from 1 p.m to 15:30 p.m. The rest of the day only takeaway food permitted. There are
three exceptions to the curfew hours. On 24/12/20 and 31/12/20, people must remain at home from 1:30
a.m. to 6 a.m.
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Dates are displayed in chronological order and used to define possible changes on LAeq for the five sensors.
It is important to assume that some changes in the restrictions may result in a slight and imperceptible variations
in figures below (see Figure 2 and Figure 3).
After this review of stages throughout 2020, we would like to note that in this work we present a time
extension of a previous work [3], which also processed LAeq values gathered in the nodes of Girona WASN. This
previous work focused on the weeks previous to the Lockdown, during the lockdown and on some subsequent
weeks. The current work analyzes the values of the LAeq of Girona noise sensors during all 2020, comparing
the values of the previously described stages.

3

Results

This section focuses on describing the changes in noise levels due to COVID-19 restrictions throughout
the year 2020. Two types of analysis are presented. On the one hand, subsection 3.2 presents the changes
throughout the days of the year, with evaluations every 10 minutes (LAeq,10min ). Moreover, different typologies
of noise sources are considered depending on human activities predominance in sensors placement.
On the other hand, subsection 3.3 presents the LAeq,1hour results of the analysis for the five most significant
sensors, in terms of data availability. These outcomes are divided into week days and weekend days. In
addition, three differentiated periods throughout 2020, with distinguishable pandemic restrictions are also taken
into account for the analysis.
3.1. Analysis Details
Some data gathered from these sensors has already been analyzed in [16], however in this paper we show a
wider analysis since we have increased the number of processed sensors as well as the time span. Due to issues
that impact on the completeness of the data, only five sensors out of eight have been chosen for this study.
Sensors #2, #3, #4, #6 and #7 have been chosen to accomplish this analysis. Location of these sensors
is shown as colored numbers in Figure 1. Locations can be classified in three main typologies of noise
predominance, regarding the main activities in the sensor area: i) traffic noise, ii) leisure noise, iii) residential
noise and iv) railway traffic noise.
We present the data gathered in Sensor #2 (Ramon Folch), which is placed in the city center and combines
both traffic and leisure noise, as well as railway traffic. Sensor #3 (Figuerola) is placed in a narrow street with
many restaurants, where leisure noise dominates. Sensor #4 (Güell) is located in a wide street with heavy traffic,
which makes the place really noisy in terms of traffic. Sensor #6 (Pj. St Feliu) is located in a quiet touristic
zone, in the old quartier. Finally, Sensor #7 (Pç. St Feliu) is also located in the old quartier, but in a touristic
zone with several restaurants and with a combination of road and railway traffic during the day.
Data is gathered throughout the whole 2020 year, from 1 st of January to 31 st of December. The data collected
from these five sensors is not complete and there are some gaps, scattered mainly in the second half of the year,
except for Sensor #3, which did not gather data during almost all January. These gaps are marked in dark blue
in all the plots drawn in Figure 2 .
As a first approach, the outcomes presented in Figure 2 shows the LAeq [dBA] sampled every 10 minutes for
each of the five sensors, in the OZ axis. In each plot the OY axis represents the day (from 1 st of January to 31 st
of December) and the OX axis the hour of the day (from 00h to 23h). We give more details in subsection 2.
The outcomes presented in Figure 3 are split in three groups: i) pre-lockdown period, which begins on the
st
1 of January 2020 and ends on the 11th of March 2020; lockdown period, which begins on the 12th of March
2020 and ends on the 8th of May 2020; and finally post-lockdown period, which begins on the 9th of May 2020
and ends on the 31 st of December 2020. Figure 3 shows the LAeq [dBA] averaged in an hour for each of the
five sensors and distinguishes week days and weekends, since the behavior is quite different. More details are
given in subsection 3.
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3.2. Daily Evaluation for LAeq,10min during all 2020
Figure 2 shows the evolution of LAeq,10min along a day for the five sensors analyzed.

Figure 2: Daily evaluation of the LAeq,10min values for 2020, from Jan 1 st to Dec 31 st . Missing data is
represented by means of dark blue lines.

To start with the results of the analysis, all five sensors show a clear noise reduction at the end of October
in night hours from 10 p.m. to 6 a.m. This behaviour continues until the end of the analyzed period. Noise
reduction in these dates and noise reduction hours match with the curfew implemented on the 25th of October,
5
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which remains until the end of December. Night noise levels are comparable to those noise levels obtained
from lockdown Stage 2 to Stage 5.
To follow with, Sensors #2 and #4 show the highest noise level among the five analyzed locations. This
is due to traffic noise predominance in both of them, although there are some important differences. While
noise typology in #2 comes from the traffic noise of neighbours mobility, leisure activities and railway (see [16]
for more details), in Sensor #4 noise comes from a concurred crossroad with heavy traffic. This can explain
why noise levels in Sensor #2 are lower than in Sensor #4, especially during nights but also during the day. In
addition, differences in LAeq,10min between week days and weekends are noticeable in Sensor #2, whereas in
Sensor #4 these differences are slightly noticeable only from 7 a.m. to 10 a.m.
Values of the differences of LAeq,10min among Pre-lockdown, Lockdown and Post-lockdown period are more
relevant in Sensor #2. After an important decrease of noise levels from Stage 2 to Stage 5, in Stage 6 noise level
increases not only during the day but also at night. After this change, noise levels remain stable until the end
of October, which is due to de-escalation lockdown restrictions. However, LAeq,10min during day hours are still
lower than in pre-lockdown period. This can be caused by the fact that telework has been normalized in some
companies, and the existence of several online classes in universities and educational centers, which minimize
mobility. In addition, some of the restrictions applied to bars and restaurants can play a role in this values.
From 25th of October onwards, levels in Sensor #2 during day hours do not experiment relevant changes in
comparison with the other months of post-lockdown period.
Sensor #4 also presents a decrease in LAeq,10min from Stage 2 to Stage 5. Afterwards, the measured noise
levels rise to nearly the same levels of Pre-lockdown period in day hours. For night hours, measured levels
are slightly higher from June to October, in comparison with the Pre-lockdown period. This behavior can
be explained by the summer period with more daylight, and because of the high temperatures that increase
mobility to nearby beaches (which are only half an hour far, and are a real alternative to summer in the city).
In Sensor #3 noise performance and noise levels among the year are similar to Sensor #6 and #7. Is necessity
to bear in mind that noise levels are dominated by leisure, bars and restaurants activities. Noise Levels during
pre-lockdown period and the first months of post-lockdown are comparable. Besides, night levels during hard
Lockdown stages are similar to those from 25th of October and forward weeks. On the contrary, the day levels
of pot-lockdown period do not decrease to those obtained during Stage 2 to 5.
Sensors #6 and #7 are located in the city old quarters. This is usually a quiet area, comparing its equivalent
level values with other sensors, such as Sensor #2 and #4, where traffic noise predominates over other noise
sources. In addition, Sensor #7 is located in an area with restaurants, bars and some terraces, quite active in
summer. Noise level increased during both day and night period at the end of the 6th stage due to de-escalation
of lockdown restrictions in both sensors. Specially, night noise levels in Sensor #7 reached higher levels than in
pre-Lockdown period and are higher than day hours as well. This can be explained by the noise coming from
terraces caused by high summer temperatures, and the fact that local people use more terraces and restaurants
since COVID-19 restrictions have reduced abroad travels during holidays. This trend continues until the end
of September when the noise levels start to decrease due to colder temperatures, and a reduced use of outdoor
spaces as well as the end of vacation period. Noise levels are stable until implementation of curfew when
restrictions have a clear impact in noise levels. Even though curfew starts at 10 p.m. lower noise levels are
gathered from 1 a.m. to 6 a.m. Despite the authors do not have available details to support this hypothesis,
a possible explanation of this values could be because of garbage collector service, and the streets cleaning
services.
3.3. Boxplots Evaluation
This section analyzes the aggregated values in 1 hour integration for the Pre-lockdown, Lockdown and
Post-lockdown stages, for all the detailed sensors.
In Sensor #2, during the nights of both week days and weekends the median level of LAeq,1h decreases almost
10 dBA. After the Lockdown it increases again but it not reaches those values registered before the Lockdown.
During day hours the values of LAeq,1h after lockdown reaches those values gathered before lockdown but only
at week days, whereas at weekends noise measures are bounded 5 dBA below.
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In Sensor #3, neither during weekends nor during week days the LAeq,1h recovers those values registered
before the Lockdown period. A high difference of LAeq,1h exists between 1 st and 3rd quartile during night
hours, which may be given because it is an area with predominant leisure noise.
Due to the fact that Sensor #4 area is dominated by heavy traffic noise almost no reduction is observed
during lockdown. Only during weekends a reduction of 5 dBA is noted. After the Lockdown the values of

Figure 3: Boxplot values for LAeq,1hour for pre-lockdown, lockdown and post-lockdown time windows,
differentiating weekdays from weekends, for Sensors #2, #3, #4, #6 and #7.
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LAeq,1h are equal to those prior to lockdown, at week days and at weekends.
In Sensor #6 the post-lockdown values increase but they never reach the Pre-lockdown values, neither during
week days nor during weekends of diurnal hours.
In Sensor #7 there is a high dispersion of values during night hours, maybe because it is a leisure area. The
post-lockdown values reach the same values of LAeq,1h of pre-lockdown period.
In all sensors placed on areas where leisure noise plays an important role (i.e., Sensor #2, #3 and #7),
boxplots show a higher dispersion between 1 st and 3rd quartiles during nocturnal hours rather than diurnal
hours. This phenomena happens during week days, as well as during weekends, no mater being in a lockdown
after or before.
A strange phenomena is observed after lockdown period, when a greater dispersion between maximum and
minimum values, as well as the higher occurrence of outliers, is reported. This is observed in all sensors and
only during week days. It may be due to continual changes in restrictions in addition to the implementation of
the curfew. This has a clear impact on the behavior of obtained noise levels.

4

Conclusions

The conclusions reached in this work complement the conclusions of the former work in JASA [3]. The
Lockdown stage led to a high decrease of noise levels measured in most of the sensors in Girona, except for the
locations where traffic noise was totally predominant due to the fact that they are main connection roads.
The leisure noise source also deserves several conclusions, because it nearly disappears, especially during
the lockdown and curfew period nights, mainly following the strict regulations set by the government.
Subsequently, follows to current higher values than the usual ones just after the Lockdown. This behavior
might be explained by the more relaxed restrictions, and because the citizens use the public space for their
social relationships.
One of the points that the authors would like to underline, and raise awareness of the noise sources issue, is
the fact that in some areas it has been really fast to recover the noise levels previous to the Lockdown, right after
the restriction of activities have been relaxed. As we have referred in the literature, several studies point out that
the decrease of noise in urban environments during the Lockdown has improved the perception of soundscape
for citizens, especially when talking about traffic and leisure noise. It is something that the pandemic taught all
of us, as citizens, and we should work to preserve it, balancing it with city life.

Acknowledgements
We thank the funding from Secretaria d’Universitats i Recerca from the Departament d’Empresa i Coneixement
(Generalitat de Catalunya) and Universitat Ramon Llull, under the grant 2020-URL-Proj-054 (R.M. AlsinaPagès). We would like to acknowledge Ajuntament de Girona for the data samples provided from their WASN.

References
[1] Youngmee Jee. WHO International Health Regulations Emergency Committee for the COVID-19
outbreak. Epidemiology and health, 42, 2020.
[2] Francesco Aletta and Dan Osborn. The COVID-19 global challenge and its implications for the
environment–what we are learning. UCL Open Environment, 2020.
[3] Rosa Ma Alsina-Pages and Pau Bergadà. Evaluation of the LAeq levels during the COVID-19 lockdown
period using a static wireless acoustic sensor network in the city of Girona. 2021.
[4] Francesco Aletta, Tin Oberman, Andrew Mitchell, Huan Tong, and Jian Kang. Assessing the
changing urban sound environment during the COVID-19 lockdown period using short-term acoustic
measurements. Noise Mapping, 7(1):123–134, 2020.

8

1000

[5] César Asensio, Pierre Aumond, Arnaud Can, Luis Gascó, Peter Lercher, Jean-Marc Wunderli, Catherine
Lavandier, Guillermo de Arcas, Carlos Ribeiro, Patricio Muñoz, et al. A taxonomy proposal for the
assessment of the changes in soundscape resulting from the covid-19 lockdown. IJERPH, 17(12):4205,
2020.
[6] Francesco Aletta, Stefano Brinchi, Stefano Carrese, Andrea Gemma, Claudia Guattari, Livia Mannini,
and Sergio Maria Patella. Analysing urban traffic volumes and mapping noise emissions in Rome (Italy)
in the context of containment measures for the COVID-19 disease. Noise Mapping, 7(1):114–122, 2020.
[7] Rosa Ma Alsina-Pagès, Francesc Alías, Patrizia Bellucci, Pier Paolo Cartolano, Ilaria Coppa, Laura
Peruzzi, Alessandro Bisceglie, and Giovanni Zambon. Noise at the time of COVID 19: The impact
in some areas in Rome and Milan, Italy. Noise Mapping, 7(1):248–264, 2020.
[8] Enza De Lauro, Mariarosaria Falanga, and Laura Tedeschini Lalli. The soundscape of the Trevi fountain
in Covid-19 silence. Noise Mapping, 7(1):212–222, 2020.
[9] Kimihiro Sakagami. A note on the acoustic environment in a usually quiet residential area after the ‘state
of emergency’declaration due to COVID-19 pandemic in Japan was lifted: supplementary survey results
in post-emergency situations. Noise Mapping, 7(1):192–198, 2020.
[10] Chiara Bartalucci, Raffaella Bellomini, Sergio Luzzi, Paola Pulella, and Giulia Torelli. A survey on the
soundscape perception before and during the COVID-19 pandemic in Italy. Noise Mapping, 8(1):65–88,
2021.
[11] Jerónimo Vida Manzano, José Antonio Almagro Pastor, Rafael García Quesada, Francesco Aletta, Tin
Oberman, Andrew Mitchell, and Jian et al. Kang. The sound of silence in Granada during the COVID-19
lockdown. 2021.
[12] Daniel Steele and Catherine Guastavino. Quieted city sounds during the covid-19 pandemic in montreal.
International Journal of Environmental Research and Public Health, 18(11):5877, 2021.
[13] Rosa Ma Alsina-Pagès, Ferran Orga, Roger Mallol, Marc Freixes, Xavier Baño, and Maria Foraster. Sons
al balcó: Soundscape Map of the Confinement in Catalonia. In Engineering Proceedings, volume 2,
page 77. MDPI, 2020.
[14] Rosa Ma Alsina-Pagès, Ferran Orga, Roger Mallol, Marc Freixes, Xavier Baño, and Maria Foraster.
Soundscape of Catalonia during the first COVID-19 lockdown: Preliminary results from the Sons al
Balcó project. 2021.
[15] Daniel Bonet-Solà, Carme Martínez-Suquía, Rosa Ma Alsina-Pagès, and Pau Bergadà. The soundscape
of the covid-19 lockdown: Barcelona noise monitoring network case study. International Journal of
Environmental Research and Public Health, 18(11):5799, 2021.
[16] Rosa Ma Alsina-Pagès, Pau Bergadà, and Carme Martínez-Suquía. Changes in the soundscape of Girona
during the COVID lockdown. The Journal of the Acoustical Society of America, 149(5):3416–3423, 2021.

9

1001

Perception of the acoustic environment in the remote working setting
during the lockdown
Giuseppina Emma Puglisi1, Sonja Di Blasio2, Louena Shtrepi1, Arianna Astolfi1
1

Department of Energy, Politecnico di Torino, Torino, Italy

giuseppina.puglisi@polito.it, louena.shtrepi@polito.it, arianna.astolfi@polito.it
2

Atmos, Lombardini 22, Milano, Italy
s.diblasio@atmosbp.it

Abstract
To reduce the spreading of the COVID-19 pandemic, remote working has become a common practice
worldwide since the first lockdown period in Spring 2020, and is still in course. A number of positive effects
were already known with respect to, e.g., increase in working performance and employee satisfaction.
However, a compulsory and prolonged period spent to live and work from the home environment was never
experienced before, thus long-term effects are still largely unexplored. In this study, 1934 employees from a
university and from several large and small Italian companies answered to an online questionnaire on the
perception of noise annoyance in the remote working environment. Besides the identification of people
talking, moving, calling and listening to music as main source of noise disturbance, negative consequences
of the acoustics of remote working were mainly related to a loss of concentration and to a difficulty in
relaxing.
Keywords: well-being, noise annoyance, office acoustics, remote working, noise sensitivity.

1

Introduction

The first wave of infections from COVID-19 in Spring 2020 has made it necessary to reduce contacts
between people in order to limit the spreading of the pandemic, therefore workers all around the world have
been pushed to perform remote working. Such situation has brought a growing number of people to live and
work from the same environment, that is, at home. In Italy, remote working has been engaged by 8% of
microenterprises (i.e., with 3-9 workers), 19% of small size enterprises (i.e., 10-49 workers), 50% of medium
size enterprises (i.e., 50-249 workers), 77% of large size enterprises (i.e., more than 250 workers) [1].
The effect of external and environmental factors such as thermal, visual and acoustic, on working from home
has been studied in literature, and both positive and negative consequences have been observed.
On the one hand, when they are optimal for the use, these factors have shown very positive consequences
especially on improved working performance and increasing of employee satisfaction, and in a more general
perspective also on cutting of traveling costs and saving of time, which have effects on well-being in turn
[2][3]. Focusing on studies that investigated on the acoustic domain effect on the remote working activity, a
recent work [4] based on the indoor soundscape approach [5] summarised the benefits on (i) the workers’
perceived well-being, (ii) a faster recovery from stress and (iii) better self-reported health conditions. On the
other hand, detrimental effects on the perceived well-being related to the remote working condition have also
been found in several studies. In particular, the continuous usage of technology and of an increased sedentary
behaviour associated to longer sitting and screen time have been observed to be the main causes of persistent
stress [6]-[8]. From an acoustical point of view, the lack in insulation from airborne sounds and impact
1
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noises in buildings was proved to be the major cause of annoyance during working hours in Canadian remote
workers [9].
With respect to the main source of noise annoyance when working from home, noise from dwellers was the
main aspect deepened before the pandemic period. Indeed, if traffic was reported to be the first source of
noise in terms of relevance (38% of answers), anthropic noise from the neighbours was found to be the
second most relevant source of noise (32% of answers) when staying at home [10]. Thus, the identification
of the dominant source of noise in a working environment is of great importance, as it can be contrasted in
order to guarantee productivity and to reduce disturb [11]. The noise generated from colleagues who
converse, laugh or talk at the phone in shared and open-plan offices was found to be one of a main cause of
annoyance and reduced productivity, with consequences on mental health and well-being [12]. As a remote
working environment typically hosts a whole family, anthropic-generated noise can be considered as one of
the main causes of noise annoyance. To corroborate these evidences, related to the negative effects of a
competitive working environment from a noise point of view, the occurrence of headaches, the loss of
concentration and motivation, and a general sense of stress were found to be reported from a great number of
workers spread in several countries [13]-[16].
The Authors recently published results on a study on the effect of irrelevant speech noise in offices of
different sizes [12]. Following those outcomes, the intent of the present work is to build a follow-up that
focuses on noise annoyance in the environments where remote working is performed, considering
consequences on productivity, mental health and well-being as well as associations with subjective and
environmental characteristics. The extended paper presenting results on this study has been published
recently [17]. Hereby, only a brief introduction to the main outcomes with base statistical analysis is
provided.

2
2.1

Materials and methods
Participants

Remote workers were recruited via email in May 2020 and, considering an overall response rate of about
20%, a final sample of 1934 respondents was considered. Overall, 1889 of them (98%) were Italians,
whereas 45 (2%) had a different nationality. Table 1 gives a summary of the demographics of the sample, in
terms of gender and age range, and of the typology of company they belonged to.
Table 1 – Demographics of the considered sample (n=1934).
Background information
Gender

Age range

Working
company

Female
Male
18-25
26-35
26-50
51-65
65+
University
Large size company
Research and development unit
Research centre
Small size company

n

%

1127
807
74
509
534
783
34
1104
731
59
10
30

58
42
4
26
28
40
2
57
38
3
0.5
1.5
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In total, 1560 respondents (81%) reported to perform remote working activity in Northern Italy, 122 (6%) in
Central Italy, 228 (12%) in Southern Italy. Twenty-four more respondents (1%) performed remote working
in countries other than Italy.
2.2

Questionnaire

The questionnaire delivered online was design according to a previous work by the Authors [12], where the
effect of irrelevant speech noise (i.e., noise generated by colleagues talking, chatting, laughing and moving
in a workplace) was studied considering different office sizes.
Twenty-two questions with close answer were included in the questionnaire. Nine questions of the
questionnaire were related to demographic issues (e.g., gender, age range, nationality) and to understand the
configuration of the remote working setting (e.g., number of people in the overall living environment and in
the working environment, room of the house where the activity typically took place). The other 13 questions
were oriented specifically to assess the relationship between noise sensitivity, annoyance, well-being and
work productivity:
• Q1 - How much does noise annoy you during your smart working activity?
(Rating: 1 = not at all; 5 = extremely)
• Q2 - What is the main feeling (or symptom) related to noise during your remote working activity?
(Rating: single choice among > stress, negative feeling such as feeling displeased, negative feelings
toward other housemates, loss of concentration, anger, loss of motivation, headache, tiredness and
overstrain, none, other)
• Q3 - Noise often interrupts me during my smart working activity
(Rating: 1 = strongly disagree; 5 = strongly agree)
• Q4 - Noise does not allow me to work as much as I would like during my remote working activity
(Rating: 1 = strongly disagree; 5 = strongly agree)
• Q5 - Noise significantly reduces my work performance during my remote working activity
(Rating: 1 = strongly disagree; 5 = strongly agree)
• Q6 - Noise during my remote working activity compromises the harmony at home
(Rating: 1 = strongly disagree; 5 = strongly agree)
• Q7 - What is the main strategy that you use to reduce the annoyance resulting from noise during
your remote working activity?
(Rating: single choice among > take a break, change work task, headphones with music, noise
cancelling headphones, open window, close window, change room, close the room door, plan the
return to office, ask people to reduce their voice volume, none, other)
• Q8 - I am sensitive to noise
(Rating: 1 = strongly disagree; 5 = strongly agree)
• Q9 - I find it hard to relax in a place that is noisy
(Rating: 1 = strongly disagree; 5 = strongly agree)
• Q10 - I get mad at people who make noise that keeps me from falling asleep or getting work done
(Rating: 1 = strongly disagree; 5 = strongly agree)
• Q11 - I get annoyed when my neighbours are noisy
(Rating: 1 = strongly disagree; 5 = strongly agree)
• Q12 - I get used to most noises without much difficulty
(Rating: 1 = strongly disagree; 5 = strongly agree)
• Q13 - What is the main source of noise present during your remote working activity?
(Rating: single choice among > technological noise, traffic, sirens, anthropic noise generated by
children under the age of 5 years, anthropic noise generated by children aged 6-13 years, anthropic
noise generated by adults, noise from own pets, noise of nature, neighbourhood noise)
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2.3

Statistical analyses

SPSS (IBM Statistics20, IBM, Armonk, NY, USA) was used as main tool for the statistical analysis of the
acquired data. Because of the non-normal distribution of data, non-parametric tests were applied such as the
Kruskal-Wallis (KW) test, which fits the comparison of results for more than two groups of observation
(e.g., when comparing answers for different environments), and then the Mann-Whitney U Test (MWU),
which is used to compare two groups of independent observations (i.e., to deepen the differences found with
KW on pairs) [18].

3

Results and discussion

3.1

Noise sources identification and occupants’ behaviour

Figure 1 shows the main source of noise that respondents reported to hear in their remote working
environment (Q13), and which consisted in “anthropic noise generated by adults” (25% of the overall
answers). This answer reflects on the one related to the application of personal strategies to reduce noise
annoyance when working (Q7): about 20% of respondents revealed that they do not apply any personal
strategy; then the 14% of respondents make use of technological tools to mask or cancel noise (e.g., wearing
headphones) and the 12% of respondents actively request to reduce voice levels to other mates in order to
keep high focus on the working task. The use of active behaviours to solve a problem and increase the sense
of well-being, thus makes it important to think about living spaces that are getting also working spaces more
and more in order to provide adequate soundscapes [5] to perform working in a passive but also in an active
way, the latter with the direct engagement of the worker.

Figure 1 – Percentages related to the main sources of noises heard in the remote working environment, as
reported by the respondents.
3.2

The role of noise on the perceived annoyance, productivity, mental health and well-being

For all the questions that investigated noise annoyance (Q1), perception of work productivity (Q3, Q4 and
Q5) and perception of mental health and well-being in terms of positive feelings from interpersonal
relationships (Q6), the application of the KW test always resulted in statistically significant associations (p-
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value = 0.00). With the MWU test, the significant difference (p-value < 0.05) resulted to be among remote
workers who performed working activity in a separate or in a shared room of the living environment. In
particular, higher ratings (i.e., greater noise annoyance, higher reduction of work productivity and of
harmony in the interpersonal relationships at home) were given by respondents who mainly performed their
working activity in shared rooms. This outcome is in line, although not perfectly comparable, with other
studies that showed a significant relationship between an increase in noise annoyance and the larger size of
shared offices [12] [19]. In such working setting, i.e., in shared environments of the house, respondents also
reported a greater sense of productivity loss. This is again in line with studies that proved the perceived
feeling of wasting time more whenever the working activity is performed in shared or open-plan offices
rather than in private ones [12] [13]. A greater perceived noise annoyance also reflected on a greater sense of
well-being loss, with a main consequence on the incurring of concentration loss in about 35% of the
respondents. This outcome corroborates similar findings in studies by Banbury & Berry [20], KaarlelaTuomaala et al. [13], Di Blasio et al. [12], Pejitersen et al. [14].
3.3

The role of subjective and environmental characteristics on noise annoyance

Figure 2 is a clustered summary of the locations reported by the respondents to be the main environments of
the house where remote working takes place. The 97.7% of respondents reported to perform remote working
activity from a separate environment (54.6%) or in a shared environment (43.1%) of the house. Subsequent
results were clustered based on the environment of the house where the working activity was mainly
performed. Figure 3 reports the distribution of professional sectors covered by the respondents. When
workers performed the remote activity in separate or shared environments of the house, differences could be
observed among different sectors. In particular, “researchers” and workers in the field of “creative, design
and architecture” were mostly annoyed by noise in separate and shared environments, respectively. Further
studies should categorize respondents maybe introducing a clustering related to the predominant cognitive
task carried out (e.g., linguistic/humanistic, mathematical, technical) rather than on their specific professional
sector to have a more robust clustering of the acquired data.
With respect to the factor “age”, the perception of noise annoyance was different for respondents who
worked from a separate or shared environment of the house. In the first case, younger respondents were
annoyed more by noise, whereas in the latter case respondents in the 36-50 years of age range were more
annoyed. So far, other studies like Pierrette et al. [21] and Di Blasio et al. [12] showed a different trend, that
is, with a positive association between years of age and increase in noise annoyance. However, the
environmental setting analysed in the present study is still largely unexplored and comparisons cannot be
performed that perfectly match. With respect to the factor “location of the cities where remote working is
performed”, the perception of noise annoyance was different again for respondents who worked from a
separate or shared environment of the house. Respondents from Northern Italy were most annoyed if they
worked from a separate environment of the house, the other way around respondents from Southern Italy
were most annoyed if they worked in a shared environment of the house.

Figure 2 – Percentage of respondents working from a separate environment of the house (Sep), in a shared
environment (Sh), outdoor (Out), in other spaces (Oth) or in a mix of the above possibilities (Mix).
5
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Figure 3 – Professional sectors covered by the respondents.
3.4

The role of the number of people in the environment on noise annoyance

Figure 4 refers to the number of people that were present in the working environment (i.e., Fig. 4a) and in the
overall living environment (i.e., Fig. 4b), excluding the respondent her/himself from the count.
The density of people that was present either in the working environment or in the overall living environment
brought to a same significant trend, as expected: the more the people were present, the more the respondents
were annoyed by noise. Such trend was confirmed by the application of the KW and then of the MWU tests,
which revealed a statistically significant difference in the mean ratings for the perceived noise annoyance
(Q1) under the condition of increasing number of people in the overall living environment and in the specific
remote working environment.

Figure 4 – Number of people in the working environment (a) and in the overall living environment (b). The
count excludes the respondent from the answer.
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4

Conclusions

The present study investigated on the extent to which productivity, mental health and well-being are affected
by the sound environment in the remote working setting, in particular focusing on the induced noise
annoyance. A further objective consisted in the investigation on the possible effects of subjective and
environmental characteristics on noise annoyance in the remote working setting. To these aims an online
questionnaire has been administered and 1934 people responded overall.
The main conclusions of the present study, which can be summarised as follows, will contribute to
understand the extent to which working from home can be supported by the indoor soundscape, as remote
working seems to persist in time:
1. Noise annoyance affects work productivity, mental health and well-being when workers perform
their activity from home. In particular, sharing a room brings to a higher degree of perceived noise
annoyance with respect to working from a separate environment in the house;
2. Subjective characteristics such as the location of the city of remote working and the age of the
respondents, must be considered to assess the relationship between indoor soundscape, in terms of
noise annoyance, and the practice of working from home.
As a consequence of these findings, the proper design of home environment that includes well-equipped and
distributed workspaces is needed. Both research and architectural practice should then focus on human
centred premises for living and for working at the same time. To reach this objective, a more inclusive
design that considers the occupant’s behaviour too would be a key strategy to be applied.
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Abstract
The social distancing measures implemented by public managers due to the COVID-19 pandemic caused
changes in the dynamics of cities, and consequently, in the noise environment. In this sense, this research
aims to identify the predominant sounds and noises during a pandemic period in Brazil. In the social
distancing context, the methodology consisted of digital tools in which an online survey questionnaire was
designed and applied with 1,769 answers from the five regions of Brazil, from May to June 2020. The results
show that the noise decreased for approximately half of the participants, both inside the building and in the
surroundings. The sound perceptions in the lockdown period caused by the pandemic showed that new
sounds were perceived, as sounds of nature and ambulance sirens. In addition, the main disturbing pandemic
noises have been identified, such as vehicle noise and the sound of neighbours.

Keywords: soundscape; covid-19; sounds; noises.

1

Introduction

The social distance caused by the pandemic of the new coronavirus - COVID-19 (severe acute respiratory
syndrome coronavirus 2 - SARSCoV-2) has caused changes in the dynamics of cities worldwide. The virus
of pandemic range was initially documented in China and caused a global public health crisis, evidencing a
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rapid spread and wide spectrum of severity [1]. On 30 January 2020, the World Health Organization (WHO)
declared the outbreak of the novel coronavirus a public health emergency of international concern [2]. This
statement was associated with several recommendations to prevent the spread of the virus, such as
procedures of social distancing and isolation, closing establishments and public spaces and, in case of
suspicious symptoms, quarantine.
From this perspective, investigations from various fields are being carried out to understand the changes in
the dynamics of societies during the pandemic period [3; 4; 5; 6; 7; 8]. Architecture, urbanism and
engineering, intended for studying the relationships between individuals and space, can support efforts to
develop new knowledge about the impact of a pandemic on the built environment and consequently on
society. Thus, the gap was identified in relation to the sound environment in Brazil during social isolation.
The actions to restrict the use of public and collective spaces caused the reduction of sound pressure levels
(SPL) by reducing circulation, work and leisure. The watchword "stay at home" decreased the SPL of the
cities and became evident in the human auditory perception of sounds previously masked by urban noise [9].
Urban noise has been reduced due to decrease in the flow of vehicles, closing of airports, leisure buildings,
temples, schools, commercial establishments, etc. Thereby, people began to perceive different sounds in
cities and specific sources, previously masked by traffic noise, as sounds of neighbours, construction works,
children, birdsong, etc. The context of social isolation allowed different sound experiences in the cities. New
habits and new routines of staying at home began to modify the acoustic needs for the dwelling, which
became a place of work, school, children's play and also fun and rest.
With the reduction of vehicles in the city there was a phenomenon noticed in cities across the world, it was
the presence of wild animals roaming the urban environment. For example, in April 2020, in the city of
Santiago, Chile, several cougars were seen wandering the city streets [10]. Moreover, in Brazil, there was an
increase in the appearance of wild animals in urban areas during the pandemic, such as foxes and anteaters in
the streets of Vitória, Espírito Santo, in May 2020 [11].
Furthermore, the fauna in the city living with low noise levels began to be perceived more clearly by people,
such as birdsong, as can be observed in reports presented on the Cities and Memory website [12]. However,
according to Asensio et al. [13], it is difficult to specify whether the apparent increase in the perception of
bird sounds in urban areas would be due to the presence closer to the source or it would be due to increased
levels, or lack of noise masking, among other aspects.
Therefore, in this context of changes in the sound environment of cities during the pandemic, this research
aims to analyse the sound perception of individuals during the period of social distancing caused by the
COVID-19 pandemic in Brazil, during the period from May to June 2020. For this purpose, an online
questionnaire was developed.
It is expected with this work to obtain possible contributions about the sound perception in the face of social
isolation caused by the pandemic, both in architecture (building) as in the urban scale (city). And thereby
contribute to the publications on the sound environment during the isolation period caused by the pandemic
of COVID-19 in Brazil.

2
2.1

Method
Questionnaire Development

To prepare the questionnaire, three main facets were determined, they are: environmental, demographic data
and noise perception (Figure 1). Objective multiple-choice questions were designed to investigate the
relationships of individuals (respondents) with the noise environment during the pandemic period, caused by
COVID-19. For this work, the variables demographic data and sound perception were explored.
The questionnaire was structured on the online platform Google Forms, aimed at the public aged over 18
years. This online base allows responses to be collected quickly, in addition to organizing the data for
analysis. The online form was adopted as a viable tool for data collection during the period of social
isolation. Besides offering technological facility to create with a simple interface also allows the distribution
to the public.
2
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Figure 1 – Structure of the facets of the questionnaire applied. Authors, 2020.
2.2

Application of the questionnaire

The virtual questionnaire was available for responses during the period from 08 May to 08 June 2020. It was
distributed through social networks, by the Brazilian Council of Architecture and Urbanism and by
ProAcústica - Brazilian Association for Acoustic Quality. A total of 1,769 responses were collected.
2.3

Data treatment and analysis

Responses were systematized in Microsoft Excel software in an information database that enables the
researcher to cross-check all available data. Adjustments were made in the data settings in Microsoft Excel
software to calculate the percentages of respondents in each response category, as well as the average value
of each assessment. The processing of the final database and all graphical analysis were performed in the
Tableau software [15].

3
3.1

Analysis of results
Interviewee profile

The perception of the sound environment will depend on each individual's profile, because each one has it
owns cognitions, such as memories, ideas, feelings, attitudes, values, preferences, meanings, behaviours,
experiences, etc. For this, the demographic data and characteristics of housing and office of the research
participants will be presented. It was possible to define the profile of these participants, important for the
analysis of the answers about sound perception.
Figure 2 presents the distribution of answers in the country, with the percentage of each State. The highest
concentration of respondents came from the States of Alagoas and Santa Catarina (the States of origin of the
researchers, to whom the questionnaire was initially spread), followed by São Paulo and Minas Gerais. The
regions with the highest concentration of answers are distinct in socioeconomic context and climate. Only
the State of Roraima did not submit responses to the questionnaire.
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Figure 2 – Quantitative questionnaire responses by Brazilian state. Authors, 2020.
The profile of the respondents was characterized as mostly male, young people aged 18 to 39, university
graduated, post graduated and teaching, education and professionals in the field of exact sciences. 96.6% of
the participants do not present disabilities (see Figures 3 and 4). It is considered that this configured profile
was a consequence of how the questionnaire was made available through emails, websites and institutional
social networks.

Figure 3 – Demographic data of gender and age of the respondents. Authors, 2020.

Figure 4 – Demographics data of disability and education, and respondents. Authors, 2020.
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3.2

Sound perception - internal and external environment

In order to investigate the changes in the sound environment of the inhabited space, the question was:
"During the pandemic of COVID-19, do you think the noise in the region where you live: Decreased / No
change / Increased". In the statistical analysis, it is observed that more than half of the respondents (53.3%)
stated that noise had decreased, a consequence of social distancing and reduced movement of people and
urban transport (see Figure 5). 32.6% of answers reported that there was no change in the noise environment
and only 14.1% of the answers pointed out the increase in noise.

Figure 5 – During the pandemic of COVID-19, do you think the noise in the region where you live. Authors,
2020.
Figure 6 shows the distribution (on a Likert scale) of all responses on sound perception to discomfort inside
the dwelling and in the surroundings. The average of the answers remained between 3.35 (in the building)
and 3.13 (in the surroundings), which shows the tendency of the answers for the classification Adequate.
However, most opinions were for Adequate and Quiet, with approximately 30% of the choices for each
classification, both in the building and in the surroundings. With 65.5% of respondents were not disturbed by
the noise inside the dwelling and 61.4% outside. The total of Noisy and Very Noisy opinions of sound
perception reached 19.6% in the dwelling and 28.2% in the surrounding area, thus the greatest nuisance was
attributed to the external noise.

Figure 6 – Sound perception of the respondents related to noise nuisance, inside the building and surrounding
the external environment. Authors, 2020.
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3.3

New sounds perceived

When asked openly: "Are there sounds that you did not perceive before and have started to perceive now?
Which ones?". As this question was open, the respondents could point to different groups of sounds and
noises in a single answer. 36.9% answered positively to the new sounds perceived, which means a different
city soundscape. 29.3% answered no and 33.9% did not answer. Of those who answered yes, a variety of
responses appeared as new sounds perceived (Figure 7). Within these answers, the sounds most frequently
stated were the sounds of nature, equivalent to 40% of the answers. In this category, the sounds of animals
such as birds, the most frequently mentioned, crickets, cicadas, dogs, wind and water sounds, such as rain,
sea waves and river currents began to be perceived. The answer "sounds from neighbours "predominated in
the category human sounds, followed by "sounds from children". In the vehicle sounds type were mentioned
cars, motorbikes and ambulance sirens. In others cases, noises from civil construction works and machines
were cited.
The perceptions captured by this question are consistent with the dynamics established in the cities during
the period of social isolation: the reduction of movement attenuated the road noises and highlighted the
sounds of nature; staying at home accentuated the perception of human sounds, such as the sounds of
neighbours; among the sounds of vehicles mentioned, the presence of ambulance sirens was noted, which
signalled the chaos in the health system.

Figure 7 – Sounds that began to be perceived by respondents. Authors, 2020.
3.4

Noises in the Pandemic

In a short period of time, the house with confined residents kept sophisticated acoustic demands, such as
video recording, the flexibility of spaces, video conferences (often with several people in the house in
different places at the same time) besides the routine demands living in the same space at the same time. As
the demands have changed, the acoustic requirements have also changed. What was not uncomfortable
before, became a problem.
In the question "What is the most disturbing noise in your home?", the automobile noise was predominant
with 42% of the answers (Figure 8), from the vehicle sounds, the sounds of ambulances were mentioned.
Even with the considerable decrease in automobile traffic in cities, this noise still became the most
mentioned in the answers. The noise from human sounds as neighbourhood was perceived by 29%,
confirming what has been reported in articles and news, for example the number of conflicts between
residents of residential condominiums increased noise complaints became frequent during the pandemic [16;
17]. Such problematic occurred in Goiânia, capital of Goiás, where noise pollution complaints from
residences, during the months of March, April and May 2020, increased by 199%, if compared to the same
period of the year in 2019, according to data provided by the Municipal Environment Agency [18].
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16% of the respondents complained about noises from electronic sounds such as stereos. Urban noises from
commercial establishments accounted for 6% of the responses, bars, restaurants, and churches were cited.
This shows that, even at times of greater isolation, such as at the time of the questionnaire data survey (May
and June 2020), there was the movement of people in establishments considered to be non-essential.

Figure 8 – Sounds that annoy respondents during the research period. Authors, 2020.

4

Conclusions

This study presented data collected on the perception of the sound environment during the COVID-19
pandemic period in Brazil, collected by an online questionnaire applied between May and June 2020. The
sound perception of most participants showed that noise had decreased, this due to the attenuation of
movement of people and transport in cities, caused by social distancing.
From the sound perception of the environment, it can be established that most of the respondents were not
disturbed by the noise inside and outside, as the opinions described these environments as Adequate and
Quiet, on the rating scale from Very Noisy to Very Quiet.
In general, when analysing the averages values, the answers regarding sound perception were more positive
inside the building than in the surroundings. One of the reasons may be that external sound sources may
cause more disturbance as they are noisy and difficult to control. However, both answers were predominant
in Adequate and Quiet. The perceptions of the sound environment showed that new sounds were perceived,
such as nature sounds and ambulance sirens. The main disturbing noise was the neighbourhood sounds. From
this study, a survey of the sound environment in Brazil during a period of confinement caused by the
pandemic is made from the sound perception of the participants.
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Abstract
The article is a subjective review of the problems that, according to the authors, should be considered when
planning and designing smart urban areas in the context of the presence of sounds in the Smart City
structure. In the introductory part, the preliminary assumptions underlying the research presented in the
article are generally discussed, and the results of literature analyses focused on the recognition of studies
devoted to the acoustic aspects of Smart Cities are presented. The preliminary analyses also included other
publications devoted to various conditions taken into account in the planning, design and construction of
buildings and groups of buildings. The second chapter presents the assumptions of the preliminary research,
the results of which - as per intention of the authors of the article - will constitute the basis for direction and
planning of further research. In particular, chapter three presents and discusses the preliminary results of the
opinion poll of the residents of Polish cities on sounds in their surroundings, while chapter four presents
selected results of the study of the current state of activity related to strategic noise maps implemented in
Polish cities, legally obliged to create, update and use such maps. The research results were confronted - in
the next chapter - with solutions that can be used in the area discussed in the article and described in the
available literature resources, and with the authors' own subjective thoughts and concepts. In particular, the
subjective list of components creating the acoustic environment and shaping the acoustic comfort of living in
smart cities is shown. The summary briefly presents further research intentions.
Keywords: Smart City, sounds of cities, acoustic climate, acoustic comfort of life, noise mapping

1

Introduction

Since the dawn of civilisation, humans have made it a priority to live safely. With the development of
technology, we gained the skills and opportunities to build establishments, which, combined with being
surrounded by other people, led to the creation of clusters of human establishments, with time transforming
into settlements, and finally - into cities. In the structure of cities over time, apart from human
establishments, buildings for other purposes (e.g. sacred or cultural) also appeared. Similarly to the need to
stay safe, from the dawn of humanity we have been observing the importance of sounds, which have
‘always’ been a source of knowledge for people about the environment (including the dangers existing in this
environment), and on the other hand they were a means of communicating and transferring information to
members of various communities. The development of building clusters was also related to the developed
role of sound, e.g. an element of religious rituals [1] or culture [2].
Nowadays, thanks to the achievements of science and new technologies, humans gain new opportunities to
create their environment, including in particular - to create the closest space, which is the space of everyday
life for humans. Using such opportunities, we try to create urban space referred to as ‘Smart’ space. Specific
‘recipes?’ for smart urban space can be both found in typical scientific studies and in popular science
1
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sources, and there are usually quite general sets of rules / principles for creating or transforming urbanised
space into smart space.
For example, in the study [3] we can find recommendations such as: ‘Define your own city model using the
“mantra of your city” or “Make sure that the created “smart” city is inhabitable, improve the quality of public
space (“space for people”)’. They are undoubtedly imprecise, but - after careful reflection - a wide range of
problems can be identified to be solved on their basis. Such problems are indicated in the following areas:
technical (engineering, architectural and urban solutions, IT solutions for the management of space and
communal resources), social (sociological, cultural, psychological, educational problems, as well as health
protection and broadly understood security) as well as management and economic (activities in public space,
e.g. costs of infrastructure, equipment or costs associated with environmental degradation).
In the literature, there are considerations on the practical aspects of defined areas of issues, however, such
solutions are mainly proposed in the field of computerisation [4], construction and urban planning [5], or
broadly understood municipal tasks [6]. However, there are very few studies on the presence of acoustic
issues in the creation of a smart urbanised space (e.g. [7]). Therefore, the authors of this study attempted to
answer the question whether acoustic aspects can and must be taken into account when considering smart
urban space? The attempt at such an answer was based on the assumptions presented in the next chapter.

2

Analysis of the research problem and assumptions of the research plan

The starting point for analysing the needs and possibilities of taking into account the acoustic component in
the creation and use of Smart City space and for the formulation of the research problem was the assumption
that in the research works presented here, sounds will not be treated in a traditional way. The research
problem will therefore not be limited to noise as an element of the set of environmental threats and to
searching for ways to reduce noise in the city space. Let's ask - first of all - what, in terms of acoustic
impacts, should and can be taken into account in the creation of ‘smart’ urban space (Smart City). In the
presented research, it was decided to base the answer to this question on a detailed analysis of the available
literature sources. The results of such analysis became the basis for making an inventory of solutions offered
by modern technologies and, for example, allowing for:
• shaping a safe public space based on smart acoustic space, using communication channels

•
•

between ‘life participants’ in a smart city, including: using combinations of signals (e.g. visual
and acoustic), to optimise the ‘acoustic service’ of residents (sound messages, alarm signals)
[8],
supporting communal task management processes (e.g. smart energy management [9],

controlling the structure and intensity of traffic flows of road users (vehicles and pedestrians),
increasing the safety of pedestrians in the space shared by vehicles, especially electric and / or
autonomous (e.g. equipping such vehicles with visual and acoustic communication systems with
pedestrians) [10],
• creating ‘individualised acoustic spaces’, eliminating undesirable (unwanted) sounds with methods
developed in the field of the so-called active noise reduction technology [11],
Another element of the research plan was the assumption that sounds in smart urban space - apart from the
aforementioned ‘environmental’ approach - can and should be seen as a positive factor shaping the positive
feelings of residents. This approach can be linked to the identification of the ‘city mantra’ proposed in the
paper [3]. It is obvious that the perception of sounds is very subjective and varied, depending, for example,
on the age group, personal habits, or - last but not least - the cultural circle and tradition of the place.
Therefore, a decision was made to forgo the identification of factors conditioning the perception of ‘city
sounds’ by members of the research team, assuming that such identification would be, by nature, subjective.
Therefore, the authors of this study decided to conduct - in the first phase of their research - a reconnaissance
survey among city residents in Poland, asking them about their feelings and opinions about the ‘acoustic
component’ in their places of residence. The description of the current state of this research is presented
(briefly) in Chapter 3 of this study.
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Finally, it was assumed that the expected result of the conducted research would be a specific solution
improving the quality of smart urban space management. In the literature on the subject, studies with such an
approach (e.g. [12]) can be found, but there are not too many.
The authors of this study decided that the created solution should use the resources already available in city
management, such as those created on the basis of the EU ‘Noise’ Directive [13] with subsequent
supplements and changes ([14, 15]) strategic noise maps in large European cities. In order to recognise the
possibility of implementing such a solution, a list of questions was formulated for cities in Poland that are
subject to the statutory obligation to create, update and use strategic noise maps, about their experiences and
opinions. The description of the current state of this research is presented (briefly) in Chapter 4 of this study.

3

Exploratory survey research on the creation of smart urban space

The research, which was carried out in Polish cities in June and July of 2021, was aimed at providing
residents' opinions on their perception of the city's acoustic environment. Due to the relatively new subject of
research, it was decided to make them exploratory. Therefore, the requirement of representativeness was
forgone and the focus was placed on the compilation of quantitative and qualitative data allowing for a better
understanding of the urban audio sphere [16]. The preliminary working research hypothesis [17] referred to
the perception of the relationship between the perception of sounds in the city and the quality of life.
Generally outlined research questions focused on the issue of subjective determination of the importance of
sounds heard in the city space and recognition of the type of sounds that residents would like to eliminate or
transform.
The basic assumption in the research was the recognition that the inclusion of a wide repertoire of sounds
individually perceived in the considerations on the city's audio sphere is extremely important. The perception
of sounds by people is culturally distorted and depends on the perceptive abilities of an individual, therefore
the data contained in the opinions expressed by residents should complement those obtained by technical
measuring equipment.
The research tool used was a questionnaire carried out via a Google form, sent out via the Internet to city
residents. The selection was a non-probability sample - an extensive snowball sampling method was used to
reach city residents. Via social networks, a request was sent to share the form with people living in cities of
various regions of Poland. Large cities were also invited to cooperate and they posted a questionnaire on
their city websites. As for the preliminary exploratory nature of the research, a large sample was obtained:
770 completed forms (as of 20/07/2021).
The results of the research show that the working hypothesis is confirmed in the opinions of people
participating in the research. In one of the survey questions, the respondents were asked to mark the answer
to the following question: ‘Do city sounds matter to you?’. About 85% of respondents stated that city sounds
matter to them, only 8% gave a negative answer, and the rest (7%) answered ‘I don't know’. The percentage
distribution of answers allows for the following conclusion: city sounds constitute an important practical
issue from the point of view of its residents. This confirms the need to conduct research in the field of sounds
creating the acoustic environment and shaping the acoustic comfort of living in urban space. Fig. 1 shows a
chart with percentages for individual responses to the question.
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Fig. 1. Responses of survey participants to the question ‘Do city sounds matter to you?’ [own work].
The next question was ‘Would you like to change (eliminate, improve, boost) the sounds you hear in your
city?’. The question was aimed at determining the subjective feelings of residents regarding the sounds in
their urban environment. Almost 70% of the respondents declared a willingness to change city sounds - 36%
of which answered ‘definitely yes’, and 33% decided that they would like to change ‘maybe only some of
them’. One-fourth of the respondents were unable to express an unequivocal answer to this question. Only
6% of the surveyed city residents expressed a lack of willingness to make any changes in terms of sounds in
their city (see Fig. 2). It can therefore be concluded that the topic of eliminating, improving and boosting
urban sounds is worth exploring. The obtained results constitute an important premise for directing further
research.

Fig. 2. Responses of the survey participants to the question ‘Would you like to change (eliminate, improve,
boost) the sounds you hear in your city?’. [own work].
The questions were only addressed to city residents, which is consistent with the assumption that the research
is exploratory in nature. Their aim is to provide some knowledge about the current state of the research
issues, to estimate the need for research and to set directions for further research projects. The research team
plans to direct further research on acoustics of urban space to Smart Cities.
An important part of the research was to learn about the opinions of city residents on the necessity or
possibility of eliminating or boosting sounds that are particularly important and shape the emotional values
of the study participants. At the same time, the respondents were asked to indicate what the elimination or
boosting measures would consist of and what their purpose would be. Over 500 people participating in the
4
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survey made their views known freely in this regard. Their qualitative analysis allowed for assigning
statements to five main categories: (a) transport, primarily including road transport; (b) industrial, road and
construction works, repairs; (c) animals; (c) people; (e) others, including the environment. Fig. 3 shows the
percentage share of individual topic categories within the statements. The largest number, i.e. 300 opinions,
related to the issue of traffic, mainly car traffic, and also rail, tram and, occasionally, air traffic. An important
part was also the issue of sounds generated by people (66 opinions). Among the statements, a recurring
problem of undesirable sounds related to the broadly understood industry (21 opinions), and to a lesser extent
to animals (9 opinions), was also distinguished. Another category was also defined, within which opinions of
a general nature were classified (84 opinions).

Fig. 3. Topic categories of respondents' statements regarding the possibility of eliminating or boosting
sounds in the city [own work].
At a later stage of the cognitive process, a single statement was assigned to one of the three options
characterising the respondent's intentions, i.e. (option 1) the statement indicated changes in the boost or
reduction of city sounds; (option 2) the statement indicated the goal to be achieved in relation to the
discussed subject of the statement; (option 3), the statement indicated both the changes and the purpose of
their implementation. Fig. 4 shows the result of such an arrangement. The fewest statements concerned the
third option, i.e. the indication of possible changes in the acoustics of the city and the purpose that these
changes could cause.
Taking into account the problems most frequently indicated by respondents with regard to the negative
impact of city sounds on the residents, the problem of noise resulting from traffic, especially car traffic,
should be emphasised. In this regard, there have been numerous statements referring to night traffic, such as
emergency vehicles driving with flashing lights and sirens, motorcycles and trucks. Possible changes that,
according to the respondents, would reduce the nuisance, would consist in limiting vehicle traffic, especially
at night, and above all improving road infrastructure. Also indicated was a necessity to introduce
soundproofing measures, both of a technical nature, such as noise barriers including natural ones, such as
extending green areas and, most importantly, planting trees.
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Fig. 4. Topic categories of respondents' statements regarding the possibility of eliminating or boosting
sounds in the city [own work].
The qualitative analysis of the statements also showed a negative attitude of the residents to certain sounds,
the so-called everyday life. These are sounds generated by people in or living in the neighbourhood. In terms
of statements, such issues as: quarrels and loud conversations between neighbours, the vicinity of restaurants
and wedding venues, as well as noise generated by playing children. At the same time, the need to increase
the number of playgrounds was indicated, as well as to carefully locate them in the urban space and at an
appropriate distance from residential buildings. Few opinions were negative about the sounds made by
animals, mainly birds (gulls) and dogs. On the other hand, there have been many negative statements about
industrial noise from plants, but also from earthworks, construction and renovation works.
Among the most frequently suggested intentions of residents defining the general attitude to improving the
city's acoustic climate, which can also be treated as a summary of these considerations, the following
postulate should be mentioned: silencing the sounds of society and boosting the sounds of nature.

4

Preliminary studies of the opinions of the administration of large Polish
cities on the creation and use of strategic noise maps

Research conducted in the 1990s showed that the state of the acoustic climate is disastrous. According to the
results of these studies, 100-120 million residents of the then European Union were exposed to noise levels
exceeding the relevant standards [18]. Recognition of the noise disturbance status led to the development of
many programme documents, which made up the so-called ‘Perspective noise policy’. The presented
principles became the basis for the development of a legal act in the form of Directive 2002/49/EC of the
European Parliament and of the Council of 25 June 2002 relating to the assessment and management of
environmental noise [13]. This directive was intended to define a common approach to avoiding, preventing
or reducing the harmful effects of exposure to noise, including annoyance, on the basis of established
priorities. According to them, in Art. 5 of the above-mentioned document, standardised environmental noise
assessment indicators were introduced for all EU countries, which were to be used in the preparation of
strategic acoustic maps and noise protection programmes. The indicators, then implemented in the legislation
of individual EU member states, are: LDWN - long-term average sound level A for all days, evenings and
nights during the year, and LN - long-term average sound level A for all nights of the year.
As part of the arrangements adopted in [13], calculation methods have been defined for the preparation of
acoustic maps for specific groups of noise sources: industrial, aviation, road and rail noise. The acoustic
6
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maps prepared according to the above-mentioned guidelines by local governments of cities were to primarily
serve the needs of preparing various types of programmes aimed at reducing noise. The analysis of the
results obtained in the 1st-4th round of acoustic mapping showed some ambiguities from the beginning [13].
They resulted from the provisions of the directive regarding the measurement and calculation methods used
in the creation of Strategic Noise Maps. In Poland, as part of the 1st-4th round of acoustic mapping, maps
were prepared using the calculation methods recommended in the directive, but with no full compliance with
national law. Moreover, it was found that different methods of determining the number of people exposed to
excessive noise in buildings were a significant reason for the differences in the obtained calculation values.
As a consequence, noise maps from the first round of mapping turned out to be incomparable, not only did
they not give the possibility to obtain comparable information on the actual exposure of residents to
excessive noise in the entire EU, but even in one Member State.
In 2008, the European Commission started working towards the elaboration and development of a
methodological framework for a project entitled 'Common noise assessment methods in Europe', led by the
European Research Centre. The result of this work was the Directive [14] adopted in 2015, defining common
noise assessment methods, known under the acronym CNOSSOS-EU. These methods are effective from 1
January 2019 and will be used in the fourth mapping round in 2022. The provisions of this directive were
introduced into Polish legislation in 2019 in the form of an act [19]. In 2020, the EU Directive [15] was
published, which indicates the harmful effects of noise in the environment and the method of its assessment,
i.e. ischaemic heart disease, significant nuisance and significant sleep disturbance. It should be noted that the
presented impact assessment only relates to the sources of traffic noise. Interesting research on the
application of noise nuisance assessment methods, taking into account the auditory sensations in the
environment caused by various noise sources, is presented in [20].
Strategic noise maps have been implemented in Poland since 2007 and updated every five years. Cities (over
250 thousand residents) already have 3 editions of such maps, while cities with more than 100,000 residents 2 editions. It is worth posing the question: what benefits for city residents resulted from activities related to
the preparation of a strategic noise map and the development of noise protection programmes on their basis?
The research team of the Department of Production Engineering of the Silesian University of Technology
conducted a study in the period May - July 2021, in which 32 of the largest cities in Poland participated
(between all the 36 cities in Poland obliged by law to create and to exploit the strategic acoustic maps).
Questions asked to Municipal Offices concerned - in general terms - activities related to the creation and use
of strategic noise maps and noise protection programmes. The obtained answers show that the implemented
acoustic maps were the basis for the development of Environmental Protection Programmes against Noise
and for taking into account acoustic conditions in spatial development plans.
The analysis of the collected responses shows that with the successive editions of the maps, the number of
implemented solutions to reduce excessive noise increased. In the years 2007-2012, most cities limited
themselves to implementing ‘classic’ solutions such as: noise barriers, speed bumps, vehicle speed limits and
issuing decisions to industrial plant owners to reduce noise emissions. In the years 2013-2017 and later, a
wider spectrum of anti-noise solutions began to be used, in the form of: changes in traffic organisation, quiet
road surfaces, vibration isolation of rail tracks, grinding and lubrication of rails, planting of insulating
greenery. The priority was to limit the traffic of private cars in city centres and replace it with bicycles,
scooters and properly functioning public transport. The proposed solutions are described in more detail in
[21].
The received responses clearly show an increase in the number of residents' complaints about noise in the
analysed period of 2013-2021, but the use of map information by residents and investors remains very
limited. It seems that this increase was not so much caused by the deterioration of the acoustic climate [23],
but by the growing awareness of the quality of life of society and the desire to improve acoustic comfort.
Nevertheless, this ‘acoustic awareness’ of the residents of Polish cities still leaves much to be desired. Most
of the reported complaints of residents concerned road and industrial noise, including noise from small
business establishments, car washes, air-conditioning and cooling equipment at shops, etc. After analysing in
detail the complaints of residents in the cities studied, it should be stated that the residents also complained
about the acoustic nuisance caused by the impact of specific noise sources. These complaints concerned,
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inter alia, noise from playgrounds and sports fields, noise generated from car races organised at night, the
noise of church bells, or noise generated by persons at al fresco dining establishments.
An important conclusion from the conducted research is the statement that the acoustic map gives residents
and decision-makers the opportunity to obtain information on the average noise level in a given place of the
agglomeration, permissible levels and size of the possible exceedance of these values, and this possibility is
not only used by residents, but also investors, architects and planners (e.g. when buying a flat, house or
planning an investment). Therefore, it seems interesting and at the same time necessary to supplement the
noise map with an information layer, allowing for recording and listening to the sounds of urban space inseparably related to a specific location.
There are known solutions consisting in recording sound signals in the environment and their realistic
reproduction in laboratory conditions, which are in line with the research on the soundscape [22]. Such
solutions not only allow the registration of unique sounds, but also the reproduction of various spatial sound
phenomena. Modern aural techniques allow for the location of selected sounds in registered spaces, sound
simulation of acoustic effects with the use of, for example, noise barriers.
The research team of the Department of Production Engineering has started conceptual works both on the
identification of the sound impressions of the residents and related expectations, as well as on the creation of
the sound layer of the city. The main goal of the undertaken research is to develop a method of creating and
using a digital map layer containing data on the acoustic quality (acoustic comfort) of selected urban spaces.
It will be achieved by developing:
• means and methods of acquiring, processing and recording information about ‘city sounds’ that
•
•
•

can be used in the structure of noise maps, based on GIS class systems,
a method of assessing the degree of acoustic nuisance of sound sources and appropriate indicators,
taking into account aspects of subjective perception of sound,
a method of assessing the acoustic quality (comfort) of urban spaces and appropriate indicators,
a method on how to share information about the sound component of urban spaces in urban spaces with
interested entities (stakeholders).

.

5

Conclusions

The preliminary research results presented above show that the area of issues related to the acoustic
component of urban space still has many unresolved problems worth undertaking research. The authors of
this study are convinced that the key premise for making decisions regarding the acoustics of smart urban
space should be the effective recognition of the needs and expectations of residents [23]. The basic goal of
creating a smart urban space must be to improve the quality of life of the residents of this space, also in their
subjective opinion. Therefore, residents should be asked about their expectations, needs and concerns. Such
an assessment should cover the widest possible spectrum of residents, including various age groups
(children, seniors) or people with various disabilities. On the other hand, Smart technologies offer a wide
spectrum of possibilities of shaping the quality (comfort) of life for residents.
The presence of sounds in the ‘Smart city’ implies the need to undertake research work and implement the
results of such research in practice. These may be research on sounds preferred and difficult to accept by
various groups of residents (also in relation to the time of day / night), research on the impact of sounds on
concentration or distraction, e.g. pedestrians on the streets where ‘quiet’ (electric) vehicles move about,
studies of people's individual reactions to sounds.
The declared goal is to improve the quality of life in the city, but so far such quality has not been
satisfactorily defined.
In the search for such a definition, we can, for example, refer to a situation in which every resident of a smart
urban space is provided with personal comfort, tailored to their preferences. For example, they would like to
enjoy themselves by listening to their preferred music. It is possible to consider using both ‘Silent Disco’
solutions [24, 25], based on equipping each participant of the event (party) with their own headset. Another
possibility is the use of solutions in the field of the so-called active agents [11].
8
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Another problem to consider is the subjectivism of perception and response to sounds. The question remains
open: what is pleasant and what is a nuisance for a specific recipient? A dual reaction to sounds is clearly
illustrated when using a helpline, that we are ‘third in line’ and while waiting, we listen ‘over and over’ to an
objectively pleasant musical theme. Playing children can be seen as a sign of peace, joy and a family symbol,
but also as a source of noise.
Perhaps, the considerations on Smart City sounds should also include the use of techniques such as music
therapy or research on the influence of music on the mood of individuals and groups, and thus specific
‘Smart City music’?
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Abstract
Quiet areas within the urban settlements in Europe, as specified in the Directive 2002/49/EC, are areas where
the city dwellers living at a fast pace and working hard could use to get away from the chaos and the noise of
the city, to rest and relax by calmly spending time. However, urban green areas in Turkey cannot fulfil this
need. Nevertheless, the gardens of mosques, which have had an important place in Turkish cities for centuries,
are the areas that the city dwellers may use as quiet areas. In this study, the utilization and availability of
mosque gardens as quiet areas have been analysed through acoustic measurements, spatial evaluations, and
questionnaires through field studies conducted in 7 mosque gardens in the Historical Peninsula of Istanbul.
According to the findings, it was concluded that the spatial arrangements, user profile, density, and other
functions of mosque gardens have an effect on the potential of mosque gardens to be quiet areas and be used
as quiet areas.
Keywords: quiet areas, urban green areas, mosque gardens.

1

Introduction

Today, people living in cities generally have intense work pressure/busy schedules, must spend a part of the
day in traffic, and are exposed to different noise sources during working hours. So, they feel a need to get away
from the chaos of the city during the day or on the weekends and to relax by spending time in a quiet area.
Quiet areas in an agglomeration, which are also included in the European Directive No. 49, can be used to
meet this need with their quietness [1]. In previous studies, the quiet areas were generally examined in terms
of their restorative potential by being below a certain level along with their natural elements [2,3,4], and in
this context, the quiet areas in agglomerations were generally examined over urban parks[5,6,7]. However, it
is not always possible to find sufficient urban green spaces to be used by urban residents due to the dense
construction in the current city centres. Especially when historical and touristic activities are added to
commercial activities, city centres are exposed to denser housing and use by more crowded people. Therefore,
especially in historical and touristic city centres, urban open spaces such as courtyards and gardens of buildings
have been examined by researchers in terms of their potential to be quiet areas as an alternative to parks
[8,9,10]. The green area per capita in the Historical Peninsula of Istanbul, the historical and touristic city centre
that is the subject matter of this study, is 6.8m2. In this study, the historical mosque gardens in the Historical
Peninsula of Istanbul (Figure 1) were examined regarding their potential as quiet areas and their availability to
the citizens and tourists as quiet areas.
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Figure 1 – 1.Yavuz Selim Mosque, 2. Fatih Mosque, 3.Şehzadebaşı Mosque, 4.Süleymaniye Mosque,
5.Nuruosmaniye Mosque, 6. Çorlulu Ali Paşa Mosque, 7.Atik Ali Paşa Mosque [11].

2

2.1

Methodology

Selection of study areas

The Historical Peninsula can be divided into two main regions in terms of land use: a residential area and a
historical and touristic area. In this research, field studies were carried out in 7 mosques, which are Yavuz
Selim Mosque and Fatih Mosque from the residential area and Şehzadebaşı Mosque, Süleymaniye Mosque,
Nuruosmaniye Mosque, Çorlulu Ali Paşa Mosque, Atik Ali Paşa Mosque from the historical and touristic area.
Characteristics such as density of use, the potential of tourist attractions, and historical value were considered
for in selecting the mosques. Mosques such as the Blue Mosque, Beyazıt Mosque, and Yeni Mosque, which
are among the historical mosques that have intensive use, were not included in the scope of the study because
they underwent restoration during the fieldwork.
2.2

Field study

In general, the results obtained from noise mapping and field studies are used to determine and evaluate quiet
areas. In field studies, expert assessments, in-situ acoustic measurements, and evaluation of user/visitor
experiences are mainly used [12]. While noise mapping is generally the preferred method in quiet area
determination studies of EU member countries, academic studies are primarily carried out on field studies. In
this research, in-situ expert assessments, sound recordings and sound-pressure level measurements, and
questionnaires were carried out during the field study.
In-situ expert assessments: During the field study, the researchers noted the function outside the field, user
profile, auxiliary functions in the field, other units in the field, garden size (m2), number of users in the field,
tree and water elements, dominant sound outside the field, dominant sound in the field through in-situ
observations.
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In-situ acoustic measurement – (sound recordings with soundwalk method): Routes were created in the
gardens of the selected mosques to centre the distance between the outer borders of the garden and the mosque.
To avoid the effects of reflection and to move away from the sound environment outside the garden, the routes
were plotted away from the mosque buildings and the outer borders of the garden to a feasible extent.
Sound recordings were taken on the plotted routes in the summer season and during the afternoon (16.0019.00) when the mosque gardens were most heavily used, and the sound pressure levels in the area (Leq, L10,
L50, L90) were determined by analysing these recordings in the Pulse Reflex 20.0.0 program.
Questionnaire: 30 questionnaires were made at the points determined on the soundwalk routes in the garden
of each mosque (an example of the questionnaire conducted is given in Figure 2). The questions were prepared
using a 5-point Likert scale about the participants according to the ISO/TS 12913-3 A method [13], including
topics such as general information, sound source identification, perceived affective quality (pleasant, chaotic,
vibrant, uneventful, calm, annoying, eventful, monotonous), assessment of surrounding sound environment,
assessment of the appropriateness, and assessment of the quietness. The questionnaire data were evaluated
through the SPSS 21 program by performing frequency analysis.

Figure 2 – The sound walk route determined in the garden of Fatih Mosque and the questionnaire points on
the route [14].

3

3.1

Findings

In-situ expert assessments

Information on the function and user profile, size and number of users, vegetation and water, and sound
environment in the study areas are compiled in Table 1.
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Table 1 – Space usage and spatial features.
function and user profile
mosque
name

function
(outside)

user

other
functions
(inside)

tourismrecreatio
n
tourismrecreatio
n - child
playing

size and number of
users
size
number
(m2)
of users
(inside)

other
units
(inside)

vegetation and
water
number of trees
and type of
water element

sound
environment
domina domina
nt
nt
sound
sound
(outsid
(inside)
e)
human
natural
beings
-human
beings
traffichuman
human
beings beings
other
noise

graves

9.000 m2

40-50

a few trees,
shadirvan

graves
cemetery
- cultural
activity
units
graves
cemetery

35.000
m2

200-250

a few trees, pool,
shadirvan

10.000
m2

50-60

lots of trees,
fountain,
shadirvan

traffichuman
beings

graves
cemetery

22.000
m2

100-150

4.000 m2

20-100

tourism commerc
e

graves
religious
institutio
n
commerc
ial unitscemetery

lots of trees,
fountain,
shadirvan
a few trees,
fountain

600 m2

10-15

a few trees,
shadirvan

tourism commerc
e

commerc
ial unitscemetery

1000

10-15

a few trees

traffichuman
beings
human
beings other
noise
human
beings
–other
noise
human
beings other
noise

Yavuz
Selim
Mosque
Fatih
Mosque

residential

localtourist

residential commercial

localtourist

Şehzadebaşı
Mosque

residential commercial

localtourist

tourismrecreatio
n

Süleymaniy
e Mosque

touristiccommercial

localtourist

Nuruosmani
ye Mosque

touristiccommercial

localtourist

tourismrecreatio
n
tourismrecreatio
n

Çorlulu Ali
Paşa
Mosque

touristiccommercial

localtourist

Gazi Atik
Ali Paşa
Mosque

touristiccommercial

localtourist

natural
– traffic
human
beings
human
beings natural
human
beings other
noise
human
beings other
noise
human
beings other
noise

Function and user profile
In the mosques located in the residential area, the users mainly (more than 50%) consist of people living in the
surrounding area, while the users of the mosques in the tourist and commercial areas were workers and tourists.
Local users usually come to the mosque gardens to worship and rest/relax (more than 80%) while tourists come
to visit/sightsee.
While there are graves or a cemetery in all mosque gardens, there are religious institutions in the garden of
Nuruosmaniye Mosque, cultural activity units in the garden of Fatih Mosque, and commercial units in the
gardens of Çorlulu Ali Paşa and Atik Ali Paşa Mosques.
Size and number of users
The walkable areas in the gardens of mosques such as Fatih, Süleymaniye and Şehzadebaşı have a larger
garden area compared to other mosques. The mosques with the highest user density (number) are Fatih,
Süleymaniye and Nuruosmaniye Mosques. While the crowd in the Süleymaniye and Nuruosmaniye mosques
is mostly tourists, the community in Fatih Mosque consists of people from the local environment.
Vegetation and water elements
The richest gardens in terms of perennial trees grown in mosque gardens are the gardens of Şehzadebaşı
Mosque and Süleymaniye Mosque. There are sparsely grown trees in the gardens of other mosques (Figure 34). Except for Gazi Atik Ali Paşa Mosque, there is a shadirvan (water-tank with a fountain) or fountain in the
garden of all mosques.
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Information about the sound environment
Although traffic noise or human sounds can be heard around the areas in the residential area, the related sounds
are not dominantly heard inside the areas, but human voices are heard more than traffic sounds. If there is road
traffic in the commercial and touristic areas, traffic and human voices are heard, and if there is no road traffic,
other commercial and tourism sounds (sounds of transportation and loading/unloading of goods, commercial
calls, etc.), as well as human sounds and sirens, are dominantly heard. Inside the areas (mosque gardens), the
dominant sound types are usually natural and human sounds. While human sounds are more dominant in
mosques where the number of users is high, the dominance of natural sounds in mosque gardens increases as
the number of users decreases, and the green element expands. In the mosques located in the commercial area,
other sounds such as sirens and horns are also heard more frequently than inside the mosques.

Figure 3 – Photos from the mosque gardens (from left to right, 1. Yavuz Selim Mosque, 2. Fatih Mosque, 3.
Şehzadebaşı Mosque, 4. Süleymaniye Mosque)

Figure 4 – Photos from the mosque gardens (from left to right, 1. Nuruosmaniye Mosque, 2. Çorlulu Ali Paşa
Mosque, 3. Atik Ali Paşa Mosque)

3.2

Results of actual in situ measurements of sound-pressure levels

According to the results of the analysis of the sound recordings in the study areas using the soundwalk method,
the A-weighted equivalent sound pressure level (LAeq) ranges from 42 dB to 63 dB (Table 2).
The reason for the high noise level in the Nuruosmaniye Mosque, which is the mosque with the highest level
(LAeq), is that the mosque is in an area with intense commercial and touristic activities in terms of outside
function, and the user density is high due to touristic activities in the area. In Fatih Mosque, along with the
traffic sounds coming from outside the area, the high number of local users in the area are effective in
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increasing the noise level. Şehzadebaşı Mosque, on the other hand, is exposed to traffic noise from outside the
area. Yavuz Selim Mosque, which has the lowest noise level and is quieter than other areas, is in a residential
area. In addition, the traffic around the mosque is lighter. Çorlulu Ali Paşa and Atik Ali Paşa Mosques are in
an area closed to road traffic. Although the tourist density is less than the other mosques, the commercial units
in the garden of these two mosques cause an increase in the density, and thus, the sound level.
Various studies in the literature show that the perception of quietness is closely related to background sounds
[15,16], and the background sound (L90) measured in all mosques is below 55 dB (between 43 and 55 dB).
Ambient sound level (L50) varies between 48 and 58 dB. Foreground sounds (L10) ranging from 53 to 66 dB
are usually sounds caused by humans. Yavuz Selim Mosque is in a high and breezy location, so wind sound is
also effective on the high level of foreground sounds.
Table 2 – Acoustic measurement results.
Mosque name
Yavuz Selim Mosque
Fatih Mosque
Şehzadebaşı Mosque
Süleymaniye Mosque
Nuruosmaniye Mosque
Çorlulu Ali Paşa Mosque
Gazi Atik Ali Paşa Mosque

3.3

LAeq (dB)
42.09
62.32

LA10(dB) LA50(dB) LA90(dB)
63.56
50.23
43.07
66.36
58.95
51.22

59.78
47.63

64.36
65.19

56.78
56.10

53.74
49.37

63.97
49.43
51.63

61.57
53.85
60.07

57.79
48.69
51.37

55.43
46.25
48.81

Evaluation of user/visitor experiences

In each selected area, 30 people of different age groups ranging from 18 to 75 years who did not have any
hearing problem as per their own statements and who were selected randomly were surveyed, and 210 citizens
(78 female and 132 male subjects) were surveyed in total.
As a result of the questionnaire, based on the user perception, possible to suggest that the following sounds are
heard
•
in Yavuz Selim Mosque, natural sounds (1% moderate, 11% high, 18% completely dominating),
followed by human sounds (10% moderate, 6% high) and other sounds (such as sounds of sirens,
construction, industry, loading of goods) (16% moderate);
•
in Fatih Mosque, mostly human sounds (6% moderate, 16% high, 7% completely dominating)
followed by natural sounds (12% moderate, 9% high, 7% completely dominating) and other
sounds (sounds of sirens, construction, industry, loading of goods) (3% moderate);
•
in Süleymaniye Mosque, mostly human sounds (14% moderate, 9% high) followed by natural
sounds (9% moderate, 15% high, 6% completely dominating) and other sounds (sounds of sirens,
construction, industry, loading of goods) (9% low);
•
in Şehzadebaşı Mosque, mostly the natural sounds (20% moderate, 50% high, 30% completely
dominating) followed by human sounds (33% moderate) and traffic sounds (10% moderate);
•
in Nuruosmaniye Mosque, mostly human sounds (13% moderate, 43% high, 33% completely
dominating) followed by natural sounds (23% moderate, 40% high, 10% completely dominating)
and other sounds (sounds of sirens, construction, industry, loading of goods) (23% moderate, 3%
high);
•
in Atik Ali Paşa Mosque, mostly human sounds (50% moderate, 30% high, 13% completely
dominating) followed by natural sounds (33% moderate, 26% high, 6% completely dominating)
and other sounds (sounds of sirens, construction, industry, loading of goods) (16% moderate, 3%
high);
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•

in Çorlulu Ali Paşa Mosque, mostly human sounds (43% moderate, 23% high, 10% completely
dominating) followed by natural sounds (43% moderate, 20% high) and other sounds (sounds of
sirens, construction, industry, loading of goods) (20% moderate, 13% high).

Accordingly, while natural sounds are dominant in Yavuz Selim and Şehzadebaşı Mosques, human sounds are
dominant in other mosques, but traffic and other sounds are also heard in mosques. These results are in line
with the in-situ expert assessments.
Yavuz Selim, Şehzadebaşı, and Süleymaniye Mosques, respectively, are perceived as “calm and pleasant”
areas in terms of the perceived affective quality compared to other mosques (Figure 5). While the perception
of “annoyance and chaos” is low in all mosques, the perception of being “vibrant and eventfulness” is higher
in Fatih and Nuruosmaniye Mosques than in other mosques. Yavuz Selim, Atik Ali Paşa, and Çorlulu Ali Paşa
Mosques were perceived as more “monotonous and uneventful” than other mosques. So, it is possible to state
that mosques with a low noise level, few people, and a high number of trees are perceived as calmer. The
perception of being “vibrant and eventfulness” can be associated with the high number of people in mosques.
The high perception of “monotonous and eventful” in some mosques can be explained by the low number of
tourists.

Figure 5 – Perceived affective quality in mosque gardens.
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The results of the assessment of the surrounding sound environment and assessment of the quietness are similar
in all mosques. All of those who evaluated the sound environment in the area as quiet or very quiet evaluated
the overall sound environment as good or very good. The results of the general quietness assessment in all
mosques show parallelism with the results of the assessment of the appropriateness of the sound environment
for the area. Most users (more than 90%) who found the areas quiet or very quiet found the sound environment
very appropriate or perfectly appropriate for the area. The majority (more than 90%) of users who rated the
areas as noisy or very noisy rated it as slightly appropriate or not appropriate at all. This indicates that the
appropriate sound environment is expected to be quiet or very quiet in mosque gardens. In general, it can be
suggested that “areas where the sound level is low, natural sounds are dominant, and areas that are considered
calm, pleasant, and still are considered quieter; and sound environments that are considered quieter are
appropriate for the area”.

4

Evaluation and Conclusions

The gardens of mosques, which have existed in Turkish cities for centuries, are areas that have the potential to
be evaluated and used as quiet spaces. In addition, the mosque gardens, which also have a religious function,
are expected to offer a calm and peaceful environment to the users. As a result of the study, it is determined
that the outside and inside features of a mosque are effective on the quietness/calmness of the areas, and some
features specific to mosque gardens contributed positively to the perception of quietness.
Outside Features of a Mosque
The main outside features of a mosque that cause an increase in the sound level in the area, are the excessive
crowd due to commercial-touristic activities outside the area and the heavy road traffic noise outside the area.
The mosque gardens in areas where the outside of the area is not crowded, and the traffic density is low are
areas with a high potential to be quiet areas compared to other areas.
Inside Features of a Mosque
The high number of users in the area and other auxiliary functions increase the sound level in the mosque
gardens and negatively affect the perception of quietness. For this reason, it is recommended not to add other
auxiliary functions such as trade, eating, and drinking, which cause an increase in the number of users in the
mosque gardens and to limit the number of visitors to the touristic mosque gardens at the same time.
Specific Features of a Mosque
Mosque gardens are usually surrounded by walls. These walls act as barriers and are important in terms of
protecting the sound environment in the mosque gardens from the noise outside the area. So, it is recommended
that the wall between the outside of the area and the garden should be considered as a noise barrier, and there
should not be any openings on the garden walls.
There are usually elements such as trees, fountains, and shadirvans in the mosque gardens. It has also been
revealed in previous studies that the presence of natural elements such as plants and water in an environment
and the predominance of natural sounds contribute positively to the perception of quietness/calmness [17, 18,
19]. In this context, reducing concrete floors in mosque gardens, planting more trees, and keeping water
elements will contribute positively to the perception of quietness.
Worshipping makes people feel more peaceful and calmer. In this respect, mosque gardens are expected to
have a sound environment suitable for staying calm and peaceful. Besides, as an expression of respect to the
graves and cemeteries in the historical mosque gardens, it would be appropriate to be sensitive about not
disturbing the peace and tranquillity of the activities and added functions in such areas.
Arrangements in line with the above recommendations according to the in-situ expert assessments, acoustic
measurements, and questionnaire results in the field will contribute to the usability of mosque gardens as quiet
open spaces that offer rest and relaxation along with their worship function, especially in urban areas where
green areas are insufficient.
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Abstract
Nowadays, the sound emissions of most machines and vehicles have to be recorded before the product is
launched and are subject to individual limit values. Numerous product-specific measurement regulations exist
for this purpose, which should allow users to compare the respective products with each other. However, it is
generally not possible to derive the noise exposure for a resident from this. For that, it would be necessary to
know both the spatial distribution of the radiated sound and the sound field with its boundary surfaces and
sinks. In an interdisciplinary and interdepartmental research project at Frankfurt UAS, noise sources are
currently being investigated in the context of urban development, reflecting facades, and absorbing green
spaces. A detailed investigation on three-dimensional sound emittance of motorised vehicles will be carried
out as well as absorption and reflection measurements in representative metropolitan areas. Using these results,
it will be possible to define the individual effect of single noise sources on specific receiver positions in an
urban setup.
Keywords: urban acoustic; polar pattern; electric car; road traffic; sound prediction

1

Introduction

In addition to the reflection and absorption properties of inner-city buildings, it is above all the emission
behaviour of passing motor vehicles that determines noise pollution in metroplitan areas. Several studies have
been carried out throughout the years to determine the noise emittance of vehicles to be used as input data in
noise propagation calculations. Among others, the Parkplatzlärmstudie 6. Edition (Recommendations for the
calculation of noise emissions of parking spaces, motorway services, bus stations, parking garages, and
underground parking spaces) [1] from 2007 or the research project from 2020 “Überprüfung der
Geräuschemissionen von Motorrädern im Straßenverkehr” (review of noise emissions of motorcycles in
present road traffic) [2] from the German Environment Agency can be named. Because of its strong relation
to noise propagation calculations all these studies investigated the noise emission in relation to the normative
fixed street level positions 1.2 m above ground in 7.5 m distance to the object. The research project
“Bestimmung der vertikalen Richtcharakteristik der Schallausbreitung von Pkw, Transportern und Lkw”
(Determination of the vertical directivity of noise emission of cars, vans and trucks) [3] commissioned by the
Federal Highway Research Institute (BAST) in 2009 extended the view on noise emission of cars to the vertical
dimension. Based on results of on-site measurements of controlled pass-by cars the study concludes that the
angle of maximum noise emittance varies in the range of the investigated cars, vans and trucks. The basic
simplification made for noise propagation that cars emit the maximum noise level at one specific angle has to
be reconsidered. For the automobile industry and production, the noise emittance of cars is limited by technical
rules and controlled by European guidelines such as 70/157/EWG [4] in conjunction with specific
measurement procedures such as DIN ISO 361 Part 1 [5]. The homologation of cars in combination with noise
1
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propagation methods based thereon should prevent complaints. This, however, is not reflected in reality. Even
though the car as a noise source seems to be precisely documented and controlled in production and usage, the
number of noise-related complaints is still increasing, especially by residents in metropolitan areas as
documented in the many reports. Among others the report from the European Environment Agency: “Healthy
environment, healthy lives: how the environment influences health and well-being in Europe” [6] or the
national report from the German Environment Agency: “status of noise nuisance in Germany” [7] can be listed.
This is even more remarkable as metropolitan areas consist of highly regulated land usage planned and
controlled by local authorities while considering the measure of noise propagation calculations. To enhance
the knowledge about the acoustic properties of vehicles in urban contexts the acoustic measurements described
in this article were conducted as a part of the ongoing interdepartmental research project at the Frankfurt
University of Applied Sciences: “Development of an urban planning parameter for acoustically effective
building construction” funded by the Federal Ministry of the Interior, Building and Community. The attempt
was made to document under controlled conditions the noise emission of cars and a motorcycle driving at
constant speed in a range 180° above the street around the car perpendicular to the driving direction on an
abandoned airfield. The measurements excluded vans and trucks to focus on cars with various engine types.
This should represent the most current noise source in urban spaces, the car and its ongoing modifications from
a combustion engine driven to alternative engine concepts. It is believed that the results presented here will
lead to a more specific way of noise prediction in urban contexts.

2

Measurement setup

2.1

Measuring environment

The acoustical investigation of the vehicles was performed at the abandoned August Euler airfield in
Griesheim, close to Darmstadt (Germany). The sealed surfaces of the former airfield are used as a test field for
driving or for flight experiments under administration of the Universities of the Hessian State. The surrounding
grass land is protected by nature conservation and offer ideal free field conditions. Figure 1 shows the asphalted
flight path of 20 m width and 1160 m length.

Figure 1 – Map of August Euler airfield in Griesheim, close to Darmstadt, Germany, Drawing based on
open-source street map, no scale
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2.2

Test Vehicles

Four different vehicle types with different drive systems were chosen to represent the common drive
technologies within this acoustical test setup. These include two standard small cars, one with an electric drive
and one with a petrol engine. The electric car used was only equipped with an electric drive. It had no auxiliary
power units like a range extender engine. The third one, a diesel-powered car, is a standard estate car. The
fourth vehicle, a motorbike, has a petrol-powered Boxer engine and represents the group of two-wheel
vehicles. The key figures of the vehicles can be found in Table 1.
Table 1 – Key figures of the Vehicles

2.3

Vehicle

Drive system

Weight [Kg]

Standard small car
Standard estate car
Standard small car
motorcycle

electric
diesel
gasoline
gasoline

1345
1564
1199
246

Year of
Production
2016
2005
2016
1993

Measuring Setup

Based on DIN ISO 361-1 two microphones were installed at 7.5 m distance from the centre of the roadway
and at 1,2 m height. In the following these are called the norm positions “Ref L” and “Ref R”. A semi-circular
arch with a radius of 4,5 m made of segmented plastic pipes – the measuring gate – was erected centrally above
the roadway. Seven microphones were positioned on the measuring gate so that they were evenly distributed
across the arch. The two lowest microphones were palced at the height of the straight line between the centre
of the roadway and the norm position. In the following the seven measuring positions attached to the measuring
gate are named according to their angles: e.g. “Position 36°”. This setup was developed based on the guideline
70/157/EWG [4]. Figure 2 shows the measuring setup with the microphone positions.

Figure 2 – The measuring gate with seven microphone positions attached to it, positioned on the landing
track of the abandoned airfield with the standard small car with electric drive under measurement. The
positions Ref L and Ref R are set to the position which are defined by the DIN ISO 361-1 [5]
3
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2.4

Performance of the measurements

For the tests, the cars were measured while driving at a constant speed. The speed was increased from 10 km/h
to 120 km/h in steps of 10 km/h. To ensure the exact speed, the driver drove GPS supported, and compliance
with the speed was ensured by using light barriers. In each case an appropriate gear was chosen for the
respective speed. In addition, the vehicles drove through the measuring gate once each from both directions.
Pass-bys with faulty speed meter readings were repeated. This resulted in at least 24 measurement sequences
per vehicle.
Data acquisition was realised using a compact 24 channel frontend. The measurements were carried out with
a total of nine Class1 microphones. At the beginning of the measurements, all microphones were calibrated. A
single uninterrupted 10 channel recording (incl. trigger channel of the light barrier) was made for all pass-bys.
Additionally, annotations were spoken into a separate microphone. Light barriers were installed 10 m in front
of and behind the measuring gate. These recorded the velocities at which the vehicle entered and exited the
measuring space. The uninterrupted recording of all pass-by events enables the determination of the precise
background noise of the measuring site in the intervals between pass-by sequences. The detected level for the
background noise was in the range of 37 dB(A) to 39 dB(A). The driving direction from West to East was with
a headwind. The driving direction East to West was a downwind condition. During the day of the
measurements a light wind of a nearly constant velocity of 4 m/s was documented. For the here presented
analysis the recordings of the downwind driving direction East to West were used because these data represent
pass-bys for specific cars at different speeds under equal downwind conditions. The recorded data were
analysed using a post processing software based on the digitalised time signal. The software outputs the Aand F-weighted level vs. time curve. These were exported to Excel spreadsheets. Based on the triggers, the
individual pass-by events could be identified within the entire measurement file.

3

Results of the measurement

The analysis was executed stepwise. In the first step all single pass-by sequences were extracted. With the
recorded triggers the zero position of the measuring gate on the timeline was identified. Around the zero
position an interval with a duration of 3 s was selected for the further data analysis. The 3 s intervals were the
basis for calculating the level over time diagrams and the calculation of the equivalent continuous noise level
LEQ for each 3 s sequence. In addition, LAF levels for pass-by sequences were determined according to the
procedure described in DIN ISO 361-1 [5].
3.1

Analysis of vertical sound radiation based on LAF Levels

To obtain insight on the normative regulated determination of sound emissions from vehicles the data set was
analyzed using methods inspired by DIN ISO 361-1 [5]. The maximum level within the measurement interval
of 3 s is determined. The polar plots show these maximum recorded levels at specific microphone positions
during pass-by events at the driving speeds ranging from 20 km/h to 120 km/h. The horizontal bar graphs
below the symbol of the car are representing the maximum detected level within the measurement interval of
3 s at the norm positions “Ref L” and “Ref R”.
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Figure 3 – Polar plot of the electric driven standard small car
The results for the electric driven standard small car range from the minimum value of 51,6 dB(A) at 20 km/h
at Position 90° to 82,5 dB(A) at 120 km/h at Position 9°. It can be seen in Figure 3 that with increasing speed
the vertical sound radiation slightly changes.

Figure 4 – Comparison of the loudest car under measurement the diesel car with the silent electric car. The
LEQ values calculated out of the 3 s intervals recorded in Position 9° and Position 90° are shown
Figure 4 provides a sequence based on LAF values. Therein the electric car marks the low end in all driven
speeds. At the top end of the sequence, we see the diesel engine with a maximum level of 87.7 dB(A) at 120
km/h in Position 9°, which is 5.2 dB over the value 82.5 dB(A) at 120 km/h in Position 9° for the electric
driven standard small car. Figure 4 clearly illustrates the interdependence between the type of engine in the
cars and the emitted sound. As this maximum level detection method does not provide any deeper insight
further analyses were carried out. In the following investigation the difference of levels between Position 9°
and 90° was used to identify significant changes in the sound radiation in relation to the position of the driving
vehicle.
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3.2

Analysis of sound radiation vs. time

The level vs. time diagrams show the recorded LAF levels at specific microphone positions during pass-by
sequences at different driving speeds. Figure 5 and Figure 6 show a comparison of the electric driven car with
the diesel car.
In Figure 5 the courses of levels are shown which represent the typical inner city speed limit of 50 km/h. The
course of levels at Positions 9°, 36°, 63°, 90 °for the electric car appear equivalent to an ideal pass-by of a
point source. Around the origin in the graph at position 9° the course of the levels of the electric car shows a
dip. This marking the point where the body of the electric car partly shadows some of the tire related noise
sources. While the diesel car shows the same dip at the origin the broader course of levels between zero and
13.9 m represents the noise from the exhaust pipe.
In Figure 6 the courses of levels graphs are shown. These represent the typical speed limit of 100 km/h for
country roads in Germany. The course of levels at position 9° for the electric car appears equivalent to an ideal
pass-by of a point source. The dip at the origin also appears, but, due to relation to the higher speed, it is not
as distinct.

Figure 5 – Level vs Time for the electric driven car and the diesel car at 50 km/h

6
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Figure 6 – Level vs Time for the electric driven car and the diesel car at 100 km/h
The effect where the body of the electric car partiallyshadows some of the tire noise sources is even more
apparent in the graphs for positions 36°, 63°, and 90°. The sudden changes of level within the range of 7.5 dB
represent the shadowing of the tire noise sources by the body of the car.
At 100 km/h the diesel car does not show this dip at the origin. The broader course of levels caused by the
diesel engine and the exhaust pipe can be noticed. Noticeably, at the point of entry at -41.7 m the level at
position 9° is lower than the level at position 90° for both vehicles. For the electric car this more distinct than
for the diesel car. At -41.7 m the level difference between Position 9° and 90 ° is about 4,5 dB for the electric
car and 2.5 dB for the diesel car. At 41.7 m, which marks the leaving of the vehicle, only the diesel car causes
higher levels at the top position 90° than at the bottom position 9°. For the electric car it is the other way round.
An overview of the level differences between positions 9° and 90° in relation to the driving speed and the type
of vehicle is provided in Figure 7.

Figure 7 – Overview of the level difference between Position 9° and 90 ° in relation to driving speed and
vehicle.
7
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The overview for the approaching vehicles in Figure 7 on the left shows that for all speeds above 50 km/h the
difference between positions 9° and 90° give negative results. This means a higher level reading at position
90°. For the leaving vehicles the situation is divers. The diesel car and the motorcycle show increased negative
levels with higher driving speed. They emit more sound towards the vertical position 90°. In contrast, the
electric car shows positive levels for all driving speeds. With increasing speed, the sound emission shifts more
to the side of the electric car. The gasoline car shows no clear trend. Positive levels were determined for 30
km/h, 100 km/h and 120 km/h. The results for 50 km/h and 80 km/h show negative levels. From 100 km/h to
120 km/h the sound emission shifts from the top to the side.

3.3

Analysis of sound radiation based on LEQ calculations

Noise annoyance in urban contexts is caused by single noise events with levels high above the average noise
floor or by high constant noise levels. The single noise event at maximum levels is represented by the noise
level LAF. The constant noise floor is represented by LEQ values. The LEQ of levels of the 3 s measurement
intervals were calculated to compare the significance between LAF and LEQ values for the directivity of sound
emitted from vehicles. Figure 8 shows the increase of levels according to increased driving speed. The LAF
and LEQ levels for 30 km/h were set to zero to compare the increase in levels for all vehicles. The graphs show
the expected course as the calculated LEQ are always below the LAF levels. The value for the level change in
relation to the driving technology is significant. Referring to Figure 4, the quietest vehicle under measurement,
the electric car shows maximum levels for the noise level increase with increased driving speed. The
introduction of speed limits between 30 km/h and 80 km/h to reduce traffic noise would be the most effective
for electric cars.
The comparison of the difference between positions 9° and 90° calculated for LAF and LEQ levels in Figure
9 shows the same tendency. As expected, the difference for the LEQ levels is always below the one of the LAF
levels. In the graphs a specific sound radiation of a vehicle is linked to a specific driving speed. In the case of
the electric car the sound radiations tend more to the side positions than to the top. The motorcycle emits nearly
the same sound radiation to the top as to the side. This effect becomes more apparent with increased driving
speed.

Figure 8 – Comparison of LAF and LEQ levels at Position 9°
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Figure 9 – Overview of the level difference between Position 9° and 90 ° in relation to driving speed and
vehicle.

4

Conclusions

The results of the analyses have again validated known facts regarding the reduced noise emission of electric
cars. But this measurement campaign has shown that the advantage of up to 6 dB less noise emission of electric
cars emerges only at driving speeds below 100 km/h. Above 100 km/h driving speed the difference to
conventional combustion engine driven cars is only around 2 dB. The comparison of the increase of emitted
noise in relation to driven speed has revealed that the noise level of the electric car increases between 30 km/h
and 80 km/h in steps of 6 dB or 7 dB per 10km/h. For this type of driving technology speed limits e.g., for
noise reduction at night will be more effective than for conventional combustion engines. This gives the chance
to adapt speed limits for the reason of noise reduction to specific environment friendly driving technologies.
Another aspect of the here presented 180° sound emission inspection of vehicles is linked to the still growing
metropolitan areas. More and more road traffic runs through built-up urban areas. The road traffic noise is
reflected by multiple hard reflective surfaces in urban canyons. The still growing demand of new housing
spaces results in vertical solutions such as apartment high-rises. Thus, the upwards emitted sound from road
traffic plays an increasingly important role for the planning of lively and healthy cities today. The further
analyses of the level vs. time graph have shown that the upward emitted sound radiation is linked to the
specificity of a vehicle and its driving technology. The upward emitted sound is nowadays neither covered by
homologation nor considered in sound propagation. In addition, the analyses have shown that distant vehicles
can radiate more noise upward than to the side. This may be one reason for the continuously growing number
of complaints relating to road traffic noise.
In the framework of the ongoing research project the results of the measurement campaign will be used for
further development of sound propagation methods as scaled model measurements or numerical simulations.
With the determination of deviations from the normative regulated homologation of cars it becomes evident
that if the regulation of the production and selling of cars is insufficient, it becomes even more important to
modify the transmission paths in urban contexts wherever possible. Shifting the focus from the source to the
urban fabric will lead to robust and future proof cities.
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Abstract
The sound source composition of the urban sound environment varies depending on the geography and
socio-cultural context. Current sound taxonomies in the literature categorize urban sound sources by their
source types (e.g., human-made, natural, electromechanical) and respective semantic attributes. This study
aims to add another taxonomical layer to the existing urban sound source categorization methods. The
additional layer is a recently proposed sound source classification framework (CLIC). The CLIC framework
identifies sound sources based on their Diegesis and Intention parametric attributes. The former parametric
attribute, diegesis, was derived from film sound design. The geographical and socio-cultural context of the
built environment can be considered as its narrative; hence, every event that happens within the functional
context can be called diegetic, while the events that do not belong to that specific place can be called nondiegetic. The latter parametric attribute, intention, was derived from product design. One of the prominent
sound source categorization methods in product sound design is to group the product emitted sounds as
consequential and intentional. Combining these two parametric attributes with the existing taxonomies, the
CLIC framework outputs a place-specific design guideline, clearly dictating the actions a sound designer
should take. The two parametric attributes group the sound sources under four distinct areas, which dictates
the degree of influence of designers on the specific sound source. The four zones are defined as the creation
zone, limitation zone, isolation zone, and control zone. Each zone dictates step-by-step sound design
instructions for the sound designer. This study consists of two main phases: field recordings and web-based
listening tests. The sound sources present in the urban sound environment were identified in the field
recordings phase. Later, in the web-based listening tests phase, the identified sound sources were evaluated
based on the CLIC framework, and hence, their respective zones on the model were identified. The outcomes
of the study propose clear step-by-step design guidelines and present action suggestions for environmental
sound designers.

Keywords: soundscapes, sound design, diegesis, sound sources, sound taxonomy.
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1

Introduction

Urban soundscapes host numerous sound sources; each of them varies in terms of physical and semantic
properties. The geographical and socio-cultural context of a given environment dictates the sound sources
found within the urban soundscape. Therefore, urban sounds are not a negligible design element and are also
a natural part of urban life. In the literature, it is well-documented that the resident's well-being is directly
influenced by the coherence of audial and visual design elements found in the urban environment. Therefore,
the aim of the environmental designer (i.e., architects and urban planners) should be to achieve a holistic
built environment designed specifically for a given socio-cultural and geographical context. The sound
sources found within the urban soundscapes can be considered unique design elements to be carefully
created, controlled, manipulated, or placed by the environmental designer. However, every design element
should be empirically categorized to be used in the design process of urban environments. To control the
sound sources as design elements, three properties should be analyzed. Each of the three sound source
properties can be considered as a separate taxonomical layer. The first taxonomical layer is the sound source
type, which has been extensively studied in soundscape research. The second taxonomical layer is the
contextual, socio-cultural, and geographical coherence of the sound source with the built environment. The
third and last taxonomical layer is the degree of control of a sound designer on the sound design element.
The current study aims to present a sound design guideline for the environmental sound designers by
creating two additional taxonomical layers in combination with the already existing (1) taxonomy on sound
source types found in the soundscape literature. The additional layers are based on the two sound source
categorization methods (2) Diegesis, which measures the contextual, socio-cultural, and geographical
coherence of the sound source with built environment (derived from the sound design methods of film and
video game disciplines) and (3) Intention, which measures the degree of control of a sound designer on the
design element (derived from the product design discipline). It is hypothesized that the combination of the
sound source type, diegesis, and intention will reveal the influence of sound designers on a sound source in a
given environmental context. The complete taxonomical framework is presented in Figure 1.

Figure 1 - The proposed taxonomy of sound sources in urban soundscapes.
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In recent years, the first taxonomical layer, sound source types, has been substantial research interest in
urban environments. There are many tools to be used for the categorization of sound sources; however, the
most commonly used method in the soundscape literature is the semantic differential method in combination
with factor analysis to reveal the principal dimensions or cluster analysis for identifying groups of similar
sounds in terms of the attribute scales [1]. Most of these taxonomical frameworks were based on the studies
of Schafer [2]. Environmental sounds were investigated under various categories in different studies found in
the literature. Bones et al. explored the formation of categories for a set of everyday sounds that are found in
the soundscape literature [1]. Moreover, the sound taxonomy of indoor sound environments was also
investigated [3,4]. Additionally, Niessen et al. [5] linguistically investigated different types of sound source
classifications from various disciplines and suggested explicitly stating the type of categorization applied.
More recently, International Standards Organization published a taxonomy of the acoustic environment for
soundscape studies [6]. In this study, the proposed taxonomical framework is based on the taxonomy of
sound sources in soundscapes presented in ISO/TS 12913‑2:2018 [6].
The second taxonomical layer, diegesis, is based on the diegetic/non-diegetic sound categorization
interpreted from the film and video game theory. Diegesis is the narrative Spatio-temporal world described
in a film. Anything within that filmic world is called diegetic, and anything outside of the filmic world is
non-diegetic, including sound sources [7]. Diegesis is a well-balanced combination of preference,
experience, and memory [8]. Similarly, the functional, geographical, and socio-cultural context of a built
environment can be considered it's narrative. Every sound event within the functional, geographical, and
socio-cultural context can be referred to as diegetic. In contrast, every sound event that happens outside of
that context can be referred to as non-diegetic. Environmental sound designers should consider diverse sound
sources and environmental factors to produce a proper diegesis for a specific environment. It should be noted
that diegesis depends on both the users' and the designer's preferences; hence, the diegesis values of any
given sound source should be collected as empirical data as a function of the environmental context.
The last taxonomical layer, intention, measures the degree of control of a sound designer on the design
element. Fundamentally, sound design is a technical and artistic profession, and it is the art and practice of
creating sounds for a variety of needs. It includes all non-compositional aspects of a movie, a play, a musical
performance or recording, computer game software, or any other multimedia product [7]. It usually involves
performing and editing pre-created or recorded sound, such as sound effects and dialogue, for the
environment. Sound design exists in various disciplines, including filmmaking, television production, video
game development, theatre, sound recording and reproduction, live performance, sound art, post-production,
radio, and musical instrument development. More recently, sound design has gained increased research
interest in industrial product design. It is a new multidisciplinary field with origins in acoustic measurements
and product sound quality [9]. In one study, semiotics of product sounds were analyzed, and it was suggested
that sound designers are engineers of communication [10]. Spence and Zampini also investigated the sounds
of an everyday object, but from a multisensory perspective [11]. They found that the sounds of everyday
objects influence users' perception of quality and efficiency. In product sound design, the product-generated
sounds are categorized as consequential and intentional sounds [12–14]. The routine operation of a specific
product produces consequential sounds. Intentional sounds, on the other hand, are created and controlled by
sound designers. Therefore, determining the exact intention value of a given sound source would reveal the
possible degree of impact an environmental designer has over a specific sound source.
This study aims to create a holistic design guideline for the environmental sound designer based on an
extended sound source taxonomy. The proposed framework incorporates the coherence of a sound source
with the environmental context (diegesis) and the degree of impact a designer has over a sound source
(intention). Within the scope of the study, the framework was also applied to the sound environment of
Kuğulu Park, Ankara, Turkey. The Environmental Sound Design Framework (CLIC), the experimental
methods of the listening tests, and the results of the study are explained in the following sections.
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2

Environmental sound design framework (CLIC)

The Environmental Sound Design Framework (Create, Limit, Isolate, and Control) was developed based on
the two new sound source categorization methods derived from product sound design and film sound design
theories: (1) Diegesis and (2) Intention. As previously mentioned, diegesis is the narrative world presented in
a film or videogame. It can be suggested that every sound event is diegetic in the built environment. There is
no audience to whom the non-diegetic sounds need to be designed and presented. However, it can also be
argued that the context of an environment is strictly tied to its user. Therefore, if the subject is unfamiliar
with the functional, geographical, or socio-cultural context of an urban sound environment, the unfamiliar
sound events perceived by the residents should be categorized as non-diegetic sound events. Diegesis creates
the first axis of the framework. The second sound source categorization method, intention, guide the designer
in determining the level of control over sound sources. If a sound source is consequential, the designer will
have limited control over it. If the sound source is classified as intentional, it may be possible for the
designer to design or select the sound source in its entirety. Intention creates the second axis of the
framework. The complete framework is shown in Figure 2.
A sound source can be located at any point on this model. To locate a specific sound source on the
framework (Figure 2), intention and diegesis values should be identified. Table 1 shows the corresponding
intention values for each action a sound designer can take on a 7-point scale. Furthermore, the diegesis
values are determined by collecting empirical data from online listening tests. The methods used for listening
tests are presented in the next section. It should be noted that when the same sound source is evaluated for
different types of spaces of various functions, its position in the model will also change on the diegesis axis
as the context changes. Therefore, the proposed framework differs from other categorization methods found
in the literature. The two axes in the framework divide the chart into four distinct areas, which dictates the
degree of influence of designers on the specific sound source. The four zones are called the creation zone,
limitation zone, isolation zone, and control zone.
Table 1 - The corresponding intention values for each action a sound designer can take.
Category

Action of the designer

Design from scratch
Complete control by the selection of the product
Partial control by planning
Neutral
Silence
Partial control by the selection of the product or
isolation
Consequential
Full isolation
Intentional

Uncontrollable

Intention value
+3
+2
+1
0
-1
-2
-3
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Figure 2 - The context-dependent CLIC (Create, Limit, Isolate, and Control) framework.
The first quarter in the chart is called the limitation zone. These sound sources are non-diegetic and
intentional; therefore, the intensity of the sound sources should be limited by the environmental sound
designer. Since these sound sources can carry high levels of important information, complete isolation is not
suggested. The second quarter in the chart is the isolation zone. To locate a sound source in the isolation
zone, it must be consequential and non-diegetic. Therefore, the sound sources located in this zone should be
completely isolated by the sound designer. The third quarter in the graph is called the creation zone. For a
sound source to be in this zone, it must be diegetic and intentional. In general, these sounds carry essential
information. Digital or mechanical sound sources such as elevators, telephones, doorbells, and similar are
usually located in this zone. These sound sources can be designed entirely (or selected) by the sound
designer in accordance with the context of the space. The last quarter in the model is the control zone. A
sound source is located within this area if it is diegetic and consequential. The sound designer has a limited
influence on these sound sources. Since the sound sources in this zone are within the context of the space,
they do not need to be isolated or limited. However, the sound source can be controlled within certain limits.
For instance, footsteps in each space cannot be designed from scratch; however, a designer has limited and
indirect control over the footsteps by changing the floor material.
The proposed sound design framework aims to guide environmental sound designers throughout the design
process by dictating the degree and type of control they have over the sound sources, based on the sound
source and context of the space. As a case study, the sound design framework was tested on the sound
environment of Kuğulu Park, Ankara, Turkey. In the next section, the methods and results of the case study
are presented.

3

Case study: Kuğulu Park, Tunalı Hilmi Avenue (Ankara, Turkey)

Within the scope of the study, sound sources present in Kuğulu Park were analyzed by using the proposed
context dependent CLIC sound design framework. Kuğulu Park is located in Çankaya, Ankara (Turkey).
Kuğulu Park is located in the Kavaklıdere district of Ankara. It is a First Degree Natural Protected Area and
has an area of 7743 m². The Park was opened in 1958. Although Kuğulu Park is in the city center, where the
population density is very high, it attracts more users compared to other parks. In the population census
conducted in 2017, it was determined that 6,675 people lived in the Kavaklıdere district where the park is
located.
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3.1

Methods

In the first phase of the study, the environmental sounds were recorded during the working hours of the
selected environments and when the user population is exceptionally high. The recordings were collected
from three different recording positions to access a wide variety of sound sources. Each sound recording
session was fifteen minutes long. The environmental sounds were recorded in 96kHz, 24-bit quality with
Zoom SGH super-cardioid shotgun type microphone (individual sound source recordings) and Zoom XYH-6
unidirectional X/Y type microphone set 120 degrees recording angle (environmental sound recordings)
connected to Zoom H6 hand-held audio recorder. The hand-held sound recorder is fixed on a heightadjustable tripod at the height of 140 cm. The collected sound recordings were monitored and analyzed with
the Beyerdynamic DT770 Pro (80 ohms) closed cap isolated headphones connected to a Focusrite 2i2 thirdgeneration audio interface. Each significant and identifiable sound source was time-coded and listed
separately (Table 3).
The second phase of the study consisted of a web-based listening test. The aim of the listening tests was to
determine the diegesis values for each of the previously identified sound sources. The listening tests were
created by using the Web Audio Evaluation Tool [15]. A total of 32 subjects participated in the listening
tests. Sound recordings were collected from 3 different zones (in the park, main street and near the pool). In
the sound recordings collected from the park, human-induced sounds and nature sounds were more
prominent. In the sound recordings collected from the main street, motorized transport sounds and
electromechanical sounds were in the foreground. Finally, in the recording taken from the poolside, nature
sounds, animal sounds, and human sounds were dominant. These three selected zones have been chosen
because of the high human traffic, their frequent use in daily life, and the fact that there is high variability in
the types of sound sources. As a result of the analysis of the collected sound recordings, 12 different sound
sources were obtained.
Samples of sound sources to be used for listening tests were then selected from the International Affective
Digitized Sounds-Extended (IADS-E) [16] database to be approximately 6 seconds long. Twelve auditory
stimuli were selected from the International Affective Digitized Sounds - Extended database (IADS-E) [16]
for the listening tests. The audio samples were selected according to the sound source lists created by the
analysis of on-site audio recordings. The audio samples were sampled at 44.1 kHz and were approximately
six seconds long. The participants were expected to listen to the sound events and evaluate each of them on a
scale of 0-100 according to their preferences. The results were normalized by Modulus equalization to bring
into standard the scale that participants used. The principle of this equalization is that all participants must
have evaluated the same set of stimuli. It requires that all participants have evaluated the stimuli an equal
number of times and the absence of 0 ratings in evaluating [17]. Their ratings are multiplied by a fixed,
constant multiplier to achieve a geometric mean equal to the geometric mean of the group data. The formula
for applying modulus equalization to the individual scores is given below (Eq.1).

Eq.1

where, Seq is the equalized score, SI is the raw (initial) score, Gmean is the geometric mean of the group data,
and Smean is the geometric mean of each participant's responses. The normalized diegesis scores were
presented in Table 3.
The interaction between the sound sources were statistically analyzed by using the Principal Component
Analysis (PCA) in IBM Statistical Package for Social Sciences (SPSS) software version 21. Varimax
rotation was applied to the collected experimental data. The sampling adequacy of the data was tested by the
6
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Keiser-Meyer-Olkin measure of sampling adequacy (KMO) and the suitability of data for dimension
reduction was tested with Bartlett's test of sphericity [18]. The results of the PCA are presented in the results
section.
3.2 Results
The complete list of identified sound sources in the sound environment and their corresponding intention and
diegesis values are presented in Table 3. It should be noted that the diegesis values highly depend on the
designer, customer profile, client profile, socio-cultural context, and geography. Therefore, these results
solely apply to the environment under investigation. The analysis of audio recordings revealed that the
majority of sound sources identified in the sound environment are motorized transport sounds. A total of five
motorized transport were identified, two of them being intentional sound sources. Besides the motorized
transport sounds, human movement sounds (i.e., footsteps), electromechanical sounds (i.e., construction and
cell phone), social/communal sounds (i.e., car alarm), nature sounds (i.e., fountain), and animal sounds (i.e.,
birds and swans) were also present.
The Kaiser-Meyer-Olkin measure verified the sampling adequacy for the analysis, with a KMO = 0.67,
which is above the acceptable limit of 0.5. Additionally, Bartlett's test of sphericity revealed that the data is
suitable for PCA or factor analysis (p = 0.00). The PCA was run to obtain eigenvalues for each component in
the data. A total of four components had eigenvalues over Kaiser’s criterion of 1 and the combination of
these four components explained 72.7% of the variance. The largest component was mostly consisted of
alarming sounds (car brake, car horn, car alarm, construction), which explained 34.5% of the total variance.
The second component was consisted of natural and human sounds (birds, footsteps, and fountain), which
explained 15.93% of the total variance. Car and motorcycle engine sounds were in the third component,
explaining 12.99 % of the total variance. Lastly, cell-phone sounds were in the fourth component, explaining
9.35% of the total variance. After analyzing of the four components, Component 1 was labelled “alarming
sounds”. Component 2 was labelled “natural sounds”, Component 3 was labelled “mechanical sounds”, and
lastly, Component 4 was labelled “digital sounds”.
Table 3 - The list of sound sources identified in the recording of the case study and their corresponding
intention and diegesis values.
Source type
Sounds generated by
human
activity/facility

Sub-category

Sound Sources

Motorized transport

Motorcycle
Car brake
Car horn
Car engine
Ambulance
Footsteps
Construction
Cell phone
Car alarm
Fountain
Birds
Swan

Human movement
Electromechanical

Sounds not generated
by human activity

Social & communal
Nature
Animals

Type
Intention
Consequential
-2
Consequential
-1
Intentional
+1
Consequential
-1
Intentional
+1
Consequential
-1
Consequential
-2
Intentional
+2
Intentional
+1
Intentional
+3
Intentional
+2
Intentional
+2

Diegesis
103.11
25.91
1.99
512.20
33.78
250.31
7.57
148.54
8.23
2949.44
4202.18
229.91
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In the last phase of the analysis, the sound sources identified in the previous phase were placed on the
corresponding locations in the CLIC framework, based on their intention and diegesis values presented in
Table 2. The finalized design guideline is also presented in Figure 3. The analysis of the sound sources
located in the creation zone (diegetic and intentional) of design guideline revealed that the sound sources
related to Component 2 (natural sounds) of the PCA, which are bird, swan, and water sounds (pool/fountain
sounds), are highly expected and anticipated in the area. The environmental sound designer of the area
should create a suitable environment that mimics a natural habitat, which should host animal life to
potentially increase the restorative properties of the environment. Additionally, the sound sources located in
the creation zone revealed an interesting finding, as well: the users preferred the sound sources related to
Component 4 (digital sounds) of the PCA, (i.e., cell phone sounds) in the area. It is possible to argue that the
users of an urban restorative environment do not prefer complete isolation from the urban community and
modern lifestyle. Therefore, a careful balance between the modern lifestyle and restorative properties of a
given environment might be an important issue in the design process.
Furthermore, the sound sources related to Component 1 (alarming sounds) of the PCA, which are car horns,
car alarms, and ambulance, sounds should be limited (partially isolated) by careful regional planning. The
environmental sound designer should also consider controlling the sound sources related to Component 3
(mechanical sounds) of the PCA, which are motorcycle and car engine sounds), as well as the footsteps.
Lastly, it is highly advised to completely isolate car brakes and construction sounds, as these sounds were
located in the isolation zone of the graph.
Table 4 presents the sound sources categorized depending on the extracted components from the Principal
Component Analysis (PCA). It should be noted that all the natural sounds were located in the creation zone;
however, the motorized vehicle sounds were scattered between the three remaining zones: limitation zone,
isolation zone, and control zone. It was observed that the motorized vehicle sound sources located in the
limitation zone carry essential information, especially in case of significant danger. Therefore, these sounds
were not suitable for complete isolation. On the other hand, the motorized vehicle sounds located in the
control zone were contextually appropriate to the area under investigation. The users expect to hear car and
motorcycle engine sounds in the area. These sounds should be kept under control by legal legislation and
careful city planning; however, complete isolation of such sounds might significantly decrease the sense of
place.
Table 4 – The sound sources categorized depending on the extracted components from the Principal
Component Analysis (PCA).
Creation zone
Limitation zone
Control zone

Isolation zone

Component 2: Natural sounds
Component 4: Digital sounds
Component 1: Alarming sounds
Component 3: Mechanical sounds
Component 2: Natural and human
sounds
Component 1: Alarming sounds

Pool/fountain and birds
Cell-phone
Car horn, car alarm, and
ambulance
Motorcycle and car engine
Footsteps
Car brake and construction
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Figure 3 - The sound design guideline of the case study (Kuğulu Park, Ankara, Turkey).

4

Conclusions

In this study, we proposed an interdisciplinary sound source categorization framework for environmental
sound design. The proposed framework was then applied in a case study: Kuğulu Park, Ankara, Turkey. The
central aspect of the CLIC framework is its dependency on the environmental context. The sound
taxonomies found in the previous literature did not take the context into account; hence they did not guide
the sound designer throughout the design process. The initial results revealed that the preference of the users
based on the context of a given space and the intention of the sound events could guide the environmental
sound designers during the design process. In the scope of the ongoing research project, the suggested sound
source categorization framework will be tested in different urban and interior environments to collect
empirical data on contextual user preferences.
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Abstract
Cultural soundscaping is a research field that aims preservation and evaluation of the cultural heritage sites’
sound environments, as they are the intangible values that act as a crucial part of the place identity. Different
aspects of sounds’ interaction with humans and places have provided that value of soundscape has become
significant in heritage sites. The semantic values hidden in the intricate content of soundscapes within an
urban context and their cultural values are in the scope of this study. In this sense, a methodological
framework is introduced that is merged from the studies on cultural soundscape that are present in the
literature. Accordingly, a pilot study was conducted as a case study based on the presented framework. The
old city centre of Ankara, where new functions have been assigned with restoration projects in an adaptive
reuse approach, and its heritage value from the perspective of its lost and changed soundscape, especially
during and after the restoration were considered. Soundwalks and listening points on the pre-identified routes
and semantic sound analysis were conducted as a pilot study in order to evaluate the restoration process
during construction and after construction period of the sound environment at Ankara Citadel region. The
importance of observing, surveying, managing, and preserving the historic sound environment of such
historic heritage sites and its importance for the urban habitual life and society are discussed.
Keywords: cultural soundscapes, heritage sound preservation, adaptive reuse.

1

Introduction

Soundscape research field has aimed to enhance acoustic environments and user comfort through the
evaluation and considering the user perception and preference. Yet, cultural soundscape is a relatively new
topic that aims conservation and evaluation of the cultural heritage sites’ sound environments, which is
believed that sounds are the part of a place identity. Different aspects of sounds’ interaction on human and
places have provided that value of soundscape has become significant in heritage sites. These interactions
include “creating a sense of place, providing cultural and historical heritage values, interacting with
landscape perceptions, and connecting humans to the nature” [1]. Creating sense of place, through the
auditory experiences with the evoked memories [2], also promotes attachment to a place and interpretation of
a place identity.
This study aims to investigate the cultural heritage sites’ identification and to develop a preliminary
methodological framework for evaluation of cultural soundscapes, through the adoption and combination of
the methodological approaches in the literature, and assessment of the framework with a pilot study at
Ankara Citadel.
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2
2.1

Cultural Soundscapes
Soundscape as an Intangible Cultural Heritage

Several studies in literature [1-4] addresses the evaluation of acoustic environments in heritage sites as
“cultural soundscapes” within the concept of intangible cultural heritage. Cultural soundscapes are
dominated by the natural or human generated sound sources which have “cultural, historical and spiritual”
values, and usually the bond between people and cultural soundscapes are built with specific soundmarks [1,
3]. Thereby, identification of the soundmarks of a place is an effective way to preserve the cultural
soundscape as a heritage [1, 5]. Regarding that, Dumyahn and Pijanowski (2011) propose the principles of
the soundscape conservation as “set goals, identify targets, assess condition, identify, and manage threats,
and conduct monitoring of the soundscape”.
Gathering and classifying sound sources and types has an importance for soundscape conservation and it is
needed to be clarified more in detail. Schafer’s (1994) approach to sound types, categorizes sound sources as
keynote sounds, signals and soundmarks as features of soundscape. Keynote sounds are the sounds that are
not listened consciously and are deemed as background sounds. However, they have an importance since
keynote sounds give information about the character of a place. On the contrary, signals are identified as
foreground and dominant sounds which are listened consciously by people. Lastly, soundmarks are the
sounds, which are unique for a space and needed to be protected [5]. Correspondingly, soundmarks are
interpreted as they are the specific sounds that people expect to hear from a place. Yelmi’s study (2016),
which is adopted the cultural soundscape as an intangible cultural heritage, states that the sounds have a great
importance on people’s culture and the identity of a place or a city as an aural symbol. In one study, related
with the soundscape of İstanbul, keynote sounds were exemplified as traffic noise and seagulls which can be
heard anytime and anywhere. Signals were stated as ambulance sirens, the call to prayer and church bells,
and finally keynote sounds are exemplified for İstanbul as nostalgic tramway’s bells at Taksim and the
creaking of the horse-drawn carriages at Büyükada. Accordingly, it is remarked that soundmarks are the
aural indicators of the cultural identity of a place [2].
Besides the literature on soundscape heritage, descriptions of UNESCO and articles of ICOMOS charters or
doctrinal texts can be used as an evidence to support the expression of cultural soundscape as an intangible
cultural heritage. Convention for the Safeguarding of the Intangible Cultural Heritage of UNESCO [6]
reports identifies the “intangible cultural heritage” as “practices, representations, expressions, knowledge,
skills – as well as the instruments, objects, artefacts and cultural spaces associated therewith – that
communities, groups and, in some cases, individuals recognize as part of their cultural heritage”. Moreover,
intangible cultural heritage was presented as five domains, which are;
(a) oral traditions and expressions, including language as a vehicle of the intangible cultural heritage,
(b) performing arts,
(c) social practices, rituals and festive events,
(d) knowledge and practices concerning nature and the universe,
(e) traditional craftsmanship. [6]
Québec Declaration on the Preservation of The Spirit of Place [7] states that the spirit of a place is consist of
tangible and intangible elements and describes intangible elements as; memories, narratives, written
documents, festivals, commemorations, rituals, traditional knowledge, values, textures, colours, odours, etc.
Additionally, Québec Declaration expresses that these intangible elements contribute to form a place and
give it a spirit [7]. Sounds of a place are not indicated in the definition of intangible elements yet sounds can
be assumed as an intangible cultural heritage, just as the odours.
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Burra Charter [8] is the first declaration, which refers to sounds as an element that should be preserved
within a setting of a place. In the definition section of the declaration, “setting” (Article 1.12) is defined as;
“the immediate and extended environment of a place that is part of or contributes to its cultural significance
and distinctive character. Setting may include: structures, spaces, land, water and sky; the visual setting
including views to and from the place, and along a cultural route; and other sensory aspects of the setting
such as smells and sounds” [8]. Besides, in Article 8, it is stated that setting conservation “includes retention
of the visual and sensory setting, as well as the retention of spiritual and other cultural relationships that
contribute to the cultural significance of the place” [8]. Thereby, it can be interpreted as the sensory settings
also include auditory sense, and soundscape is a part of a cultural unity of a setting that should be protected
as a heritage.

Figure 1 – “A scheme of the methodological triangulation” [4]
Maffei et.al. proposed a methodological triangulation (Figure 1) in order to understand the cultural value of
soundscape of a place with the three components as physical, historical and social information [4]. This
methodological triangulation is an approach that expresses how to consider soundscape as a cultural heritage.
However, data collection and evaluation methods should be determined as well in order to evaluate cultural
soundscapes in a holistic approach.
2.2

Data Gathering and Evaluation Methods for Cultural Soundscapes

After the theoretical framework (physical, historical and social background/information) of a cultural
soundscape is studied, methods should be determined in order to collect data from the site/case to be
evaluated. ISO standard [9] on soundscape data collection methods propose a protocol including soundwalk
with filling standardized questionnaires/scales. Soundwalk is a method that is conducted through the
predefined soundwalk area and listening points, and at each point participants are expected to listen the
sound environment during a defined period (e.g., 3 min) and then to fill the questionnaires. Questionnaire
including sound source identification, perceived affective quality, assessment of surrounding sound
environment including appropriateness of sound environment with the surrounding [9]. Data gathering and
evaluation can be conducted in two ways as in-situ with soundwalk with the participants and in laboratory by
making participants to listen the recordings that were recorded on the site [10, 11]. For the previous sound
sources of a previous function or use of a site, past recordings from archives (from governmental records,
documentaries, previous studies etc.) might be reached to evaluate a site in a comparative attitude [12].
Additionally, since narrative interviews have been described as the method for gathering extensive
information about the site or soundscape in case that the researcher has limited knowledge on case/site [11],
narrative interviews are another data gathering method that would be useful for cultural soundscapes.
3
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Figure 2 – Methodological framework for cultural soundscape evaluation.
As for the evaluation of the sound sources, two approaches can be adopted; Brown’s model [9, 13] to
classify among natural and human generated sounds, and Schafer’s approach [5] to assign soundmarks that
are important for a cultural soundscape identity. At the end of the data collection process, it was predicted
that the obtained information and data could be evaluated with a holistic approach (see Figure 2), by
considering the sound marks, the function and value of the site, determination of what should be protected,
soundscape appropriateness to environment, and the perception of the users. As a preliminary study, a pilot
study was conducted on a site that has a historical and cultural value as a cultural heritage. Outer citadel area
of Ankara citadel was selected as a case, where the most of the historical buildings that had been used to use
as residential purposes were adapted reuse.

3

Ankara Citadel and Its History

Ankara city is in the middle of the Anatolian peninsula, which has an important position that provides
transportation by sea and land between the east-west and north-south states, and its position suitable for
defence in the centre and on trade routes, has undertaken important military, commercial and agricultural
functions throughout its history [14].
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Ankara Citadel had been hosted many civilizations as Eastern Roman, Byzantine, Seljuks, Ottoman Empires,
and finally Republic of Turkey. According to the excavations, the first findings addressed the Hittite era
(4000-1200 B.C.) for Ankara Citadel existence and settlement. In second and third century, citadel walls had
been reconstructed or repaired during the Roman dominance. Although there is no exact information, it is
thought that the existing Ankara Citadel was a result of the 7th century Byzantine military attitude, and
reconstructed or repaired between 334 B.C. and seventh century under the Byzantine rule [15].
The most important factor affecting the spatial structure of Ankara and the economy of the city in the Middle
Ages is that the city had existed as a 'border city' for about a thousand year, first for the Eastern Roman
Empire and then during the Seljuks period. During this period, the main function of the city at the regional
perspective was trade. The first functional differentiation affecting the spatial structure of the city in the
historical change is that the basic function of the city has ceased to be an easily defended and important
military point, and has become a 'commercial city' located on one of the main trade routes [16]. Ankara
Citadel has two parts as inner and outer citadel that can be seen in Figure 4.

D
I

Outer Citadel
Inner Citadel
Working Areas
Sub-areas

Figure 3 – Parts of the Ankara Citadel [15].
In sixteenth, seventeenth and eighteenth century, city had become centre of trade with forty-three trade
branches, and in nineteenth century trade branches increased to seventy-two. As a result with the improving
population citadel has become a residential area instead of defence centre [16]. In Figure 5, which
demonstrates the residential pattern of inner citadel in late nineteenth century, it is seen that almost all
buildings had been used as residential purpose.
The intense structuring of Ankara over time after becoming the capital city of the Republic of Turkey in the
beginning of the twentieth century; inner citadel and its surroundings have become a traditional but poor part
of general structure of the city. Since the Jansen plan, which was approved in 1932, it has only been the
subject of prohibitive conservation orders under the name of "Protocol Area". With this decision, the
proposal "Not to Intervene the Old City" was implemented in the form of "Not even Intervene the Old City
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for the Purposes of Restoring and Preserving" [15]. With the decision of the "Protocol Area", Ankara Castle
has undergone fundamental physical degradation, with its symbolic and cultural importance, being
topographically disconnected from the centre and remaining outside the main road network. However, the
population of inner citadel increased as its proximity to the centre created demand in the area; It is degraded
and degenerated due to uncontrolled usage transformations, illegal construction in gardens, widespread
neglect. It also faced problems such as homeowners leaving their homes, division of buildings, increased
tenancy rates and insufficient infrastructure [14]. Thereby, the residential function of the buildings in citadel
did not change until the end of the twentieth century (Figure 6).

Residences
Commercial
Storage
Religious
Empty
Commercial

Figure 4 – Residential pattern of inner citadel in the Figure 5 – Building functions in Inner and Outer
Citadel in the late 20th century [15].
late 19th century [16].
After 1972, it was discussed that a conservation planning and restoration works should be started.
Restorations were completed in 1992, and the buildings planned to be organized as restaurant, patisserie,
souvenir shop functioned as restaurant, bar, antique furniture shops. During the late restoration process in
2000s, a large part of the outer citadel was adapted to re-use, transformed into cafes, restaurants, and shops,
but the housing function majorly has continued in the inner citadel with the old residents. As for the current
use of the outer castle continues for touristic purposes. Therefore, outer citadel zone was selected a case for
this study since the majority of the buildings' main functions had been changed.

4
4.1

Soundscape Analysis in Ankara Citadel
Method of the Study

In this study, as a pilot examination, Ankara Citadel was visited in 2020 for preliminary assessment and
sound recordings to compare and evaluate with the previous data that was gathered during the restoration in
2015. Soundwalk method was conducted with a focus group that consists of four people, who are studying
on soundscape. Six listening points were determined on the area of outer citadel, which begins from the
citadel gate and ends at the bastion (Figure 7).
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Figure 6 – Soundwalk path and listening/recording points (satellite image was taken from google maps).
At each point, participants stopped and listened to the environment approximately 3 minutes by looking at
the same direction, and they were asked to fill-in the questionnaire at each point, which was published in
ISO/TS 12913‑2:2018 [9]. Simultaneously, sound environment was recorded with Zoom H6 Handy Recorder
at each point on the soundwalk path during the 3 minutes for future listening tests. Photographs at each
listening point were also taken (Figure 8-13), and coded as P1 for listening point 1, P2 for listening point 2.

Figure 7 – P1, Citadel Gate

Figure 8 – P2, First Square

Figure 9 – P3, Passageway

Figure 10 – P4, Second Square

Figure 11 – P5, Archway

Figure 12 – P6, End of Bastion
7
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In this study, only in-situ soundwalk has been used. In the future studies, other data gathering methods are
planned to be used, which are collecting data from archives/records, interviews with local experts, laboratory
experiments (Figure 2). The gathered data from the soundwalks have been analysed for sound source
classification in accordance with the classification models that were presented in the literature. Furthermore,
as proposed in the model, the case for this pilot study has been discussed under five aspects as, (1)
soundmark, (2) function, (3) what to conserve, (4) appropriateness of soundscape to environment, (5)
perception of users (according to perceived affective quality scale).
4.2

Results and Discussion

As a result of this pilot study, during and after restoration sound sources were identified by the focus group
with the ‘sound source recognition’ and ‘sound source dominance’ scales of the questionnaire published in
ISO 12912-2. Other scales of the questionnaire, which are ‘perceived affective quality’ and ‘appropriateness’
were not evaluated, since this study was a pilot study with limited number of participants. Analysis of sound
sources were assessed into two stages. As the first stage, sound sources collected from six listening points in
2015 and 2020 with ‘sound source recognition’ scale of ISO 12913-2 questionnaire and categorized based on
the Brown et. al.’s model [13], as highlighted in ISO 12913-2 [9]. Categorized sound sources collected in
2015 are presented in Table 1, and in Table 2 sounds are presented that were collected in 2020.
Table 1 – Sound sources during restoration in 2015.
Sounds not generated by
human activity
Natural Sounds
▪
Wind on the
leaves/structures/buildings
▪
Birds singing
▪
Street dogs and cats

Sounds generated by human activity/facility
Mechanical sounds
▪
Construction sound
coming from on-site
restoration work
▪
HVAC systems on the
restored buildings
▪
Distant traffic
(ambulance, horns)

Human sounds (Voice)
▪
Talking
▪
Laughter
▪
Walking (on unpaved and
gravel road)

Sounds from Domestic life
▪
Baby’s cry
▪
Hoover
▪
Cutlery

Table 2 – Sound sources after restoration in 2020.
Sounds not generated by
human activity
Natural Sounds

Sounds generated by human activity/facility

▪
▪
▪
▪

▪
▪
▪
▪
▪
▪
▪
▪
▪

Water feature
Birds singing
Flap of birds
Dog

Mechanical sounds

Human sounds (Voice and
Instrument)
▪
Goblet drum (Darbuka)
▪
Singing children
▪
Sounds of children
▪
Whistle
▪
Footstep
▪
Talking
▪
Stroller
▪
Sounds of prayer calls
▪
Child/baby crying
▪
Peddler/Hawker shout
▪
Clapping

Construction
Siren
Car sound
Horn
Announcement
Siren
Car engine
Cell phone
Distant traffic

Sounds from Recreational
activities
▪
Music from stores
▪
Pulling furniture
▪
Cutlery
▪
Load of goods
▪
Shopping bag
▪
Hand cart

The categorization of the sound sources has an importance on soundscape evaluation for the second stage of
this study, which is the ‘sound source dominance’ assessment, since the dominance scale published in ISO
12913-2 is rated based on the categories; traffic noise, other noise (construction, sirens, industry, loading
goods), sounds from human beings, and natural sounds. In Table 3, sound sources are listed by sorting
descending dominance level in six listening points. Since the buildings in outer citadel has been restored and
gained a new function, the area lost its original function, where it had been used as a residential area for
hundreds of years. Therefore, the original soundscape has been changed as well. The contradiction revealed
for the sites, where have been restored, is to decide what to be conserved, or what sources are worth to
8
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protect regarding cultural soundscapes, since it is not much possible to conserve original soundscape of outer
citadel. It can be interpreted that with a new function of the outer citadel, the area is used more for touristic
purposes, so the current sound sources are more appropriate to this adapted function but not incompatible
with the historical environment. Therefore, re-functionalized historical sites with adaptive reuse approach
arise new discussion points on cultural soundscape preservation and what sound sources to restore.
Table 3 – Sound source dominance at listening points.
Listening
Points
Sound
Sources in
2015 (during
restoration)
Sound
Sources in
2020 (after
restoration)

P1:
Citadel Gate

P2:
First Square

1. Construction
sound coming from
on-site restoration
work
2. Cars passing by

1. Construction
sound coming
from on-site
restoration
work

1. Goblet drum
(Darbuka)
2. Singing children
3. Sounds of
children
4. Whistle
5. Cars passing by
6. Footstep
7. Horn
8. Shopping bag
9. Talking
10. Announcement

1. Water
feature
2. Talking
3. Music from
stores
4. Sounds of
children
5. Stroller
6. Pulling
furniture
7. Cutlery

P3:
Passageway
1.Distant
construction
sound
2. Baby’s cry
3. Hoover
4. Cutlery
1. Talking
2. Stroller
3. Music from
stores
4. Sounds of
prayer calls
5. Birds singing
6. Construction
sound
7. Load of
goods
8. Child/baby
cry
9. Flap of birds
10. Siren

P4:
Second Square
1. Construction
sound coming
from on-site
restoration work
2. Birds singing
1. Goblet drum
(Darbuka)
2. Singing
children
3. Music from
stores
4. Talking
5. Footsteps
6. Peddler /
Hawker shout
7. Flap of birds
8. Car engine
9. Load of goods
10. Hand cart
11. Shopping bag

P5:
Archway
1. Distant
construction
sound
2. Walking (on
unpaved and
gravel road)
1. Goblet drum
(Darbuka)
2. Singing
children
3. Talking
4. Distant traffic
5. Horn
6. Walking (on
unpaved and
gravel road)
7. Children/baby
cry
8. Stroller
9. Construction
sound
10. Cell phone
ringing

P6:
End of Bastion
1. Wind on the
leaves/structures/
buildings
2. Birds singing
3. Distant traffic
1. Goblet drum
(Darbuka)
2. Singing
3. Peddler /
Hawker shout
4. Talking
5. Laughing
6. Children
7. Clapping
8. Cutlery
9. Footsteps
10. Dogs barking
11. Distant traffic

When the sound sources of 2020 are compared with the data gathered during the restoration, it is seen that
the human and domestic sounds have increased after the restoration was finalised, while construction and
mechanical sounds decreased. The identified similar sounds are shown in italic in Table 3. In 2015, during
restorations, construction sound coming from on-site restoration work dominated P1-P5 that are located in
the outer citadel area. Human sounds did not dominate the soundscape, because the site was not fully used by
visitors or tourists due to ongoing restoration work. P6, which acts as a border between inner and outer
citadel is dominated with wind on the leaves/structures/buildings, birds singing and distant traffic.
After restoration, soundwalk results have shown that, at all listening points, goblet drum and singing sounds
were rather dominant, but this finding does not lead to the conclusion of determining the goblet drum sound
as a heritage soundmark for this historical area. This dominant goblet drum sound is not a preserved or
heritage sound but rather appears as an attraction to appeal tourists to the site and is a relatively new sound
for this environment. Therefore, it can be argued that the goblet drum sound does not fully match with the
function and the historical context of the environment, yet it is not an unpleasant or unwanted sound either.
This can be seen as a good example for the change in the soundscape context for the re-functionalized
historical sites with adaptive reuse approach. Furthermore, the human sounds which are talking, footsteps,
child/baby shout or cry, peddler/hawker shout, which might be interpreted as the sounds of the new function
of the outer citadel. However, for more reliable results, future studies are planned with larger sample sizes
with the evaluation of perceptual evaluations of the users on site.

5

Conclusions

In this study, a methodological framework on data collection methods for the evaluation of cultural
soundscapes has been proposed and a preliminary pilot study in Ankara Citadel case was conducted for the
future studies to test the proposed methodological framework focusing on data gathering. As for the pilot
9
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study, sound sources were identified, and dominance levels are assessed through conducting a soundwalk at
the pre-identified listening points by using the scales published in ISO/TS 12913-2:2018. In this first phase
of the study, sound sources are identified and listed according to their dominance in two different times, at
2015, during restoration and at 2020, after restoration. It was found that during restoration, the most
dominant sound had been construction sound in all the listening points that had potentially affected the
inhabitants and visitors in a negative way, as the construction sound due to restoration is not a part of that
environment. The sound source identification and dominance scales are related to each other and needed to
be evaluated as a whole, but they focus on different aspects. Therefore, the identified sound sources were
categorized based on the dominance scale in order to evaluate the dominance ratings of the sound sources.
Dominance levels of the sound sources are significant as they are important for determination of the
soundmarks. However, identifying soundmarks of the case still needs further studies and comprehensive
surveys and assessments as presented in the proposed model. For cultural soundscapes it is even more
complicated because many of the re-functionalized historical sites with adaptive reuse have altered sound
environments. Therefore, as future studies of this initial pilot study, other data gathering methods are planned
to be used and listening tests that were recorded during the pilot study will be conducted with larger samples.
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Abstract
Persistent exposure to city noise has a great impact on the population’s well-being. Due to their
intrinsic characteristics, different noise sources have different effects on citizens’ health.
Automatically detecting and classifying acoustic events in urban environments would allow public
administrations to monitor the city soundscape and, thus, to identify harmful noise sources and
quantify their impact on people. One of the main challenges when classifying acoustic data in realoperation environments, such as urban scenarios, is the presence of simultaneous noise sources. The
purpose of this paper is to propose a system able to detect and classify, in real-time, a predefined set
of urban acoustic events that may occur simultaneously. More specifically, the proposed approach
features a multi-label deep-learning-based algorithm that runs over a low-cost wireless acoustic
sensing node. The system has been tested using real-world recorded data to evaluate its feasibility
and accuracy.
Keywords: multilabel classification, real-world data, acoustic event detection.

1

Introduction

It is estimated than 20% of European Union (EU) population might be exposed to levels of noise
pollution that are above the limits of current regulations. Indeed, citizen concerns regarding
environmental health and noise pollution have been consistently rising in the recent years. Acoustic
noise (or pollution) can be defined as any sound that is loud or unpleasant enough that causes some
kind of disturbance [1]. Such disturbance may range from difficulties in understanding a voice
message to some serious adverse health effects such as heart diseases or psychological disorders
derived from lack of rest or sleep [2]. Nonetheless, it is well-known that not all sound sources have
the same impact on human disturbance as the sound level is not the only parameter that indicates
the extent and intensity of noise pollution [3]. Therefore, identifying the sources of those potentially
harmful sounds has emerged as a hot research topic nowadays.
So far, several efforts have been made by public and private entities on identifying acoustically
polluted environments in urban areas [4]. Typically, this is done by either analysing the distribution
of noise-related complains in a certain area, or by deploying a wireless acoustic sensor network
(WASN) to automatically monitor the environment [4]. Both approaches entail the same underlying
challenge: identifying the acoustic sources—considering that several events coming from different
sources may occur concurrently—that populate a given soundscape. In this regard, this paper
1
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proposes an automatic classification system based on a deep neural network that is targeted to
analyse acoustic frames in real-time and distinguish the events that appear in them—not only on the
foreground soundscape but also on the background. Hence, the proposed system has been trained to
identify different events that may occur concurrently(referred to as a “multi-label” classifier
system). The deep network architecture has been selected so it can meet the computing constraints
typically found in the potential application domain of this system (i.e., low-cost WASN [5]). In
order to assess the classification performance, real-world data has been collected and annotated.
The remainder of this paper is organized as follows. Section 2 reviews the related work on
identification of acoustic events in urban environments. Section 3 describes the real-world data
collection and labelling processes that have led to the training and test sets used to assess the
classification performance. Section 4 details the proposed multi-label classifier system and its
evaluation. Finally, Section 5 concludes the paper.

2

Related work

There is an increasing demand of an automatic monitoring of noise levels in urban areas, especially
if this monitoring can give information about the noise source of the measured levels. In this sense,
several WASN-based projects are being developed in several parts of the world, mainly adapted to
their requirements. There are some projects that do not only concentrate in noise monitoring, but
also in air pollution. The IDEA project (Intelligent Distributed Environmental Assessment) [6]
analyses and describes both pollutants in several urban areas of Belgium. It integrates a sensor
network based on a cloud platform, and it measures noise and air quality [7]. The MESSAGE
project, which stands for Mobile Environmental Sensing System Across Grid Environments, [8] not
only monitors noise, carbon monoxide, nitrogen dioxide, temperature, and they go further for
gathering also real-time humidity and traffic occupancy in the United Kingdom. Also, the MONZA
project [9] follow both the idea of monitoring urban noise real-time together with other air
pollutants in the Italian city of Monza.
One of the projects that face our challenge in a closer way is Sounds of New York City Project
(SONYC), which monitors the city using a low-cost static acoustic sensor network [10]. The goal of
this project is to describe the acoustic environment, identifying noise sources, while monitoring
noise pollution real-time in a more standard method. It collects longitudinal urban acoustic data, in
order to process the audios and have generous sampling to work with acoustic event detection [4].
Another project with a similar conceptual principle is the DYNAMAP project [11], with two pilot
WASN deployed in Rome and Milan, in suburban and urban areas respectively. The noise sensors
aim to remove any specific audio event but road traffic noise, by means of the Anomalous Noise
Event Detector (ANED) [12] to compute an only-road traffic noise map.
Deep learning has been applied to urban audio datasets, with encouraging performance [5, 13].
However, many research studies are limited to datasets which are unrealistic because they are
curated from audio libraries rather than urban monitoring, or are single-label annotated, neglecting
the simultaneous occurrence of sounds [14]. Recent work suggests that multi-label data can improve
performance [15].
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3
3.1

Real-world dataset
Recording campaign

To assess the feasibility of a multilabel classifier, the first step is to gather multilabel data. For this
purpose, two recording campaigns took place in a metropolitan area (centre of Barcelona, Spain).
To have a wider variety of data, each recording campaign took place on a different season of the
year. Whereas the first recording campaign was conducted during Autumn 2020 (17 November
2020), the second one took place during Spring 2021 (31 May 2021). It must be considered that
during the first recording campaign there were mobility restrictions due to COVID-19 pandemic
(mobility was allowed only inside municipalities and only essential workers were allowed to work
in-situ), whereas during the second campaign the restrictions were softened (no mobility restrictions
at all and some people working properly at their workplace).
To have even more diversity in data, the hours in which the recording campaigns took place were
different: whereas the Autumn campaign was recorded from 12:00 to 14:30, the Spring campaign
was recorded from 15:30 to 18:00.
The scenario in which we decided to record the acoustic samples was a specific crossroad of the
Barcelona city centre: the crossroad between Villarroel Street and Diputació Street (plus code
95M5+H9). This crossroad is located on the Eixample area of Barcelona, which is the expansion
district of the city. The location was chosen to be able to validate the architecture proposed in [5] in
a future work. From now on, these recordings will be referred to as Eixample Dataset.

Figure 1. Recording campaign and Zoom recorder.
Each recording campaign resulted in about 2 hours and 30 minutes of acoustic data. However, due
to problems with the batteries of the recorders, the recordings taken on the Spring campaign were
fragmented into two audio files (one lasting about 1 hour and the other one lasting about 1 hour and
a half).
3
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Four Zoom H5 recorders (see Figure 1) were used to record data: one placed on the middle of each
corner of the street intersection. Again, the reason behind this decision is to have simultaneous
audio recordings to validate in future work if physical redundancy helps increasing the
classification results of the end-to-end system proposed in [5]. Nevertheless, in the machine
learning study presented in this work, used data comes from the recording of only one sensor, which
aims to give a clear evaluation of performance at the single-device level.
3.2

Data labelling

After the recording campaigns, we manually labelled the data corresponding to one specific corner,
in order to maintain the location and recording conditions. This way, data from about 5 hours of
recordings (2 hours and a half of each recording campaign) was used for the experimental
evaluation. As the idea was to use a classification algorithm like the deep neural network proposed
in [5], we decided to directly label the audio files in blocks of 4-seconds as this is the window size
selected in [5] as well. Hence, the audio files were split in fragments of that length. As a result, the
labels file for the dataset contained the starting and ending time of the 4-seconds window and the
multilabels assigned to that fragment.
The manual labelling task led the team to this taxonomy, with the following number of classes:

Label
rtn
peop
brak
bird
motorc
eng
cdoor
impls
cmplx
troll
wind
horn
sire
musi
bike
hdoor
bell
glass
beep
dog
drill

Table 1 – Number of events labelled on the dataset.
Number of occurrences
Description
1st
2nd
Total
Campaign Campaign
Background traffic noise
2177
2118
4295
Noise produced by people
300
612
912
Car brakes
489
424
913
Bird vocalizations
357
960
1317
Motorcycles
769
565
1334
Engine idling
203
913
1116
Car door
133
161
294
Undefined impulsional noises
445
170
615
Complex noises that the labeller could not identify
85
73
158
Trolley
162
152
314
Wind
8
23
31
Car or motorbike horn
43
33
76
Sirens from ambulances, the police, etc.
18
57
75
Music
8
30
38
Non-motorized bikes
51
24
75
House door
25
60
85
Bells from a church
24
27
51
People throwing glass on the recycling bin
17
32
49
Beeps from trucks during reversing
31
0
31
Dogs barking
3
25
28
Drilling
0
14
14

4

1074

4
4.1

Multilabel classification
Feature extraction

As features, and to maintain compatibility with [5], a spectrogram was obtained from each 4second window of the dataset. Audio files were originally recorded at a sampling rate of 44,100 Hz.
First, we considered down-sampling the audio files to 22,050 Hz, but after analyzing the labelled
events we realized that the brak label had all its frequential information at the band of ~17,000 Hz.
Considering the Nyquist theorem, if the brak event is aimed to be detected, a sampling rate of
22,050 Hz is not high enough. Hence, we finally decided to keep the original 44,100 Hz frequency
even if it required more computational resources.
Each spectrogram was calculated generated with an FFT (Fast Fourier Transform) window of 1,024
points and using the librosa python library [16]. Next, each spectrogram was individually
normalized to have a minimum value of 0 and a maximum value of 1, for compatibility with the
input format of the neural network.

4.2

Train/Validation/Test split

The audio files obtained on the recording campaign had to be divided into Train/Validation/Test
subsets. As soundscapes have temporal continuity, and so to evaluate the machine learning
algorithm correctly, it is important to make sure these three data subsets are taken from different
times of day. Therefore, we tried to avoid or mitigate the fact that different audio samples with
similar background noise were placed, for example, on both the Training and Testing set.
Concretely, the division was done as shown in Figure 2: with divisions into contiguous regions of
5—71 minutes length.

Autumn recording (150 minutes):
6

5

30

6

5

30

6

5

30

6

5

30

minutes
Spring recording (147 minutes):
6

5

32

6

5

6

5

71

6

5

minutes
Test

Validation

Train

Figure 2 – Train/Validation/Test split of the dataset.
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Table 2 – Number of events on the Training/Validation/Testing set.
Label
rtn
peop
brak
bird
motorc
eng
cdoor
impls
cmplx
troll
wind
horn
sire
musi
bike
hdoor
bell
glass
beep
dog
drill

Train
3029
954
627
913
954
864
190
457
128
229
19
49
69
34
55
65
34
40
9
23
14

Dataset
Validation
583
100
137
196
183
73
51
67
16
53
4
17
0
0
8
12
4
6
13
4
0

Test
683
181
149
208
197
179
53
91
14
32
8
10
6
4
12
8
13
3
9
1
0

This division left the dataset with 209 minutes for Training, 40 minutes for Validating and 48
minutes for Testing. Note that the division of the two datasets was not exactly even due to the
distribution of the events. We tried to maximize the variety of the events on each of the datasets
while keeping their temporal evolution.
As it can be appreciated in Table 2, the three datasets are highly unbalanced. Note that due to the
lack of drilling events during the recording campaigns (only 14 consecutive events) we were unable
to test that category. We discarded the option of splitting the 14 events in the Train and Test sets as
they belonged to the same drilling machine used in the same location. Also, we decided to remove
the cmplx sounds from the dataset. As when labelling those sounds, we could not identify their
specific source, so the conclusion is that they may confuse the system.
4.3

Data augmentation

To mitigate the potential effects of class imbalance while training, we decided to add more training
data and to apply data augmentation techniques to obtain more samples on the poorer classes.
Additional data was obtained from the BCNDataset [17], that is a dataset containing real-word
urban and leisure events recorded at night in Barcelona. As BCNDataset was labelled differently
than the Eixample Dataset, their labels were standardized.
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Table 3 – Macro and micro average F-1 scores for the experimental evaluation.
Dataset used
Experiment 0
Experiment 1
Experiment 2
Experiment 3

F1- Macro average
12%
39%
36%
33%

F1- Micro average
46%
70%
75%
67%

More concretely, on the BCNDataset the labels are provided as [start_second end_second
label] per each of the acoustic events. To make it compatible with the work presented in this
paper, the labels were fragmented and grouped in windows of 4-seconds. This way, we were able to
obtain one-hot encoded multilabel labels.
The concrete data augmentation technique used in this work consisted on audio mixing, sometimes
known as mixup [18]. That is, two spectrograms (one belonging to the Eixample Dataset and the
other belonging to BCNDataset) were added and then divided by two to maintain 0-to-1
normalization values. As the newly generated sample would contain information of all the events
tagged in both spectrograms, the labels file was generated by aggregating the one-hot-encoding
values as well. This process was carried out using pseudo-random spectrogram selection until all
the classes had about 500 samples on the Training set.
4.4

Multilabel classification

The classification of the events was carried out using a deep neural network with a MobileNet v2
architecture [19] with a size of 8.8MB—which should fit on a low-cost computing node for a
WASN. The last layer of the classifier was replaced by a fully connected layer with one neuron per
class and a Sigmoid activation function on each of them. As a result, for each input data, the output
neurons showed the probability of that class being present on the input spectrogram. Once the
probabilities were obtained, custom thresholds for each class were applied to determine if the event
was actually present on the 4-seconds fragment. The thresholds were obtained by maximizing the
F1-measure of each class on the validation set. As hyperparameters, an ADAM optimizer was used
with a learning rate of 1e-4 and a weight decay regularization of 1e-5.
We evaluated the effect of training data on performance. Concretely, four experiments were
conducted, differing only in the training datasets used:
•
•
•

Experiment 0: We used the Training set of the Eixample Dataset and the entire
BCNDataset, without using data augmentation techniques.
Experiment 1: We used the Training set of the Eixample Dataset and the entire
BCNDataset using data augmentation techniques to have around 500 samples for each class.
Experiment 2: We used the same data as in Experiment 1 and we added also data from the
UrbanSound 8K dataset [14]. The sampling frequency of most of the audio files of the
UrbanSound dataset is lower than the one used on the recording campaign (i.e., 44100 Hz).
In order to avoid having half of the spectrogram empty for the UrbanSound samples, each
audio file was combined with an audio file from Experiment 1 using mix-up aggregation
(that is, two spectrograms are aggregated, each of them having a different weight on the
7
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•

final image). Concretely, the audio files from the UrbanSound 8K dataset have only between
a random 10% to 30% on the final weight of the spectrogram.
Experiment 3: We used the same data as in Experiment 2, but we combined the audio files
from the UrbanSound 8K dataset 10 times to increase the size of the Training data.

The metrics that we used to compare the results are the macro and micro average F1-scores [20].
Whereas the first metric gives an overall classification result without taking into account the
number of samples of each class (i.e., all the classes have the same importance), the second one
considers the number of samples of each class of the dataset (i.e., those classes that have a greater
number of samples on the Test set have more importance). We present both results as, on the one
hand, the macro average could be biased because of the limitations of the Test set in some classes
(e.g., there is only one dog event, which means that the F1-measure for that class will be binary);
and, on the other hand, the micro average could be biased as well as the rtn class is present in
almost all the audio samples. Hence, whereas the first metric is mostly affected by the performance
of the smaller classes of the dataset, the second one is mostly affected by the performance of the
larger classes of the dataset. Table 3 shows the classification results for each of the experiments.
Table 4 – Evaluation metrics of the system.
Label
rtn
peop
brak
bird
motorc
eng
cdoor
impls
troll
wind
horn
sire
musi
bike
hdoor
bell
glass
beep
dog

True Negative
0
445
485
473
397
492
655
527
651
693
703
697
698
665
667
707
696
708
718

False Positive
37
94
86
39
126
49
12
102
37
19
7
17
18
43
45
0
21
3
1

False Negative
10
65
78
47
67
44
40
35
17
0
5
5
4
11
4
3
1
9
1

True Positive
673
116
71
161
130
135
13
56
15
8
5
1
0
1
4
10
2
0
0

F1-score
0,97
0,59
0,46
0,79
0,57
0,74
0,33
0,45
0,36
0,46
0,45
0,08
0
0,04
0,14
0,87
0,15
0
0

We think that the data used on Experiment 1 offers the fairest trade-off between the performance of
the system on large and small classes. Table 4 shows the individual classification metrics per each
class of the dataset based on the results obtained in Experiment 1. As it can be seen, the system has
a good performance when classifying events with more than 100 instances on the Validation and
Test set (values highlighted in Table 4). However, it behaves poorly when classifying those classes
with few instances except for the bell event. This may be due to the fact that in the recording
8
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location, the saliency of the recorded bells was higher than the background noise, so all the recorded
bells are foreground events. On the contrary, events such as sirens or music were occasionally
mixed with background noise depending on the distance between the noise source, the sensor and
the simultaneous acoustic events happening at the same time.

5

Conclusion

In this work, progress has been made in the training, testing and validation of deep neural networks
algorithms with a very relevant focus on the use of real-world data. The data gathering process has
been detailed and the strategies to enrich these data (i.e., data augmentation) to balance the corpus
and, thus, improve the performance of the classifier have been shown. Upon the conducted
experiments, we foresee that adding a memory layer to the system may increase the classifier
performance. That is, we believe that knowing the probability of certain events in certain cases may
help. This hypothesis will be further evaluated in future works.
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Abstract
The technological advent of low cost microphones and innovative airborne data transfer protocols
allows the deployment of a new type of gathering of information from the acoustic urban
environment. The CENSE network is a prototype network that is based on a hydrid data network
with airborne transmission from autonomous sensor nodes to gateway nodes that are connected to
the processing and storage servers using powerline network technology. This network, currently
deployed in the downtown area of the city of Lorient, is designed to provide information about the
acoustic environment at a high spatial and temporal resolution and a high level of privacy. In this
paper, we propose to describe the whole infrastructure, the design of the sensors, the signal
processing applied to the measurements, the data collection and some visualization tools. The
feedback from this project allows us to consider the evolution of the network for operational use.

1 Introduction
The acoustic environment of urban areas has to be monitored in order to control the quality of life of urban
citizens. While noise maps issued from modeling and questionnaires are reliable techniques for such a
purpose they lack spatial and temporal resolution and are labor intensive. The technological advent of low
cost microphones and innovative airborne data transfer protocols allows the deployment of a new type of
gathering of information from the acoustic urban environment. The CENSE network is a prototype network
that is designed to study the feasibility of numerous technical challenges that are to be addressed to reach the
full potential of such approaches.
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Fig. 1: Left, the CENSE network is composed of gateway nodes in red and autonomous leaf nodes in blue.
The city lighting infrastructure is used to power the gateway nodes and to ensure an internet connection by
using the Citybox technology. Right, display of the deployment in the City of Lorient, with the gateway
nodes in green/red localization icon, depending if they are working/connecting or not. Each line of the
lighting infrastructure is supervised by a controller (shown as a “power” icon).
Before presenting those challenges, we now list the benefits of such an approach. First, noise maps are
produced using sound propagation models whose precision would be greatly enhanced by considering
actual measurements. Second, assessing the quality of the acoustic environment requires the modeling of
high level perceptual attributes for which the time of presence of sound sources such as traffic, voice and
birds are of great importance. For all those matters, the availability of continuous monitoring through a high
density network is a promising approach.
With this new kind of technology, some challenges have to be addressed. First, the hardware infrastructure
needs to provide good quality acoustic measurements, with a sufficient quality of service and shall be easily
maintained. Second, the data produced by the network needs to be translated into physical and perceptual
measures that are mandatory to serve its purpose. Continuously monitoring the acoustic environment of an
urban area thus requires a hardware infrastructure where each component is of critical importance. The
CENSE project studies various aspects of the design of this infrastructure. In this paper, we present the
typology of the CENSE network, the sensor design, and the network infrastructure in Section 2. Sensitivity
and robustness of sensors are respectively discussed in Section 3 and 4. The data archival system and some
visualization tools are then respectively presented in Section 5 and 6.

2 Network
Monitoring the urban acoustic environment requires hardware devices that are able to capture the acoustic
pressure level. For that, the CENSE network considers a hybrid communication scheme where each node of
the network is a sensor with acoustic monitoring capability. Those nodes can be leaf nodes. In this case the
sensor is energetically autonomous and sends wirelessly the data to the other types of nodes, the gateway
nodes. A gateway node is wired both in terms of power and network connectivity. All nodes have the same
microphone that should be carefully chosen.
The degree of precision of the measure can vary greatly from device to device, from class A sonometers to
low cost devices built on MEMS microphones. As discussed in [Picaut 2020], this degree of precision is
balanced with the cost of the sensors. While high precision sonometers are of great interest for metrologic
use, we believe that low cost sensors based on the MEMS technology has the potential of allowing the use of
large scale and dense network of sensors at a reasonable price. The MEMS technology is known to be better
than the electret one at the same price range.
Following the constraints of the project, the specifications of the microphone have been defined and more
than 20 MEMS microphones have been considered [Ardouin 2018]. The Invensense ICS-43432 MEMS
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microphone is selected because of its good overall performance and the fact that it offers an I2S fully digital
interface, thus reducing the risk of any electrical noise addition to the audio data.

Fig. 2: The leaf (left) and gateway (right) sensors.
The leaf nodes (Figure 2 left) harvest energy through a solar panel and draw energy from a battery when the
solar panel is able to fulfill the needs. The processing hardware and software shall thus be carefully designed
in order to reduce consumption. The STM32L4 is chosen for computing the data described in Section 4 and
to format this data into a 6LoWPAN radio frame sent to the gateway node.
The gateway node (Figure 2 right) being wired, and having to perform various tasks compared to leaf nodes,
it embeds a more powerful processing unit, the Raspberry PI 3. The gateway nodes receives data from up to
2 leaf nodes, performs the computation of the data from its own microphone and outputs all this data to the
archiving servers, as described in Section 5.

Deployment
The installation of the sensors was planned in two phases on an experimental site in the heart of the city of
Lorient in France. The first phase consisted of the installation of 78 gateway nodes, then in a second phase,
the installation of 65 Nodes.
The deployment of gateway nodes is based on the installation of the sensors on the street lighting network;
the sensor is then powered directly by the lighting mast, and an additional device on the mast (Citybox
technology from Bouygues Energies & Services) allows the entire street lighting network to be transformed
into a PLC-type system for transporting the data. In practice, each lamp post in the same lighting line must
be equipped with a Citybox, even if there is no sensor on the mast concerned. An additional system
(controller) allows controlling all the Citybox of the same lighting line. Finally, a 4G router is installed on
each controller in order to transfer the sensor data to the CENSE servers. Once connected to the internet,
several different supervision software can check the functioning of each equipment (routers, controllers,
Cityboxes and sensors).
The installation of the gateway nodes was finalized in 2020. At this stage the network counted 73 sensors on
10 public lighting lines. Each gateway node was calibrated by a 94dB@1kHz acoustic calibrator before
installation. The installation of the leaf sensor is still pending. The leaf nodes should be installed either on
street lights (but without power and internet connection) or in front of buildings. These nodes will
judiciously complete the acoustic measurements in areas where a power supply and an internet connection
are not possible.

Maintenance
The maintenance of the network is a crucial element of the project. The entire network was developed
specifically by the project partners, from scratch, be it for the design of the sensors, the installation of the
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network, and the implementation of an IT infrastructure for data management. One one hand, it allowed
rapid intervention, one the other hand, numerous skills from very different technical areas were required to
cope with unforeseen issues. Among the difficulties encountered were: the failure of some sensors after
installation (a few units); the multiplicity of risks of measurement stoppage due to malfunctioning of either
the sensors themselves, or the Cityboxes, or the controller, or the router; the maintenance of the servers; the
maintenance of the technical equipment on site and the responsiveness of the interventions... In spite of these
difficulties inherent to the initial choices for the development of the network, the whole network was
successfully implemented during the first months of the study, allowing the acquisition of a large amount of
data and the experimentation of different sound analysis.

3 Acoustic sensitivity analysis
In order to study the acoustic behavior of the developed sensors, several tests are performed to evaluate the
linearity, directivity, sensitivity and background noise characteristics. Those tests are done in an acoustic test
room, see Figure 3. As the metrological characteristics are relatively similar between the gateway node and
the leaf nodes, the tests are performed only on the gateway node. Those tests are based on the comparison of
acoustic data measured by the gateway node with a reference microphone, using controlled reference signals.
Since the CENSE sensor is configured to produce sound spectra, the tests are limited to values measured in
one-third octave bands over a frequency range from 20 Hz to 12500 Hz.

Fig. 3: Acoustics testing for the CENSE sensor. Illustration for the evaluation of the background noise (left),
the linearity in amplitude (center) and the directivity (right)
Concerning the background noise of the sensor, a series of 8 measurements of 10 seconds duration are
averaged to produce an average noise level of the background noise per third octave band between 20 Hz and
12 500 Hz. The results obtained show very clearly that the CENSE sensor has a threshold of about 22 dB,
over all the frequency bands concerned, compared with 7-8 dB for the reference microphone. Compared to
the sound level measured by the reference microphone, the difference is between 10 and 21 dB, which is
relatively important. In the 20 Hz and 12.5 kHz range, the sensor gives on average a background noise level
of 35.5 dBA against 22.1 dBA for the reference microphone. This result is expected since it is difficult to
foresee an equivalent level of performance between these two sensors whose metrological classes are very
different. Nevertheless, the noise level measured from 50 Hz onwards (33.9 dB, 33.1 dBA) remains overall
below the noise level that can be expected in an outdoor environment.
The frequency sensitivity analysis is now performed using a multi-frequency calibrator, producing calibrated
signals of 94-104-114 dB for the octave bands from 31.5 Hz to 16 kHz. In parallel, the same measurements
are made using the reference microphone. Both transducers are first calibrated at the 1000 Hz frequency, and
the sound levels are then measured for the other frequency bands, in order to evaluate the deviation from the
expected sound level. The overall performance is very good for the octave bands from 250 Hz to 4000 Hz,
with a difference of less than 0.5 dB. For the 125 Hz, 8k Hz and 12.5k Hz octave bands, the differences are a
little larger, from 1 to 2 dB. For the 2 lowest octave bands (31.5 Hz and 63 Hz), the differences are much
more important (from 4 to 10 dB approximately). The observed differences are most probably due to the
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frequency response of the MEMS sensor, whose frequency response curves show very clearly a strong
attenuation below 100 Hz and a progressive increase in response from about 6 kHz. It should be noted that
the differences observed for each frequency band do not seem to depend on the sound level, which gives
information on the linearity of the sensor for high levels. In addition, the analysis of the linearity in level is
carried out by using a pink noise, transmitted by a loudspeaker placed at 50 cm from the sensor and the
reference microphone, and whose amplitude is modulated. A linear interpolation is then used to evaluate the
linearity slope. From 125 Hz to 12.5 kHz, the slope measured for the sensor is very close to unity, which is
the expected theoretical behavior. Below 80 Hz, for the lowest levels, the measurements made are of the
order of magnitude of the background noise level, so it is difficult to evaluate the linearity.
The evaluation of the directivity of the transducer is performed by a series of 1501 acoustic measurements,
each measurement being associated with a source position around the sensor. The results obtained, compared
to the reference microphone, show that the CENSE sensor is indeed omnidirectional over all frequency bands
above 400 Hz (limit of use of the sound source). The body of the CENSE sensor does not appear to have a
negative effect. If the sound sources are located behind the microphone supporting device (a configuration
not evaluated by the directivity measurement system used), a masking effect remains possible. However, in
most real measurement setups, the probability that a sound source is located exactly behind the sensor body
is low.
In order to evaluate the overall acoustics performance of the CENSE sensor, we have considered the
following criteria: the background noise level is lower than 30 dB; the sensitivity is less than 2 dB; the
linearity slope is less than 1 dB and the offset is less than 2 dB and the standard deviation of the directivity is
less than 2dB. With these criteria, the sensor results appear to be acceptable for the frequency bands between
400 Hz and 5000 Hz. It is probably possible to extrapolate the directivity results below 400 Hz, so that a
frequency range including the 1/3 octave bands from 125 Hz to 5000 Hz, which includes road noise and the
speech spectrum, can be considered according to the same criteria. At low frequencies (below 100 Hz), the
problems of background noise and sensitivity (frequency response of the MEMS) do not allow the results to
be used under good conditions. The spectral range at high frequencies is limited primarily by the differences
observed in terms of sound level, once again due to the frequency response of the MEMS. To overcome these
sensitivity problems, a correction of the response curve of the MEMS microphone could be considered by
applying an audio-digital filtering within the sensor.

4 Robustness analysis
The reliability, accuracy and robustness of the developed acoustic sensors are controlled and analysed based
on an experiment that consisted in i) placing an acoustic sensor inside the climate chamber (Heraeus HC
2020), ii) instrumenting the sensor with a sound calibrator (Brüel & Kjaer type 4231) at the PEX tube end,
iii) calibrating the sensor (94dB@1kHz) and iv) measuring the LAeq,1s indicator continuously during 6 cycles
of temperature and humidity programmed in the climate chamber, as illustrated on Figure 5. The source
calibrator is used as a sound source throughout the meteorological cycles that consisted in one-hour duration
stages with stabilised temperature and humidity. The test has a total duration of about two days.
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Fig. 5: Climate cycles: (red continuous line) temperature and (blue dotted line) relative humidity.
The temperature range of each cycle is adapted for each climate cycle according to the operating range of the
climate chamber. Four gateway sensors are tested. The temperature and relative humidity inside the climate
chamber are recorded during each test by a HOBO U12 temperature and relative humidity (T/RH) data
logger connected to an external computer and managed by the dedicated software HOBOware 3 that records
time stamped one-minute average values of both temperature and relative humidity. An identical experiment
is carried out with a 01dB FUSION Class 1 sonometer. The series of measurements are organized in three
phases by alternately placing the different acoustic sensors in the climatic chamber. A first series is
performed with the sonometer only, a second series with the low-cost sensors #1 and #2, and a last series
with the sensors #3 and #4. Clocks of the acoustic sensors (i.e. the low-cost sensors and the sonometer) and
of the computer that manages the HOBO sensor are synchronised prior to each series of measurements.
The data set (i.e. the temperature, relative humidity and LAeq,1s indicator data) issued from all sensors (i.e. the
low-cost acoustic sensors, sonometer and T/HR data logger) are first concatenated to build a single
experimental database. One-minute averaged values of temperature Tsensor, relative humidity RHsensor and
acoustic indicator LAeq,1s are computed over the same time periods as reference meteorological data Tref and
RHref issued from the reference T/RH sensor. The database is then cleaned up by removing data for which the
temperature in the climate chamber is not stabilised, that is when the temperature gradient between two
successive records is higher than 0.01°C.
A statistical study is then carried out based on the previous clean data set in order to study the behavior of the
sensors according to the climate conditions. Table 1 presents the general results for all meteorological
conditions concerning the mean, median and standard deviation of the recorded LAeq,1s indicator values. It
shows that the measurements performed by the low-cost sensors are very close to the expected value of 94
dB(A) with a very weak standard deviation of the same order of magnitude as that of the sonometer, apart for
the sensor #3 for which the standard deviation is slightly greater than for the three other sensors which may
be due to a tightness defect between the PEX tube and the sound calibrator. A pairwise comparison is then
carried out for each acoustic sensor between the LAeq,1s indicator and the ambient temperature or relative
humidity. This analysis showed that the sound levels recorded by the low-cost sensors tend to linearly
increase as temperature increases or as humidity decreases, which is consistent with the expected behavior of
MEMS microphones. The standard deviation additionally remains constant and low whatever the
temperature. The behavior of the sonometer according to temperature is opposite to the one of low-cost
sensors, which is typical of the integrated electret-type microphone. An opposite trend is observed according
to the humidity for the low-cost sensors and the sonometer with a slightly greater dispersion than with
respect to the ambient temperature.
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Table 1: Mean, standard deviation and median values of the LAeq,1s indicator for all climate conditions.
sensor

mean (dB(A))

std (dB(A))

median (dB(A))

sonometer

93.83

0.13

93.79

sensor #1

93.73

0.11

93.75

sensor #2

93.37

0.15

93.41

sensor #3

93.91

0.34

93.79

sensor #4

93.67

0.10

93.65

The distributions of LAeq,1s indicator values are then analysed within categories of temperature and relative
humidity value defined over ranges of 5°C and 10% respectively. Results shown on Figure 6 show that both
the ambient temperature and humidity have a weak effect on the acoustic measurements. The standard
deviation of LAeq,1s remains of the same order of magnitude for the low-cost sensors as for the sonometer
regardless of the ambient temperature or humidity.

Fig. 6: Categorical plots of the LAeq,1s values according respectively to the temperature (top) and relative
humidity (bottom) for the sonometer (grey) and low-cost sensors (colors).
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Fig. 7: The archiving architecture. Each gateway node sends data to a randomly chosen server that next
ensures duplication.

5 Data Archiving
Each node produces acoustic data, pressure level statistics, and third octave spectral data, that are sent every
10 seconds. Control information, such as temperature and humidity inside the sensor are sent every 60
seconds. If the sensor is a leaf node, information about battery voltage and connectivity are also sent every 5
minutes.
Acoustic pressure statistics are the Laeq and Leq computed every second (520 bytes). Third octave spectra
with frequency range 20Hz-12500Hz are computed every 125 ms using a rectangular window Fast Fourier
Transform (15 kbytes). Bandwidth testing showed a bandwidth consumption of 1769 bytes per second. Each
gateway node is responsible for sending its data through the internet to an archiving architecture using the
opensensorhub protocol, see Figure 7. OpenSensorHub (OSH) software allows one to easily build
interoperable and evolutive sensor networks with advanced processing capabilities and based on
open-standards for all data exchanges.
The storage architecture of the CENSE project is designed to maintain high availability. To this end, the data
are distributed on 3 distinct sites, as shown on Figure 7. The archiving system should therefore be
opterational even if one site is no longer reachable. Each data is duplicated at least on two sites, so no data
loss can occur.
Each gateway node collects data through its sensors (the one physically embedded in the gateway node and
the ones of the two leaf nodes that are wirelessly connected) then aggregates into an embedded
OpenSensorHub instance. This aggregated data is transferred to a random server through a secured http
request using the open source elastic search interface. The receiving server then duplicates the data to
another elasticsearch server for data safety. Elasticsearch (https://github.com/elastic/elasticsearch) is a search
engine based on the Lucene library. It provides a distributed, multitenant-capable full-text search engine with
a web interface and schema-free JSON documents.
One should be aware that, even if the data is duplicated, it is possible to delete the data in the database. An
incremental backup is thus performed in order to prevent any non reversible modification of the database due
to mis manipulations or intrusions.

1088

Fig. 8: Left, evolution of the laeq over a week for a given sensor using the kibana dashboard. Right, the
Harmonica profile for a given sensor of the CENSE network for the month of December 2020

Fig. 9: Estimation of the time of presence of traffic (red), voice (blue), and birds (green) from spectral data
using deep learning techniques

6 Visualization
Archived data can be accessed using low level request protocol using the elastic search engine as it allows
database replication for further data processing purposes by serving json files. For example, the acoustic data
is pushed to the servers of bruitparif (https://www.bruitparif.fr) that services a range of display tools
available at the following url: https://rumeur-lorient.bruitparif.fr. Among those tools, the harmonica [Mietlicki
2014] profile is available, see Figure 8 (left).
Higher level data visualization and monitoring can also be performed using a Kibana interface, a proprietary
data visualization dashboard software for elasticsearch (https://www.elastic.co/kibana). Figure 8 (right)
shows an item of a kibana dashboard plotting the evolution of the LAeq over a week for a given sensor.
Perceptual attributes describing the acoustic environment such as pleasantness can be inferred from energy
level indicators and time of presence of specific sources. By recording spectral data, the CENSE project aims
at allowing the automatic estimate of those quantities using deep learning techniques [Gontier 2019, Gontier
2020]. Figure 9 shows the presence of three sources of interest: traffic, voice and birds.
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Conclusion
This paper presented the CENSE network, a prototype network that is based on a hydrid data network with
airborne transmission from autonomous sensor nodes to gateway nodes that are connected to the processing
and storage servers using powerline network technology. In order to provide meaningful information from
those sensors while retaining a high level of privacy and a low data rate, the audio data is transferred using a
compressed spectral data format. This network, deployed in the downtown area of the city of Lorient, is
designed to provide information about the acoustic environment at a high spatial and temporal resolution.
Indeed, it provides an unprecedented spatial density of 32 sensors per square kilometers, and each sensor
provides information at a 1 Hz rate.
By providing a monitoring capability of an unprecedented spatial and temporal resolution, this network will
allow researchers to answer many scientific and technological questions regarding the characterization of the
acoustic urban environment. One important question is how such a tool can complement noise maps and
questionnaires to better model and describe the acoustic urban environment.
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Abstract
Long-established industries in rural areas are now creating noise issues for new communities that have
developed nearby. Proactive control of noise emission has therefore become a priority for industries concerned
with respecting the tranquillity of residents. The traditional method of noise monitoring utilizes a sound level
meter (SLM) which must be installed to areas of interest by trained and experienced personnel. Since a class
1 SLM is relatively expensive, long-term monitoring of large areas can hardly be considered. In this paper, we
discuss the practical implementation of a stand-alone MEMS-based SLM capable of recording one-minute
time samples and wirelessly transmitting sound level values in third octave bands in the range from 20 Hz to
8 kHz, every 15 minutes. The current prototype uses a digital MEMS microphone with I2S interface connected
to an Arduino MKR WiFi 1010 microcontroller for an overall cost of less than 100 CHF. Technical choices
for the implementation of the prototype as well as a benchmark with a class 1 SLM are discussed in this paper.
Keywords: low-cost sensor, urban acoustics, MEMS transducers, sound monitoring.

1

Introduction

Noise pollution is a persistent problem for city dwellers. Recent studies have estimated that nine out of ten
people in major cities are daily exposed to noise levels exceeding international guidelines [1]. Urban noise can
have negative health effects, including sleep disturbances, hearing loss, cognitive impairment, and high blood
pressure. Various low-cost sensor prototypes have recently been developed for noise monitoring and mapping
in smart cities. In [2], a wireless noise surveillance device is built around a Raspberry Pi powered by an
electrical network outlet and connected by Ethernet to a router and WiFi via a USB dongle. Sound acquisition
is then performed from a USB electret microphone with analog-to-digital converter (ADC) or an analog MEMS
microphone [3]. In [2] and [3], the global acoustic descriptors (instantaneous, equivalent continuous, dayevening-night, or percentiles sound pressure levels) are calculated in the time domain, and the frequency
analysis is performed using a set of one-third octave band digital filters. In [4], a low-cost urban acoustic
monitoring device based on a Tronsmart MK908ii mini PC with Wi-Fi is designed to study noise exposure in
New York City. Moreover, an Arm Cortex-A9 processor is used to equalize the frequency response of the
analog MEMS microphone using a FIR filter. More recently, a one-year measurement campaign was carried
out in Carouge, Geneva, to map the city's urban noise [5]. Each unit was battery powered and equipped with a
digital MEMS microphone. Low-Power Wide-Area Network (LPWAN) technology was used to transmit data
with low power consumption. The overall sound level, in dB(A), was calculated in the time domain.
In this article, we discuss the practical implementation of a battery-powered MEMS stand-alone sound level
meter prototype allowing frequency analysis of one-minute sound recordings in third octave bands from 20 Hz
1
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to 8 kHz. We also present the acoustic performance of a prototype measured in an anechoic chamber and
conclude with a comparison to a class 1 sound level meter.

2

Hardware design

This section describes briefly the main characteristics needed to select and implement an audio embedded
system based on MEMS microphones for a low-cost noise monitoring application operating in the frequency
domain.
2.1

MEMS microphones

MEMS microphones are micro-metric scale acoustic transducers that convert pressure waves into an electrical
signal. These devices are embedded in a plastic package and a metal shield acting as a Faraday cage that
protects the MEMS microphone from radiated disturbances [6]. Inside the package, there is usually an
application specific integrated circuit (ASIC) accompanied to the MEMS sensor that performs conversion of
the input and output signals at a faster rate than it would be by software. As the analog output level is small,
typically a few mV, it must be amplified before converting it into a digital signal. A picture of MEMS
microphone is depicted in Figure 1.

Figure 1: Example of MEMS microphone inside its package [6].

Digital MEMS microphones are analog microphones with digital output that contain filters, amplifiers and
analog-to-digital converter (ADC) inside an ASIC. The main advantage of the digital MEMS microphone over
analog ones is that it takes less integration efforts in addition to an immunity against radio frequency noise and
electromagnetic interference due to differential transmission lines and logic signal voltage levels.
For this project, we selected a breakout board from Adafruit [7] for the Knowles SPH0645LM4H digital
MEMS microphone [8]. It is an I2S MEMS microphone which is convenient to ease and accelerate the
development of our proof of concept. At the time of writing this article, this unit costs approximately 7 CHF.
With a signal to noise ratio of 65 dB and a dynamic range of 91 dB, this unit theoretically allows measuring
sound pressure level from 29 dB SPL to 120 dB SPL. The maximum power consumption is 600 μΑ and it runs
between 1.62 V to 3.6 V. Another attractive point is that the sensitivity (-26 dBFS / 50 mV/Pa) given in the
datasheet is linear between 50 Hz and 10 kHz.
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2.2

Computing platform

Our specification in terms of memory was to be able to measure the equivalent continuous sound levels over
one minute for frequencies up to 8 kHz. With a sample rate set of 16 kHz, each sound level estimation therefore
requires 960’000 samples. Since the output data word length is 24 bits per channel for the selected MEMS
microphone, the I2S interface must be configured with a minimal bit per sample length of 32 bits (4 bytes).
Consequently, the needed memory size to store one minute of signal is 4 ∙ 960’000 = 3.84 MB, which is
way larger than the classical storage capacity of microcontrollers. So we used 16 MB of SRAM working with
the SPI interface to store the one-minute recordings. A microSD card breakout (see Figure 2) has also been
employed to store the raw samples during characterization and verify that the system is functioning properly.

Figure 2: Proof of concept prototype.

Another constraint is that the sound level meter must operate outdoors and permanently. Therefore, power
consumption is another important criterion to consider. In order to save battery, we used an embedded system
based on an Arduino MKR WiFi 1010 [9] microcontroller running on an Arm Cortex-M0+ [10] processor,
including I2S interfaces, a built-in wireless connection integrated and a battery management system.
The overall cost of the prototype shown in Figure 2 is around 80 CHF.

3

Software design

In the following, we briefly explain the step-by-step process performed in the frequency domain to calculate
the A-weighted equivalent continuous sound pressure levels in one-third octave bands (see Figure 3).

Figure SEQ Figure \* ARABIC 2: Prototype
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Figure 3: Overview of the signal processing pipeline.

1. Once the I2S interface is ready, the MEMS microphone is powered up and the audio recording in the
SRAM starts a few seconds later.
2. The data is partitioned into chunks of 128 samples (equivalent to 8 ms at a sampling rate of 16 kHz).
A one-minute recording therefore represents 7500 chunks. Once entirely acquired, the DC component
of this recording is removed with the help of the function arm_mean_f32 from the CMSIS DSP library.
Also, the samples are converted into Pascal by scaling them with the sensitivity previously estimated
during calibration.
3. Time domain samples stored in the SRAM are then partitioned into slices of 2048 samples; each slice
is transformed into the frequency domain with 7.8 Hz resolution using the function arm_rfft_fast_f32
from the CMSIS DSP library.
4. For each slice, the level of a given third octave band is obtained by summing the power of each bin
belonging to the considered frequency range, before being converted into dB.
5. Finally, both A-weighting and corrective equalisation are applied onto each third octave band.
6. Step 3 to 5 is repeated until the whole recording is processed, and level per bands are averaged over
time for delivering a result.
Rather than employing IIR or FIR filters which require many taps and whose coefficients can be difficult to
estimate with precision, the above FFT-based method is more advantageous in terms of computation time.
Note that advanced microcontrollers such as Arm Cortex-M4 or Cortex-M7 have built-in DSP hardware and
libraries for FFT which would further reduce computational time.

4

Results

This section describes the methodology followed for assessing the sound level estimation algorithm. All
measurements were carried out in an anechoic condition unless specified.
4
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Figure 4: Characterization setup in anechoic chamber.

The characterization setup is depicted in Figure 4. A source loudspeaker is connected to a signal generator
(B&K type 3160-A-042) which delivers an input signal through a conditioning amplifier (B&K Nexus Type
2692-A-0I). The MEMS microphone under test is placed next to a reference microphone (B&K Type 4954
¼’’ free-field), at 50 cm from the source loudspeaker.
4.1

MEMS sensor calibration

Figure 5 shows how we have tested our algorithm for calculating the sound pressure level in the frequency
domain. As shown in Fig. 5, we designed and used an adapter to connect the MEMS microphone to the slot of
a pistonphone (B&K Type 4231).

Figure 5: Setup for FFT algorithms verification and MEMS sensor calibration.

On the plot of the frequency response, “Target” refers to the FFT calculation in MATLAB and “MEMS
microphone” refers to the FFT computed in the Arduino embedded system. This setup was also used to
calibrate the MEMS microphone using an IIR bandpass filter between 800 Hz and 1200 Hz.
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4.2

Frequency response

Figure 6: Measured frequency response of SPH0645LM4H.

We measured the frequency response of the MEMS microphone and compared it to a B&K reference
microphone in order to implement a corrective equalizer. Results are depicted in Figure 6. The sound source
were a Velodyne HGS 12 for frequencies below 100 Hz, and a PSI A21-M for frequencies above 100 Hz.
The uncompensated frequency response of the SPH0645LM4H (solid black line in Fig. 6) is relatively flat and
comparable to that of the reference microphone (solid red line in Fig. 6) between 30 Hz and 4.5 kHz. As
predicted in the datasheet, the sensitivity of the MEMS microphone is attenuated at low frequencies from 20
Hz to 50 Hz. However, we did not expect such an attenuation for frequencies above 4 kHz. We think this is
most likely due to the breakout board to which the MEMS microphone is attached.
4.3

Corrective equalizer

The equalizer coefficients are determined by computing the difference between the reference microphone and
the MEMS microphone sound levels for each third octave band. Figure 7 shows the frequency response
function (FRF) in 1/3 octave bands from a pink noise test signal. The FRF measured after equalization is shown
in dashed blue line.
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-10
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MEMS: SPH0645LM4H
MEMS+EQ
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200
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Figure 7: Pink noise test of the equalizer in one-third octave for SPH0645LM4H.

As expected, the measured FRF are relatively flat in the frequency range of interest. The correction applied in
the high frequencies also works well even though it is greater than +5 dB in the 1/3 octave bands centred on 5
kHz, 6.3 kHz and 8 kHz third octave bands. The maximum error between the B&K reference microphone and
6
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the SPH0645LM4H MEMS microphone is approximately 1.6 dB with pink noise and the standard deviation
is reduced from 4.9 dB to 1.3 dB with equalization. The dynamic range is also decreased from 19.9 dB to 4 dB
with the equalizer.
4.4

Directivity diagram

Figure 8 depicts the directivity diagram in third octave bands of MEMS microphone with and without the
adapter used for the calibration step. The excitation signal is a 10 kHz bandwidth white noise centred on 5.12
kHz. Measurements are made using a Bruel & Kjaer Type 9640 turntable system by rotating the microphone
relative to the loudspeaker in 5° steps.
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Figure 8: Directivity diagram in third octave band for SPH0645LM4H.

The SPH0645LM4H microphone is omnidirectional in the one-third octave bands from 100 Hz to 6.3 kHz, as
expected from the datasheet, and nearly omnidirectional at 8 kHz. With the adapter, on the other hand, the
directivity is affected above 2.5 kHz when the acoustic wavelength of interest becomes smaller than the
protective case, thus creating interference.
4.5

Comparison with a Class 1 sound level meter

As a quick validation experiment, sound level difference between our prototype and the 01dB Fusion class 1
SLM [11] have been compared. Measurements were carried out inside a gymnasium using a drone flying over
the measurement setup, as depicted in Figure 9.
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Figure 9: Validation experiment setup.
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Figure 10 shows a comparison of the sound levels (1 sec equivalent) obtained with the MEMS-based prototype
and the class 1 SLM, in the 1/3 octave bands centred on 125 Hz and 8 kHz. Despite some differences the
dynamic responses match relatively well.
In Figure 11 we provide the difference, in dB, averaged over time and for each 1/3 octave band between the
prototype and the class 1 SLM. In low frequencies, below 100 Hz, the sound source (a drone) unfortunately
did not provide enough energy to make a proper comparison. In high frequencies, typically above 4 kHz, some
significative differences are observed with the class 1 SLM due to the fact the I2S MEMS microphone breakout
board slightly affects the dynamic response. This could be improved by optimizing the design of the
microphone holder. However, in the frequency bandwidth of the drone which ranges from 315 Hz to 2500 Hz,
differences of less than 1 dB are observed.
8
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Figure 11: Average difference between the MEMS-based prototype and a class 1 SLM when measuring a
drone indoor.

5

Conclusions

In this paper, we shared our experience regarding the development of a battery-powered and low-cost MEMS
standalone sound level meter. It has been proven empirically that such a technology is reliable enough to assess
sound pressure levels in one-third octave band up to 8 kHz after applying an appropriate corrective equalizer.
We also showed how to calibrate the system to ensure the correctness of the calculated sound levels. This
could, therefore, help to meet any challenges of large-scale environmental noise monitoring. In addition, our
technical choice consisting in estimating sound pressure level using a frequency domain analysis, paves the
way to the extraction of much more informative features (like spectrograms) that could feed advanced
classification or detection algorithms, for applications requiring deeper soundscape analysis. This concept is
therefore innovative and has many perspectives which do not only concern the monitoring of environmental
noise sources.
Currently, there is not much published research or standards in the field of cost-effective embedded systems
for acoustic metrology, especially for obtaining sound pressure levels by frequency bands. The MEMS-based
SLM presented in this article enables accurate and continuous monitoring of sound levels in 1/3 octave band
suitable for an industrial site. Beyond the simple calculation of sound levels, the identification of the source(s)
responsible for noise annoyance is of great importance. Other metrics (e.g., percentile sound levels) or
spectrogram calculation could be easily implemented, or machine learning techniques could complement the
system to further analyze the acoustic signature of sources. The next step is also to associate several units in a
network in order to monitor the noise exposure of an industrial site in a more comprehensive way.
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Abstract
The CENSE project, funded by the French Research National Agency from 2017 to 2021, aimed at
proposing a new methodology for the production of more realistic noise maps. CENSE stands for
“Characterization of urban sound environments: Modelling, noise sensors network and open data”. The
project relied on a dense network of low-cost sensors deployed in an experimental site in the city of Lorient
(France), and data assimilation techniques between simulated and measured data. Beyond the production of
physical indicators, the project was also positioned on the characterization of sound environments. The
project, which is drawing to a close, has produced advances on noise modelling, low-cost sensor network
technologies, data assimilation techniques applied to sound levels prediction, urban sound recognition, and
perception. This first presentation, of a series of five, will give a general overview of the project
comprehensive approach and framework, and its operational outcomes.
Keywords: Dynamic noise maps, sensor networks, data assimilation, sound recognition, soundscape.

1

Introduction

The reduction of the noise exposition represents both societal and environmental concerns, in particular for
cities that are subjected to a multitude of noise sources and that count de facto numerous exposed people. In
this context, noise mapping is acknowledged as a relevant tool to diagnose urban sound environments, to
propose action plans to reduce noise annoyance, as well as to communicate with city dwellers. Nowadays,
noise maps are essentially elaborated by means of numerical simulations, with high spatial precision, from a
census of noise sources (mainly road, railway and air traffic, and the biggest industries), followed by a sound
propagation modelling [1]. However, this method has some well-known limitations especially concerning the
inaccuracy of input data, the simplified emission and propagation modelling [2][3][4][5], and, lastly, the
inadequacy of classical output noise indicators to describe the perceived sound environments [6][7][8]. In
parallel, noise observatories have been deployed in some cities, which give locally access to the time
variations of the real sound levels, but entail high operational costs that forbid their dense deployment,
limiting the number of observation points to few units [9]. Given the recent developments in noise
measurement technologies and computational methods, it is now possible to combine these two approaches
in order to benefit from the advantages of each method [10][11]. This would be a significant advance in the
development of predictive noise models, and would open many opportunities for assessment and
improvement of urban soundscapes.
The CENSE project, funded by the French Research National Agency from 2017 to 2021, aimed at
improving the characterization of urban sound environments, by combining in situ observations and
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numerical noise predictions. The project relied on a dense network of low-cost sensors deployed in an
experimental site in the city of Lorient (France), and data assimilation techniques between simulated and
measured data. Beyond the production of physical indicators, the project was also positioned on the
characterization of sound environments based on sound recognition and perceptual assessments. The project
involved ten partners, namely University Gustave Eiffel, Wi6labs, Ville de Lorient, Lab-STICC (CNRS),
Cerema, LS2N (CNRS), ETIS (Cergy Paris Université), INRIA, BruitParif and Bouygues E&S.
The combination of modelling and measurements within a common modelling framework has been
investigated in few recent projects, among which:
• The IDEA project (Intelligent Distributed Environmental Assessment), which hosted the
development of local, intelligent measurement networks for noise and UFP (ultra-fine particulate
matter) [12][13]. The collected data were used to feeding models for short-term prediction, by
updating noise maps through parameter model tuning [10];
• The DYNAMAP project, which aimed at developing a dynamic noise mapping system able to detect
and represent in real time the acoustic impact of road infrastructure, based on customized low-cost
sensors and a software tool implemented on a general purpose GIS platform [14][15][16];
• The SONyC project, which aims to create technological solutions for: (1) the systematic, constant
monitoring of noise pollution at city scale; (2) the accurate description of acoustic environments in
terms of its composing sources; (3) broadening citizen participation in noise reporting and
mitigation; and (4) enabling city agencies to take effective, information-driven action for noise
mitigation [17][18][19].
The CENSE projects distinguished from these previous works by the proposed integrated approach, mainly
based on the use of assimilation methods, novel sensor network technologies, consideration of uncertainties
on noise prediction from input data, and sound recognition and perceptual assessments, all in order to predict
more accurate and relevant noise assessment in urban areas. The project, which is drawing to a close, has
produced advances on noise modelling [20], low-cost sensor network technologies [21], data assimilation
techniques applied to sound levels prediction [22], urban sound recognition, and perception [23], each topic
corresponding to a specific Work Package of the project. This first presentation, of a series of five, will give
a general overview of the project comprehensive approach and framework, and its operational outputs. The
project advances are described from sections 2 to 5, then more in-depth in articles [20][21][22][23]. Section
6 discusses the advances of the project as well as the encountered difficulties, so as to draw the further
research and development avenues for the years to come as regarding the characterization and monitoring of
urban sound environments.

2
2.1

Improvement of city noise map production processes and sensitivity analysis
to noise models inputs
Improvement of city noise map production processes

Collecting input data for noise mapping is often a difficult task, and obtaining good quality for this data is
certainly even more difficult. A specific process for noise mapping was developed under the CENSE project,
based on the coupling between an open source noise mapping software and an open source spatial database
that can provide most of the input data for noise mapping.
All noise mapping achieved under the CENSE project relied on the NoiseModelling software, which has
been improved and subject to a new release during the project [24]. It is a free and open-source software
dedicated to environmental noise maps on large-scale outdoor spaces. It can be used as a Java library or be
controlled through a web interface [25]. The CNOSSOS-EU model is implemented for the estimation of road
traffic emissions, as well as for the calculation of its attenuation along propagation paths [1]. NoiseModelling
allows information to be stored at three levels: the noise sources and their sound levels, the geometry of the
propagation paths and finally the transfer matrix for each of the source/receiver pairs. This choice was made
because the computation time of such a software is essentially concentrated into the pathfinding algorithm. A
groovy script manages interactions between NoiseModelling libraries and a spatial database (PostGIS or
2
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H2GIS) for getting most input parameters. Simulation can be performed using a configuration file containing
the values on the input parameters, and results are stored in dedicated compressed folders. All the framework
is open-source and available on GitHub to ensure the research is reproducible and adaptable to other case
studies. Most input data of NoiseModelling came from OpenStreetMap (OSM) data, and are requested,
processed and formatted by means of the opensource geospatial toolbox GeoClimate. Details on input data
can be found in [20]. OSM-based noise predictions were compared to a noise map of a part of Paris,
calculated with reference input data. Noise maps show a moderate agreement, with nearly 40% of the
receivers with a deviation lower than 2.5%. Discrepancies might be attributed to road pavement
classifications [20].

2.2

Sensitivity analysis of noise mapping modeling

When producing a noise map, it is essential to be able to identify the most influential input data and
parameters in order to prioritize them in the data collection and modelling process. In order to help this
prioritization, a methodology for sensitivity analysis built on an open-source modeling framework has been
proposed under the CENSE project, relying on the Morris method; see [26] for details. The total procedure
was repeated 50 times for a group of 15 inputs, resulting in 800 simulations. To ensure that the space of
exploration did not favor any area, 500 trajectories were drawn and only the fifty trajectories that maximize
exploration were retained. Figure 1 shows the chosen parameters and ranges of variation. All ranges of
variation and parameters chosen are specific to this study and should be adapted to any other case study.
Above all, the aim was to propose a methodology that can be replicated, including long-distance sound
propagation for example.

Figure 1 – Left: Study area of the analysis. 14,343 receivers are represented on the map. The color represents
the median Lden value at each receiver over the 800 simulations. Right: Sensitivity analysis parameters,
related topic reference codes, ranges of variation and step types (multiplicative * or additive +)
The study area retained all along the CENSE project is the city of Lorient. It covers an area of about 2 km2,
in which 14,343 receivers (around 1772 buildings) were selected to serve as a support for the sensitivity
analysis. The influent input parameters are a compilation of data collected from Cerema, IGN (the French
National Institute of Geographic and Forest Information) and the Lorient city council. Figure 1 shows an
example of results through the median Lden value of the 800 simulations in dB(A) representing 9672
inhabitants. Approximatively 24% of them are exposed to road traffic Lden values above 65 dB(A).
Results are detailed in [26]. In brief, the sensitivity to the input parameters of the CNOSSOS-EU model
highly depends on the location of the receivers. The most influential parameter is whether diffraction over
horizontal edges is considered or not, regardless of the indicator observed: average sound level over the area
or ratio of the population exposed to more than 65 dB(A). This can be easily explained by the fact that some
receivers may not be reached by a propagation path until this parameter is introduced in the calculation.
When model configuration parameters are excluded from the analysis, it can be shown that for most
receivers, the most influent parameters are linked with the emission part of the CNOSSOS-EU model, and
concern the mean flow rates of the road category the closest to the receiver.
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3

A high density network of low cost acoustic sensors based on wired and
airborne transmission of spectral data

The CENSE network, currently deployed in the downtown area of the city of Lorient, is described in this
section. More details are given in [21].

3.1

Network

Following a literature review [27], the CENSE network considered a hybrid communication scheme where
each node of the network is a sensor with acoustic monitoring capability. Those nodes can be leaf nodes. In
this case the sensor is energetically autonomous and sends wirelessly the data to the other types of nodes, the
gateway nodes. A gateway node is wired both in terms of power and network connectivity. The degree of
precision of the measure can vary greatly from device to device. As discussed in [28], this degree of
precision is balanced with the cost of the sensors. While high precision sonometers are of great interest for
metrologic use, we believe that low cost sensors based on the MEMS technology has the potential of
allowing the use of large scale and dense network of sensors at a reasonable price. Following the constraints
of the project, the specifications of the microphone have been defined and more than 20 MEMS microphones
have been considered [29]. The Invensense ICS-43432 MEMS microphone is selected because of its good
overall performance and the fact that it offers an I2S fully digital interface, thus reducing the risk of any
electrical noise addition to the audio data.

Figure 2 - The leaf (left) and gateway (middle) sensors. Right: Deployment in the City of Lorient
The installation of the sensors was planned in two phases on an experimental site in the heart of the city of
Lorient in France. The first phase consisted of the installation of 78 gateway nodes, then in a second phase,
the installation of 65 nodes. The maintenance of the network is a crucial element of the project. The entire
network was developed specifically by the project partners, from scratch, be it for the design of the sensors,
the installation of the network, and the implementation of an IT infrastructure for data management. On one
hand, it allowed rapid intervention; on the other hand, numerous skills from very different technical areas
were required to cope with unforeseen issues. Among the difficulties encountered were: the failure of some
sensors after installation (a few units); the multiplicity of risks of measurement stoppage due to
malfunctioning of either the sensors themselves, or the Citybox ®, or the controller, or the router; the
maintenance of the servers. In spite of these difficulties inherent to the initial choices for the development of
the network, the whole network was successfully implemented during the first months of the study, allowing
the acquisition of a large amount of data and the experimentation of different sound analysis.

3.2

Acoustic sensitivity and robustness analysis

In order to study the acoustic behavior of the developed sensors, several tests were performed in an acoustic
test room, which evaluated the linearity, directivity, sensitivity and background noise characteristics. The
tests were limited to values measured in one-third octave bands over a frequency range from 20 Hz to 12500
Hz. Concerning the background noise of the sensor, results obtained showed that the CENSE sensor has a
threshold of about 22 dB, over all the frequency bands concerned. The frequency sensitivity was very good
for the octave bands from 250 Hz to 4000 Hz, with a difference of less than 0.5 dB. For the 125 Hz, 8k Hz
and 12.5k Hz octave bands, the differences were a little larger, from 1 to 2 dB. For the 2 lowest octave bands
4
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(31.5 Hz and 63 Hz), the differences were much more important (from 4 to 10 dB approximately). Finally,
the linearity was tested: from 125 Hz to 12.5 kHz, the slope measured for the sensor was very close to unity,
which is the expected theoretical behavior. The conclusion of these tests is that the sensor results appear to
be acceptable for the frequency bands between 400 Hz and 5000 Hz.
The reliability, accuracy and robustness of the developed acoustic sensors has been qualified under various
meteorological conditions in a climate chamber in order to check the potential sensor drift according to both
the temperature and relative humidity. Results are detailed in [30]. In brief, both temperature and humidity
have a weak effect on the acoustic measurements, except for one of the six sensors, and uncertainties for
these two environmental parameters fulfill specifications of class I sound level meter. Results demonstrate
the satisfying accuracy of the implemented acoustic sensors for the targeted purpose.

3.3

Data archiving

Each node produces acoustic data, pressure level statistics, and third octave spectral data, that are sent every
10 seconds. Control information, such as temperature and humidity inside the sensor are sent every 60
seconds. If the sensor is a leaf node, information about battery voltage and connectivity are also sent every 5
minutes. Acoustic pressure statistics are the LAeq and Leq computed every second (520 bytes). Third octave
spectra with frequency range 20Hz-12500Hz are computed every 125 ms using a rectangular window Fast
Fourier Transform (15 kbytes). Bandwidth testing showed a bandwidth consumption of 1769 bytes per
second. Each gateway node is responsible for sending its data through the internet to an archiving
architecture using the opensensorhub protocol.
The storage architecture of the CENSE project was designed to maintain high availability. To this end, the
data are distributed on 2 distinct sites (see [21]). The archiving system should therefore be operational even
if one site is no longer reachable.
Each gateway node collects data through its sensors then aggregates into an embedded OpenSensorHub
instance. This aggregated data is transferred to a random server through a secured http request using the open
source Elasticsearch interface. The receiving server then duplicates the data to another Elasticsearch server
for data safety (https://github.com/elastic/elasticsearch). Archived data can be accessed using low level
request protocol using the Elasticsearch engine as it allows database replication for further data processing
purposes by serving json files. For example, the acoustic data is pushed to the servers of bruitparif
(https://www.bruitparif.fr) that services a range of display tools available at the following url: https://rumeurlorient.bruitparif.fr. Higher level data visualization and monitoring can also be performed using a Kibana
interface. Finally, by recording spectral data, the CENSE project aims at allowing the automatic estimate of
those quantities using deep learning techniques (see section 5). Coding schemes have been proposed in that
respect [31][32]. Figure 3 shows the presence of three sources of interest: traffic, voice and birds.

Figure 3 – Left: The Harmonica profile for a given sensor of the CENSE network for the month of December
2020. Center: Evolution of the LAeq over a week for a given sensor using the Kibana dashboard. Right:
Estimation of the time of presence of birds (green) from spectral data using deep learning techniques.
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4

Faster and more accurate noise mapping combining meta-modeling and data
assimilation

The CENSE project relied on a two steps approach to combine measurements and modeling, in order to go
towards faster and more accurate noise mapping:
• A meta-model (also sometimes called surrogate model) is built to statistically reproduce the behavior
of the reference simulation software, NoiseModelling in this case;
• The meta-model is then employed to assimilate acoustic measurements from 16 locations. State
estimation, inverse modeling and joint state-parameter estimation are compared and evaluated using
cross validation.
This section summarizes the results of the CENSE project in terms of meta-modelling and data assimilation.
The reader can refer to [22], or to the following papers for more details [33][34][35].

4.1

Material and methods

For phasing and data availability reasons, the model was built on data produced on the City of Paris, and not
on the Lorient measurement network of the CENSE project. The study area is located in the 13th district of
Paris, France and covers an area of 3 km2, and is described in details in [36]. It consists of an array of 25
microphones that has been deployed across the study area in 2015, from which 16 have been selected for the
present study.
4.1.1 Meta-model
Due to the large number of model calls in the optimization algorithm, data assimilation techniques are made
practicable only after replacing the noise mapping software with a meta-model, i.e., a statistical emulation of
the noise mapping software that can compute similar maps at a much lower computational cost. The metamodel is built in three steps:
• The generation of the training sample. Here, the training sample is made of 2000 simulations run
with model input parameters defined a so-called design of experiment;
• The dimension reduction, through a PCA, which aims to select a reduced amount of maps that
explain most of the variance of the noise maps of the training sample;
• The kriging, which interpolates with a statistical method the projected values of the training sample
onto the basis vectors of the reduced subspace.
Once the meta-model is built, each call with new input parameters takes a very small amount of time (100
ms versus ~ 1 h for the complete model). For more details about the meta-model construction, the reader can
refer to [33].
4.1.2 Data assimilation methods
Data assimilation is the process of combining a noise model simulation and field observations, in order to
build an improved representation of the real noise levels, at least at simulated points. In our context, the data
assimilation makes use of a model or a model simulation (simulated noise map) and field observations at a
given time, in order to produce another noise map closer to the real noise map. It can be seen as a correction
on the simulated noise map, induced by the additional information brought by the observations. Among all
the data assimilation approaches, we compared state estimation, inverse modeling and a joint state-parameter
estimation:
• The state estimation applies a direct correction on a simulation map. It assumes the simulated map is
an a priori map with some unknown error at every point of the map. The so-called best linear
unbiased estimator (BLUE) is computed, which is an improved noise map whose error has minimum
variance.
• Another approach is called inverse modeling (IM). In this case, we do not correct directly the
simulated noise map, but instead the input parameters of the noise model, or in our case, of the metamodel. The method allows to determine better parameters, which with the simulated map gets closer
to the observations.
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•

Joint state-parameter estimation (JSPE) combines both approaches: the parameters are improved and
also a correction of the resulting noise map is corrected. This allows for further flexibility and gives
more room for improvement.
Both methods, IM and JSPE, can work with or without prior knowledge of the input parameters; four
optimization algorithms are therefore analyzed. If satisfying results are obtained with optimization
algorithms that do not need a priori parameters, then it is possible to expand the inverse modeling data
assimilation processes to a wider range of urban areas where the input parameters values are not known.
4.2

Results

Methods are compared through a leave-one-out cross validation, which consists in removing the observations
of a given microphone from the data assimilation process. Results are detailed in [35]. In brief, the inverse
modeling shows similar results as the data assimilation method BLUE (Best Linear Unbiased Estimator)
only, whereas the JSPE always has a lower RMSE value than the state estimation only. The performance of
IM and JSPE without a priori parameters remains very similar to the performance with these parameters. The
most accurate noise map is generated computing a JSPE algorithm without a priori knowledge about traffic
and weather and shows a reduction of the RMSE from 3.5 dB to 2.6 dB compared to the reference metamodel noise map with 16 microphones over an area of 3 km2. This means that the operators who wish to
obtain a dynamic noise mapping for a given area can get a satisfying level of accuracy without the need to
get real-time traffic and weather data, and extend the availability of dynamic noise mapping to areas where
no traffic measurement is available.

5

Characterizing the sound environment through an automatic assessment of
traffic, voice and bird presence ratios

Going further than just the sound levels, the data collected through the urban sensor network allow to
perceptually characterize the soundscape as it is defined in the ISO standard as the “acoustic environment as
perceived or experienced and/or understood by people, in context” [37], as soon as acoustic measurements
could correspond to perceptual data. In the continuity of previous works that were interested in the outdoor
[38][39] or indoor [40] perceived sound quality, in the CENSE project, we focused on the perceived sound
quality and on noise annoyance for pedestrian point of view (soundscape characterization) as well as for
resident point of view (at home situation). As these perceptual characteristics depend on perceived sources,
we also focused on the possibility to measure automatically the sound source presence ratios on the sensors,
in addition to classical level indicators.

5.1

Questionnaire campaign

The sound quality and the noise annoyance has been assessed for both the pedestrian and inhabitant points of
view thanks to a questionnaire that has been sent by postal mail to about 2000 inhabitants in the city center
of Lorient between January and March 2019. It was divided into four parts:
• The first one concerned the sound environment quality: it concerned the Short-Term (ST) assessment
on 7 levels semantic differential scales of variables such as pleasantness, eventfulness, etc.;
• The second part focused on the perceived time of presence ratio and loudness of 13 sound sources,
such as road traffic, rail traffic, calm voices, expressive voices, small birds, gulls, etc.;
• The third part concerned the Long-Term (LT) annoyance for both points of view;
• A last part was dedicated to collect personal data, such as noise sensitivity, gender, age, socioprofessional category, etc.
Outdoor pleasantness and outdoor annoyance models were built (see [23] or [41] for details). Overall
Loudness (rated on the Noisy/Silent scale) appears in all models at the first place showing that this variable
is the most influent one. Sound sources such as road and air traffic, expressive voices and birds also appear
in the regressions. Long-term inside annoyance models are also built, which make a distinction between calm
voices (perceived positively) and expressive voices (perceived negatively). Finally, it is found that Noise
Sensitivity and Age increase the adjusted explained variance of the models.
7
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5.2

Sound identification

The calculation of the source presence ratios has been automatically implemented on the low-cost sensors,
for relevant sources such as Road traffic, 2-wheel motor vehicles, Voices and Birds for examples. The source
identification is realized every second for each source of interest on each sensor. Source identification is
conducted using a deep convolutional architecture that first extracts time-frequency patterns relevant to the
identification of sound sources from each 1s third-octave segment. At inference, presence or absence labels
predicted for each sound source are aggregated over time to obtain the time of presence over the first 10
minutes of each hour. The model is trained on a fully synthetic set of 400 sound scenes of 45s each as
described in [42]. Synthetic scene generation and automatic annotation processes are further detailed in [43].
Results are in accordance with expectations (see [23] for details), highlighting for instance an increase of the
time of presence of birds in the morning corresponding to the sunrise birds chorus, an increase of voices on
Wednesdays and week-ends, and a cars evolution following the rhythms of the days.

5.3

The cartographic web portal

To highlight the results on a map, a cartographic portal has been set up. Publicly available at
http://cense.noise-planet.org/, this website allows users to navigate the map (with the classic zoom and
address search functions) and to consult the calculated indicators in detail. Figure 4 illustrates some
screenshots of layers accessible to the user.

Figure 4 – Traffic (left), birds (middle), and expressive voices (right) layers, which represent the presence
ratios of different sources.

6

Conclusion

The CENSE project, funded by the French Research National Agency from 2017 to 2021, aimed at
improving the characterization of urban sound environments, by combining in situ observations and
numerical noise predictions. The project, which is drawing to a close, has produced advances on:
• Enhancing the noise production process and proposing a sensitivity analysis for noise mapping [20];
• Designing and deploying a low-cost sensor network, as well as a data archiving [21];
• Proposing data assimilation techniques applied to sound levels prediction [22];
• Characterizing urban sound environments through sound recognition and perception advances [23].
The reader can refer to the corresponding Euronoise papers, or to the literature produced during the project,
for in-depth results. The main encountered limitation consisted of the technical difficulties linked to the
sensor network maintenance, which has desynchronized part of the perceptual study from the physical data
collected, and necessitated that the work on data assimilation be done on another measurement network.
However, this in no way calls into question the scientific results of the project. The CENSE network being
now operational, it will allow researchers to answer many scientific and technological questions regarding
the characterization of the urban sound environment. Finally, the CENSE project opens up many avenues of
research, for example on the enrichment of the input data with other sources of traffic and acoustic data, on
the production of perceptual noise maps, or on the use of sensor networks for decision making.
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Abstract
The urban sound quality depends not only on the perceived loudness, but also on the perceived presence
ratios of traffic sounds, human sounds and sounds of nature. In the framework of the CENSE project, these
perceptual variables (presence ratios of traffic, voices and birds) have been estimated automatically, thanks
to a deep learning process, from acoustic data collected on a network of sensors in the city of Lorient. The
time evolutions of these sound presence ratios follow the day rhythm of the city (birds singing during the
sunrise, regular pattern for the traffic, voices during weekends along the walking areas, etc.). In parallel a
questionnaire sent to the population made it possible to propose a sound quality model adapted to the city of
Lorient. The crossing of the measurements with the perceptual data is under process, as well as the
development of a cartographic representation of the sound quality, with a focus on the presence of these
sound sources.
Keywords: urban sound quality, sound source identification, soundscape, sound perception.

1

Introduction

In collaboration with the City of Lorient in the framework of the CENSE project, a sensor network has been
deployed on public lighting networks. The spatial distribution of the sensors is quite dense, with about 120
low cost sensors for an area of 1 km². This is denser than similar networks in other cities such as New York
City [1], Rome [2], Antwerp [3], or Jena [4]. Third octave bands are calculated every 125 ms on Lorient
sensors, in order to acoustically characterize the sound environment, as a monitoring system. But, going
further than just the sound levels, these data should allow to perceptually characterize the soundscape as it is
defined in the ISO [5] standard “acoustic environment as perceived or experienced and/or understood by
people, in context”, as soon as acoustic measurements could correspond to perceptual data.
For outdoor urban contexts, previous studies have already proposed links between sound quality (which
corresponds to a pedestrian point of view) and acoustic measurements. In [6] the sound quality defined as the
pleasantness of the soundscape depends on percentile sound levels:
SQ = 18.67 − 0.20 L50 − 0.02 (L10 − L90)

(1)
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In [7] the sound quality (SQ) model (eq.3) introduces a new acoustic indicator TFSD which corresponds to
the time and frequency normalized deviations of a sound spectrogram. It aims at describing the time
variations within specific octave bands, which are characteristic of the sound source.

(2)

where L(f, t) is the octave spectrum of the signal, f varying from 31.5 Hz to 16 kHz. This indicator can be
used with third octave bands, and is quite robust to the frequency limits.
The sound quality is then calculated as:
SQ = 30.18 − 0.16 L50,1kHz + 8.92 TFSD500Hz,1s + 2.99 TFSD4kHz,1/8s

(3)

But the variances of the sound quality data explained by these acoustic models are always less important than
the explained variance based on perceived source identification models. For example, in [1] for Paris the best
perceptual model is:
SQ = 8,11 – 0,38*OL – 0,15*T + 0,20*V + 0,15*B

(4)

where OL corresponds to the Overall Loudness, T is the percentage of time when the traffic is heard, V and
B correspond respectively to this percentage of time for Voices and Birds.
It can be noticed that in the equation 3, the 500 Hz octave band supports the voice energy whereas the 4 kHz
band supports the energy of bird songs.
For indoor comfort (which corresponds to an inhabitant point of view), most of researches have focused on
building insulation, described with Rw [8,9], but this approach could not reveal the load of the semantic
behind the sound. It is clear that Rw cannot explain why inhabitants cannot bear the expressive voices in the
evening, heard inside their home, but like hearing bird songs. Dedieu et al. [10] showed that sound quality
inside a living room depends on the type of sound (traffic, birds, neighbor television, etc.), on personal tastes
(preferred style of music, ventilation masking) and on balance between sounds coming from outdoor and
sounds coming from neighbors [11].
So, in the CENSE project, we focused on the perceived sound quality and on noise annoyance for pedestrian
point of view (soundscape characterization) as well as for resident point of view (at home situation). As these
perceptual characteristics depend on perceived sources, we also focused on the possibility to measure
automatically the sound source presence ratios on the sensors, in addition to classical level indicators.

2

Questionnaire campaign

The sound quality and the noise annoyance has been assessed for both the pedestrian and inhabitant points of
view thanks to a questionnaire that has been sent by postal mail to about 2000 inhabitants in the city center
of Lorient between January and March 2019. It was divided into four parts. The first one concerned the
sound environment quality. The second part focused on sound sources. The third part concerned the
annoyance for both points of view. A last part was dedicated to collect personal data.
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2.1

Detailed description of the questionnaire

In the first part, people were asked to assess the quality of the sound environment in their neighborhood and
then in their street (when walking or cycling home). This section concerned the Short-Term (ST) assessment
and was composed of semantic differential scales (7 levels) inspired on the Swedish protocol [12]. The
French semantic anchors (in italic) and the proposed English translations are presented below:
•
•
•
•
•
•

Désagréable/Unpleasant …. Agréable/Pleasant
Inerte, Amorphe/Inert …. Animé, mouvementé/Eventful
Bruyant/Noisy …. Silencieux/Silent
Ennuyeux, Inintéressant/Boring …. Stimulant, Intéressant/Exciting
Agité, Chaotique /Chaotic …. Calme, Tranquille/Calm
En inadéquation avec vos attentes/In inadequacy with your expectations …. En adéquation/In adequacy

Then, in a second part, the participants had to fill a table about the perceived time of presence ratio and the
perceived loudness of 13 sound sources that they can hear when they come in or out of their home, on foot or
by bike, on their street, thinking about a year. So, the presence of the sources has been questioned with a
Long-Term (LT) approach with the possibility for respondents to precise the season when the source was
specifically heard. The taxonomy had been based on soundwalks on sites made by the authors, and on
literature [13,14]. The outdoor sources that had to be assessed were Road traffic, 2-wheel motor vehicles,
Sirens or alarms, Rail traffic, Air traffic, Urban maintenance (cleaning, garbage...), Calm voices
(conversations), Children's voices (schools, playgrounds), Expressive voices (festive voices, laughter,
shouts), Music (from bars, restaurants, shops...), Wind in the vegetation, Small birds, Gulls. This last
category was proposed because Lorient is a harbor city with several complaints in the local press about the
noise of gulls. Participants could add other sources if needed, and could also add free comments.
A third part focused on the Long-Term annoyance, assessed with questions inspired from ICBEN Guidelines
[15]: “Thinking about the last 12 months, when you are (- at home with your windows closed, - at home with
your windows open or on your balcony or in your garden, - in the street, when you arrive at home by bike or
on foot) how much does (- global noise, - noise from each source) bother, disturb, or annoy you: Extremely,
Very, Moderately, Slightly or Not at all?”
The last part was dedicated to personal information: noise sensitivity of the inhabitants based on the 6-item
Weinstein's noise sensitivity scale (WNSS) [16], gender, age, socio-professional category, membership (or
not) to local groups against noise. People had also to provide their address and a set of questions on their
housing.
•
•
•
•
•
•
•

Tenant / Owner Courtyard or garden area? (yes/no)
Has quiet room? (yes /no)
House/Apartment Living space overlooking the street? (yes/no)
Double glazing? (yes /no)
Time of occupancy? (<1 year, 1-3 year, >3 year)
Living space with a view on natural elements? (no, a little, a lot)
Insulation of the facade <10 years ago? (yes/no)

More than 300 people completed the questionnaire (exaclty161 sent back the paper form and 157 answered
through Internet). A draw has been held for 5 gift certificates of 50 €. Figure 1 shows the study area and a
heat map of the responses.
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Figure 1: Heat map of the location distribution of the inhabitants who completed the questionnaires. Small
points represent the sensors, and the larger light blue point corresponds to the analyzed sensor (see § 3.2).
2.2

Analysis of data: Models for pleasantness and annoyance

2.2.1 Outdoor pleasantness and outdoor annoyance
Analyzing the questionnaire, it has been possible to propose linear regression models [17] to predict ShortTerm Outdoor Pleasantness (ST_OP) and Long-Term Outdoor Annoyance (LT_OA) with statistically
significant variables. Below are presented the selected variables with the sign of the standardized coefficients
(following their rank order) that appear in the Linear Regressions (LR) for Pleasantness and Annoyance,
with the corresponding Adjusted R squared.
ST_OP = LR (- Overall Loudness, - Road Traffic, - Air Traffic, - Expressive Voices, + Birds)
Adjusted R squared 44%

(5)

ST_OP = LR (- Overall Loudness, - Road Traffic, - Air Traffic, - Expressive Voices, + Birds, - Noise
Sensitivity) Adjusted R squared 47%
(6)
LT_OA = LR (+ Overall Loudness, + Presence of Two Wheels, + Railway Traffic, - Birds)
Adjusted R squared 29%

(7)

LT_OA = LR (+ Overall Loudness, + Presence of Two Wheels, + Railway Traffic, - Birds, + Noise
Sensitivity) Adjusted R squared 36%
(8)
Overall Loudness (rated on the Noisy/Silent scale) appears in all models at the first place showing that this
variable is the most influent one. The louder the environment, the less pleasant and the more annoying. The
expressive voices have a negative influence on the sound pleasantness (eq. 5), which is opposed to previous
findings (eq. 4). Literature has already revealed that the influence of the human presence depends on the
context [18]. Participants that are more sensitive to noise rated the sound pleasantness in a lower part of the
pleasantness scale and in an upper side of the annoyance scale, compared to non-sensitive persons. The
sound pleasantness is easier to explain with the linear models (R²adj. ≈ 40%) than annoyance (R²adj. ≈ 30%).
It shows that annoyance is a complex notion which involves more individual factors than sound pleasantness.
4

1114

2.2.2 Long-Term Inside Annoyance (LT_IA)
Participants were asked to rate the annoyance when windows are open and closed. For open windows the
models consider the difference of calm voices and expressive voices. If participants hear calm voices coming
from outside when they are at home, it reduces noise annoyance, but if voices are intrusive like expressive
voices, then it increases annoyance.
LT_IA (Open Windows) = LR (+ Loudness, + Presence of Two Wheels, + Expressive Voices, - Calm
Voices, - Birds) R²adj. 35%
(9)
LT_IA (Open Windows) = LR (+ Loudness, + Presence of Two Wheels, + Expressive Voices, - Calm
Voices, + Noise Sensitivity, + Age) R²adj. 40 %
(10)
LT_IA (Open Windows) = LR (Negative Intercept, + Loudness, + Presence of Two Wheels, + Expressive
Voices, - Calm Voices, + Noise Sensitivity, + Age, - Presence of Quiet Room) R²adj. 44 %
(11)
For closed windows, the calm voices are not influent as they are not anymore heard. Expressive voices are
then associated with Music from bars and restaurants. Birds keep influence because if they are hear behind
closed windows, it means that their presence is quite strong.
LT_IA (Closed Windows) = LR (+ Loudness, + Presence of Air Traffic, + Expressive Voices, + Music from
bars, - Birds) R²adj. 34%
(12)
LT_IA (Closed Windows) = LR (+ Loudness, + Presence of Air Traffic, + Expressive Voices, + Music from
bars, - Birds, + Noise Sensitivity, + Age) R²adj. 37%
(13)
LT_IA (Closed Windows) = LR (Negative Intercept, + Loudness, + Presence of Expressive Voices, + Noise
Sensitivity, + Age, - Presence of Quiet Room in the housing) R²adj. 40%
(14)
Noise Sensitivity and Age increase the adjusted explained variance of the models. In the Lorient corpus,
these variables are not correlated (r = -0.08). What is interesting is the presence of a housing variable in the
models. It has already been shown that the presence of a quiet side reduces the annoyance, increasing the
possibility to cope with the noise for the residents [19]. Moreover, in equation 11 and 14, the reduction of the
annoyance with the quiet room variable is expressed by the presence of a significant negative intercept in the
models.
It is clear that the presence of sound sources is very important to characterize the outdoor environment as
well as the indoor sound ambiance. So, in the frame of the CENSE project, the calculation of the source
presence ratios has been automatically implemented on the low-cost sensors, for relevant sources such as
Road traffic, 2-wheel motor vehicles, Voices and Birds for examples.

3

Sound identification

The source identification is realized every second for each source of interest on each sensor. As the source
should be identified like a person would do, the masking effect due to source superposition should be
considered. Moreover, we saw that this is the time ratio of sources (that are heard) which has an impact on
pleasantness or on annoyance. So, what would be the good duration for the calculation of these ratios? Time
ratios of source presence change over the time. For the duration of the acoustic measurements. Brocolini et al
[20] showed that a 10-minute measurement is a good compromise: not too long in order to reveal the rhythm
of the days, but not too short to characterize the soundscape of the city location
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3.1

Process

Source identification is conducted using a deep convolutional architecture that first extracts timefrequency patterns relevant to the identification of sound sources from each 1s third -octave segment. The
convolutional layers are followed by batch normalization [21] and rectified linear unit activations. At
inference, presence or absence labels predicted for each sound source are aggregated over time to obtain
the time of presence in third-octave measurements of arbitrary duration. In our case, a 10-minute duration
has been chosen to be in line with the optimum measurement duration.
The model is trained on a fully synthetic set of 400 sound scenes of 45s each as described in [22]. Sound
scenes are simulated with the simScene Matlab 1 library by combining background noise recordings and
extracts representing sound events from sources of interest recorded in Lorient. The source categories,
signal-to-noise ratios, and inter-onsets characteristics of sound events are drawn semi-randomly from
normal distributions. The corresponding parameters, as well as the overall sound level of each scene , are
conditioned on a desired type of sound environment: quiet street, noisy street, very noisy street, park, or
square. The ground truth composition, i.e. separate channels for each active sound source enables the
training of the deep neural architecture in a supervised approach. Synthetic scene generation and automatic
annotation processes are further detailed in [23]. Figure 2 shows an example of source identification by the
trained model. Only the third-octave spectrogram of the mixed scene (top) is visible to the network.

Figure 2: Example of the source (Traffic, Voices, and Birds) identification for a 45s excerpt. The network is
just fed by the third octave band of the top wav form. The grey parts correspond to the identified sources.
3.2

Results

An extraction of the ratios has been done for different sources of interest, for several sensors, and for
different periods. Only results for the sensor presented in Figure 1, for the four sources (Road traffic, 2wheel motor vehicles, Voices and Birds) and for the period between the 11th of January 2020 and the 11th of
February 2020 are presented in this paper, as an illustration of the results.
The ratios are calculated over the first 10 minutes of each hour. During the four weeks of the month, 744
ratios have been calculated for each type of source (one ratio for each hour). Figure 3 presents the evolution
of the median values for the 7 days of a week (about 4 values for one specific hour of a specific day).
It shows that the percentage of time when birds are heard is maximum in the morning. The automatic
identification and ratio calculation correspond quite well to the fact that birds sing specifically at the sunrise.

1

https://bitbucket.org/mlagrange/simscene/downloads
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For voices, it can be seen that its percentage of presence is more important on the Wednesdays due to the fact
that children do not have school on that specific day in France, and days of the week-end when people do not
work.

Figure 3: Median values of the source presence ratios for birds, cars, voices and motorbikes, calculated over
a month period.
For cars, the time evolution shows the rhythm of the days, with a drop of passbys during the night. The
nights between Fridays and Saturdays, as well as the nights between Saturdays and Sundays, present a larger
activity than during the other nights. The detection of motorbikes (1% and 2% of the time) on the Friday
nights has to be validated with resident comments in the questionnaires.
These results show that the automatic identification of sources and the extraction of the presence of source
ratios are very well in line with the activity of the Lorient city. Including these ratios into the equation (4) or
into the perceptual equations presented in §2.2 for Lorient makes it possible to measure not only the sound
level as a pollution metrics, but also the sound pleasantness as a quality metrics, in the streets as well as
inside the housings of this city.

4

The cartographic web portal

To highlight the results on a map, a cartographic portal has been set up. Publicly available at
http://cense.noise-planet.org/, this website allows users to navigate the map (with the classic zoom and
address search functions) and to consult the calculated indicators in detail.
To facilitate consultation of the data, the results have been organized under headings:
•
Infrastructure: the layers presenting the sensor network
•
Territory (Territoire in French): the buildings in the study area
•
Noise map of LDEN indicator
•
Soundscape (Paysage sonore): the layers resulting from the survey, divided into two sub-sections:
◦ Sound Quality (Agrément): outdoor annoyance, pleasant or not, inert or animated, agitated or calm
layers (Figure 4)
◦ Perceived sources (Sources perçues): birds, road traffic, quiet voices and expressive voices layers
(Figure 5)
7
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Figure 4: Welcome page of the portal, explaining how to visit the different layers.
For each of the layers from the “Soundscape” part, the user can click on a cell to bring up a whole series of
indicators for the layer in question but also for the others, thus allowing comparisons to be made in a very
simple manner. The layers where derived from an Inverse Distance Weighting interpolation between data
collected through the questionnaires.

Figure 5: Traffic (left), birds (middle), and expressive voices (right) layers which represent the presence
ratios of different sources.
From a technical point of view, this platform is based on the following free and open source components:
- PostgreSQL2 and PostGIS3: for data storage and manipulation,
- Geoserver4: for data distribution notably in the form of WMS5 streams,
- MViewer6: for the generation of the mapping platform and all associated functionalities.
2

https://www.postgresql.org/
https://postgis.net/
4 http://geoserver.org/
5 https://www.ogc.org/standards/wms
6 https://github.com/geobretagne/mviewer
3
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5

Conclusion

In addition to the classical acoustic indicator measurements (A weighted equivalent sound levels, percentile
levels), an automatic identification of the sound sources is now possible to measure their presence ratios,
directly on the low-cost sensors. Thanks to simple regressions, it is possible to calculate the sound quality of
the environment, not only with a negative point of view (sound as pollution), but also with a positive attitude
(sound as quality).
During the CENSE project, the storage of the acoustic data extracted from all the sensors has been available
after the perceptual campaign, so it was not possible to cross all the acoustic measurements with all the
questionnaires, by lack of synchronicity. The evolutions of sound source presence ratios have been studied
for a limited number of sensors, making cartographic representation impossible with interpolation.
Moreover, the link between sensor data (acoustic measurements and sound source ratios) and the
cartographic portal was not possible in real time, rendering the web portal static instead of dynamic.
Most of these issues are not scientific problems but need much more time of engineering development than
initially planned. Nevertheless, the scientific issue about the crossing of sensor data with perceptual data is
still not solved. Additional perceptual experiments are still to be organized.
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Abstract
Urban noise mapping can be sped up replacing the traditional noise mapping model with a meta-model. In
the present study, in the framework of the CENSE project, a meta-model was obtained by training on 2000
simulations of NoiseModelling software, on part of Paris. It is based on dimension reduction of inputs and
outputs of NoiseModelling. The reduced model is then approximated by a statistical emulator. The resulting
meta-model can closely reproduce any NoiseModelling noise map for Paris under any typical traffic
condition, but with a computational time about 10000 times lower. The meta-model is then employed to
assimilate acoustic measurements from 16 locations. State estimation, inverse modeling and joint stateparameter estimation are compared and evaluated using cross validation. The most accurate noise map is
obtained with joint state-parameter estimation, without a priori knowledge about traffic and weather.
Keywords: Noise mapping, data assimilation, meta-model, sensor networks, CENSE project.

1

Introduction

Many countries have implemented policies and strategies to reduce noise pollution, of which noise mapping
is a part. The directive 2002/49/EC requires for instance every European agglomeration with more than 100
000 inhabitants to produce a noise map every 5 years, as a starting point for the implementation of action
plans to reduce noise pollution, but also as a tool for communicating between the different stakeholders [1].
As a response, model-based numerical engineering methods have been developed and are currently widely
used to make road traffic urban sound maps: CNOSSOS-EU in Europe [2], FHWA in USA [3], ASJ-RTN in
Japan [4] amongst others. These models provide a good compromise between accuracy and computation
time, and made it possible to quantify the number of people exposed in cities to noise levels associated with
health impacts. They are however criticized on three points. First, the quality of the input data and the
accuracy of the model parameters strongly affect the quality of the noise maps produced [5]. Secondly, it
focuses on noise sources that are considered annoying, and does not reflect the diversity in sources of the
perceived sound mixtures, although research in soundscapes provides evidence on the importance to
characterize this diversity [6]. Thirdly, this method is computationally expensive; thus, it only allows for the
elaboration of maps based on long-term indicators and is not adapted to the production of time evolving
noise maps.
Sound maps based on measurements can help to improve sound mapping [7][10]. Noise observatories enable
to monitor sound levels evolution in urban areas with a fixed network of low cost noise level meters. Maps
interpolated from the data obtained through fixed sound measurement stations have recently been produced
[9]-[13], and form a useful tool to estimate the noisiness of a neighborhood or to give a global overview of
the city sound levels. However, [14] showed that interpolation methods were defective when the spacing
between sensors was too large.
Studies recently proposed to merge the benefits of the two approaches that is combining the spatial
information from the model-based approaches and the temporal information from the observation-based
1
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approaches. [15] built an interpolating model based on observations and a method to propagate the observed
sound level. [16] assimilated observations from mobile phone microphones in order to improve a precalculated noise map. However, this process is useful only when a large number of mobile observations can
be collected for this task. [17] inferred the noise mapping software inputs from noise observation by
estimating the emission sources from the observed noise measurements in the vicinity of the roads by using a
forecasting sequential approach rather than a more spatial approach. These methods can be adapted to
estimate either long-term or dynamic 1-hour maps. The Life project “Dynamap" updated 1-hour noise maps
by scaling the noise levels of pre-calculated noise maps using the observed differences between measured
and calculated original grid data for different classes of roads [18][19]. However, the production of dynamic
maps requires that noise or road traffic data are available continuously, which can be tedious.
The CENSE project relied on a two steps approach to combine measurements and modeling, in order to go
towards faster and more accurate noise mapping:
 A meta-model (also sometimes called surrogate model) is built to statistically reproduce the behavior
of the reference simulation software, Noisemodelling in this case;
 The meta-model is then employed to assimilate acoustic measurements from 16 locations. State
estimation, inverse modeling and joint state-parameter estimation are compared and evaluated using
cross validation.
This paper summarizes the results of the CENSE project in terms of meta-modelling and data assimilation.
The reader can refer to the following papers for more details [20][21][22].

2
2.1

Materials
Case Study

For phasing and data availability reasons, the model was built on data produced on the city of Paris, and not
on the Lorient measurement network of the CENSE project. The study area is located in the 13th district of
Paris, France and covers an area of 3 km2, and is described in details in [6]. It consists of an array of 25
microphones has been deployed across5 the study area in 2015, from which 16 have been selected for the
present study. They have recorded the noise level Lf,i in dB for every one-third octave from 63Hz to 20 kHz
with a time step of Δt = 125ms, from January 1, 2015 to September 30, 2015. The spatial distribution of the
16 sensors is shown in Figure 1.

Figure 1. Distribution of the noise level meters across the studied section
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2.2

Meta-Model

2.2.1 NoiseModelling
The noise mapping software used in this study by which the meta-model is generated is NoiseModelling
(Aumond et al., 2020a). It is an open source software designed to produce1 noise maps, which implements
the CNOSSOS-EU guidelines. It uses as input traffic, topographic and meteorological data. The process can
be summed up by the following steps: the input traffic data along each road is discretized into a set of
punctual noise sources. NoiseModelling computes the emissions. Then NoiseModelling computes the
transmission paths between the sources and the receivers, taking into account the distance propagation, the
number of reflections and diffractions. The software then computes the attenuation along each path. The
sound level at a receiver is finally calculated from the contributions of all sources.
2.2.2 Meta-model method
The meta-model is built in three steps:
 The generation of the training sample;
 The dimension reduction, through a PCA, which aims to select a reduced amount of maps that
explain most of the variance of the noise maps of the training sample;
 The kriging, which interpolates with a statistical method the projected values of the training sample
onto the basis vectors of the reduced subspace.
The training sample is made of 2000 simulations run with model input parameters defined a so-called design
of experiment. The parameters are associated with variation ranges (defining the parameter space) and then
drawn with Latin Hypercube Sampling (LHS) so that they “uniformly” cover the parameter space.
The dimension reduction is carried out with principal component analysis (PCA) on the training sample. It
leads to the representation any model output as a linear combination of PCA maps. Each PCA map
represents a typical variation observed among the training maps. Any output map of the training set is well
reproduced by a linear combination of 4 PCA maps with weights that depend on the model input parameters.
Each weight of the aforementioned linear combination can be seen a function that depends on the model
input parameters. This function is unknown but is approximated using kriging applied to the training set. One
kriging is carried out for each weight, independently.
The meta-model finally consists in applying the kriging, for each weight, at for any given input parameters.
The resulting weights are used to linearly combine the PCA maps, which yields a noise map similar to that of
the complete model run with the given parameters.
Once the meta-model is built, each call with new input parameters takes a very small amount of time (100ms
versus ~ 1 h for the complete model). For more details about the meta-model construction, the reader can
refer to [22].
2.3

Real-time observations

All the noise data is given in global value and in dB(A) because the meta-model is designed to give an output
in dB(A). The real-time 1-hour traffic data on the main roadways of Paris is available online on the city of
Paris open data platform. The real-time weather data has been taken from the Montsouris weather station
near the study area, it is also on open access online. The weather station updates its data every hour in real
time.
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2.4

Data assimilation methods

2.4.1 Purpose of the data assimilation
Data assimilation is the process of combining a noise model simulations and field observations, in order to
build an improved representation of the real noise levels, at least at simulated points (i.e., at model
receptors). One difficulty of the task is that only part of the simulated values (at the model receptors) are
observed. Indeed there are only a few point observations while a numerical simulation includes many
receptors (on a grid or a more complex mesh). Actually, more often than not, observed locations do not even
coincide with any model receptor.
In our context, the data assimilation will make use of a model or a model simulation (simulated noise map)
and field observations at a given time, in order to produce another noise map closer to the real noise map. It
can be seen as a correction on the simulated noise map, induced by the additional information brought by the
observations.
2.4.2 Data assimilation methods
Among all the data assimilation approaches, we compared state estimation, inverse modeling and a joint
state-parameter estimation.
 The state estimation applies a direct correction on a simulation map. It assumes the simulated map is
an priori map with some unknown error at every point of the map. This defines an error map, which
is the difference between the simulated map and the real noise map. This error map (defined at the
model receptors) can be represented as a random vector, assumed to have zero mean and some
variance (matrix) B. The observations are also imperfect and the observational error can also be seen
as a random vector (one component for each observed location), with zero mean and some variance
(matrix) R. Relying on previous definition, we compute the so-called best linear unbiased estimator
(BLUE) which is an improved noise map whose error has minimum variance.
 Another approach is called inverse modeling (IM). In this case, we do not correct directly the
simulated noise map, but instead the input parameters of the noise model, or in our case, of the metamodel. The method allows to determine better parameters, which with the simulated map gets closer
to the observations.
 Joint state-parameter estimation (JSPE) combines both approaches: the parameters are improved and
also a correction of the resulting noise map is corrected. This allows for further flexibility and gives
more room for improvement.
Note that we can rely on a priori parameters (i.e., assumed parameters for the given situation, before
assimilating the observations), or even try to find the input parameters only using the observations, without
any first guess on the parameters.
2.5

Compared interest of different methods

Both methods, IM and JSPE, can work with or without prior knowledge of the input parameters, four
optimization algorithms are therefore analyzed. Table 1 sums up the data necessary to perform the
optimization algorithm for each cost function. If satisfying results are obtained with optimization algorithms
that do not need a priori parameters, then it is possible to expand the inverse modeling data assimilation
processes to a wider range of urban areas where the input parameters values are not known.
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Results

Methods are compared through a leave-one-out cross validation, which consists in removing the observations
of a given microphone from the data assimilation process. Only the observations from the other microphones
are used to correct the noise level distribution. This procedure is carried out for all microphones, one by one,
where only one microphone is removed at a time. The metrics used for comparison are The Bias and RMSE.
Results are detailed in [22]. In brief, the distribution of the bias is narrower for the inverse modeling than for
the meta-model only. It is even narrower when the JSPE is used. All the optimized cost function based
algorithms show better results than the regular BLUE data assimilation procedure for both error margins 1
dB and 3 dB whether we consider the approach with or without accounting for prior knowledge of the input
parameters. The JSPE with a priori parameters shows the best results when considering RMSE. The better
performance of the JSPE is explained by the consideration of the background error covariance matrix.
The method can be illustrated by visualizing the correction map when a specific noisy event occurs (a
popular street festival on the 21st of June). It shows that the positively corrected area is a lively
neighborhood with a high density of bars and restaurants.

4

Conclusion

Several ways of generating noise maps have been evaluated under the CENSE project, in order to take into
account an observation network in the evaluation:
 The first step, consisted in designing a meta-model built in order to reproduce the output of a noise
mapping software (in our case NoiseModelling) of a given area where the inputs are variations of the
noise sources parameters such as the speed and the flow rate of the vehicles, of the noise propagation
such as the reflection coefficient of the buildings or the temperature. It is generated by a learning
sample of input parameters and the resulting noise maps computed by the noise mapping software.
The resulting meta-model is a linear combination of a reduced set of statistically significant
normalized noise maps whose weights are interpolation functions of the projection of the output
noise maps onto the maps of the reduced basis. This method allows to fairly reproduce the output of
the noise mapping software with a much lower computation time, and then, among other
applications, to computed dynamic noise maps in real time.
 The second step is to include the noise level observed through noise level meters scattered across the
study area through two methods, the Best Linear Unbiased Estimator (BLUE), and the inverse
modeling and Joint State Parameter Estimation. The BLUE method adds a correction layer to a noise
map generated by the meta-model, called background, whose input parameters are based on ground
traffic and weather observations. The correction layer is built with an estimation of the background
and observation matrices. The RMSE is reduced by 30% when estimating the performance of this
process through a leave-one-out cross-validation method. The inverse modeling computes the input
parameters of the metamodel which best fit with the observations with an optimization algorithm.
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This method generally gives better results than the BLUE method at the cost of a longer computation
time due to the exploration part of the optimization algorithm. In addition, this method is suitable for
areas where no traffic nor weather ground measures are observed. It is then available for a wider
range of study areas.
This work opens up new research perspectives:
 First, the meta-model created in chapter II which has been used for data assimilation purposes can be
used for several other applications which have not been explored yet in this work. Some applications
can be done in sensitivity analysis, and uncertainty propagation. An other domain of sensitivity
analysis requires a very large amount of calls to the model, the variance based sensitivity analysis
and the computation of the so-called Sobol indices (Sobol, 1990). The Sobol indices of the input
parameters of a noise mapping reference software can only be computed with the help of a metamodel [25].
 Second, the meta-model used in this study for data-assimilation only required a limited amount of
input parameters (dim p = 7). However, it is possible to build a richer meta-model with a larger
amount of input parameters. In addition, it is possible to enrich the weather data. In this study, only
the temperature has been considered as an input, but it is possible to add wind direction and
intensity, hygrometry, probability of of occurrence of favorable atmospheric condition, etc.) which
would lead to a much richer and more complex meta-model and might better approach the real
dynamic noise distribution.
 Third, In this study, the distribution of the observation points across the study area was given as an
input. One may wonder if, for a given quantity of noise level meters, some distribution give better
results than others when conducting the data assimilation process. The CENSE network deployed in
Lorient could support this research.
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Abstract
The relevance of noise maps for large cities following the European Directive 2002/49/EC is questionable,
because of poor quality or insufficient accessibility of input data and the large number of input parameters. In
the framework of the CENSE project, a sensitivity analysis of noise mapping models to their inputs is proposed
in two parts. On one hand, the integration of different sources of data, from academic or open access databases
such as OpenStreetMap, was analyzed. On the other hand, a global sensitivity analysis with the Morris method
was carried out on 15 of the input parameters of the CNOSSOS-EU models (Directive UE 2015/996). These
two studies help to better label and qualify the input data by prioritizing some sources of information and
parameters. All these developments were integrated into the open-source tool NoiseModelling ensuring the
reproducibility of the results. Acoustic predictions were also compared with available online noise maps for a
few French cities.
Keywords: noise mapping, urban noise, Open Street Map, sensitivity analysis,

1

Introduction

The reduction of the noise exposition represents both societal and environmental concerns, in particular for
cities that are subjected to a multitude of noise sources and that count de facto numerous exposed people. In
this context, noise mapping is acknowledged as a relevant tool to diagnose urban sound environments, to
propose action plans to reduce noise annoyance, as well as to communicate with city dwellers. Nowadays,
noise maps are essentially produced by means of numerical simulations, with high spatial precision, from a
census of road traffic noise sources, followed by a sound propagation modelling. However, the relevance of
noise maps for large cities following the European Directive 2002/49/EC is questionable, because of poor
quality or insufficient accessibility of input data and the large number of input parameters.
In the framework of the CENSE project [1][2][3], a specific work package focused on improving the
production of city noise map. A first aspect of this work concerned the optimization and improvement of the
quality of input data, and a second one dealt with the assessment of the sensitivity of the noise maps results to
input data. This paper presents the main outcomes of this work package: the first part presents how spatial
open database can be used to improve the quality of noise mapping process, and the second part presents the
main results obtained from a sensitivity analysis of noise mapping modeling for traffic noise in urban context.
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2

Improvement of city noise map production processes

Collecting input data for noise mapping is often a difficult task, and obtaining good quality data is certainly
even more difficult. A specific process for noise mapping is presented here based on the coupling between an
open source noise mapping software and an open source spatial database that can provide most of the input
data for noise mapping.
2.1

Noise computation method and software

Road traffic noise mapping is performed following the CNOSSOS-EU method [4], which is the mandatory
method in the 2002/CE European directive (END) framework for the assessment of environmental noise [5].
The first part of the model concerns the modelling of the noise emission of each road section and the second
part concerns the propagation of the sound wave between each road section and the receivers. To assess the
population exposed to sound levels that exceed a given threshold, the method also gives recommendations for
positioning receivers around buildings. A background noise of 35 dB(A) is added to the sound levels calculated
at each receiver, to mimic urban background noise and to ensure that realistic noise levels exist for all receivers
regardless of the parameters (even if reflections and diffractions are not considered). Even if a receiver is not
reached by any sound path, this background noise value will be applied.
The NoiseModelling software is used for noise mapping. It is a free and open-source software dedicated to
environmental noise mapping on large-scale outdoor spaces. It can be used as a Java library or be controlled
through a web interface [6]. The CNOSSOS-EU model is implemented for the estimation of road traffic
emissions, as well as for the calculation of its attenuation along propagation paths. NoiseModelling allows
information to be stored at three levels: the noise sources and their sound levels, the geometry of the
propagation paths and finally the transfer matrix for each of the source/receiver pairs. This choice was made
because the computation time of such a software is essentially concentrated into the pathfinding algorithm.
The calculation costs of the CNOSSOS-EU model for both emission and propagation are considerably lower
once the geometry is known and the paths are calculated. We can also determine all possible paths between
sources and receivers and then adapt the attenuation for each of the paths depending of input parameters.
2.2

Input data of NoiseModelling

NoiseModelling can accept input data (buildings, topography, road traffic, ground characteristics, etc.) in
different ways. The most common way is to use data from any available ‘classical’ database (e.g. in France:
database from Cerema, IGN, city administration, etc). Another way is to use OpenStreetMap (OSM) data.
A specific process has been developed to use OpenStreetMap (OSM) data for Noisemodelling groovy script
manages interactions (Figure 1) between NoiseModelling libraries and a spatial database (PostGIS or H2GIS)
for getting most input parameters. Simulation can be performed using a configuration file containing the values
on the input parameters, and results are stored in dedicated compressed folders. All the framework is opensource and available on Github (https://github.com/Ifsttar/NoiseModelling/releases) to ensure the research is
reproducible and adaptable to other case study.
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Figure 1 – NoiseModelling / Geoclimate coupling
Most input data of NoiseModelling came from OpenStreetMap (OSM) data, and are requested, processed and
formatted
by
means
of
the
opensource
geospatial
toolbox
GeoClimate
(https://github.com/orbisgis/geoclimate/wiki). Data are organized as a series of .geojson files in the form of
attribute data from the following GeoClimate layers: ‘zones’, ‘building’, ‘urban areas’, ‘roads’, ‘water’,
‘vegetation’ and ‘road traffic’. NoiseModelling requires at least three geographical layers to be able to predict
noise levels:
- buildings table (Figure 2a) with height information especially ;
- ground properties from tables ‘water’ and ‘vegetation’ that give information on the vegetation height
(low, high) and type (scrub, grass, garden, park, forest, vineyard, hedge, wood, heath, meadow,
grassland, tree_row). The ground absorption coefficient G has been set to 0 for water and hard surfaces,
0,7 for garden, heath, meadow, park, scrub, and 1 for forest, hedge, wood, tree_row (Figure 2b) ;
- roads table (Figure 2c Figure 2d) with vehicle traffic and pavement type information. The good
practice guide WG-AEN [7] gave the association between OSM information and the CNOSSOS-EU
model requirements concerning the road type and category (e.g. trunk road, main road, secondary road,
etc.) that are used to estimate road traffic information (e.g. the speed and flow of vehicles), and the
road pavement.

a

b
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c

d
Figure 2 – Main input data for NoiseModelling from OSM (example of a part of Paris city noise map): a)
buildings, b) ground absorption, c) road traffic, d) road pavements.

2.3

Validation and discussion

OSM-based noise predictions are compared with reference noise map of 5 districts of the city of Paris (the isocontours noise map data are available in the form of shapefiles here: https://carto.bruitparif.fr/). Noise
calculations with OSM data are performed over random grids of receivers at 4-meter high for each district area
(the number of receivers is fixed such as approximately corresponding to 1 receiver every 1000 m2). The errors
made on noise levels at receivers are calculated by comparison with the intersecting reference iso-contours
noise data. Figure 3 gives the distribution of deviations between Lden and Ln maps from OSM-based data and
from reference data. It shows that the noise level estimates are mainly overestimated for OS-based map
compared to the reference one. Input data of the CNOSSOS-EU model have to be improved by refining the
classification of road sections or by using more accurate data than the estimation giving in the guide WG-AEN
[6], which empirical laws between traffic and kind of roads might be too rough or not adapted to French road
traffic.

a)

b)

Figure 3 – Deviations distributions between Lden (a) or Ln (b) calculated from reference data, and calculated
from OSM-based data.
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3

Sensitivity analysis of noise mapping modeling

The quality of input information has not the same importance according to each input parameter. We present
here the main results of a sensitivity analysis of noise mapping results in order to assess for which parameters
it is crucial to have input information of good quality and for which ones rough information are sufficient.
More results are given in [8].
3.1

Method

3.1.1 Sensitivity analysis method
The Morris method [9][10] is widely used for global sensitivity analysis, since it is adapted to models with
quantitative inputs (i.e. physical or configurational parameters) and outputs [8]. It is part of OAT (One At a
Time) methods, meaning that the process of exploring the definition domain makes the inputs vary one at a
time. It consists in repeating an OAT plan (trajectory) randomly in the parameters space, where each input
parameter interval is discretized into a suitable number of levels. The method starts by sampling a set of initial
values within the defined ranges of possible values for all input parameters and by calculating the subsequent
model output. The second step changes the values of only one and calculates the resulting change in model
output compared to the first result. Then, the value of another parameter is changed and the resulting
modification in the model outcome compared to the second run is calculated. This goes on until all input
variables are changed.
For the sensitivity analysis presented in this paper, the total procedure is repeated 50 times (r = 50) for a group
of 15 inputs (k = 15), resulting in 800 simulations. To ensure that the space of exploration does not favor any
area, 500 trajectories are drawn and only the fifty trajectories that maximize exploration are retained (in terms
of Euclidean distance), as described in [11].
Three indicators are calculated with the Morris method:
-

-

-

m is the arithmetic mean of the effect associated with the k-th parameter. In case of an independent linear
dependency, m is the change in the output when the k-th parameter changes by one step (as defined by its
range of variation in Table 1);
m* is the mean of the absolute effect associated with the k-th parameter. It is similar to m but it is the
average of the absolute differences caused by a change in the k-th parameter. This value is interesting to
avoid cancelation effects in the average (as it can be the case for a non-monotonic function);
r is the standard deviation of the effect associated with the k-th parameter. It tells how much the effect of
the k-th parameter changes with the value of this k-th parameter and the values of the other inputs. It gives
an indication of the presence of nonlinearities or interactions between the k-th parameter and other inputs.

3.1.2. Noise computation method and software
The sensitivity analysis is performed here following the CNOSSOS-EU method for road traffic noise that is
implemented in NoiseModelling. To launch many replications of the model, the idea is to store the geometry
of every paths. Then it is possible to recalculate several possible emission levels for the sound sources, and
several possible attenuations for the source/receiver couples, according to the varying parameters. We can also
calculate all possible paths between sources and receivers and then adapt the attenuation for each of the paths
depending of input parameters. For example, if we do not want to consider the reflected paths, we associate an
infinite attenuation to them. A path that would change geometry by a change in the study area, such as the
height of buildings for example, cannot be considered by our methodology.
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3.1.2 Input and output parameters
More than 40 input parameters (either physical or configurational) can be identified when calculating a noise
map using CNOSSOS-EU [12]. Only some of them are prone to generate significant uncertainty in the output
depending on the period of the map considered (hourly, daily, monthly, etc.), the study area, the receiver’s
locations, etc. For this sensitivity analysis, we study the case for which an operator wants to know the
sensitivity of the CNOSSOS-EU model outputs when making monthly day-evening-night maps of road traffic
noise. The proposed sensitivity analysis focuses on 15 input parameters, among which 4 concern the model
configuration and 9 are related to physical inputs. The ranges of variation on the physical inputs were defined
using information on their monthly range of variation over one year for the studied area and the uncertainty
around each input parameter. Table 1 shows the chosen parameters and ranges of variation. Road-related input
parameters are considered to vary homogeneously between three categories of roads depending on their flow
rate. For example, if the vehicle flow rate increases by 10% for medium axes, this is the case for all road
segments of the road network, which have a flow rate included in [300;1000] vehicles per hour. Also, we have
chosen a range of variation between 0 and 1 order of reflection even if reflection 0 is not in agreement with the
CNOSSOS-EU method. However, the cost of the calculation would have increased significantly for higher
orders of reflection. We considered that this cost was too high for results dependent on our case study. Vertical
diffraction has been included as a parameter, although it is not required for road noise maps according to
CNOSSOS-EU. More generally, all ranges of variation and parameters chosen are specific to this study and
should be adapted to any other case study. Above all, our aim is to propose a methodology that can be
replicated, including long-distance sound propagation for peri-urban applications for example.
Table 1 - Sensitivity analysis parameters, related topic reference codes, ranges of variation and step types
(multiplicative * or additive +)
Parameter
Total Vehicle Flow Rate on major
road (>1000 veh./hour)
Total Vehicle Flow Rate on medium
road (300–1000 veh./ hour)
Total Vehicle Flow Rate on small
road (<300 veh./hour)
Heavy Vehicle Ratio)

Variation
[0.7;1.3]

Step
0.2 (*)

Parameter
Variation
Step
Buildings absorption coef [0.5;1.5] 0.33 (*)

[0.7;1.3]

0.2 (*)

Temperature (C)

[6;18]

4 (+)

[0.7;1.3]

0.2 (*)

Humidity (%)

[20;80]

20 (+)

[0;1]

1 (+)

Medium Vehicle Ratio
2 Wheels Vehicle Ratio
Favorable meteo conditions

[2;8]
[2.7;3.3]
[0.7;1.3]

2 (+) Horizontal diffraction
[true/false]
–
0.2 (+) Vertical diffraction
[true/false]
–
0.2 (*) MaxPropagation distance [300;750] 150 (+)

Wind direction (°)

[60;60]

30 (+)

[0.5;1.5] 0.33 (*) Order of Reflection

The sensitivity of the model to input parameters is observed through 3 output indicators:
-

-

The sound pressure level for day/evening/night periods (Lden) at each receiver (dB(A)) The Lden value is
computed as defined in [5]. The traffic flow rate are annual average daily flows for the three-corresponding
periods (day, evening and night);
The Lden value averaged over all receivers on the whole area of the noise map;
The population ratio exposed to a Lden value that exceeds 65 dB (A) on the same area/map;

The result of the analysis therefore includes 3 sensitivity parameters (m, m* and r), for each of the 15 input
parameters, and on 3 observed outputs.
6
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3.1.3 Case study area
The sensitivity analysis presented in this article is part of the CENSE project which includes a noise mapping
case study based on both modelling and sensors deployment, in the city of Lorient, France [1][2][3]. It covers
an area of about 2 km2, in which 14,343 receivers (around 1772 buildings of which 1204 are occupied) were
selected to serve as a support for this sensitivity analysis. The influent input parameters are a compilation of
data collected from Cerema, IGN and the Lorient city council. shows an example of results through the median
Lden value of the 800 simulations in dB(A) representing 9672 inhabitants. Approximatively 24% of them are
exposed to road traffic Lden values above 65 dB(A).

Figure 4 - Study area of the analysis. 14,343 receivers are represented on the map. The color represents the
median Lden value at each receiver over the 800 simulations.
3.2

Results

3.2.1 Sensitivity analysis regarding the population ratio exposed to more than 65 dB(A)
Table 2 shows the results of the sensitivity analysis regarding the ratio of inhabitants exposed to L den values of
more than 65 dB(A) for the 15 varying input parameters of the model (Table 1).
Parameters likely to impact the ratio of inhabitants exposed to levels above 65 dB(A) are especially those
influencing the calculation for receivers at levels close to 65 dB(A). Hence the low importance, for example,
of a parameter such as the mean flowrate at small-axis, which impacts receivers subject to levels much lower
than 65 dB(A). As a result, the most influential parameters/variables in this study are the horizontal diffraction
(Dif_hor), the vehicles flow rate on medium axes (Q med) and the ratio of heavy vehicles (HV) that are two
parameters that influence the calculation of noise emissions, and are therefore particularly influential on noise
levels around 65 dB(A) often observed at the edge of the roads, with short propagation distances. A variation
of 20% in Qmed leads on average to a variation of 3.2% in the ratio of inhabitants exposed to levels above 65
dB(A). A variation of 30% in the ratio of heavy vehicles leads on average to a variation of 2.5% in the ratio of
inhabitants exposed to levels above 65 dB(A). Finally, the m value reveals that the exposed population
increases with these two parameters (m = m*).
The influence of introducing or not the horizontal diffraction in the calculation is also very high, reaching 6.1%
of the affected population. This physically means that 6.1% of the receivers have a level that rises above 65
dB(A) if horizontal diffraction is included in the calculation. In addition, the low r/m* value (r/m* = 0.39) tells
that this is relatively independent of the other parameter values.
7
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Table 2 - Sensitivity analysis regarding the population ratio exposed to more than 65 dB(A): m, m* and r for
each of the parameters
Parameter
2 Wheels Vehicle Ratio
Vertical diffraction
Maximum Propagation Distance (m)
Total Vehicle Flow Rate on small axes
Medium Vehicle Ratio
Favorable meteorological conditions
Order of Reflection
Humidity (%)
Buildings absorption coefficient
Wind direction
Total Vehicle Flow Rate on major axes

m
0.02
0.03
0.04
0.14
0.31
0.17
0.58
0.05
0.38
0.13
1.10

m*
0.02
0.03
0.04
0.14
0.31
0.44
0.58
0.83
0.87
0.95
1.10

r
0.08
0.09
0.22
0.92
0.53
2.12
2.30
2.59
0.39
1.99
1.58

Temperature (°C)

0.14

1.27

2.46

Heavy Vehicle Ratio
Total Vehicle Flow Rate on medium axes
Horizontal diffraction

2.50
3.22
6.09

2.50
3.22
6.09

2.36
0.08
0.09

3.2.2 Sensitivity analysis regarding the mean L den value
The most influential parameter in terms of the mean Lden value (Table 3) is by far the horizontal diffraction,
which leads to a variation of 3 dB(A) of the mean Lden value in this study. This is because some receivers which
are not in ‘‘direct” field with the sound sources (‘‘line of sight” thus which cannot be linked via the side of the
buildings, as receivers inside courtyard) are not reached by any propagation path if diffraction is ignored. Thus,
the sound level at these receivers jumps from the background noise level of 35 dB(A) to a sound level that can
be potentially high. This concerns a limited number of receivers but makes the mean of the absolute effect
jump to a high value.
Table 3 - Sensitivity analysis regarding the mean Lden value: m, m* and r for each of the parameters
Parameter
2 Wheels Vehicle Ratio
Maximum Propagation Distance (m)
Medium Vehicle Ratio
Favorable meteorological conditions
Vertical diffraction
Buildings absorption coefficient
Humidity (%)
Total Vehicle Flow Rate on small axes
Wind direction
Total Vehicle Flow Rate on major axes
Temperature (°C)

m
0.01
0.01
0.06
0.03
0.09
0.01
0.02
0.12
0.03
0.15
0.04

m*
0.01
0.01
0.06
0.09
0.09
0.11
0.11
0.12
0.13
0.15
0.23

r
0.00
0.02
0.01
0.19
0.05
0.25
0.26
0.02
0.28
0.04
0.30

Heavy Vehicle Ratio

0.42

0.42

0.05

Order of Reflection
Total Vehicle Flow Rate on medium axes
Horizontal diffraction

0.46
0.56
3.07

0.46
0.56
3.07

0.43
0.08
0.52
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3.3

Discussion

The choice of input parameters (either physical or configurational) and ranges of variation of their respective
values is partly made on study area considerations and sometimes on arbitrary choices which can be subject to
discussion. Since sensitivity analysis is partly dependent on choice and ranges of variation of those parameters,
conclusions may differ. The choice of background value can be questioned and may potentially influence some
of the conclusions of the analysis. One of the limitations of the proposed methodology is also the inability to
incorporate changes in geometry (e.g. building height). More generally, all results presented are highly
dependent on the selected site, which can be summarized, in our case, as monthly traffic noise maps of Lden in
a European city downtown. Nevertheless, the open-source approach makes it possible to anyone to apply the
present methodology for sensitivity analysis to his/her own city/case study.
Finally, as any model and software, CNOSSOS-EU and NoiseModelling have their own limitations and
approximations, thus the present study, as a sensitivity analysis based on those models/tools, partially
represents these models/tools.

4

Conclusions

This paper presented some improvements of urban noise mapping process by exploring two aspects: the first
one dealt with input data, and the second one with the relative influence of these data on noise mapping results.
We proposed a specific process for noise mapping based on the coupling of an open source noise mapping
software with an open source spatial database that can provide most of the input data for noise mapping. The
noise mapping is performed with the NoiseModelling libraries and a spatial database (PostGIS or H2GIS) for
getting most input parameters. All the framework is open-source and available on github to ensure the research
is reproducible and adaptable to other case studies. The advantage of this process is the use of reliable open
source software and input data. This makes the noise mapping process easier, without compromising the quality
of the results. A comparison between an OSM-based map and a reference map for a part of Paris city validates
the feasibility of the approach. It nevertheless shows some deviations for both Lden and Ln noise levels, which
are probably due to road traffic data used for the OSM-based map estimated from the road type and using the
empirical laws of the guide WG-AEN [7], that might not be adequate.
A global sensitivity analysis of the CNOSSOS-EU model concerning fifteen of its varying input parameters
has also been presented in this paper. The chosen case study is the production of monthly traffic noise maps of
Lden in a city downtown. The screening technique is based on Morris’ method and simulations were performed
with the NoiseModelling v3.0 software.The sensitivity analysis to the input parameters of the CNOSSOS-EU
model highly depends on the location of the receivers. The most influential parameter is whether diffraction
over horizontal edges is considered or not, regardless of the observed indicator, namely the average sound level
over the area or the ratio of the population exposed to more than 65 dB(A). This can be easily explained by the
fact that some receivers may not be reached by a propagation path until this parameter is introduced in the
calculation. When model configuration parameters are excluded from the analysis, it can be shown that for
most receivers, the most influent parameters are linked with the emission part of the CNOSSOS-EU model,
and concern the mean flow rates of the category of the closest road to the receiver.
Many of the results presented are highly dependent on the choice of the case study, the parameters chosen and
their range of variation, but the experience and the method can easily be replicated thanks to the development
of open-source and freely available tools. We therefore encourage practitioners and specialists to use these
tools and methods, which are readily available, to deepen their reflections on model uncertainties and
propagation errors.
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Abstract
Populations are being exposed to environmental noise at levels that impact on both mental and physical health,
with knock-on effects on productivity and economic performance. Current assessments of exposure are often
based on noise levels at building façades, derived from sound propagation models and are usually limited to
long-term average noise levels for periods of the day, night or over 24 hours (e.g. Lden). There is a particular
lack of information on variations in noise throughout the diurnal cycle and over long time periods. In this
study, we deployed 14 low-cost recorders to gather high resolution data on urban noise levels and compared
results with those from a conventional noise propagation algorithm. Daily LAeq and diurnal variations in hourly
LAeq showed considerable variation in space and time with the middle of the day generally noisiest. Some of
these patterns were well captured by the propagation model although it tended to underestimate noise levels
from all sources. Although more work is needed, we suggest that well-placed sensors have the potential to
enhance exposure assessments e.g. on minor roads and where traffic is not the major noise source.
Keywords: noise pollution, CNOSSOS-EU, road traffic noise, noise façade, exposure

1

Introduction

Millions of people worldwide are currently being exposed to harmful levels of noise. In Europe alone, this
figure is estimated to be around 100 million people [1]. There is growing evidence linking long-term noise
exposure to auditory and non-auditory health effects, and premature death [2]. Given its pervasive nature and
the extent of population affected, noise pollution is considered a major public health concern. The 2002/49/EC
Environmental Noise Directive (END) was implemented with the overall aim of establishing a common
framework to assessing exposure to environmental noise within the European Union (EU) [3]. Under the
Directive, Member states are required to produce strategic noise maps to determine population’s exposed to
environmental noise and to apply action plans in areas that need further management for noise reduction. Since
the implementation of the END, several steps have been taken towards the assessment and management of
noise. Among these, was the establishment of a standardised framework, common noise assessment methods
(CNOSSOS-EU) for the generation of strategic noise maps across EU Member States.
1
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Noise mapping is undoubtedly a crucial tool in epidemiological studies, to visualise and determine who is
being exposed to harmful levels of noise pollution. However, the way these strategic noise maps are produced
might be underestimating noise levels at the building facades, and therefore the percentage of people being
exposed. This is mainly because the methods used to calculate and assess noise levels at the building facades
are based on sound propagation algorithms, heavily driven by annual traffic flows, the assumed primary source
of noise. Underestimation might result from the lack of traffic counts in residential areas, or the prevalence of
source noise other than traffic. Health study models are only as good as the data used to derive them, and yet
limited work has been done on the total noise levels from all sources measured at buildings. There is a particular
lack of information on variations in noise throughout the diurnal cycle and over longer time periods, and how
these affect people. This emphasizes the need to investigate the benefit of using sensors capable of capturing
noise from all sources, alongside noise propagation models.
In this study, we deployed 14 low-cost noise sensors across the city of Southampton, UK, to gather high
temporal resolution data on variations in urban noise levels, and compared the results with a version of the
CNOSSOS-EU noise modelling framework [3,4] and an alternative model[5]. We were motivated by
considering the feasibility of improving exposure assessment at the façades of the buildings, by combining
low-cost sensor data with the outputs from a CNOSSOS-EU noise model. This may be especially important at
locations where temporal variability in noise cannot be captured by noise propagation models due to the poor
availability of traffic flow data (e.g. in residential areas), and where the main source of noise is not traffic
related. Although traffic is often the major source of noise within urban environments, especially along major
roads and centres of activity, urban noise results from the combination of a multitude of sounds and noises
from sources other than traffic

2

Methods

The AudioMoth [6] is a low-cost, open-source acoustic monitoring device, originally designed for monitoring
wildlife. It uses a EFM32 Gecko processor, analog MEMS microphone and pre-amplifier with adjustable gain
to record audio from 8000 to 384,000 samples per second onto micro SD card. Prices start at around £53 each
and therefore offer potential for creating a network of audio samplers to be used as the basis for estimating
spatially distributed sound energy levels. In this study, AudioMoth recorders were programmed to gather 60second samples of acoustic data every 10 minutes from 9 May 2020 to 31 October 2020, either on or near the
facades of 14 dwellings in the city of Southampton, UK. The devices used a sampling rate of 48 kHz, 16-bit
depth and saved data as uncompressed wav files on SD cards. Data were collected every day except when
batteries and SD cards were changed or the devices failed (due to water damage). The devices were calibrated
using pure tones in deci-decades from 100 Hz to 19.95 kHz against a Brüel & Kjær Class 1 sound level meter
(type 2250) in the anechoic chamber at the University of Southampton. Using the calibration data, finite
impulse response filters were developed to correct the frequency responses before passing through Fast Fourier
Transforms to extract A-weighted sound pressure levels (dBA).
To remove contamination due to wind and rain, recording times were matched against imputed meteorological
data
from
two
weather
stations
(src_id
25727
from
MIDAS
https://catalogue.ceda.ac.uk/uuid/dbd451271eb04662beade68da43546e1 and “Southampton Weather” from
https://wow.metoffice.gov.uk/). Any recordings made when average wind speed exceeded 5 ms-1 or when rain
was detected at either station were removed from analysis. The processed 60-second dBA (hereafter,
“instantaneous”) readings were binned into hours and the means calculated using logarithmic averaging. This
process corrected for differences in sampling intensity caused by the removal of samples due to poor weather.
This baseline dataset (hourly LAeq) was then used to calculate the standard acoustic measures Lday, Levening, Lnight,
LA16 and Lden. To provide an indication of data variability within hourly LAeq values, we calculated 95% interquantile ranges from the raw data available for each hour. For simplicity, consideration is limited here to LAeq
measures over various time periods, although other metrics could easily be derived from the wav recordings
and may be more appropriate for spatio-temporal analysis. Using LAeq is advantageous because it is often the
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only metric type output from noise propagation models and this facilitates comparison between measured and
modelled noise levels.
Modelled road-transport noise estimates were calculated in accordance to the ‘Common framework for noise
assessment methods’ (CNOSSOS-EU) framework, developed by the European Commission (2002/49/EC).
Annual Average Daily Traffic (AADT) counts and traffic speeds enter the model, along with information
relating to the surface roughness of land cover, building heights, wind profiles and average temperatures in
2020. Topological information was derived from the Ordnance Survey (OS) MasterMap product, and hourly
meteorological information at three stations within 30 km of Southampton city centre were accessed from the
National Oceanic and Atmospheric Administration (NOAA) Integrated Surface Database. AADT counts by
vehicle class for the entire UK road network in 2013 [7], were locally scaled to 2020 levels using the
Department for Transport road traffic statistics at 46 sites across Southampton. CNOSSOS-EU model
algorithms were implemented in PostgreSQL, following the protocol described in Morley et al. [4]. Lday was
also extracted from a land-use regression type machine-learning model [5] for comparison.

3

Results

In total, 261,182 sound recordings were made which reduced to 173,325 for analysis after matching with the
weather data (i.e. about one third were removed due to wind and rain). The instantaneous dBA measurements
ranged from 32.2 to 85.0 dBA, with an average of 50.0 dBA. The lower value probably reflects the floor level
of the AudioMoth as deployed, since the lower measurement limit in the anechoic chamber was estimated as
33.0 dBA from the calibration data. Hourly LAeq ranged from 37.3 to 71.0 dBA, with an average of 54.0 dBA.
As the data were gathered during 2020 when the city was in lockdown due to the coronavirus pandemic, we
ran simple regressions to check for long-term trends in daily LAeq and therefore whether combining the data
across months would be safe. Significant trends were detected at only half the sites (Table 1) and changes were
negative at three and positive at four locations. Among the sites with significant trends over longer runs of data
(>150 days), changes were <4 dBA. We therefore do not consider it problematic to combine the data across
months for the analyses here.

Site
A
B
C
D
E
F
G
H
I
J
K
L
M
N

Table 1. Linear trends in daily LAeq over the period of deployment.
Significance levels: * p<0.05, ** p<0.01, *** p<0.001.
Start date
End date
Days
Linear
dBA change over
deployed
trend
deployment
13/05/2020 20/06/2020
38
NS
10/05/2020 31/10/2020
174
NS
12/05/2020 28/06/2020
47
*
-5.0
10/05/2020 31/10/2020
174
***
-3.4
10/05/2020 31/10/2020
174
*
-2.8
17/06/2020 31/10/2020
136
***
4.3
11/05/2020 31/10/2020
173
***
2.7
17/05/2020 31/10/2020
167
NS
16/05/2020 31/10/2020
168
NS
11/05/2020 18/06/2020
38
NS
13/05/2020 31/10/2020
171
***
3.7
11/05/2020 31/10/2020
173
*
-2.6
11/06/2020 18/06/2020
7
NS
09/05/2020 31/10/2020
175
NS
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Plots of daily LAeq across the days of the week (Fig. 1) showed considerable variation both spatially and
temporally. Apart from the obvious difference that some sites were noisier than others, the degree of variation
between days also differed among sites with some (e.g. A and K) showing little difference and others (E, L
and M) suggesting a weekend effect. Propagation models usually do not consider weekend differences. The
vertical bars in Fig. 1 also indicate differences between LAeq on individual days of 20 dBA or more, suggesting
potentially marked variations in exposure and annoyance.

Figure 1. Variations in daily LAeq with day of the week (Monday = day 1) across the 14 sites. The vertical
dotted lines show the 95% interquantile ranges of the data values.
Diurnal variations in hourly LAeq noise levels differed strongly among sites (Fig. 2), although all suggested at
least some tendency for the middle of the day to be the noisiest time. However, the patterns of variability
indicated various groupings across the city, such as the broad plateau at sites A, G and K, contrasting with the
sharper peaks at C and E. Some of these patterns were captured remarkably well by the CNOSSOS-EU model
(e.g. A, B, D, G, H, I and K) although the elevation of the lines (dashed red v. solid black) frequently differed
with the CNOSSOS-EU model usually underestimating the noise levels. There was also marked variation
4
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within individual hours across the sites. For example, whereas sites A, K and N showed the greatest variation
at night-time, the middle of the day was more variable at sites C and L. The overall impression from Fig. 2 is
that many sites displayed hourly LAeq levels above the thresholds recommended by WHO [8] at least some of
the time.

Figure 2. Variations in hourly LAeq among the 14 sites (solid black line) with the vertical dotted lines show
the 95% interquantile ranges of the data values. The dashed red line shows the output from the CNOSSOSEU model.
Among all the noise metrics examined, the field values exceeded the modelled values with bias typically
between 7 and 11 dBA (Table 2). This strongly suggests that in this city, propagation models based on traffic
counts markedly underestimate noise levels from all sources (see Conclusions for possible explanations). The
machine-learning model [5] showed a smaller difference than the CNOSSOS-EU model [4] from the sensor
data, slightly overestimating Lday, but this perhaps is not surprising since it was also derived from field
measurements. Even so, it only weakly matched the rank order of measured values from this study, suggesting
scope for improvement.
5
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Bias

A
B
C
D
E
F
G
H
I
J
K
L
M
N

Site

70.4
48.6
55.0
65.8
53.7
54.5
61.7
51.1
56.5
52.6
67.4
56.6
47.3
65.3

Measured

9.6 ± 5.04

CNOSSOSEU
45.2
49.0
38.0
50.6
37.9
58.8
64.5
45.7
46.7
37.5
60.1
51.7
40.0
45.8

-0.8 ± 3.76

60.8
50.8
55.6
60.7
54.2
63.0
60.4
55.5
55.4
52.1
59.8
69.6
57.7
62.6

ML model

67.1
43.8
43.4
60.5
43.5
48.9
59.0
45.2
51.5
45.9
64.8
51.3
46.7
62.5

CNOSSOSEU
42.1
45.5
36.5
47.3
36.4
55.1
60.3
42.3
43.5
36.2
56.6
48.1
37.8
42.7

7.4 ± 4.77

Measured

6

CNOSSOSEU
39.0
41.4
35.5
42.6
35.5
50.8
56.1
39.0
40.1
35.4
52.2
43.5
36.0
39.4

10.2 ± 4.79

65.2
43.3
44.4
58.5
43.2
48.5
56.0
45.5
52.9
52.5
62.4
50.3
43.0
63.0

Measured

69.8
47.9
53.8
65.0
52.5
53.6
61.2
50.2
55.7
51.6
66.9
55.7
47.1
64.7

CNOSSOSEU
44.6
48.4
37.7
50.0
37.5
58.1
63.7
45.1
46.1
37.2
59.5
51.0
39.5
45.2
9.4 ± 4.98

Measured

CNOSSOSEU
45.5
48.1
41.5
49.5
41.5
57.5
62.8
45.5
46.7
41.4
59.0
50.4
42.2
45.9
11.4 ± 4.70

72.9
50.8
54.2
66.9
53.0
56.2
63.9
53.0
59.8
58.5
70.1
58.2
50.7
69.7

Measured

Table 2. Comparison of estimated dBA metrics for the 14 sites in Southampton based on field measurements and the CNOSSOS-EU model [4] and
Machine-Learning (ML) [5]. Bias [9] estimates by how much the measured values exceed the modelled values (mean ± 95% confidence interval).
Lday
Levening
Lnight
LAeq16
Lden
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4

Conclusions

To our knowledge, this is one of the first applications of the AudioMoth [6] for the monitoring and assessment
of anthropogenic noise in urban areas. AudioMoth devices have many of the characteristics recommended for
low cost noise sensors [10] and with appropriate frequency response correction (necessary to calculate dBA),
we encourage their application in further studies.
Our preliminary analysis of the noise levels recorded at building facades and the output of the CNOSSOS-EU
model shows both marked similarities in some respects and strong differences in others. The key to moving
forward is to understand how these similarities and differences arise, and therefore what can be done to ensure
noise assessments capture population exposure to both source-specific noise and total noise. The similarities
in the patterns of diurnal variations between measured and modelled noise levels is encouraging. Since the
primary determinant of this pattern in the CNOSSOS-EU model is traffic counts and traffic speed, this might
suggest that the changes in measured noise similarly reflect traffic flows. However, the elevations of the curves
in Figure 2 indicate substantial differences in the levels of measured and modelled noise. A possible
explanation might be that traffic was not the dominant source of noise in the city, yet the pattern of change
might suggest it is. Both the CNOSSOS-EU model and the recordings were made during the coronavirus
lockdown when flights, trains and ship movements were minimal, and many businesses were closed. Given
this, it is not easy to identify an alternative dominant noise source. Indeed, if traffic noise is not the primary
source, relying solely on traffic counts to model noise might lead to underestimations of exposure. Further
work is needed to assess the spatial variations in the coincidence of the curves in Figure 2 because this might
indicate the cause of the differences. Traffic counts are not available for all roads and the methods used to
extrapolate them to all roads may introduce unknown errors into noise models. Well-placed sensors have the
potential to capture differences across space and time that can enhance exposure assessments from existing
noise propagation algorithms through some form of integrated model.
While it may be argued that sensors are advantageous because they capture noise from all sources, this can
also be a disadvantage as not all sounds are equally annoying. For example, a bird singing next to a recorder
may dominate a recording and produce a high LAeq yet result in minor annoyance with no harm to anyone
nearby. Such events, however, tend to be episodic and should not impact longer term noise measurements from
well-placed sensors. A key issue in any noise exposure assessment is that summary indices such as equivalent
noise levels conceal a multitude of issues. As Wunderli et al. [11] highlight, “...[LAeq] is the best of all the bad
noise exposure metrics”. Even so, we know far too little about how long term exposure to intermittent noise
affects people compared with short-term exposure at higher volumes with the same LAeq. Full spectrum sound
recordings from sensors offer the potential for the development of far more appropriate indices through postprocessing than noise propagation models can currently provide. More studies are needed to look at the utility
of low-cost sensors to supplement noise models (e.g. in epidemiological studies for sensitivity analysis on the
relationship of changes in noise levels and health conditions), or provide alternative exposures where total
noise levels are of interest.
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Abstract
The recent surge of machine learning models for wireless sensor networks brings new opportunities for
environmental acoustics. Yet, these models are prone to statistical deviations, e.g., due to unforeseen changes
in recording hardware or atmospheric conditions. In a supervised learning context, mitigating such deviations
is all the more difficult that the area of coverage is vast. I propose to mitigate this problem by applying a
form of adaptive gain control in the time-frequency domain, known as Per-Channel Energy Normalization
(PCEN). While PCEN has recently been introduced for keyword spotting in the smart home, i show that it is
also beneficial for outdoor sensing applications. Specifically, i discuss the deployment of PCEN for
terrestrial bio-acoustics, marine bio-acoustics, and urban acoustics. Finally, i formulate three unsolved
problems regarding PCEN, approached from the different perspectives of signal processing, real-time
systems, and deep learning.

Keywords: acoustic signal detection, bioacoustics, far-field acoustics.

1

Introduction

The human ear exhibits a remarkable ability to decode acoustic events from a distant source. For example, a
recent study has evaluated the intelligibility of shouted speech in a forest environment, and reported a
classification accuracy of 75% for 17 French words at a distance of 90 meters [1]. What makes far-field
recognition a challenging task is not solely that acoustic waves gradually decay in intensity as they spread
away from the source, but also that they undergo absorption and reverberation depending on the propagation
medium. These effects tend to alter the shape of the acoustic event of interest in terms of temporal envelope
as well as spectral envelope. Moreover, the absorption spectrum of air is itself altered by meteorological
variables such as temperature, pressure, and humidity [2]. Hence, in the context of acoustic sensor networks,
guaranteeing the robustness of machine learning systems against missed or erroneous detections calls for
distributed signal processing techniques which take these factors of variability into account.
Auditory neurophysiology provides useful domain-specific knowledge about the problem of far-field
acoustic event detection, which can potentially be transferred to the domain of acoustical engineering.
Whereas the recognition of speech involves high-level cognitive processes related to linguistic competence,
meaningless stimuli such as dynamic ripples as less prone to individual learning effects; in this way, they
shed light on the early stages of our auditory system [3]. At the level of the cochlea, two functional elements
explaining the ability of human listeners to identify distant sounds are:
1. the band-pass selectivity of inner hair cell stereocilia, known as tonotopy [4]; and
2. the loudness adaptation of outer hair cells, known as electromotility [5].
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Although tonotopy routinely appears in machine listening pipelines under the form of time–frequency
decompositions, electromotility does not have such a well-established computational equivalent. For
example, most applications of deep convolutional networks (convnets) in the time–frequency domain operate
on the pointwise logarithm of the mel-frequency spectrogram or constant-Q wavelet scalogram, without any
form of instance normalization. Note that batch normalization, a widespread technique in deep learning, does
not qualify as an imitation of electromotility because its parameters are shared across recording conditions in
the training set and are kept constant in the test set [6].
The situation changed in 2017 with the introduction of a nonlinear operator for post-processing
spectrograms: per-channel energy normalization (PCEN) [7]. The key idea behind PCEN is to divide each
“channel” (i.e., frequency band) in the mel-frequency spectrogram by a recursive estimate of the its expected
value, under an assumption of local weak-sense stationarity. Contrary to batch normalization, the role of
PCEN in the time–frequency domain may be compared to the role of acetylcholine as a regulator of
electromotility in the cochlea [8]. PCEN has shown to outperform the pointwise logarithm on a task of farfield keyword spotting in the smart home and is now a component of the state-of-the-art deep learning model
for automatic speech recognition: LEAF, which stands for Learnable Audio Frontend [9].
In this article, i demonstrate that the application scope of PCEN goes well beyond its original purpose of
recognizing spoken queries (e.g., “OK Google”) in a domestic environment. I review the usage of PCEN in
recent publications from the scientific literature and outline the diversity of noise profiles against which
PCEN is purposed: traffic noise in urban acoustics, insect noise in terrestrial bio-acoustics, vessel noise in
marine bio-acoustics, and so forth. My point of view is that PCEN acts like a self-calibration mechanism for
acoustic sensors: not only does it improve their area of coverage, it also reduces their dependency to spurious
factors of variability; e.g., distance between sensor and source and weather conditions.
Section 2 illustrates the nonstationarity and nonuniformity of background noise in a sensor network named
BirdVox as a motivating example for resorting to PCEN. Section 3 recalls the definition of PCEN and its
known mathematical properties so far. Section 4 discusses the role of PCEN in some recent publications on
outdoor acoustic sensor networks. Lastly, Section 5 formulates three unsolved problems with PCEN.

2

Motivating example

The BirdVox project1 operates a network of nine acoustic sensors near Ithaca, NY, US, with the goal of
monitoring the migration of three families of birds: thrushes (Turdidae), warblers (Parulidae), and sparrows
(Passerellidae). While aloft, these birds produce short vocalizations, known as flight calls, which carry a sort
of “acoustic signature” of the species. Thus, the guiding idea behind BirdVox is to develop a supervised
machine listening system for the automatic detection and classification of flight calls [10].
However, a major difficulty of this approach resides in the fact that supervised learning assumes the training
set and the test set to be identically distributed. Yet, we observe that the mel–frequency spectra of the
acoustic scene surrounding BirdVox sensors follows different empirical distributions depending on the
geographical location of the sensor and the hour of day. Because human annotation for flight calls is
particularly costly and time-consuming, collecting a training set which covers all recording conditions is not
feasible in practice. Therefore, the role of PCEN will be to automatically calibrate all mel-frequency spectra
to an identical distribution, so as to allow statistical generalization from training set to test set.

1

For more information on the BirdVox project, visit: https://wp.nyu.edu/birdvox
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Figure 1 – An illustration of the nonstationarity of background noise in acoustic sensor networks. Each plot
shows the distribution of short-term power spectral density for the same recording session, at various local
times: 6:30 p.m. (top), 11 p.m. (middle), and 4:30 a.m. (bottom). The blue curve denotes the median value
over a period of 30 minutes, while the shaded areas denote interdecile and intercentile ranges over the same
period. The three bird drawings show the typical vocal ranges of three families of birds: thrushes (Turdidae),
warblers (Parulidae), and sparrows (Passerellidae).
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Figure 1 illustrates the nonstationarity of background noise in the BirdVox sensor network; i.e., its
dependency upon hour of day at a specific location. We find that different sources of noise interfere with the
vocal ranges of the species of interest. Before dusk (6:30 p.m. local time), the stridulation of insects covers
two narrow bands which are roughly one octave apart: i.e., at 2-2.5 kHz and 4-5 kHz respectively. At night
(11 p.m.), the sound pressure level of background noise has reduced globally but leaves a passband around 4
kHz. Lastly, shortly before dawn (4:30 a.m.), we notice the presence of anthropogenic noise in the 2-4 kHz
band: in this case, a passing train.
Conversely, Figure 2 illustrates the nonuniformity of background noise in the BirdVox sensor network; i.e.,
its dependency upon location at a specific hour of day. We observe that the power spectral density is
approximately flat near Cayuga Lake (North of Ithaca) but presents evidence of traffic noise on the New
York state route 34 (South of Ithaca) and evidence of biophonic noise near the Shindagin Hollow State
Forest (South-East of Ithaca). These observations indicate that, even at the small scale of 1000 km2 or so,
machine listening in bioacoustics sensor networks faces the challenge of adapting to previously unseen
recording conditions.

Figure 2 – An illustration of the nonuniformity of background noise in acoustic sensor networks. Each plot
shows the distribution of short-term power spectral density for the same recording session at six different
locations in Tompkins County, NY, US. The position of each line plot on the map represents its sensing
location. Axis labels and legend are the same as in Figure 2.
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3

Method

This section recalls the definition of PCEN and explains how it improves the robustness of spectrogrambased acoustic event detectors to spatiotemporal variations of background noise.

3.1

Definition

Let 𝑬(𝑡, 𝑓) be the time–frequency representation of a monophonic audio signal. In full generality, the
variable 𝑓 may correspond to frequency in Hertz, as in the complex modulus of a short-term Fourier
transform; to frequency in mels, as in a mel–frequency spectrogram; or to frequency in musical semitones, as
in a constant-Q scalogram. The first operation in PCEN consists in applying a low-pass filter 𝝓 ! (𝑡) of decay
constant equal to T, thus yielding a smoothed time–frequency representation 𝐌(𝑡, 𝑓), defined as

𝐌(𝑡, 𝑓) = *𝐄 ∗ 𝝓𝑇 +(𝑡, 𝑓),

(1)

where the asterisk symbol ∗ denotes a convolution product and is implicitly broadcasted over different
frequency “channels” 𝑓. The original publication on PCEN [7] proposes to define 𝝓 ! (𝑡) implicitly as an
infinite impulse response (IIR) filter via a first-order autoregressive model of the form:

𝐌(𝑡, 𝑓) = 𝑠𝐄(𝑡, 𝑓) + (1 − s)𝐌(𝑡 − 1, 𝑓).

(2)

A previous publication [11] gives the formula linking the rate parameter 𝑠 and the time scale parameter T.
The next step in PCEN consists in the renormalization per se and involves various pointwise nonlinearities,
yielding the PCEN-transformed spectrogram (or PCEN-gram for short):

𝐏𝐂𝐄𝐍(𝑡, 𝑓) = "#$

𝑬(𝑡,𝑓)

"

"
! , -# .
'($)𝑬∗𝝓𝑇 *(𝑡,𝑓)+

(3)

The parameters 𝜀, 𝛼, 𝛿, and 𝑟 are application-specific and should be adjusted to the task at hand. The librosa
implementation2 defaults to the parameters of [7] and refers to [11] for practical recommendations on how to
seek a good parameter setting manually. Another option is to define PCEN as a differentiable layer in a deep
learning library such as PyTorch of TensorFlow, so that these parameters become trainable via gradient
descent3. Furthermore, this approach allows all five parameters 𝑇, 𝜀, 𝛼, 𝛿, and 𝑟 to be frequency-specific.

3.2

Properties

Intuitively, PCEN hinges on the fact that 𝐌(𝑡, 𝑓) grows in proportion to 𝐄(𝑡, 𝑓) if the frequency band 𝑓 has
stationary magnitudes at the time scale T, thus making the ratio 𝐄(𝑡, 𝑓)/𝐌(𝑡, 𝑓) of the order of one
independent of noise level. Conversely, if the time–frequency region (𝑡, 𝑓) coincides with the onset of an
acoustic event, then we will have 𝐄(𝑡, 𝑓) ≫ 𝐌(𝑡, 𝑓) and thus 𝐏𝐂𝐄𝐍(𝑡, 𝑓) ≫ 1. Therefore, PCEN aims at
canceling the amplitude fluctuations caused by background noise while preserving (and even enhancing) the
local contrast near foreground onsets and offsets.
While the invention of PCEN in 2017 was driven by experimentation in speech processing and prior
knowledge on computational auditory models, newer publications have supported its usefulness in machine
learning for environmental acoustics. In particular, [11] has observed that PCEN converts noise from
2
3

Official website of the librosa package for audio signal processing in Python: https://librosa.org/
For a PyTorch implementation of PCEN, visit: https://github.com/daemon/pytorch-pcen
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acoustic sensor networks into additive, white, quasi-Gaussian noise. Moreover, [11] has proven guarantees of
numerical stability of PCEN with respect to the equalization of 𝐄(𝑡, 𝑓), thus suggesting that variations in the
absorption spectrum of air due to atmospheric conditions has almost no effect on the PCEN-gram.

4

Application scope

This section explains how the aforementioned definition and properties of PCEN can serve multiple
application contexts, among which: terrestrial bioacoustics, marine bioacoustics, and urban acoustics.

4.1

Terrestrial bioacoustics

Going back to the problem statement of BirdVox (see Section 2), the replacement of a log-mel-spectrogram
frontend by a PCEN frontend has significantly improved the ability of convnets to generalize to previously
unseen recording conditions, such as held-out sensor locations or dawn vs. dusk. On a task of flight call
detection (BirdVox-full-night dataset), [12] has reported reductions in miss rate between 15% to 110%
depending on sensor locations. Note that, for this matter, the parameters of PCEN had to be adjusted between
the original indoor application [7] and the outdoor application of BirdVox. Another example of publication
which relies on deep learning with PCEN for terrestrial bio-acoustics is [13], which proposes to classify
flight calls in terms of species, family, and genus.
Interestingly, PCEN is not solely beneficial as a pre-processing stage for machine learning in the timefrequency domain: it can also serve as the basis of feature engineering. A recent study on human vocal
imitations of birdsong [14] has defined the following novelty curve for vocal activity detection:

𝐀𝐜𝐭𝐢𝐯𝐢𝐭𝐲(𝑡) = log =

max. 𝐏𝐂𝐄𝐍(𝑡, 𝑓) − min. 𝐏𝐂𝐄𝐍(𝑡, 𝑓)
F,
median/ # *max.# 𝐏𝐂𝐄𝐍(𝑡 0 , 𝑓 0 ) − min.# 𝐏𝐂𝐄𝐍(𝑡 0 , 𝑓 0 )+

(4)

and managed to accurately segment both bird songs and their whistled imitations into syllabic units4.

4.2

Marine bioacoustics

To the best of my knowledge, the only application of PCEN to marine bioacoustics to date is [15], which
proposes to detect vocalizations from North Atlantic Right Wales (Eubalaena glacialis). To this end, the
paper proposes an analogy between PCEN and spectral flux at the limit case: 𝜀 → 0, 𝛼 → 1, 𝑟 → 0. Denoting
by 𝐏𝐂𝐄𝐍𝟎 (𝑡, 𝑓) this limit case, one obtains a simple PCEN-based definition of perceptual acoustic flux:

𝐅𝐥𝐮𝐱(𝑡) = max 𝐏𝐂𝐄𝐍𝟎 (𝑡, 𝑓) = log =1 + max
.

.

𝐄(𝑡, 𝑓)
F.
− τ − 1, 𝑓)

𝑠 ∑$2
345 𝐄(t

(5)

The definition above is more robust to underwater noise than traditional, logarithm-based spectral flux.
Indeed, the performance metric (MTBFA@50) of PCEN-based 𝐅𝐥𝐮𝐱(𝑡) for whale calls as a distance of 8 km
is the same as the performance of the baseline for near-field sounds below 100 meters. Of course, training a
convnet on log-mel-spectrogram features would outperform a simple hand-crafted feature such as spectral
flux; but the take-home message of this paper is that, even in the absence of any feature learning, PCEN
extends the detection radius of bioacoustics sensor networks, all other things being equal.

4

Link to Python source code for PCEN-based vocal activity detection: https://github.com/BirdVox/oudyk_vihar2019
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4.3

Urban acoustics

A growing number of publications apply PCEN to solve machine learning problems in urban acoustics. The
earliest one is [16], which trained a convnet in the waveform domain to detect and classify sounds in the
URBAN-SED dataset. The originality of this work is that it proposes to learn the time-domain parameters of
the filterbank alongside those of PCEN (see Equation 3). In this sense, [16] is a forerunner of LEAF.
In [17], the authors present a new pretext task for self-supervised learning in urban acoustic sensor networks,
named TriCycle. On the SONYC-UST dataset [18], combining PCEN with TriCycle achieved state-of-theart results. Interestingly, PCEN improved accuracy both on the pretext task and the downstream task while
reducing the sensitivity to sensor location—an observation in accordance with [12] (see Section 4.1).
In [19], the authors propose to apply PCEN as part of an outdoor keyword spotting system. The motivation
behind this work resides in prototyping an accessible interface for urban crosswalks so that visually impaired
pedestrians can interact by voice with the automatic signalization and cross the street safely.
In [20], the authors present a convnet for vehicle engine noise classification. This convnet takes as input a
tensor named “Mod-PCEN” with three dimensions: time, frequency, and amplitude modulation rate. The
third dimension corresponds to the frequency dimension of a short-term Fourier transform (STFT) which is
performed over each frequency bin in the PCEN-gram.
A limitation of PCEN, in its original definition, is that the time scale parameter T remains fixed. To address
this limitation, a recent publication [21] has proposed to extend the definition of PCEN to a multiscale
setting. The key idea consists in varying T according to a geometric progression and stacking all PCENgrams corresponding to each value of T. The resulting three-way tensor may serve as input to the first layer
of a convnet. Intuitively, each slice of the tensor represents a different time scale of stationarity. On a task of
urban sound classification, the authors have observed the multiscale PCEN outperforms single-scale PCEN
across all choices of T. They have also noted that multiscale PCEN is more robust than single-scale PCEN to
random fluctuations in the reverberation time of the acoustic scene at hand.

5

Future perspectives

This section describes three research directions which, in my opinion, have the potential to improve the
theoretical understanding and practical usability of PCEN in the near future.

5.1

Probabilistic analysis

Empirical studies [11, 12] have suggested that the self-calibration role of PCEN can be attributed to two
separate effects: the decorrelation of subband magnitudes on one hand; and their quasi-Gaussianization on
the other hand. As of today, the former effect has received a theoretical justification: [11, Prop III.3] has
proven that the PCEN of a stationary source-filter model 𝒙(𝑡) = 𝒂(𝑡) × (𝒆 ∗ 𝒉)(𝑡) is stable to deformations
] \(𝜔); i.e., the spectrum of the filter 𝒉(𝑡). However, the latter of these two effects (namely, quasiof \𝒉
Gaussianization) remains poorly understood as of today. Formally speaking, i ask under what conditions the
PCEN of some random stationary process 𝑿 approximates a multivariate Gaussian i.i.d. process. This
question has practical importance because draws a conceptual link with unsupervised machine learning,
perhaps in the spirit of variational inference with inverse autoregressive normalizing flows [22].
In this regard, a potential first step could be to assume that 𝑿 is an instance of Gaussian stationary noise.
Under some technical restrictions on the choice of time–frequency representation, its power spectrogram
𝑬𝑿 (𝑡, 𝑓) follows a 𝜒 7 (“chi-squared”) distribution with two degrees of freedom [23]. Then, one could
8
approximate the denominator of Equation (3), *𝜀 + (𝑬𝑿 ∗ 𝝓 ! )(𝑡, 𝑓)+ , by a 𝜒 7 distribution with 𝑘 ≫ 2
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degrees of freedom; and ultimately 𝐏𝐂𝐄𝐍𝑿 by the power transform of a Fisher-Snedecor distribution.
Despite these initial ideas, numerical bounds for the Gaussian approximation of PCEN remain to be found
and a discussion of the general (nonstationary) case is lacking. We leave them as open research questions.

5.2

Embedded implementations

The past few years have witnessed a surge of edge computing in low-cost acoustic sensor networks. Two
examples are SONYC [18], which extracts self-supervised convnet features; and CENSE [24], which
extracts third-octave spectrograms. Machine listening “on the edge”, as opposed to “in the cloud”, brings
new opportunities in terms of privacy by design, of fault tolerance, and of lightweight connectivity. Thus,
given that PCEN is by essence a distributed algorithm, it makes sense to incorporate it within the toolkit of
embedded routines for audio signal processing on low-cost sensors.
Although PCEN was invented by researchers at Google [7] and integrated by researchers at Baidu as part of
a study on “production speech models”5, the product departments of these companies haven’t openly
communicated about it. Thus, it is unclear whether PCEN is actually being deployed on the client side of the
Google Assistant, and likewise for the Baidu DuerOS conversational platform.
At the same time, there is a promising avenue of research in the field of solid-state electronics to implement
PCEN into the new generation of keyword spotting hardware. In particular, [26] has prototyped a CMOS
chip, named “normalized acoustic feature extractor” (NAFE), which comprises a mixed-signal (analog and
digital) approximation of PCEN via an integrate-and-fire scheme. In combination with a spiking neural
network (SNN), this chip achieves state-of-the-art results in keyword spotting, even in the presence of realworld sources of noise (traffic, restaurant, and so forth), while consuming less than 1 μW in total.
Future work should investigate whether PCEN can be made compatible with emerging technologies in
machine listening, such as solar-powered batteryless sensors with wireless IoT connectivity [27].

5.3

Beyond short-term calibration: towards decentralized nonstationary PCEN

PCEN is currently defined as a short-term calibration mechanism, operating at the level of spectrogram
frames. Although this definition has practical advantages, such as a low latency and a small memory
footprint, PCEN also puts strong constraints on the choice of parameters: 𝑇, 𝜀, 𝛼, 𝛿, and 𝑟. Indeed, these
parameters are supposed to be kept constant and shared across all sensors.
In future research, one could imagine relaxing these constraints and allowing PCEN parameters to vary not
only depending on frequency, but depending on the noise profile surrounding the sensor at a given time and
location. Thus, PCEN parameters would themselves become nonstationary and nonuniform: in turn, they
would depend on stationary hyperparameters via the prediction of a neural network, which would govern the
influence of long-term acoustic environment (several hours) upon the calibration of the short-term acoustic
environment (one second or less). This idea bears a similarity with previous work on context-adaptive neural
networks [12].
Making PCEN context-adaptive will introduce a feedback loop in Equation (3), in the sense that the
prediction of a neural network from the input 𝐏𝐂𝐄𝐍(𝑡, 𝑓) will serve as a regressor for the prediction of the
parameters 𝑇, 𝜀, 𝛼, 𝛿, and 𝑟 at the frame 𝑡 + 1. This feedback loop is comparable to a top-down effect in
auditory neurophysiology (see Section 1).

5

Unpublished manuscript (2017) by Baidu Research: https://arxiv.org/abs/1705.04400
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6

Conclusion

PCEN is a simple but effective way of reducing the dependency of spectrograms to unwanted sources of
variability. In this paper, i have argued that, in the context of acoustic sensor networks, it plays the role of a
self-calibrating mechanism. Indeed, it can operate “on the edge” in a purely data-driven fashion, without
communication nor synchronization between sensors. Recent publications in bio-acoustics and urban
acoustics demonstrate that PCEN has a wide scope of applicability. That being said, our scientific
understanding of PCEN is still in infancy. I have listed three unsolved problems regarding PCEN,
approached from different perspectives: signal processing, real-time systems, and deep learning.
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Abstract
Environmental noise has become a major international concern as a polluting agent, affecting both health and wellness
of the population. The use of low-cost sensors to assess people's noise exposure levels enables real-time monitoring of
noise indicators at reasonable production costs.
An Arduino-based real-time sound measurement device is presented in this paper, with wireless download capability
of the measured acoustic levels into a database. This device has been developed within the context of the low-cost
sensor monitoring “SmartPolitech” project, a "living lab" of the School of Technology of the University of
Extremadura in which technology contributes to energy efficiency and user comfort.

Keywords: Low-cost, Noise measurement, Noise Pollution, Wireless Acoustic Sensor Networks (WASNs)

1

Introduction

Incipient technological progress has allowed the development of new “low-cost” systems with high analysis
capacity. These systems, many of them based on open source, enable the user to know a multitude of
parameters in real time, such as activity, pulse and sound of the heart, air quality, temperature and sound in a
bee-hive, etc [1-4]. Setting specific chips in a relatively simple way provides great versatility. Furthermore,
these sensors are usually arranged in networks, mostly wireless, which enable monitoring of physical or
environmental variables, turning the place where the sensors are installed into an experimental and cooperative
space that provides a possibility of research into many aspects of everyday life. For example, through these
networks it is possible to develop virtual replicas of communication infrastructures to help in their management
[5], to track data about the mobility of people to model atmospheric pollution [6], to prevent floods through an
early warning system [7], to know public flow inside buildings [8] or to identify relationships between
physical, spatial and temporal parameters in urban environments [9,10]
Regarding acoustic, Wireless Acoustic Sensor Networks (WASNs) are becoming one of the most used tools
to: measure: noise levels which people are exposed [11,12]; detect noise events; characterize the urban
soundscape [13]; or predict psychoacoustic parameters with a certain accuracy [14]. These networks allow
urban planners to carry out more effective measures regarding noise pollution.
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In this paper, we present a sound measurement device based on open software (and hardware as much as
possible) with wireless download capability. This device has been developed within the context of the lowcost sensor monitoring “SmartPolitech” project, inside the School of Technology of the University of
Extremadura.

2

Methodology

The development of a low-cost sound measurement system, with capability to measure LAeq in real time, has
been carried out following the guidelines of UNE-EN 61672-1:2014 standard [15] as far as electroacoustic
specifications of the device are concerned: A-weighting, frequency range 16 Hz-16 kHz, Fast (F) integration
and dynamic range of at least 60 dB at1 kHz.
The device was developed in four different phases (Figure 1):

Figure1 – Device design process.
2.1.- Stage one. Circuit design
In the first stage, we designed the different electronic circuits that compose the low-cost sound measurement
system. This stage was performed in two steps: First, hardware phase, in which the analogue audio signal
processing was developed (Figure 2); Second, software phase, in which the audio signal was digitalized to be
sent through the WEMOS Wi-Fi ESP8266 integrated device sensor.

Figure 2 – Block diagram for the electronic circuit design.
Device specifications (Table 1) are decisive for choosing the elements that compose the electronic circuit that
will be used to transform the analogue signals picked up by the microphone into digital via software.
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Table 1 – Device characteristics.

An electret 2 V-10 V omnidirectional condenser microphone, Panasonic model WM-61A, with a sensitivity
of -35 dB ± 4 dB (0 dB = 1 V/Pa, 1 kHz), signal to noise ratio greater than 62 dB, has been chosen. This
microphone has a nearly constant frequency response between 50 Hz and 15 kHz (Figure 3).

Figure 3 – WM-61A frequency response.

2.1.1.- Preamplifier design
To obtain the minimum required gain of the preamplifier, it is necessary to obtain its sensitivity, being the
reference sensitivity 1 V/Pa.
𝑆𝑑𝐵 = 20𝑙𝑜𝑔(𝑆

𝑆(𝑉⁄𝑃𝑎 )

𝑟𝑒𝑓 (𝑉⁄𝑃𝑎 )

𝑆(𝑉⁄𝑃𝑎 )

),

−35 = 20𝑙𝑜𝑔 (1(𝑉⁄𝑃𝑎)) ; 𝑆 = 0.01778 𝑉⁄𝑃𝑎.

(1)

(2)

Minimum and maximum voltages provided by the microphone are calculated considering minimum and
maximum sound pressure levels, 40 dB and 110 dB respectively, to be registered by the system:
𝑃

𝐿𝑝 = 20𝑙𝑜𝑔 (𝑃𝑟𝑒𝑓)

(3)

𝐿𝑝

𝑃 = 𝑃𝑟𝑒𝑓 (10 20 ),

(4)

𝑉 = 𝑆 · 𝑃,

(5)
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Minimum and maximum voltages provided by the microphone will be 35 μV and 112.4 mV correspondingly.

The maximum voltage for the signal provided by the microphone is conditioned by the maximum voltage
supplied by the power supply, 5 V. If 6.32 Pa (110 dB) is desired as the maximum pressure value picked up
by the device, the maximum gain of the preamplifier will be:
𝑉

5𝑉

𝐺 = 𝑉𝑠 = 112.4𝑚𝑉 = 44.5𝑉.
0

(6)

For the preamplifier design, two linear amplifiers have been chosen in a row, with the TL071CP integrated
from Texas Instruments. This has an operational amplifier in each integrated, one with a fixed gain of 20 kΩ
and the other with a potentiometer of 50 kΩ. This way we can adjust the gain to the upper limit and avoid
unwanted electrical noise at the same time.

Figure 4– Preamplifier circuit made with Eeschema (Kicad).

2.1.2.- Weighting network design
A-weighting filter design has been carried out following the steps of Gantuz and Peacock´s project [16] and is
based on the Argentinian standard IRAM 4074 [17], whose international equivalent is UNE-EN 61672-1:2014
[15]. In a theoretical way, this standard specifies that the A-weighting is realized with two poles in the complex
frequency plane, located on the real axis at 20.6 Hz to provide the low frequency droop, and four poles on the
real axis at frequencies 107.7 Hz, 737.9 Hz, and two poles at 12200 Hz to produce high frequency droop. The
defined transfer function will be:
4𝜋2 ·122002 ·𝑠4

𝐻𝐴 (𝑠) = (𝑠+2𝜋·20,6)2 ·(𝑠+2𝜋·12200)2 ·(𝑠+2𝜋·107,7)·(𝑠+2𝜋·738).

(9)

The IRAM 4074 standard [17] specifies that the frequency A-compensation characteristics for this filter must
be made with passive circuits of resistors and capacitors. The filter design is shown in the following figure
(Figure 5).
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Figure 5 – A-weighting filter made with Eeschema (Kicad).
The negative feedback operational amplifier placed before the filter takes the high impedance signal picked up
by the microphone and translates it to a very low impedance signal for the filter. In addition, to balance the
voltage drop of the RC circuit, an amplifier has been placed at the output of the filter. The Texas Instruments
TL074CN integrated has been used, which has four operational amplifiers on each integrated.
The frequency response of the filter is similar to the standardized A-weighting curve (Figure 6).

Figure 6 – A-weighting curve. Implemented filter and set curve.

2.1.3.- Half-wave rectifier and RC integrator circuit design
Next we developed a circuit to obtain the energy value of each sound wave picked up by the microphone. As
the registered voltages are very small for very low-pressure levels, a precision half-wave rectifier and a RC
circuit is needed to act as an integrator, providing a magnitude that is proportional to the sum of the energies
of the different frequency components of the sound wave.
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Figure 7 – Precision half-wave rectifier [18].
The use of diodes and resistors ensures that rectifier's operational amplifier does not exit the linear zone when
the input signal changes his sign (positive or negative Vin). It works in a simple way:
 If Vin is positive, diode D1 conducts and diode D2 does not conduct, closing the feedback loop with D1
and obtaining a zero voltage at the output, Vout = 0 V.
 If Vin is negative, diode D2 conducts and diode D1 does not conduct, closing the feedback loop with
𝑅
D2 and R2, obtaining a voltage at the output 𝑉𝑜𝑢𝑡 = −𝑉𝑖𝑛 · ( 2 ). If R2 is equal to R1, we get a perfect
𝑅1

rectification.
This way, the operating frequency would now be limited by the diode capabilities and the properties of the
operational amplifier in the linear region (gain-bandwidth-slow rate product).
For the temporal integration F (fast) of the signal, an RC circuit has been designed to provide its R.M.S. value.
The multiplication of 𝑅 ∗ 𝐶 = 56700 ∗ 2,210−6 = 0.12474𝑠 is equivalent to the time it takes for the capacitor
to charge.

Figure 8 – Precision half-wave rectifier with RC filter made with Eeschema.
At first, the capacitor is discharged (Figure 9). As Vs grows towards positive values, the diode becomes forward
polarized and the output voltage follow the input voltage. This procedure continues until time t1, when the
input decreases faster than the capacitor discharges through the load resistance. At this time, the output voltage
follows the time evolution of this capacitor discharge. At instant t 2, the exponential drop of the output will
intersect with the rise of the input voltage, time in which the diode will conduct again, continuing this process
over time.

Figure 9 – In and out of the Precision half-wave rectifier with RC filter.
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At the end of this stage, an amplifier has been inserted to compensate losses and adapt the signal to the next
step.
2.1.4.- Logarithmic amplifier design
The circuit's converter has 10 bits of unipolar input range, from 0 V to 3.3 V, so 1024 voltage levels could be
represented with a resolution of 0.00322 V per level. As the microphone registers a minimum voltage level of
35.5 µV (2 mPa), the device would have low resolution for low sound pressure levels. To solve this issue, it
was decided to compress the signal proportionally to the logarithm of the input signal using a logarithmic
amplifier, thus achieving a higher dynamic range.

Figure 10 – Logarithmic amplifier for positive input made with Eeschema.
If we assume a negative input point on the operational, V-9, and knowing that the input impedance to the
amplifier is infinite, all the electric current is diverted to de diode D1. Therefore, the diode will be direct
polarized because we have a virtual ground at point V-9 of the amplifier (V-9 = 0 V).
𝑉𝑖𝑛
𝑅12

𝑉𝑜𝑢𝑡

𝑉𝑖𝑛
),
𝑅12 ·𝐼𝑠

= 𝐼𝑠 · 𝑒 𝑁·𝑉𝑇 → 𝑉𝑜𝑢𝑡 = −𝑁 · 𝑉𝑇 · 𝑙𝑛 (

(10)

where:
 Is is the reverse saturation current of the diode.
 VT is the diode thermal voltage. This voltage is equal to k·T/q, where k is the Boltzmann constant
𝐽
(𝑘 = 1.38 · 10−23 𝐾), q is the electron charge (𝑞 = 1.609 · 10−19 𝐶) and T is temperature in kelvins.
It can be seen that the output of the logarithmic amplifier is highly temperature dependent, in addition to being
negative. To turn this signal positive, a linear amplifier has been placed. And a 10 kΩ potentiometer has been
inserted to adjust the output signal. The Zener diode at the end of the analogue process limits the output to 3.3
V, protecting the WEMOS D1 Mini device.
Also, to calibrate the measured signal threshold, it has been necessary to set up a voltage divider connected to
the positive pin of the amplifier (Figure 11).

Figure 11 – Output amplifier and voltage divider for calibration of the threshold of the measured signal made
with Eeschema.
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2.1.5.- Circuit power supply
The device is powered by a 9 V battery, or a power supply, that provides a symmetrical voltage (+9V and
-9V). A 7660S CPAZ has been used to adapt the power to +9V and -9V, at which the board operates. A
LM7905C was used for the negative -5V output and a LM7805C has been used for the positive +5V output.

Figure 12 – Power supply circuit made with Eeschema.

2.2.- Stage 2. Printed Circuit Board (PCB) design and implementation.
Once all the circuits have been designed independently, it is time to put them all together to form the complete
measurement device using Kicad's Eeschema software (Figure 13).

Figure 13 – Complete electronic circuit of the sound level meter made with Eeschema.
The design has been implemented with Pcbnew (Figure 14), including the socket for the Wemos D1 Mini
device for wireless communication. This software makes it possible to send the complete board to production,
avoiding the arduous job of wiring the individual circuits.
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Figure 14 – Final electronic circuit of the sound level meter made with Pcbnew.

Figure 15 – Final electronic circuit of the sound level meter made with Pcbnew.
Due to initial design reasons, the power supply was added at a later time.
In a strictly aesthetic purpose, all the electronics circuits have been placed in a 3d design with two red and blue
LEDs (Figure 16). Red led indicates that the power is on. Blue led indicates that the device is connected to the
server: if it flashes once slowly, the device has successfully connected; if it flashes once faster, the device has
successfully sent the sample.

Figure 16 – Final design of the sound level meter.

2.3.- Stage 3. Device calibration
The device was calibrated according to ISO 1996-1 [19] and 1996-2 [20] standards, using a Brüel & Kjær
2250L class 1 sound level meter as reference, a Brüel & Kjær 4292L omnidirectional source, and a Brüel &
Kjær 2713 amplifier.
First, A-weighted sound pressure level with fast integration of the B&K 2250L and voltage level of the device
were taken, matching pressure to voltage. The sound pressure level was varied at a rate of 1 dB. This way, the
potentiometers were set to adjust the input and output voltages to the values measured with the reference sound
level meter.
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Figure 17 – A-weighted equivalent level vs. voltage approximation.

2.4.- Stage 4. Sending samples to server
Our device connects to the SmartPolitech network as a client of an MQTT client/server message server through
the WEMOS D1 mini device. It is possible to change the time in which we want to send the measurements via
Wi-Fi through a library that accepts the OTA (Over The Air) programming supported by the ESP8266 Wi-Fi
chip included in WEMOS device.

3

Analysis and results

To analyse the reliability of the low-cost device, different measurements were performed, both with the
reference sound level meter, describe before, and with our own device, exciting the environment with pink
noise. The LAeq levels of both were recorded at 10 s intervals for 10 min, increasing the sound level gradually
during this time.
Although with lower resolution, the device follows the time evolution of the reference sound level meter. In
Figure 18 it can be seen that differences are greater at the lowest registered levels, decreasing as these levels
increase. Overall, the levels measured help us to think that the device it can be useful to know the acoustic
situation in several environments.

Figure 18 – Low-cost device vs Brüel&Kjær 2250L.
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4

Conclusions

A low-cost device with the capability to measure A-weighted sound pressure levels has been designed. The
different analogue circuits that compose it have been implemented and described. These circuits are
responsible for conditioning the signal received in the microphone for subsequent digitalization, sending the
collected levels to a server via Wi-Fi through the Wemos D1 Mini microcontroller. This device is suitable for
wireless sensor networks.
Tolerances of low-cost components introduce some imprecision in the analogue circuit and can affect the
received signals. In addition, the dependence on temperature of the logarithmic amplifier, the microphone
sensibility (especially at low levels) and the system calibration are the main factors in the registered level
differences. The device is designed to be as cheap as possible. Any improvements or upgrade to the analogue
components will help to minimize the registered level differences and should not increase much the final price
(for example, a much better microphone cost around 40€, instead of only 5€).
This project was developed both for an educational and research. The A-weighted equivalent level values
registered are useful to get an idea of the acoustic situation of a place, but never to provide conclusive reports
to the Administration. If annoying sound levels were measured with our device in a certain environment for a
prolonged period of time, it would be time to carry out measurements with standardized sound level meters.
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Abstract
Low-cost monitoring and citizen science are natural allies but the citizen’s initiatives have also some
downsides. The chosen measurement locations are in most cases dedicated to local initiatives. In this
publication, the standard citizen science data collection is compared with an approach using an educational
package which includes noise monitoring at the dwellings of the pupils. By design the educational package
results in a random sample of dwellings with a wide variation of traffic condition.
Keywords: citizen science, noise monitoring, population based exposure, education.

1

Introduction

Environmental noise exposure is acknowledged as a relevant component in the burden of disease. A recent
update of the WHO Environmental noise guidelines summarizes the evidence and provides new dose -effect
relationships based on the most recent literature [1]. Most evaluations of the expo-sure of the population are
based on modelling. At the European level, the choice to use noise modelling is standardized within the
framework of the Environmental Noise Directive [2]. Within the con-text of the current Internet-of-Things
and Smart City developments, the potential of including measured noise exposure into the ‘noise impact
assessment portfolio’ is growing rapidly [3]. Integrating these noise monitoring projects into policy and into
population exposure assessments is, however, challenging due to the high cost and relative low numbers of
noise monitoring stations in most projects. The way forward is to build noise monitoring networks with lowcost noise monitors. This path is explored extensively in multiple projects [4, 5, 6, 7, 8, 9, 10]. A high-quality
noise assessment with low-cost equipment is technically within reach [6, 11],yet, the hardware of a typical
low-cost noise monitor, with a long-term qualitative microphone and wind screen, long-term logging
capabilities, network connectivity and spectral analysis still costs about 200 Euros, more than sensors in
similar projects for air pollution monitoring [12, 13]. Moreover, the huge data volume required for noise
evaluations considerably contributes to the complexity of the measurement data collection, while the cost of
the sensor deployment itself is a significant cost and thus a significant obstacle in noise research.
In parallel with these technological developments, the general public increasingly became an important
driver in collecting environmental data to trigger legislative pressure and increase their impact on policy
makers and hence reduce their own health risks. These projects, are commonly referred to as Citizen Sensing
[14, 15] and are considered a subcategory of citizen science. The latter has been defined as participatory
scientific research, with lay people volunteering in science activities like data gathering, data analysis, or
even all steps in the scientific process. It is often considered a novel pathway that helps sc ientists to gather
data in a more efficient way [16, 17, 18, 19]. The added value, the discussions on data quality, pitfalls,
remediation and successes are increasingly represented in literature [20, 21, 22, 23, 24, 25, 26]. Within the
noise context, only few citizen science projects have been implemented [4, 9, 15, 27], mainly due to the
relative high cost of the relative high quality low-cost monitoring systems.
Both citizen science and data based governance are instigated by recent exponential technological
advancements. The transformation of the society into a tech- and data-driven ecosystem urges our
1
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educational systems to adapt accordingly. In response to this urge, education programs in Flanders, Belgium,
are increasingly aiming to orient and prepare our ‘citizens of the future’ towards technology and science
related jobs. Science and Technology, Engineering, Mathematics in education is commonly referred to as
STEM. During STEM-courses, students get introduced to the scientific process and improve their
mathematical and technological skills, often through interdisciplinary teaching modules. The content of this
education package is available in [27]. In this publication, the focus is not on the content of the educational
package, but different types of measurement campaigns are compared and evaluated.

2

Noise data collection: campaign design, applications and shortcomings

The basic approach in noise monitoring is performing high quality noise measurements with a specific and
mostly project specific goal in mind. With the acoustical engineering field, this implies that a wide range of
conditions are to be met, matching the regional legislation on the subject at hand. The typical application is
the evaluation of industrial plants, noise control engineering actions, outdoor activities etc. The noise source
under investigation is in most cases not traffic and when the traffic is evaluated, the industrial plant in
general adds a significant contribution to the normal situation. All of these reasons result in the fact that these
measurement locations don’t fit typical traffic exposure for the general population. For airports, noise
monitoring networks are in place, but again the selection of the measurement locations is organized through
the designated ISO standards and are the locations selected to perform qualitative ‘aircraft-only’ events.
These types of locations can add value due to their high quality equipment and long-term (years) of data but
the post-processing is not focusing on other applications. When these arguments can be refuted, the data is
mostly proprietary and thus inaccessible for secondary applications. Within research projects, more freedom
is allowed but the measurement locations are selected to match the specific scientific goals. If those goals do
not include population based sampling, this data is also not directly applicable to perform population based
exposure assessments. In all of the prior cases, the number of measurement locations is rather low.
In the past, large population based sample have been collected. In Flanders a repeated short-term sampling of
15 minutes in 250 measurement locations was performed between 1996, 2001 and 2009 [28]. This program
was abandoned due to the high cost but the short-term sampling was intrinsically an important restriction on
the applicability of the dataset. This approach was rejected in a recent evaluation of the environmental noise
indicators in Flanders due to the lack of diurnal patterns [29]. In a large study performed in 2000/2001 in
England and Wales, 24 hour noise measurements were collected at 1020 locations. The data is available as
hourly results for a small set of statistical levels (L A01 , LA10 , LA50 , LA90 , LA95 , LAeq and LAmax). The GPSlocations are not made available due to privacy reasons. In parallel a Noise Annoyance Survey (NAS) is
performed on a different set of the population and no spatial relation can be built between the two datasets
[10]. Linking actual exposure to annoyance reports is not possible in that setup.
In summary, population based noise monitoring is rare and expensive. When data is available, many
restrictions apply for the applicability and use –cases of the data. As a result, current monitoring strategies
don’t provide the required information to extend the current knowledge on noise exposure and by
consequence, can’t improve the current state of the art towards noise annoyance assessments, health effe cts
and trends in the exposure.

3
3.1

Standard Citizen Science campaigns
Gentbrugge – evaluation of a highway viaduct

The initiation of citizen science projects -especially in the noise exposure context- is strongly linked to local
conflicts of interest. Highways and quality of green areas in urban settings are typical examples. Within the
IDEA-project, the Ghent University collected data at in-city parks, some of the parks are close to a major
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highway and supported other measurements campaigns as example cases. One of the setups is initiated in the
PhD of the author: the viaduct of the E40 in Gentbrugge, a suburban area at the south of the city of Ghent,
Belgium. The same citizens asked to monitor during a refurbishment project of the viaduct, started just
before the COVID pandemic. In Figure 1, the reference measurement and two month windows of
measurements at a dwelling 300 m from the viaduct are made available. The refurbishment includes the
replacement of the available screens, renewal of the road surface resulting in changing active lanes on the
viaduct, a speed reduction during the traffic works, a reduction of traffic volume due to traffic diversions
during the traffic works, and affected by the traffic changes due to the pandemic. Once the situation in
normalized, an in-depth analysis can be performed to map the changes to the different stages of the viaduct
refurbishment. At the time of publication, night-time traffic is still affected by the pandemic measures, but is
a first evaluation shows a significant drop of the noise levels and a larger decrease during the night-time
compared to the day-time. The data collection continues and more detailed analysis are necessary as soon as
the traffic returns to the pre-pandemic situation.

Figure 1 – Diurnal evaluation of the 15 minute statistical level at a measurement location at 300 m from a
highway on a viaduct: reference measurement in 2015 (top-left) and time windows of one or two month
during road works, screen replacement and noise control measures of the joints during the pandemic.
3.2

‘Meet Mee Mechelen’ – evaluation of a highway

A second example of standard citizen science application is the measurements performed in the wake of an
H2020 project https://mechelen.meetmee.be/ focusing on air pollution. The local people insisted to include
noise in the evaluation of the environmental quality. UGent contributed to a workshop on noise and as a
result, the citizen started to measure noise with the low-cost system. The concept there was to shift a noise
monitoring among the volunteers of the local action group. The results are shown in Figure 2. The citizen
focused on the highway and some exits of the highway in their neighborhood. Five measurement locations
were chosen but the low-cost equipment partially failed and the campaign continued with only one
measurement unit (MP3-water in the box). An important feature is relevant here. At the first location
(plots 1, 2 and 3), the measurements are repeated in the wake of the pandemic in the garden and an
additional measurement is performed at the front façade. The results illustrate the impact of the pandemic
in the garden and show the high peak values at day-time at the façade due to the local traffic. Background
levels at the facade show the shielding of the façade measurement from the highway. More important, the
citizen complains about the highway, not the local traffic in front of his dwelling. L Aeq at the front façade
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is not the sole indicator to evaluate subjective annoyance responses. This subjective information is rarely
included in current noise annoyance assessments and requires further attention.

Figure 2 – Diurnal evaluation of the 15 min statistical level at five measurement locations chosen by local
citizens between 50 and 500 m from a highway, split by measurement set.
At MP4, (plots on bottom row), repeated measurements are performed. The results differ significantly over
the three sets. For the last sequence (from half of April 2021), the measurement location is moved 1.5m but
that doesn’t seem to account for the detected change.

Figure 3 – Diurnal evaluation of the 15 minute statistical level at MP4 by month. Notice the significant
change between December 2020 and March 2021.
In Figure 3, the data collected at MP4 (HB) are presented by month. The change is occurring between
December 2020 and March 2021. The changing diurnal profiles suggest that it is not a calibration issue.
When the equipment is retrieved, a validation of the calibration will be required. The origin of this change is
4
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not known yet. Further analysis for both the impact of meteorological conditions and/or changes in traffic are
planned. The measurements are definitively impacted by the traffic changes related to the pandemic.
Disentangling the effects of the pandemic is difficult but –evidently- highly relevant for future evaluation of
(planned) interventions. Detailed (and funded) evaluation is planned through the environmental working
group of the local city Mechelen.

4

Population based through STEM educational projects

It is evident that citizen based initiatives are highly relevant to gain knowledge on high exposed dwellings
but these initiatives lack the potential to assess the general exposure of the population.

Figure 4 – Diurnal evaluation of the 15 minute statistical of the data collected in one group of pupils,
extended with four other citizen science measurements (PK: suburb local street; TL: in-city narrow
secondary road with bus line; SA: in-city wide local road with tram; DE: primary road at city edge).
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To accommodate this missing information, the author suggest to focus on citizen science applications in
schools and integrate the data collection in an educational package. The focus is science education but the
resulting measurements provide a unique resource for population based noise assessments. The content of the
educational package is presented in prior work [27]. Here we focus on the use of the data. In Figure 4, the
educational dataset is shown, extended with some additional low-cost noise monitoring locations (long-term
at a low exposure location (PK), a secondary road in a city with busses (TL), an in-city local road with a tram
line and a primary road during the pandemic (DK). The additional data points are included to illustrate some
extreme exposure situation for different settings. Noise exposure along bus or tram facilities is significant.
The variation ranges for day, evening and night differ and provide insights in the traffic densities on the
nearby road.

5

Discussion

Understanding the real-life exposure variation in the general population is difficult to assess due to the high
operational cost of noise measurements. The introduction of low-cost noise monitoring with a quality
comparable to at least type 2 noise equipment enables larger measurement campaigns. Decreasing the
operational cost can be achieved by including citizen science approaches. Motivating citizens to measure
noise without local noise issues is difficult. The trajectory as an educational package for schools delivers
opportunities to collect population based exposure samples.

Figure 5 – Spatial overview of the citizen science data collection..
The sampling is significantly different compared to standard citizen campaigns. The type of output is
completely different: the main goal of the educational package is to give insight in the scientific processes,
the multi-disciplinarity of doing science, the mathematical component and most relevant, the meta-data
collection. The educational package itself is extensively discussed in prior work [27]. The main benefit is the
synergy between teachers and scientists. The teachers benefit from the predesigned project and their
overview and evaluation of the work of the pupils in the project enhance the quality of both the
measurements and the collected metadata.
In this practical out roll, some lessons can be drawn to improve the communication and data collection. The
most important missing tool, is a structured method to collect the meta-data for the measurements. Especially
6
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moving the equipment from location to location has to be well documents and a more generalized set of
locations based parameters is required. A non-exhaustive list would be: on-façade or not, distance to façade,
distance to curb-side, local street oriented or not, height of the noise monitor etc.
The pupils also collected traffic counts for short episodes in parallel with the measurements at their dwelling
façade. They use it in an exercise to detect events in the detailed noise measurement sequence. This type of
information might be provided to the scientists as well.
In Figure 5, the spatial extent of the citizens’ science measurement locations is shown. It is evident that the
highway related locations are case specific, while the other data is distributed. The school who took part in
the campaign were not located in major cities. The current sample collected in the pilot is –evidently- not
valid for the Flemish population yet but the pilot does show the potential to cover all potential noise
exposure situations on a regional scale.
Organizing this in a higher level is necessary due to the restrictions on collecting data and metadata in the
framework of the DGPR regulations. The Flemish government is progressing in an out roll for more
structured environmental monitoring. Including the potential of the education package based noise
monitoring in this initiative would result in significant synergies and doing so, accelerate, structure and
integrate the population based data collection in the environmental policy related goals.

6

Conclusions

Noise measurements become more available and more affordable. Large-scale monitoring can add value to
understanding of overall noise annoyance response in the general population. Citizen science can reduce the
cost for collecting data significantly. The type of citizen campaign do affects the potential applications. The
typical trigger for citizen campaigns is high exposure to specific situations and neighbourhoods. To assess
population based exposure, the typical citizen projects fail.
The educational approach illustrates that the noise measurement locations cover all relevant variability in
various noise climates. The educational package is creating a win-win situation for (1) the pupils learning
about science and becoming part of real data collection, (2) the teachers working with a state-of-the-art tools
in a field that is rarely targeted by citizen science, (3) the scientists retrieving valuable data for their research
and (4) the governments add value to their environmental reporting. An additional benefit is the increased
visibility of the environmental noise discipline as a relevant scientific field. It is just a matter of time that
when of our future employees will grab our attention by mentioned their introduction to our field of expertise
by similar initiatives.
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Abstract
This work investigates how to identify the source of impulsive noise events using a pair of wireless noise
sensors. One sensor is placed at a known noise source, and another sensor is placed at the noise receiver.
Machine learning models receive data from the two sensors and estimate whether a given noise event
originates from the known noise source or another source. To avoid privacy issues, the approach uses on-edge
preprocessing that converts the sound into privacy compatible spectrograms. The system was evaluated at
a shooting range and explosives training facility, using data collected during noise emission testing. The
combination of convolutional neural networks with cross-correlation achieved the best results. We created
multiple alternative models using different spectrogram representations. The best model detected 70.8% of
the impulsive noise events and correctly predicted 90.3% of the noise events in the optimal trade-off between
recall and precision.
Keywords: Environmental Noise, Impulse Noise, Machine Learning, Wireless Acoustic Sensor Network,
Convolutional Neural Network

1

Introduction

Environmental noise pollution is a major issue in many urban environments. Some types of noise sources,
such as industry, construction, shipyards and shooting ranges, originates from a particular location, and is the
responsibility of the site operator. To investigate what influence a noise source has on potentially affected
neighbors, one must measure the noise levels at the receiver, while isolating out only the noise that originates
from the source under investigation. When the receiver is in an urban area, there also tends to be many other
time-varying sources present, such as car traffic, airplane traffic, other construction noise and noise from social
activities. This can make it challenging to determine whether a noise event observed at a receiver originated
from the source under study, or some unrelated noise source. Often this requires considerable amount of manual
inspection and skilled data analysis, which is very costly for monitoring over longer periods of time.
To tackle this challenge, we propose an automated system consisting of two wireless acoustics sensors
connected to a server, and a machine learning model to analyze the data. One sensor is positioned at the
noise source under investigation, and the other at the receiver location of interest. The machine learning model
analyzes the data from the two sensors, and determines whether a noise event observed at the receiver originated
at the source of interest.
This solution has been tested in a case-study, using data captured at a shooting range and explosives training
facility.
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2

Background

2.1. Politiets Nasjonale Beredskapssenter
Politiets Nasjonale Beredskapssenter (PNB) is a combined training facility and operative base for the police
special forces in Norway. The site consists of an office building, an airport for police helicopters and training
facilities with indoor and outdoor shooting ranges for rifles and handguns, as well as buildings for practicing
breach and entry with explosives.
A key criterion for the location of the center was proximity to Oslo city and urban area, in order to
ensure fast response times. Another criterion was a location far from residential areas, to prevent disturbance
caused by noise from shooting and explosives used during training. The chosen location combines these two
requirements: It is within 20 minutes drive to downtown Oslo, and noise is managed by extensive noise
abatement measures[1]. Some examples of the constructed measures: Training areas are surrounded by 10
meter tall berms, with additional 2 meter tall noise dampening fences. For the outdoor shooting ranges, the
shooting positions are inside a building that is closed on all sides apart from the shooting direction. Buildings
used for explosives training are fitted with noise absorbing walls and interiors.
2.2. Regulations
In Norway the recommended noise limits for shooting-ranges (and other kinds of environmental noise)
is defined in T-1442/2016 [2]. It defines two zones, a red zone which is not suitable for noise sensitive
buildings, and a yellow zone where noise sensitive buildings may be placed only if measures are made to
provide acceptable noise conditions. For shooting-ranges the red zone is defined by Lden [3] of 35 dB and
LAFmax [4] of 65 dB, and the yellow zone is defined by Lden 45 dB and LAFmax 75 dB. At night (between 23:00
and 07:00) no activity should be allowed.
The local municipality use these recommendations as a starting point, and define the local regulations though
a zoning plan [5]. In the case of PNB, concern for noise from the local residents was very high. For this reason
the authorities set much stricter regulations [6] regarding noise from training activities than the recommended
noise limits found in T-1442/2016 [2]. The additional restrictions include:
1. Training activity is only permitted on Monday - Friday, between 07:00 and 19:00.
2. The number of explosive charges outdoors may not exceed 1250 per year.
3. Maximum number of gunshots per year of 2 000 0000.
4. The yellow and red zone may not exceed the original approved plans.
2.3. Solution requirements
The continuous monitoring of noise requires the use of noise sensors that may operate outside for long
periods of time. These should regularly report the necessary data to a central storage server, so that the data can
be accessed by site operators. For privacy reasons, audio or other speech information should not be transmitted
from (or stored on) the wireless sensors. For this reason, the sensor should process the audio data on the
sensor, and only send privacy-compatible acoustical information to the cloud. Earlier works have shown that
spectrograms with an integration time of at least 125 milliseconds does not have intelligible speech [7]. The
Soundsensing dB20 sensor and data platform fulfill these requirements.
When using two sensors that operating independently, their clocks may drift somewhat with respect to each
other. This means that the data streams across devices will not be perfectly aligned, and an analysis should
accommodate this. In this work, we allow for one sound sensor to be up to ±10seconds behind/ahead of the
other.
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2.4. Related work
The task of detecting short sound events (Sound Event Detection) has featured in several challenges as part of
the Detection and Classification of Audio Scenes and Events (DCASE) workshop series [8][9] [10]. Gunshots
are a part of several datasets for Environmental Sound Classification such as Urbansound8k [11] and ESC-50
[12], and many machine learning models have been investigated on these datasets. Gunshot detection has also
been studied in the context of security systems [13].
An earlier work by the authors, using the same site (PNB) and dataset, focused on the detection of noise
events at the source location [14]. The results presented here are also covered in a master thesis by the primary
author[15].

3

Methods

3.1. Data collection
The data was collected while testing the noise abatement measures, when construction of the site was nearly
completed. In such tests, each tested configuration has the weapons fired every thirty seconds, using five or ten
repetitions [16]. The data collection was done on four different days, two days focusing on noise propagating
to the north, and two days on noise propagating to the west. The receiver locations and weather conditions
were such that sound propagation to the measured area was maximized. Many weapon configurations were
tested at each of the 3 different shooting ranges, and 2 locations for explosives training. There was an emphasis
on the weapon configurations and locations that create the most noise. This makes the data representative of
worst-case conditions in terms of single-event noise experienced by neighbors.
Professional sound recorders were used for collecting the audio data. Recorders were positioned at multiple
locations at the training facility, and in the surrounding area towards the residential area, as shown in Figure
1. Neighbors at the settlement were notified ahead of the tests and data collection, and signs with information
were in place during data collection. The recorders were placed away from areas where pedestrians abide, to
avoid recording of speech.
During data collection, the time and details of each test activity was noted down, including the weapon
configuration, firing location, orientation etc.

Figure 1: Device locations used in model development. Left: Overview, with receiver locations in residential
areas to north and west of site. Right: The training facility and source device location in the center.
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3.2. Data labelling
The recording unit at the center of the site was chosen as the reference data stream. The labels for each
individual noise event (start and end time) was initially generated by using an unsupervised Hidden Markov
Model [17] with two states model on the sound levels. These timestamps were then reviewed and adjusted
based on manually listening to the audio.
The recordings of all the other devices was then reviewed, manually comparing the audio with the
timestamps of the labeled events. There were some offsets in time between the different devices, and these
were compensated for by shifting the data in time to align them with the reference device.
Noise events at the receiver was labeled with 3 levels of how easily the noise could be heard: not heard,
faint and clear. The labeling was done by listening to the recordings, helped by a spectrogram image and
the knowledge that each event was spaced 30 seconds apart. We note that this kind of labeling is highly
subjective and contextual, and that this kind of active, informed and critical listening is likely to overestimate
how noticeable a noise event would be compared to an everyday observer in the residential area. For this reason,
the labels as binary, considering clear as a noise-event, and faint and not heard as absence of a noise-event.
3.3. Sound Event Detection on individual sensors
To detect a noise event in a single device data stream, a Convolutional Neural Network (CNN) was used.
The base architecture can be seen in figure 2. Two models were trained independently, one with data from the
noise source (center of shooting ranges), and the other with data from the noise receiver (near residential area).
The CNN model receives as input a 1-second spectrogram window with 125 ms resolution. Windows are
generated with overlap, using a 0.375 seconds hop. The spectrogram is computed using Short-Time-FrequencyTransform (STFT) and processed with a triangular Mel-spaced filter bank of with 30 bins and then converted
to decibels. Windows that have at least one noise event is given a positive label, and other windows are given
a negative label. A few different spectrogram variations was tested as input to the CNN, by adding the first,
second and third order difference as channels (delta stack), together with the base channel with the original
mel-spectrogram (mel spec).

Figure 2: Architecture of CNN models used to detect noise events.
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3.4. Combining detected noise events to determine origin
The outputs of the two Convolutional Neural Network models is a time-series of predictions range 0.0 − 1.0,
representing the probability of a noise event. The streams for both devices are divided into overlapping
windows with a fixed duration of 26 seconds, allowing for up to 13 seconds of time misalignment (from clock
drift).
Figure 3 illustrates the process of combining the two CNN models. The steps could be summarized in the
following way:
1. If the noise source model detects no activity (noise) at the training facility, noise around the noise receiver
must have another origin. The final prediction for the window is 0.
2. If the noise source model detects activity (prediction > threshold source), the maximum prediction from
the noise receiver model is collected.
3. If the noise receiver model has a maximum prediction higher than threshold receiver, it is considered the
representative prediction for the window.
4. If the maximum prediction is lower than threshold receiver, calculate the maximum cross-correlation
between the predictions from both models. The maximum cross-correlation between the prediction
stands as the final prediction for the window.

Figure 3: Combining two convolutional neural networks to predict noise origin. Each model gives a
time-series of predictions for each 26 seconds window. The highest probability of the predictions is extracted.
Max aggregation is also used between the value from each of the two series.
Two variations of the combined model was created. These variations are denoted bundled one and
bundled two. The bundled one model was a combination of the noise receiver model with mel-spectrogram
representation and the noise source model trained on 3 delta stack-spectrogram representation. The bundled
two model combined a noise receiver model with 1 delta stack-spectrogram representation and noise source
model with 3 delta stack-spectrogram.
Thresholds were set based on performance on the validation set, with the best threshold receiver being 0.6
and threshold source being 0.8.
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4

Results

Performance of the individual noise event detection models that were tested can be found in tables 1a and
1b. At the source, all model variations achieve good detection performance. The 3 Delta stack spectrogram
representation achieves the best average precision (AP) score with 90.1%.
At the receiver, the detection performance is considerably lower. 1 Delta stack achieves the best score
(69.3% AP) and is followed by the mel-spec model.
Model

AP

Model

AP

Mel-spec

89.2 ± 1.1 %

Mel-spec

66.5 ± 27.8 %

1 Delta stack

89.3 ± 1.1 %

1 Delta stack

69.3 ± 23.3 %

2 Delta stack

88.9 ± 1.6 %

2 Delta stack

63.4 ± 27.3 %

3 Delta stack

90.1 ± 2.3 %

3 Delta stack

62.0 ± 28.3 %

(a) results for source model

(b) results at receiver

Table 1: Performance of CNN models at source and at receiver locations. Best models marked in bold.
The performance for the combined model scores are listed in table 2. The precision/recall trade off is
visualized in figure 4.
Model
Bundled one
Bundled two

Precision
90.3 %
66.6 %

Recall
70.80 %
86.07 %

Optimal F1
79.43 %
75.13 %

Table 2: The performance of the combined model. Evaluated on the test set.

Figure 4: Precision-recall curve for the bundled models. The labels bundled one and bundled two represent the
bundled solutions.

6

1183

5

Discussion

5.1. Individual CNN model performance
At the noise source, the CNN model can easily detect the noise events, reaching AP above 90%. At the
noise receiver, the performance is considerably lower, with AP between 62% to 69%. This is largely expected,
as the signal-to-noise ratio is significantly higher at the source than at the receiver. In addition, the much shorter
distance means lower variability due to variations from the atmosphere during sound propagation. This means
that the performance of the model at the noise-receiver is the bottleneck in terms of overall performance.
5.2. Precision/recall tradeoff
Figure 4 showed that the bundled two model achieved an F1 score of 79.43%, followed by the bundled one
model achieving 75.13%. The best model (bundled two), which included 1 delta stacking in the settlement,
achieved a better optimal trade-off by approximately 4%. The two combined models have precision/recall
curves that are considerably different. The bundled one model detects fewer cases of impulsive noise events.
However, it detects the events with higher precision. The bundled two model detects many cases of impulsive
noise, but detects these with lower precision.
A goal in the project was to be able to detect events to be within ± 10% of the real number, and these model
models fall short of that, with false negatives/positives in the 25% range. Therefore, the solution was not yet
good enough to act as a fully automated solution. However, by tuning the models to a recall of <90% and
allowing false negatives of about 50%, one can use the detection as a first stage in a data analysis pipeline.
Each event must then be verified by a human afterwards to reach the required precision.
5.3. Dataset limitations
The present models are trained and evaluated on data from acoustics tests, not ordinary training activity.
During training, it is expected that multiple people will use the shooting ranges concurrently, which will result
in more events per time period, and occasionally multiple noise events at the same time. This will cause more
complex sound patterns, which may be harder to detect. It is also expected that under normal conditions, noise
will not spread as much, because the typical weapon configuration and weather conditions are not as noisy as
during the worst-case testing. This is good for neighbors, but may be harder for our system to detect.
5.4. Further work
In the months following this research, sensors have been installed on location and the training activity has
started. The sensors provide continuous monitoring with automatic detection of noisy activity at the source,
which can be tracked in a logbook. In a planned follow-up study, sensors will also be placed into the surrounding
residential area over several days, to capture any noise events that propagate there. This updated dataset will
allow the models proposed here to be re-trained and evaluated under the ordinary training conditions. The
model will be used to semi-automatically find candidates for noise events originating at the source, which is
then be manually verified.
In the current work, two sound event detection models were trained independently, and then a combined in
a separate model. A promising alternative would be to train the event detection sub-models jointly with the
combined model, for example using a Siamese Network [18].
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6

Conclusions

In this work, a solution for automatically determining the origin of impulsive noise events was proposed,
using two wireless sound sensors and a neural network to analyze the two data streams. The presented solution
handles privacy by pre-processing the data on-sensor into a privacy compatible spectrogram representation.
The proposed model was tested on data captured from a shooting range and training facility. It was possible
to achieve a high recall score at a precision that is sufficient to be used for semi-automated analysis, where
detected events are human-verified afterwards. However, the precision score at the desired recall is not judged
sufficient for a fully-automated detection for continuous monitoring, but this may be solvable with more work
on datasets and model architecture.
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Abstract
Covid-induced changes in the workplace present a timely opportunity for human resource management
practitioners to consider and remediate the deleterious effects of noise, a commonly cited complaint of
employees working in open-plan office environments. There is little experimental research comprehensively
investigating the effects of noise on employees in terms of their cognitive performance, physiological
indicators of stress, and affect. Employing a simulated office setting, we compared the effects of a typical open
plan office auditory environment to a quieter private office auditory environment on a range of objective and
subjective measures of well-being and performance. While open plan office noise did not reduce immediate
cognitive task performance compared to the quieter environment, it did reduce psychological well-being as
evidenced by self-reports of mood, facial expressions of emotion, and physiological indicators of stress in the
form of heartrate and skin conductivity. Our research highlights the importance of using a multimodal approach
to assess the impact of workplace stressors such as noise.
Keywords: Open office, acoustic noise, simulation, stress, psychophysiology

1

Introduction

Research has shown that noise in OPOs can result in reduced cognitive performance [6], and psychological
and physiological well-being [7]. Although perceived noise level and noise distraction are common complaints
in surveys of employees working in open plan offices, objective levels and properties of the office acoustic
environment are seldom measured or manipulated. In a recent review of the effects of office environments on
employee well-being, Colenberg [2] found only four such studies and called for further research on the effects
of objective acoustic properties on office occupants. We respond to this call in the current research by
experimentally manipulating the acoustic environment at two levels: higher noise at a level typical of open
plan offices and lower noise at a level typical of private offices. Further, we go beyond occupant opinion
surveys to measure the effects of noise on objective performance and physiological stress responses in addition
to self-reports.
1
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Offices are never entirely silent. In enclosed private offices, steady background noise comes from ventilation
and computer fans, with intermittent noise from the keyboard, phone, and computer of the occupant, plus the
possibility of passing footsteps or conversations outside the office door. On average, the background noise in
a private enclosed office is about 39db(A) [5]. In open plan offices, noise sources from computers are
magnified by the number of people present, by shared facilities such as copy machines and elevators, by
footsteps, paper shuffling, drawer opening and closing by other occupants, and by phone and face to face
conversations held by others in the room. These noises may be exacerbated by high occupant density and the
typically “hard” acoustical properties of OPOs. On average, the background noise in an OPO is on average
between 52 and 58db(A) [3].
This paper uses a repeated measures experimental design in which the same individuals work under two
noise conditions which are carefully manipulated to simulate typical open plan and private office noise
levels, bearing the advantage of reducing variability and increasing statistical power. This allows causal
conclusions to be reached about the effects of the objective auditory environment and well-being indicators.
In addition, we collect both objective and subjective measures of a range of relevant outcomes which
research suggests may be affected by noise exposure. These include a total of nine indicators covering
cognitive performance, a number of physiological measures of the stress response, and both subjective and
objective measures of affective responses. Some of these measures require special instrumentation and
cannot be collected in field settings. Our use of a comprehensive multimodal approach for assessing
responses to noise allows for a nuanced understanding of how environmental stressors may affect some types
of outcomes but not others. Taken together, existing field surveys of employee perceptions of Indoor
Environmental Quality plus laboratory-based research demonstrating causal effects of specific auditory
environments on objectively measured outcomes will best support the decisions and recommendations of HR
experts considering workspace design post-COVID.
We posed three hypotheses regarding the effects of noise on three categories of outcomes: cognitive
performance, physiological stress responses, and affect.
Hypothesis 1: Cognitive performance will be lower in the open plan office noise condition than the private
office noise condition.
Hypothesis 2: Physiological stress will be greater in the open plan office noise condition than
the private office noise condition.
Hypothesis 3: Affective reactions will be more negative in the open plan office noise
condition than the private office noise condition.

2

Method

2.1

Design, Procedure, and Treatment

Participants completed a cognitive performance (proof-reading) task under two conditions: simulated open
plan office background high noise vs. simulated private office low noise. The order of the two conditions was
counter-balanced across participants, to avoid bias due to fatigue and training effects. Participants were tested
individually in the same room. In the high noise condition, a combination of typical open-plan office sounds
was played to the participants while they were engaged in the proof-reading task. The soundscape included
people speaking, walking, printing papers, ringing telephones, and keyboard typing noises. The sound was
presented via a Bluetooth JBL Flip 3 portable speaker that was mounted vertically on a stand above head
height, that was placed in the middle of the room approximately 210 cm away from the participant) to create
a non-directional sound effect. The average sound pressure level was 59.1 dB (A) (measured at the participants’
2
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head location, via a Casella CEL-63X sound pressure meter and expressed as an equivalent sound level). The
choice of this sound level was based on literature demonstrating that typical values for background noise in
open plan offices range from 52 to 58 dB(A) [3]. In the low noise condition, the room was much quieter during
performance of the proof-reading task, with an average sound pressure level of 36.3 dB (A) (resulting from
air-conditioning and computer fan noise).
To obtain physiological measures of stress, a SHIMMER ™ 3 GSR+ optical pulse oximeter was placed on the
participants’ right ear lobe to measure heart rate and two GSR electrodes were placed over the arch of the
participant’s right foot to measure skin conductivity. Each participant underwent both task conditions (high
noise vs. low background noise), each lasting 10 minutes in a counter-balanced order. Eight minutes were
allocated to the proofreading task, and the remaining 2 minutes were allocated for the completion of the selfreport measure of positive and negative affect.
2.2

Participants

Forty healthy subjects with an age range of 17-44 years and a mean age of 22.65 years (SD=6.15) participated
in this study. Participants consisted of 34 female and 6 male undergraduates and post-graduate students
recruited predominantly from a psychology subject pool. Due to technical faults (i.e. poor signal quality), there
are only 38 data sets for the two heartrate measures.
2.3

Measures

2.3.1

Cognitive Performance

To measure cognitive performance in an ecologically valid way, a proof-reading task was employed, as such
a task is similar to many clerical tasks performed by knowledge workers in offices. For this, two different text
excerpts (4200 words each) from On the Origins of Species were used. In total, 80 typographical errors were
introduced in each text, on average one error for every three lines of text. The performance measure was the
number of correctly identified errors.
2.3.2 Heart rate
We captured the heart rate of the participants, which is simply the number of beats of the heart per minute. The
positive correlation between heart rate, as a measure of physiological arousal, and stress is well established;
the higher the heart rate, the greater the impact of the stressor on the individual (e.g.[8]).
2.3.3 Electrodermal activity
Electro-dermal activity (EDA), measured in microsiemens (μS), quantifies electrical skin conductance from
the sweat glands in the palms of the hand, soles of feet or fingertips. Electro-dermal activity is an autonomic
and involuntary bodily response whereby the individual sweats more in stressful situations, although this
increased sweating may be imperceptible to the human eye (typical skin conductance levels are within the
range of 1-20 μS). The two components of EDA are the skin conductance level, a slow changing (tonic) time
interval measure of skin conductance, and skin conductance response, which captures abrupt (phasic) increases
or peaks. The skin conductance level was measured by averaging the low pass filtered (at 6Hz to remove phasic
signals) signal. Skin conductance response was measured in form of GSR peaks per minute. Both measures
are widely used indicators of physiological stress, with higher levels being indicative of increased stress [1].
2.3.4 Self-reported Positive and Negative Affect
In each of the two conditions, participants reported their mood immediately after the proofreading task using
the Positive and Negative Affect Schedule (PANAS). High positive affect (PA) reflects the experience of
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happiness, enthusiasm, and alertness. High negative affect (NA) refers to experiences of stress and displeasure,
such that high NA is indicated by states such as nervousness, hostility, and distress.
2.3.5 Facial Expression of Emotion
Automated facial expression analysis is a relatively novel instrument in research, however it has promise as a
means of objectively assessing emotions in research settings. The first empirically validated approach to
classifying emotions based on facial expressions was called the facial action coding system [4]. The emotions
recognized by the facial action coding system were based on the six universal facial expressions [4]. In the
current study, facial expressions were recorded by a high-definition webcam and analysed using iMotions
(Version 8.1.1) AFFECTIVA. The program includes a real time analysis of facial features (such as eyebrow
furrow and upper lip movements), and an analysis based on the basic emotions of anger, fear, disgust, sadness,
and joy. The software employs an algorithm which has analysed over seven million faces.

3 Results
Data were analysed by paired-sample t-tests on each dependent variable with a MANOVA for the potentially
correlated physiological indicators. The current study has nine dependent measures in total: cognitive
performance (errors detected on the proof-reading task), skin conductance response, skin conductance level,
heart rate, facial emotions (anger and disgust), self-reported affect (positive and negative mood).
3.1 Cognitive Performance
We used a paired t-test to compare the two conditions (high noise vs low noise) for differences in cognitive
performance levels as measured by the proofreading task. There was no statistically significant difference
(t(39)=1.09, p=.283) in the average number of errors detected in the experimental condition (M=11.00,
STD=4.99) compared to the control condition (M=10.33, STD=4.73).
3.2 Electrodermal activity
We assessed the data for difference in tonic and phasic skin conductance across the two conditions. Phasic
skin conductance response was significantly higher (t(39)=2.08,p=0.044) in the open plan office noise
condition (M=3.06, STD=2.69) than in the low noise condition (M=2.47, STD=2.47). For tonic skin
conductance level, there was no significance effect of the noise condition (t(30)=1.78, p=.083), though the
mean trended higher in the high noise condition (M=11.91, STD=10.65) than the low noise condition
(M=10.52, STD=10.54).
3.3 Heart rate
Comparing the two conditions for differences in heart rate, we found that heart rate was higher in the high
noise condition (t(37)=2.61, p=.013) (M=76.83, STD=13.46) than in the low noise condition (M=75.49,
STD=12.69).
3.4 Self-reported Positive and Negative Affect
We used two paired t-tests to compare the noise conditions for differences in positive and negative affect.
Positive affect was significantly lower in the high noise condition (t(39)=3.26, p=0.002) (M=17.3; STD=6.27)
relative to the low noise condition (M=20.3, STD=6.82). Negative affect was significantly higher (t(39)=3.59,
p=0.001) in the high noise condition (M=16.05; STD=4.87) relative to the low noise condition (M=12.85,
STD=3.59).
3.5 Facial Expression of Emotion
4
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We used two paired t-tests to compare the two conditions for differences in the percent of time in which the
facial expression of anger and disgust were present. We detected significantly (t(39)=2.24, p=0.031) more
disgust expressions in the high noise (M=0.17%, STD=0.27) than in the low noise condition (M=0.08%,
STD=0.16). It should be noted that, given the 8-minute duration of the proof-reading task, this translates to an
average duration of disgust expression of ~1 second in the high noise condition, which is not present in the
silent condition. So, despite the statistical significance the effect is very subtle. Conducting the same contrast
for facial expression of anger, we detected no significant effect (t(39)=0.989, p=0.329).

4 Discussion
Our results demonstrated that exposure to open plan office noise significantly affected a number of the
physiological and psychological variables as expected. Hypothesis 1, that cognitive performance would be
compromised by open plan office noise, was not supported. Hypothesis 2, that physiological measures would
show that participants experienced greater stress under open plan office noise than quiet working conditions
was supported by significant effects for two measures, and trends in the hypothesized direction on the other
two. Hypothesis 3, that affect would be more negative under open plan office noise, was supported by both
self-report mood measures and one of the two facial recognition measures of emotion.
These results are fairly convincing given that the work period in the study was only 8 minutes in each condition.
In actual work settings, workers in open plan offices are exposed to noise continuously during the day and we
would expect that effects on stress and affect would be greater. The short duration may also explain the nonsignificant results for cognitive performance. Participants may have exerted compensatory effort to sustain
their performance over the short term. Given the significant results on both self-reported mood and stress, it is
likely that the increased cognitive load of maintaining focus under distraction would deplete resources and
damage performance following longer exposure.
Our study has highlighted the importance of using a multimodal approach in assessing the psychological
impact of workplace stressors. The sole reliance on a task performance measure would have suggested that the
office noise had no detrimental effect, whereas the affective self-report and physiological measures provided
clear evidence for increased stress in the noise condition. Further, the objective physiological effects of noise
complement the self-report mood effects and help to demonstrate that employees are not merely complaining
but actually being affected by the auditory environment.
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Abstract
ISO 23351-1 is a new laboratory method for measuring speech level reduction of furniture ensembles and
enclosures, such as phone booths. Speech level reduction describes how much the product reduces Aweighted sound power level of normal speech to the exterior space. The purpose of our study was to
determine how these laboratory test results can be applied in the acoustic design of an open-plan office
involving a phone booth. One phone booth was tested first in laboratory. Thereafter, same booths were
installed in three open-plan offices having extremely different room acoustic conditions. Sound propagation
of normal effort speech from the booth was measured in the offices according to ISO 3382-3. Sound
propagation was also measured from the same position, but without the booth. The measurement situations
were also simulated using room acoustic modelling software. In the model, speech level reduction has been
considered by subtracting the level reduction from the sound power level of a speech sound source in octave
bands 125–8000 Hz. The simulated results were in good agreement with measured results in all three offices
both with booth and without booth.
Keywords: room acoustics, measurement, modelling, open-plan office, speech distraction.

1

Introduction

Phone booths are used in flexible offices for tasks requiring speech privacy or concentration. However,
workspace designers and users lack knowledge on the effect of booths on speech level reduction and speech
intelligibility. ISO 23351-1 is a new laboratory method for measuring the speech level reduction, DS,A.[1–4]
It describes how much the tested product reduces A-weighted sound power level of normal speech to the
exterior space.
Until 2020, the acoustic performance of enclosures has been usually determined according to ISO 16283-1
[5]. However, this method is not valid for such a small room. The new method [1] has raised a lot of interest
among manufacturers and acoustic engineers [3,4]. One important question has been, how the laboratory test
result, i.e., DS,A, should be applied in situ.
The purpose of our study was to determine how ISO 23351-1 laboratory test results can be applied in the
acoustic design of open-plan offices. The investigation was made by studying a booth in three open-plan
offices with extremely different room acoustic conditions.

2
2.1

Materials and Methods
Measurements in laboratory

One phone booth was tested in laboratory according to ISO 23351-1 [1]. Level reduction, Di, i.e., the
difference between the sound power levels measured without and with the booth in octave bands 125–8000
1
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Hz in a reverberation room. The speech level reduction for A-weighted normal speech, DS,A, is determined
using the level reduction values, Di.
2.2

Measurements in open-plan offices

The same type of phone booth as in Sec. 2.1 was installed in three open-plan offices a, b, and c. They had
extremely different room acoustic conditions (Figure 1).

a)

b)

c)

Figure 1 – Three open-plan offices: a) no added absorbers in the room, b) 60% of the ceiling covered with absorbers
and sound-absorbing screens, c) 90% of the ceiling covered with absorbers, sound-absorbing screens, and a soundabsorbing wall.

In offices a–c, reverberation time was measured according to ISO 3382-2 [6], and the room acoustic
conditions were determined according to ISO 3382-3 [7]. Sound propagation from one workstation (without
booth) and from one phone booth (with booth) were measured separately along a straight path covering 3–6
other workstations. The omnidirectional sound source (Norsonic Nor276) with power amplifier (Norsonic
Nor280) was placed in the height of 1.2 m (centre of the loudspeaker) and the microphone of the sound level
meter (Norsonic Nor150) was placed in the height of 1.2 m in the workstations. Pink noise was used as the
wide band test signal. Spatial decay of A-weighted sound pressure level of speech, Lp,A,S, was determined
using these measurement results as described in ISO 3382-3.
Speech transmission index, STI, was determined in all the measurement points using two masking sound
levels, Lp,A,B, 33 dB and 43 dB. The determination of STI was based on modulation transfer functions, MTFs,
determined from measured impulse responses as described in IEC 60268-16 [8]. The test signal for impulse
response measurements was exponential sine sweep that was produced by the analysis software (WinMLS
2004) and sent via an external sound card (D-Audio) and power amplifier (Norsonic Nor280) to the
omnidirectional loudspeaker (Norsonic Nor276). The measurement microphone (BSWA SM4201) was
connected to the sound card and mounted on a tripod in the workstation at the height of 1.2 m. The MTFs
were determined by the analysis software immediately after the measurements.
The single-number quantities D2,S, Lp,A,S,4m, and rD were determined from the measurement results according
to ISO 3382-3.
2.3

Room acoustic simulations

The measurements in offices a–c were simulated afterwards using room acoustic simulation software
(ODEON 14.00 Auditorium 2016) with the highest accuracy settings. The room geometries were created
using 3D drawing software (SketchUp Make 2016). The absorption coefficients were set in the models
according to observations during the measurements and values presented in literature.
In the model, the sound sources and receivers were placed in the same workstations as during the
measurements in offices a–c. Sound power level of the omnidirectional speech sound source was set
according to ISO 3382-3. Level reduction of the booth was considered by subtracting the Di -values from the
sound power level of the speech sound source within octave bands from 125 to 8000 Hz. It was assumed that
the sound radiation from the booth was omnidirectional.
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STI was determined using simulated early decay times, EDTs, simulated Lp,A,S, and masking sound levels,
Lp,A,B, 33 dB or 43 dB. EDT and Lp,A,S were simulated independently in all the receivers (measurement
points). The determination procedure has been described, e.g., in Ref. [9].
The single-number quantities D2,S, Lp,A,S,4m, and rD were determined according to ISO 3382-3 using the
simulated results.

3

Results

The speech level reduction according to ISO 22351-1, DS,A, was 30 dB. The level reductions in octave bands
125–8000 Hz are presented in Table 1. These values were used in simulations in offices a–c. The measured
reverberation time in offices a–c is presented in Figure 2 and the masking sound levels in Figure 3.
Table 1 – The level reductions, Di, in octave bands 125–8000 Hz.
f [Hz]
Di [dB]

125
16.7

250
24.1

500
29.8

1000
34.7

2000
38.3

4000
42.4

8000
46.8

Figure 2 – Measured reverberation time as a function of frequency in offices a–c.

Figure 3 – Masking sound levels, Lp,A,B, 33 dB and 43 dB as a function of frequency.
The measured and simulated spatial decay of A-weighted sound pressure level of speech, Lp,A,S, with and
without booth in offices a–c are presented in Figures 4–6. The measured and simulated STI in offices a–c
with and without booth using masking sound level, Lp,A,B, 33 dB or 43 dB are presented in Figures 7–9.

3

1196

with

without

60

50

50

40

40

LA,S [dB]

Lp,A,S [dB]

60

30

30
Measurement
Model

20

20

fitted line (measurement)
fitted line (model)
10

10
1

1

10

10

Distance to the speaker [m]

Distance to the speaker [m]

Figure 4 – Measured and simulated (Model) spatial decay of Lp,A,S with and without booth in office a.
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Figure 5 – Measured and simulated (Model) spatial decay of Lp,A,S with and without booth in office b.
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Figure 6 – Measured and simulated (Model) spatial decay of Lp,A,S with and without booth in office c.
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Figure 7 – Measured and simulated (Model) spatial decay of STI with and without booth using masking sound level of
33 or 43 dB with and without booth in office a.
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Figure 8 – Measured and simulated (Model) spatial decay of STI with and without booth using masking sound level of
33 or 43 dB with and without booth in office b.
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Figure 9 – Measured and simulated (Model) spatial decay of STI with and without booth using masking sound level of
33 or 43 dB with and without booth in office c.

The single-number values according to ISO 3382-3 with booth and without booth are presented in Figures
10–12. D2,S and Lp,A,S,4m were determined from the fitted lines in Figures 4–6. The distraction distance, rD,
which is the distance where STI falls below 0.50 was determined using Figures 7–9.
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Figure 10 –Simulated and measured D2,S with booth (left) and without booth (right) in offices a–c.

Figure 11 –Simulated and measured Lp,A,S,4m with booth (left) and without booth (right) in offices a–c.
(Note different Y-axis scale)

Figure 12 –Simulated and measured rD without booth in offices a–c. Masking sound level 33 dB (left) and 43 dB
(right). (No result in office a)
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4

Discussion

The simulated single-number values of ISO 3382-3 were in good agreement with the measurement results
(Figures 10–12) both with and without the booth. The difference between simulated and measured D2,S was 2
dB or smaller in offices a–c. The highest difference between simulated and measured Lp,A,S,4m was 3 dB in
office c without booth. Thus, our study showed that ISO 23351-1 laboratory test results can be applied in
room acoustic design of open-plan offices according to the concepts of ISO 3382-3. The application was
made by reducing the speech effort by the octave band level differences, Di, obtained by ISO 23351-1.
Acoustic designers could apply above-described method in room acoustic simulation of a phone booth, e.g.,
when evaluating the effect of the phone booth on room acoustic conditions in any office. Simulation
according to ISO 3382-3 can be very useful in the communication between acoustic designer, architect, and
user.
In office a, rD could not be determined without booth because spatial decay of STI was almost zero. In
offices b and c without booth, the difference between simulated and measured rD was 2 m or less when the
masking sound level, Lp,A,B, was 43 dB. The difference increased to 5.9 m when Lp,A,B was 33 dB in office c.
The simulated spatial decay of STI was not as steep as in the measurements. Probable reason for this is the
different method of determining STI in simulations and measurements.
In office a without booth, simulated values of Lp,A,S were constantly about 2 dB lower than measured values
(Figure 4), but simulated values of STI were higher than measured values (Figure 7). Possible reason for
contradicting results of STI is that simulated STI determination was based on simulated EDTs, sound
pressure levels of speech and masking sound level, while measured STI was determined using measured
MTFs, sound pressure level of speech and masking sound level.
Our results are also interesting since they demonstrate well how a booth with high performance (with
DS,A=30 dB) affects the speech level and STI in offices. STI was under 0.15 beyond 3 m from the booth
when background noise level, Lp,A,B, in the room was 33 dB or higher. This suggests that speech privacy is
acceptable for booths achieving DS,A=30 dB. A recent survey of 11 commercially available booths showed
that the DS,A values can range between 15 and 30 dB [4]. Therefore, the STI values obtained in our study do
not apply for many commercial booths since their performance is lower than 30 dB.
STI was 0.00 with normal speech effort in offices a–c with booth when the masking sound level, Lp,A,B, was
43 dB. When the masking sound level, Lp,A,B, was 33 dB, STI was about 0.10 at close distance, under 3 m
from the booth. Thus, the perceived performance of the booth may depend on masking sound level but if the
occupant uses lower speech level inside the booth, the STI is lower also when the masking sound level is
low. Without booth, STI was about 0.50 or higher at distances under 5 m from the speaker when the masking
sound level, Lp,A,B, was 43 dB or 33 dB.

5

Conclusions

Because our study covered acoustically extreme environments, it is justified to suggest that commercial room
acoustic software can be reliably applied to assess how a phone booth (tested by ISO 23351-1) reduces
speech noise in an open-plan office. The assessment can be used to derive the requirements for booth’s DS,A
performance in the specific office environment. The required performance depends on background noise
level, distance to the booth, and room acoustic attenuation as described by ISO 3382-3.
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Abstract
Our purpose was to experimentally determine the precision of ISO 3382-3. An accuracy experiment was set
up in an open-plan office where nine independent participants independently conducted the measurements
according to ISO 3382-3. The reproducibility standard deviations, sR, were 0.3 dB, 1.1 dB, 0.6 dB, 16%, and
21% for spatial decay rate of speech (D2,S), A-weighted SPL of speech at 4 meter distance (Lp,A,S,4m), Aweighted SPL of background noise (Lp,A,B), distraction distance (rD), and comfort distance (rC). The values
depended mainly on between-laboratory differences while within-laboratory differences were marginal. Our
findings benefit the development of standard revision and planning of future accuracy experiments.

Keywords: open-plan offices; room acoustics; measurement uncertainty; precision, accuracy.

1

Introduction

International standard ISO 3382-3:2012 [1] describes the method for measuring the room acoustic quality of
open-plan office. The method focuses on spatial decay of standard speech unlike ISO 3382-2 [2], which can
also be applied in open-plan offices, but it is limited to reverberation time. It describes the temporal decay of
sound in a fixed position. ISO 3382-3 is under revision in ISO TC 43 SC 2 WG 34. Currently, the main
reported single-number quantities (SNQs) of the revised draft standard, ISO FDIS 3382-3:2021 [3], are






spatial decay rate of speech in decibels (D2,S),
A-weighted SPL of speech at 4 meter distance in decibels (Lp,A,S,4m),
A-weighted SPL of background noise in decibels (Lp,A,B),
distraction distance in meters (rD), and
comfort distance in meters (rC).

Lack of knowledge related to measurement uncertainty was the most important technical reason to begin the
revision of ISO 3382 in 2018. Operator’s path choice is known to affect the measurement result but there is
very little knowledge, how largely. Measurement uncertainty of a single measurement is possible to assess
using the principles of GUM [4]. However, GUM cannot consider the effect of operator’s choices on results
since there is no mathematical expression for them. Operator is given a freedom to choose the measurement
path and source & receiver positions in ISO 3382-3.
Increasing number of international standards report the precision based on accuracy experiments (AE) also
known as Round-Robin test, inter-laboratory test, or inter-comparison test. AEs are conducted according to
the rules of ISO 5725 [5, 6] and the reported quantity is the reproducibility standard deviation (SD).
1
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Hongisto et al. [7] conducted the first AE of ISO 3382-3 to fill the gap in knowledge. The purpose of this
paper is to summarize their findings.

2

Materials and methods

An AE was arranged in an open-plan office involving 12 workstations in Turku, Finland (Fig. 1). ISO 5725
suggests that 815 participants should participate an AE. Therefore, 12 participants were invited to join.
Finally, nine participants conducted the measurements according to ISO 3382-3 and provided the required
data to the AE managers. Each participant conducted the measurement independently during different days.
Each participant conducted the measurement in two Settings A and B having different screen heights (117
and 147 cm, respectively) between workstations (see dashed line of Figure 1). Manager of the AE changed
the screen heights. Since the office was relatively small, we advised the participants to choose a single path
and then to conduct the measurement to both directions along the same path in both Settings. In both
Settings, the reported value was the mean of the two opposite directions.
Outlier analyses revealed that 12 participants reported deviations from the mean of the other participants.
Therefore, the reported results are based on either seven (Lp,A,S,4m, rD, and rC) or eight (D2,S and Lp,A,B)
participants.
The main outcome of the work is the reproducibility SD, sR [dB]. It is defined by

sR  sr2  sL2

(1)

booth

6m

where sL [dB] is the between-laboratory SD, and sr [dB] is the repeatability SD. The former is based on the
values reported by the seven or eight participants of the AE. The latter is based on five repeated
measurements along the same path conducted by a single participant. It is expected that sL>sr, because sr
depends only on the variations in the physical measurements while sL depends also on path choice.

24 m
Figure 1 – Principal layout of the open-plan office. Orange line represents the most usual measurement path.

3

Results

The mean and standard deviation in Settings A and B is shown in Table 1. The single-number values
reported by the participants in Setting B are visualized in Fig. 2. Setting A is not shown due to very similar
values. The main outcomes of the AE are shown in Table 2. The values are the maximum SDs of either
Setting A or B. That is, the larger value was chosen to avoid any underestimation of precision.
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Table 1 – The mean (M) and the SD (sL) over the N participants in Settings A and B.
Setting
A
A
B
B
a

D2,Sa
3.7
0.3
3.7
0.3

Lp,A,S,4mb
52.4
0.9
52.5
1.1

Lp,A,Ba
37.9
0.4
37.6
0.6

rDb
15.3
2.3
14.7
1.5

rCb
16.8
2.8
16.8
3.4

N=8. b N=7

D2,S [dB]
4.5

Quantity
M
sL
M
sL

Lp,A,B [dB]

Lp,A,S,4m [dB]
54

39

rD [m]

rC [m]

18

22

17

20

16

18

15

16

14

14

13

12

4.3
4.1
3.9

53

3.7

P2
P3

38

P4
P5

3.5
3.3

52

3.1

37

2.9

P6
P7
P8
P9

2.7
2.5

51

36

Figure 2 – Single-number values reported by the participants in Setting B. Each value represents the mean of
two single-number values obtained in two opposite measurement directions along the same path.

Table 2 – The main results of the AE, i.e., between-laboratory SD (sL), repeatability SD (sr), and
reproducibility SD (sR).

4

Single-number quantity

sL

sr

sR

D2,S [dB]
Lp,A,S,4m [dB]
Lp,A,B [dB]
rD [%]
rC [%]

0.3
1.1
0.6
15
20

0.03
0.04
0.19
3.9
3.7

0.3
1.1
0.6
16
21

Discussion

Our study summarizes the first AE concerning international standard ISO 3382-3. More detailed information
is found in Ref. [7]. We believe that our results represent the precision of revised ISO 3382-3 well and our
results can be applied in the revision of ISO 3382-3 standard.
However, further research is needed because ISO 5725 recommends that AEs should preferably be
conducted using two extreme levels of each SNQ. This means that the AE should involve at least two
offices: one with poor performance and the other with extremely high performance. Although we attempted
to solve this by using two Settings (A and B), their performances (Table 1) were too similar: they do not
represent extreme levels obtained with ISO 3382-3.
3
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Hongisto and Keränen [8] have surveyed the single-number values of ISO 3382-3 in global level. The
distribution is shown in Table 3. In this light it is evident that the open-plan office used in the AE had a
relatively weak spatial attenuation (rC = 17 m). There is a need for another Round Robin test in an open-plan
office having significantly stronger spatial attenuation (e.g., rC < 7 m).
Table 3 – Range of single-number values reported in different articles according to [8]. Min is the smallest
and Max is the largest value reported in the literature.

Min
Max

D2,S
[dB]
1.5
12

Lp,A,S,4m
[dB]
40
60

Lp,A,B
[dB]
26
54

rD
[m]
2.1
21

rC
[m]
2.1
43
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Abstract
The ISO 3382-3 standard defines indicators of the propagation of speech (spatial decay - D2S, level at 4 m LpAS4m and comfort distance – rC) and that of its intelligibility (distraction distance – rD) to assess the acoustic
quality of open plan offices. However, it has the limitation of not dealing with measurement uncertainties. This
is one of the reasons for the recent revision of the standard. The objective of this work is to evaluate these
uncertainties using numerical simulations based on a stochastic approach. This paper describes the simulated
offices and the Monte-Carlo approach to take into account both the positioning error of the instrumentation
and its measurement uncertainties. Finally, the estimated uncertainties is compared to the literature and the
implications for the standard of the conclusions are highlighted.
Keywords: ISO 3382-3; Measurement uncertainty; Room acoustics; Open-plan office.

1

Introduction

Noise constitutes a major source of annoyance in open-plan offices. Among all noise sources in this type of
work environment, conversational noise is the most detrimental, especially when speech is intelligible [1].
Therefore, the question of the propagation of speech noise is a major aspect of the acoustic quality of openplan offices. The ability of an office (including layout and furnishings) to limit this propagation of speech is
estimated according to the ISO 3382-3 measurement standard [2]. This estimation is made thanks to single
number quantities (SNQs) which consist in the aggregation of octave band values from 125 Hz to 8 kHz. The
ISO 3382-3 standard defines SNQs reflecting two different philosophies with regard to the acoustic quality of
open-plan offices. The first one is based on the description of the spatial decay of the A-weighted sound
pressure level (SPL) of a signal presenting a speech spectrum, while the second approach focuses on the spatial
decay of speech intelligibility. Four SNQs are defined:
- The decrease of the A-weighted SPL of speech by doubling the distance to the source: D2S,
- The A-weighted SPL of speech at a distance of 4 m from the source: LpAS4m,
- The distance from the source where the A-weighted SPL of speech falls below 45 dB(A), called
distraction distance and noted rC,
- The distance from the source at which the intelligibility of speech is sufficiently low that speech
is not a source of annoyance. This corresponds to the distance, noted rD, where the STI falls below
0.5.
In the field, the measurement procedure consists in measuring the SPL along a virtual line from one
workstation to another. This measurement path must be as straight as possible, but small deviations are allowed
if the configuration of the workplace does not allow drawing a perfect line. During the measurement, an
1
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omnidirectional loudspeaker is placed at one end of the path. The distance from the source and the speech level
or the STI, depending on the measured SNQ, are measured at each workstation along the path. D2S, LpAS4m and
rC are derived from the linear regression of the A-weighted SPL of speech as a function of the base-2 logarithm
of the distance to the source, while the distraction distance rD is derived from the linear regression of the STI
as a function of the distance to the source (see Figure 1).

Figure 1 – Evaluation of the SNQs according to ISO 3382-3 standard.
The current version of the ISO 3382-3 standard is undergoing revision and does not mention measurement
uncertainties, an essential aspect of the evaluation. The lack of consideration of measurement uncertainties
makes it impossible to assess the relevance of target values set by national and international standards.
Very few studies in the literature address the issue of the measurement uncertainties of the SNQs recommended
in ISO 3382-3. Haapakangas et al. [3], who studied the relation between various quantities and the perceived
disturbance by noise, reported that the measurement uncertainties of D2S and LpAS4m are 1 dB(A) and 1.5 dB(A),
respectively. These values are based on ‘‘the experience and unpublished data of the authors”. Later, Yadav
and colleagues [4] conducted an experimental study of the repeatability of the metrics of ISO 3382-3. Based
on 36 measurements, the study concluded that the measurement uncertainty of D2S and LpAS4m are 0.6 dB(A)
and 1.0 dB(A), respectively. Hongisto et al. [5] conducted a round-robin test, evaluating the reproducibility of
the metrics of ISO 3382-3 (2012). The test took part in an office of rather low acoustic quality (D2S, LpAS4m and
rC of about 3.8 dB (A), 52.5 dB(A) and 17 m). For a single measurement path, the obtained measurement
uncertainty ranged from 0.2 to 0.5 dB(A) for D2S, from 0.9 to 1.3 for LpAS4m and from 2.4 to 5.5 m for rC.
Finally, Schneider et al. [6] estimated the measurement uncertainties of D2S and LpAS4m by applying a MonteCarlo approach on 44 measurements realized in 17 offices of various acoustic quality (D2S between 3.0 and
8.8 dB(A) and LpAS4m between 43.5 and 54.9 dB(A)). The authors reported an uncertainty ranging from 0.6 to
0.7 dB(A) for D2S and from 0.2 to 0.9 dB(A) for LpAS4m.
The standard also lacks precision, or justification, regarding the unicity of the SNQs within an acoustic area
(i.e. a space where both the ceiling and furniture design are homogeneous). The standard requires that the
SNQs be evaluated on at least two measurement paths in an acoustic area. The current version of the standard
requires the results of each path to be reported, while the revised version intends to report only the average
SNQs measured within an acoustic area. This change is still under debate because it lacks justifications.
The aim of this study is to provide useful additional information on the SNQs, and more particularly on their
measurement uncertainties and their unicity within acoustic areas. The study is based on simulations and a
Monte-Carlo approach as recommended by the International Bureau of Weights and Measures [7].
The simulated offices and the Monte-Carlo approach will be described. Then, the estimated uncertainties will
be compared to the literature and the implications of the conclusions for the standard will be highlighted.
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2

Methods

2.1

The simulations

The simulations used for this study were performed using the RayPlus v8.1.0 software. This software is based
on a ray tracing method. It takes into account reflections by surfaces, the transmission loss of partitions and
diffractions by edges [8]–[10]. Results are given in octave bands between 125 Hz and 8000 Hz. For the
simulations presented hereafter, the receivers (microphones) are spherical cells 5 cm in diameter and, in order
to obtain the convergence of the calculated levels to within less than 0.1 dB, 10 million rays are traced for each
source.
The office designed for the simulations has a simple geometrical layout and is intended to be representative of
call centres. In this type of office, people have a predominantly individual activity, mainly on the phone. They
do not need to communicate with each other. This is why the layout is homogeneous with partitions installed
between the workstations facing each other. The office is 13.6 m by 8.5 m and accommodates 32 workstations.
The workstations are laid out in four rows separated by a 2 m wide centre aisle (see Figure 2). The two sidewalls
present windows along their entire length. The office constitutes a single acoustic area, according to the ISO
3382-3 standard, since both the acoustic treatment and the layout are similar throughout the office. The layout
of the office suggests four straightforward measurement paths, numbered from P1 to P4 on Figure 2.

Figure 2 – Layout of the simulated office with 32 workstations and the four measurement paths (dashed
lines) numbered from P1 to P4. (Circles: microphones, Crossed circles: sources)
In the simulations, 16 furniture configurations were defined including different acoustic properties of the
ceiling, different heights and acoustic properties of the screens. For the ceiling, two classes of material were
considered: class A (αw≥0.9) and class C (0.6≤αw≤0.9) according to the ISO 11654 (1997) standard [11]. The
screen height was set to four different values: 190 cm, 150 cm, 130 cm and 110 cm.
2.2

The Monte-Carlo approach

The Monte-Carlo methods takes into account both positioning error of the apparatus and the uncertainties
intrinsic to the measuring instruments. The calculation process is represented on Figure 2.
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Figure 3 – Process of the Monte-Carlo approach.
To enable the emulation of the positioning errors, nine positions of the apparatus were defined at each
workstation within the simulation. The nine positions were set on a 3-by-3 20-cm wide square horizontal grid
centred on the position of the workstation (head of the person). The simulations compute octave-band SPL for
each pair of source and microphone of every measurement position.
The first step of the Monte-Carlo process consists in randomly selecting the positioning error of each
measurement device. This error follows a bivariate normal distribution so that the instrumentation is
positioned, in 95% of the cases, in a 20-cm square centred on the theoretical position. The levels estimated for
the selected positions of the source and microphones are interpolated from the results of the simulations.
The second step of the process consists in randomly selecting the measurement error of the apparatus. The
distance measurement error follows a normal distribution whose standard deviation is equal to 0.05 m (95%
of the distance measurement errors are less than 0.1 m). The measurement error of octave-band SPL follows a
uniform law in the interval [-uoct√3, uoct√3], where uoct are derived from the Class 1 sound level meters
specifications of the IEC 61672-1 (2003) standard (see Table 1). Lastly, the evaluation of the STI also require
the measurement of the reverberation time, whose measurement uncertainty is described in the ISO 3382-2
standard. Therefore, the measurement error of the reverberation time follows a uniform law on an interval
defined by this standard.
Table 1 – Measurement uncertainty of octave-band SPLs derived from the IEC 61672-1 (2003) standard.
fc (Hz)
uoct (dB)

125
1.3

250
1.3

500
1.2

1000
1.2

2000
1.3

4000
1.7

8000
2.6

The process emulate errors for a single measurement. Therefore, it is repeated several times in order to provide
the measurement uncertainties. The number of repetitions was gradually increased until convergence of the
results, i.e. until the magnitude of the uncertainties estimated by two consecutive runs were within 0.01 dB for
D2S and LpAS4m and within 0.01 m for rC and rD. This criterion was fulfilled with 10,000 repetitions.

3

Results

The simulations are representative of a wide variety of acoustic qualities since the mean values of the SNQs
from the simulations spans:
- From 3.4 to 7.5 dB(A) for D2S,
- From 40.6 to 51.9 dB(A) for LpAS4m,
- From 2.5 to 14.7 m for rC,
- From 3.4 to 14 m for rD.
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3.1

Measurement uncertainties

The mean values of the SNQs, together with the 95% confidence intervals, are represented Figure 3. For D2S,
the measurement uncertainty is equal to 0.4 dB(A). The measurement uncertainty of LpAS4m varies between 0.4
and 0.6 dB(A). Those of rC and rD range respectively from 0.2 to 1.5 m and from 0.2 to 0.9 m.
Due to the fact that the values reported by Haapakangas and colleagues [3] are derived from unpublished data,
the only possible comment is that the order of magnitude are similar even if our are about half of those reported
by Haapakangas et al.
Yadav and colleagues [4] performed measurements on 36 paths distributed in 21 offices. The measurement
paths were composed of 5 to 8 workstations. For each of the paths, the authors performed two measurements
of the SNQs and the reported uncertainties (0.61 dB(A) for D2S and 1.04 dB(A) for LpAS4m) are extracted from
these measurement. The measured SNQs ranged from 3.2 and 8.5 dB(A) for D2S and from 46.1 to 55.6 dB(A)
for LpAS4m. The simulations gave values very close to those reported by Yadav et al.. For LpAS4m, the results of
the simulations are about half of the uncertainty reported by the authors.
Hongisto and colleagues [5] performed a round-robin test on two measurement paths in an office with two
configurations (the height of the acoustic screens was adjustable). For both configurations, the SNQs measured
were about 3.8 dB(A), 52.5 dB(A), 17 m and 15 m respectively for D2S, LpAS4m, rC and rD. These values
correspond in our study to the configuration with 110-cm-high class C screens and class C ceiling. In this
configuration, the simulations gave an uncertainty of 0.4 dB(A) for D2S, 0.4 for LpAS4m, between 0.7 and 1.5 m
for rC and between 0.7 and 1.0 m for rD. Hongisto et al. reported un uncertainty varying between 0.2 and
0.5 dB(A) for D2S, between 0.9 and 1.3 dB(A) for LpAS4m, from 2.4 to 5.5 m for rC and from 1.2 to 2.7 m for rD.
Therefore, the results of the simulations are similar to those reported by Hongisto et al. but the uncertainty of
LpAS4m, rC and rD estimated by the simulations are about half of those obtained with the round robin test.
Schneider and colleagues [6] estimated the uncertainty of D2S and LpAS4m on 44 paths composed of 4 to 6
measurement points. They report magnitudes ranging from 0.6 to 0.7 dB(A) for D2S and from 0.2 to 0.9 dB(A)
for LpAS4m. Those results are slightly higher than those of the present study.

Figure 4 – Mean values and 95% confidence interval of the SNQs of ISO 3382-3 for the four measurement
paths in each of the 16 acoustic configurations
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This overall underestimation of the measurement uncertainties may be explained by the fact that the
measurement uncertainties of the SNQs are highly dependent on the number of measurement points used for
their evaluation. Furthermore, the measurement uncertainties might depend on the layout of the office.
3.2

Unicity of the SNQs

The revision of the ISO 3382-3 standard raised the question of the description of an office using a unique value
of the SNQs. The simulations enable to explore this question. If the office is described by a unique value, the
mean values and confidence intervals of the SNQs must be evaluated without differentiating the measurement
paths. Figure 4 shows the mean value and 95% confidence interval for each SNQ considering that it is possible
to describe an entire office with a unique value. On this figure, it appears that the consideration of a unique
value of LpAS4m, rC and rD does not have any major consequences. However, it seems that D2S loses its
discriminatory nature in the process: the measurement uncertainty of the unique value of D2S ranges from 0.4
to 0.9 dB(A) which corresponds to a 95% confidence interval of up to ±1.8 dB(A).
It seems therefore problematic to consider that an office is described by a unique value of D 2S that is
independent for the measurement path.

Figure 5 – Mean values and 95% confidence interval for each of the 16 acoustic configurations considering
that the office is described by a unique value for each SNQ.

4

Conclusions

This study investigated the measurement uncertainties of the SNQs defined in the ISO 3382-3 standard (and
in its revised version), namely D2S, LpAS4m, rC and rD. This analysis relies on simulations based on a stochastic
approach. The office was representative of a wide range of acoustic qualities.
The estimated uncertainties were of the same order of magnitudes as the values presented in the literature even
if an underestimation is to be noted in some cases. This can be explained by two observations: firstly, the
uncertainty of the SNQs is greatly dependent on the number of measurement points used for their evaluation
and secondly that it might depends on the layout of the office.
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The magnitude of the measurement uncertainties confirms the ability of the SNQs to differentiate offices of
various acoustic qualities.
However, concerning the question of the description of an office using a unique value of the SNQs, the
simulations seems to highlight an issue with respect to D2S. Indeed, it seems that describing an office with a
unique value of D2S makes it impossible to differentiate different office acoustic qualities based on the measure
of D2S.
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Abstract
In this study, the effect of indoor soundscape perception of open plan office (OPO) on work environment
preference and perceived productivity was investigated. First, for auditory information, 12 sound source
samples that contain various noise sources were collected through in-situ measurement in a traditional OPO.
Visual information was modelled by three OPO environments with different internal layouts. The subjective
evaluation environment was implemented in a laboratory condition using virtual reality technology for a total
of 36 stimuli according to the combination of audio-visual stimuli. Subjective evaluation was conducted on
41 subjects, and they were asked to respond to sound source identification, perceived affective quality, and
overall quality. As a result, it was found that noise perception for conversation and computer peripherals was
dominant in the office environment. When indoor soundscape perception is analyzed by dividing it into
comfort – content dimension, it was found that securing comfort is effective in promoting preference for
work environment, and securing content has an important effect on perceived productivity increase. However,
since comfort appears to reduce perceived productivity, a balanced design between comfort and content is
required. The findings of this study are expected to be utilized as basic data for designing a sound
environment for open plan offices.
Keywords: Indoor soundscape; comfort; content; satisfaction; perceived productivity.

1

Introduction

Open plan office is one of the most commonly used office layouts because it can promote communication
and teamwork between workers and has high space utilization and low cost. Noise in an open plan office is
known to have a negative effect on worker satisfaction and work productivity [1,2]. In particular, irrelevant
speech or intelligible conversation between coworkers has been found to be the main cause of deterioration
of the comfort and performance of open plan office workers [3]. Therefore, various attempts have been made
to utilize various interior design factors (workstation, partition, and so on) to improve the sound environment
of an open plan office [4].
Meanwhile, as the concept of soundscape, which interprets the sound environment in terms of human
perception rather than physical interpretation of the acoustic environment, appeared, various studies were
conducted to interpret human perception in the outdoor environment [5,6]. Recently, studies that apply the
concept of soundscape to indoor environments have been attempted [7,8]. A draft questionnaire to evaluate
indoor soundscape was proposed [7], and a method to evaluate comfort, content, and familiarity as a
cognitive scale to interpret indoor soundscape was also proposed [8]. In terms of spatial functionality, studies
have been conducted to evaluate soundscape in various indoor environments such as residential buildings,
libraries, historical spaces, and public spaces, but there are few studies targeting open plan offices.
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In this context, this study aims to examine the effect of indoor soundscape on the environmental preference
and perceived productivity of workers in an open plan office, and to present a design guideline for a pleasant
open plan office sound environment.

2
2.1

Methods
Audio-visual data collection

2.1.1 Sound stimuli
In order to collect sound information to be used for subjective evaluation, field measurements were
conducted in a typical open plan office space located in Seoul, Korea. The open plan office is being used for
business purposes and has a scale of 25.0 m (Length) × 14.5 m (depth), and the ceiling and floor are finished
with Mitone (KCC) and carpet, respectively. Measurements were made during daytime working hours and
were conducted for 1-hour duration using a sound level meter (SVAN 953, Svantek, Warsaw, Poland). A
total of 12 sound source stimuli were obtained by editing a one-minute sound source sample for the section
where various noises were generated in the office from the collected background noise sources. Table 1
shows the physical acoustic characteristics of each sound source. A-weighted sound pressure level (LAeq) was
49.9 - 59.3 dBA, and percentile level difference (LA10-A90) was 2.7 - 12.6 dBA.
Table 1 – Acoustical characteristics of 12 sound stimuli.
Acoustical parameter
LAeq [dBA]
LA10-A90 [dBA]
Noise frequency [num]

#1

#2

#3

#4

#5

#6

#7

#8

#9

#10

#11

#12

50.3
2.7
86

59.3
10.5
132

49.9
4.4
135

51.4
3.4
145

56.8
12.6
149

53.0
6.2
159

52.4
7.6
164

55.8
4.9
166

56.4
9.2
167

57.3
9.8
177

54.0
5.4
180

50.6
5.4
204

2.1.2 Visual stimuli
In this study, by applying virtual reality (VR) technology, three open plan office spaces with visually
different internal conditions were implemented. In previous studies, the usefulness of VR technology for
indoor noise evaluation has been confirmed [9-11]. Unity 3D software, a game engine platform, was used to
implement the VR environment. Office A (L 9.5 m, W 6.0 m), office B (L 17.7 m, W 9.0 m), and office C (L
25.0 m, W 22.0 m), respectively. In addition, the window area ratio was made to have a range of 10 - 35%.
2.2

Experimental set-ups

2.2.1 Questionnaire
In this study, the questionnaire used for subjective evaluation of indoor soundscape in open plan office
consisted of 3 parts. The first part is to investigate the identification of noise sources in the office
environment, and 12 noise sources (conversation, laugher, computer (Keyboard and mouse), walking and
footstep, chair dragging, desk noise, page turning, printers and copiers, doors Slamming, water purifier, glass
cup clinking, mechanical fan and AC) were evaluated on a 7-point Liker scale (0: Not at all – 6: Extremely).
In the second part, in order to investigate the perceived affective quality of office indoor soundscapes, as
shown in Figure 1, the degree of agreement on 8 attributes (full of content, interesting, comfortable, private,
dead, boring, annoying, dynamic) was evaluated [8]. The subjects were asked to respond on a 7-point Liker
scale (0: Not at all – 6: Extremely). In the last part, the overall quality of the open plan office was divided
into three aspects (satisfaction, willing to work, perceived affective quality), and the degree of agreement
with each evaluation factor was evaluated on a 7-point Liker scale (0: Not at all). – 6: Extremely).
2
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Figure 1 – Indoor soundscape perception dimensions in open plan office
2.2.2 Procedure
A total of 41 subjects (male = 23, female = 18) participated, and the age range was 20 – 29 years (mean age:
23.12, standard deviation: 2.82). In order to reduce the variation in the subject's response, students enrolled
in the same university were targeted. The subjects were recruited by screening only those who had work
experience in an office space. Before the experiment, as an ethical procedure, the subjects signed a consent
form to participate in this experiment. The evaluation environment was implemented in a quiet laboratory,
and the background noise at this time was very low, about 30 dBA.
A total of 36 stimuli (12 audio stimulus × 3 visual stimulus) were provided to the subjects in random order.
Sound stimulation was provided through an open type headphone (Sennheiser HD 650), and visual
stimulation was provided through a head mounted display (VIVE Pro EYE). After experiencing each
evaluation stimulus for 1 minute, the subjects were asked to respond to the questionnaire while listening to
the stimulus repeatedly. The questionnaire was provided as a GUI within the VR environment. As a result, a
total of 1,476 responses (36 stimulus × 41 subjects = 1,476) were collected for each evaluation item.

3
3.1

Results and discussions
Sound source identification

Table 2 shows the level of awareness of various noise sources in open plan offices. Overall, speech sound
generated by communication between workers was the most prominent, and noise recognition for keyboard
and mouse was also dominant. However, it was found that other noise sources (walking and footstep, desk
nose, and so on) were not well recognized by the subjects despite the fact that the frequency of occurrence
was higher than 10 times per minute.
3
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Table 2 – Summary of sound source identification results for 12 sound stimuli.
Acoustical parameter

#1

#2

#3

#4

#5

#6

#7

#8

#9

#10

#11

#12

Conversation

0.90 1.85 1.60 0.34 4.81 3.75 4.18 1.31 4.32 4.54 2.02 1.77

Laugher

0.44 0.35 1.97 0.28 1.04 1.31 0.54 0.28 3.55 1.32 2.28 4.04

Keyboard and mouse

3.65 2.11 2.15 3.02 2.15 3.37 3.05 1.85 2.33 1.99 1.70 2.46

Walking and Footstep

1.02 1.14 0.59 1.08 1.81 0.83 0.54 3.95 1.91 1.28 2.57 1.06

Chair dragging

0.33 1.47 0.72 0.72 0.83 0.68 0.38 0.63 0.92 1.01 0.63 0.46

Desk noise

0.87 2.87 1.33 1.68 1.99 1.44 0.85 1.72 1.56 2.59 1.41 1.00

Page turning

0.44 1.07 0.61 0.47 0.70 0.53 1.02 0.49 0.65 0.63 1.14 0.77

Printers and Copiers

1.41 1.37 0.57 1.23 1.06 1.11 0.76 1.51 1.46 1.15 1.40 1.25

Doors slamming

1.42 1.39 0.74 1.65 1.25 1.08 0.59 1.95 1.72 2.05 1.77 0.63

Water purifier

0.45 1.55 0.22 0.50 1.76 0.46 0.28 0.63 0.67 2.11 0.67 0.62

Glass cup clinking

0.39 3.93 0.32 0.51 2.61 0.37 0.28 0.63 0.93 0.74 0.54 0.33

Mechanical fan and AC

1.33 1.34 1.19 1.46 1.15 1.26 1.15 1.30 1.36 1.21 1.41 1.11

3.2

Perceived affective quality

Figure 2 shows the results of perceived affective quality. At this time, the indoor soundscape perception
dimension was examined by dividing it into comfort and content as shown in Figure 1. As a result, it was
found that the less conversations occur, the higher the comfort is evaluated, and the more conversations
occur, the lower the comfort. On the other hand, as the overall noise frequency increased, the content
recognition also appeared to increase. One interesting thing is that even if conversation occurs frequently,
comfort does not decrease significantly when other noise source events occur variously.

Figure 2 – Factor score of indoor soundscape in open plan office for 12 sound stimuli.
4

1217

3.3

Overall quality

Linear regression analysis was performed to examine the relationship between overall quality (satisfaction,
willing to work, perceived productivity) and perceived affective quality, as discussed above, and the results
are shown in Figure 3. At this time, satisfaction and willing to work were grouped and interpreted as
preference for work environment. First, it was found that indoor soundscape comfort in open plan office had
a positive relationship with satisfaction (b = 0.96, p < 0.01, adjust R2 = 0.91) and willing to work (b = 0.97, p
< 0.01, adjust R2 = 0.93), but had a negative relationship with perceived productivity (b = -0.94, p < 0.01,
adjust R2 = 0.87). On the other hand, content had a positive relationship with perceived productivity (b =
0.88, p < 0.01, adjust R2 = 0.77) and a negative relationship with satisfaction (b = -0.79, p < 0.01, adjust R2 =
0.62) and willing to work (b = -0.77, p < 0.01, adjust R2 = 0.58). Therefore, in order to achieve a balance
between environmental preference and perceived productivity, it was found that it is desirable to provide an
office environment so that comfort is between 0 and 1 and content is between 1 and 2.

Figure 3 – Relationship between indoor soundscape perception dimension ((a) comfort and (b) content) and
overall quality (satisfaction, willing to work, and perceived affective quality).

4

Conclusions

In this study, the method to secure worker's preference and perceived productivity for the office environment
for open plan office was examined from the perspective of indoor soundscape. For this purpose, subjective
evaluation was performed, and an appropriate level of comfort-content was suggested for a balanced design
of preference and perceived productivity. The findings of this study will be used as basic data for open plan
office design.
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Abstract
Measuring and monitoring background noise levels in active offices is a crucial issue to assess comfort
conditions and enhance the technical standards. Machine learning-based algorithms have been proposed in
previous work to identify and measure noise sources during working days in a test office. Two unsupervised
clustering techniques, i.e. Gaussian Mixture Model and K-means clustering, gathered the recorded sound
pressure levels finding patterns. After the clustering, preliminary labelling of the sources (i.e., human,
mechanical, traffic, and so on) was made employing statistical and metric assumptions. In the present work,
the method has been tested in a wider scenario: three offices were recorded during two working days. Thus, the
ML-based algorithms were run finding contributions of the noise sources within the offices. The discrimination
of noise sources was carried out by improved statistical and metric properties, which were briefly discussed.
Results encourage testing ML algorithms in long-period monitoring.
Keywords: open-plan offices, k-means, gaussian mixture, clustering, acoustic monitoring.

1

Introduction

One of the main acoustic challenges of the recent ISO 22955:2021 is to limit the worker’s exposure to ambient
noise. A-weighted, equivalent continuous sound level LAeq,T was proposed by ISO 22955:2021 to measure the
workstation noise level. Target values were set for different types of activity (see table 1).
Many sound sources can contribute to workstation noise: human noise, mechanical noise, traffic noise from
outdoor, ... In the field of open-plan office acoustics, the discrimination between noise sources is usually made
with percentile levels. [1, 2].
This kind of approach requires either the knowledge of the distribution of the occurrences of the sound levels
in the environment during monitoring time or supervision by the operator. For these reasons, unsupervised
algorithms can represent a useful tool for accurate monitoring without the need for human supervision.
This work aims to identify sound sources via an unsupervised statistical analysis of long-term
monitoring [3]. Data population obtained from the recording done in three active offices were processed with
algorithms used in unsupervised learning to find patterns and create clusters. Then, sound sources were tagged
by associating to each cluster - "human" or "mechanical" in these preliminary cases. Algorithm results were
compared with equivalent continuous and percentile sound levels.

2

Description of the three-steps procedures

The unsupervised analysis proposed here is based on two Algorithms. Algorithm 1 performs the clustering
via GMM and AIC. Algorithm 2 performs the clustering via KM and silhouette. Both Algorithms act in three
steps:
1. Preliminary clustering analysis, finding several numbers of candidate noise sources.
2. Selection of the best candidate through clustering validation.
1
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Table 1: Workstation noise level LAeq,T assumed for different types of activity, according to ISO 22955:2021.
Activities in its own space
Activity

Target values (dBA)

Activity mainly focusing on outside of the room communication

55

Activity mainly based on collaboration between people at the
nearest workstation

52

Activity mainly based on a small amount of collaborative work

48

Activity can involve receiving public

55

Activities within the same space
Receiver space type

Target values (dBA)

Informal meetings (open plan)

48

Outside of the room communication (phone)

48

Collaborative

45

Noncollaborative

42

Focussed phone

42

Focussed individual work

40

3. Final clustering analysis and association of each cluster to a noise contribute based on statistical
(Algorithm 1) or temporal (Algorithm 2) conditions.
In Algorithm 1, the first step performs the clustering via GMM. The procedure has been repeated with a
variable number of clusters k = 1, ..., 10. The EM algorithm returns the mean µk , the standard deviation σk , and
the mixing proportions πk of each Gaussian curve (see eqs. 1 and 2). In order to achieve meaningful results, the
EM algorithm is initialized by means of the components, the covariance matrices, and the mixing proportions.
An option has been set in order to replicate the algorithm several times starting from different points, then the
maximum likelihood is fitted. A covariance matrix of diagonal type is set, whereas the mixing proportions are
used with default parameters, which means that the initial values are uniform. In the second step of Algorithm
1, the optimal number of clusters is investigated through the AIC calculation according to equation 5. The
goodness of fit is rewarded through the likelihood function and, at the same time, the model is penalized if it
exceeds in complexity. The number k corresponding to the elbow of the curve is used to perform again the
GMM with the optimal number of clusters. Then, the association among numerical and real sources existing
within the office is made. Since in the dataset used in the present study the traffic noise is negligible, in the
third step of Algorithm 1 the way to discern the type of source was statistical. The standard deviation is used
as the parameter to distinguish the nature of the source, either mechanical or human. It is expected that a low
s.d. belongs to the mechanical sources, whereas a high s.d. to human activity.
Instead, Algorithm 2 is based on KM and silhouette. The K-means clustering was set using the square
Euclidean distance as the metric to be minimized within the cluster ck and all over the k clusters (see eqs. 3
and 4). Then, as seen above for GMM, a specific option to replicate the algorithm starting from different
points was set to avoid the use of the same centroids in the iterations. Also, Algorithm 2 was repeated with a
variable number of clusters k = 2, ..., 10. Then, the silhouette method was used to choose the best model among
candidates. The mean values of the silhouettes of each cluster provide a metric to evaluate the clustering
goodness. Thus, the clustering validity is rated finding the highest silhouette coefficient SC (equation 9) among
2
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Algorithm 1: GMM and AIC
Input: xi short-time levels octave-band filtered, f (xi ) target distribution
Output: Lhuman ; Lmech
1 init EM
2 init Lmech , Lhuman = −∞
3 // first step
4 for k = 1 : 10 do
5
(πk , µk , σk ) = EM(k, xi )
6 end
7 // second step
8 for k = 1 : 10 do
9
AIC(k) = 2k − 2 ln (L(πk , µk , σk ; f (xi )))
10 end
11 E = elbow(AIC(k))
12 // third step
13 (π j , µ j , σ j ) = EM(E, xi )
14 for j = 1 : E do
15
if statistical condition
 then

16
Lhuman = 10 log 10µ j /10 + 10Lhuman /10
17
end
18
else


19
Lmech = 10 log 10µ j /10 + 10Lmech /10
20
end
21 end

candidate models, which means for a various number of clusters k, as described in the previous section. Then,
KM is performed again with the optimal k. The subdivision between mechanical and human noise is based
on a metrical hypothesis. The average distance of data points and the centroid within a cluster describes the
density of clusters. A short distance can be associated with a mechanical source whereas a large value to human
activity. The size of clusters can bring information about the frequency – in the temporal meaning – of the sound
sources. For instance, a quiet office, with a low human activity within, will have a corresponding cluster with a
large percentage of samples relative to the whole population.
2.1. Clustering algorithms
Clustering algorithms allow the identification of different candidate noise sources by analyzing the data
collected from a recording. In this section, the Gaussian Mixture Model (GMM) and the K-Means Clustering
(KM) are introduced.
GMM is a clustering method that decomposes the original model data into a sum of gaussian curves.
Assuming a set of observations x1 , . . . , xn (e.g. the short-time equivalent levels recorded), the Gaussian
probability density function f (xi ) of these observations – in the following called target density – can be
expressed as a sum of K Gaussian densities fk (xi , µk , σ2k ):
f (xi ) '

K
X

πk fk (xi , µk , σ2k )

(1)

k=1

where πk are the so called mixing proportions [4], non-negative quantities that sum to one; that is,
0 ≤ πk ≤ 1

(k = 1, . . . , K)
3
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Algorithm 2: KM and Silhouette
Input: xi short-time levels octave-band filtered, f (xi ) target distribution
Output: Lhuman ; Lmech
1 init KM
2 init Lmech , Lhuman = −∞
3 // first step
4 for k = 1 : 10 do
5
ck = KM(k, xi )
6 end
7 // second step
8 for k = 2 : 10 do
9
s(k) = Silhouette(ck ; f (xi ))
10 end
11 A = k : maxk (s(k))
12 // third step
13 c j = KM(S C, xi )
14 for j = 1 : S C do
15
if metrical condition then

16
Lhuman = 10 log 10centroid(c j )/10 + 10Lhuman /10
17
end
18
else


19
Lmech = 10 log 10centroid(c j )/10 + 10Lmech /10
20
end
21 end

and

K
X

πk = 1.

k=1

The likelihood function for a mixture model with K univariate Normal components is:
L(x) =

n X
K
Y
i=1 k=1

πk fk (xi ) =

n X
K
Y
i=1 k=1

1

e
πk q
2πσ2k

−

(xi −µk )2
2σ2
k

.

(2)

The equality in 1 is usually realized by the maximum likelihood optimization algorithm, e.g. the ExpectationMaximization (EM) [5]. In the context of background noise in open-plan offices, Dehlbaek et al. [6] proposed
a preliminary analysis based on GMM. The probability distribution function of equivalent levels recorded in
several offices is fitted with one or more Gaussian curves. The means a Gaussian curve is taken as the sound
pressure levels of a sound source. If two normal curves are used, then the higher mean is identified as human
activity and the lower one as the background noise in the office. The contribution of human activity is taken
into account only if the 10th statistical percentile of the corresponding curve is greater than the background
noise measured in unoccupied conditions.
While GMM is based on the statistical properties of the data population, KM optimizes a metric distance
of each single data point to form clusters. The set of observations x1 , . . . , xn can be clustered into a set of K
clusters, C = {ck ; k = 1, . . . , K}, where µk is the mean of cluster ck . The squared Euclidean distances between
µk and the points in cluster ck is defined as:
X
J(ck ) =
||xi − µk ||2 .
(3)
xi ∈ck
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Figure 1: The three unsupervised methods used in this work. In figure (a) the continuous line represents the
cumulative distribution of the recorded SPL of a sound level meter and the * corresponds to the 90th
Percentile Level L90 . In figure (b) the continuous line represents the occurrences distribution of the same
measurement. The asymmetrical distribution can be decomposed into four Gaussian curves. The mean values
of Gaussian curves indicated with * correspond to the sound levels attributed to each sound source. In figure
(c) the four histograms represent four different clusters obtained via K-means clustering.
The goal of K-means is to minimize the sum of the squared Euclidean distances over all K clusters:
J(C) =

K X
X

||xi − µk ||2 .

(4)

k=1 xi ∈ck

The process converges to a local minimum in two steps: first, the optimal partition for a given set of µk is
found; then, the cluster centroids are computed once C is fixed [7]. A K-means clustering was preliminary
used by Wang and Brill to monitor the noise levels in occupied and unoccupied conditions in several K-12
classrooms [8].
2.2. Clustering validation
Clustering algorithms may produce redundant results, i.e. a number of clusters greater than the number
of actual sound sources. Indeed, the maximum likelihood principle results in selecting the highest possible
dimension [9]. The clustering validation allows to assess the best model among candidates through specific
metrics. In this work, the Akaike Information Criterion (AIC) [10] and the silhouette method [11] have been
used to assess the optimal number of clusters for, respectively, GMM and KM.
AIC provides an assessment based on a reward for the goodness of fit to help in choosing the best candidate
as well as a penalization for the complexity of the model. Assuming k as the number of estimated parameters
in the model and L the likelihood function defined above, the AIC is:
AIC = 2k − 2 ln [L(x)] .

(5)

The first term of eq. 5 is the penalization of the complexity, whereas the second term concerns the goodness
of the fit. Thus, the greater the likelihood the lower the AIC. It follows that the lowest value indicates the best
model. Plotting the AIC obtained with different values of K, the elbow of the curve highlights the optimal
number of clusters.
The silhouette method is a quantitative assessment of the degree of separation among the clusters. Assuming
i as a data point in the cluster Am , the mean distance between i and the other data points in the same cluster is:
a(i) =

X
1
d(i, j)
|Am | − 1 i, j∈A ,i, j

(6)

m

5
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where d(i, j) is the distance between i and j in the cluster Am .
Thereafter, the mean dissimilarity of i to another cluster Bn is defined as the mean distance between i and
the other points l in Bn . Thus:
1 X
b(i) = min
d(i, l)
(7)
|Bn | l∈B ,l,i
n

is the shortest mean distance between i and all the other points in the other clusters. Of course, this is possible
only with a number of clusters K > 1. The cluster with the smallest mean dissimilarity is defined as “neighbor"
and represents the second-best choice for i. The silhouette value s(i) is defined as:



1 − a(i)/b(i) if a(i) < b(i),




(8)
0
if a(i) = b(i),





b(i)/a(i) − 1 if a(i) > b(i).
Thus −1 ≤ s(i) ≤ 1, which means that i is properly clustered if s(k) is near 1, while it is wrongly clustered if
s(i) is near -1, whereas an s(i) near 0 means that i can be assigned to either A or B. The silhouette values s(i)
express how each data point is well clustered. Hence, the mean of each silhouette value of clusters s̄(i) can be
considered as a metric for the whole clustering process. The silhouette coefficient SC then is defined as:
S C = max s̄(k)
k

(9)

where k is the number of clusters. The silhouette coefficient, as well as being one of the most well-known
clustering validation indices, is assessed as very viable among different kinds of datasets [12].

3

Method

In order to evaluate the performance of the two methods, the following scenarios were monitored:
Office A A mid-sized open plan: 8-12 workers varying during the day; Activity mainly focusing on outside of
the room communication
Office B A mid-sized open plan: 10-12 workers varying during the day; Activity mainly based on a small
amount of collaborative work
Office C A small-sized open plan: 0-2 workers varying during the day.
All open-plan offices were treated with COVID19 screen (120 cm height) without further acoustic
improvements. The acoustic quality of all the spaces can be assumed as poor.
Sound pressure levels monitoring was carried out throughout two working days, so to allow to record enough
data. A statistical data population was obtained by recording short-time equivalent levels, 100 ms integration
time, octave-band filtered (125 Hz - 4000 Hz), for an amount of time long enough to validate the central limit
theorem.
The recordings were post-processed via two algorithms proposed in previous work [3]. The latter exploit
two unsupervised clustering techniques commonly used in machine learning [13]: Gaussian Mixture Model
(GMM) and K-means clustering (KM). First of all, the clustering validation step allows to set the best number of
clusters available in the recorded population data. Each cluster represents a sound source, this is the assumption
underlying this step. The metrics for the validation are the Akaike Informational Criterion (AIC) for GMM and
the silhouette coefficient (SC) for KM [10, 11]. The corresponding elbow of the AIC curve and the greatest SC
value are respectively the best number of clusters for each algorithm.
After the number of sound sources is discovered, their respective sound pressure levels (SPLs) are achieved
via GMM and KM. GMM splits the data basing on probability assumptions, describing each cluster with a
Gaussian curve. KM shapes the clusters basing on the minimization of the distance within the data [14]. In
6
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1

2

B

C

C

2

A

1

1

A

B

Day

Office

KM

GMM

KM

GMM

KM

GMM

KM

GMM

KM

GMM

KM

GMM

Algorithm

48.3 (23.8)

51.8 (12.7)

Human

Human

42.3 (5.1)

Mechanical

35.3 (8.8)

49.1 (5.0)

Human

43.8 (7.1)

41.7 (1.9)

Mechanical

Human

52.3 (13.3)

Human

Mechanical

41.9 (7.3)

Mechanical

34.7 (2.4)

49.6 (5.1)

Human

Mechanical

40.9 (2.2)

Mechanical

50.3 (27.9)

55.3 (9.5)

Human

Human

47.4 (3.2)

36.2 (12.9)

52.9 (4.3)

Human
Mechanical

Mechanical

47.2 (1.7)

Mechanical

35.4 (3.2)

55.5 (9.5)

Human

46.1 (7.4)

47.8 (3.2)

Mechanical

Human

53.2 (4.3)

Human

Mechanical

47.7 (1.7)

125 Hz

Mechanical

Source

48.8 (27.6)

34.5 (9.2)

44.1 (7.2)

33.5 (2.2)

50.5 (29.6)

36.5 (12.8)

46.2 (7.5)

35.7 (3.2)

52.3 (23.0)

39.4 (8.2)

48.2 (6.5)

38.2 (1.9)

53.0 (20.6)

40.1 (10.6)

49.3 (6.4)

38.7 (2.4)

55.8 (17.0)

44.3 (4.6)

53.0 (5.6)

43.8 (1.7)

55.1 (15.6)

44.3 (3.7)

52.3 (5.3)

43.8 (1.4)

250 Hz

50.0 (40.9)

32.3 (18.1)

45.5 (8.8)

31.4 (3.8)

49.8 (40.8)

34.2 (20.5)

45.4 (8.8)

33.8 (4.8)

53.6 (36.8)

35.0 (1.2)

47.9 (8.8)

33.3 (1.7)

54.1 (33.1)

36.4 (15.3)

49.3 (8.3)

34.4 (2.2)

56.4 (31.5)

38.9 (8.9)

51.8 (8.0)

37.7 (1.5)

57.2 (34.3)

38.3 (9.0)

52.6 (8.5)

37.0 (1.2)

500 Hz

43.0 (37.6)

28.2 (17.7)

38.6 (8.4)

27.7 (4.3)

40.5 (32.0)

30.3 (19.1)

39.6 (8.1)

29.0 (4.2)

49.3 (36.8)

34.0 (8.9)

43.2 (7.7)

32.7 (1.6)

49.6 (32.2)

35.2 (10.5)

44.3 (7.4)

33.7 (2.1)

49.2 (36.5)

33.3 (11.1)

43.4 (8.0)

31.7 (1.8)

49.6 (41.2)

32.5 (12.1)

42.5 (8.6)

30.3 (1.3)

1 kHz

Frequency octave band

39.7 (38.8)

23.6 (23.4)

34.7 (8.7)

22.0 (4.5)

41.2 (32.2)

25.9 (23.9)

35.9 (8.3)

22.4 (3.7)

44.9 (32.3)

30.5 (10.5)

39.3 (7.4)

28.7 (1.9)

45.2 (27.1)

31.7 (12.2)

40.2 (7.0)

29.8 (2.3)

43.3 (32.2)

28.4 (13.9)

38.2 (7.7)

26.6 (2.5)

43.6 (40.8)

27.6 (17.5)

37.6 (8.5)

24.8 (2.3)

2 kHz

34.8 (36.5)

19.2 (18.2)

29.6 (8.2)

16.9 (3.0)

35.7 (34.2)

20.6 (22.1)

29.5 (8.5)

14.2 (1.1)

37.9 (26.4)

25.2 (11.3)

33.6 (6.8)

23.8 (2.6)

39.1 (25.0)

26.5 (12.7)

35.1 (6.8)

25.2 (3.1)

36.9 (28.7)

23.3 (14.9)

32.8 (7.4)

22.3 (3.6)

37.8 (36.0)

22.3 (21.6)

32.6 (8.4)

19.8 (3.7)

4 kHz

50.4 (34.8)

34.7 (17.0)

45.7 (8.1)

33.5 (3.5)

51.0 (32.0)

36.6 (18.2)

46.3 (7.9)

34.7 (3.5)

54.6 (29.9)

39.5 (9.9)

49.5 (7.5)

37.9 (1.7)

55.0 (25.7)

40.7 (12.2)

50.6 (7.1)

38.7 (2.1)

56.3 (26.2)

41.5 (7.8)

51.8 (7.1)

40.2 (1.4)

57.0 (29.6)

41.3 (8.3)

51.9 (7.7)

39.8 (1.0)

A-weighted

51.7

53.2

54.5

55.0

55.4

56.5

LAeq,T

Table 2: Results of the clustering carried out over long-term monitoring of the three offices. The office, the correspondent measurement day, the algorithm
and the kind of source are shown. Measured SPLs are shown for each octave band from 125 to 4000 Hz, besides the A-weighted values. Moreover, the
correspondent A-weighted continuous-equivalent level measured through the sound level meter is shown.

(a) Office A - Day 1

(b) Office A - Day 2

(c) Office B - Day 1

(d) Office B - Day 2

(e) Office C - Day 1

(f) Office C - Day 2

Figure 2: Spectral analysis: results of the spectra recorded in the three offices for day 1 (on the left) and day 2
(on the right).
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this method, the means of the Gaussian curves and the centroids, i.e. the center of gravity of each cluster, are
assumed as the SPLs produced by the sound sources.
The qualitative analysis concerns the detection of the kind of source, either mechanical or human. In the
previously cited work [3], the identification of the kind of sound source has been made through the standard
deviation (SD) of the Gaussian curves of each cluster obtained via GMM. With an SD lower than 5 dB,
the source is labelled as mechanical, otherwise is considered due to human activity. Concerning the KM, a
comparable metric of the s.d. was found in the average intra-cluster distance (AICD) among data points, i.e.
the average distance of data points belonging to the same cluster.

4

Results

The outcomes concern the whole recorded working days of each office. The best number of clusters within the
recorded data is k = 2 for offices A, B, and C; thus, the expected soundscape made up by two sound sources, as
state above in the method section, is confirmed.
Once the number of clusters is set, the second step runs the algorithms, i.e. GMM and KM, and finds the
SPLs of each sound source. Table 2 shows the results of GMM and KM of each office and day for the octave
band from 125 up to 4000 Hz and the A-weighted equivalent level. Here, values are labelled as “mechanical”
or “human” according to the threshold of 5 dB of the correspondent Gaussian curve. Brackets contain SD and
AICD respectively for GMM and KM.
Furthermore, a preliminary method to assess the reliability of the algorithms is investigating the spectra
obtained. Figure 2 shows all the spectra obtained in each office for each day and each algorithm in the octave
bands from 125 to 4000 Hz. Blue and red lines indicate respectively the outcomes obtained by GMM and KM.
Dashed and solid represent respectively mechanical and human sources.
Spectral behaviour and sound levels of identified sound sources are consistent with the physical scenarios
in the measured offices. Indeed, the level of "human" source is influenced by the number of people within the
office and its spectrum fits with speech power level, according to ISO 3382-3. Moreover, office equipment and
HVAC can show a noise similar to ones measured through "mechanical" source. Furthermore, these methods
can be used to measure the HVAC noise in dynamic scenarios [15].
50

Mechanical
Human

AICD (dB)

40
30
R2 = 0.52
20 y = 4.1x + 2.1

R2 = 0.94
y = 6.8x − 21.1

10
0
0

2

4
6
SD (dB)

8

10

Figure 3: Relationship between the standard deviation SD and the average intra-cluster distance AICD. White
and black diamonds represent respectively the mechanical and human noise detected during the monitoring.
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The preliminary analysis of these three active offices seems to confirm threshold values used by algorithms
to identify and label sources. Previous works about monitoring systems or human activities have shown an
SD threshold of about 4-6 dB to split the two kinds of sources [16, 17]. The method used in the present
paper sets the threshold to 5 dB. Values of SD smaller than 5 dB are deemed to belong to a mechanical sound
source, otherwise to human ones. At the same time, it is important to find a similar metric for KM. Thus, a
parameter that can describe the size of the cluster is the average distance of the data point within the same
cluster, i.e. the intra-cluster distance AICD. Then, the correlation between SD and AICD helps to find the
correspondent threshold by AICD. Figure 3 plots the measured SD and AICD for both mechanical and human
sources. Mechanical sources appear more scattered, maybe because of the several devices within the offices;
whereas the correlation concerning the human sources has an R2 equal to 0.94. Except for the SD value
measured in the 125 Hz octave band in office A during day 1, the SD equal to 5 dB seems to be confirmed as
the threshold to split the two kinds of sources.

5

Conclusions

Two ML-based methods to measure more than one sound source in open-plan offices at the same time are
presented. In the case under study, three open-plan offices were used to check both unsupervised methods.
Sound sources were tagged, respectively, as ’mechanical’ and ’human’. Spectral behaviour and sound levels of
identified sound sources are consistent with the physical scenarios in the measured offices (number of people,
office equipment, etc...). Results can usefully contribute to measuring the workstation noise level, as introduced
by recent ISO 22955:2021.
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Wave-based room acoustic simulations of an open plan office
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Abstract
In this study, room acoustic simulations of a real open plan office using the time-domain discontinuous Galerkin
(TD-DG) method are performed, as a preliminary attempt to assess the accuracy and applicability of this wavebased method for realistic sound field analysis in the low-frequency range. This TD-DG simulation involves
the developed techniques of locally-reacting frequency-dependent impedance boundary conditions and the
local-time stepping scheme. The required input for the boundary modeling of relevant absorption materials is
obtained from the absorption coefficients measured in a reverberation room based on the international standard
ISO 354. Observed discrepancies, in terms of the room acoustic parameters, between the measurements and
simulation results indicate the limitation of the detailed wave-based modeling in the absence of a precise
boundary characterization.
Keywords: wave-based simulation, time-domain discontinuous Galerkin method, open-plan office.

1

Introduction

Wave-based room acoustic simulation methods simulate sound propagation by directly solving the wave
equation based on numerical approximation techniques. Compared to the well-established geometrical acoustic
(GA) simulation techniques [1], which are built upon the assumption that sound acts as rays, wave-based
methods are able to accurately capture inherent complex wave-phenomena such as scattering, diffraction
and phase effects. Despite their superior accuracy, wave-based methods suffer from a heavy computational
cost. Therefore, GA simulation methods have been the prevailing approach for acoustic practitioners and
researchers for simulating the acoustic fields of large rooms like concert halls and theaters; while it is
generally acknowledged that wave-based methods serve as preferred alternatives to GA models for rooms with
small volumes below the Schroeder frequency, where the modal overlap is low. Recently, the time-domain
discontinuous Galerkin (TD-DG) wave-based method has been investigated for room acoustic modeling
purposes [2, 3] and efforts have been made to enhance its performance in terms of acoustic boundary modeling
[2, 4, 5], efficiency [6] and high-performance computing [2].
A comprehensive evaluation of the accuracy of room acoustic simulations typically involves a comparison
with measurements. For state-of-the-art of room acoustic modeling software that are based on GA models,
round robin experiments have been performed using acoustic scenes of different levels of complexity [7]
and benchmark databases have been established [8]. Audible deviations are observed, and it proves to
be a challenging task to guarantee an exact match of model input parameters between simulations and
measurements. Sources of input data uncertainties include room geometries, absorption and scattering
properties of room surfaces and the source and receiver characteristics [9].
For wave-based methods, there have been on-going research activities trying to close the gap between
real-world measurements and simulations as well. Experimental validation of room acoustic simulations
inside a reverberation room with a time-domain finite element method (FEM) is reported by Okuzono et al.
1
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[10], and a decent agreement of band-limited room impulse responses is observed in three separate octave
bands. Comparisons of different boundary representations of porous absorbers in small rooms are performed
respectively within the framework of the frequency-domain FEM model [11] and the TD-DG model [12],
highlighting the effects of extended reaction of boundary materials for room acoustics. For the TD-DG method,
previous validation work [3] has been done inside an empty reverberation room, where the walls are modeled
with a uniform real-valued impedance. Later on, benchmark tests with various furniture inside were conducted
[13] and the good match with measurements indicate the strong potential for more challenging and larger room
scenarios. Another recent study compares measurements with simulation results from the TD-DG method
in a small rectangular room with porous absorbers, with a focus on establishing a comprehensive validation
and uncertainty quantification framework in wave-based room acoustic simulations [14]. It was found that
the input uncertainties associated with the absorption properties makes it intractable to predict common room
acoustic parameters within just noticeable difference (JND) thresholds.
In this study, the TD-DG method is applied to simulate the acoustics of a large real open plan office in the
low-to-middle frequency range (125 Hz to 500 Hz octave bands), with the aim of assessing the accuracy and
applicability of this wave-based method for realistic sound field analysis. The ground truth references to be
compared with are measurement results, which were previously published in a study on how room acoustic
parameters are affected with varying configurations of furniture and sound absorbing barriers [15]. The
acoustic properties of involved boundary surfaces are characterized based on standardized reverberation room
measurements [16]. The required specifications of complex-valued reflection coefficients for the wave-based
calculations are obtained by transforming the measured Sabine absorption coefficients. The comparison
between the simulation and measurement results are conducted in terms of six room acoustic parameters that
are derived from the room impulse response.
The paper is organized as follows. The description of the reference room measurements is presented in
Sec. 2. Sec. 3 describes the setup of the wave-based simulation model and the approach used for retrieving
complex-valued impedance boundary data. Section 4 presents the comparison of simulation results with
measurements, as well as discussions on the potential limitations of the current wave-based model.

2

Reference measurement

2.1. Measurement room and procedures
As shown in Fig. 1, the open plan office under study has a long and narrow floor plan with windows along
the walls. Small closed rooms indicated by the blue areas are present to subdivide the long space. The room
has a volume of 962 m3 and the ceiling is 2.9 m tall. During the measurements, the room was completely
empty except for the 5 workstation islands. Within each group of 4 workstations, two variations of the setup
are considered:
– V1: only tables in the room,
– V2: tables with dividing panels and side panels.
The source location and the 9 receiver locations are denoted by the red and yellow circles respectively, with the
exact position of the source and of one receiver (R9 ) provided. The table depth for each sitting position is 0.8
m and the source and microphones are positioned 0.3 m away from the tables. More geometrical details can be
found in Ref. [15]. The measurements have been performed following ISO 3382-3 [17]. An omnidirectional
sound source (B&K 4292) and omnidirectional microphones were connected to a laptop with measurement
software Dirac 6 (B&K 7841) via a triton USB device (AE) and an amplifier (B&K 2734).
2.2. Acoustic properties of room materials
The room has a sound absorbing suspended ceiling of 20 mm thick Rockfon panels with an air cavity of at
least 200 mm. The floor is covered with carpet. Dividing and side panels, which are made of 25 mm chipboard,
2
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Figure 1: Pictures of the measured open plan office and its floor plan in top view.
stand on the floor and have a height of 1.5 m. To increase sound absorption, 30 mm thick melamine foam is
applied to both sides of the upper 1.3 m part of the dividing panels that are along the y-direction.
The acoustic properties of the room surface materials, which are represented with the Sabine absorption
coefficients in this work, are measured in a reverberation chamber according to ISO354 [16] and are available
in octave bands as shown in Table 1. The Sabine absorption coefficients are measured by the reverberation
chamber method as follows:
55.3V 1
1
αS ab =
−
,
(1)
S c0 T 2 T 1
where V is the volume of the reverberation chamber, S is the area of the material sample, T 1 is the reverberation
Table 1: Measured Sabine absorption coefficients αS ab of materials in octave bands. The values in parentheses
are the estimated size-corrected ones used in simulations, as described in Sec. 3
Frequency [Hz]/Materials

Ceiling

Foam

Carpet

125

0.45 (0.45)

0.10 (0.11)

0.02 (0.01)

250

0.70 (0.72)

0.35 (0.33)

0.03 (0.03)

500

0.90 (0.87)

0.60 (0.62)

0.07 (0.08)

time for an empty condition, and T 2 is the reverberation time with the test sample. It should be mentioned
that due to the limited volume of the reverberation chamber, the measurements for the suspended ceiling are
performed with the mounting type E-200 of ISO 354 [16], i.e., placing the test sample with a 200 mm cavity
behind it.

3

Wave-based modeling

3.1. Brief description of the time-domain DG method
The simulations are performed using an in-house simulation tool based on the TD-DG method. This
section presents the main formulations whereas additional details can be found in Refs. [3, 4, 6]. Under
the assumption of lossless propagation medium, the sound propagation is governed by the following partial
differential equations
∂q
∂q
∂q
+ ∇ · F (q) =
+ Aj
= 0,
(2)
∂t
∂t
∂x j
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where q(x, t) = [u, v, w, p]T is the acoustic variable vector, containing the particle velocity component [u, v, w]
and the sound pressure p. ρ is the constant air density and c is the constant speed of sound. The constant flux
Jacobian matrix A j reads

δx j 
 0

0
0
ρ 

δy j 
 0

0
0
ρ 
A j = 
(3)
δz j  ,
 0

0
0
ρ 


ρc2 δ x j ρc2 δy j ρc2 δz j 0
with coordinate index j ∈ [x, y, z]. Let Dk be a set of simplex and geometrically conformal elements that
SK
discretize the computational domain Ωh , i.e., Ωh = k=1
Dk . The local solution qhk (x, t) in element Dk , where
subscript h denotes the numerical approximation, is given by:
qhk (x, t)

=

Np
X

qhk (xki , t)lik (x),

(4)

i=1

where qhk (xki , t) are the unknown nodal values and lik (x) is the multi-dimensional Lagrange polynomial basis
of order N, which satisfies lik (xkj ) = δi j . N p is the number of local basis functions (or nodes) inside a single
element and is equal to (N + d)!/(N!d!) for simplex elements, where d is the dimensionality. After the Galerkin
projection and integrating by parts twice, the semi-discrete nodal DG formulation of Eq. (2) reads:
Z
Z  k



∂qh
k k k
+ ∇ · Fh (qh ) li dx =
(5)
n · Fhk (qhk ) − F ∗ lik dx,
∂Dk
Dk ∂t
where n = [n x , ny , nz ] is the outward normal vector of the element surface ∂Dk . F ∗ is the numerical flux across
element intersection ∂Dk and in this study, the upwind numerical flux is used throughout the whole domain
because of its low dispersive and dissipation error. The semi-discrete formulation is obtained by substituting
the nodal basis expansion Eq. (4) into the strong formulation Eq. (5). The resulting vector-matrix form of the
formulation and more details of the implementation can be found in Ref. [3].
Locally reacting time-domain impedance boundary conditions (TDIBC) are weakly enforced through the
numerical flux terms, where the reflected characteristic wave is expressed as the convolution between the
reflection coefficient at normal incidence and the incident characteristic wave. The method of auxiliary
differential equations is used to calculate the convolution. The reflection coefficient is represented by the
multi-pole model as described in Ref. [4].
The semi-discrete system with a 6th order spatial approximation is integrated in time using a 5th order explicit
Taylor series integrator based on the arbitrary high-order derivatives (ADER) methodology, with a local
time-stepping scheme incorporated as presented in[6].
3.2. Mesh generation
The model geometry is imported into the meshing software Gmsh [18] to generate the unstructured
tetrahedral mesh, as shown in Fig. 2 for the V2 setup. The geometrical model contains all details whose
dimensions are comparable to the shortest wavelength resolved, which is around 0.5 m. The absorbing foam,
dividing panels and desks are modeled as “floating” surfaces with their thicknesses neglected.
It is known that the mesh quality has a pivotal influence on the maximum allowable time step size and the
numerical error. In Gmsh, mesh element sizes are usually prescribed by adjusting the so-called characteristic
lengths (denoted as Lc ), which are more or less equal to the length of the element edges. Here, the radius
of the largest inscribed sphere rin is used as the element size measure. The chosen quality measure rq is
triple of the ratio between rin and the radius of the smallest circumscribed sphere rcir , i.e. rq = 3rin /rcir .
As a reference, a regular tetrahedron has rq = 1 (optimal mesh quality), and a degenerate tetrahedron (zero
volume) has rq = 0. Considering the maximum frequency of interest of 500 Hz, meshes with five different
4
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Figure 2: Geometry model in Gmsh.

Figure 3: Distribution of the mesh quality measure rq and the mesh size measure rin . V1 and V2 are displayed
in the left and right plot respectively. The color indicates the number of elements in each bin.
Lc = [0.3, 0.35, 0.4, 0.45, 0.5] m values are generated for both setups. It is found that decreasing the mesh
element size (increasing the number of elements) does not necessarily yield larger values of rq (better mesh
quality). By comparing the distributions of the mesh quality measure rq and the element size measure rin , the
meshes with Lc = 0.45 m are chosen for both setups, with their distributions of rq and rin are shown in Fig. 3.
The number of elements are 50379 and 57489 for V1 and V2, respectively. The points per wavelength is 11.2
(11.8) at the center frequency and 7.9 (8.3) at the upper limit of 500 Hz octave band for the V1 (V2) mesh.
In this work, considering the CFL stability condition of the explicit time integration scheme, the time step size
is determined by
1
1
∆t = CCFL · min(rin ) · ·
.
(6)
c (2N + 1)
In this study, CCFL is set to 0.9, and min(rin ) = 0.074 m for V1 and min(rin ) = 0.042 m for V2. To accelerate the
simulation for the V2 setup, where small elements exist around the corner of table dividers due to the geometry
constraint, a local time-stepping scheme [6] is used and all elements are divided into two groups. All elements
that have rin ≤ 3 min(rin ) are marked as fine elements, accounting for 8.4% of total elements, and are time
integrated with ∆t of Eq. (6). The rest are considered as coarse elements and have a time step size of 3∆t.
3.3. Acoustic boundary modeling
The measured Sabine absorption coefficients αS ab are energy parameters that do not carry phase information.
They approximately represent the theoretical random incidence absorption coefficient αrand for plane wave
incidence on an infinitely large surface. However, for wave-based room acoustic simulations, such as the TDDG method herein, the complex-valued surface impedances or equivalent reflection coefficients are needed
for the boundary modeling. In general, it is considered intractable to retrieve the correct complex-valued
surface impedance from a real-valued absorption coefficient when there is no more information on the material
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available, because there are an infinite number of surface impedance values that yield the same absorption
coefficient. To address this issue, a common strategy is to add some assumptions and constraints [19, 20].
First of all, local reaction is assumed, meaning that the surface impedance Z s (θ) is independent of the angle of
incidence θ (and thus the surface impedance for normal incidence is assumed representative of all incidence
angles). Secondly, as proposed in Refs. [21, 20], we assume that the measured Sabine absorption coefficient
corresponds to the size-corrected absorption coefficient for the low frequency range of interest, which is
proposed by Thomasson [22] as follows:
α size (θ) = 8

π/2

Z

Re(Z s (θ)) sin θ
dθ,
|Z s (θ) + Z¯r (θ)|2

0

(7)

R 2π
where Z¯r is the averaged radiation impedance over azimuthal angles φ and expressed as Z¯r = 0 Zr dφ/2π.
The average radiation impedance can be calculated with numerical integrations in an accurate way, based on
tabulated values provided in Table I of Ref. [21].
From the rudimentary assessment of the limited absorption coefficients data, the rigidly-backed foam and carpet
correspond to the cases “soft porous” and “hard porous” as discussed in Ref. [20]. It has been shown therein
that the surface impedance of rigidly-backing porous materials, which exhibits a monotonic behavior, can be
well captured by approximations with fractional derivatives, similar to the multi-pole model representation as
used in the TDIBC here. By contrast, the suspended ceiling with a large air cavity is quite difficult to simulate in
practice [20], because the cotangent term in the surface impedance produces oscillating behavior. Therefore, the
resulting narrow-band frequency variations are impossible to be reasonably captured from the coarse frequencyaveraged octave band data. In this work, restricted by the availability of input data, we preliminarily assume that
strong oscillations are not present in the current frequency range of interest. The multi-pole parameters needed
for the TDIBC are determined by solving an optimization problem. The idea is to optimize the parameters in
the multi-pole approximations of the reflection coefficient at normal incidence (denoted as Rnor ), which can be
linearly transformed into the surface impedance in Eq. (7), that produces the best match between the measured
and the estimated size-corrected absorption coefficient. The magnitude and the phase angle of fitted reflection
coefficients Rnor are shown in Fig. 4. The corresponding size-corrected absorption coefficients are the values
inside the parenthesis of Table 1.
Besides the considered ceiling, foam and carpet, there are other materials in the room absorbing sound in
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Figure 4: Estimated reflection coefficient at normal incidence. ϑ · extracts the phase angle of a complex
number.
the considered frequency range, for example the window glass and gypsum board. However, the detailed
information on their sizes and acoustic properties are missing. Here, real-valued impedances in octave bands
are assigned to all other surfaces in the room guided by the typical values of absorption coefficients provided
in Ref. [23], i.e., 0.15, 0.15 and 0.1 for the octave bands 125 Hz, 250 Hz and 500 Hz respectively.
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Table 2: Spatial average of the considered room acoustic parameters and their standard deviation for both
setups. The values before the slash are the measured ones and after the slash are the simulated ones.
Para.
T 30 [s]

EDT [s]

C50 [dB]

T S [ms]

4

Oct.

Space aver. V1

Std. V1

Space aver. V2

Std. V2

125

0.83/0.70

0.06/0.08

0.78/0.61

0.09/0.08

250

0.80/1.14

0.07/0.20

0.76/0.82

0.14/0.12

500

0.64/1.13

0.07/0.26

0.61/0.79

0.10/0.08

125

0.70/0.79

0.26/0.31

0.94/0.92

0.33/0.33

250

0.57/0.78

0.18/0.21

0.77/0.68

0.22/0.25

500

0.55/0.83

0.20/0.29

0.61/0.69

0.21/0.28

125

4.70/3.0

3.10/4.94

-0.47/0.34

5.24/2.98

250

6.50/4.75

2.54/1.66

2.02/5.65

2.89/4.71

500

6.80/3.31

3.26/3.00

6.25/4.23

3.32/2.71

125

77.5/79.0

25.9/33.7

100.9/99.1

35.4/33.7

250

66.2/77.8

23.6/28.2

88.7/75.5

28.5/29.0

500

59.2/80.6

25.3/32.8

70.9/76.0

24.7/28.3

Results

The results from the measurements and the simulations are first evaluated in terms of standard room
acoustic parameters as stated in ISO 3382–1 [24], including reverberation time (T 30 ), early decay time (EDT ),
clarity (C50 ) and center of gravity (T S ). In the DG simulation, the dodecahedron source is modeled by a point
source that has a Gaussian shaped time signal with a non-flat spectrum. Therefore, the simulated responses
are deconvolved by the spectral division approach with the water level regularization technique [25] applied in
order to get the room impulse responses.
In order to evaluate room acoustic parameters that are representative of the whole room, the spatial averaging
values, which are obtained from the arithmetic average for all nine receiver locations, are presented in Table 2.
The standard deviations provide insights into the spatial variance of the parameters across various locations.
The first impression of the comparison results is that none of the simulation results match the measured ones
very well, except for the center time T S at 125 Hz, which is the center of gravity of the squared impulse
response and indicates the balance between clarity and reverberance. Larger deviations are observed for spatial
mean values of both T 30 and EDT , which are directly calculated from the energy decay curve. For T 30 , lower
values are predicted compared to the measurements for both setups in the 125 Hz octave band, whereas higher
values are found in the simulations for the 250 Hz and 500 Hz octave bands. For the clarity C50 , the simulated
values are lower than the measured ones, except for setup V2 at 125 Hz, implying that the simulated sound
field is more perceptually blurred.
The reverberation time of a room is usually regarded as the predominant indicator of its acoustical properties.
However, for the open plan office, good speech privacy between workstations is of primary concern. Therefore,
the spatial decay rate of speech D2,S (level reduction when doubling the distance) and A-weighted sound
pressure level (SPL) of speech at a distance of 4 m from the sound source (L p,A,S ,4m ) as described in ISO
3382-3 [17] are investigated. The sound power level of the loud speaker and simulation impulse source are
normalized based on the SPL at a distance of 1 m in the free-field condition. Due to the limited frequency
range of the wave-based simulations, the logarithm summation of the A-weighted SPL is calculated only up
to the 500 Hz octave band instead of 8000 Hz for both simulation and measurements. It should be noted that
due to the SPL spectrum of normal speech and the A-weighting, the A-weighted SPL of speech almost fully
depends on the 500 Hz octave band.
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The comparisons for the V1 setup (with empty tables alone) and the V2 setup (with table dividers and side
panels ) are shown in Fig. 5, where the linear regression is performed to determine D2,S according to ISO
3382-3 [17]. It can be seen that the simulations have a lower predicted SPL of normal speech for all receiver
locations except the eighth receiver. The discrepancies get smaller at further distance. Furthermore, the
simulated spatial decay rates of speech D2,S are smaller than the measured ones in both cases. For the V1
setup, the monotonic decrease of L p,A,S is well predicted, while a fairly good agreement of the zigzag shape in
terms of L p,A,S is observed for the V2 setup, implying the effects of the table dividers and side panels are taken
into account in the simulations.
The considered comparison has proven to be quite challenging. While it is intractable to pin down the exact
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Figure 5: Comparison of D2,S and L p,A,S ,4m . V1 and V2 are displayed in the left and right plot respectively.
deficiency of the numerical model, the discrepancies between the simulation and measurement results can be
elucidated mainly from the following three aspects. First of all, there are inevitable uncertainties and inherent
randomness in both the measurements and the simulation inputs, including boundary material properties,
geometry and the source/receiver locations. In this study, the lack of knowledge about the exact size of the
windows and their acoustic properties could also affects the accuracy of simulated T 30 and EDT .
Secondly, the measured absorption coefficients of three major absorbing materials according to ISO 354 [16]
may not truly represent the acoustic properties of the materials due to the limitation of the standard [26, 27].
Furthermore, octave band data does not provide a sufficient frequency resolution for simulation purposes.
The acoustic properties of the considered materials might not be monotonic in the interested frequency range,
as assumed. Also, the accurate phase information about the surface impedance is missing, which has been
shown quite influential in capturing the frequency shift [28] and the reverberation time [29]. This argument is
supported by the fact that the standard deviation of EDT is slightly larger than that of T 30 , since EDT is more
sensitive to the relatively sparse early reflections.
Last but not least, the current wave-based simulation models all surfaces as locally reacting. In many
applications, this assumption has prevailed due to its simplicity. However, previous studies showed that for
grazing incidence waves, considerable discrepancies between locally and extendedly reacting absorbers exist
[30]. For the studied office, the distance between the floor and the absorbing ceiling is rather low. As a
consequence, grazing incidence might be more pronounced in the early reflections for certain source-receiver
positions, resulting in a serious degradation of the accuracy in EDT . Furthermore, extended reaction most
likely arises in the suspended ceiling treatment, which has an air gap larger than 200 mm. It has been shown
that absorbers with an air gap exhibit strong extendedly reacting behavior and that a better agreement at larger
incidence angles at lower frequencies is observed for extended reaction models [31].
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5

Conclusion

Wave-based room simulation of a real open plan office in the low-frequency range has been performed with
the time-domain discontinuous Galerkin method. The acoustic properties of materials are represented with the
energy-based absorption coefficients in octave bands measured with the reverberation chamber method. From
this input data, the needed complex-valued surface impedance data is retrieved by fitting the size-corrected
Sabine absorption coefficients, assuming monotonic absorption behavior within the interested frequency range.
To assess the validity of the whole framework, the simulation results are compared with the measurements in
terms of room acoustic parameters.
Noticeable discrepancies between the simulation and measurement results are observed, especially for the
reverberation time and early decay time. While it is generally difficult to determine which influencing factors
contribute the most to the overall simulation deviations, the potential limitations of the current numerical model
are summarized. It should be noted that this work is a preliminary attempt to investigate the applicability for
challenging practical cases, where a high level of complexity and uncertainty in model inputs is involved. As
future work, experimental validations with increasing level of complexity of room scenarios will be performed.
Furthermore, the formulation of extendedly reacting boundary conditions should help to achieve satisfactory
improvements in the simulation accuracy.
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Abstract
The SARS-CoV-2 pandemic with consequential home working has demonstrated how so many open plan
offices failed to support the needs of the occupants, noise being the biggest problem. This pilot study used
semi-structured interviews to explore the causes of poor acoustic conditions, and potential to improve them
using ISO 22955 - Acoustic quality of open office spaces, published May 2021. A purposive sample of
leading acoustic practitioners from Europe was consulted, and thematic analysis was used. The key themes
identified from the data included the lack of common narrative and knowledge held by stakeholders about
the causes of poor acoustic conditions; the adverse effect of occupational density, currently unaccounted for
in acoustic assessments; the acoustic risks of bringing the increased teleconference activity into existing
office designs. ISO 22955 can consolidate understanding and offers methods to improve acoustic conditions
in operation, although it should be expanded to include the personal and sociological drivers of acoustic
satisfaction.
Keywords: acoustics of open plan offices.

1

Introduction

The new standard, ISO 22955: Acoustic Quality of Open Office Spaces [1] takes a novel user-centred
approach to understanding and assessing the problem of acoustic conditions in open plan offices. It builds on
the foundation of ISO 3382-3: 2012, which identifies room acoustic indicators for open plan offices. The
starting point is to consider the activity being undertaken. Acoustic challenges for each type of activity are
identified at the workstation, between workstations, and across the floor plate. Upper limits for ambient noise
(dBA) are identified as targets for different types of activity. Within the normative part of the standard,
acoustic descriptors are assigned values to address the acoustic challenges for each type of activity.
There are six informative annexes that offer additional information and practical tools. One identifies the
process of planning an office and how different parts of the standard can be used in each. There are three
informative annexes that may be utilised when an office is in use: measurement of the ambient noise level to
compare against the target values, an acoustic comfort questionnaire, and an example of an open plan office
etiquette. These are tools that may be used to diagnose acoustic issues and hence improve acoustic conditions
without necessarily changing the fabric of the office.
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2

Background

For many years noise has been reported as one of the main problems for users of open plan offices [2]. The
world’s largest database of employee office experience, the Leesman Index, demonstrates that from more
than 800,000 responses, satisfaction with noise is rated at only 32% [3]. While there are a variety of sources
of noise that frequently feature as problems, the most significant source is unwanted speech [4].
Open plan offices are frequently vilified in the media [5]. For some people they can be intolerable places to
work due to the acoustic environment. Despite this, acoustic conditions can be disregarded or overlooked as
a serious consideration in the design of new offices. In order to better understand the challenges of noise in
open plan offices we chose to undertake a pilot qualitative study exploring what experts believe to be the
barriers to achieving good acoustic conditions. Qualitative methods are rarely used in the acoustics literature
despite them being well suited for exploring how people interpret the social world and their behaviours and
interactions [6].

3

Method

This qualitative study used semi-structured interviews to explore in detail the perspectives of six key
informants about the challenges of noise in open plan offices. In-depth interviews allow researchers to
understand human contexts and to develop more complex understandings of social phenomena than is
possible using quantitative methods [7]. The semi-structured interview schedule (see Appendix) was
provided to respondents in advance. Written consent was sought from all the respondents and all data were
handled in accordance with the Data Protection Act. Semi-structured interviews were recorded and
transcribed verbatim.
Key experts in the field were identified by the research team and included stakeholders from a range of fields
including: workplace design, acoustic products manufacturing, occupational health and safety, national
acoustic research laboratories, and acoustic consulting. Half were on the ISO 22955 committee responsible
for writing the standard. Half the sample of people has as their primary role a need to understand office
users’ experience. Two people have as their main role a responsibility for the design of new workplaces.
Two of the sample work in national laboratories for research or health and safety. Respondents were invited
to take part in the study by an email from the research team including information about the study, the
interview schedule and a consent form. A reminder was sent after two weeks. One potential respondent did
not reply; six respondents participated in the study.
Interviews were conducted online and transcribed using Otter software. Transcripts were checked against
recordings for accuracy and to allow familiarisation with the data. Data were analysed using thematic
analysis using the following stages as described by Braun and Clarke [8]:
1.
Familiarisation with the data
2.
Generation of initial codes
3.
Search for themes
4.
Review of potential themes
5.
Defining and naming themes
6.
Production of this paper
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4

Results

The key themes identified from the data were: causes of poor acoustic conditions for occupants of open plan
offices, the impact of the SARS-CoV-2 pandemic on office design and the potential for ISO 22955 to
improve acoustic conditions for occupants. Extracts from the respondents’ data is presented below.
4.1

Causes of poor acoustic conditions for occupants

Respondents identified a number of causes of poor acoustic conditions for occupants of open plan offices
including: increasing density of office occupation, lack of understanding of the importance of acoustic
conditions, the absence of a consistent narrative about acoustics in offices, lack of understanding of the
activities undertaken in the office, lack of understanding of different occupants’ needs and lack of guidance
for the occupants (see Figure 1 for representative quotations).
The desks tend to be clustered in sixes, eights, 10s, 12, the desk sizes are smaller. So the industry
standard now seems to be 1400 mm, people using 1200 mm even when the client was saying one metre is
fine. So this is all increasing the density and is putting people closer and closer together with no
partitioning, screens always low. (Participant 5)
The first obstacle to overcome is the level of awareness that exists, particularly among end users meaning
clients, about the importance of getting a good acoustic solution… that the main drivers of poor acoustic
conditions go back to lack of awareness by decision makers of the importance of it. (Participant 4)
Late consideration of acoustics in projects, which often leads to intervention once binding choices have
been made or to correction, which is always difficult to do… A [lack of] multidisciplinary approach
upstream, bringing together the different skills in acoustics integrated into the project, as well as in terms
of activity analysis, space planning, etc. (Participant 2)
I still say there is an obstacle, with just still continuing to create a more cohesive message from the
acoustic community. You talk to maybe some facilities manager that's running big, multiple projects.
They don't know where to go in order to get a real clear picture of what they should be doing.
(Participant 4)
I have visited and worked with more than 500 different companies...I can say with confidence that the
main obstacle to good acoustics is the lack of understanding of the real activity... most of the time
executives, management and designer tend to create office spaces to accommodate what they want their
employees to do and not what they are really doing because of the real nature of their work.... a lot of
offices are designed with collaboration in mind when in reality very little collaboration is taking place in
those spaces. (Participant 1).
the personality was a much stronger variable [for predicting acoustic dissatisfaction in research about
people’s experience in open plan offices] than the activity. (Participant 5)
People not knowing how to behave in the spaces, I think are the key… Some countries like to work in
silence, and it's not the thing to do to talk at your desks. (Participant 6)
Figure 1. Representative quotations from participants about the causes of poor acoustic conditions for
occupants
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4.2

Has the pandemic changed office designs?

The experience of the respondents was a range of different approaches being pursued by different parties,
with some noting that activities have changed and this will have an impact on the use of offices going
forwards. Representative quotations are shown in Figure 2.
...it is a little early to say. But some trends are showing a will to reduce the office sizes to cut costs…
Lots of new designs were already incorporating a mix of activities prior to the pandemic but this trend
will definitely pick up the pace because the office will not serve the same purpose as before. (Participant
1)
The crisis linked to covid-19 will undoubtedly change the way employees will work in the future…
particularly the foreseeable development of hybrid face-to-face/remote working. Another factor … is the
relationship with digital tools. This development [will have an] impact on the use of the premises.
(Participant 2)
But one of the drivers was that there were a lot of video conferences, and that is something that can be
quite disturbing if you don't go aside and have that in a specific area. (Participant 3)
We're designing some offices in exactly the same way that we always did. We're designing other offices
completely differently. An extreme example would be one... [company], they're moving into about 40%
of the floor space that they had previously. And there there's very few desks for doing work work [sic].
The office is predominantly meeting rooms. Canvas space, social space, areas for collaboration and their
view is that for their business, the future of work is that you will do your task based work at home or
from another location. And that you go to the office to meet people physically and to collaborate with
them physically. ...the other extreme is … carry on as usual pretend COVID hasn't happened. And that's
not necessarily driven by any sector. I think a lot of it's driven by business culture. My personal view is
that COVID has probably kicked us about five years forward. It's made us realise that we can trust
people. (Participant 6)
Figure 2. Representative quotations from participants about how the pandemic has changed office design
4.3

How will ISO 22955 improve acoustic conditions for occupants?

The answers to the last two questions responded to the problems identified in the first question - in particular,
for educating stakeholders, and demonstrating to facilities managers and clients what the issues may be or
how they could be addressed. Representative quotations are shown in Figure 3. Respondents had very
different views, and this is taken up in the discussion section.

4

1244

… through a process of continual improvement. Making sure that when we design that we're measuring,
we're monitoring and then making the right changes to be able to adapt to the needs of the people.
Because we're still guessing right now… it's made great strides to convey the acoustic message in more
or less layman's terms, so that the typical audience that we would be talking to can understand [it].
(Participant 4)
…it is impossible to have an international standard for office acoustic design, because there is not one set
of parameters or behaviours or expectations that permeate through every member country…. I think it
flies in the face of quite a few other standards and quite a few other guidance documents… Ultimately, if
a client asks you to deliver a design that's compliant with BCO or BREEAM then you'll use [those].
Unless someone asks you to deliver a project to ISO 22955 then you probably won't do it because it's so
different… I think there’s been so many compromises in all quarters that we've ended up with a
document that's probably not much use to anyone in particular. (Participant 6)
Figure 3. Representative quotations from participants about how ISO 22955 may improve acoustic
conditions for occupants
4.4

Can acousticians use tools in ISO 22955 to improve acoustic conditions in use?

Only those respondents who had been involved in the development of the Standard offered opinions on the
last question. One respondent who considered that the Standard may not be useful in response to the previous
question suggested here that it contains tools that may directly address one of the main problems identified
by most respondents. Representative quotations are shown in Figure 4.
The acoustician could give the questionnaire as a tool to the client… you need to see if the conditions are
what you expected. You can do this with a questionnaire and put it … to the client. (Participant 3)
…there's some flow charts… they're taking people through a process of what to consider and when to
consider it, that's really useful… / the questionnaire, that is the kind of thing that you can talk a layperson through and take them on a journey of realization that acoustics are important, so there are things
in there which will aid the cause of acoustics in the workplace. (Participant 6)
Figure 4. Representative quotations from participants about using the tools in ISO 22955 to improve
acoustic conditions in use

5

Discussion

The main themes are discussed in turn, followed by a discussion of the implications for acoustic design of
offices.
5.1

Density of office occupation

One of the key challenges identified by respondents was the trend to increase the density of occupation of
open plan offices. The facilities management industry often promotes higher densities as a cost saving for
companies, disregarding the potential for adverse effects for occupants. The BCO Guide to Office
Occupancy: Density & Utilisation [9] demonstrates how the space allocation per workstation has reduced
over time in the UK. Current acoustic metrics do not take account of the effect of density on either potential
5
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acoustic conditions, nor acoustic satisfaction. The effect of density may be two-fold: higher noise levels,
more people distracted by a person talking.
In the literature, the effect of office density, in terms of both social density (the number of occupants in a
room or space) and spatial density (m2/ person) has been investigated in various ways. Duval et al [10]
carried out a literature review including 19 previous studies; they illustrate that links between density and
noise have been investigated for many years, for example by Bharucha-Reid et al [11]. Duval concluded that
high density offices reduced occupants' environmental satisfaction. However, there was not enough empirical
evidence to determine density points above and below which occupant satisfaction is unacceptable.. Leder et
al [12] investigated the effect of office environment parameters on aspects of environmental and job
satisfaction and also found that density of occupation strongly impacted on users’ satisfaction with acoustics
and privacy.
ISO 22955 also notes that area per occupant is key in determining the ambient noise level. The indicators in
ISO 3382-3 are intended to characterise the disturbance of unwanted speech in an office, but crucially, they
disregard the potential number of people whose speech may be distracting. Thus two offices could achieve
identical room acoustic indicators according to ISO 3382-3, and contain occupants carrying out identical
activities. It is intuitive that if one office has a significantly higher occupational density than the other,
disturbance by speech is much more likely. This factor could be taken into account by considering the
potential number of people whose talking could be distracting, rather than evaluating room conditions
regardless of density. From an occupant-centric perspective, this could mean considering the number of
workstations within the comfort distance [13], for example. Alternatively, a numerical combination of the
average area per occupant and the comfort distance or distraction distance could be investigated for
correlation with acoustic satisfaction. This is suggested as a subject for further research, to evaluate if the
occupational density associated with the distraction or comfort distance can better predict noise disturbance
than the current metrics.
5.2

Lack of common narrative about what constitutes good acoustic design

During data analysis, it became clear that participants had a wide variety of ideas about the causes of poor
acoustic conditions; a lack of understanding or awareness featured in many responses. The implication of the
lack of awareness or understanding is that acoustic conditions are not prioritised over other design
aspirations. Significant screening between teams is required to achieve the room acoustic conditions
described in ISO 22955 [14], and this may conflict with the client and/ or the design team’s preconception
about how an open plan office should look. A design process involves identifying objectives and making use
of available resources to create solutions – with better designs leading to enhanced satisfaction of the
objectives. When financial decisions are made about the occupational density and hence quantity of space
available, for example, the decision makers may not be aware that they may constrain the potential
environmental satisfaction in the office.
Within the literature there is wide agreement that the most significant practical determinant of acoustic
satisfaction is being able to hear unwanted speech [4]. Other sources of noise that are frequently noted as
also leading to acoustic dissatisfaction include telephones ringing, noise from equipment (eg printers),
building services noise, people passing by, or a particular colleague [15, 16]. However, there is a significant
absence of a common narrative around the factors that lead to either favourable or unfavourable acoustic
conditions. Rather, this debate is often polarised in the mainstream media into open plan offices vs. private
offices, despite large data sets demonstrating that this distinction is not the determining factor [5]. This
absence of a common narrative around the problem and potential solutions is itself noted as a central
problem by one of the respondents.
There is a wide body of work around office design and outcomes for the occupants. There has been a marked
increase in interest in occupants’ wellbeing over recent years, reflected in the uptake of the WELL™
Standard [17]. The determinants of wellbeing are acknowledged to extend beyond the physical
environmental conditions, with WELL Concepts extending to Mind, considering individuals’ cognitive and
emotional wellbeing, and Community, concerning wider aspects of health and social connections. Given that
6
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one of the most significant impacts of noise disturbance is annoyance, it can both have an adverse impact on
both these aspects of wellbeing, as well as being determined by them. Consequently, there is an opportunity
to improve acoustic satisfaction by approaching the problem from a psycho-social or psycho-acoustic
perspective [18].
Over the last two decades, there has been a significant international effort to link room acoustic measures to
acoustic comfort or satisfaction [19]. While this approach has demonstrated some success, it has also
highlighted the need to consider additional factors beyond the room acoustic parameters. For example, VDI
2569 [15] suggests that only approximately 30 % to 40 % of the annoying effect resulting from noise can be
explained by technical-acoustic factors. The predominant portion originates from so-called moderators of
annoyance. The moderators of annoyance are indicated to include personal control, attitude, predictability,
sensitivity and activity profile, as well as organisational structure and identification with the business.
Workload and other environmental factors (eg light, thermal comfort) are also mentioned.
Hanc [20] describes the gap of knowledge between the environmental and social sciences approaches: the
environmental sciences perspective emphasises the role of the physical workspace environment on
productivity and wellbeing. In contrast, the social sciences approach focuses on the psychosocial processes
in the workplace. Considering the physical and psychosocial determinants as independent from each other
leads to an incomplete understanding of workspace productivity and wellbeing. This is especially so when
considering noise, which is overwhelmingly treated as a physical factor of the workplace environment. One
definition of “noise” is sound which the recipient does not wish to hear. The lack of control is implicit in the
word “noise”. People’s relationship with the environment can be more important than its physical
characteristics; this implies that the human factors determining acoustic satisfaction should be given more
attention.
Leaman and Bordass [21] demonstrate how perceived productivity is strongly and significantly correlated
with perceived comfort. Control is described as the “killer variable” for comfort and satisfaction with the
physical environment in buildings. A sense of control is also much more than just a moderator of response to
one’s physical environment. Leotti et al [22] explain that belief in one’s ability to exert control over the
environment and to produce desired results is essential for an individual’s wellbeing. Perception of control is
not only desirable, but is also probably a psychological and biological necessity.
Thus conferring opportunities for personal environmental control is an end in itself, as well as increasing
satisfaction with environmental conditions. Evidence for the value of control is only just emerging for
acoustic comfort, as reported by Harvie-Clark and Hinton [23], and Haapakangas et al. [24]. Lee and Aletta
[25] have taken a more holistic approach to understanding acoustic comfort and conclude that the most
important factors for acoustic comfort are acoustic space planning and occupant control. While ISO 22955
offers a method to undertake acoustic space planning systematically [26], it does not identify any
performance standards to be achieved; neither does ISO 22955 take any account of the extent of control that
the occupants may enjoy.
A process of acoustic design occurs within a context that in itself implies a change for the occupants. A
perception of influence or control in the process is also an important determinant for the outcome, although
this aspect is often neglected in workplace design. Hongisto et al [27] note that environmental and job
satisfaction can be improved in an open-plan office if the refurbishment addresses issues that employees
have identified, there is professional change management, and the employees are involved with planning the
change. The importance of the change management process is often underestimated or entirely neglected,
and can be especially important for aspects such as the acoustic environment, over which people may feel
they have little control.
Thus the current focus on room acoustic parameters may actually be a distraction from the more significant
determinants of acoustic satisfaction. There are actually so few examples of offices with documented high
levels of acoustic satisfaction [19, 3], that the combination of characteristics that reliably yield high levels of
acoustic comfort are neither well understood nor known. In this context, it is not surprising that experts in the
field have such wide ranging opinions as to the causes of poor acoustic conditions.

7

1247

5.3

Has the pandemic changed office designs?

The respondents note a wide range of responses within the industry, with some companies continuing with
their previous workplace strategies, and others making very significant changes to the office accommodation.
One respondent notes this is driven by individual company culture rather than sector. Some respondents note
that activities have changed - there is a lot more teleconference activity for most office workers - and as
such, simply returning to the old office environment represents a significant risk for a worse acoustic
environment. The Leesman Workplace 2021: Appraising future readiness [28] suggests that it is imperative
that organisations re-evaluate and re-purpose their accommodation to adapt to their employees’ evolved
needs. One respondent notes that in expanding economies, employees have more options and therefore more
power to choose an employer that offers the experience they seek. Thus there may be both a business
advantage by offering a more attractive and flexible workplace strategy, and a business cost in not doing so.
5.4

Can ISO 22955 help improve acoustic conditions for occupants?

There was a strong consensus that some of the informative parts of the standard - especially the noise
comfort questionnaire [16] - could be very valuable tools to help educate stakeholders. This addresses one of
the biggest constraints noted for good acoustic conditions – the lack of awareness of the problem.
One respondent suggested that they would not use the standard unless specifically requested, because it is
different to other current guidance. This suggests that either the normative requirements of ISO 22955 are
considered unnecessary to achieve good acoustic conditions, or a reluctance to take on the difficult task of
conveying requirements that may be in conflict with other designers' - and the client’s - expectations for an
open plan office design. ISO 22955 compliance is likely to require high screens across an open plan office
such that it is much less open than typically expected in the UK, for example. It is not clear from this
respondent’s response, however, whether they believe that better acoustic conditions would be achieved or
not, were the Standard implemented. They make a reference to BREEAM, which is an environmental
assessment tool that refers to criteria in other published standards. As there are no acoustic performance
requirements within the BCO guide relating to acoustic conditions in open plan offices, the new international
standard - adopted as a British Standard - may fill this gap in the UK. In which case, fit-out projects may be
required to meet BS ISO 22955 if they seek those particular credits at some point in the future. Some
countries already have national standards for open plan offices, in which case ISO 22955 is unlikely to be
simply adopted. In these cases, it may offer an opportunity to reevaluate the national standard.
One respondent suggested that an international standard for office design may be paradoxical, because
culture around conduct and behaviour in the office varies so much globally. This emphasises the need for a
holistic understanding of the determinants of good acoustic conditions, so that individual office design
approaches can be developed for a particular company culture within the wider cultural landscape.
5.5

Qualitative approach to understanding acoustic conditions in open plan offices

One limitation of this pilot study was that the sample size was small and data saturation may not have been
reached. However, the richness and depth of data from this limited study suggests that there is much
potential for further investigation to reveal additional findings. As qualitative research does not seek
statistical significance, a small number of participants is not a limitation in itself. A second limitation is that
all respondents were working in a western European context; thus the results may not be generalisable to
other geographic areas or cultural contexts. Thirdly, the respondents were all known to the interviewer or
person seeking a response to the questions posed. The interviewees may respond differently to their peers
compared with a neutral observer, as they may use short-hand answers with their peers, assuming a degree of
common knowledge. Within this pilot study, there were insufficient resources to analyse data as data
gathering progressed, and adapt questions or probe further those areas of either agreement or disagreement.
This could lead to a greater depth of data in future studies.
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6

Conclusion and further work

Excessive density of occupation was frequently cited by respondents as a cause for poor acoustic conditions,
but density does not currently feature in the indicators of ISO 22955. Further work should investigate how
occupational density has a quantitative effect on acoustic satisfaction; it is suggested that it may be suitably
combined with a room acoustic parameter such as the comfort distance or distraction distance, to determine a
number of people impacted by speech, for example.
This pilot qualitative investigation has revealed the importance of generating a shared narrative around
acoustics in open plan offices, so that design and operational decisions can be made with the knowledge and
understanding of the opportunity and implication for acoustic satisfaction. The data and discussion
demonstrate that there is a wide body of stakeholders, including the occupants, who between them are
responsible for creating the conditions for acoustic satisfaction or dissatisfaction. However, there is little
shared understanding or common narrative of the range of factors that contribute to outcomes for acoustic
satisfaction, nor of the relative importance of each. Further work could identify acoustic risks and
opportunities for different design approaches in different contexts, for example, beyond the current scope of
ISO 22955. A deeper qualitative investigation could significantly improve accessibility to a common
narrative, and thereby strengthen cohesion around suitable design responses. ISO 22955 offers an
opportunity to consolidate this narrative, and should be expanded to include the personal and sociological
drivers of acoustic satisfaction.
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Appendix

The following questions were put to interviewees:
1. What do you see as the obstacles to good acoustic conditions for occupants of open plan offices?
What are the main drivers of poor acoustic conditions for occupants of open plan offices?
2. How has the Covid-19 pandemic changed the way that people want to design offices? Are people
designing offices for a different mix of activities?
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3. How will ISO 22955 assist clients / designers / consultants / facilities managers to improve acoustic
conditions for occupants?
4. Can acousticians use the tools within ISO 22955 to help educate FMs on opportunities to improve
acoustic conditions in OPOs, on an ongoing basis - not just at the point of office redesign?
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Abstract
Noise disturbance in open-plan offices (OPOs) has been a systemic issue throughout their history. This paper
presents preliminary results from a study where an occupant survey (N = 366) was conducted in 30 office
spaces within 9 buildings, along with measurements using the ISO 3382-3 method, and measurements of the
sound environment during occupancy. Mixed-effects modeling shows that workplace satisfaction and noise
disturbance vary as expected as a function of metrics based on occupied OPOs (e.g., psychoacoustic loudness),
but present counterintuitive trends as a function of ISO 3382-3 metrics (e.g., distraction distance). However,
these findings seem consistent when considered together within the context of room acoustics and within the
multi-talker nature of OPOs, which underscores the need to consider measurements in both unoccupied and
occupied states of OPOs in future studies.
Keywords: Open-plan offices, room acoustics, office acoustics, noise, psychoacoustics.

1

Introduction

Open-plan offices (OPOs) have been around for more than 50 years now, and so have the reports of noise
disturbance by office occupants, which affects overall workplace satisfaction [1,2]. Changes in OPO design
philosophies (e.g., landscaped, cubicle-based, activity-based, etc. offices) and modernisation of working
conditions have resulted in changing office soundscapes, with generally quieter workstation equipment (e.g.,
computers rather than typewriters, card punching machines, etc.), quieter heating, ventilation, and airconditioning (HVAC) systems, different telecommunication sounds, etc [1].
Unwanted noise due to speech-based communication, however, has remained a persistent feature
throughout the OPO history and has consistently been listed as the major component of noise disturbance and
annoyance in OPOs (e.g., [3–6]), within the scope of interaction with factors such as the type of work
performed, workplace cultures, room and building acoustics, etc. Based on in-situ measurements and occupant
surveys, several studies have attempted to characterise disturbance due to various noise components in OPOs
using several objective metrics. LA,eq,T (A-weighted equivalent sound pressure level (SPL) over time T) has
been the most common of these metrics in characterising noise disturbance and arguably the most consistent
predictor across studies, although not always (e.g., [7]), starting from the earliest studies (e.g., [8]) to the more
recent ones (e.g., [6]). Another popular approach has been to characterise the fluctuation/variability in the
sound either as fluctuation strength, or as sound levels relative to the background noise level during working
hours that is generally represented by LA90, or a similar statistical measure. Examples of this concept include
LA10 - LA90 (noise climate [9]) in some early studies, and LA,eq - LA90 (Meq [10]) more recently. Other percentile
1
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levels (LA5, LA10, LA50, LA90, etc.) have also been considered with varying degree of success in characterising
noise disturbance (cf. [11] and [7]). Some studies have explored variation in psychoacoustic parameters such
as loudness as a function of the noisiness in offices (e.g., [11]). More simply, the effect of noise spectrum has
also been investigated in the form of level of middle frequencies [11], balance between levels of lower and
higher frequencies ([12]; a laboratory study), etc.
Besides the above parameters that focus on more global or room averaged sound metrics during
occupied hours, more recent studies have focussed on the decay of sound level and speech intelligibility along
workstations in unoccupied OPOs, as described in ISO 3382-3 [13]. These include objective metrics (called
single number quantities in ISO 3382-3) based on spatial decay of speech SPL in unoccupied offices: the
spatial decay rate of speech (D2,S) and A-weighted SPL of speech at 4 m (Lp,A,S,4m), along with the background
noise due to HVAC and machinery sounds (Lp,A,B). Spatial decay of speech transmission index (STI) in
unoccupied offices is primarily addressed using the parameter distraction distance, rD (in m). For a wide range
of room acoustic conditions across 21 offices that were measured within several studies, Haapakangas et al.
[14] reported rD to be the most consistent predictor of noise-and speech-based disturbance out of the ISO 33823 metrics. The authors, however, commented on inconsistencies, and some sources of uncertainty, in
measurements across the various constituent studies [14]. This was further highlighted in Cabrera et al. where
it was shown that the rD values [15] can vary by 2.3 m or more due to the different STI measurement methods
used across the studies comprising the data in Haapakangas et al.[14]. Park et al. [6] reported a linear
relationship between LA,eq,8h and noise disturbance, which is consistent with several previous studies including
some of the earliest studies about noise in offices (e.g., [8]), but no relationship with rD. The latter finding is
inconsistent with Haapakangas et al. [14], presumably since the room acoustic sample in Park et al. was smaller
(7 OPOs; 12 in total but 6 OPO with the same room acoustics), although other workplace factors cannot be
ruled out. This finding is relevant for ISO 22955 [16], which is a more recent standard, has a broader scope
than ISO 3382-3 while using a subset of its metrics (D2,S and Lp,A,S,4m), and additionally considers workstation
noise level during occupation characterised as LA,eq,T, room reverberation time (T in s), and some other level
and sound insulation metrics.
Overall, studies of noise disturbance in OPOs are characterised by variability in the methods and results
across previous studies, small sample sizes, diversity in workplace factors, etc. While a case can be made for
LA,eq,T , rD, etc. based on individual studies and standards, more work is needed to establish robust level-based
or psychoacoustic parameter(s) to characterise noise disturbance in occupied OPOs that are consistent across
studies, countries, and workplace parameters. This undoubtedly represents a mammoth and potentially longterm undertaking. This paper is an attempt towards such an investigation, wherein a relatively large sample of
OPOs representing a wide range of room acoustic conditions (larger than [6] and similar to [14]) was measured
using the ISO 3382-3 method [15,17], along with extensive in-situ measurements [1] that meets most of the
ISO 22955 [16] criteria, and an occupant survey. The occupant survey, adapted from the one described in [5]
and which was subsequently integrated within ISO 22955 [16], has questions relating to various indoor
environmental quality (IEQ) aspects and job satisfaction, along with a range of questions dealing specifically
with assessment of the noise environment, occupants’ sensitivity to noise, and their general health. In this
paper, the aim is primarily to investigate the relationship of certain survey items about noise disturbance and
workplace satisfaction with various acoustic and psychoacoustic parameters.

2
2.1

Methods
General information about the OPOs

The OPOs sampled in this study were located within 9 buildings in metropolitan areas of Australia, and all the
measurements were conducted within a two-year period (2017-2018). All the measurements, survey and
communication with building managers were approved by The University of Sydney Human Research Ethics
Committee (Project: 2017/285). The number of offices where the measurements took place, and the rest of the
details are presented in sections 2.2 – 2.4.
2
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Two out of the nine buildings had non-academic university offices, while the rest were commercial
offices. Key workplace factors in these offices are summarised in Table 1. These offices were broadly divided
into five categories based on the primary work activities (Table 1). However, all the offices were mixed
function to an extent, e.g., engineering offices had some management staff, and vice-versa. It was not possible
to determine the exact roles per staff member to ensure anonymity (see section 2.3). Several offices were
measured per building, which are either separate units over different floors or non-contiguous units on the
same floor but with sufficiently different workplace and/or room acoustic environments. All offices had
centralised HVAC systems, and none had sound masking systems. The surface area in Table 1 represents the
portion of the entire floor plate consisting of OPOs only and not the areas for building services (elevator
lobbies, plant rooms), kitchens, enclosed rooms for meetings, personnel, etc., which may partly account for
smaller office areas in Table 1 compared to some previous studies, e.g., [3,6]. Most offices had flat ceilings
with some sound absorption treatment, although some offices had complicated ceiling designs. Most office
were carpeted with carpet tiles, and most office did not have any partition between workstations other than a
computer screen in most cases. The offices with partitions included 1, 2, or 3-sided (i.e., cubicle) partitions
that ranged in height from 1.1 – 1.6 m. Two buildings include offices with no pre-allocated seating, although
certain teams usually occupied a certain portion of the offices. Such offices are labelled activity-based
workplaces (ABW) or related terms, where employees can choose a workspace to suit their activity. Both the
ABW buildings had several areas that allowed working away from workstations (e.g., meeting rooms,
collaboration areas), although holding conversations at and between workstations within the open-plan areas
was still quite common.
Table 1: Summary statistics of 30 offices in 9 buildings where both in-situ and ISO 3382-3 measurements were conducted
Parameter

Summary

Number of workstations

Mean (Standard deviation (SD)), Range: 43 (19), 16 – 78

Workstation Density (per 100 m2)

Mean (SD) Range: 12.1 (5.6), 4 – 24

Ceiling height (m)

Mean (SD) Range: 3.1 (0.9), 2.7 – 7.6

2

Surface area (m )

Mean (SD) Range: 249 (192), 69 – 719

Ceiling type

Absorptive = 22 (73.3%), Hard = 8 (26.7%)

Carpet

Yes = 23 (76.7%), No = 7 (23.3%)

Activity-based workplace

Yes = 14 (53.3%), No = 16 (46.7%)

Partition

Yes = 10 (33.3%), No = 20 (66.7%)
Architecture, Design = 4 (13.3%), Policy = 7 (23.3%), Engineering = 4 (13.3%),
Management = 14 (46.7%), Customer Service = 1 (3.3%)

Work activities

2.2

Sound measurements during occupied hours

In-situ measurements of the sound environment during occupied hours were conducted in 43 OPOs (more
details in [1]), out of which 30 were selected in the current study (Table 1). The measurements included
omnidirectional and binaural transducers placed at a seated listener’s height of 1.2 m at several workstations
per office for at least 4 hours (some offices were measured for up to a week), to approximate the
representative listening conditions for the occupants.

2.3

Room acoustic measurements

Room acoustic measurements in unoccupied offices with normal HVAC operation were conducted in 36
offices according to the ISO 3382-3 method [13], out of which 30 offices were included in the current study,
in which the in-situ measurements were also conducted. More detailed description of the 36 offices with room
acoustic measurements is provided in [17], and the description of all 43 offices is provided in [1].
3
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2.4

Occupant survey and participants

An online survey, which was hosted on a secure server by the University of Sydney, was conducted in 43
offices, out of which responses from 30 offices were selected (see sections 2.2 – 2.3). The participants were
asked to base their responses on long-term opinions about the workplace, and for participants in activity-based
workplaces (ABW) to base their responses about the open-plan areas only that they most frequented. The latter
was considered reasonable in the two ABW in the sample, after discussions with the building managers and
by the researchers experience during site visits. The survey was divided into five main sections:
(1) General information about the participant (e.g., age, gender, roles, etc.) and their workstation (e.g.,
whether fixed desk or not, etc.).
(2) Questions on the level of agreement about satisfaction with various indoor environmental quality
factors (IEQ) and overall job satisfaction, which were answered on a continuous semantic differential
scale (SDS) each with “Not at all” and “Totally” at the extremes of the scale.
(3) Questions about various aspects of the noise at the workstation. There were three types of questions:
level of agreement with disturbance due to various noise components (e.g., overall, speech, machinery,
etc.) that were answered on an SDS each with “Not at all” and “Totally” at the scale extremes; selecting
one or more options to answer a question (e.g., approaches to concentrate when bothered by noise);
and open-ended answers to questions (e.g., effect of a certain type of noise).
(4) Statements about the relationship of the participant with noise in general at home, at night, and at
work. The participant indicated the level of agreement with each statement on an SDS with
“Completely disagree” and “Completely agree” at the extremes of the scale.
(5) Statements about general health, where the participant answered on an SDS with either “Very poor”
and “Very good” (e.g., Overall, my health is …), or “Never” and “Constantly” (e.g., I have back or
neck pains) at the extremes of the scale.
Each questionnaire item based on the SDS had an underlying continuous scale of 0-100, which was not
visible to the participant; response was made by moving a horizontal slider to the desired location between the
extremes. The survey was adapted from the one presented in [5] and [16].
The researchers did not have any direct contact with the occupants. Instead, they liaised with the respective
office managers, who then distributed the survey link and handled further communication with the office
occupants. Participation was voluntary and personal information was anonymised from the researchers and the
managers. Participants were allowed to access the survey and change their responses for approximately two
weeks.
425 participants completed the survey; however, a reduced data set from 366 participants (Age: Mean (SD)
= 38.4 (10.5), Range = 21 – 80; Females = 55.6%; Fixed desk = 53.8%) was used for further analyses. This
data set included offices where both in-situ and room acoustic measurements were conducted.
2.5

Data processing and analysis

2.5.1 Objective metrics
Block A in Table 2 presents key metrics derived from in-situ measurements (section 2.2; details in [1]) and
Block B presents room acoustics metrics derived from measurements in unoccupied rooms (section 2.3; details
in [17]). Briefly, L refers to various types of statistical SPL parameters that were calculated using 4 hour
recordings; NCl = LA10 - LA90; MA,eq = LA,eq - LA90; ONI is defined in [3]; Lo – Hi is the difference between Aweighted averages of Low (16-63 Hz) and High (1000-4000 Hz) one-third octave bands levels[12]; N refers to
short-term psychoacoustic loudness; S refers to psychoacoustic sharpness; R refers to psychoacoustic
roughness; T30 refers to reverberation time; rD to Lp,A,B are the ISO 3382-3 [13] metrics that were introduced in
section 1; and rC refers to comfort distance, which combines Lp,A,S, 4 m and D2,s, and refers to the distance from
an omnidirectional loudspeaker where the A-weighted SPL of speech falls under 45 dB [18]. rC is likely to be
included in the revised version of ISO 3382-3:2012 [18].
4
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Table 2: Summary statistics of some metrics from measurements in (A) occupied and (B) unoccupied OPOs.
Metric (A)
LA,eq, 4h

Unit
decibel (dB)

Mean, SD, Range
53.88 (2.86), 48.28 – 58.48

Metric (B)
T30

Unit
seconds

Mean, SD, Range
0.57 (0.25), 0.30 – 1.20

LA10, 4h

decibel (dB)

57.39 (3.07), 51.58 – 62.46

rD

meter

10.43 (2.542), 4.43 – 17.00

LA50, 4h

decibel (dB)

47.51 (3.39), 42.38 – 53.29

D2,s

decibel (dB)

5.09 (1.03), 2.68 – 7.40

LA90, 4h

decibel (dB)

32.58 (3.45), 27.62 – 38.67

Lp,A,S, 4 m

decibel (dB)

52.05 (2.34), 46.10 – 54.90

NCl

decibel (dB)

24.80 (1.52), 22.61 – 30.20

Lp,A,B

decibel (dB)

42.49 (4.17), 35.56 – 51.00

MA,eq

decibel (dB)

21.29 (1.84), 18.38 – 27.61

rC

meter

12.13 (5.05), 4.62 – 30.15

ONI

decibel (dB)

92.12 (3.72), 85.14 – 101.97

Lo - Hi

decibel (dB)

-18.95 (3.75), -26.10, -11.17

Nmean

sone

6.22 (1.15), 4.59 – 8.80

N5

sone

9.48 (1.83), 6.44 – 14.63

N90

sone

4.59 (0.90), 3.17 – 6.27

Smean

acum

1.17 (0.10), 1.03 – 1.36

FS

vacil

0.34 (0.12), 0.07 – 0.57

Rmean

asper

0.08 (0.03), 0.05 – 0.16

Rmax

asper

0.02 (0.00), 0.01 – 0.02

R90

asper

4.08 (1.60), 1.24 – 7.13

2.5.2 Survey responses for noise disturbance
This paper considers a subset of survey responses that were rated on an underlying scale of 0-100 (section 2.4).
However, each item was recoded based on a median split, with responses > 50 coded as 1 and ≤ 50 as 0 and
using these binary scales as the response variables. This method is based on Haapakangas et al., who used
median splitting to recode their 5-point scale (valued 1 – 5), with response ≤ 3 as 0 and responses > 3 coded
as 1 [14]. The latter group was labelled as ‘highly disturbed’ or HD, and %HD per office due to total noise or
speech was used for reporting some results in [14]. The HD label is adopted here just for convenience; the use
of other labels/adjectives such as ‘disturbed’, ‘bothered’ or ‘annoyed’ is possible too. Park et al. [6] also
recoded their 7-point scale following [14], but chose a 75% cut-off point of 5, i.e., recoding 6 and 7 responses
as 1 (i.e., HD), instead. This study focuses on the following survey responses:
(i)
Satisfaction with the overall noise environment (Satne), the possibility to concentrate (Satconc), speech
privacy (Satpriv), and overall comfort (Satcomf) in the workplace. After recoding, 0 represents
dissatisfied and 1 represents satisfied occupants. Satpriv was split based on its own median value, i.e.,
29, since it was considerably lower than 50.
(ii)
Noise disturbance due to overall noise environment (HDnoise) and intelligible speech (HDspeech). After
the recoding, 0 represents undisturbed and 1 represents disturbed occupants (or highly disturbed as per
[14]). The overall noise level (NL) at the workstation is also considered.
Median splitting is generally termed dichotomization of a scale. The methodological legitimacy of
dichotomization has been hotly debated, with a long list of publications either supporting or deriding it (e.g.,
[19]). The latter group generally advocate using the underlying values of a continuous scale, like the one used
in the current survey, as the dependent/response variable in statistical models, which arguably allows for a
simpler interpretation of results without resorting to arbitrary splitting. The latter method was also used for the
current data, just for comparisons with the median-split data and is not presented in detail.
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2.5.3 Statistical modelling
Logistic regression models were fitted with the recoded survey items as dependent variables, which are
presented in section 2.5.2, in separate models. The independent variables in each model were the metrics
presented in Table 2, with one metric per dependent variable and per model. Since there are interdependencies
in the data due to the participants being clustered within offices and buildings, these random-effects were
modelled by allowing independently varying intercepts in mixed-effects models where necessary, i.e., when
the log-likelihood of models without (i.e., generalised linear models) and with the random effects (i.e.,
generalised linear mixed-effects models) was significant (p < .05). To reduce the effect of outlying values,
robust regression methods were used where necessary. The effects of gender and age were not significant
across the models. The effect of other personal and workplace factors is planned for future studies. For brevity,
detailed modelling steps are not presented, and only the significant models are described in the following. The
analysis was performed within the software R using packages tidyverse [20], robustbase [21], and lme4 [22].

3

Results

3.1

General findings

Table 3: Pearson correlation coefficient (r) matrix of some IEQ and noise disturbance item responses (scaled 0 – 100; see section
2.4). Large effect sizes (r > 0.5) highlighted in bold.
Noise environment
Concentration (Conc.)
Speech privacy (SP)
Overall comfort (OC)
Level of noise (NL)
Noise disturbance (NDtotal)
Speech disturbance (NDspeech)

Conc.
0.78
–
0.48
0.64
-0.58
-0.68
-0.54

SP
0.48
0.48
–
0.46
-0.43
-0.42
-0.47

OC
0.63
0.64
0.46
–
-0.47
-0.54
-0.44

NL
-0.62
-0.57
-0.43
-0.47
–
0.73
0.51

NDtotal
-0.74
-0.72
-0.42
-0.55
0.73
–
0.66

NDspeech
-0.57
-0.55
-0.47
-0.44
0.51
0.66
–

Based on a median split, 71.8% of the participants reported the level of noise at their workstation as high,
which is a higher proportion than that in a previous study (56% in [5]); 66.3% of the participants were sensitive
to noise in general (average of noise sensitivity responses; section 2.4). While advanced analyses that consider
intercorrelations between survey items will be presented in future publications, Table 3 allows a simple
overview of the relationships between satisfaction with selected IEQ items and noise disturbance items. The
IEQ items including satisfaction with the overall workplace comfort, overall noise environment, and possibility
to concentrate are highly and positively correlated, and are negatively correlated with the overall noise
disturbance (large effect size) and speech disturbance (medium effect size). The latter two are, as expected,
also highly correlated, with a lower effect size than [14], where it was r = 0.77. Satisfaction with speech privacy
showed medium sized effect sizes throughout.
When asked about their approach(es) to concentrate when bothered by workplace noise (multiple
responses were allowed), 55.1% of the participants reported ‘listening to music on headphones’, 40.5%
reported ‘taking a break to refresh’, 34.1% reported ‘relocating somewhere else to work’ (47% in ABW), 6.8%
reported using other strategies such as ‘working from home’, ‘attempt to ignore/block-out the noise’, ‘asking
colleagues to stop talking’, etc.
For speech distraction, 53.5% participants reported being distracted more by multi-talker speech,
28.2% by single-talker speech, and 18.3% by both single-and multi-talker speech equally. This is rather strong
subjective evidence for the multi-talker nature of speech distraction, where undesired ‘glimpsing’ into
intelligible, and perhaps irrelevant, content from more than one talker may lead to more distraction and
concentration decline, than listening to a solitary talker (posited, e.g., in [23]). Further, this finding highlights
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the limitations of traditional room acoustic treatment, which, even in exorbitant amounts, would be ineffective
against speech from nearby workstations (also mentioned in [14]).
3.2

Statistical models

Table 4 presents the statistically significant models for selected survey items (section 2.5.2) as a function of
objective acoustic and psychoacoustic metrics. Statistical significance is determined by the 95% confidence
interval (CI) of the predictors’ odds ratio (OR) not crossing 1. OR for all predictors can be interpreted based
on 1 unit increment, except for Smean, which is based on a 0.1 acum increment.
Table 4: Relationship between key survey items and objective metrics.
Dependent variable

Predictor

Odds ratio [95% CI]

Satisfaction with the
possibility to concentrate
(Satconc)
Satisfaction with speech
privacy, (Satpriv)

Lp,A,S, 4 m

1.16 [1.02,1.32]

LA90, 4h

0.92 [0.86,0.99]

Lp,A,S, 4 m

1.20 [1.05,1.37]

rC

1.09 [1.03,1.15]

Rmax

0.84 [0.72,0.98]

N90

1.37 [1.04,1.82]

Lp,A,S, 4 m

1.19 [1.06,1.35]

LA,eq, LA10, LA90

0.90 [0.83,0.98]

Lo - Hi

1.11 [1.04,1.2]

Nmean

0.79 [0.64,0.98]

N5

0.80 [0.69,0.93]

ONI

0.92 [0.86,0.99]

Noise level at the
workstation, (NL)

Nmean

1.30 [1.01,1.67]

N5

1.22 [1.03,1.45]

Noise disturbance,
(HDnoise)
Speech disturbance,
(HDspeech)

Rmax

1.22 [1.04,1.42]

Lp,A,B

1.07 [1.01,1.14]

rD

0.87 [0.77,0.99]

Smean

0.75 [0.63,0.95]

Satisfaction with the
overall comfort in the
workplace, (Satcomf)

3.2.1 Models of workplace satisfaction
In Table 4, for the first three dependent variables, OR > 1 indicates increasing odds of satisfaction with an
increase in the predictor’s value, and OR < 0 indicates decreasing odds of satisfaction. Hence, the odds of
satisfaction with the possibility to concentrate is predicted to increase by 16% with 1 dB increase in Lp,A,S, 4 m
value and predicted to decrease by 8% with 1 dB increase in the occupied OPO background noise (LA90). The
odds of satisfaction with speech privacy and overall comfort in the workplace can be similarly interpreted.
None of the predictors were statistically significant in predicting the satisfaction with the overall noise
environment at the workplace, although it showed similar trends as the other satisfaction variables.
3.2.2 Models of noise disturbance
The odds of increasing noise level at the workstation being reported increased by 30% and 22% with 1 sone
of increase in the mean psychoacoustic loudness (Nmean) and the 5th percentile loudness (N5), respectively. The
7
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odds of increasing disturbance by speech noise is predicted to increase by 7% with 1 dB increase in the
unoccupied OPO background noise (Lp,A,B), predicted to decrease by 13% with 1 m increase in distraction
distance values (rD), and predicted to decrease by 15% with 0.1 acum decrease in the values of psychoacoustic
sharpness. The odds of increasing disturbance by total noise is predicted to increase by 22% with 1 asper
change in the maximum value of psychoacoustic roughness.

4

Discussion

In explaining workplace satisfaction and noise disturbance ratings, the metrics based on measurements in
unoccupied and occupied OPOs show consistent and opposite trends in the models presented in section 3.2.
Improving room acoustic conditions over OPOs as quantified by ISO 3382-3 metrics is associated with
decreasing satisfaction with the three IEQ performance parameters considered (possibility to concentrate,
speech privacy and overall comfort within the workplace), and increasing dissatisfaction with the total noise
and speech noise. These findings seem counterintuitive where better room acoustic conditions are being
perceived as detrimental, and also go against the findings of Haapakangas et al. [14], where the reported odds
ratios for the noise disturbance items had opposite signs to what is reported here. For instance, in their study,
increasing rD values were associated with decreasing odds of noise and speech disturbance [14], while Park et
al. reported no such relationship [6], albeit based on a much smaller range of room acoustics conditions than
[14] and the current sample.
For the metrics based on measurements in occupied OPOs, however, the trends reported are more in
line with expectations. Since the survey responses are based on perception of both room acoustics and the OPO
sound environment, the latter needs to be considered in some detail to contextualise the trends with the room
acoustics metrics. Increasing psychoacoustic loudness values, for instance, are associated with increasing noise
level reported at workstations, and increasing maximum roughness (perception of amplitude modulations
between 15 – 300 Hz), which may be referring to increasing sound fluctuations in the sound environment, is
associated with increasing noise disturbance. Similarly, reducing SPLs and loudness values are associated with
increasing satisfaction with the overall comfort, and the possibility to concentrate. For speech privacy, which
refers here to the satisfaction with the possibility to have private conversations, the required conditions may
be represented by higher level of ambient noise (up to a reasonable limit) that has lower fluctuation
characteristics, to provide conditions with both adequate speech masking for one’s own speech, and low
distraction due to surrounding speech and other fluctuating sounds. This may partly explain the speech privacy
responses, associated here with reducing roughness and increasing background loudness.
Roughness has previously been used in studies to predict annoyance due to HVAC, etc. sounds (e.g.,
[24]), but has not been directly used in the OPO context before. In general, however, amplitude modulations
have been postulated to be useful in characterising noise disturbance, in the form of level-based metrics
(summarised in [1]) in several studies and fluctuation strength (quantifying slower amplitude modulations up
to 20 Hz) in laboratory studies [25]. Hence, the current findings further support the sound fluctuation-based
investigations of the OPO noise environment. Sharpness has also been associated with sensory unpleasantness
due to greater proportion of high-frequency energy in sounds. A decrease in sharpness in simple terms indicates
decreasing high-frequency noise, which can be hypothesised as a likely decrease in frequencies that are
important for speech intelligibility, especially around the 2 kHz octave band. Indeed, OPO sound environments
have been shown to have higher proportion of high-frequency sounds, indicating the presence of speech among
other sounds, with steeper one-third octave band slopes compared to typical HVAC noise alone (-4 dB/octave
and -5 dB/octave slopes, respectively) [1]. Hence, speech masking effects are likely to increase and speech
distraction likely to decrease with a decrease in frequencies important for speech intelligibility, quantified here
as decreasing mean sharpness.
Improvements in the room acoustic conditions as quantified in ISO 3382-3 has been hypothesised
(supported by findings in [14]) to improve subjective perceptions. The corresponding physical effect involves
increased sound absorption, mainly for higher frequencies with the typical acoustic treatments used in OPOs,
which cannot be very effective in reducing detrimental sound from nearby workstations. The current results
8
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based on occupied measurements seem to indicate that there might be reduced sound/speech masking due to
such global sound absorption, which may in fact increase noise and multi-talker speech distraction, especially
due to nearby workstations. In other words, while noisy offices with limited sound absorption are problematic,
they may be providing beneficial masking sound, which diminishes by increasing absorptive treatments, and
leads to increasing workplace dissatisfaction and disturbance due to noise. This is suggested as a likely
explanation of the current results. However, other psychophysical and multisensory effects are not ruled out,
as several factors, including indoor environmental quality and personal factors, etc., are not considered here,
and are proposed for future studies. Overall, the current results can be explained, and further point towards a
more complex assessment, of the noise environment and satisfaction within OPOs.

5

Conclusions

While room acoustic metrics such as distraction distance (rD) and the ones characterising SPL decay in
unoccupied conditions present a practical approach in designing offices, the present results show that ‘good’
physical acoustics conditions based primarily on room acoustic criteria (as in ISO 3382-3, ISO 22955, etc.)
may not necessarily lead to better experience for the occupants. Changes in loudness and fluctuations in the
multi-source and multi-speech sound environment during occupancy allow a more intuitive characterisation
of occupants’ perception but are harder to control in the design process. The current findings show that
occupants may prefer quieter offices overall while rating the performance of workplace satisfaction and noise
disturbance criteria, but this may not be achieved through simply better room acoustic characterisation based
on standards. Instead, the complexity of occupants’ perception in OPOs may need a comprehensive assessment
of both room acoustics and psychoacoustics metrics derived from in-situ measurements.
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Abstract
Office noise consists mainly of colleagues’ irrelevant speech. It disturbs employees in open-plan offices.
Hongisto (Indoor Air, 15, 2005) presented a model that expressed a relationship between work performance
and Speech Transmission Index (STI) of irrelevant speech. The model stated that performance reduces with
increasing STI, i.e., with increasing subjective intelligibility of speech. The model was based on limited
experimental evidence. Haapakangas et al. (Indoor Air, 30, 2020) published a systematic literature review to
revise the model of Hongisto. The revised model was based on strong scientific evidence supporting that
increasing STI leads to decreasing performance for tasks requiring verbal short-term memory. The maximum
performance decrement at high STI values reached 16% instead of 7% suggested by Hongisto. The revised
model enables the assessment of the payback time of room acoustic investments based on STI data.

Keywords: Business premise design, productivity, noise annoyance, open-plan offices, acoustic design.

1

Background

Open spaces have been applied in office work since the beginning of 19th century. At that time, the office
work was industrial work since clerical workers did those routine tasks that computers nowadays do. It was
acknowledged already in 1950’s, that acoustic problems may arise from colleagues’ speech in open working
areas [1]. Therefore, professionals were mainly working in private rooms.
When computers became popular in 1980’s, the share of clerical workers reduced, and the share of
professional workers increased. Professional work requires better acoustic privacy due to confidential
conversations and concentration demanding work tasks. Building private office rooms for all professionals
was found to be too expensive and inflexible. Therefore, landscape and open-plan offices were developed.
They were said to reduce rental costs, increase flexibility of space, and increase collaboration and
communication compared to private office rooms. Open-plan office contains modular office workstations,
which can be surrounded by fixed or mobile screens.
Because the share of concentration demanding tasks can be large in professional work, office noise became
an issue. In Finland for example, media increasingly published articles about the office noise problem in
1990’s. At the same time, many other challenges of indoor environment (draught, heat, smells, glare, etc.)
could be identified. Therefore, a large national research project was funded in 20012004 called “Productive
Office 2005”. The purpose of the project was to develop models that explain how the indoor environment
1

1262

affect work performance. The models could be used to foster investments on qualified physical indoor
environment. One work package focused on office noise.
A literature review was conducted in 2004. It revealed a couple of interesting points, which were used in the
development of the office noise model:







Steady-state noise affects cognitive performance only at high levels, above 85 dB [2], but the sound
level in offices was typically much lower (5055 dB LAeq8h) and the noise was dominated by speech
and human activities, not by steady-state sounds;
Irrelevant speech deteriorated work performance [3] even at low sound level such as 40 dB LAeq [4];
Performance loss due to speech increases with increasing signal-to-noise ratio of speech [5], i.e., the
sound level difference between speech and steady-state background noise;
Subjective speech intelligibility in a room could be determined by a physically measurable quantity
called Speech Transmission Index, STI [6], which depends on signal-to-noise ratio and reverberation
time of the room;
STI in an open-plan office depends strongly on its room acoustic quality and distance from the
speaker [7];
SII (Speech Intelligibility Index, a relative to STI) was already used in Canada as an objective
variable to predict acoustic privacy in open-plan offices [8].

Because STI was increasingly used in 2004 among acousticians to describe the room acoustic conditions in
communication rooms, the time was found to be mature to use STI as a primary objective quantity also in
offices. If STI would be associated with performance, the quantity would be even more valuable since office
workplaces could be objectively assessed according to their quality regarding work performance. This
approach would facilitate the discussion about the profitability of acoustic investments.
The first psychological experiment using STI as an independent variable was conducted in 2004 [9]. Thirtysix subjects participated in an experiment where different tasks were conducted in three conditions: STI 0.00,
0.30, and 0.80. In all of them, the overall sound level was 48 dB LAeq  only the signal-to-noise ratio of
speech was modified between the conditions. Proof-reading performance reduced with increasing STI.
However, performance of simple tasks was not affected by STI (such as simple reaction time, stroop,
vigilance, and simple calculations). The study confirmed the findings of Colle [4] and Ellermeier and
Zimmer [5]. Moreover, it justified the development of a hypothetic model.

2

Original model

The original model [11] was based on a literature review of 28 studies investigating the decrement of
performance, DP, between highly intelligible speech (STI=1.00) and silence. DP was 441% due to speech.
Furthermore, the model development was driven by a strong intuition that performance decrement depends
on intelligibility of speech as does the annoyance of irrelevant speech. Fortunately, some scientific evidence
was available to support the model [5,9,10]. The sigmoidal shape of the curve was adopted from IEC 6026816 [6], which gives the association between STI and subjective intelligibility of sentences.
The original model [11] suggests that the performance of cognitively demanding tasks reduces with
increasing STI. DP was calculated by
7
DP 
7
1  exp  STI  0.4  0.06
(1)
The graphic presentation is shown in Fig. 1a. The maximum DP was conservatively set to 7%. The model
was only suitable for situations where the background noise (sound masking) had a steady-state nature.
2
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Figure 1 – a) Original [11] and b) revised [12] model presenting the association between Speech
Transmission Index, STI, and decrement of performance, DP. The underlaying data is shown by symbols.

3

Revised model

The original model inspired several research groups to test the influence of STI on performance using
psychological experiments. Furthermore, the model strongly affected the revolution of the room acoustic
measurements of open-plan offices during 20002010: the model was used in ISO 3382-3 [13] standard to
justify STI measurements. ISO 3382-3 describes a method to determine the room acoustic conditions in
open-plan offices. The method reports single-number quantities describing the spatial decay of a single
speaker. One of the single-number quantities is distraction distance, rD, which describes the distance beyond
which the STI falls below 0.50. There is evidence from 21 offices that shorter distraction distance is
associated with smaller percentage of employees being highly annoyed by office noise [14].
Recently, Haapakangas et al. [12] reviewed the studies concerning STI and performance, which have been
published in peer-reviewed journals during 20052018. The searches included the following terms: (Speech
Transmission Index OR speech intelligibility OR masking sound) AND (performance OR task OR
cognitive). In addition, publications citing Ref. [11] in Google Scholar were included. Altogether, 1256
papers fulfilled these criteria. However, only 14 papers fulfilled the inclusion criteria: laboratory experiment,
original research, manipulation of STI, steady-state sound masking, natural speech, constant STI during the
condition, speech was irrelevant to the task, and normal hearing adults. These 14 studies included, altogether,
34 different tests because many studies involved several psychological tests testing different areas of
cognition. DP was defined as the relative difference in performance by DP=100 (P0-Py)/P0 where P0 is the
performance observed in the reference condition STI = 0.00 (no performance decrement due to speech) and
Py is the performance observed in the condition STI = y. The 34 tests were categorized, and the scientific
evidence concerning the DP vs. STI relationship was analysed in each category. The outcome is shown in
Table 1.

3
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There was strong evidence about the functional relationship between STI and DP in one task category:
simple verbal short-term memory tasks. Such a task is the visual serial recall task, where one needs to
remember 9 digits in a correct order. Because short-term memory is needed in all cognitively demanding
office work tasks, the finding has very broad practical implications. The data from the 11 tests in this
category and the model fitted over them are shown in Figure 1b. The functional form of the revised model is

DP 

16.7
 16.0
1  exp  STI  0.298 0.0964

(2)

Table 1 – Categorization of the 34 tasks reviewed by Haapakangas et al. [12].
Description
Simple verbal short-term memory tasks
Simple verbal tasks with simultaneous processing demands (working memory processes)
Complex verbal tasks requiring semantic processing and the use of long-term memory
Simple verbal tasks requiring the use of long-term memory
Simple verbal perceptual tasks
Simple non-verbal perceptual tasks
Simple non-verbal short-term memory tasks

4

No. of tests
11
8
8
3
2
1
1

Outcome
Strong evidence
Some evidence
Limited evidence
No evidence
Insufficient research
Insufficient research
Insufficient research

Exploiting the model in room acoustic design

The revised model (Eq. 2) can be used to assess, how different room acoustic conditions affect the
productivity of office occupants if the STI is known. STI can be determined either by measurements or by
room acoustic modelling software. Because the revised model has strong evidence, it is better suited for
engineering calculations than the original model.
The utilization of the revised model is demonstrated in a real open-plan office shown in Figure 2. Acoustic
measurements were conducted in two room acoustic conditions: A (before improvements), and B (after
improvements). In condition A, the room was treated with sound absorbers and soft floor covering. In
condition B, both electronic sound masking and sound-absorbing screens were added. Details about the
conditions are given in Table 2.
Table 2 – Room acoustic solutions of conditions A and B

Measure
Ceiling absorption
Wall 1 absorption
Wall 2 absorption
Wall 3 absorption
Wall 4 absorption
Floor

Condition A
90% coverage. Class A (ISO 11654)
90% coverage. Class A (ISO 11654)
Curtains.
None.
None.
Textile (soft)

Screens
Tables
Sound masking

None
Hard
Ventilation 33 dB LAeq

Condition B
90% coverage. Class A (ISO 11654)
90% coverage. Class A (ISO 11654)
Curtains.
None.
None.
Textile (soft)
Sound-absorbing screens. Height 140
cm. Class B (ISO 11654).
Hard
Electronic sound masking 43 dB LAeq

4
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PB
PB

Figure 2 - Principal workstation layout of the open-plan office demonstrated in Sec. 4. The floor dimensions
were 14x14 m. The number of workstations was 44. PB is a phone booth. Measurement path is indicated by
black line.
The STI was measured according to ISO 3382-3 on a path shown in Fig. 2 in both conditions. The spatial
decay of STI is shown in Fig. 3a. Objectively taken, the speech privacy is significantly better in condition B
than in condition A. Our demonstration is to assess how the work performance of occupants could differ
between the conditions.
Equation (2) was applied to assess the DP of employees working in the five workstations along the
measurement path (dots in Fig. 3a). It was assumed that they work 100% of time with tasks requiring verbal
short-term memory processing. The workstations were separated approximately by 2 m from each other. The
DP is shown in Fig. 3b. Condition B does not give any benefit on performance in the workstation nearest to
the speaker (2 m). The benefit of acoustic refurbishment on DP can be seen at distances beyond 2 m.
Decisions of voluntary investments are usually based on payback time calculations. Based on the idea
explained above, the lost monthly salary cost was first estimated for the five distances of Fig. 3. The
following assumptions were made:





salary cost is 5.000 eur per employee (total direct costs for the employer),
employees are present in the office for 50% of month (75 hours per month),
employees work for tasks requiring verbal short-term memory processing 50% of time,
single employee is speaking in the room corner continuously and speech is irrelevant for the others.

The lost monthly salary cost is shown in Fig. 3c. In condition A, the lost is the same at all distances from the
speaker. In condition B, the lost is negligible at distances beyond 6 m.
The same calculation principle was applied for all 44 occupants of the office. To do this, the STI was
predicted for each workstation using the distance between the workstation and the sound source and the
experimental relationship between STI and distance of Fig. 3a. The total salary costs were 220.000
eur/month. The lost monthly salary cost was 8.500 eur in condition A and 2.500 eur in condition B. That is,
the refurbishment from condition A to B could benefit the employer by 6.000 eur every month.
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The investment cost from condition A to condition B was approximately 28.000 eur including sound
masking (30 eur/m2), and sound-absorbing screens (500 eur/workstation). Thus, the payback time of the
investment could be 5 months.
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Figure 3 – Comparison of conditions A and B regarding a) spatial decay of STI at distances 210 m from
single speaker, b) decrement in performance, DP, and c) lost monthly salary cost.

5

Discussion

The revised model suggests that the maximum decrement in performance is even 16% while it was only 7%
for the original model. One reason for this is that the revised model involves only one category of cognitive
tasks, while the original model was not based on solid experimental evidence. The effect of irrelevant speech
on cognitive performance is very large. Further research is needed to obtain similar models also for the other
task categories of Table 1.
The calculation principle of Sec. 4 was coarse and simplified: it ignores individual variations in salary,
presence, and job type. Furthermore, the number of speakers, their loudness, and their locations vary within
time. The accuracy of such calculations can be improved by collecting precise data from the workplace.
On the other hand, the STI model ignores many other adverse effects that irrelevant speech and/or open-plan
office solution have been found to cause:





Fatigue: occupants must focus more on the task to avoid the disturbance if people speak around. This
causes fatigue [15];
Stress: Irrelevant speech elevates physiological stress already after 45 min exposure time [16];
Sick-leaves: sick-leaves have been found to be higher in open-plan offices [17]. Office noise has
been assessed to be one potential reason for this finding;
Risk of disability retirement: Risk of disability retirement is higher in open-plan offices than in
private office room [18].

Lack of a mathematical model prevents the use of these effects in payback time calculations.
Office noise and lack of speech privacy are the most frequent sources of dissatisfaction in offices [19]. Noise
produces the largest disturbances in offices [20,21]. In addition, low STI in the office is associated with
6
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lower prevalence of high noise disturbance [14]. These important findings manifest that all means affecting
the acoustic quality of work environment should be implemented when new offices are designed, and
existing offices are refurbished.
However, realization of an office depends on, e.g., available know-how, economic resources, and national
regulations. For example, in Finland, new building regulations [22,23] require that STI shall be under 0.50 in
unfurnished open-plan offices, when the distance to speaker is larger than 8 meters. In terms of ISO 3382-3,
distraction distance, rD, shall be smaller than 8 m. Unfurnished office means that the office is otherwise
ready (acoustic floor, acoustic ceiling and walls, sound masking system) but the furniture and curtains owned
by the user are not present. The new regulation forces the building owners to reach a certain level. In
Finland, the building owner funds the fixed acoustic treatments belonging to the building (ceiling and wall
absorbers, sound masking) and the user funds the acoustic properties of the furniture (screens, storage units,
curtains, and phone booths). Similar regulations are not used in most other countries and the room acoustic
investments are “voluntary”. In such cases, the model presented in this study can be very useful.
This study attempts to facilitate the work of acoustic designer by providing conceptual tools to justify why a
certain room acoustic level would be beneficial for the user in the first place. One must keep in mind that if
the room acoustic quality of the office is good, the office is easier to rent for the next user. Therefore, also
the building owners benefit from good room acoustic design.
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Twisting acoustic reflections by spiral sound diffusers
Noé Jiménez1,*, Jean-Philippe Groby2, Vicent Romero-García2
1

Instituto de Instrumentación para Imagen Molecular, Universitat Politècnica de València - CSIC, València, Spain
* nojigon@upv.es

Laboratoire d’Acoustique de l’Université du Mans (LAUM), UMR 6613,
Institut d'Acoustique - Graduate School (IA-GS), CNRS, Le Mans Université, Le Mans, France
2

Abstract
We report broadband metasurfaces to control sound diffusion in the far field by the scattering of acoustic
vortices. By encoding the holographic field of an acoustical vortex, these metasurfaces result in structures
with spiral geometry. These metasurfaces inhibit specular reflections in the far field because all scattered
waves interfere destructively in the normal direction. The scattering function is then unusually uniform
because the reflected waves diverge spherically from the holographic focal spot. By triggering vorticity,
energy can be evenly reflected in all directions except to the normal and, consequently, we observe a mean
correlation-scattering coefficient of 0.99 (0.98 in experiments) and a mean normalized diffusion coefficient
of 0.73 (0.76 in experiments) over a 4-octave frequency band. These spiral metasurfaces are good candidates
to generate diffuse sound reflections for room acoustics, underwater acoustics, biomedical ultrasound, or
particle manipulation devices.
Keywords: Vortex, sound diffusers, metamaterials, metasurfaces, scattering.

1

Introduction

Nowadays, research on acoustic metasurfaces is very active. However, the use of locally resonant structures
to control sound diffusion in room acoustics dates to the late 70's, when arrangements of quarter-wavelength
resonators, called phase-grating diffusers, were introduced by M. Schröeder to generate diffuse reflections
[1]. These acoustic devices have found practical applications in room acoustics and are widely used in many
broadcast studios, modern auditoria, music recording, control, and rehearsal rooms [2]. Recently,
metamaterials were proposed to reduce the thickness of Schröeder diffusers by using Helmholtz resonators
instead of quarter-wavelength resonators [3] or slow-sound metasurfaces with deep-subwavelength
resonators [4], [5]. In this work, we study the scattering properties of spiral metasurfaces based on
holographic acoustic vortices and make use of them to design broadband and non-specular sound diffusing
surfaces [6].

2

Metasurface design

The proposed metasurface is sketched in Figs. 1 (a, b). The structure consists of a circular flat panel of radius
a and thickness L and has N wells of spiral shape. The field of a spherically focused vortex source located
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at a distance z  F on the metasurface plane z  0 can be approximated in cylindrical coordinates
r  r(, r , z ) by a hyperbolic phase profile as [7]
p(, r ) 

ip0
2

k r F

2





exp ik r 2  F 2 exp(il ),

(1)

where F is the focal distance, k   / c0 is the wavenumber,  is the angular frequency, c0 is the sound
speed, and p0 is a constant. The time convention in this work is exp(i t ) . If a surface is set to radiate a
time-reversed (or complex conjugate in the frequency domain) version of this field, a diffraction-limited
vortex converging at the focal point z  F will be observed, because of the time-invariance of the acoustic
equations.

Figure 1 – (a) Scheme of the proposed spiral-shaped sound diffusing metasurface. (b) Geometry of the panel
for the focusing configuration. (c) Spiral metasurface designed for the defocusing configuration using a
virtual image of a vortex and its geometry.
To design a metasurface with such phase profile, we follow a twostep procedure. The first step consists in
spatially discretizing the metasurface with a geometry compatible with the phase profile of Eq. (1). This can
be done by the expansion of the binary Fresnel-spiral zone plates [8] for the case of the N phase zones and
l0 arms. The boundary between the n  1 and n -th phase zone is then given by the following expression
rn,m () 


l 
 2
 F  0  0  n  m    F 2 ,
 2

 
N


(2)

where n  0,, N  1 is the index of each wall, 0    2 is the azimuthal coordinate, 0  c0 / f0 is the
design wavelength with f0 the design frequency, l0 represents the topological charge at the design
frequency, and m  0,1,, l0  1 is the index of each arm. The second step consists in assigning to each
phase zone the phase values given by Eq. (2). This is done by drilling spiral wells in the panel with a depth
dn and dn' of the n -th well, for the focusing and defocusing panels respectively, set accordingly to
dn 

n0
2N

and dn  

(N  n  1)0
2N

,

(3)

where the design wavelength 0  2L is associated to the lowest cut-off frequency of the structure
and f0  cn / 2L , and cn is the sound speed inside the well.
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3

Results

To quantify the performance of the metasurface, the correlation-scattering coefficient, (f ) , is calculated as
usual in room acoustics and sound diffusers design [2]. This coefficient measures the decorrelation between
the scattered field by the structure and that by a flat panel of the same dimensions. Thus, a 0 value of (f )
indicates that the reflection is specular while a 1 value indicates that the scattered energy spreads in all
directions other than specular. The retrieved frequency-dependent correlation-scattering coefficient is shown
in Fig. 2 (a). A good agreement is found between theoretical predictions for the focusing and defocusing
devices as in the far field both systems present similar scattering field. The experimental results for the
focusing device validate this behaviour. We observe that the absence of specular reflection makes the
correlation-scattering coefficient being almost unitary at frequencies that are multiples of the design
frequency because vortices of integer charge are then generated. The correlation-scattering coefficient
remains close to unity over the entire design frequency band ( (f )  0.9 for f0  f  Nf0 ), taking a mean
value of 0.98 (0.99 in theory) over the frequency range from 2 kHz to 16 kHz.

Figure 2 – (a) Correlation scattering coefficient, arrows indicate the frequencies 2 kHz, 6 kHz, 10 kHz, and
16 kHz. (b) Normalized diffusion coefficient.
A second important parameter to quantify the performance of the acoustic structure is the diffusion
coefficient, (f ) [2]. When all the energy is reflected in a single direction, (f )  0 , while (f )  1 when
there is no preferred direction of reflection, and the scattering function is uniform. The magnitude of the
diffusion coefficient must be normalized by that of a perfect reflector of the same dimensions, namely the
normalized diffusion coefficient n (f ) . Figure 2 (b) shows the normalized diffusion coefficient calculated
theoretically and measured experimentally for the focusing and defocusing metasurfaces. This coefficient
presents a peak at the design frequency of amplitude (f0 )  0.95 theoretically and (f0 )  0.85
experimentally. This high value arises from the fact that the holographic vortex generates spherically
diverging waves. However, the value of the normalized diffusion coefficient cannot reach unity because
there is a lack of scattering in the normal incidence. As the topological charge of the scattered vortex
increases with frequency a wider range of angles close to normal direction presents reduced scattering.
Therefore, the response is less uniform, and the value of the normalized diffusion coefficient decreases with
frequency. The normalized diffusion coefficient takes a mean value of 0.76 (0.73 in theory) over the
frequency range from 2 kHz to 16 kHz.
3
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4

Conclusions

Vortex beams present a null in the far field because the phase singularity of a vortex beam inhibits the
propagation of waves along the axial direction. In this way, reflecting surfaces based on vortices only present
off-axis reflections. In addition, these spiral metasurfaces can spread uniformly the energy over the entire
angular spectrum by focusing (or defocusing) a vortex in the near field, thus, allowing the design of ultrabroadband acoustic diffusers with simultaneous high diffusion performance and non-specular reflections.
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Abstract
In this work, we show the possibility to control the scattering of acoustic waves by using 1D or 2D disordered
distributions of rigid scatterers embedded in air. The scattering produced by a distribution of scatterers is
related to its spatial Fourier transform, which is known as the structure factor in condensed matter physics. This
structure factor only depends on the point distribution and can be used to design different types of materials with
different scattering properties: stealth materials that suppress the back scattering over some set of frequency;
hyperuniform materials that suppress the back scattering in the long wavelength limit and introduce isotropic
scattering at higher frequencies; and equiluminous materials that produce an omnidirectional constant scattering
over a set of frequencies. Several examples of these systems are shown and discussed in this work from the
theoretical and experimental point of views.
Keywords: Hyperuniform materials, Equiluminous materials, Stealth materials, sound diffusion.

1

Introduction

The ability to manipulate waves has long been one of the main goals in various areas of physics and
engineering. Many-body scattering systems [1] and metamaterials [2, 3] offer promising prospects to deal
with this challenge due to their ability to be tuned and reconfigured. Properly designed highly disordered
many-body systems have recently attracted attention as a tool for scattering manipulation. The introduction of
local correlations between the positions of the scatterers constituting the disordered system allows to control
the scattering of an incident radiation [4, 5, 6]. In particular, stealth materials consist of multiple scatterers
distributed in such a way as to completely suppress the scattering of the sample over a broadband frequency
range [7].
In this work, we develop a route to engineer 2D acoustic materials consisting of multiple rigid cylinders,
which possess the desired scattering properties under the incidence of a plane wave [8]. We characterize the
scattering pattern of a set of scatterers under the approach of weak scattering by its structure factor. We validate
this hypothesis calculating the scattered far-field amplitude using the multiple scattering theory that considers
all scattering orders. We develop an optimization technique, which optimizes the positions of scatterers that
lead to a chosen value of the structure factor over a given frequency range.

2

Material designed based on the structure factor formalism

Let us consider a plane acoustic wave impinging N rigid cylinders of radius R0 located at positions ~r j
( j = 1, .., N) inside a square L × L domain. The response of these N scatterers can be conveniently characterized
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~ where G
~ is a vector in the reciprocal space, which is proportional to the scattered
by the structure factor S (G),
intensity in the Born approximation
2
N
X
1
~
i
G~
r
j
~ =
∝ I sc .
(1)
e
S (G)
N j=1
~ = S 0 when |G|
~ ∈ [|K
~ 1 |, |K
~ 2 |], the following types of materials can be distinguished:
Imposing the constraint S (G)
~
~
~ 1 | ≥ 0). In order
hyperuniform (S 0 = 0, |K1 | = 0), stealth (S 0 = 0, |K1 | ≥ 0) and equi-luminous (S 0 > 0, |K
to obtain a distribution of scatterers possessing the required structure factor (and thus the required scattering
pattern), we use a numerical optimization algorithm, which minimizes the potential
X


~ − S0 ,
φ(~r1 , . . .~rN ) =
S (G)
(2)
~ K
~ 1 |,|K
~ 2 |]
|G|∈[|

accounting for the constraint of non-overlapping scatterers |~ri − ~r j | ≥ 2R0 ∀i , j.
Figure 1(a) shows the spacial distribution of N = 100 cylinders with R0 = L/100 constructing a
~ = 0 ∈ [0, 0.5 · 2πN/L]. The structure factor is shown on Fig. 1(b). It
hyperuniform material with S (G)
~ = 0 everywhere in the target region except the forward scattering (corresponding to
is suppressed, S (G)
~
G = (0, 0)). The wave vector of the incident plane wave ~k0 and the scattered wave ~k s are introduced following
~ (see
the von Laue formulation. According to this, the constructive interference takes place if ~k s − ~k0 = G
~
~
~
Fig. 1(c)). For elastic scattering |k0 | = |k s | and the possible vectors k s form an Ewald circumference centered
at the origin of the vector ~k0 . In Fig. 1(d) the polar plot of the normalized scattered intensity is shown. For the
~ = 0 region the scattering is completely suppressed, while
dashed circle in Fig. 1(c) which fully lies in the S (G)
for the solid circle there is a strong backward scattering is exhibited corresponding to the part of the circle
~ , 0 region.
lying in the S (G)

µ
G
ks

k0

Figure 1: (a) spacial distribution of N = 100 scatterers with R0 = L/100 composing a hyperuniform material,
(b) corresponding structure factor, (c) zoomed region of the structure factor and the Ewald circumference, (d)
normalized scattered intensity as a function of the scattering angle for the solid circle in (c).

3

Multiple scattering formalism

The relation between the scattered intensity and the structure factor, Eq. (1), holds only for the case of weak
scattering (Born approximation). In order to validate the hypothesis of weak scattering approximation in our
materials we consider the framework of the multiple scattering theory which considers the whole scattering
orders [9, 10]. It is based on the idea that the field that impinges the i-th cylinder is constituted of both the
incident plane wave and the scattered waves by all the other cylinders. In this approach the scattered intensity
f
is defined by the scattered far-field amplitude, I(θ, ω) ∝ |P s (θ, ω)|2 , which is a function of the scattering angle
θ and the frequency ω. In its turn, for a plane wave of the form eikx the far-field amplitude is expressed via the
scatterers positions (ri , θ~ri ) and the scattering coefficients Ain provided by the multiple scattering theory for the
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i-th cylinder and scattering order n,
N

f

P s (θ, ω) =

4

2 X −ık|~ri | cos (θ−θ~r ) X
i
e
(−i)n Ain eınθ .
k i=1
n

(3)

Results

In this section we show the design of a stealth material presenting a scattering suppression area, i.e.,
~
~ 1 |, |K
~ 2 |] = [0.8 · 2πN/L, 1.2 · 2πN/L]. Figure 2(a) shows the distribution of scatterers
S (G) = 0, between [|K
for the designed stealth material with N = 64 scatterers obtained from the optimization method. The structure
~ 1|
factor of the stealth material (Fig. 2(b)) exhibits an annular region of scattering suppression delimited by |K
~
and |K2 | shown by the circumferences in red continuous lines. For a given range of frequencies (a particular
example is shown in Fig. 2(b)), the corresponding Ewald circumference (white continuous line) overlaps the
scattering suppression area by its whitish area. This implies the total suppression of the back-scattering for all
the scattering vectors ~k s in the whitish area. Moreover, we can see that this scattering suppression mechanism
is produced at any angle of incidence (an other Ewald circumference with dashed white lines is depicted in
Fig. 2(b) for another angle of incidence). The polar plot of the scattered intensity for this Ewald circumference
is shown in Fig. 2(c) and it clearly matches the expected behavior from the structure factor, showing the back
f
scattering suppression. Figure 2(d) illustrates the spacial distribution of the scattered pressure |P s | for a plane
wave incident from the left. It also confirms the suppression of the back scattering.
2¼
|k0|=0.43
L/N

ks
k0

Figure 2: (a) Stealth material made of a distribution of N = 64 cylinders. (b) Structure factor of a stealth
material. (c) Polar plot of the scattered intensity calculated from the structure factor (black line) and from
f
multiple scattering (blue line). (d) Map of the scattered pressure, |P s (θ, ω)|, for the wavevector with
|k~s = 0.43 2πN
L for the normal incidence.

5

Conclusions

With the methodology shown in this work we demonstrate that distributions of sub-wavelength particles are
good candidates to achieve target scattering properties, in particular for stealth materials with broadband and
omnidirectional back scattering suppression. We have described the scattering properties of such systems by
the structure factor in the framework of a single scattering approach and by the far-field scattered amplitude
within the multiple scattering theory, validating this approach. Numerically optimizing the structure factor of
the sample we design the appropriate distributions of scatterers which, though counter intuitive, present the
target scattering pattern.
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Abstract
Traditional acoustic diffusers are based on quarter-wavelength resonators, and they are commonly built using
slotted panels. The use of this kind of resonators implies that these panels can hardly be manufactured to
work at low frequencies due to the resulting high thickness. Recently, the use of resonant metamaterials
based on Helmholtz resonators, i.e., metadiffusers, has been proposed to reduce panel thickness. In this work
we propose the use of plate and membrane (I will use only plate) resonators to go one step further in
managing sound reflection using ultrathin metasurfaces of deep subwavelength dimensions. Using a 5.7-cm
thick panel, a mean diffusion coefficient of 0.8 in the range from 400 to 800 Hz has been numerically and
theoretically observed. The potential of resonant metamaterials based on plate and membrane resonators is
demonstrated and its limitations discussed. This study provides the guidelines and design tools for
prototyping these low-thicknesses panels to generate diffuse reflections.
Keywords: sound diffusers, metamaterials, metasurfaces, scattering, elastic plates.

1

Introduction

Nowadays, research on acoustic metasurfaces is very active. However, the use of locally resonant structures
to control sound diffusion in room acoustics dates to the late 70's, when arrangements of quarter-wavelength
resonators, called phase-grating diffusers, were introduced by M. Schröeder to generate diffuse reflections
[1]. These acoustic devices have found practical applications in room acoustics and are widely used in many
broadcast studios, modern auditoria, music recording, control, and rehearsal rooms [2]. Recently,
metamaterials were proposed to reduce the thickness of Schröeder diffusers by using Helmholtz resonators
instead of quarter-wavelength resonators [3] or slow-sound metasurfaces with deep-subwavelength
resonators [4], [5]. Recently, the scattering properties of spiral metasurfaces based on holographic acoustic
vortices was presented [6], by making use of vorticity it was possible to design broadband and non-specular
sound diffusing surfaces. Other strategy is to use membranes or plates instead of quarter-wavelength
resonators or Helmholtz resonators. In a plate, or a membrane, the resonance in the plate arises due to the
transversally propagating waves in the elastic solid. Therefore, the resonance can be tuned by several
mechanisms. First, it can be tuned by modifying the elastic parameters of the elastic solid (in the case of
plates) or the tension (in the case of the membranes). However, this process can be cumbersome for practical
reasons. Other approach is to modify the mass density of a membrane by adding a localized mass [7], but,
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again, the fine required tuning becomes difficult in a practical implementation. In this work, we propose to
use a panel composed of a square array of resonating thin plates, each one backed by a cavity, as shown in
Fig. 1. By tuning the depth of the backing cavity, it is possible to tune the resonance frequency of each cell
using the same plate. In this way, we can engineer the metasurface in a robust way, resulting in thin and
easy-to-build sound diffusers.

Figure 1 –Scheme of a sound diffuser based on elastic plates.

2

Methods

We model the unit cell as a clamped rectangular elastic plate backed by a cavity, as shown in Fig. 1. We
follow the model presented by Sun and Jan [8]. For a square clamped plate of side a , the orthogonal modal
decomposition of the displacement components of the plate given by, X m ( x) , Yn ( y ) gives
æ l x ö G (lm ) æ lm x ö
X m ( x) = Gç m ÷ Hç
÷,
è a ø H (lm ) è a ø
æ l y ö G (ln ) æ ln y ö
Yn ( y ) = Gç n ÷ Hç
÷,
è a ø H (ln ) è a ø

(1)

with the functions G (u ) and H (u ) given by

and where lm and ln satisfy

G (u ) = cosh(u ) - cos(u ),
H (u ) = sinh(u ) - sin(u ),

(2)

cosh(l )cos(l ) = 1 ,

(3)

that can be solved numerically, e.g., by using Muller’s method [9]. Then, we can define the following
integrals
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¶ 4 X m ( x)
dx,
0
¶x 4
a
¶ 2 X m ( y)
I 3 = ò X m ( x)
dx,
0
¶x 2
a
¶ 4Yn ( y )
I 5 = ò Yn ( y )
dy,
0
¶x 4
a

I1 = ò X m ( x)

a

I2

= ò Yn2 dy,

I4

= ò Yn ( y )

I6

= ò X m ( x) 2 dx.

0

a

0

¶ 2Yn ( y )
dy,
¶x 2

(4)

a

0

These integrals can be numerically integrated using the Simpson’s rule. Finally, the impedance of the plate is
defined as
aa
é
æ
ê aa ç ¥ ¥
òò0 0 X mYn dxdy
ê
ç
Z p (w ) = iw òò åå
ê
ç m =1 n =1 D( I1 I 2 + 2 I 3 I 4 + I 5 I 6 ) - r hw 2 I 2 I 6
ê 0 0 çç
è
ëê

-1

ù
ö
ú
÷
÷dxdy ú .
ú
÷
ú
÷÷
ø
ûú

(5)

where r is the density, and h is the thickness of the plate, and its bending stiffness (or flexural rigidity), D ,
is given by

D=

Eh3
,
12(1 - n 2 )

(6)

the wavenumber in the plate follows the dispersion relation

k2 = w

rh
,
D

(7)

and E and n , the Young's modulus and Poisson's ratio of the material plate, respectively. The resonance
frequencies of the plate without the backing are given by

wm , n =

D( I1 I 2 + 2 I 3 I 4 + I 5 I 6 )
.
r hI 2 I 6

(8)

It is worth to mention that a low-frequency approximation of the elastic plate can be obtained using a lumped
model. The effective mass and compliance of the plate for the first resonance mode are given by
C p = 3.73 ¥ 10-

4

a6
,
D

M p = 2.06

r
a2

,

(9)

And the impedance of the lumped plate is
Z lumped =

1
+ i wM p ,
i wC p

In this case the resonance frequency is given by Im(Z p ) = 0 , so the frequency is w0 =
the total impedance at the surface of each cell is given by

ZT = Z p + iZ 0 cot(kL),

(10)
1 / M pC p . Finally,

(11)

where L is the depth of the cavity and Z 0 = r0 c0 / a 2 is the impedance normalized by the surface, r 0 the
density and c0 the sound speed of the air. The impedance of the plate can by set to the full model given by
3
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Eq. (5) or the lumped model (10). In this case, the resonance frequency can be downshifted deeper in the
subwavelength regime. Using this impedance, the reflection coefficient for each cell, located at in the plane
x0 , y0 and at z = 0 , can be calculated as

R ( x, y ) =

ZT ( x0 , y0 ) - Z 0
.
ZT ( x0 , y0 ) + Z 0

(12)

Then, the acoustic field at a point r = r ( x, y, z ) scattered by the metasurface located at r0 = r0 ( x, y, z = 0) can
be approximated by the Rayleigh-Sommerfeld integral as

ps (r ) = -i

k
2p

ò

p0 (r0 ) R(r0 )exp(ik r - r0 )
r - r0

S0

dS0 ,

(13)

where p0 (r0 ) is the incident pressure field, R (r0 ) is the spatially-dependent reflection coefficient of the
locally-reacting surface, given by (12), over the surface S0 , and k = w / c0 is the wavenumber in air at an
angular frequency w , and c0 is the sound speed. In the far field, and in spherical coordinates, r = r (f ,q , r ) ,
using the convention 0 < f < 2p for the azimuth and 0 < q < p for the elevation, the distance between any
point and the plane of the metasurface is approximated by

r - r0 » r.

(14)

A second-order Taylor expansion yields

r - r0 » r -

x
y
x0 - y0 » r - cos f sin q x0 - sin f sin q y0 .
r
r

(15)

Introducing the approximation given by (14) in the denominator of (13) and the expansion (15) in the
exponential of the numerator of (13), respectively, we get the Fraunhofer-Fourier approximation of the
scattered field as

ps (f ,q ) = -i

k exp(ikr )
òS0 p0 ( x0 , y0 ) R( x0 , y0 )exp(-i(k x x0 + k y y0 ))dx0 dy0 ,
2p
r

(16)

where the transversal components of the wavevector are given by

k x = k cos f sin q , and k y = k sin f sin q .

(17)

Note the spherical-divergence factor exp(ikr ) / r is usually dropped as it does not contribute to the directivity
of the scattering in the azimuthal and elevation planes. Equation (16) is essentially a two-dimensional spatial
Fourier transform of the reflected field and can be calculated efficiently using fast-Fourier transforms. In this
work, we tune the complex reflection coefficient R( x0 , y0 ) along the surface of the structure using elastic
plates to produce far-field scattering ps (f ,q ) with is uniform with the azimuthal and elevation angles.

3

Results

3.1 The impedance of a rigidly-backed elastic plate
We start by revisiting the impedance of an elastic plate backed by a cavity. We are interested in thin panels,
so the quarter wavelength resonance frequency of the cavity is much higher than the resonance of the plate.
In this regime, the cavity has a great impact on the resonance of the unit cell. The resonance modes are
4
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observed at frequencies when the system does not present any reacting behaviors and the imaginary part of
the impedance is null. Figure 2 (left) shows the imaginary part of the impedance. First, the lumped model
(blue curve) shows that the imaginary part vanishes at one single point. The cavity alone is shown in black. It
crosses the cero at much higher frequency, 2000 Hz, corresponding this frequency with its quarter
wavelength resonance. However, we can see that the imaginary part of the cavity, given by the cotangent
function, presents two limiting values. In the low frequency limit, the imaginary part of the impedance of the
cavity presents a very large value, so when combining this impedance in series with the plate, the cavity
dominates. In this regime, the whole unit cell cannot present any resonance and, therefore, acts as a rigid
wall. At medium frequencies, we can see that the cavity shifts the resonance of the plate to a higher
frequency.

Figure 2. Imaginary part of the impedance of a plate backed by a cavity of 8.55 cm. (right) Phase of the
reflection coefficient of the unit cell as a function of the length of the cavity and the frequency. The quarter
wavelength resonance of the cavity is shown in dashed red, and its antiresonance frequency is shown in
dashed blue.
At this point, is convenient to include in the analysis the full model, as the validity of the lumped model is
restricted for frequencies up to the first resonance. We might note that the full model includes both,
resonances, at the zero-crossings in Fig. 2, (left), and antiresonances, shown as discontinuities in Fig. 2 (left).
Therefore, when combining in series a plate with a cavity, the resonance frequency cannot be shifted beyond
the antiresonance because the latter introduces a discontinuity on the imaginary part of the impedance and
the total impedance around this frequency range is dominated by the antiresonance. This effect is revealed to
be critical when designing metasurfaces based on elastic plates and membranes, as we will see below.
Taking the full model into account, we can observe that other modes are present, corresponding each one to
the normal modes of the elastic vibrating plate. Finally, in the high frequency regime, the imaginary part of
the impedance of the cavity starts to diverge, because of its antiresonance. This corresponds to the halfwavelength resonance of the cavity. Here, the cavity acts as a rigid element. In this regime, the cavity
dominates the total impedance, the summation of both elements results in a shifting of the plate resonances
to lower frequencies, but this shift is restricted to their nearest antiresonance. This process results in
narrowband resonances at high frequency. In summary, while the resonance of the plate can be tuned in

5

1283

some degree just using a rigidly-backed cavity, at the antiresonance frequencies the whole unit cell acts as a
reflecting panel, and these frequencies remain fixed by the plate (or a membrane).
The phase of the reflection coefficient as a function of the length of the cavity is shown in Fig. 2 (right). We
can see that at the resonance of the unit cell, a phase jump is produced, arg(R ) = ± p . Using a subwavelength depth cavity, the first resonance frequency is shifted at frequencies higher than the resonance of
the plate (dashed white). Therefore, the first and the superior resonances can be tuned by the length of the
cavity. We might notice that there are frequency ranges where no resonance is present. This is caused by the
antiresonances of the plate. At these frequencies, the whole unit cell acts as a rigid boundary and other
mechanism must be included to tune the reflection coefficient at these frequencies. These include changing
the material of the membrane, its thickness, its surface or adding mass.
3.2 Tuning the reflection coefficient
Using the degree of freedom of the backing cavity, we can tune the reflection coefficient. For example, que
can tune the reflection coefficient of a plate-metadiffuser of maximum thickness of L = 2 cm, to that of a
quadratic residue diffuser of L = 16 cm, both designed to work at 1200 Hz. The resulting phase is shown in
Fig. 3, where it can be observed a good agreement between both distributions. As the reflection coefficient
along the surface is the same in both cases, it is not surprising that the far field scattering, shown in Fig.4 is
similar. If compared with a flat reflector, we can see that both structures scatter waves in multiple directions,
following a similar and uniform pattern. Therefore, both structures present a similar normalized diffusion
coefficient, 0.67 for the QRD and 0.69 for the plate metadiffuser. The main difference is that the thickness of
the metadiffuser is about 10 times thinner.

Figure 3 – (left) phase of the reflection coefficient for a plate-metadiffuser of L= 2 cm, at 1200 Hz, tuned to
be the same than the phase of a quadratic residue diffusers of L = 16 cm, designed for the same frequency.
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Figure 4 – (left) Resulting far-field scattering of the plate-metadiffuser, (center) QRD, and (right) rigid panel.

4

Conclusions

Using plate resonators panels with broadband response can be optimized. However, as the bandwidth of the
resonance is narrow, the diffusion coefficient should present a band-limited response. Other drawback is that,
using plates, the absorption coefficient cannot be tuned as easily as using Helmholtz resonators. In addition,
practical implementation of membrane and plate resonators usually differs from modelling. We expect that
this effect will result in a performance decrease of optimized panels in realistic situations. However, other
topologies can be explored to mitigate these factors. For example, by locating the plates at the middle of the
cavity the high-frequency response can be enhanced. On the other hand, using several thicknesses for the
plates will eliminate the rigid behaviour of the panel at the antiresonances. This works opens new paths to
design shallow panels to control the scattering of acoustic waves where space is limited, such as designing
sound diffusers for critical listening rooms, or designing thin diffusing metasurfaces for underwater
applications.
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Abstract
Metamaterials made of resonant building blocks based on Helmholtz resonators have been developed as
perfect acoustic absorbers. The performance of these metamaterials is analyzed when used to control the
scattering of noise during a space vehicle lift-off. In this event, two main contributions of sound should be
controlled: i) the reflected from the launch pad and ii) the transmitted through the faring wall. Numerical
models are developed to predict the vibro-acoustic response of two metamaterials designed for these two
problems. The approach is to simplify the numerical model by obtaining a simplified panel with equivalent
acoustic and mechanical behavior on the frequency range of interest. The first solution is based on a rainbow
trapping structure that will be applied as an exhaust channel cover. Later, an ultra-thin perfect absorber is
designed to be added to the fairing composite sandwich. Results show a significant noise reduction while
small effects of the vibro-acoustic coupling are theoretically and numerically observed. The developed
methodology enables a simplification in the noise control analysis and opens the way for its use in other
applications.

Keywords: metamaterials, scattering, vibro-acoustic coupling, launch vehicle, rocket.

1

Introduction

The acoustic loading environment is one of the most restrictive specifications for
spacecraft design and manufacturing. The predominant acoustic loads occur at the lift-off
and atmospheric flight phases. During the lift-off, an intense pressure wave is generated
by the rocket engine exhaust gases, and it is reflected on the launch pad towards the launch
vehicle. During the atmospheric flight, the acoustic loads are due to the unsteady
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aerodynamic phenomena. The acoustic pressure fluctuations at the fairing are transmitted
through the composite structure and generate a diffuse acoustic environment inside the
fairing cavity [1]. Vibro-acoustic effects are induced in the payload, which can lead to
structural fatigue or damage. Components with a large surface and small weight, for
example solar panels or antenna reflectors are very sensitive to the acoustic field [2].
Since future missions of Earth Observation and Space Telecommunications require larger
reflector antennas to increase their resolution and sensitivity, acoustic excitation is
becoming a more important aspect in satellite survival during launch [3]. Therefore, an
effective mitigation method of acoustic noise is needed to ensure the reliability of the
launch. Several strategies have been used as water injection at the launch pad level or
insulation systems at the fairing as microperforated panels. However, even using these
techniques, the Overall Sound Pressure Level that a satellite must be able to withstand is
around 140 dB [4]. Thus, there is a need for a sound mitigation technique that scatters the
noise emitted by the rocket to alleviate the acoustic loads on the payload.
In recent years, interest in metamaterials has increased due to the possibilities they offer
for controlling acoustic and vibration waves. In the acoustic field, metamaterials have
been used to design sub-wavelength absorbers as metaporous materials, metamaterials
composed of membrane-type resonators, quarter wavelength resonators, and Helmholtz
resonators (HR). The latter metamaterials have been extensively analyzed during the last
years to develop perfect acoustic absorbers in the low frequency range [5, 6]. These
absorbers are based on a waveguide loaded with HRs. The geometry of the inner structure
and the resonator defines the resonance frequency, at which the energy absorption will
occur. It is possible to include a single HR to absorb, mainly, acoustic energy at a single
frequency or a set of tuned HRs, to mitigate broadband noise by overlapping several
resonances. These structures present extraordinary values of absorption: for a single HR,
an absorption peak of 0.97 was experimentally observed for normal incidence [6] while
for the rainbow trapping absorber a broadband absorption of 0.98 was measured [5].
These metamaterials present three advantages: high absorption performance, quasiomnidirectional behavior, and the possibility to act on a broadband frequency range. The
quasi-omnidirectional feature is of great interest because inside the fairing cavity the
acoustic field is considered diffuse [2]
Composite
and at the launch pad level each sound sandwich panel
source radiates energy in a different
+
direction [7].
Single resonator
absorber (SRA)

In this work, two different structures
Rainbow trapping
have been designed as shown in Figure
absorber (RTA)
1. A single resonator absorber (SRA),
which will be placed inside the fairing
cavity to increase the transmission loss;
and a rainbow-trapping absorber (RTA),
which would be placed as a cover of the
jet deflector to absorb acoustic energy
and prevent direct reflections from the
launch pad. The two structures have
been designed, from an acoustic point of
view, in the relevant frequency range Figure 1. Sketch of the implementation of the
between 100 and 500 Hz. The objective metamaterials.
is to assess the noise attenuation that
ESTUDIO AEROACÚSTICO DEL COHETE VEGA
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these metamaterials can achieve in the spacecraft launch problem. Using an optimization
method, the geometry of each system has been tuned to provide perfect absorption and
sub-wavelength dimensions following the method explained in Refs [6, 5]. This approach
results in a geometry composed of cavities and necks made of thin walls. Given the
structural requirements that the structure may be subjected in real working conditions of
the problem it is necessary to study the influence of the vibro-acoustic response on the
acoustic performance. The direct simulation of this cannot be resolved through a direct
simulation because the size of the real sample results in an extreme computational cost.
Therefore, an equivalent medium approach, which is more efficient from a computational
point of view has been used. A methodology has been developed to obtain a plate with
equivalent mechanical and acoustic behavior to those of metamaterials. This
methodology is summarized in section 2. In section 3 the results of the equivalent system
and the vibro-acoustic analysis are presented. Finally, section 4 summarizes the
conclusions of the work.

2

Methodology

The vibro-acoustic simulation will be conducted in VA One software (ESI Group) where
the Finite Element Method (FEM) will be used to model the structure domain and the
Boundary Element Method (BEM) will be used for the fluid domain. The direct approach
would be to study the vibro-acoustic response of a metamaterial panel with the maximum
detail in its geometry. However, this entails different problems. First, a refined finite
element mesh is needed to capture all the geometry components, which exponentially
increases the computational cost with the number of elements. In addition, the detailed
structure, composed by cavities and walls, has consequently a high modal density due to
local modes that will not be relevant for this study. Only the global modes of the metastructure might have a significant effect. It is known that a high modal density also
increases the computational cost due to modal superposition, so it is not necessary to
consider all the deformation mode shapes. Furthermore, to properly tune the resonance
frequencies of each resonator is vital to model the visco-thermal losses in the fluid domain
[5] which implies an additional difficulty. Hence, our approach is to model the problem
by a simplified system with equivalent acoustic and mechanical response on the
frequency range of interest.
2.1

Equivalent system characterization

The vibro-acoustic problem is influenced by the acoustic and structural properties of the
system. Therefore, for each domain it is necessary to have equivalent properties. The
equivalent properties are obtained for a reference panel of 1x1 m2.
The acoustic behavior of the structure is based on the sound transmission through the
metamaterial. The main characteristic is the scattering of the system, which is composed
of the reflection and transmission coefficients and the absorption coefficient as the system
has intrinsic losses. Therefore, the goal is to model the absorption of the system by means
of an equivalent impedance boundary condition. The acoustic impedance matrix of the
system has been obtained directly from the acoustic design, which notation is:
!
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&!"
$ · ( ) *,
&""
"
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&
$ = ! !!
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&"!
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where P is the acoustic pressure, v is the particle velocity and the suffix 1 or 2 refers to
the side, front and back, respectively, of the metamaterial.
The mechanical behavior is modelled by FEM simulations using anisotropic elastic
parameters. The panel of study is composed of a periodic repetition of a unit cell in two
directions. Their arrangement defines the structural response, so the repetition directions
are the main components of interest. The equivalent structural parameters are: !! as the
Young’s modulus along i-direction, "!" as the Poisson coefficient due to a strain in the jdirection when stress is applied in i-direction and #!" is the shear modulus in jdirection on the plane whose normal is in i-direction. These constants are used to define
the mechanical properties of a flat plate whose most relevant eigenfrequencies are tuned
to match the relevant eigenfrequencies of the detailed model. The FEM software used for
the mechanical analysis is MSC Nastran (The MacNeal-Schwendler Corporation MSC,
Irvine, CA, USA).
2.2

SRA vibro-acoustic model

The SRA structure has been designed to be implemented inside the fairing adhered to the
existing sandwich honeycomb. In the vibro-acoustic analysis we want to analyze the
transmission loss effect that the metamaterial adds in reference to the sandwich structure.
The external structure of the fairing is assumed to be composed of 2 mm thick carbon
fiber skins and an aluminum honeycomb core. To study the transmission loss,
reverberation and semi-anechoic rooms have been simulated by means of two BEM fluids
with an infinite rigid plane connected to the first one as shown in Figure 2. The acoustic
source is a diffuse acoustic field. It is included through a set of 100 acoustic plane waves
evenly distributed. A normalized acoustic field of 1 Pa has been considered.

Figure 2. Overview of the VAOne vibro-acoustic model depicting the two BEM fluids (semi-anechoic
room on the left, reverberation room on the right), the reference panel and the rigid plane.

The reference panel structure is modelled by means of an FE model based on CQUAD4
elements with structural properties defined by a PCOMP property. The structural
behavior of the SRA panel is modelled by means of an FE flat panel (CQUAD4 elements)
with structural properties defined by a PSHELL. Both the reference panel and the
assembly are assumed to be simply supported on the four edges. In order to include the
acoustic response of the SRA panel, an additional FE acoustic cavity is required so that a
FE area junction between the acoustic cavity and the structure can be used to include an
impedance matrix by means of an area isolator.
2.3

RTA vibro-acoustic model

The RTA structure has been designed to be used as a cover of the launch pad exhaust
channels. Therefore, the sound source is the jet from the rocket engine and its impact
against the deflector. The vibro-acoustic model is composed of a metamaterial panel
4
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exposed to the acoustic sources on one side in an unbounded domain as shown in Figure
3.

Figure 3. On the right, overview of the Va One vibro-acoustic model. On the left, monopoles power
spectrum.

The structural behavior of the Helmholtz resonator panel is modelled by means of an FE
flat panel (CQUAD4 elements) with structural properties defined by a PSHELL. The
mechanical properties have been tuned so that the FE flat panel first eigenfrequencies
match the first eigenfrequencies of a detailed model of the HR panel. A panel of 1.5x2
meters has been considered. The boundary conditions applied are the restriction of the 6
degrees of freedom of all the nodes located at the edges of the plate to represent a frame.
The acoustic excitation is a distribution of 8 sources designed by the Distributed Source
Method (DSM) to replace the jet as presented in [8]. Each source is represented by a
monopole. The spectrum associated with each monopole defines the pressure that would
be obtained in the free field by the following equation:
!(") =

%&−"#$
−4)"

1#
2

; |%| = (4),-.)

(2-2)

where r is the distance from the monopole, k is the acoustic wavenumber, A is the pressure
amplitude, ρ is the fluid density, and c is the speed of sound on the fluid. The pressure
amplitude is computed in terms of the sound power of the source, W, which is presented
in Figure 3. On the right, overview of the Va One vibro-acoustic model. On the left,
monopoles power spectrum.. The acoustic domain is represented by an exterior BEM
fluid only connected to the structure and the acoustic sources. Finally, a set of pressure
sensors has been used to cover a 3x3 m measurement plane.
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3

Results

3.1

Structural results

Through mechanical characterization, each metamaterial has been modelled as a flat
plate. As a reference, a 1x1 m2 panel has been used for each case.

Figure 4. Comparison between most relevant eigenfrequency of SRA system and equivalent panel.

Regarding the SRA, which is intended to be implemented on the fairing, Figure 4 shows
the FEM model of the metamaterial with all the details and the flat plate with an
equivalent response. In addition, the first three eigenfrequencies of each system are
presented. In Figure 5 the same information is presented for the RTA system. As it can
be seen, the mode deformation shapes of the equivalent systems are the same as the
original ones. The criterion to define the relevant eigenfrequencies is the mass fraction
that a displacement mode can move. The threshold has been set to 5% of mass fraction
resulting in three key eigenfrequencies. The most relevant eigenfrequencies are those that
have asymmetric mode shapes.

Figure 5. Comparison between most relevant eigenfrequency of RTA system and equivalent panel.
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Table 1. SRA and RTA most relevant eigenfrequencies summary.

Detailed system

SRA
RTA

Equivalent system

Mode

Frequency
(Hz)

Mass
fraction

Mode

Frequency
(Hz)

Mass
fraction

1
5
6
1
515
1028

29.8
99.9
111.8
225.9
509.5
686.9

50%
9%
10%
55.4%
8.7%
9.8%

1
5
6
1
5
10

22.1
82.2
83.7
204.4
485.0
639.0

50%
8%
12%
56.4%
9%
11.4%

Absolute
frequency
error (Hz)
7.7
17.7
28.1
21.5
24.5
47.9

As presented in Table 1, for both metamaterials, the first eigenfrequency is the most
relevant as it can move 50% of mass. The two following eigenfrequencies can move
approximately 10% of mass, which is 5 times less. Regarding the frequency error between
the eigenfrequencies, they are between 7.7 Hz and 28.1 Hz for the SRA system while for
the RTA system are between 21.5 Hz and 47.8 Hz. Hence, the SRA equivalent system
provides a better approximation. Although the absolute errors are not small, the behavior
of both systems is characterized.
3.2

Acoustic results

By means of a simple waveguide simulation, it has been shown that the impedance
boundary condition on a flat plate generates absorption results equivalent to those of the
acoustic design. The 4-microphone method has been used as explained in [9]. Figure 6
shows the comparison between the absorption coefficient calculated by acoustic
optimization and VA One for each system under analysis. The results using the
impedance boundary condition reproduce the absorption of the system very accurately.
Thus, the absorption of the metamaterials will be modelled accurately in the vibroacoustic analysis.

Figure 6. Comparison between the absorption obtained using the analytical model (dashed orange line)
and the modelling in VA One (solid blue line). SRA results on the left and RTA results on the right.

3.3

Vibro-acoustic prediction results

The tuning of the structural modes has been carried out based on a reference panel. In the
vibro-acoustic analysis panels of a different size have been considered and therefore the
structural frequencies are different. Figure 7 shows the relevant modes for each
metamaterial panel in contrast to the mass fraction that the modes move.
7
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SRA

RTA

Figure 7. Relevant modes definition. Eigenfrequencies in contrast to the fraction of mass that each move.
On the left, modes for the reference sandwich structure and for the sandwich structure + SRA. On the right,
modes of the RTA panel. The horizontal line is at 5% of mass to distinguish the relevant modes.

Figure 7 shows, as well, the comparison between the modes of the sandwich reference
panel considered for the fairing wall before and after adding the SRA panel. There are
three main frequencies: 248.3 Hz, 898.1 Hz and 1051 Hz for the reference panel and
282.4 Hz, 935.3 Hz and 1160.5 Hz when the SRA is added. There is a shift to lower
frequencies due to the Helmholtz resonator (HR) panel.
To distinguish between the noise reduction that is generated by the acoustic component
or by the dynamic component added by the RAS, three different results are presented in
Figure 8. The results of the sandwich panel (blue), the results of the sandwich panel and
only the structural contribution of the SRA (orange) and the results of the panel together
with the structural and acoustic contribution of the SRA panel (yellow).

Figure 8. SPL on the emitter room (left) and receiver room (right) for the SRA vibro-acoustic analysis in
1/24-octave bands.

Figure 8 left presents the SPL in the source room (the reverberation room), which shows
almost negligible differences between the structures analyzed. On the right, the SPLs in
the receiver room shows pressure peaks at frequencies matching the resonant frequencies
of each structure. As previously shown in Figure 7, the structural contribution shifts the
eigenfrequencies of the panel. The acoustic contribution is clearly identified in the
decrease of SPL around the 420 Hz band. In total, at the design frequency band of the
SRA there is a reduction of approximately 15 dB.
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Figure 9. Results of the RTA vibro-acoustic analysis. On the left, contour of Overall Level
Pressure Magnitude RMS (dB) with the. On the right, SPL results of a sensor located close to
the structure.

Concerning the vibro-acoustic analysis of the RTA panel, which is intended to be
implemented as a cover of the exhaust ducts of the launch pad, the results are presented
on Figure 9. In this configuration, the interesting effect is the one with reference to a rigid
plate as it is a noise mitigation technique that is already used as a cover in the launch
facilities. As shown in the contour map presented, in the semi-space behind the structure,
there is a noticeable decrease of SPL as the structure gets in the noise propagation path,
which was one of the expected results. Moreover, between the sources and the
metamaterial, as reflections due to the structure appear, the SPL increases. However, if
we measure the SPL by a sensor located close to the panel, in the case of metamaterial
there is a significant reduction in SPL between 100 Hz and 500 Hz compared to the rigid
plate. This implies a reduction of the acoustic energy inside the channels and therefore of
the energy that will be radiated from the output of the channels to the launch vehicle. It
is worth noting the effect of structural modes. As shown in Figure 7, the most relevant
structural modes are located at 86.7 Hz, 239.93 Hz and 275.92 Hz. As it was stated before,
the first eigenfrequency can move more than 50% of the mass. The effect of the 86.7 Hz
mode is clearly present on the SPL results in Figure 9. Results of the RTA vibro-acoustic
analysis. On the left, contour of Overall Level Pressure Magnitude RMS (dB) with the. On the
right, SPL results of a sensor located close to the structure.

. This effect is due to the structural behavior because it is also present in the red line where
only the structural contribution of the RTA is modeled.

4

Conclusions

In this work the performance of two different metamaterials intended to reduce the launch
noise during the lift-off are studied. One metamaterial has been designed to be placed
inside the fairing cavity to increase the transmission loss, called single resonator absorber
(SRA). The other is called rainbow-trapping absorber (RTA), and it is designed to be
placed as a cover of the exhaust ducts to absorb acoustic energy and prevent direct
reflections from the launch pad to propagate upwards. The structures have been optimized
in extensive detail for the acoustic problem. However, it is necessary to evaluate the
influence of the structural behavior by means of the vibro-acoustic coupling problem. To
predict the vibro-acoustic response of the metamaterial, the approach is to simplify the
9
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model by obtaining a simplified panel with equivalent acoustic and mechanical responses
on the frequency range of interest. The mechanical behavior is characterized by the
engineering constants of the detailed system. The most relevant eigenfrequencies have
been found to be those that have an asymmetric mode shapes, being the first one the most
important. The acoustic absorption of the equivalent systems has been modelled through
an impedance boundary condition. The present findings confirm that the SRA panel
effectively reduces the noise transmitted at the design frequency and that the RTA panel
reduces the reflection and transmission of the incident waves. Moreover, the results show
the effect of the vibro-acoustic coupling. The structural frequencies depend on the
dimensions and boundary conditions of the panel. Hence, the boundary conditions of the
metamaterials are an important aspect to consider regarding acoustic performances. The
suggested methodology simplifies noise control analysis and allows for its application in
other areas.
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Abstract
Periodic structures composed of quarter-wavelength or Helmholtz resonators have been widely used in the
design of acoustic metamaterials, mainly to achieve negative compressibility or slow sound. The latter
phenomenon results from the strong dispersion produced by the local resonances and gives rise to many
applications such as deep sub-wavelength sound absorbers or metadiffusers. All the applications proposed
so far are analyzed only in the frequency domain (steady state). In this work, we propose a passive and
reconfigurable treatment that can be used in room acoustics. The concept consists in creating a delay line
from reconfigurable resonators, thanks to the slow sound propagation. In doing so, we can time delay a pulse
and therefore can reproduce the audio sensation of a propagation over a larger distance than the real size of
the treatment. The limitations of real-time pulse propagation, dispersion, and losses on the audio fidelity are
discussed.
Keywords: Acoustic metasurface, Delay-line, Helmholtz resonators, Slow sound.

1 Introduction
The phenomenon of slow sound, brought to light with the development of acoustic metamaterials, has been
widely used for both the design of subwavelength sound absorbers [1, 2, 3] or subwavelength diffusers [4, 5, 6].
Despite all this research based on slow sound, the temporal propagation of a pulse inside such slow-sound
metamaterials have not been thoroughly studied.
In this work, we propose to analytically investigate and numerically study, a delay line device for timedelaying a pulse. We first present the concept behind this work and study the influence of the geometry on
the effective and scattering properties of the system. We then discuss the challenge of temporal propagation
in such metamaterials and explain the design strategy employed. Finally, we show numerical simulation and
experimental results of our delay line for three different delay configurations.

2 Results and discussions
The philosophy of this work is to propose a device to be placed on the walls of a room, allowing to give a
sound sensation of a room larger than it really is, as sketched in Fig. 1. In other words, we seek to control the
phase φR of the reflection coefficient R, and thus to be able to tune the apparent group delay τg
d
φR (ω),
(1)
dω
with ω being the angular frequency. For the metasurface to propagate the pulse without distorting it
significantly, it must have a near-constant group delay, i.e., a near-linear phase, over the bandwidth of the pulse.
τg (ω) = −

1

1297

1

0

(c)
,

(a-1)
(a-2)

0.5

0
0

(d)

(a-3)
-10

Temporal domain view

-20
15

g

(ms)

Frequency domain view

Analytical
Numerical
Experimental

(e)

10
5

(b-2)

(b-1)

0
200

300

400
500
Frequency (Hz)

600

700

Figure 1: Schematics of the situation under study. (a-b) Schematics of the different configurations measured in
a square cross-section impedance tube of width wex , in which a plane wave is impinging from the left and is
reflected on a rigid wall: (a-1) configuration without the metadevice, i.e., empty tube, (a-2) configuration with
the metamaterial of length L placed at the end of the rigidly backed tube, and (a-3) target configuration to be
reproduced with the metamaterial. (b) Differences between the permanent/frequency regime view and the
temporal propagation view. (c-e) Steady state scattering properties of the metasurface reproducing a 1 m
propagating distance:(c) reflection and absorption magnitude (red and black respectively), (d) phase of the
reflection coefficient, and (e) group delay.
We consider here a metasurface composed of 2 different Helmholtz resonators in series mounted in parallel
to a slit opened to the room and backed by a rigid wall as sketched in Fig. 1(a-b) and the dimensions of which
are given in Tab. 1. The metasurface is placed in an 149 mm square impedance tube.
Table 1: Dimensions of the metasurface for the different configurations considered.
Configurations
Config.1 - Le = 1 m
Config. 2 - Le = 0.75 m
Config. 3 - Le = 0.6 m

wex
149
149
149

h
65.8
65.8
65.8

wc1
51.3
31.3
21.6

Lc1
56.7
56.7
56.7

wn1
7.8
7.8
7.8

Ln1
57
37
27.3

a1
92.7
56.6
38.9

wc2
49.5
49.5
49.5

Lc2
28.7
28.7
28.7

wn2
6.6
6.6
6.6

Ln2
28.7
28.7
28.7

a2
102.9
66.8
49.1

The strong dispersion produced in the slit above the resonators allows to carefully control the real and
imaginary parts of the wave number k(ω), and thus the group velocity cg = dω/dRe{k(ω)} and the dissipation
(∝ Im˛(ω)}).
The phase of the metasurface reflection coefficient is plotted with the group delay in Fig. 1 (d-e). Each
resonator gives rise to a −2π phase jump and a group delay peak at frequencies related to their resonance
frequency. A third peak due to a Fabry-Perot mode in the slit is also visible. Please note that, although the
group delay can be easily controlled by changing the geometry, special attention must be paid to the dissipation
in the resonators (high near resonance). A compromise must therefore be found to reproduce both the right
amount of loss and the delay of a propagation over the target length.
While effective properties and total reflectance are a good way to model and design steady-state structures
(as is commonly done for metamaterials and metasurfaces), they are not suitable for the time domain, as they do
not account for the transient first-reflections. With a frequency-domain view, i.e., steady-state conditions, one
can easily control the effective impedance and total reflection to impose both an impedance matching condition
and a target group delay over a given frequency range. Impedance matching ensures that the entire incident
2
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Figure 2: [Color online] Metasurface delayed pulse for the 3 configurations considered: Le = 1 m (a), 0.75 m
(b), and 0.6 m (c).
(-1) steady state group delay, (-2) incident and target pulse (analytical), (-3) measured and simulated pulse
delayed by the metasurface, and (-4) measured and simulated pulse reflected off a rigid wall (without
metasurface). The red dashed lines and black dots represent the full-wave simulation and experimental results,
respectively. The solid black lines represent the analytical target, and the thin black dotted lines the incident
pulse.
wave will be transmitted into the slit, propagate with a low group velocity, be reflected by the rigid wall, and
propagate back, i.e., be effectively delayed due to the slow sound, as sketched in Fig. 1 (b-1). On the other
hand, the treatment of the time domain requires consideration of the reflection at each interface. In particular,
the mere presence of a cross-sectional change at x = 0 generates a direct first reflection that cannot be delayed
in time, because the reflected energy does not penetrate the metasurface.
The design strategy adopted is therefore to optimize the geometry directly with a time-propagating pulse,
and to use destructive interference to minimize unwanted reflections (direct reflection at x = 0 and coda) and
maximize desired reflections to preserve the shape of the delayed pulse.
To reproduce the propagation of the g(t) pulse over a length
we optimize the geometry
h Le with our device,
i
of its resonators by minimizing the target delayed pulse IFT FT (g(t)) e−2ik0 Le and the propagated pulse in the


metasurface, modeled by its total reflection coefficient calculated by TMM, that is, IFT FT (g(t)) RTMM . The
considered pulse consists of a combination of two cosine modulated Gaussian pulses with frequencies of 350
Hz and 500 Hz.
Figure 1(c-e) illustrates the steady-state scattering properties of the optimized metasurface reproducing
a distance of 1 m and the corresponding group delay. The TMM modeling is numerically validated with
a full-wave 3D model using the viscothermal module of COMSOL Multiphysics software. A fine mesh is
required for the boundary layers of all rigid walls (cavity, neck, slit) to take into account with good accuracy
the viscothermal losses in the device. An experimental validation is also performed. The agreement between
the analytical (solid), numerical (dotted line) and experimental (points) results is very good, validating our
analytical modeling used for the optimization process.
Figure 2(a-3) shows the numerically simulated and experimentally measured outgoing wave from the device.
As expected (see Fig. 2(a-2)), the pulse is effectively delayed by 5.8 ms, which corresponds to the targeted
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propagation for a distance of 1 m (round trip) (compared to the case without a metasurface, i.e., with a rigid
support at x = 0, shown in Fig. 2(a-4)). The slight discrepancies visible at the beginning and end of the pulse
are due to several unavoidable constraints: the metasurface remains dispersive (albeit weakly), the destructive
interferences do not totally cancel the unwanted first reflections and coda.
Finally, starting from the optimized geometry of the 1 m configuration, we then modify the geometry to
reproduce two other propagation distances Le = 0.75 m and Le = 0.6 m, changing only the cavity widths wc
by a factor of 0.611 and 0.42 respectively, i.e., see Figs. 2(b-c). In each case, the optimal geometry delays
the pulse by the correct delay, τg = 4.4 ms and 3.5 ms respectively. Although the pulse is distorted more
significantly when we linearly reduce the geometry from the first configuration, i.e., higher HR resonance
frequencies, the shape and location of the pulse matches the target values. The experiments are obtained from
rigid samples, but this design procedure allows for the design of reconfigurable devices, which can, depending
on their configuration, reproduce the audio sensation of propagation over different distances.

3 Conclusions
In this work, we have analytically designed, and numerically and experimentally proven the effectiveness
of a delay line metasurface to reproduce the propagation of a pulse over a given distance. Instead of using
steady-state computation and effective medium theory, as is usually done for metamaterials and metasurfaces,
we here directly optimize our geometry in the time domain, thus taking into account early reflections and coda.
We show that from an initial configuration, we were able to reproduce two others, with different propagation
distances, simply by changing linearly the geometry of the resonators.
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Abstract
We report experimental developments on the scattering of acoustic evanescent waves by an isolated particle.
Compared to the scattering of homogeneous plane waves, additional oscillation modes are excited and
particularly lead to the generation of spiraling scattered waves propagating angularly in the far field.
Interestingly, phase singularities may appear inside the scattering particle as a consequence of interfering
circumferential waves. The topological charge of these singular waves depends on the targeted scattered mode,
excited by adjusting the driving frequency for a fixed particle size. We conducted experiments at ultrasonic
frequencies on a resonant droplet immersed in a non-miscible host fluid to evidence these topological
singularities. Evanescent waves were generated by total reflection at a two fluid interface at which the droplet
was closely deposited. The field resulting from the scattering is shown to carry a transverse angular momentum
of orbital nature which could bring an additionnal degree of freedom than classical vortex beams. Furthermore,
the emergence of topological singularities in the field could be also linked to an acoustic spin density, important
for applications involving radiation force and torque.
Keywords: evanescent waves, scattering, spiraling waves, phase singularities.

1 Introduction
Evanescent waves are inhomogeneous waves naturally occuring in wave fields and are known to possess
peculiar properties [1]. They could be exploited for applications in optics or acoustics such as particle
manipulation [2, 3] or imaging [4, 5]. For several decades, the angular momentum carried by acoustic fields
has been the subject of many studies for its importance in many practical applications [6, 7, 8, 9]. Importantly,
it has been demonstrated that the transfert of orbital angular momentum to an absorbing particle leads to the
application of a radiation torque on this particle [10, 11, 12, 13]. Recent studies also examined theoretically
the radiation force and torque induced by the scattering of evanescent waves in acoustics [14].
In this experimental work, we focus on the scattering of ultrasonic evanescent waves by resonant droplets
and analyse the structure of the resulting field. It has been noticed that the asymmetry of the incident wave alters
considerably the field structure compared to an homogenous wave [15]. More precisely, due to the amplitude
gradient in the evanescent pressure field, the scattering particle is free to vibrate both in the propagation
direction and in the transversal direction, the latter being amplified when the evanescence of the incident wave
increases. It will be shown that the resulting scattered and internal fields carry an orbital angular momentum
linked to the apperaence of phase singularities inside the particle.
Firstly, the experimental set-up for the generation of evanescent waves and acoustic measurements is
presented. Then, several measurements of the field outside and inside a resonant droplet are analysed with
particular emphasis on the angular momentum arising in such a field.
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Figure 1: (a) Experimental set-up for the generation of evanescent waves and scattering measurements.

2 Generation of evanescent waves and scattering measurements
Ultrasonic waves were generated by a broadband longitudinal wave transducer, having a central frequency
of 1 MHz, immersed in a tank. The apparatus is shown in Fig. 1 and is similar to [16]. Evanescent waves
were generated by total internal reflection at a two-fluid interface. To adjust the angle of incidence, the water
tank can be tilted using a vertical translation stage combined with a pivot linkage. To stabilize a particle
in a fixed position near the interface, we used carbopol as a suspending fluid [17, 18]. It is a water-based gel
advantageously combining acoustic properties very similar to water with a yield stress sufficient to avoid droplet
sedimentation. The transducer is placed in a F40 oil medium (1) which is denser and has a lower sound speed
than carbopol (2), necessary to achieve reflection beyond a critical angle and generate an evanescent wave in
the water phase. These two fluid are immiscible and their properties are summarised in the table 1. The critical
angle of transmission for this configuration is equal to 25.3◦ . Acoustic field measurements were performed
mass density (kg/m3 )

longitudinal celerity (m/s)

carbopol

1050

1500

FC40 oil

1850

640

Table 1: Acoustic properties of the fluids used in the experiments.
by using a fibre optic hydrophone (10 micron sensitive area). The experimental set-up is presented in Fig. 1
and the frequency range [0.5 − 1.5] Mhz set by the bandwidth was explored. Fig. 2 (a) shows an example of
evanescent field that has been measured in medium (1), and obtained from the reflexion of a 1 MHz pulse. It
propagates along the direction of the interface, z, and decays in amplitude in the orthogonal direction, x. It can
be described by a complex-valued wave vector kinc = kz z + iκx, where kz is the propagation wave number and κ
is the decay rate in amplitude in the orthogonal direction. The spatial part of the pressure field can be expressed
as follows:
p = p0 eikz z−κx ,
(1)
where p0 is a constant amplitude. The amplitude of the field along the vertical direction indicated by the dotted
line in Fig. 2 (a) is plotted in Fig. 2 (b). The amplitude decay can be fitted by an exponential function and the
ratio between the imaginary part and the real part of the wave vector kinc is here equal to 0.45.
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(a)

(b)

Figure 2: (a) Spatial map of the pressure field measured from a 1 MHz signal. (b) Evolution of the amplitude
of the field along the black dotted line in (a). The measurement points in orange can be fitted by an
exponential decay in the vertical direction.

3 Spiraling scattered waves and detection of phase singularities inside a
droplet
Next, the evanescent waves were made to interact with FC 40 droplets suspended in fluid (2). These droplets
exhibit strong Mie resonances because of a high acoustic contrast with water or carbopol [17, 18]. Single
droplets were positioned close to the interface using a syringe. Fig. 3 shows a spatial map of the pressure field
outside a droplet of diameter d = 0.88 mm in the (xz)-plane centered on the droplet. The central frequency
of the incident signal f0 = 0.81 MHz corresponds to the dipolar resonance frequency of the droplet. Note
that it is sub-wavelength in size compared to waves propagating in the carbopol d < λ = 1.85 mm. The
incident evanescent wave propagates from the left to the right and we clearly see the scattered field above the
droplet where the incident wave fades away. Due to symmetry breaking effects occuring in the scattering of an
evanescent wave, waves propagating angularly along the particle circonference are selected by increasing the
evanescence. As a result, these waves radiate outwards with a spiral-shaped wavefront as reported in a previous
analytical study [15]. In addition, as the field is circular, its directivity above the droplet is almost isotropic,
which could be interesting in imaging applications [19]. As the phase of the scattered field varies angularly, it
carries an orbital angular momentum density in the transversal direction, y. Importantly, this differs from the
case of acoustic vortex beams, where the wavefront spirals around the propagation direction with which the
angular momentum density is aligned [6].

Figure 3: (a) Pressure field in the (xz)-plane outside a FC40 oil droplet of 0.88 mm diameter. The central pulse
frequency, f = 0.81 MHz, excites the dipolar resonance of the droplet.
Based on observations of the field in the exterior medium, we investigated the structure of the field inside
3
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the particle. The droplet was positioned near the interface first and the hydrophone was inserted vertically in
the droplet in a second step. A map of the internal field was obtained by gentely displacing the hydrophone
within the droplet (Fig. 4 (a)). In order to restrain its displacement when the optical fibre is translated through
it, a bigger droplet of diamater d = 2.23 mm was injected. As wee can see on the photo, the droplet slightly
loses its sphericity because of the contact with the fibre, but without inducing any measurable effect on the field
properties. Fig. 4 (b) shows the phase of the internal pressure field in the (xz)-plane at a frequency f = 0.535
MHz corresponding to the hexapolar resonance of the particle. On the left, the field has been computed from
the Mie scattering theory of evanescent waves by spherical objects introduced in [15]. The insets on the right
show the phase and modulus of the field measured at the same frequency. Interestingly, phase singularities may
appear inside the particle as a consequence of destructive interferences between cicumferential waves confined
at the droplet surface and radiating spiraling waves outwards. The position of each singularity matches well
with the model. One can notice that the topological charge of the field, which corresponds to the number of
2π phase jumps following a circular path around the droplets centre, depends on the targeted scattered mode
(hexapolar), fixed by the particle size and driving frequency.
Measure
phase

modulus (log)

Theory
bre optic
FC40 oil
droplet
interface

(a)

(b)

Figure 4: (a) Photograph of a FC40 oil droplet placed near the interface between carbopol and FC40 oil. (b)
Pressure field in the (xz)-plane inside a droplet of 2.23 mm diameter: phase of the predicted field (left) / phase
and modulus (log scale) of the measured field (right). The central pulse frequency, f = 0.535 MHz, excites the
hexapolar resonance of the droplet.

4 Conclusions
A spiral scattering regime resulting from the interation between an acoustic evanescent wave and a spherical
object has been observed experimentally. It has been shown that phase singularities may appear inside a
resonant droplet and the number of singular points corresponds to the order of the preferentially excited
scattering mode. These two features are linked to a transverse orbital angular momentum carried by the
field, which offers an additional degree of freedom for the control of wave propagation from that of usual
vortex beams and could result useful for further applications. Importantly, the existence of a spin density
in inhomogeneous acoustic fields has been recently introduced and quantify the local rotation of the particle
velocity vector field [9, 20, 21, 22]. It will be considered in future studies and could have important implications
for the control of particle rotation.
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Abstract
Surfaces that display omnidirectional sound diffusion may prove impractical to design under traditional means,
mostly due to the considerable bulkiness and lack of adaptability of typical quarter-wavelength diffusing
strategies. Thus, designing ultra-thin sound diffusers displaying near perfect diffusion values can become quite
a challenge. In this work, we then propose a method for obtaining quasi-perfect and broadband sound diffusion
coefficients using deep-subwavelength acoustic diffusers, i.e., metadiffusers. Analytical and numerical results
show that such aim can be reached with panels 1/30th thinner than traditional quarter-wavelength sound
diffusers, spanning from quasi-perfect values for frequency ranges 1/3 of an octave to average diffusion values
of 0.8 over 2.5 octaves. This work demonstrates the effectiveness and versatility of metadiffusers to tailor the
nature of their diffuse field and their potential for practical situations where they can outshine classical
solutions.
Keywords: sound scattering & diffusion, metamaterials, slow sound structures, optimization

1

Introduction

Sound diffusion is based on the physical principles of wave diffraction. Such phenomenon can be
fundamentally described through the Helmholtz-Kirchoff integral formulation which relates the output
scattered wave field generated by the diffracting surface to a certain input wave field [1]. In acoustics, surfaces
that scatter waves in such manner are commonly referred to as sound diffusers; the purpose of which is to
disperse sound evenly or focus it into specific directions. In this work, a particular emphasis is given to the
former goal, and more particularly to sound diffusers that can radiate waves omnidirectionally, resulting in a
perfect diffusion of the reflected sound field.
Sound diffusers achieve their goal of dispersing sound through a specific distribution of the acoustic impedance
along their surface. Traditionally, these locally-reacting surfaces are made by juxtaposing quarter-wavelength
resonators (QWRs) of different depths, such as wells, thus creating a frequency-dependent profile of the
reflection coefficient of the surface. This type of phase-grating sound diffusers are usually referred to as
Schröeder diffusers and follow a numerical sequence with flat Fourier transform properties in order to scatter
sound as evenly as possible [2].
1

1307

However, this strategy often results in sizeable structures for large wavelengths, as the maximum phase shift
of the reflection coefficient occurs at L = c0/4f, where f is the working frequency, L is the depth of the QWR,
and c0 is the speed of sound in air. This size limitation, along the fact that QWRs do not offer a great tunability
of the magnitude and phase of the reflection coefficient limit the use of Schroeder diffusers in situations where
a greater adaptability is required for the magnitude and phase behaviour of the structure.

2

Metadiffusers: deep-subwavelength sound diffusers

Through the last decades, various solutions have been proposed in order to palliate with the bulkiness of
Schröeder diffusers for low frequencies. Lately, metamaterial-inspired strategies for designing metasurfaces
presenting simultaneously efficient diffusion properties and deep-subwavelength dimensions (i.e., dimensions
much smaller than the working wavelength) have started to be proposed as well [3]. Here, this study focuses
on the concept of metadiffusers [4].
Metadiffusers are rigidly backed slotted panels based on slow-sound metamaterials, where each slit is loaded
by an array of Helmholtz resonators (HRs). That way, strong dispersion is introduced and the effective sound
speed inside each slit is drastically reduced in the low frequency regime. This causes the quarter-wavelength
resonance to be shifted into the deep-subwavelength regime, therefore strongly reducing the effective thickness
of the panel. The geometry variables of each metadiffuser design can be calculated following an optimization
procedure for replicating the reflection coefficient profile corresponding to a given numerical sequence at a
particular frequency. As such, many designs were proposed based on numerical sequences that already exist
for traditional diffusers. Recently, the diffusion characteristics of a 3D-printed quadratic residue metadiffuser
(QRM) were experimentally measured and compared to analytical and numerical results [5], where good
agreement was found.
However, the potential for metadiffusers to present omnidirectional sound scattering, referred here as perfect
diffusion, has yet to be evaluated and discussed. That is why we present in this work a method for maximizing
quasi-perfect diffusion (QPD) of sound in both narrow and broad frequency bands based on metadiffusers.

The scattered sound pressure distribution over a reflecting surface can be usually described by a Fourier
transform of the complex reflection coefficient. In such case, following Fraunhofer’s diffraction theory as an
approximation of the Helmholtz-Kirchhoff integral equation, the far-field scattered pressure distribution at
normal incidence, 𝑝𝑠 (𝜃, 𝜙), of a reflecting rectangular surface with a spatially-dependent reflection coefficient,
R(x,y), of size 2a and 2b in the x and y directions, respectively, can be calculated using the Fraunhofer integral
𝑎

𝑏

𝑝𝑠 (𝜃, 𝜙) = ∫ ∫ 𝑅 (𝑥, 𝑦)𝑒 𝑖𝑘(𝑥sinθsinϕ+𝑦sinθcosϕ) d𝑥d𝑦
−𝑎 −𝑏

where 𝜃 and 𝜙 are the elevational and azimuthal angles, respectively.
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The diffusion coefficient of a surface rates the uniformity of the aforementioned scattered sound field. The
directional diffusion coefficient, 𝛿𝜓 , produced when a sound diffuser is illuminated by a plane wave at incident
angle 𝜓 = (𝜃′, 𝜙′) (primed superscripts denoting incident angles) can be estimated from the hemispherical
distribution
([ 𝐼𝑠 (𝜃, 𝜙)𝑑𝑆]2 − [ 𝐼𝑠2 (𝜃, 𝜙)𝑑𝑆])
𝛿𝜓 =
( 𝐼𝑠2 (𝜃, 𝜙)𝑑𝑆)
where 𝐼𝑠 (𝜃, 𝜙) ∝ |𝑝𝑠 (𝜃, 𝜙)|2 is proportional to the scattered intensity. The integration is performed over a
hemispherical surface (−𝜋/2 ≤ 𝜃 ≤ 𝜋/2) and (0 ≤ 𝜙 ≤ 2𝜋), where d𝑆 = d𝜃d𝜙. This coefficient must be
normalized to that of a plane reflector, 𝛿𝑓𝑙𝑎𝑡 , so as to eliminate the diffracting effect caused by the finite size
of the structure, i.e, 𝛿𝑛,𝜓 = (𝛿𝜓 − 𝛿𝑓𝑙𝑎𝑡 /1 − 𝛿𝑓𝑙𝑎𝑡 ). We analyse here the 2D case of a normal plane wave
incidence in the elevational plane only, i.e., 𝛿𝑛,𝜓 ≡ 𝛿0 .

The analytical surface reflection coefficients required to calculate the far-field sound scattering were obtained
with the Transfer Matrix Method (TMM) [4], which relates the acoustic pressures and normal particle
velocities at the extremities of a one-dimensional acoustic system. Numerical simulations were computed using
a Finite Element Method (FEM) in COMSOL Multiphysics®. The surface was installed at the centre of a
circular domain filled with air surrounded by a concentric perfectly matched layer (PML) with a far-field
boundary condition at the boundary of the air domain to simulate the radiation condition.

3

Quasi-perfect diffusion (QPD)

Previous metadiffuser designs were optimizing the geometry of the metadiffuser in order to produce a a
reflection coefficient profile fitting a particular numerical sequence at a certain frequency. Here, a different
approach is proposed in order to reach QPD. Instead, we look for the geometry of the metadiffuser that directly
maximizes the normalized diffusion coefficient at the target frequency. The optimization uses a constrained
minimization algorithm where the cost function 𝜖 = 1 − 𝛿𝑛,𝜓 (𝑓) is minimized so that the normalized diffusion
coefficient would tend to unity at the target frequency. A metadiffuser being composed of N slit unit cells of
periodicity ax = D/N, this results in a reflection coefficient profile along the x direction with N different values
over the total length of the surface. By optimizing the geometry of such metadiffuser, i.e., the widths and
lengths of each slit and its constituting HRs, a phase profile for reaching QPD can thus be obtained with the
aforementioned methodology.

Figure 1: (a) Geometry of a quasi-perfect diffusion (QPD) metadiffuser design made of 11 slits.
(inset) Target phase of the reflection coefficient at 500 Hz. (b Far field scattered sound energy at f =
500 Hz for QPD-metadiffuser and a flat reference surface of the same width
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Figure 1(a) shows the geometry obtained from the optimization of an N = 11 QPD-metadiffuser, with M = 1
HR, lateral dimension D = 1.32 m, and height L = 3 cm, as well as the target phase of the reflection coefficient
required for QPD at 500 Hz. The spatial Fourier transform of such a phase profile provides a constant scattered
amplitude in space. A large panel width D = 1.32 m has been taken here in order to avoid the low frequency
diffraction regime that would otherwise occur at dimensions close to 𝑘 ≈ 0.7m at 500 Hz.
Figure 1(b) displays the scattered far-field for the same QPD-metadiffuser, where the magnitude of the
normalized scattering obtained numerically at 𝜃 ≈ 17𝑜 is -4 dB. The numerical polar distribution at other
angles is otherwise quite uniform, resulting in high, quasi-perfect sound diffusion performance of 𝛿𝑛,0 = 0.92,
as opposed to the analytical value of 𝛿𝑛,0 = 0.99.

4

From QPD to highly efficient broadband sound diffusion

Starting from the optimization paradigm established for QPD, a more extended optimization scenario can be
made for broadband sound diffusion performance. In such a case, broadband metadiffusers are designed by
modifying the optimization cost function to account for normalized diffusion coefficients held between a low
and high cut frequencies, i.e., 𝜖 = 1 − 𝛿𝑛,0,𝑎𝑣𝑔𝑒 (𝑛𝑓 ) where
𝑓ℎ𝑖𝑔ℎ

𝛿𝑛,0,𝑎𝑣𝑔𝑒 (𝑛𝑓 ) = ∫

𝛿𝑛,0 𝑑𝑓/𝑛𝑓

𝑓𝑙𝑜𝑤

is the normalized diffusion coefficient averaged over 𝑛𝑓 frequency samples. Thus, highly efficient broadband
metadiffusers can be designed where the geometry constraints of the metadiffuser remain the same as

Figure 2: Normalized diffusion coefficients of various broadband metadiffuser designs for
different frequency ranges.
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previously while the rest of the geometry (slits and HRs) would now fit the cost function for several frequency
ranges.
Figure 2 shows examples of the various normalized diffusion coefficients obtained through different ∆𝑓 =
[𝑓𝑙𝑜𝑤 : 𝑓ℎ𝑖𝑔ℎ ] frequency bandwidths tested. In the case of ∆𝑓 = [500:600] Hz, a value 𝛿𝑛,0,𝑎𝑣𝑔𝑒 = 0.98 is
achieved. This is an extremely high value considering its frequency spans over 100 Hz. For the other cases,
one can observe that as the frequency range ∆𝑓 increases, 𝛿𝑛,0,𝑎𝑣𝑔𝑒 decreases. Yet, the latter still remains at
high values, viz., 0.96, 0.90, and 0.84, for broader frequency ranges. In addition, a diffusion peak can be
outlined for all the ∆𝑓 designs. In the case of ∆𝑓 = [500:1500] Hz, this peak provides a continuous decrease
in the normalized diffusion coefficient to even higher frequencies.

5

Conclusion

In this work, we have demonstrated the potential of metadiffusers for displaying quasi-perfect normalized
sound diffusion coefficients within deep-subwavelength dimensions. The ability to obtain such range of
efficient scattered sound distributions within ultra-thin dimensions, instead of larger alternatives, can be
welcome when dealing with environments where space is at a premium, e.g., aerospace applications or
orchestra pits. The results shown in this work demonstrate the usefulness of metadiffusers to be applied in
many practical situations, where they can outshine classical solutions due to their versatility. For more
information concerning this work, please refer to the published material in Ref. [6].
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Abstract
This study aims to synthesize the theoretical background required for the design of wideband acoustic metaabsorbers. For acoustic materials to have wideband absorption, especially in the low-frequency range, their
design should include a combination of resonant mechanisms such as membranes and Micro-Perforated Panels
(MPPs). The current work uses an electro-acoustical circuit model to understand the absorption mechanisms
of such complex systems. Theories related to the resonance mechanism of MPPs have been widely discussed.
Five variables affecting the resonance of one MPP structure are its holes’ diameter, the distance between holes
(perforation ratio), the thickness and area density of the panel material, and the cavity behind the structure
backed by a rigid/absorptive wall. By tuning these variables, it is possible to achieve wideband absorption for
desired frequencies. Moreover, parallel combinations of different MPPs showed to have a better performance
at absorbing a broader frequency range.
Keywords: Micro-Perforated Panel, electro-acoustic circuit model, absorption coefficient, meta-absorber,
parallel connection
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1

Introduction

Good architectural acoustic design needs the right room volume, shape, and surface treatments, using an
appropriate combination and placement of absorbers and diffusers. Getting the right amount of reverberation
in a space is crucial to the design of most rooms, whether the aim is to make speech intelligible, reduce noise
levels, make music sound beautiful or simply create a space acoustically pleasant. Reverberation time allows
us to quantify how valuable spaces are regarding their potential function. It is linked to the materials used in
that specific space, and consequently, material selections become of great importance in the acoustic project
[1]. The primary method for reverberation control is absorption.
Absorbing materials such as fibrous and porous ones (mineral wool, fiberglass, acoustic plaster and
gypsum, foam, etc.) are most effective in the mid-high frequency range due to their weak intrinsic dissipation
properties [2]. On the other hand, for treating low-frequency problems, resonant structures (such as membranes
or Helmholtz absorbers) are usually used [3]. Resonant absorbers are mass-spring systems with damping to
absorb the system’s resonant frequency [4]. The problem with these kinds of absorbers is that they usually
only offer narrowband absorption. A series of absorbers must cover a wide bandwidth, each tuned to a different
frequency range.
Recently, to expand the absorption bandwidth, a series of structured networks have been explored.
Some combined structures of double or multi-layered MPPs and air cavities arranged along the sound direction
were proposed [5-7]. These studies show that the absorption bandwidth is expanded to lower frequencies due
to the additional multi resonance peaks. MPPs can be made of transparent or colorful plates or membranes,
so they are also in demand by architects for sound quality control in auditoriums [5]. MPP absorbers are tagged
as the “next generation” absorbing materials due to their vast potential compared to conventional porous
materials [8]. A significant study by Yang et al. [9] used “the absorption by design” strategy, enabling
customized solutions to complex room-acoustic problems. To implement the designed structure, they used 16
Febry Perot channels arrayed into an acoustic metamaterial in the shape of a cuboid with a square cross-section.
By introducing a 3 mm sponge in front of the designed metamaterial unit, the absorption reaches 90% at 400
Hz and then increases to a nearly flat curve till 3000 Hz.
In this study, computational simulations are used to obtain insights into the effect geometry variations
(d-diameter of the hole, b-distance between holes, t-thickness of the panel, D-distance from the back wall, and
m-area density) of a single MPP have on its absorption coefficient in a frequency range from 125 to 3000 Hz.
Furthermore, parallel-arranged MPPs with different variable combinations were tested. Results show that
combinations of such kinds provide a better sound absorption performance and have a great potential in being
used as wall/ceiling panels.

2

Theoretical background

2.1 Maa’s model
In the 1970s, Maa [10] found that if the cross-sectional scale of the perforated holes is in the
submillimeter range in contrast to conventional ones, which are in the millimeter range, then losses will occur
due to viscous boundary effects in the perforations. Then such MPPs can exhibit significant absorption in the
low-frequency range. The sound absorption performance of an MPP can be enhanced by placing it in front of
a cavity with a reflecting wall at a specific distance.
The efficiency of MPPs depends if the diameter of the hole (d), the distance between the holes (b), the
thickness of the panel (t), and the length (D) from the back wall are correctly designed. In this case, a low-mid
frequency sound absorber can be achieved.
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Figure 1. An MPP and its electro equivalent circuit
The acoustic impedance of a single MPP is a combination of the visco-thermal dissipation within the
holes (Zhole), the flow distortion in the perforation edges (Zedge), the damping in the air cavity (Zc), the vibrations
of the panel (Zvib) [11]. Zhole and Zedge constitute the MPP impedance ZMPP. The impedance of the air cavity is
calculated as a capacitance:
𝑍! = −𝑗𝑍" * 𝑐𝑜𝑡 𝑘𝐷

(1)

The structural impedance of the panel, Zvib, is achieved from the damping properties of the panel.
Therefore, the total impedance of such as system is calculated as follows:
𝑍#$# =

%!"" %#$%
%!"" &%#$%

+ 𝑍!

(2)

For a rigid panel, Zvib→∞, resulting in:
𝑍#$# = 𝑍'(( + 𝑍!

(3)

Maa [10] developed a model measuring the ZMPP for all perforation constant (k) values, and it is
expressed as:
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𝜔𝜌
2𝜂 is the perforation constant, w=2pf is the angular frequency, r= air density, c= sound
velocity in air, p, d, t being the perforation ratio, diameter, and length of the hole respectively.
According to the electric equivalent circuit model, when n number of MPPs connected in parallel, their
total impedance of the panel is calculated as :
When 𝑘 = 𝑑22 .

76

∅

𝑍 = <∑3456 %$ >
$

(5)

When ∅ is the ratio each panel has on the overall surface panel.
Recently, a series of structures based on MPP in parallel or series have been explored to expand the
absorption bandwidth. Some combined systems of double or multi-layered MPPs and air cavities arranged
along the sound direction were proposed successively [6]. Moreover, researchers [7] have found that elongated
tubes with porous materials attached to the perforated panel improved the low-frequency sound absorption.
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3
3.1

Parametric study
Single-layer MPP

The following results belong to simulations related to a single layer MPP being tested for its absorption
coefficient according to changes in one of its geometry parameters such as m for panel area density, d for hole
diameter, p for perforation ratio (b for the distance between holes), t for panel thickness and D for cavity
distance in the frequency range from 125 Hz to 3000 Hz.
3.1.1 Effect of area density on alpha
For a single layer MPP having holes of diameter d = 0.6mm, a distance between them of b = 3mm
(p=3.14%), the thickness of the panel t = 15mm, and the back cavity of D = 5cm, five different construction
materials with different area densities were tested. Their densities were as follow: m1=0.22kg/m2;
m2=0.45kg/m2 ; m3=0.67kg/m2; m4=5kg/m2 and m5=10kg/m2.

Figure 2. Effect of area density (m) on a
As inferred from Figure 2, increasing the higher area density materials offer a better absorption at the
resonant frequency. The reason may be that when the panel is too light, panel vibration causes the relative
velocity of the vibrating air in the hole to drop, and thus the absorption efficiency is reduced.
3.1.2 Effect of hole diameter on alpha
Figure 3 visually shows how the absorption coefficient of an MPP (t=15mm, D=5cm, and b=2mm)
changes in the frequency spectrum according to the hole diameter (d) changes. A smaller hole shows a better
absorption in the low frequency due to the viscous losses in the edges. Moreover, when d increases more
than 0.7mm for this panel, the alpha value decreases even in mid-frequencies.
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Figure 3. Effect of hole diameter (d) on a
3.1.3 Effect of perforation ratio on alpha

Figure 4. Effect of the perforation ratio (p) on a
The results in Figure 4 show that when the distance between holes (b) is increased (perforation ratio
(p) is small), the material starts to behave more like a rigid material by reflecting the sound pressure in the low
frequencies. Furthermore, the higher the open area, the higher the material’s absorption coefficient after 1000
Hz for an MPP (t = 15mm, D = 5cm, d = 0.2mm).

3.1.4 Effect of panel thickness on alpha
Different values of t ranging from 5mm to 3cm related to the thickness of the panel are tested to
understand its effect on the absorption coefficient of the MPP. The other parameters, such as hole diameter
(d = 0.2mm); the distance between holes (b = 0.4 mm), and cavity distance D = 5cm, remained constant. As
shown in Figure 5, panels with smaller thicknesses resembling the diameter of the microperforated holes
exhibit a better absorption than thicker ones.

5
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Figure 5. Effect of panel thickness' diameter on a
3.1.5 Effect of cavity length on alpha
Different values ranging from (2cm ≤ D ≤ 10cm ) related to the cavity length are tested to understand
its effect on the absorption coefficient of the MPP. The other parameters, such as hole diameter (d = 5mm),
the distance between holes (b = 20 mm), and sheet thickness (t = 15mm), remained constant. As shown in
Figure 6, the bigger the absorption performance in the low-frequency range, the better absorption is shown
by the largest cavity length. When cavity length decreases, the resonant frequency shifts to higher
frequencies. However, the length of the cavity is reciprocal to the frequency of the incoming wave by
producing resonant frequencies.

Figure 6. Effect of cavity length on a
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3.2 Parallel arranged MPP panels
Three parallel arranged MPPs having different perforation ratios and the same cavity, as shown in
Figure 7, are tested for their absorption coefficient. Their geometry variables are as follows: MPP1 d1 = 1mm,
b1 = 6mm, t1 = 1cm, D1 = 5cm; MPP2 d2 = 0.8mm, b2 = 3mm, t2 = 1cm, D2 = 5cm ; MPP3 d3 = 0.9mm,
b3 = 2.1mm, t3 = 1cm, D3 = 5cm and the ratio each panel occupies in the overall panel is 1/3. The results show
that each MPP has a different resonance frequency (MPP1 at 310 Hz, MPP2 at 480 Hz, and MPP3 at 750 Hz.
When combined in parallel, they exhibit a wideband absorption of an alpha value over 0.5 from 270 Hz to 900
Hz (See Figure 8).

Figure 7. Parallel arranged MPP-s with the same back air cavity

Figure 8. Alpha values for MPP1,MPP2,MPP3 and all of them connected in parallel
Lastly, three MPPs having different perforations and geometries are tested for their absorption
coefficient from 125 to 1500 Hz (See Figure 9). Their features were for; MPP1 d1 = 1mm, b1 = 7mm, t1 =
1cm, D1 = 6cm; MPP2 d2 = 0.7, b2 = 3mm, t2 = 1cm, D2 = 4.2cm and MPP3 d3 = 0.8mm, b3 = 2.1mm ,t3
= 1cm, D3 = 2.5mm.
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Figure 9. Parallel arranged MPPs having different back cavities

Figure 10. The absorption coefficient of MPP1, MPP2, MPP3
and their combination in parallel with different cavities
In the current structure, it is observed in Figure 10 that decreasing the distance of back cavities shifts
the resonant frequency to higher frequencies broadening the absorption bandwidth (alpha ≥ 0.5 till 1200 Hz)
but having some abrupt downfalls at 300 and 750 Hz. Therefore, an optimized design of this structure may be
helpful in further studies.
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4

Conclusions

This work shows the potential of MPPs, which can exhibit a wider absorption band than conventional
building materials when correctly designed. Each parameter and its intertwined relations affect the absorption
coefficient factor of the material and, therefore, the overall absorption in the room. Since the acoustic
performance of parallel-connected MPPs depends on 4N parameters, it is difficult to know a priori the
combination of these parameters providing the maximum absorption within a prescribed frequency band.
Authors have used several optimization algorithms such as simulated annealing [11], genetic algorithm [12],
and Particle Swarm Optimization [13]. After achieving some optimized parameters for specific panels, it can
be manufactured and therefore can be used as a wall/ceiling panel in architectural applications. Absorptive
panels are used as an acoustic treatment when it’s crucial to improve sound quality within an environment. By
installing absorptive or diffusive panels in space, the level of undesirable noise, in the form of echo and
reverberation, is reduced. An environment with inadequate acoustics negatively affects a space’s
environmental comfort, behavior, and productivity [14]. When high absorption of specific frequencies is
required, innovative material panels that integrate resonant mechanisms with building materials’ intrinsic
properties providing the ideal reverberation desired for any room, should be further investigated. Investigations
of this kind from the architect’s point of view help the latter make informed decisions for incorporating better
sound within the project’s design, ultimately delivering a better user experience.
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Abstract
Metamaterials have recently emerged and shown great potential for noise and vibration reduction in specific
frequency ranges, called stop bands. To predict stop bands, their often periodic nature is exploited and
dispersion curves are calculated based on a single representative unit cell, typically modelled using the finite
element method. Since their sub-wavelength nature can lead to large unit cell models, model order reduction
methods such as the Generalized Bloch Mode Synthesis have been proposed to accelerate dispersion curve
calculations. In order to calculate forced vibration responses of finite metamaterial plates composed of
assemblies of unit cells, however, full finite element models rapidly become computationally unaffordable. In
this work, the Generalized Bloch Mode Synthesis is incorporated in a sub-structuring approach, enabling fast
forced response calculations of finite metamaterial plates using a single unit cell model. The main advantage
over a regular Craig-Bampton approach is the additional reduction of the sub-structure boundary degrees of
freedom. The performance improvements are demonstrated for a metamaterial plate.
Keywords: locally resonant metamaterials, model order reduction, generalized Bloch mode synthesis, substructuring, interface reduction.

1

Introduction

In the search for novel lightweight solutions with favourable noise and vibration attenuation performance,
locally resonant metamaterials (LRMs) have gained significant attention [1,2]. Due to their stop band
behaviour, arising from the addition of resonant structures on a sub-wavelength scale on or in a flexible host
structure, frequency ranges of strong noise and vibration attenuation can be achieved. Although periodicity is
not strictly required, the modelling and analysis of LRMs typically relies on infinite periodic structure theory:
a single representative unit cell (UC) model is combined with Bloch-Floquet periodicity boundary conditions
in order to predict wave propagation, and thus stop bands, in the infinite periodic structure by means of
dispersion curves [3,4]. The finite element (FE) method is often used for the UC modelling due to its versatility
and high modelling flexibility. However, given the typically complex LRM structures, the amount of degrees
of freedom (DOFs) in the FE UC models can become large, leading to expensive UC analyses. To accelerate
dispersion curve calculations, model order reduction (MOR) techniques have been applied which reduce the
amount of DOFs in the UC model: e.g. component mode synthesis (CMS) methods such as the Bloch Mode
Synthesis (BMS) [5] and Generalized Bloch Mode Synthesis (GBMS) [6,7] as well as Bloch wave based
methods such as the Reduced Bloch Mode Expansion (RBME) [8] have been proposed and have been shown
to lead to considerable computation time reduction.
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To assess the LRM performance in real applications, however, forced vibration responses for finite structures
with realistic boundary conditions should be evaluated as opposed to considering only infinite periodic
structures. However, these computations can rapidly become very expensive with the amount of periodically
repeating UCs contained within the finite structure. As recently shown in [9,10] the structural dynamic analysis
of finite LRMs comprised of a repetition of UCs can be efficiently performed by means of dynamic substructuring, with the UCs constituting the individual sub-structures. To reduce the computational cost of large
sub-structured FE models, MOR is often applied to the sub-structures before assembly, for which the use of
CMS methods such as the Craig-Bampton method is well-established [11,12]. This method reduces the interior
DOFs of the sub-structures using a truncated set of eigenmodes resulting from a modal analysis before
assembly and was e.g. applied in [9] for the analysis of finite LRM plates composed of dissimilar UCs.
Alternatively to CMS, van Ophem et al. [10] used Krylov-based MOR on a single UC level in combination
with sub-structuring for the analysis of finite periodic LRM plates in view of improving accuracy. In both
[9,10], an additional global MOR step was applied to the assembled system of UC reduced order models
(ROMs) to further accelerate computations.
Although reducing the UC interior DOFs, the aforementioned MOR applications leave the UC boundary DOFs
before assembly unaltered, which can again amount to significant computational cost for the finite plate
assembly, especially when many UCs and refined FE UC models are considered. As a consequence, substantial
gains could potentially be obtained by also reducing the UC boundary DOFs before assembly, which is the
purpose of this work. In [13], different modal boundary reduction methods for sub-structures were compared
in a CMS context. Sub-structure boundary reduction based on the assembled system-level matrices was
reported to be most accurate but costly, whereas local boundary reduction on the uncoupled sub-structures was
found to be fast at the cost of slight accuracy loss due to the uncoupled nature of the used boundary modes. In
the case of periodic LRM plates composed of a single repeating UC, particularly the local boundary reduction
on a single uncoupled UC is highly interesting as it would allow obtaining a very fast sub-structured model by
creating only a single UC ROM once. To achieve this, in this work, the CMS based MOR with local boundary
reduction on a single UC is performed by using the GBMS methodology [6], which can be considered as a
variant of the exact-compatibility local-level characteristic constraint modes approach for sub-structure
boundary reduction discussed in [13].
In this work, a GBMS-based sub-structuring approach based on a single UC model is hence proposed and
applied to enable fast vibration response predictions of finite LRM plates composed of a periodic assembly of
identical UCs. In Section 2, the UC MOR based sub-structuring methodology is explained. In Section 3, an
LRM plate design and FE UC model are introduced, followed by an eigenfrequency analysis on UC and
assembly level and eventually forced vibration frequency response predictions of the finite LRM plate. The
main outcomes are summarized in Section 4.

2

Methodology

In what follows, the sub-structuring approach is first recalled in Section 2.1. Next, the MOR on UC level is
explained in Section 2.2, using BMS for interior modal reduction and GBMS for boundary modal reduction.
Eventually, the global modal reduction on finite plate assembly level is discussed in Section 2.3.
2.1

Sub-structured assembly of UCs

In this work, 2D periodic rectangular LRM plates are considered, which are composed of 𝑁𝑥 × 𝑁𝑦 identical
UCs (Fig. 1), modelled using the FE method. For the 𝑠-th UC FE model containing 𝑛𝑈𝐶 DOFs, the timeharmonic equations of motion of the UC full order model (FOM) read as:
(𝑠)
(𝐊 𝑈𝐶 − 𝜔2 𝐌𝑈𝐶 )𝐝(𝑠)
𝑈𝐶 = 𝐅𝑈𝐶 ,

(1)
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(𝑠)

(𝑠)

with the (𝑛𝑈𝐶 × 1) UC DOF vector 𝐝𝑈𝐶 and generalized force vector 𝐅𝑈𝐶 , the (𝑛𝑈𝐶 × 𝑛𝑈𝐶 ) UC mass matrix
𝐌𝑈𝐶 and (complex) stiffness matrix 𝐊 𝑈𝐶 and the angular frequency 𝜔. For sake of simplicity, only frequencyindependent structural damping is considered in this work by considering a complex 𝐊 𝑈𝐶 , although the
methodology can be readily extended to general (viscous) damping [11, 14]. While 𝐌𝑈𝐶 and 𝐊 𝑈𝐶 are identical
(𝑠)
for all UCs, this does not necessarily hold for 𝐅𝑈𝐶 , since the periodic finite plate can be subjected to an arbitrary
load. The system of equations of the 2D periodic finite rectangular LRM plate are retrieved by assembling the
UC system of equations as follows [9,11,13]:
(𝑠)

𝐊 = ∑ 𝐋𝑠 𝑇 𝐊 𝑈𝐶 𝐋𝑠 , 𝐌 = ∑ 𝐋𝑠 𝑇 𝐌𝑈𝐶 𝐋𝑠 , 𝐅 = ∑ 𝐋𝑠 𝑇 𝐅𝑈𝐶 ,
𝑠

𝑠

(2)

𝑠

with 𝐋𝑠 the Boolean localization matrices of the 𝑁𝑥 × 𝑁𝑦 UCs and superscript 𝑇 denoting the transpose, leading
to the following system of equations for the finite LRM plate assembly FOM:
(𝐊 − 𝜔2 𝐌)𝐝 = 𝐅.

(3)

Figure 1 – LRM UC FE model (top left) with highlighted interior (𝐝𝑈𝐶,𝐼 ) and boundary (𝐝𝑈𝐶,𝐴 ) UC DOFs
(bottom left) and finite LRM plate assembly composed of 5×5 UCs (right) with indicated input force and
output displacement locations for the forced response analysis of Section 3.3.
2.2

UC model reduction

Since the full order finite plate assembly system of equations of Eq. (3) rapidly becomes very large with
𝑁𝑥 × 𝑁𝑦 and for fine FE UC models, model reduction is applied first on single UC level. To this end, a single
UC reduction basis 𝐕𝑈𝐶 is constructed and applied to the UC FOM to set up a UC ROM as follows:
̃ 𝑈𝐶 − 𝜔2 𝐌
̃ 𝑈𝐶 )𝐝̃(𝑠)
̃ (𝑠)
(𝐊
𝑈𝐶 = 𝐅𝑈𝐶 ,

(4)

with:
(𝑠)
𝑇
𝑇
𝑇 (𝑠)
̃ 𝑈𝐶 = 𝐕𝑈𝐶
̃ 𝑈𝐶 = 𝐕𝑈𝐶
𝐊
𝐊 𝑈𝐶 𝐕𝑈𝐶 , 𝐌
𝐌𝑈𝐶 𝐕𝑈𝐶 , 𝐅̃𝑈𝐶 = 𝐕𝑈𝐶
𝐅𝑈𝐶 .

(5)

(𝑠)
̃ 𝑈𝐶 and 𝐌
̃ 𝑈𝐶 only need to be calculated once to represent all identical UCs, it is noted that 𝐅̃𝑈𝐶
Although 𝐊
is
(𝑠)

calculated per UC separately in case 𝐅𝑈𝐶 is not identical for all UCs. To determine 𝐕𝑈𝐶 , the interior UC DOFs
are reduced following the BMS approach [5], corresponding to a classical Craig-Bampton reduction. Next, the
remaining boundary UC DOFs are reduced following the GBMS approach [6].
2.2.1 Interior UC modal reduction using BMS
To reduce the interior UC DOFs following the BMS approach, the UC DOFs and matrices are partitioned into
the 𝑛𝐼 interior (𝐝𝑈𝐶,𝐼 ) and 𝑛𝐴 boundary (𝐝𝑈𝐶,𝐴 ) DOFs (with 𝑛𝑈𝐶 = 𝑛𝐼 + 𝑛𝐴 ):
3
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𝐊 𝑈𝐶,𝐼𝐼
([
𝐊 𝑈𝐶,𝐴𝐼

𝐊 𝑈𝐶,𝐼𝐴
𝐌𝑈𝐶,𝐼𝐼
] − 𝜔2 [
𝐊 𝑈𝐶,𝐴𝐴
𝐌𝑈𝐶,𝐴𝐼

𝐌𝑈𝐶,𝐼𝐴
𝐝𝑈𝐶,𝐼
𝐅𝑈𝐶,𝐼
] ){
}={
}.
𝐌𝑈𝐶,𝐴𝐴
𝐅𝑈𝐶,𝐴
𝐝𝑈𝐶,𝐴

(6)

Next, a single reduction basis 𝐕𝑈𝐶 is set up by representing the interior UC DOFs by a superposition of a set
of fixed interface normal interior modes 𝚽𝑈𝐶,𝐼 and a set of static constraint modes 𝚿𝑈𝐶,𝐼𝐴 :
𝚽
𝐕𝑈𝐶 = [ 𝑈𝐶,𝐼
𝟎

𝚿𝑈𝐶,𝐼𝐴
],
𝐈

(7)

where
2
𝑖
𝐌𝑈𝐶,𝐼𝐼 )𝜙𝑈𝐶,𝐼
= 𝟎 and 𝚿𝑈𝐶,𝐼𝐴 = −𝐊 −1
(𝐊 𝑈𝐶,𝐼𝐼 − 𝜔𝑈𝐶,𝐼,𝑖
𝑈𝐶,𝐼𝐼 𝐊 𝑈𝐶,𝐼𝐴 ,
𝜙
𝑛𝐼

(8)

𝜙

1
2
with 𝚽𝑈𝐶,𝐼 = [𝜙𝑈𝐶,𝐼
𝜙𝑈𝐶,𝐼
… 𝜙𝑈𝐶,𝐼 ] and 𝑛𝐼 ≪ 𝑛𝐼 is the truncated number of included interior modes, typically

determined using frequency-based mode selection: e.g. the lowest-frequency modes up to twice the maximum
frequency of interest. This reduction basis 𝐕𝑈𝐶 is next used to reduce the UC model matrices by projection:
𝑇
T
𝓚𝑈𝐶 = 𝐕𝑈𝐶
𝐊 𝑈𝐶 𝐕𝑈𝐶 , 𝓜𝑈𝐶 = 𝐕𝑈𝐶
𝐌𝑈𝐶 𝐕𝑈𝐶

(9)

2.2.2 Boundary UC modal reduction using GBMS
Following the interior modal UC MOR, a large number of UC boundary DOFs 𝑛𝐴 can potentially remain,
which would still lead to large model sizes for the finite plate assembly of UC ROMs especially when using
refined UC FE models. Therefore, the GBMS is used to perform local boundary modal reduction on single UC
level to additionally reduce the remaining UC boundary DOFs, by calculating a set of normal boundary modes
𝚽𝑈𝐶,𝐴 based on the reduced UC submatrices 𝓚𝑈𝐶,𝐴𝐴 and 𝓜𝑈𝐶,𝐴𝐴 resulting from Eq. (9) as follows:
2
𝑖
𝓜𝑈𝐶,𝐴𝐴 )𝜙𝑈𝐶,𝐴
= 𝟎,
(𝓚𝑈𝐶,𝐴𝐴 − 𝜔𝑈𝐶,𝐴,𝑖
𝑛

𝜙

(10)

𝜙

1
2
𝐴
with 𝚽𝑈𝐶,𝐴 = [𝜙𝑈𝐶,𝐴
𝜙𝑈𝐶,𝐴
… 𝜙𝑈𝐶,𝐴
] and 𝑛𝐴 ≪ 𝑛𝐴 is the truncated number of included UC boundary modes.

This number is typically determined by trial and error since frequency-based truncation has been found to be
less straightforward [6]. To allow compatibility between the boundaries of neighboring UCs in the finite plate
assembly, augmented mode sets for the corresponding neighboring boundaries of the adjacent sub-structures
would need to be considered as discussed in [13]. However, exploiting the periodicity at hand, this can now
be done using the boundary modes 𝚽𝑈𝐶,𝐴 of the single UC alone. To this end, the GBMS approach is further
followed [6]: after partitioning 𝚽𝑈𝐶,𝐴 according to the corresponding UC DOF groups on left and right sides,
bottom and top sides and bottom-left, bottom-right, top-left and top-right corners of the UC for the assembly,
the corresponding UC boundary mode partitions are respectively combined and orthogonalized using a
singular value decomposition (SVD) before combining them in the final boundary projection matrix 𝐁𝑈𝐶,𝐴 .
Eventually, the reduction basis 𝐕𝑈𝐶 of Eq. (7) is extended with 𝐁𝑈𝐶,𝐴 to incorporate the boundary reduction:
𝐕𝑈𝐶 = [

𝚽𝑈𝐶,𝐼
𝟎

𝚿𝑈𝐶,𝐼𝐴 𝐁𝑈𝐶,𝐴
].
𝐁𝑈𝐶,𝐴

(11)

The eventual UC ROM is obtained using this basis 𝐕𝑈𝐶 by performing the projection of the UC FOM matrices
as per Eq. (4-5).
2.2.3 Assembly of the UC ROMs
̃ 𝑠 are updated according to the reduced UC DOFs and are used to create
The Boolean localization matrices 𝐋
the finite plate assembly of UC ROMs as follows:
(𝑠)
̃ = ∑𝐋
̃ 𝑠𝑇𝐊
̃ 𝑈𝐶 𝐋
̃ 𝑠,𝐌
̃ = ∑𝐋
̃ 𝑠𝑇𝐌
̃ 𝑈𝐶 𝐋
̃ 𝑠 , 𝐅̃ = ∑ 𝐋
̃ 𝑠 𝑇 𝐅̃𝑈𝐶
𝐊
.
𝑠

𝑠

(12)

𝑠
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̃ 𝑈𝐶 and 𝐌
̃ 𝑈𝐶 are only calculated once. The primal assembly of Eq. (12) enforces
It is again noted that 𝐊
compatibility between the UCs by using the corresponding boundary DOFs for the adjacent sub-structures,
either in terms of nodal UC boundary DOFs in case of BMS or in terms of reduced modal UC boundary DOFs
in case of GBMS. The resulting system of equations for the assembly of UC ROMs reads as follows:
̃ − 𝜔2 𝐌
̃ )𝐝̃ = 𝐅̃.
(𝐊
2.3

(13)

Global modal reduction of finite assembly

Although applying UC MOR already allows to drastically reduce the model size of the finite plate assembly,
the resulting system of equations can again become large when increasing the number of UCs. Therefore, an
additional final global modal reduction step is applied by calculating a set of normal modes 𝚽𝐺𝑙𝑜 for the
assembly as follows, after application of boundary conditions to the plate boundaries, as in [9]:
2
𝑖
̃ − 𝜔𝐺𝑙𝑜,𝑖
̃ )𝜙𝐺𝑙𝑜
𝐌
= 𝟎,
(𝐊

(14)

𝑛

1
2
𝐺𝑙𝑜
with 𝚽𝐺𝑙𝑜 = [𝜙𝐺𝑙𝑜
𝜙𝐺𝑙𝑜
… 𝜙𝐺𝑙𝑜
] where 𝑛𝐺𝑙𝑜 is the truncated number of included global modes using a
frequency-based mode selection: e.g. the lowest-frequency modes up to two times the maximum frequency of
̃ and 𝐌
̃ , this modal calculation can be done much faster as
interest. Given the comparatively small size of 𝐊
compared to the finite plate assembly FOM. To further improve the projection basis, the set of normal modes
̃ −1 𝐅̃ which is afterwards mass-normalized
𝚽𝐺𝑙𝑜 is enriched with a static response for the applied load 𝚿𝐺𝑙𝑜 = 𝐊
̃ , leading to the global projection basis 𝐕𝐺𝑙𝑜 = [𝚽𝐺𝑙𝑜 , 𝚿𝐺𝑙𝑜 ]. The global assembly system of equations
with 𝐌
are eventually reduced using 𝐕𝐺𝑙𝑜 as in Eq. (5), resulting in the final globally reduced finite plate model:

̂ − 𝜔2 𝐌
̂ )𝐝̂ = 𝐅̂.
(𝐊

(15)

After solving the system of equations, the nodal responses are found via back-projection using 𝐕𝐺𝑙𝑜 and 𝐕𝑈𝐶 .

3

Results

In this section, the above described procedure is applied to a refined LRM UC FE model. After introducing
the LRM design and finite plate configuration in Section 3.1, the eigenfrequency calculation on a UC and finite
plate assembly level are compared when using the UC FOM as well as the UC ROMs obtained with BMS and
GBMS in Section 3.2. Eventually, frequency responses are calculated for the finite LRM plate in Section 3.3,
comparing model size, computational cost and accuracy.
3.1

LRM description

The LRM design of [7] is considered, which consists of a 1 mm thick aluminium plate host structure with
periodically added beam-shaped PMMA resonators with 0.03×0.03 m periodicity (Fig. 1 left). The material
parameters are listed in Table 1 and a constant damping loss factor 𝜂=0.01 is considered for the entire structure
in this work. The UC is discretized using 3834 CHEXA8 linear solid elements, with a maximum element size
of 1 mm and minimally 3 elements through the thickness of all parts. The UC FOM contains a total of 16335
DOFs, with 𝑛𝐼 = 14871 and 𝑛𝐴 = 1464. As discussed in [7], the beam-shaped resonator is tuned with its first
out-of-plane bending mode to a resonance frequency of 616 Hz and adds 39.8% mass, which leads to a targeted
bending wave stop band between 597-656 Hz. The frequency range of interest in this work hence ranges up to
a maximum frequency of interest of 1000 Hz.
Table 1 – Properties of the host structure and resonator materials.
Aluminium
PMMA

Young’s modulus [GPa]
70
4.85

Mass density [kg/m3]
2700
1188

Poisson’s ratio
0.3
0.31

5

1327

To verify the accuracy and computational benefit of the MOR approach, a moderately sized finite LRM plate
composed of 5×5 UCs is considered (Fig. 1 right). Fixed boundary conditions are applied to the finite plate
boundaries. The resulting plate FOM counts a total of 386127 unknown DOFs. This moderate plate size allows
comparison of the ROMs with the finite LRM plate FOM within reasonable computation times.
3.2

Eigenfrequency analysis

Before assessing the forced response computation, the computation of the eigenfrequencies of the undamped
𝜙
𝜙
UC ROMs and finite plate ROMs is first assessed for different 𝑛𝐼 and 𝑛𝐴 and the relative errors on these
eigenfrequencies are computed against the corresponding FOMs.
3.2.1 UC level
To assess the UC ROMs, the first 20 eigenfrequencies of the free, undamped UC are computed and the nonzero eigenfrequencies are compared. First, only interior UC modal reduction is applied using the BMS,
considering different amounts of interior UC modes 𝑛𝐼𝜙 (Fig. 2). For 𝑛𝐼𝜙 = 3, corresponding to an interior modal
frequency of 3045.9 Hz or thus three times the maximum frequency of interest, already provides a relative
error below 10-3 for the first three eigenfrequencies of the free UC, with 𝑓3,FOM= 3063.4 Hz. A further increase
𝜙
to 𝑛𝐼 = 10 further lowers this error below 10-4 and is retained here for the GBMS reduction.

Figure 2 – Eigenfrequencies (left) and relative error of the eigenfrequencies (right) computed for the BMS
reduced free UC, considering different 𝑛𝐼𝜙 .
Next, also the UC boundary is reduced using the GBMS, considering 𝑛𝐼𝜙 =10 and different amounts of boundary
UC modes 𝑛𝐴𝜙 (Fig. 3). For 𝑛𝐴𝜙 = 3 a high relative error is found. By increasing 𝑛𝐴𝜙 to 5, the error for the first
three eigenfrequencies of the free UC lowers to about 10-2 and becomes acceptable. Eventually for 𝑛𝐴𝜙 =15,
corresponding to a boundary modal frequency of 19455 Hz, the error lowers further below 10-4 and approaches
the error for the UC with only interior modal reduction.

Figure 3 – Eigenfrequencies (left) and relative error of the eigenfrequencies (right) computed for the GBMS
reduced free UC, considering 𝑛𝐼𝜙 = 10 and different 𝑛𝐴𝜙 .
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3.2.2 Finite plate level
To assess the finite plate ROMs, the first 60 eigenfrequencies of the clamped, undamped finite LRM plate
assembly of 5×5 UCs are now computed, which comes down to evaluating Eq. (14) on the assembly of UC
𝜙
FOMs or ROMs. Again, first only interior UC modal reduction is applied for different 𝑛𝐼 before assembly and
𝜙
the eigenfrequencies and relative error thereof with respect to the FOM are assessed (Fig. 4). Already for 𝑛𝐼 =
-2
3, relative errors are achieved of around 10 or lower for the eigenfrequencies below 2000 Hz and of around
𝜙
10-3 or lower for the eigenfrequencies below 1000 Hz. Further increasing 𝑛𝐼 = 10 further lowers this error to
around 10-4 or lower below 2000 Hz and to around 10-5 or lower for below 1000 Hz. This corresponds well to
the observations in Fig. 2, and is in line with the accuracy expected for regular Craig-Bampton based substructuring. It is noted that around 600 Hz and 1200 Hz, many plate modes are present (Fig. 4 left). This is due
to the accumulation of modes which happens right before a stop band, with this LRM having a stop band
around 600 Hz as well as a directional stop band around 1200 Hz [4]. The localized nature of these modes due
to the resonant additions also leads to a lower relative error on these predicted eigenfrequencies, which
highlights the representativeness of the interior UC modal basis for these localized effects.

Figure 4 – Eigenfrequencies (left) and relative error of the eigenfrequencies (right) computed for the clamped
𝜙
finite plate assembly of 5×5 BMS UC ROMs, considering different 𝑛𝐼 .
𝜙

𝜙

Next, the finite plate assembly of GBMS UC ROMs is assessed, considering 𝑛𝐼 =10 and different 𝑛𝐴 (Fig. 5).
𝜙
𝜙
𝜙
For 𝑛𝐴 = 3 and 𝑛𝐴 = 5 high relative errors are found. For 𝑛𝐴 = 15, relative errors of around 10-3 or lower are
found. These are higher than the corresponding errors found for the free UC modes (Fig. 3), which were below
10-4 for the same frequency region. This error increase for the assembly of GBMS UC ROMs as compared to
the free UC ROMs is expected, since the UC boundary modes are calculated for the uncoupled UCs and thus
neglect the mass and stiffness coupling with the adjacent UCs, thereby only approximately enforcing the
𝜙
𝜙
coupling upon assembly as explained in [14]. Even though the error for 𝑛𝐴 = 15 is now acceptable, 𝑛𝐴 can be
𝜙
further increased to reduce this error, with 𝑛𝐴 = 100 again leading to a similar error as for the free UC modes.

Figure 5 – Eigenfrequencies (left) and relative error of the eigenfrequencies (right) computed for the clamped
𝜙
𝜙
finite plate assembly of 5×5 GBMS UC ROMs, considering 𝑛𝐼 = 10 and different 𝑛𝐴 .
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Table 2 gives an overview of the model sizes and timings for the FOM, BMS and GBMS UC based substructured clamped finite LRM plate’s modal calculation for the first 60 eigenmodes. All computations were
𝜙
performed on a compute node with a Xeon Gold 6240 CPU and 192 GB RAM. Where the BMS with 𝑛𝐼 = 10
reduces the model size with a factor 26 and reduces the total computation time by half, the additional UC
boundary reduction with the GBMS allows to further significantly reduce model size and required computation
𝜙
time, even for an increased 𝑛𝐴 , with the UC boundary reduction taking only very limited time. However, it is
𝜙
noted that a priori assessment of the required 𝑛𝐴 is more difficult and requires some iterations [6].
Table 2 – Overview of FOM, BMS and GBMS UC based finite LRM plate model sizes and computational
times required for the model reduction, assembly and eigenmodes calculation.
DOFs
FOM
BMS (𝑛𝐼𝜙 =10)
GBMS (𝑛𝐼𝜙 =10, 𝑛𝐴𝜙 =15)
GBMS (𝑛𝐼𝜙 =10, 𝑛𝐴𝜙 =100)

3.3

386127
14602
1342
4402

UC interior
reduction
6.51 s
6.61 s
6.52 s

UC boundary
reduction
0.44 s
0.79 s

Assembly
0.73 s
3.14 s
0.05 s
0.34 s

Eigenmodes
calculation
94.08 s
38.25 s
0.26 s
3.74 s

Total time
94.81 s
47.90 s
7.36 s
11.40 s

Forced response analysis

For the forced response analysis, the plate is excited by a unit point force in the out-of-plane direction in the
2nd UC along the x- and y-direction (Fig. 1 right). The RMS out-of-plane displacement response at the UC
corners of the plate’s top face is calculated for frequencies 1-1-1000 Hz and the relative errors of the finite
plate ROM RMS responses are computed with respect to the finite plate FOM response (Fig 6). In total, six
𝜙
different models are considered: FOM, FOM with global MOR, BMS based ROM (𝑛𝐼 =10), BMS based ROM
𝜙
𝜙
with global MOR, GBMS based ROM (𝑛𝐼 =10, 𝑛𝐴 =100) and GBMS based ROM with global MOR. For the
global modal reduction in the preceding models, 𝑛𝐺𝑙𝑜 = 59 is considered, with the highest frequency 2119 Hz
corresponding to at least two times the maximum frequency of interest, and static enrichment is applied. The
model sizes and total computation times for the forced vibration responses are listed in Table 3.

Figure 6 – Forced vibration frequency responses (left) and relative error thereof with respect to the FOM
(right) computed for the clamped finite plate assembly of 5×5 UCs for different ROMs.
Table 3 – Overview of FOM, BMS and GBMS UC based finite LRM plate model sizes and total
computational times required to calculate the forced vibration responses of Fig. 6.
FOM
FOM + global MOR (𝑛𝐺𝑙𝑜 = 59)
BMS (𝑛𝐼𝜙 =10)
𝜙
BMS (𝑛𝐼 =10) + global MOR (𝑛𝐺𝑙𝑜 = 59)
GBMS (𝑛𝐼𝜙 =10, 𝑛𝐴𝜙 =100)
GBMS (𝑛𝐼𝜙 =10, 𝑛𝐴𝜙 =100) + global MOR (𝑛𝐺𝑙𝑜 = 59)

DOFs
386127
60
14602
60
4402
60

Total time
32222.3 s
141.3 s
9480 s
68.1 s
1062.3 s
15.3 s
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The computed frequency responses show good agreement, with the stop band around 600 Hz clearly leading
to strong vibration attenuation (Fig. 6 left). Overall, the BMS ROMs show good accuracy, similar to FOM
with global MOR, leading to relative errors around 10-3 or lower (Fig. 6 right). As was observed for the finite
assembly eigenfrequencies, GBMS leads to a slightly higher overall error of around 10-2 or lower, but shows
good agreement with the other models, especially around the stop band frequency zone of particular interest.
It is noted that, inside the stop band, applying global MOR leads to slightly lower accuracy for all models. This
might arise from the high vibration attenuation inside the stop band, which would require a higher 𝑛𝐺𝑙𝑜 .
When comparing the computation times of the finite plate models with global MOR applied (Table 3), the UC
boundary reduction when considering GBMS based UC MOR clearly allows a considerable additional
computation time reduction as compared to only interior UC reduction, with more than a factor four. This is
attributed to the further reduced system size after assembly of the UC ROMs which hence enables a faster
global reduction step, while the computation time for interior and consecutive boundary reduction is small
(Figure 7). It is noted that in all cases the small system size after global reduction allows a fast frequency
solution. Another significant advantage of particularly the GBMS UC MOR is that, due to the small assembly
system size, considerably less memory is required to perform the global reduction step. Especially for finite
LRM plates with many UCs, this forms an important improvement: apart from the larger system size, the
typical accumulation of modes near the stop band which directly depends on the number of resonators also
requires an increasingly higher 𝑛𝐺𝑙𝑜 with increasing numbers of UCs and amount of resonant modes in the
frequency range of interest. E.g. for a clamped finite LRM plate with 10×10 UCs, leading to a FOM of 1551792
𝜙
𝜙
DOFs, the GBMS based UC MOR with the same 𝑛𝐼 = 10, 𝑛𝐴 = 100 in combination with global reduction
(𝑛𝐺𝑙𝑜 = 247 with maximum frequency 2022 Hz) takes just 90.8 s for the same frequency response calculation,
𝜙
15 times faster than applying BMS based UC MOR with 𝑛𝐼 = 10 and global reduction, which requires 1370 s.

Figure 7 – Overview of the computation times for the forced vibration response calculation of the clamped
finite LRM plate assembly of 5×5 UCs for the FOM (left), BMS (middle) and GBMS (right) based UC
ROMs, all applying global MOR.

4

Conclusions

In this paper, a GBMS based sub-structuring approach was presented for fast forced vibration response
computations of finite LRM plates composed of periodically repeated, identical UCs and applied to an LRM
design. Compared to a regular Craig-Bampton based sub-structuring approach which only applies interior
modal reduction to the UC, the additional UC boundary modal reduction based on GBMS was shown to enable
considerable additional system size and computation time reduction for eigenmode computations and forced
response computations, with only limited accuracy loss resulting from the uncoupled boundary modal
computation based on just a single UC. The fast eigenmode computation on assembly level is particularly
interesting when performing the additional global modal reduction for LRMs, due to the accumulation of
eigenmodes around the stop band which requires a larger global modal basis.
9
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Abstract
Sound transmission in passive acoustic treatment at low frequencies, is mainly controlled by two physical
mechanisms: The inertial, as stated by the mass density law, and the local resonances of the structure.
Consequently, conventional means for noise insulation present severe limitations in this range as the
improvement of their acoustic performance is associated with the addition of extra mass. Additionally, such
flexible structures have many lightly damped vibration modes at low frequencies, further hindering their
effectiveness. Locally resonant acoustic meta-materials may also require the use of significant added masses,
while demonstrating narrow bandgaps. This work proposes the utilization of a hybrid concept based on the
optimal combination of the KDamper (KD) and Inertial Amplification mechanisms (IAM). The combined
action of the negative stiffness element and the inertial amplification effect may provide extreme attenuation
properties even at very low frequencies. The theoretical framework for a meta-structure based on the periodic
repetition of KD-IAM unit cells is established. It is shown to generate deep and wide attenuation bands in the
region of the fundamental resonance of the structure, surpassing the mass density law while utilizing a fraction
of the additional mass of comparable concepts. An indicative implementation of the meta-structure is also
presented and validated via Finite Element Analysis.
Keywords: KDamper, Inertia Amplification, Metamaterial, Design, low frequency.

1

Introduction

Τhe term “acoustic meta-materials” [1] describes periodic structures with unit cells exhibiting local resonance.
The base of such designs is described by a simple “mass-in-mass” lumped parameter model, resulting in
negative eﬀective stiﬀness or mass at frequency ranges close to the local resonances. This localized resonant
structure exhibit band-gaps at wavelengths much longer than the lattice size [2–5], thus enabling low-frequency
vibration attenuation, wave guiding, and ﬁltering, among other applications.
However, low frequency range applications of such locally resonant meta-materials, may require very heavy
internal moving masses, as well as additional constraints at the amplitudes of the internally oscillating locally
resonating structures, which may prohibit their practical implementation. For example, current applications of
locally resonant meta-materials in acoustics [6,7] often address frequencies well above 500 [Hz]. Additionally,
it should be mentioned that conventional acoustic panels perform poorly in this frequency range, thus, there is
an all increasing trend towards the design of a new generation of structures with increased isolation properties
in the low-frequency regime.
To contribute to the solution of low frequency sound attenuation, the current research considers the application
of an enhanced KDamping concept [8] incorporating an inertial ampliﬁcation mechanism (IAM) for the design
of highly dissipative low-frequency acoustic meta-materials. The KDamper [9,10] is a novel passive vibration
1
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isolation and damping concept, based essentially on the optimal combination of appropriate stiﬀness elements,
which include a negative stiﬀness element. The KDamper (KD) can be considered as an extension of the
traditional Tuned Mass Damper (TMD), by the addition of a negative stiﬀness element to the internal
oscillating mass. On the other hand, the concept of inertial amplification goes back many decades [11]. Hence,
inspired by their successful application in engineering concepts [12,13], several works used the similar concept
of inertial amplification mechanisms (IAMs) for the formation of finite periodic structures and bandgap
generation. The fundamental theory regarding the generation of phononic gaps utilizing IAMs [14] has been
tested by a first design with flexural hinges which was experimentally validated [15]. The effectiveness and
characteristics of the IAM concept can also be utilized in low-frequency noise insulation. As proposed in this
work, in combination with the properties of the KDamper, the width and depth of the generated low-frequency
attenuation band can be further improved. An extended KDamper framework that incorporates an IAM is thus
presented. This coupled absorber is applied to form a novel periodic structure, resulting in a wide and deep
frequency band of improved vibration and noise attenuation.
The present contribution is structured as follows: First, the KD-IAM concept is described and then based on
Bloch’s theorem the one-dimensional mass-in-mass lattice is analysed and the corresponding dispersion
relations are derived. Next, utilizing the lumped parameter model (LPM) [16] as a convenient and fast
approximative method we evaluate the STL in this region based on a couple of transfer functions, where
distinction is made between localized masses and masses corresponding to radiating surfaces. Exploiting this
theory, we present initial designs of the corresponding parts and finally, we assess the performance of the KDIAM meta-structure through a detailed Finite element vibro-acoustic model.

2
2.1

KDamper-IAM Meta-material
Overview of the KDamper-IAM Concept

Figure 1 presents the basic layout of the KD-IAM concept. The
KDamper theoretical framework [17] is extended to include the case
where the rigid mass is replaced by a deformable plate, where 𝑚1 is
the modal mass of the panel and 𝑘1 the bending stiffness. In order
to do that, the main assumption is that the bending stiffness of the
deformable plate is in a way in series with the stiffness of the KDIAM. Moreover, since the loss factor (𝑛) can represent more
accurately the dynamic response of nonlinear systems compared
with the damping ratio which is deﬁned on the grounds of the linear
single degree of freedom (SDOF) viscous model [18], hysteretic
damping is introduced indirectly considering complex stiﬀness
elements as
𝑘𝑠′ = 𝑘𝑠 (1 + 𝑗𝑛)
𝑘𝑝′ = 𝑘𝑝 (1 + 𝑗𝑛)

Figure 1 – Basic layout of the KDIAM concept where the mechanism
supports a deformable plate.
(1)
(2)

The corresponding model is realized based on the KDamper with the inclusion of the inertial ampliﬁer (IAM),
where 𝑚𝑗 is the connecting mass which is assumed as negligible in order to act just as a connector, namely an
additional DOF. The eﬀective mass of the IAM is calculated as [13]:
𝑚𝐵 =

𝑚𝑎
[𝑐𝑜𝑡 2 𝜃 + 1]
2

The equations of motion resulting from the model of the panel mounted in KDamper mounts come as
𝑚1 𝑞̈ 1 + 𝑘1 (𝑞1 − 𝑞2 ) = 𝐹
∗
𝑚𝐵 𝑞̈ 2 − 𝑘 𝑞1 + (𝑘 ∗ + 𝑘𝑃′ + 𝑘𝑆′ )𝑞2 − 𝑘𝑃′ 𝑞3 = 0

(3)

(4)
(5)

2
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𝑚𝐷 𝑞̈ 3 + (𝑘𝑃′ + 𝑘𝑆′ )𝑞3 − 𝑘𝑃′ 𝑞2 = 0
2.2

(6)

Dispersion Relations and Equation of Motion

The KD-IAM [16] unit cell is depicted in Figure 2 for the simplest case of a meta-structure based on the
periodic repetition of such unit cells. The periodicity is considered one dimensional, and the IAMs are
grounded on one end.

Figure 2 – KD-IAM unit cell.
The displacement of a DoF at a certain position 2𝑝 of the lattice may be expressed in a complex notation as.
𝑢2𝑝 = 𝑢̃2𝑝 𝑒 𝜎𝑡 = 𝑈(2𝑝𝜅𝐿)𝑒 𝑗2𝑝𝜅𝐿 ,

(7)

with 𝜅 being the wavenumber and L being the length of the unit cell. In the time part of the solution, the
parameter σ is defined as 𝜎 = ±𝑗𝛺, or in the case where the attenuation between the unit cells is considered,
𝜎 = −𝜁(𝜅)𝛺(𝜅) ± 𝑗𝜔𝑛 √1 − 𝜁 2 (𝜅), where 𝜁 is the damping ratio.
Utilizing Bloch’s theory, the propagation of elastic waves between unit cells can be described by considering
the interaction of displacements and forces. Considering the spatial part of the solution, this is expressed as
𝑢2𝑝 = 𝑈𝑒 𝑗2𝑝𝜅𝐿 ,

(8)

𝑢2𝑝−2 = 𝑢2𝑝 𝑒 −𝑗2𝜅𝐿 ,

(9)

𝑢2𝑝+2 = 𝑢2𝑝 𝑒 𝑗2𝜅𝐿 ,

(10)

𝑢2𝑝−1 = 𝑈𝐷 𝑒 𝑗2𝑝𝜅𝐿 𝑒 −𝑗𝜅𝐿 ,

(11)

𝑢2𝑝+1 = 𝑢2𝑝−1 𝑒 𝑗2𝜅𝐿 .

(12)

Assuming the case without damping, substitution into the equations of motion of the unit cell leads to
𝑚𝐵 𝑚𝐷 𝛺4 − [𝑚𝐵 𝑘𝐷 + (𝛾𝑘𝑆 + 𝑘𝐷 )𝑚𝐷 ]𝛺2 + 𝛾(𝑘𝑆 𝑘𝐷 + 𝑘𝑃 𝑘𝑁 ) = 0

(13)

where 𝛾 = 2(1 − 𝑐𝑜𝑠 𝑞) for 𝑞 = 2𝜅𝐿 and 𝑘𝐷 = 𝑘𝑃 + 𝑘𝑁 . Setting 𝜆 = 𝛺2 , Eq. (13) can be written as
𝐴𝜆2 + 𝐵𝜆 + 𝐶 = 0,

(14)
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where
2
𝐴 = 1, 𝐵 = −[(1 + 𝜇𝐵 )𝜔𝐷2 + 𝛾𝜔𝑆,𝐵
], 𝐶 = 𝛾𝜔𝐵2 𝜔𝐷2 ,

(15)

having defined the following characteristic frequencies and parameters:
𝜔𝐵 = √𝑘0 /𝑚𝐵 , 𝜔𝑆,𝐵 = √𝑘𝑆 /𝑚𝐵 , 𝜇𝐵 = √𝑚𝐷 /𝑚𝐵

(16)

Then, the dispersion relations are given by the two solutions 𝜆1 , 𝜆2 of Eq. (14), resulting in the upper 𝜔+ (𝑞) =
√𝜆1 and lower 𝜔− (𝑞) = √𝜆2 branches, respectively.
The dispersion relations are 2𝜋/𝐿-periodic in the wavenumber space; therefore, 𝜔(𝑞) = 𝜔(𝑞 + 2𝜋).
Furthermore, considering the irreducible Brillouin zone, the two characteristic high (𝜔𝐻 ) and low (𝜔𝐿 )
frequencies of the generated bandgap can be calculated as
𝜔𝐻 = 𝜔+ (𝑞 = 0) = 𝜔𝐷 √1 + 𝜇𝐵 = 𝜔𝐵 𝜌𝐵 √1 + 𝜇𝐵
𝜔𝐿 = 𝜔− (𝑞 = 𝜋) =

1
√2

2
2
2
2 2
√4𝜔𝑆,𝐵
+ 𝜔𝐻
− √(4𝜔𝑆,𝐵
+ 𝜔𝐻
) − (4𝜔𝐵 𝜔𝐷 )2

(17)
(18)

where 𝜅𝐷 = 𝑘𝐷 /𝑘0 . The above frequencies can be used for tuning of the meta-structure for a specific
application and for the definition of the normalized bandgap width in the form
𝑏𝑤 = (𝑓𝐻 − 𝑓𝐿 )/𝑓𝑎𝑣 ,
(19)
where 𝑓𝑎𝑣 = (𝑓𝐻 + 𝑓𝐿 )/2.
Concerning the equation of motion of the meta-material, for M number of unit cells is expressed in matrix
formulation as
𝑴 𝑢̈ (𝑡) + 𝑲 𝑢(𝑡) = 𝑭 𝒇(𝑡)

(20)

where 𝑴𝑛×𝑛 , 𝐾𝑛 ×𝑛 , 𝒖̈ 𝑛×1 , 𝒖̇ 𝑛×1 , 𝒖𝑛×1 , 𝑭𝑛×1 and 𝑛 = 2𝑀 + 3 is the number of degrees of freedom of the
meta-material. Indicatively, for a single unit cell, M=1, the mass [M], and stiﬀness [K] matrices come as
𝑚∗ 0 0 0 0
0 𝑚𝐵 0 0 0
𝑴 = 0 0 𝑚𝐷 0 0
0 0 0 𝑚𝐵 0
[ 0 0 0 0 𝑚∗ ]
∗
∗
0
−𝑘
0
𝑘
0
∗ 𝑘𝑆 + 𝑘𝑝 + 𝑘 ∗ −𝑘𝑝
−𝑘
−𝑘
𝑠
0
𝑲= 0
−𝑘𝑁
𝑘𝑝 + 𝑘𝑁
0 ,
−𝑘𝑝
∗
∗
−𝑘
0
−𝑘𝑁 𝑘𝑆 + 𝑘𝑁 + 𝑘
−𝑘𝑠
𝑘∗ ]
[ 0
−𝑘 ∗
0
0

1
0
𝑭= 0
0
[0]

(21)

For M > 1, the above matrices of the single unit cell, are added appropriately. Therefore, the transfer functions
of each degree of freedom to the excitation may be calculated via the following expression,
(22)
𝑻𝑭 = (−Ω2 𝑴 + 𝑲)−1 𝑭
In order to formulate a more realistic sandwich-type meta-structure the previously defined modal mass of the
panel 𝑚1 is divided in two masses enclosing the periodic chain in both ends. This modelling technique is
required to simulate the effect of the radiating surface and the consequent calculation of the STL [16]. The
1
STL of the KDamper model is then calculated as 𝑆𝑇𝐿𝐾𝐷 = 10 log10(𝜏 ) and the transmission coefficient
𝑘𝐷

𝜏𝐾𝐷 is given as
4
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2
(23)
4Ω2 𝜌0
1
𝜏𝐾𝐷 = 𝑙𝑥 𝑙𝑦 ( 3 )
𝐼
𝜃,𝜙
|(−Ω2 𝑚∗ + 𝑘 ∗ )(1 − 𝑇𝐹21 )|2
𝜋
Where, 𝑙𝑥 , 𝑙𝑦 are the dimensions of the radiating surfaces, 𝜌0 the air density, 𝐼𝜃,𝜙 the integral over hemispheric
surface and 𝑇𝐹21 = 𝑻𝑭(2)/𝑻𝑭(1).

2.3

Case study

In this section, an examination of the KD-IAM concept is presented, considering the low-frequency acoustic
performance of the meta-structure. The values of the KD-IAM parameters are tabulated in Table 1 and are
obtained after an optimization procedure. Relevant information about the optimization procedure can be found
in [16]. The panels enclosing the periodic KD-IAM structure are assumed to be comprised by conventional
plasterboards, the properties of which are summarized in Table 2.
Table 1 – Values of the optimized KD-IAM parameters.
f1 [Hz]
100

fKD
25.1

k 0 [N/mm]
140.5

k S [N/mm]
412.1

k P [N/mm]
158.1

k N [N/mm]
−102

μ
0.01

η
0.1

κN
-0.679

mB [kg]
3.49

Table 2 – Plasterboard properties.
𝜌𝑝 [𝑘𝑔/𝑚3 ]
668

𝑙𝑥 [𝑚]
1.2

𝑙𝑦 [𝑚]
2.4

ℎ𝑝 [𝑚𝑚]
6.3

𝐸𝑝 [𝑀𝑃𝑎]
2900

𝑣𝑝
0.31

𝜂𝑝
0.01

Figure 3 (a) depicts the bandgap frequencies of the irreducible Brillouin zone for the selected geometry and
parameters where 𝑓𝐻 = 163.32 𝐻𝑧 and 𝑓𝐿 = 56.67 𝐻𝑧, corresponding to a normalized bandgap width 𝑏𝑤 =
1.89. Accordingly, Figure 3 (b) demonstrates the acoustic performance of the sandwich panel based on the
periodic repetition of KD-IAM unit cells.

(a)
(b)
Figure 3 – Performance of the KD-IAM periodic structure. (a) Dispersion curves: irreducible Brillouin
zone. (b) STL for various numbers M of unit cells.
The depth and width of the attenuation band are not significantly affected as far as the STL performance is
concerned. However, despite the choice of lower loss factor, the emergence of meta-damping improves the
response around the characteristic frequency 𝑓0, which can be very important for certain applications.
However, in the context of the present investigation, it is demonstrated that the physical mechanisms of the
KD-IAM concept providing this extreme attenuation band are present even for a single unit cell, meaning that,
at least in this specific case, the added manufacturing complexity for multiple unit cells could be deemed
unnecessary.
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3

Indicative KD-IAM Metastructure design

Figure 4 shows a feasible conceptual design for such a meta structure for M =1 number of unit cells. Naturally,
the various parallel KD-IAM elements can be divided according to the number of positions and such unit cells
are chosen to be positioned on the surfaces of the panels. The rationale behind the quantity of each element
lies on the required properties that should be realized, the constraints that apply due to their dimensions and
the requirement of an adequate number of supports in order to achieve a uniform pressure distribution on the
surface of each panel. Specifically, sixteen (16) negative stiffness elements are utilized, eight (8) at each panel,
and two (2) 𝑘𝑃 springs are located on top of each negative spring. Concerning the 𝑘𝑆 springs, a total number
of thirty two (32) elements is prescribed divided again accordingly to the two panels. Lastly, fifty-four (54)
IAMs are considered in total in order to achieve the required amplification.
The positive springs (𝑘𝑆 and 𝑘𝑃 ) are envisaged to be made of acrylonitrile butadiene styrene (ABS), a material
that can be used in conventional 3D printers. On the other hand, the negative stiffness springs and the amplifiers
are made of steel. The ABS material is modelled as linear elastic-perfectly plastic, with Young's modulus,
𝐸=1740 MPa, yield stress 𝜎𝑦𝑖𝑒𝑙𝑑 =27.8 MPa and mass density, 𝜌=1100 kg/m3 and steel is modelled as linear
elastic-perfectly plastic, with Young's modulus, 𝐸=210 GPa, yield stress 𝜎𝑦𝑖𝑒𝑙𝑑 =275 MPa and mass density,
𝜌=7800 kg/m3.

Figure 4 – KD-IAM meta-structure conceptual design.
To enable simple fabrication in a single material system without the need for complex assembly, the positive
springs are implemented as arches. The shapes of the semicircular arches implementing the springs 𝑘𝑆 and 𝑘𝑃
are chosen to allow large strains in the linear regime without yielding or buckling. Clearly, this poses a limit
on the stiffness of the entire system, as both springs are bending-dominated. The widths and thicknesses of all
the elements are properly adjusted to result in the desired stiffness, which was initially calculated based on Eq.
(24) and (25) [19].
𝑡1 3
𝑘𝑃 = 1.38 𝐸𝑤1 ( )
𝑙1
𝑡3 3
𝑘𝑠 = 0.46 𝐸𝑤3 ( )
𝑅3

(24)
(25)

The geometry of the positive springs is depicted in Figure 5 (a) and the relevant geometrical parameters are
gathered in Table 3.
Z/2

W3

t2

Z/2

W1
l2

t3

l1

W2

𝑚

t1
Z/2

Z/2

(a)

(b)
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W=10mm

(c)
Figure 5 – Geometry of the (a) 𝑘𝑠 and 𝑘𝑝 springs, (b) of the 𝐼𝐴𝑀, (c) of the 𝑘𝑁 springs.
In order to verify the simple analytical models, Finite Elements (FE) simulation is conducted with the
commercial software ABAQUS®. The springs are modeled with solid elements and a Rik’s post-buckling
analysis is performed. The load-displacement curves for these springs are presented in Figure 6 (a) and (b),
together with the results of the FE predictions. In both cases it is observed that springs behave linearly elastic
for deformation less than 3mm, which is deemed as adequate.
Table 3– Positive springs parameters.
Spring

𝑡 (𝑚𝑚)

𝑅 [𝑚𝑚]

𝑤 [𝑚𝑚]

𝑙 [𝑚𝑚]

𝑘𝑠
𝑘𝑝

3
3

20
8

9
5

40
32

(a)

Stiffness /
spring [𝑁/𝑚]
2.4 104
9.9 103

Number of
springs / panel
16
16

Stiffness /
panel [𝑁/𝑚]
4.32 105
1.58 105

(b)

(c)
Figure 6 – Load – displacement curves of the springs (a) 𝑘𝑠 (b) 𝑘𝑝 (c) 𝑘𝑁 .
7
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In this implementation, the negative stiffness element is realized utilizing inclined pre-stressed beams. The
dimensions of the selected beams are depicted in Figure 5 (c) where three (3) ABS spacers connect the two (2)
steel blades and urge the beams to buckle at the required locations. Again, FE Rik’s analysis is performed to
capture the snap-through behaviour and the load-displacement curves are obtained according to Figure 6 (c).
The range of the vertical displacement 𝑠 where the disk exhibits the desired negative stiffness characteristics
is centered around the flat position of the beam where the exerted force and the stiffness attains its maximum
negative value. In order to achieve the required negative stiffness value, with the geometrical properties
presented, eight (8) springs with 𝑘𝑁 ⁄8 = −1.35 × 104 𝑁⁄𝑚 have to be configured.
As given in Eq. (3), the mass 𝑚𝑎 of the IAM has an amplification factor (cot 2 𝜃 + 1). Therefore, for realization
of the IAM a combination of (𝑚𝑎 , 𝜃) needs to be selected in order to provide the desired 𝑚𝐵 . For this particular
design, assuming structural steel for the material of the IAM and hinged connections as shown in Figure 5(b),
the relevant parameters for the IAM mechanism are summarized in Table 4.
Table 4 – IAM mechanism parameters.

4

𝑙2 [𝑚𝑚)

𝑡2 (mm)

𝑤2 (𝑚𝑚)

𝑚𝑎 (kg) / IAM

20

6

10

0.0156

Number of IAMs
/ panel
27

𝐴𝑚𝑝𝑙𝑖𝑓𝑖𝑒𝑑 𝑚𝑎𝑠𝑠 /
𝑝𝑎𝑛𝑒𝑙
0.42

Performance of the KDamper-IAM meta-structure

Finally, the performance of the sandwich meta-panel is assessed through a detailed Finite element vibroacoustic model. As a simpliﬁcation only the transmission side of the air domain is modeled and the panel is
excited by directly applying the blocked pressure (𝑝𝑏 = 2𝑝𝑖 ) on its surface, see Figure 7. The acoustic pressure
is extracted from the ﬂuid-structure interface nodes and then the arithmetic average is calculated as
𝑛
1
𝑃̅𝑡 = ∑|𝑝𝑡,𝑖 |
(26)
𝑛
𝑖=1

where 𝑛 denotes the total number of nodes; 𝑖 denotes the node number; and 𝑝𝑡 denotes the transmitted pressure.
Then the averaged pressure was used to compute the simulated STL by
|𝑃𝑖 |
𝑆𝑇𝐿 = 20 log10
(27)
𝑃̅𝑡
The panel is discretized by 20-node quadratic solid hexahedral elements and the ﬂuid domain is discretized by
20-node quadratic acoustic hexahedral elements. The springs and the amplifiers are modeled based on the
design described in the previous section. Tie constraints are used to simulate the coupling of the ﬂuid-structure
interface and non-reﬂecting boundary conditions are speciﬁed to generate the inﬁnite ﬂuid domain. Lastly, the
discretization of the ﬂuid domain has more than three quadratic elements across the minimum wavelength of
interest to increase the accuracy of the computational results [20].
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Air domain

KD-IAM meta-structure

Figure 7 – KD-IAM meta-structure Finite Element model.
Figure 8 presents the results of the FE simulation of the KD-IAM meta-structure with one unit cell. Obviously,
in reality the acoustic performance of such a meta-structure is much more complex and difficult to be predicted
exactly. The main reason is the positioning of the various structural elements between the panels. Depending
on the chosen configuration, the dynamic response may vary significantly. In this particular case, the frequency
range of improved STL is slightly higher than what was predicted analytically, specifically between 120 and
220 Hz, compared to the free finite rigid (FFR) panel approximation.

Figure 8 – STL Performance of the KD-IAM meta structure.
In any case, the lumped parameter models of the acoustic meta-structure provide a reasonable approach for the
dimensioning of the various elements and an estimation of the expected performance. Additionally, a more
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refined FE model can provide further insight of the real performance and the effect of the positioning
configuration of the stiffness elements.

5

Conclusions

In this paper, the vibration and sound properties of a sandwich meta-structure are presented. The proposed
metamaterial is essentially based on the synergetic KDamping and Inertial amplification concepts. First the
theoretical framework of the periodic structure is presented. Then, based on a typical case study in a building
acoustic’s application it is shown that deep and wide bandgaps can be formed in the low-frequency regime.
Thus, the KD-IAM is deemed extremely capable for low frequency acoustic insulation without the requirement
of many unit cells and the added complexity that could be entailed in a practical implementation. Finally, the
feasibility of the concept is demonstrated by providing preliminary designs of all the essential parts comprising
the KD-IAM meta-structure. Appropriate technological implementations of this concept can lead to significant
improvements in all types of low-frequency technological applications, with emphasis in low-frequency noise
isolation-absorption.
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Abstract
Metasurfaces with unit cells at sub-wavelength scale have been successfully used to precisely control and
manipulate waves, and applications based on static metasurfaces are on the surge. The design of these
metasurfaces, however, often proceeds by trial and error, benchmarking different solutions with finiteelements method (FEM) simulations. This is a batch process, which is not quick enough for the real-time
adjustments of sound fields promised by adjustable metamaterials. Here, we present a numerical investigation
of sound wave propagation after travelling through a metasurface using the Angular Spectrum Method (ASM).
Using different application-focused cases (e.g., focusing, steering, self-bending), we compare the predicted
result with the simulated distributions of sound pressure obtained with a commercial FE software. Finally, we
present a preliminary discussion on the cost-efficiency of the two approaches and on the perspectives opened
by using the ASM as a design tool.
Keywords: Angular spectrum method, acoustic metasurface, wavefront manipulation.

1

Introduction

Acoustic wave manipulation using engineered artificial metamaterials is of paramount significance in
acoustics. For many years, though, a family of metamaterials, namely, acoustic metasurfaces, have attracted
increasing attention due the advantageous features of a planar profile and subwavelength thickness compared
to bulkier meta-structures [1-12]. The uniqueness of these metasurfaces lies in their ability to freely adjust the
wave fields impinging or passing through them, due to full control on phase and/or amplitude. Most
metasurfaces are realised by assembling subwavelength units, which can collectively be used to produce
different phenomena, including beam steering [2,11], beam focusing [12] and self-bending beams [5, 9].
Among the different types of metasurfaces, labyrinthine structures have recently attracted extensive research
attention due to their ability to exhibit high refractive indexes, multiple vibration modes inside the labyrinth
and, consequently, extraordinary acoustic properties [1,4,5].
In this work, we demonstrate a process that leads to the design of a metasurface (see Figure 1), starting
from constraints in terms of accessible geometry and frequency of operation (step A). We show how a library
of metamaterial bricks can be generated using analytical models [13] (step B) and how the final step of
designing a brick-based metasurface is equivalent to analog-to-digital conversion [19], often relying on
analytical formulae from the literature (steps C and D in Figure 1). The process culminates in the batch
verification of the performance of the metasurface using a finite-elements commercial software (e.g. COMSOL
Multiphysics) and most of the designer’s time is spent on this last step (step E in Figure 1). In this work, we
focus on optimising the last step of this process and use the open-source Matlab toolbox k-wave [14] to compare
the propagation after the metasurface using the Angular Spectrum Method (ASM) and a 3D k-space Pseudo1
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Spectral Method (PSM), while benchmarking the results with a full finite-elements COMSOL model (FEM).
Results show that using ASM is a quick and efficient tool to verify the performance of acoustic metasurfaces
in real time adjustments, with potential to be used in the design itself.

Figure 1. A schematic of the process of designing a metasurface underpinning this work. First, an analytical
model based on transfer matrices [13] is used to generate a library of metamaterial bricks (B) from constraints
in terms of geometry and frequency operation (A). Analytical phase distributions are then selected from the
literature [4, 18] to represent the desired functionalities (C) and used to design (D) a brick-based metasurface
[19]. In this work, we compare different numerical methods for propagation (E).

2

Designing a library of bricks

At the start of this work, we decided to use transmittive labyrinthine unit cells for our metasurfaces, like the
one in Figure 1A, with 1 mm side walls, and set. We set their dimensions to cuboids of size
12.5 × 12.5 × 25 mm, with 25 mm (i.e. 1 inch) in the direction of sound propagation and their main operating
frequency to 3430 Hz (wavelength: 𝜆0 = 100 mm at ambient temperature). We then parametrised each brick
with three numbers: (𝑚, 𝑛, 𝑙) where 𝑚 and 𝑛 are the (integer) number of horizontal bars respectively on the
left and right side (of a brick section) and 𝑙 is their length. All the bars were considered to be identical, with a
fixed thickness 𝑤 = 1 mm.
To form the desired fields with optimal performance, the labyrinthine structures units should possess
the ability to transmit sound wave effectively, while shifting phases with a 2π range. To check whether this
was possible with our geometrical constraints, we adapted to our brick design an analytical model, based on
transfer matrices [13], that could give the amplitude and phase shift of the transmitted sound waves as a
function of the parameters (𝑚, 𝑛, 𝑙). This model assumes a plane wave impinging normal to one side of each
brick and no interactions between two adjacent bricks.
The results of this exercise (using Matlab 2021a) can be seen in Figure 2, which reports the transmitted
amplitude and the phase shift for five types of labyrinthine structure units as a function of the bar length, l,
with wavelength, 𝜆 = 100 𝑚𝑚. By changing the parameters (𝑚, 𝑛), it can be observed that the phase shift of
the transmitted waves always increases smoothly with the bar length 𝑙, but also that the output phase does not
cover the full range of (0,2𝜋). It is also noted that, in the region of bar lengths between 8 and 10 mm, the
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transmission is considerably reduced. As mentioned in [20], these two considerations reduce the shapes of
acoustic field that can be realized with this geometry of bricks.

(a)

(b)

Figure 2. (a) Amplitude and (b) Phase shift of the transmitted waves for five kinds of labyrinthine units as a
function of the length l of the bar with wavelength 𝜆 = 100 mm and different combinations of (𝑚, 𝑛).
Nevertheless, following the guidelines in [19], we selected among the many possible combinations of
parameters a set of bricks that gave a phase shift in multiples of 𝜋/8 while maximizing the transmission. This
gave us 12 brick designs, each encoding a pre-defined phase shift ℎ ⋅ 𝜋/8 where
ℎ = 0 … 11. In the following, we will refer to each of these pre-structured designs with its corresponding phase
7
shift – i.e. “brick 7” will give a delay of 𝜋 (see Figure 1B).
8

3

Metasurface design

As hinted in Figure 1, in this work we want to compare the performance of three propagation methods (Figure
1E) on three different types of metasurfaces: a steering plate, a focusing plate and a self-bending plate (Figure
1C). These three shapes were selected because each has the desired phase distribution in analytical form.
3.1

Steering plate
𝑑∅

According to the generalized Snell’s law [18], when the phase shift gradient along the interface, , is a nonzero
𝑑𝑥
constant, the relation between the transmitted angle, 𝜃, and the phase shift gradient, can be written as:
𝜆 𝑑∅
sin(𝜃) =
(1)
2𝜋 𝑑𝑥
where 𝜆 is the wavelength of the transmitted wave (here: 100 mm).
The generalized Snell’s law implies the possibility of arbitrarily manipulating the directions of transmitted
waves by modulating the phase gradient along the metasurface. This is currently achievable by mechanically
substituting the brick distribution along the metasurface, but different researchers are looking into automated
11𝜋
geometries. Twelve-bricks, with their phase shift from 0 to
, were selected and arranged for steering the
8
0
beam to the angle 𝜃 = 30 . Figure 3 shows the theoretical and discretised phase for steering the beam to the
desired angle ..
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Figure 3. Phase shift along the metasurface used to propagate the beam in the designed angle of 300 . Blue
dash-dot line shows the theoretical linear phase shift and solid black line show the discrete phase shift used for
the three methods.
3.2

Focusing plate

Due to the full control of the phase profile, the metasurface can be conveniently reconfigured to become an
acoustic lens with an arbitrary focal point. To form a focus spot with a focal length F, the phase profile should
be expressed as [3]:
2𝜋
(√𝑥 2 + 𝑦 2 + 𝐹 2 − 𝐹)
∅(𝑥, 𝑦) =
(2)
𝜆
For this study, we realised metasurface 12x12 bricks have selected and distributed in 2D for focusing the beam
at the desired focal point. Figure 4 shows a theoretical and discrete phase from the metasurface centre along
x-axis for focusing the beam at 100 mm.

Figure 4. Phase shift from the centre of the metasurface used for beam focusing. Blue dash-dot line shows the
theoretical linear phase shift and solid black line show the discrete phase shift used for the three methods.
3.3

Self-bending plate

For the last example in this work, we designed a metasurface with 40 x 40 bricks, imposing on it has been used
for generating such a bending beam, and the phase profile provided by the metasurface should be written as
[4]
𝑦
𝜙(𝑦) = 𝑘 (𝑦 − 2𝑟√ )
(3)
𝑟
Where r is the centre of the trajectory of bending.
Figure 5 shows the theoretical and discrete phase used for self-bending of the beam.
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Figure 5. Phase shift along the metasurface used for self-bending. Blue dash-dot line shows the theoretical
linear phase shift and solid black line show the discrete phase shift used for the three methods.

4

Theory

In this work, we compare three different modelling (i.e. PSM, ASM and FEM) of sound wave propagation
after travelling through a metasurface. Unless otherwise specified, calculations were performed using Matlab
2018.
4.1

k-space Pseudo-Spectral time domain Method

The PSM method [14,15] is a time-stepping scheme for full wave acoustic simulations. This method is widely
used as a wave equation solver, for example in the k-wave implementation [16], because of its computation
efficiency. Spatial gradients are computed using a spectral method, while temporal gradients are computed
using forward differences. This method has advantages over the finite difference time domain and finite
element methods due to the reduced number of grid points needed per wavelength to reach convergence (i.e.
typically two grid points per wavelength, compared to the six grid points per wavelength needed for FEM).
4.2

Angular Spectrum Method

The angular spectrum method is a technique for monochromatic modelling of a propagating wave field. The
technique can predict an acoustic pressure field distribution over a plane, based upon knowledge of the pressure
field distribution at a parallel plane, perpendicular to the direction of propagation as shown in Figure 6.

Figure 6. Definition of the coordinate system and the geometry of the ASM.
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In Figure 6, 𝑃0 (𝑥, 𝑦) is the known sound pressure at the source plane – at coordinate 𝑧0 – and we wish to
determine the pressure distribution 𝑃𝑛 at coordinate 𝑧𝑛 along the propagation direction. This can be formulated
as [17]:
𝑃𝑛 (𝑥, 𝑦, 𝑧𝑛 ) = 𝐹 −1 {𝑃̂0 (𝑘𝑥 , 𝑘𝑦 , 𝑧0 )𝑒 −𝑗𝑘𝑧 (𝑧𝑛 −𝑧0 ) }

(4)

where 𝐹 −1 {} represents the inverse Fourier transfer, and 𝑃̂0 (𝑘𝑥 , 𝑘𝑦 , 𝑧0 ) is a 2D spatial Fourier transform of the
source pressure given by
𝑃̂0 (𝑘𝑥 , 𝑘𝑦 , 𝑧0 ) = ∬ 𝑃0 (𝑥, 𝑦, 𝑧0 )𝑒 −𝑗(𝑘𝑥 𝑥+𝑘𝑦 𝑦) 𝑑𝑥𝑑𝑦

(5)

and 𝑘𝑥 , 𝑘𝑦 and 𝑘𝑧 are the wave numbers along the respective axes. It is easy to see that
𝑘𝑧 = ±√𝑘 2 − 𝑘𝑥2 − 𝑘𝑦2 ,
where 𝑘 =
4.3

𝜔
𝑐

(6)

is the angular frequency 𝜔 divided by the sound speed 𝑐.

COMSOL Multiphysics

For the purposes of this work, we have developed a COMSOL model of the different brick configurations,
using the Acoustic Module and starting from the basic units generated in Figure 1B. The model was 2D for
steering and self-bending, which have an inherent 2D profile, but had to move to 3D when the lens to ensure
focusing with the lens assembly. All the models assumed a plane wave impinging perpendicularly on the
metasurface. Only half of the metasurface was simulated, in the case of the lens, to exploiting its symmetries.

5

Results and discussion

The open-source k-Wave Toolbox was used to compute wave propagation using a continuous wave source for
each cell unit constituting the metasurface, with the phase shift predicted by generalized Snell’s law for
steering, focusing or self-bending the wavefront. The amplitude has been determined from the Fig. 2(a) which
correspond to the phase shift selected for cell units. The Angular Spectrum Method was used to project the
pressure distributions over the metasurface to another parallel plane to the metasurface by using t
5.1

Acoustic beam steering

A 12x12 brick assembly, providing a discrete phase profile that resembles the desired linearly gradient phase
profile, 𝜙(𝑦) = 𝑘 sin(𝜃)𝑦, has been used for beam steering, where 𝜃 is the desired beam angle (𝜃 = 300
herein) and 𝑘 is the wavenumber of the wave propagation. In order to calculate its performance, the angle of
deviation of the beam was calculated at different distances from the metasurface and the simulated angles of
deviation for ASM and FEM have been shown in Figure 7.

Figure 7. Simulated angle of deviation at different distances from the metasurface.
6
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At most distances, ASM presents good results in comparison with FEM. At 110 mm the angle of deviation is
very close to the theory, which gives 290 . It should be observed that, when the distance from the metasurface
increases, the angle of deviation moves away from the theoretical angle.

5.2

Acoustic beam focusing

As mentioned previously, 12x12 bricks have been used for the beam focusing metasurface. Figures 8 and 9
show a normalized pressure, along the 2D-Colour presentation of the pressure for the three methods at the
focal point, 100 mm. Results show good agreement between the three methods, but in terms of computation
the ASM proved to be faster than the other two methods.

Figure 8. Normalized pressure along the x-axis at the focal point F=100 mm.

Figure 9. 2D-Colour presentation of the field distribution at the focal point 100 mm. Half of 2D-colour
presentation presented for FEM. Left top by PSM and the bottom by ASM.
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5.3

Acoustic beam self-bending

To produce a self-bending of the beam, a larger metasurface than the other cases, 40x40 bricks, has been used.
This choice was necessary, to capture within the metasurface both the part creating the lower part of the bend
and the other, closing the trajectory. A 2D colour representation of the pressure along the z-axis (and therefore
calculated using the PSM) is shown in Figure 10.

Figure 10. 2D-Colour presentation of the sound pressure along the z-axis using the PSM.
Results in Figure 10 show a self-bending of the beam along the designed arc trajectory. The same self-bending
was obtained by ASM, as shown in Figure 11. Since ASM (in k-wave) is designed to project on parallel planes,
a slicing visualisation has been used in Figure 11.

Figure 11. 2D-Colour presentation of the sound pressure at various distances from the metasurface in the range
50 mm to 500 mm, using the ASM. The vertical axis shows the number of the plane.

6

Conclusions

A numerical investigation of sound wave propagation after travelling through a metasurface using the ASM,
PSM and FEM has been presented in this work, for steering, focusing and self-bending of the beam. ASM
shows a good agreement, when compared with both the FEM and the PSM, and is quicker than FEM in terms
of computation time. This method should be an efficient tool for visualising the real-time adjustments of sound
fields required by adjustable metamaterials. One of the further advantages of using the angular spectrum is that
it can be inverted: given a desired pressure distribution, it can be used to back-propagate the field to the
metasurface, thus determining how the metasurface has to sculpt the impinging wave. For some simple cases,
8
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like the ones in this study, this may lead to AI-driven metasurface design: a possibility that will be assessed in
future studies.
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Abstract
Resonators are used in a variety of commercial applications to reduce or accentuate specific frequencies (e.g.,
acoustic absorbers, musical instruments). For most of these devices, however, the fixed geometry does not
allow to variably tune the frequency response. Here we propose a device composed of multiple resonators,
each mechanically tunable and in the shape of a hollow ring with variable internal volume. Together, the
resonators modify the tonal content of a soundwave passing through a cylindrical pipe in similar way to a
passive audio equaliser, without the need for electrical current. In this preliminary study, we use a finite
element method model to analyze the propagation through the pipe with different ring configurations. We
highlight the interactions between multiple rings sequentially and compare simulations with measurements.
Finally, we discuss how similar devices can be used in the music industry.
Keywords: Equaliser, metamaterials, musical, instruments.

1 Introduction
Resonators are used in various commercial applications related to the reduction or selective accentuation of
specific frequencies (silencers for car mufflers, acoustic absorbers, musical instruments) [15]. In the fields of
sound reproduction devices and musical instruments, the concept of resonance is fundamental for the
generation and control of the tonalities emitted [7]. Such characteristics are usually determined by the size,
structure, and shape of the sound box of the instrument. Electronic equalizers also allow to change specific
frequencies during recording and production or to intervene on unwanted audio signals inside music studios.
However, traditional solutions as such often require the use of electricity; are bulky in size and heavy; or they
are also expensive and prone to components failure.
The use of acoustic metamaterials for the absorption or manipulation of resonant frequencies has been the
subject of countless studies in recent years. Various solutions with geometries smaller than the wavelengths
have been considered, many of which exploit internal local resonances: e.g., Helmholtz resonators [4], FabryPerot resonators [10], perforated gradient structures [3]. For this reason, they offer much desired innovation to
the creative industry. The fixed geometry of such devices however does not allow the sound emissions to be
flexibly tuned to specific frequency bands [26].
1
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In this document we propose an acoustic meta-structure consisting of a serial chain of tunable resonators
(Figure 1) that allows to modify the tonal content of an acoustic beam passing through a cylindrical section
tube. The purpose of this device is to intervene on the output signal in a manner like an electronic passive
equalizer [10]. The introduction of tunable resonant elements aims at passively varying the flexibility of the
equalization settings produced by an instrument, sound, or a speaker to control its tonal emission.
Firstly, we run simulation models with ring geometries with different diameters (60 and 90 mm) to how the
AMT structure reduces an acoustic wavefront passing through cylindrical sections of different sizes. Finally,
we measured the AMT performance in a solid model through a laboratory test and compared it to an identical
simulation finding good agreement between the simulation and the experimental results.

Figure 1: The tunable resonator described in this study, applied to an acoustic guitar sound hole.

2 Model design
Extensive academic research has been focusing in recent times on creating innovative acoustic materials to
increase
broadband
absorption
while
reducing
geometrical
footprint
and
weight [2],[5],[11],[12],[13],[20],[26]. Traditional porous materials have a high absorption coefficient due to
viscous dissipation near the material surface and heat conduction through solids. However, such dissipation is
a quadratic function of frequency and weakens at low frequencies [9]. By exploiting local resonances, acoustic
metamaterials (AMMs) can be designed to obtain near-perfect absorption at subwavelength scales: however,
the results are generally narrow band in nature [1],[2],[4],[12],[13].
In this work, we apply some of the learned lessons to the conceptual design of a product, with the aim of
estimating how to manufacture innovative solutions to be introduced into the music audio sector at a later stage
[7],[8]. Specific aspects such as underlying physics [22], complexity of the geometrical structure [24], intended
and potential applications, manufacturing techniques, theoretical modelling [18],[19],[23], testing
methodology and experimental results were analyzed. This exercise identified a passive equalizer (EP) as a
first potential product.
The EP was performed using Sketchup Pro 2020 (Figure 1). Despite being inspired by previous solutions
([1],[2],[4],[10],[11]) the geometry of the EP presents some innovations:
1.
2.

The annular resonator’s volume can be easily modified, varying the resonance frequency in real
time or with preset settings.
A choice of interactive disks can be used to change the overall effect on the emitted frequency
bands.
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The internal volume of each ring’s resonance chamber can also be varied, if needed, stacking multiple modules
into a single ring structure, therefore increasing the overall internal height by multiples of a single ring. The
preliminary study aims to optimize dimensions and sound reduction values related to the range of frequencies
considered. The planar section of the EP can be seen in Figure 2. The orange dotted insert highlights:
1.
2.

The passage opening between the central section of the ring and the resonator.
The fixed internal partition of the resonator.

In the blue solid insert one can see the movable partition, the rotation of which in relation to the fixed partition
allows to change the volume of the chamber at intervals of ten degrees between 10 and 350 degrees.

Figure 2: Plan section of the EP showing the fixed partition (blue solid line) and the fixed partition with the
adjacent resonator opening (dotted orange line).

3 SIMULATIONS
1.1

Single ring model - 60 mm internal diameter

A single ring model was created for an initial simulation using COMSOL Multiphysics 5.5 Acoustics module
(Figure 3). The sections constituting the central cylindrical opening, the volume of the resonator and the inlet
passage of the resonator were assigned to the sound pressure physics in the frequency domain. Hard boundaries
were set at the interface between the object and the air surfaces.

L2

Ang1
Figure 3: COMSOL model showing a port at the upper output surface of a single resonator ring.
3
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The model was converted to a mesh with elements of maximum size λ_min/6 (where λ_min is the shortest
wavelength used in the simulation). Thermo-viscous physics were disregarded in this simulation. The AMT’s
transmission loss values (TL) were calculated, using inlet and outlet ports, as a function of the movable
partition at 10 deg intervals rotation (Ang1 parameter), for frequencies between 40 and 5000 Hz at intervals
of 1/24 octaves. The resulting TL peaks for individual frequency/Ang1 combinations can be seen in Figure 4.
This simulation showed that for certain specific frequency there is at least one position of maximal effect. The
study was replicated by assigning variable parameter values between 1 and 8 mm to the resonator height
parameter L2. The overall results of the parametric study, highlighted by the graph in Figure 5, suggest
excellent potential between 1.6/2 kHz with L2 = 5 mm to be confirmed with experimental results on prototypes.

Figure 4: TL value peaks at relative frequencies with fixed height parameter L2 = 4 mm

Figure 5: TL values (0-30 dBs) with parameter L2 (resonator’s height) between 1 and 8 mm (Y axis)
and parameter Ang1 between -170 and 170 degrees (not shown)
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1.2

Double ring 90 mm internal diameter

It was then decided to manufacture a prototype for experimental testing and compare the results with an
identical model simulation. To simulate the average dimensions of an acoustic guitar sound hole, a 90 mm
diameter dimensions was chosen for the internal air passage cylinder. The Sketchup 2020 Pro layout (Figure
6) was turned into a solid object using a 500 mm long acrylic pipe section with 90 mm internal diameter to
channel the emission of a car speaker model JVC CSJ520X speaker sound source through the AMT central
opening. A base with slotted supports was manufactured using a laser cutter, preventing the test system from
moving; a double ring metamaterial composed of three 3d printed plastic parts, externally sealed with adhesive
acoustic tape. To guarantee acoustic leakage-free results, acoustic tape was also attached to the metamaterial’s
pipe connectors faces, the interface between the acrylic pipe and the supports, the gap between the enclosure
and the speaker mounting plate.
1.2.1 Experimental Test
An omni-directional microphone (1/2’’ free field, model Norsonic, type 1201/30323) was attached to a
3d-printer adapted for noise mapping and used to scan the acoustic sound pressure levels (SPL) generated by
the speaker through the AMT. Received signals were acquired using a Picoscope 2200b and acquisition
software developed for the purpose. An arbitrary wavefront generator (AWG) was used to generate a 20 μs
square pulse source signals, recorded with a resolution of 0.7 μs for 5.7 ms. A program compiled in Matlab
was developed to compute the transfer function between the measurements.
To limit the rear dipolar transmission effects, the speaker was enclosed with a box utilizing internal metabricks
[21] (Figure 6). We measured a SPL difference of 33 dBs at 6 kHz between the cylinder outlet front and the
rear of the metamaterial enclosure using a calibrated DIGI++ Analyzer app. The test was run positioning the
microphone at 10 mm along the Y axis centered on the metamaterial outlet, at frequencies between 300 Hz
and 20 kHz. Results with and without the metasurface were compared to obtain TL values generated at the
AMT outlet level.

Figure 6: Experimental test layout, showing the speaker, the enclosure, the pipe, the AMT, and the
microphone locations.
The AMT’s internal partition were set in the A/J configurations shown on Table 1. The resonators inlet
passages relative locations can be seen in Figure 7, while the individual rings Ang = 0 deg reference points are
shown in Figure 9. It can be noted that, as the angle between the two inlet passages changes accordingly to the
Ang1 and Ang2 values, the interaction between the two passages creates a peak resonance at 3114 Hz with
Ang2 = 90 deg (blue solid insert in Figure 10).
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Figure 7: Resonator rings inlet passages at Ang1 = 90 deg and Ang2 = 90 deg (Table 1/A)

Figure 8: Resonator rings inlet passages at Ang1 = 270 deg and Ang2 = 90 deg (Table 1/F)

Figure 9: Ang1 and Ang2 0 deg reference positions with Table 1/A values
Table 1
A
B
C
D
E
F
G
H
I
J

ANG2 deg
10
10
10
90
90
90
100
180
180
180

ANG1 deg
90
180
270
90
180
270
280
90
180
270
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The TL values, indicated in Figure 10, show some indicative results at 778.5 Hz with Ang1 = 270 deg / Ang2
= 90 deg and Ang1 = 90 deg / Ang2 = 10 deg. This result was investigated running a COMSOL simulation on
a model with similar geometry (Figure 11): although significantly lower in TL value (1.4 dB against 8 dB),
the comparison between the laboratory test and the FEM simulation showed close agreement at 775 Hz.

Figure 10: TL dB values with Ang2 = 90 deg and 10 deg, Ang1 = 90/180/270 deg. The blue solid insert
indicates different TL values at 3114 Hz with changes in the resonators’ inlets relative positions.

Figure 11: COMSOL model replicating experiment test setup at 775 Hz.

Figure 12: TL value peak at 775 Hz in COMSOL model.
7
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4 Conclusions
In this project, we explored how acoustic metamaterials can be incorporated into creative tools used in
recording studios and music venues (e.g., music instruments, speakers, amplifiers, stage monitors) to control
the frequency range in acoustic instruments, focus or direct their projection and increase their volume, and
improving clarity at distance. At present, more complex models are being developed. Further studies will be
carried out on multiple disk systems, with elongated wave guide, etc. Combined geometries will be explored
in future studies through the incorporation of flexible labyrinthine internal structures, intercommunicating
openings, and baffles. The metamaterial structure could potentially be able to intervene on a music instrument
or audio speaker output signal in a similar way to a passive audio equalizer without the use of electric current
(Figure 13). The interaction between multiple rings with variable parameters would benefit from the creation
of an analytical model to allow the optimization of the geometric dimensions used according to the required
results in terms of attenuation levels on specific frequencies.
The COMSOL simulations were coherent in terms of transmission loss values, although the results greatly
vary between the 60 mm and 90 mm diameter models. This will be the subject of future studies: However, the
laboratory comparative test showed reasonable agreement, although the interaction mechanisms between the
resonators rings need further investigation.

Figure 13

Acknowledgements
GM and AAEO acknowledge funding from the UKRI funded project "AURORA" EP/S001832/1. LB
acknowledges funding through a bursary at the University of Sussex.
I would like to thank Letizia Chisari (Metasonixx Ltd) for helping to refine the COMSOL simulations and
Yuanyan Zhao (University of Sussex) for setting up the 3d printer software to execute the laboratory tests
measurements.
8

1361

5 Bibliography
[1]

Y. Zhu and B. Assouar, “Multifunctional acoustic metasurface based on an array of Helmholtz resonators,”
Physical Review B, vol. 99, no. 17, p. 174109, 2019.
[2]
M. Yang, S. Chen, C. Fu and P. Sheng, “Optimal sound absorbing structures,” Journal of the Acoustical
Society of America, vol. 32, no. 1, pp. 3575-3575, 2017.
[3]
Y. Ye, M. Ke, Y. Li, T. Wang and Z. Liu, “Focusing of spoof surface-acoustic-waves by a gradient-index
structure,” Journal of Applied Physics, vol. 114, no. 15, p. 154504, 2013.
[4]
L. Zhao and S. Zhou, “Compact Acoustic Rainbow Trapping in a Bioinspired Spiral Array of Graded
Locally Resonant Metamaterials,” Sensors, vol. 19, no. 4, p. 788, 2019.
[5]
S. Huang, Z. Zhou, D. Li, T. Liu, X. Wang, J. Zhu and Y. Li, “Compact broadband acoustic sink with
coherently coupled weak resonances,” Chinese Science Bulletin, 2019.
[6]
C. Casarini, B. Tiller, C. Mineo, C. MacLeod, J. F. C. Windmill and J. C. Jackson, “Enhancing the Sound
Absorption of Small-Scale 3-D Printed Acoustic Metamaterials Based on Helmholtz Resonators,” IEEE
Sensors Journal, vol. 18, no. 19, pp. 7949-7955, 2018.
[7]
T. Liu, S. Liang, F. Chen and J. Zhu, “Inherent losses induced absorptive acoustic rainbow trapping with a
gradient metasurface,” Journal of Applied Physics, vol. 123, no. 9, p. 091702, 2018.
[8]
S., Degraeve; J., Oclee-Brown, “Metamaterial Absorber for Loudspeaker Enclosures,” AES 148th
Convention, Online, pp. 1-9, 2020 June 2-5.
[9]
M. Planitz, W. H. Press, B. P. Flannery, S. A. Teukolsky and W. T. Vetterling, “Numerical Recipes: The
Art of Scientific Computing,” The Mathematical Gazette, vol. 71, no. 456, pp. 167-168, 1987.
[10]
C. Zhou, B. Yuan, Y. Cheng, Y. Cheng, X. Liu and X. Liu, “Precise rainbow trapping for low-frequency
acoustic waves with micro Mie resonance-based structures,” Applied Physics Letters, vol. 108, no. 6, p. 063501,
2016.
[11]
J. Yang, J. S. Lee, H. R. Lee, Y. J. Kang and Y. Y. Kim, “Slow-wave metamaterial open panels for efficient
reduction of low-frequency sound transmission,” Applied Physics Letters, vol. 112, no. 9, p. 091901, 2018.
[12]
M. R. Stinson, “The propagation of plane sound waves in narrow and wide circular tubes, and
generalization to uniform tubes of arbitrary cross-sectional shape,” Journal of the Acoustical Society of
America, vol. 89, no. 2, pp. 550-558, 1991.
[13]
R. Ghaffarivardavagh, J. Nikolajczyk, S. W. Anderson and X. Zhang, “Ultra-open acoustic metamaterial
silencer,” Journal of the Acoustical Society of America, vol. 145, no. 3, pp. 1726-1726, 2019.
[14]
Z. Yifan, F. Shi-Wang, C. Liyun, D. Krupali and B. Assouar, “Acoustic Meta-Equalizer,” Phys. Rev.
Applied, vol. 14, p. 014038, 2020.
[15]
C. Christabel, B. Shubhi, M. Niko and S. Sriram, “Fabricating and Assembling Acoustic Metamaterials
and phononic crystals,” advanced engineering materials, vol. 23, no. 2, 2021.
[16]
“Metamaterials: how can the UK develop successful supply chains and deliver next generation products?,”
2019. [Online]. Available: https://ktn-uk.co.uk/news/metamaterials-how-can-the-uk-develop-successfulsupply-chains-and-deliver-next-generation-products.. [Accessed Metamaterials: how can the UK develop
successful supply chains and deliver next generation products? 1 2020].
[17]
N., Jiménez; V., Romero-García; V., Pagneux; J.-P., Groby, “Rainbow-trapping absorbers: Broadband,
perfect and asymmetric sound absorption by subwavelength panels for transmission problems,” Scientific
Reports, no. 7, 2017.
[18]
J. W. Creswell, Research Design, Thousand Oaks: SAGE Publications, 2014.
[19]
O. Quevedo-Teruel, C. Hongsheng, D.-R. Ana, G. Gurkan, G. Anthony, M. Gabriele, M. Enrica, M.
Stefano, E. George V, C. Michael, Z. Nikolay, P. Nikitas and C. Sajid, “Roadmap on metasurfaces,” Journal
of optics, vol. 21, no. 7, 2019.
[20]
N., Jiménez; W., Huang; V., Romero-García; V., Pagneux; J.-P., Groby, “Ultra-thin metamaterial for
perfect and quasi-omnidirectional sound absorption,” AIP, vol. 109, no. 12, 2016.
[21]
G., Memoli; L., Chisari; J.P., Eccles; M., Caleap; B.W., Drinkwater; S., Subramanian, “Vari-Sound:a
varifocal lens for sound,” in CHI 2019, Glasgow, 2019.

9

1362

[22]

D. W., Herrin, “Vibro-Acoustic Design in Mechanical Systems,” [Online]. Available:
http://web.engr.uky.edu/~dherrin/ME510_Old/Chapter_10_6_Slides.pdf. [Accessed 7 3 2021].
[23]
M. Gianluca, C. Mihai, A. Michihiro, S. Deepak R, D. Bruce W and S. Sriram, “Metamaterial bricks and
quantization of metasurfaces,” Nature Communications, vol. 8., no. a14608, 2017.
[24]
M. Yang and P. Sheng, “Sound Absorption Structures: From Porous Media to Acoustic Metamaterials,”
Annual Review of Materials Research, vol. 47, no. 1, pp. 83-114, 2017.
[25]
E., Redon; A., Dhia; S. Bonnet-Ben; J.-F., Mercier; S., Poernomo, “Non-reflecting boundary conditions
for acoustic propagation in ducts with acoustic treatment and mean flow,” International Journal for Numerical
Methods in Engineering, vol. 86, no. 11, pp. 1360-1378, 2011.
[26]
Y. Li, Y. Li, S. Qi, S. Qi and M. B. Assouar, “Theory of metascreen-based acoustic passive phased array,”
New Journal of Physics, vol. 18, no. 4, p. 043024, 2016.

10

1363

Fundamental constraints on broadband passive acoustic treatments
Yang Meng1,∗ , Vicente Romero-García1 ,Gwénaël Gabard1 , Jean-Philippe Groby1 , Charlie Bricault2 ,
Sébastien Goude3
1 Laboratoire

d’Acoustique de l’Université du Mans (LAUM), UMR CNRS 6613, Institut d’Acoustique Graduate School (IA-GS), CNRS, Le Mans Université, France.
2 V&A-Lab, Valeo GEEDS, France.
3 V&A-Lab, Valeo THS, France.
*{yang.meng@univ-lemans.fr}

Abstract
We apply the theory of Herglotz functions to derive fundamental constraints on broadband passive acoustic
treatments in a unidimensional scattering problem. This reveals that the weighted integral of the reflection,
transmission, or absorption spectrum is related to the total length of the treatment as well as to the static limit
of its acoustic response. Since the static limit could be well predicted with a priori estimation on the structural
filling ratio, this analysis makes it possible to evaluate the inherent constraints on the required minimum length
of a passive acoustic treatment before any specific design.
Keywords: fundamental constraints, passive acoustic treatment, sum rules, Herglotz function.

1

Introduction

Passivity is an inherent property satisfied by many physical systems. In particular, for a continuous, causal,
linear, and time-translational invariant system, passivity leads to sum rules and imposes fundamental constraints
on the system, which relate the broadband response to low/high frequency behaviours. In order to derive these
constraints, the Kramers-Kronig (K-K) relations [1, 2] and the Bode gain-phase relation (or modified K-K
relation) [3, 4] are commonly adopted. Examples include the derivations of fundamental constraints or physical
limitations on the electrical networks [5, 6], the absorbers of electromagnetic wave [7] or acoustic wave [8],
the feedback control systems and filters [9], Compton scattering and vector bosons in nuclear physics [10], etc.
Notice that, some further assumptions are usually made on the considered systems [11, 12], e.g., the response
function is restricted to be rational so that the Cauchy integral formula is applicable [12]. To consider more
general cases, the method developed by Bernland et al. [12] could be employed. This method is based on the
theory of Herglotz function [11, 13] and has contributed to a wide variety of applications in electromagnetism
[14, 15, 16].
Passive treatments are also widely used to achieve various functionalities in the applications of acoustic
metamaterials, e.g., in a scattering problem, the design of broadband absorbers [17, 18, 19], silencers [20, 21],
meta-diffusers [22], etc., and see [23, 24, 25] with the references therein for other applications. It could be
deduced that, in many cases the concerned acoustic response cannot be expressed by a rational function (e.g.,
the acoustic impedance of a commonly used quarter-wavelength resonator is not a rational function). Thus,
we apply the method of Ref.[12] in acoustics, to analyse the fundamental constraints on passive treatments.
In Sec.2.1, this method as well as the theory of Herglotz functions is briefly introduced. The transfer
matrix modelling of the considered scattering problem is provided in Sec.2.2 and the derived sum rules and
fundamental constraints are discussed for a symmetric reflection problem, anti-symmetric reflection problem,
and symmetric transmission problem in Sec.2.3 to Sec.2.5, respectively. Conclusions are drawn in Sec.3.
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2

Fundamental constraints for a 1D scattering problem

2.1. Sum rules and fundamental constraints for a passive system
For a continuous, causal, linear, and time-translational invariant system, the output of the system is expressed
as a convolution between the input and the response. After the time-domain Fourier transform, the convolution
reduces to a product in the frequency domain and the response function is defined by the ratio between the
output and input spectra. When the system is passive, the response function should construct a positive-real
function [16]. Specifically, when the surface impedance ζ(ω) is considered, the passivity of the system is
equivalent to Re[ζ(ω)] ≥ 0, which ensures that the acoustic energy transferred into the system would not be
amplified. On the other hand, if we consider the reflection and transmission coefficients, R(ω) and T (ω), in the
scattering problem, the passivity of the system requires that |R(ω)|2 +|T (ω)|2 ≤ 1, i.e., − ln[|R(ω)|2 +|T (ω)|2 ] ≥ 0,
or separately, − ln |R(ω)| ≥ 0 and − ln |T (ω)| ≥ 0. These relations imply that the total output energy of the
system should not be greater than the input energy.
The Herglotz function could be directly used to analyse the response of a passive system, since it is closely
related to the positive-real function. With the time dependence of e−iωt , a Herglotz function H(ω) is defined
by a holomorphic function in the upper half complex ω plane, and Im[H(ω)] ≥ 0 for Im(ω) > 0 [12, 13].
It follows that in the aforementioned passive acoustic systems, the Herglotz functions H1 (ω) = iζ(ω) and
H2 (ω) = −i log[R(ω)·B(ω)] (or −i log[T (ω)·B(ω)] ) could be introduced, where log(·) is the complex logarithm,
B(ω) is the Blaschke product [7, 12] to remove the zeros of R(ω) or T (ω) in the upper half plane. With the
asymptotic series expansions of the Herglotz functions at both the static and dynamic limits, a series of integral
identities or sum rules could be derived [12, 15]. These sum rules reveal fundamental constraints on the passive
system.
2.2.

Transfer matrix modelling

Figure 1: The 1D scattering problem of a plane wave by a composite material: (a) Symmetric reflection
problem; (b) Anti-symmetric reflection problem; (c) Symmetric transmission problem.
As shown in Fig.1, we consider the one-dimensional (1D) scattering problem in which a plane incident
wave is scattered by a composite material with thickness L. It is assumed that the material is composed by
subwavelength structures, e.g., tubes, cavities etc., and the medium of the acoustic wave is air in the entire
system. The losses of the system are induced by viscothermal boundary layers near the no-slip and isothermal
boundaries. In the case that the acoustic performance of the system is symmetric in the axial direction, the
composite material could be modelled as an equivalent fluid-like layer with frequency-dependent effective
2
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parameters. Under the above assumptions, the transfer matrix of the system is written by



 
 

 P(L) 
 P(0)   t11 t12   P(0) 



 
 · 

 V(L)  = T ·  V(0)  =  t
  V(0)  ,
t
21
22

(1)

where P = p/K0 , V = v/c0 are the dimensionless acoustic pressure and particle velocity with K0 = ρ0 c20
referring to the bulk modulus of the air, the elements of the matrix are t11 = t22 = cos(ke L), t12 = i ρρ0e cc0e sin(ke L)
and t21 = i ρρ0e cc0e sin(ke L). The equivalent density ρe , sound speed ce and wavenumber ke depend on the frequency,
whose static/dynamic limits could be evaluated under the assumptions we have made for the material [26]. In
either a reflection problem or a transmission problem, the acoustic response of the material could be expressed
by the elements of the transfer matrix.
2.3. Symmetric reflection problem
As shown in Fig.1(a), consider a symmetric reflection problem in which a rigid boundary is set at one end of
the material (x = 0). The surface impedance and reflection coefficient at x = L are given by ζ(ω) = −t21 /t11 and
R(ω) = (t11 + t21 )/(t11 − t21 ). With the help of the Herglotz functions H1 and H2 , the fundamental constraints
are derived for ζ and R, i.e.,
Z
c0 Ke (0) ∞ 1
Re[ζ(ω)]dω = L ,
(2)
2
2π K0
0 ω
and

c0 Ke (0)
π K0

∞

Z
0

1
ln |R(ω)| dω ≤ L ,
ω2

(3)

respectively, where Ke (0) is the static limit of the effective bulk modulus Ke = ρe c2e . Generally, Ke (0)/K0 is
evaluated by 1/(σγ), where γ = 1.4 is the adiabatic index of the air and σ is the filling ratio of the composite
material. Note that Eq.(3) is in accordance with the results given in Refs.[8, 17], which could be rearranged to
a constraint on the absorption spectrum by using α(ω) = 1 − |R(ω)|2 .
2.4. Anti-symmetric reflection problem
In the anti-symmetric reflection problem, where a pressure-release boundary is satisfied at x = 0 (Fig.1(b)),
the concerned response functions are given by ζ(ω) = −t12 /t22 and R(ω) = (t12 + t22 )/(t12 − t22 ). When we
consider the case that the material has a filling ratio σ close to 100%, the dimensionless quantity Lν0 /(σc0 D2 )
which dominates the static/dynamic limits of ζ and R, is guaranteed to be much less than unity in common cases,
with ν0 the kinematic viscosity of air and D a typical length scale of the cross-section of the sub-wavelength
structures used to compose the material. It follows that
Z ∞
c0
ρ0
1
Re[ζ(ω)]dω = L ,
(4)
2π Re[ρe (0)] 0 ω2
and

c0
ρ0
π Re[ρe (0)]

∞

Z
0

1
ln |R(ω)| dω ≤ L .
ω2

(5)

Note that, ρe (0) depends on the cross-section geometry for each components and Re[ρe (0)]/ρ0 generally varies
from 1.2/σ to 1.44/σ (see, p.64 of Ref.[26]). Similarly to the previous case, the inequality on |R(ω)| provides
a constraint on α(ω).
2.5. Symmetric transmission problem
In the symmetric transmission problem (Fig.1(c)), it is found that the static-limit sum rules are available
merely for the transmission coefficient T (ω) = 2eik0 L /(t11 − t12 − t21 + t22 ), provided that Lν0 /(σc0 D2 ) ≪ 1.
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These sum rules are given by
2c0
1
Re[ρe (0)]
π K0
−2
+
Ke (0)
ρ0
and

∞

Z

"
#
1 − T (ω)
1
Im i
dω = L ,
1 + T (ω)
ω2

0

1
4c0
Re[ρe (0)]
π K0
−2
+
Ke (0)
ρ0

Z
0

∞

1
ln |T (ω)| dω ≤ L .
ω2

(6)

(7)

Note that in the above identity (Eq.(6)), a bilinear transformation (given in p.131 of Ref.[27]) is used to construct
a Herglotz function from T (ω). In this case the integrand does not refer to a surface impedance of the system.
On the contrary, the inequality (Eq.(7)) could be used to evaluate bounds for the transmission loss as well as
the absorption spectrum. In order to derive the latter, the relation 1 − α(ω) = |T (ω)|2 + |R(ω)|2 ≥ |T (ω)|2 should
be adopted.

3

Conclusion

In conclusion, we apply the theory of Herglotz function to derive sum rules for a 1D scattering problem in
acoustic metamaterial applications, which relates the weighted integral of a concerned response function to the
total length as well as the static limits of the equivalent parameters of the material. The static limits could be
well predicted with a priori estimation on the structural filling ratio. This analysis makes it possible to evaluate
the inherent constraints on the required total length of a passive acoustic treatment before any specific design.
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Abstract
Helmholtz resonators are widely accepted as narrowband low-frequency sound absorbers. In this study, with
the help of deep neural network (DNN), an optimized design of acoustic metasurface comprising four
inhomogeneous Helmholtz resonators is proposed. The absorption characteristics of the proposed structure are
studied using electro-acoustic analogy based analytical formulations. The analytical method is compared
against full-field finite element simulation results obtained from COMSOL Multiphysics. Further, DNN-based
inverse design strategy is deployed to optimize the design of metasurface. The obtained optimal design showed
quasi- perfect sound absorption in the frequency range of 300-350 Hz with deep sub-wavelength thickness.
The proposed design and optimization strategy are very promising for future needs in noise control
engineering.
Keywords: Helmholtz resonator, Deep neural network, Metasurface, Inverse design

1

Introduction

Low frequency noise is considered as one of the pervasive environmental pollutant. The attenuation of
low frequency noise is essential, though it is very difficult due to its larger wavelength. Naturally occurring
objects such as vegetations [1] and passive absorbers such as porous materials [2] are not efficient to mitigate
low frequency noise. Even the resonant absorbers such as quarter wavelength resonators [3] or Helmholtz
resonators [4] can’t absorb low-frequency noise over a broad range of frequency. In this context, it is necessary
to propose a better low frequency sound absorber with broadband absorption characteristics.
The still emerging field of acoustic metamaterials shed light into the research of effective low frequency
noise abatement. Space-coiling type [5], membrane type [6] and resonator-based [7] structures are the common
implementations of acoustic metamaterials. Recently, Wu et al. [5] designed and constructed a metamaterial
absorber with microperforated panel and coiled up Fabry- Perot channels. Wang et al. [6] demonstrated
effective low frequency noise elimination using membrane constrained acoustic metamaterial. Similarly, a
compact acoustic metasurface comprising inhomogeneous Helmholtz resonators is also proposed for low
frequency sound absorption [7]. However, the quest for a broadband low frequency absorber with reduced
thickness still remains as a challenging task.
In recent years, data-driven methods such as machine learning shows rapid developments in all fields of
engineering and physics. Especially, deep learning techniques are widely used in inverse designing problems
of nano photonics [8], electromagnetics [9] and vibration [10]. Recently, deep learning-based designing
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methods are also started to use in acoustic problems. Among them, the inverse design methodology using deep
neural network proposed in the previous work [11] needs special attention owing to its superior performance
and excellent prediction capability. In this work also, the same inverse design strategy [11] is used to optimize
the structure of the proposed acoustic absorber.
In this study, the analytical and numerical examinations of a novel acoustic metasurface comprising
inhomogeneous Helmholtz resonators is considered. Initially, the analytical scheme is established using
equivalent medium theory and electro-acoustic analogy. Then the validity of the scheme is assured using fullfield finite element simulations. Later, using a deep neural network based inverse design scheme, an optimal
design of metasurface absorber is accomplished.
This paper is structured as follows: The geometric description of the metasurface is detailed in Section 2.
The analytical methodology used for the determination of absorption coefficient of the metasurface is
described in Section 3. The details of the numerical methodology are dealt in Section 4. Then the deep neural
network based inverse design of the absorber is described in Section 5. Finally, the concluding remarks are
detailed in Section 6.

2

Geometric considerations of the metasurface

In this study, the acoustic characteristics of a metasurface comprising four Helmholtz resonators with
inserted neck (HRIN) is considered. The physical model of the proposed metasurface is given in Figure 1(a).
HRIN is an altered configuration of traditional Helmholtz resonator, where the neck is totally inserted into the
cavity. As shown in Figure 1(b) four such HRINs are parallelly arranged to build the metasurface. The
schematic diagram of a single HRIN is shown in Figure 1(c). In order to achieve broadband noise mitigation
in the low frequency regime, the geometric parameters of the proposed metasurface are inversely speculated
using Deep Neural Network (DNN). The required dataset for the training purpose of DNN is generated using
analytical model. The details of the analytical scheme are given in the following section.

(a)

(b)

(c)

(d)

Figure 1 – (a) Physical model of the metasurface. (b) Top view of the metasurface and (c) schematic diagram
of the HRIN, where 𝑙𝑁 is the neck length, 𝑙𝐶 is the cavity beyond neck length, 𝑟𝑁 = 𝑑𝑁 /2 is the neck radius
𝑟𝐶 is the cavity radius and 𝑟𝑑 is the radius of the metasurface structure. (d) Equivalent electro-acoustic circuit
of metasurface, where 𝑍𝐻𝑅𝑖 is the acoustic impedance of the 𝑖 𝑡ℎ HRIN.
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3

Analytical methodology

The absorption characteristics of the proposed metasurface is analytically evaluated using the electro-acoustic
analogy. The acoustic impedance of a single HRIN depends on normalized specific acoustic resistance (𝑅𝐻𝑅 )
and normalized specific acoustic reactance (𝑋𝐻𝑅 ). Note that, the normalized specific acoustic resistance [12],
𝑙

𝑅𝐻𝑅 =

√8𝜂𝜌𝜔(𝑑𝑁 +1)
𝑁

,

𝜀𝑇 𝜌𝑐

(1)

where 𝑙𝑁 is neck length, 𝑑𝑁 is diameter of neck, 𝜂 is the dynamic viscosity of air, 𝜌 is the density of air, 𝑐 is
the velocity of sound in air, 𝜀𝑇 is the perforation ratio and 𝜔 is angular frequency. Here, 𝜀𝑇 = 𝑆𝑛 /𝐴0 where,
𝑆𝑛 is the cross-sectional area of neck and 𝐴0 is the cross-sectional area of cavity.
Also, the normalized specific acoustic reactance is [12],
𝑋𝐻𝑅 =

𝑘𝑙𝑒
𝜀𝑇

−

1
𝑘𝑙𝑅𝐶

,

(2)

where 𝑙𝑒 = (𝑙𝑁 + 𝛿), is the effective neck length, in which 𝛿=0.85𝑑𝑁 , is the end correction of neck and
𝑙𝑅𝐶 =𝑙𝑁 + 𝑙𝐶 -𝜀𝑇 𝑙𝑒 is the modified cavity length.
Thus, the acoustic impedance of a HRIN (𝑍𝐻𝑅 ) is,
𝑍𝐻𝑅 = 𝑍0 (𝑅𝐻𝑅 + 𝑗𝑋𝐻𝑅 ),

(3)

where, 𝑍0 = 𝜌𝑐 is the acoustic impedance of air.
The metasurface proposed in this study comprises of four Helmholtz resonators which are parallelly connected.
According to the electro-acoustic analogy represented in Figure 1(d), the total acoustic impedance of the
metasurface (𝑍𝑡 ) can be formulated as
𝑍𝑡 =

where, 𝑆𝑖 =

2
𝜋𝑟𝐶𝑖

𝜋𝑟𝑑2

1
𝑆𝑖
𝑍𝐻𝑅𝑖

∑4𝑖=1

,

(4)

is the area ratio of HRIN. From 𝑍𝑡 , the absorption coefficient of metasurface (α), is obtained

as
𝛼 =1−|

4

𝑍𝑡 −𝑍0 2
𝑍𝑡 +𝑍0

| ,

(5)

Numerical model

In order to validate the analytical model, full-field finite element simulations are carried out in COMSOL
Multiphysics software. The frequency domain interface with pressure acoustics module is used to analyse the
sound propagation through the metasurface. The sound pressure distribution inside the model is governed by
Helmholtz equation of the form,
1

𝑘2𝑝

𝜌

𝜌

𝛻. ( (𝛻𝑝)) +

= 0,

(6)

where p is the acoustic pressure and k is the wave number. The thermo-viscous losses inside the neck have to
be modelled separately. For this, narrow region feature under pressure acoustic module is chosen. The walls
3
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of the metasurface are modelled as perfectly rigid and the inside fluid medium is chosen as air. The domains
are discretized using tetrahedral element and the maximum element size is chosen as λ/20, where λ is the
wavelength corresponding to highest frequency of interest. The narrow regions such as necks are modelled
using very fine mesh of high resolution. Then by using two-microphone impedance tube method [4, 13] the
absorption characteristics of the metasurface is determined over a frequency regime of 100-500 Hz.
Initially the absorption characteristics of a metasurface absorber comprising four inhomogeneous
HRINs are analyzed using numerical and analytical schemes. The dimensions chosen for modelling the
absorber are given in Table 1. The comparison of the analytical and numerical results is given in Figure 2,
which shows good agreement. The absorption characteristics of the metasurface shows four absorption peaks
corresponding to the resonance frequencies of the individual HRINs. Indeed, each HRIN has almost perfect
absorption and they spread within the frequency regime of 250-400 Hz.
The present study mainly focused to propose the design of a metasurface, which has quasi-perfect
sound absorption in the frequency regime of 300-350 Hz. For this, deep neural network based inverse design
strategy is used. The details of the inverse design using deep neural network (IDDN) are detailed in the
following section.
Table 1 – Geometric parameters of the metasurface absorber with 4 different HRINs. For all HRINs the
parameters kept constant are 𝑙𝑁𝑖 =35 mm, 𝑙𝐶𝑖 =5 mm and 𝑟𝐶𝑖 =18 mm, where subscript ‘i’ corresponds to the
number of HRIN. The radius of metasurface 𝑟𝑑 =50 mm.
Number of HRIN

𝑑𝑁𝑖 (mm)

1
2

7
8

3
4

9
10

Figure 2 – Sound absorption characteristics of metasurface from analytical and numerical simulations. The
dimensions of the metasurface are given in Table1.
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5

Inverse design of metasurface

To accomplish the optimum dimensions of the metasurface, IDDN scheme is deployed. IDDN scheme is
a data driven prediction technique. For this large amount of data is required, which is generated using
analytical scheme. Using the generated data, the IDDN maps the relation between outputs and inputs. It has
three main stages – training, validation and testing. Once the suitable deep neural network is created, it will be
trained and validated using available dataset. After the successful completion of these steps the performance
of the network on a mutually exclusive test data is conducted. If the performance of the model is satisfactory
on test data, it is deployed for required application. The detailed explanation of the IDDN scheme is available
in the previous work [11].
Dataset generation
Here, IDDN is used to map the relation between absorption characteristics and corresponding
geometric parameters. When a desired absorption spectrum is given to the trained neural network it will predict
the corresponding geometric parameters. In this study, the desired absorption characteristics of the metasurface
will give as the inputs and the neural network will predict the geometric parameters as the outputs. The dataset
required for the IDDN scheme is generated using analytical methodology. Using Eqn. (10) the absorption
coefficients corresponding to an arbitrary set of nine geometrical parameters are computed over a frequency
range of 0-500 Hz. Neck radii and neck lengths of HRINs as well as the radius of the metasurface are randomly
varied for the data generation. During data generation all other physical and material parameters are kept
constant. The dimensions chosen for the data generation are given in Table 2. To maintain a compact size, the
total thickness of the metasurface is limited to 40 mm. Hence the maximum neck length chosen for training is
fixed as 35 mm and cavity beyond neck length is chosen as 5 mm, while all other geometric parameters are
chosen according to the frequency of interest. Using custom python scripts, a total of 262144 data samples are
generated. Among them 80% of data is assigned for training and remaining data is used for validation. Also, a
mutually exclusive test set of 2000 samples are generated for testing.
Table 2 – Dimensions chosen for the dataset generation for the prediction of geometrical parameters of
metasurface.

5.1

Parameters

Limit of random
values (mm)

𝑟𝑁𝑖
𝑙𝑁𝑖
𝑟𝑑

2-5
20-35
45-60

Deep neural network architecture

The architecture of the custom DNN model used for the inverse prediction is detailed in this section. As
shown in Figure 3, the DNN architecture takes absorption coefficients corresponding to 0-500 Hz as the inputs
and it predicts the geometric parameters as outputs. For better performance and improved prediction accuracy
the value of 𝑟𝐶 is given as an additional input along with 500 absorption coefficients. The input data is a onedimensional array. To process such a data 1D convolutional layers are appropriate. Hence initial layers are
chosen as 1D convolutional layers and dense layers are used for complex feature extraction. In between 1D
convolution layers max pooling layers are used for reducing the dimensions of feature map. To prevent the
model from overfitting, Dropout layers are used in between dense layers. The complete details of the
architecture are given in Table 3.

5
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Figure 3 – Schematic representation of DNN architecture.

Table 3 – Details of layer parameters of the proposed DNN architecture.
Layer parameters

Layer name

Output shape

Conv 1D

64 × 3, Strides = 1, Input shape = (501, 1),
Activation = ReLU

499x64

Max pooling 1D

Pool size=3, Strides=1

166x64

Conv 1D

32 × 3, Strides = 1, Activation = ReLU

164x32

Max pooling 1D

Pool size=3, Strides=1

54x32

Flatten

-----

1728

Dense

1024, Activation = ReLU, Dropout rate =0.2

1024

Dense

1024, Activation = ReLU, Dropout rate =0.1

1024

Dense

512, Activation = ReLU

512

Dense

256, Activation = ReLU

256

Dense

128, Activation = ReLU

128

Dense

64, Activation = ReLU

64

Dense

32, Activation = ReLU

32

Dense

8, Activation = ReLU

8

6
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The model is trained using Adam optimizer for 1000 epochs with an initial learning rate of 0.001. The learning
rate is decreased in steps up to 10−6 . The batch size is chosen as 1000 and the mean absolute error (MAE) is
chosen as the loss function. MAE is defined as,
1

MAE = ∑𝑛𝑖=1|𝑦𝑗 − 𝑦̂𝑗 |,
𝑛

(7)

where 𝑦𝑗 is the actual value, 𝑦̂𝑗 is the predicted value, and ‘n’ is the number of data samples. When MAE
between the predicted geometric parameters and the actual geometric parameters is reduced to 0.2 in the test
set, the training process of IDDN is stopped and the model is saved. Using the saved model further predictions
are done.
5.2

Prediction results

After successful training and testing the DNN model is used to predict the geometric parameters of
metasurface having desired absorption characteristics. For instance, two such desired absorption spectrums
(blue dashed lines in Figure 4) are randomly generated (for S1 & S2) and passed through the neural network.
In addition to the absorption spectra the value of 𝑟𝑑 is also given as the input and it is set as 50 mm. Hence the
IDDN will predict the geometric parameters of the metasurface having 50 mm radius and desired absorption
spectra. The prediction results of IDDN scheme are given in Table 4. Using the predicted parameters, the
absorption spectra is recreated using the analytical methodology and it is compared against desired spectrum.
The obtained frequency response shows good agreement with the desired spectrum.

(a)

(b)

Figure 4 – Comparison between the desired absorption characteristics and the absorption characteristics
generated using the geometric parameters predicted by IDDN method for metasurface models (a) S1 and (b)
S2.
7
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Table 4 – Predicted dimensions of metasurface models S1 and S2. For both models, 𝑙𝐶𝑖 = 5 mm, 𝑟𝐶 𝑖 = 18 mm
and 𝑟𝑑 =50 mm

6

Metasurface model

𝑑𝑁𝑖 (mm)

𝑙𝑁𝑖 (mm)

S1 (90% absorption in 350-400 Hz.)

7.6, 8.46, 8.4, 9.2

25.63, 30.6, 32.1, 30

S2 (90% absorption in 300-350 Hz.)

7.1, 8.1, 7.1, 8.3

26.2, 34.5, 31.5, 33.3

Conclusions

In this study, with the help of deep neural network, optimized design of acoustic metasurface consisting of
four inhomogeneous Helmholtz resonators is proposed. For that a novel design of acoustic metasurface is
proposed and its absorption characteristics are evaluated using analytical scheme. The analytical scheme is
validated using full- field finite element simulations. Then, using IDDN scheme the geometric parameters of
the metasurface are predicted and optimal designs are proposed. The conclusions arrived from this study are
listed below.
• The proposed metasurface absorber consisting of four inhomogeneous Helmholtz resonators exhibits
excellent low frequency sound absorption.
• Using the IDDN method, two metasurface models with quasi-perfect sound absorption (more than
85%) is proposed. The proposed models, S1 and S2, exhibit broadband sound absorption in the
frequency range of 300-350 Hz and 350-400 Hz respectively.
• The proposed metasurfaces are compact, and their overall thickness is 4 cm only, which is deep subwavelength in scale (λ/25, for f=350 Hz).
The proposed metasurface models as well the artificial neural network based inverse design strategy has
potential applications in noise control engineering.
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Abstract
Two of the key challenges in the design of professional audio systems are managing unwanted emissions and
directivity control at low frequencies. Traditional solutions often comprise massive cabinets. The result is a
static system, with limited freedom over the position of the listener for an optimal sound experience. In this
paper, we introduce the use of acoustic metamaterials as design tools and present preliminary measurements
where compact metasurfaces are used for both problems. In particular, with simulations and measurements,
we show how a metamaterial enclosure can be used to shape backward and side emissions with a weight
reduction of 60% compared to traditional systems. We also demonstrate, with measurements, how a system of
compact acoustic lenses can be used to deliver personalized audio messages. The optimization of our devices
could lead to headphone-less audio communication and to sound effects with a dynamic spatial component.
Keywords: acoustic metamaterials, metasurfaces, directivity control, loudspeaker systems, weight reduction.

1 Introduction
The development of loudspeaker systems is always a compromise between cost and performance [1].
Undesirable effects are often present at the lower end of the frequency range in which the individual transducer
operates and are potentially more audible and visible in lower cost loudspeakers, which in most cases consist
of sources coupled to cubic shaped cabinets. Equally noticeable is the presence of cabinet resonances, both
internally and on the front panel, typically at frequencies below 1 kHz [2]. These result in tonal components
and are typically damped with massive materials, used for the cabinet walls, or with absorbent materials inside
the cabinet. Wadding, however, is most effective at high frequencies and should be placed in the sound path,
whereas by necessity it is mounted on the cabinet walls, where its performance is further reduced. An additional
solution, incorporated into the cabinet where necessary, would be highly desirable.
A solution can be offered by acoustic metasurfaces [3], which are metamaterials with a thickness less than the
wavelength passing through them. In the past 10 years, metasurfaces have been successfully employed to
obtain acoustic devices with an optical equivalent, such as lenses and absorbers, but with practical dimensions.
Designed through computational modelling and micro-engineered into functional devices from classic
materials – such as wood, glass or plastic – metasurfaces have ushered a new era for acoustic design. In this
paper, we show how acoustic metasurfaces, shaped like a box (see Figure 1), can be used to increase the air
volume within a cubic loudspeaker enclosure and thus reduce the overall weight of the system while optimising
its performance.
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Figure 1 – (left) The metamaterial cabinet used in this study (“Aurora” cabinet) and (right) a cabinet of
similar dimensions, but with smooth walls (“Smooth” cabinet).
Metasurfaces, however, are static: once the shape of the field is set, it cannot be changed, unless a hybrid
system is used [4]. The frontier in the research of acoustic metamaterials moved then to the design of dynamic
systems, with hybrid or mechanically implemented solutions [5]. These could offer the adaptable directivity
that is extremely desirable in audio systems, both for domestic listeners and studio monitors, but seldom
offered. In the second part of this paper, we will therefore show how a system of lenses, whose reciprocal
position is varied mechanically, can allow the directivity to be controlled even for a commercial audio
transducer.

2

Metasurface design

In 2017 Memoli et al. [6] demonstrated how metasurfaces can be assembled using only 16 prefabricated
metamaterial bricks (see Figure 2, left), each of which encodes a specific delay that is imposed on the sound
propagating through it. Similar geometries will be used in this work.
In the literature, the possibility of designing these bricks with a labyrinthine path has been exploited to
maximize the transmitted sound [14]. A further optimization, performed on the thickness of the bricks, resulted
in the realization of several metasurfaces (see bottom of Figure 2, left), each operating at different bandwidths
[5].

Figure 2 – (left) 3D printed metamaterial bricks in different assemblies. (right) Photograph of acoustic
telescope with auto-zoom lens used in this study, designed to deliver sound to a target listener.
2.1

From a desired field to a phase distribution

Assigning a function to a metasurface means deciding what the acoustic pressure distribution will be after
crossing it, both in terms of phase and sound intensity.
Li et al. [7] suggest approaching it as a backward propagation problem [12]: the desired far field is backpropagated in the vicinity of the metasurface itself and this provides the required phase/intensity distribution.
The latter will then be encoded by specific unit cells on the incoming wavefront, until the desired accuracy is
achieved (the bricks presented in [6], for example, allow 4-bit coding). More details for a generic field have
been given in [4], while the discussion of how this approach can be used to design an absorber was addressed
by Chisari et al. [8]. Here we will only discuss the case of a converging lens.
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In optics, a diffractive lens is characterized by two quantities: its focal length (f) and its physical extent, i.e.,
how many unit cells it should contain. Once the desired f is set along the axis of the lens (ẑ ), it is possible to
obtain the phase distribution φ(x, y) on the metasurface, which is assumed to be in the z=0 plane, by imposing
that all contributions from the unit cells arrive in phase at the point (0, 0, f ).
In order to realize the acoustic telescope (see Figure 2, right) we chose to design our lenses using a parabolic
phase profile [9], given by:
φ(r)=φ0 -A2 (x2 +y2 )

(1)

where,
φ(x, y) is the local phase, assigned to a unit cell [°]; 𝐴 is a constant, related to the local curvature of the phase
profile [m-2]; λ0 is the design wavelength [m]; and φ0 is an arbitrary constant [°].

Figure 3 – Comparison of two different phase profiles, with A1<A2, highlighting how the unit cells encode
the phase distribution φ(x, y).
2.2

Unit Cell selection

Once 𝜑(𝑥, 𝑦) is known, the designer must choose the appropriate unit cells in order to implement the
metasurface. Many metamaterial geometries are available in the literature, but they all have one thing in
common: the lower the frequency, the thicker the cell. As shown by Memoli et al. [6], one way to overcome
this limitation is to use sub-harmonics of the design frequency.
In this work, we show a further step: we use cells that only have half of the thickness of the ones used in [6],
replacing the other half with a reflecting wall. Like in Chisari et al. [8], we also consider cells that are made
of two different units (a “doublet”), optimised for passive noise cancellation over larger bandwidths (see Figure
4, left). In practice, the reflected wave is in counterphase to the incident wave, ensuring its cancellation and
resulting in high sound insulation. The numerical analysis which led to the metamaterial bricks used in this
work will be treated elsewhere.

3
3.1

Numerical results
Frequency Domain analysis

The finite element analysis method (FEM) was employed to observe the acoustic insulation guaranteed by the
metamaterial cabinet.

Figure 4 – (left) Geometry of the unit cell constituting the metamaterial cabinet. (centre) Complete geometry
of the Aurora cabinet. (right) Complete geometry of the Smooth cabinet. The two cabinets have similar
dimensions.
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In the simulations, the performance of a metamaterial cabinet of the Aurora type was compared with a Smooth
cabinet of similar dimensions (both 21×21×21 cm, see Figure 4). The main difference between the two designs
is in their walls: while both cabinets have a wall thickness of 25 mm, the Smooth cabinet is whole, while the
Aurora cabinet is patterned so that there is only 1 mm of PLA between the inside and the outside.
The FEM analysis was run using the commercial software COMSOL Multiphysics, and in particular the
Acoustic Pressure Module (to simulate acoustic propagation) and the Solid Mechanics Module, to simulate
fluid-structure interactions. A study was conducted in the frequency domain, from 500 Hz to 5000 Hz, with an
interval of 1/12th octaves.
In order to simulate an infinite domain for the air outside the cabinets, a PML (Perfectly Matched Layer) was
assigned to an air box surrounding each cabinet, to mimic an open and non-reflecting infinite domain. In the
frequency domain analysis, the PML imposes a complex-valued coordinate transformation to the selected layer
which effectively makes it absorbing at a maintained wave impedance, and thus eliminating reflections.
To model a sound source with directivity in the range 500 Hz-5000 Hz, we employed a dipole point source
with a reference power equal to 3 W. The source was positioned at the centre of the open face of each cabinet.
Each cabinet was then closed with a 2.5 cm thick hardwood board, in order to simulate the surface supporting
the source used in the experiments (see later). The air inside the cabinet, beyond it and in the PML is
characterised by a density and a speed of sound at room temperature and the sound propagation neglects nonlinearities. Acrylic plastic was assigned to the cabinets and the rigid wall boundary condition was assigned on
the internal walls and on the face closing the Aurora cabinet. Thermo-viscous losses have not been taken into
account in this study.
The mesh size where sound propagation occurs is determined according to the FEM criterion, where at least
five nodes are used to simulate a wavelength in air. Thus, a maximum element size is assigned as a sixth of
the minimum study wavelength.
Due to the computational weight of the numerical model of the entire Aurora cabinet, it was decided to exploit
the C4 symmetry of the cabinet. Therefore, only a quarter of each cabinet was used, and symmetry boundary
conditions have been assigned to its rigid walls and to the air inside and outside it. The entire geometry of the
cabinet was later used for the numerical analysis of the eigenmodes, which will be discussed in the next section.
In order to observe the acoustic insulation provided by the metamaterial cabinet, when compared with the
Smooth cabinet, we observed the rear sound pressure level for the two configurations, at the same distance of
0.15 m. As can be seen in Figure 5, the FEM analysis predicted a good sound insulation from both the Aurora
cabinet and the Smooth one. However, the Smooth cabinet insulation performances are mainly due to the fact
that its walls are more massive, as will be more clearly explained later in this work. A more thorough
investigation on the Aurora cabinet, discussed in next section, was run to evaluate the effect of internal cabinet
resonances on its overall sound insulation.

Figure 5 – Rear total sound pressure level measured at 0.15 m; two configurations compared: (orange)
Aurora cabinet (1 mm effective walls), (grey) Smooth cabinet (25 mm walls), (black) Without cabinet.
A similar numerical analysis in the frequency domain was performed to study the sound radiation of the
metamaterial cabinet when coupled with a generic tweeter. This study was also conducted in the frequency

1381

range from 500 Hz to 5000 Hz, with an interval of 1/12th octave, and a dipole was used as source. In this
simulation, the loudspeaker system was positioned inside an air-filled sphere, and only the latter was
surrounded by an external PML layer. Simulations were repeated using alternatively the Aurora cabinet and
the Smooth cabinet, and assessing the radiation emitted at a distance of 1 m by the two loudspeaker systems
(Figure 6).
A comparison of the directivity graphs in Figure 6 shows that although no significant change in directivity at
lower frequencies can be observed, a major change of the systems directivity in the horizontal plane occurs at
1900 Hz (black dashed line in Fig. 6). So around this frequency we will investigate in more detail what
influence the metamaterial cabinet walls have on this behaviour.

Figure 6 – Directivity graphs of the loudspeaker systems realized with (left) Aurora cabinet and (right)
Smooth cabinet. The black dashed line in both graphs highlights directivity at 1900 Hz.
3.2

Eigenmodes analysis

As anticipated in the previous section, we observed some key differences in the response of the two cabinets
in the range 1000 Hz to 3000 Hz. One potential reason for this behaviour is the presence of unwanted
resonances in the Aurora cabinet. Just like in a more classical cabinet, its dimensions could in fact introduce
resonances not related to its metamaterial geometry, both in the vertical and horizontal planes. An
eigenfrequency analysis was used solves for the eigenfrequencies and the shape of the eigenmodes.
To perform this study, the PML was neglected and a static acoustical pressure value of 0 Pa was assigned in
correspondence of the open face of the Aurora cabinet. The first 50 eigenfrequencies were then computed.

Figure 7 – Some of the eigenmodes of the Aurora cabinet.
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Figure 8 – Total acoustic pressure field top, middle and bottom cut planes placed inside the Aurora cabinet,
eigenfrequencies equal to 1901.3 Hz, 1924.1 Hz, 1996.4 Hz and 2000.7 Hz.
Figure 7 shows that the region between 1000 Hz and 3000 Hz is modal dense, with some of the internal
eigenmodes of the standing waves inside the cabinet highlighted. A more detailed analysis of these modes can
be found in Figure 8, which shows the pressure field obtained on three evaluation planes placed at different
heights of the metamaterial cabinet around the frequency of 2000 Hz i.e. where one of the resonant behaviours
of the system response was noted in the simulations.
Looking at the graphs in Figure 8, sound pressure minima and cancellations generated by the geometry of the
metamaterial cabinet are evident. If one of these modes is excited by the source, the acoustic energy transforms
into vibrations of the structure. Thus, vibration of the cabinet due to reaction forces of the electrodynamic
transducer occurs. One solution to avoid this effect would require changing the dimensions of the cabinet in
such a way that the vertical and horizontal axial modes due to the side walls do not coincide with those due to
the top and bottom walls. Thus, reducing the total power in the antinodes of the resonant mode.

4

Experimental results

The experimental campaign was conducted at Contralto Audio's laboratories. The aim was to study the acoustic
response of two prototype devices: (1) the system obtained coupling the previously described Aurora cabinet
to a commercial tweeter and (2) the adjustable system obtained coupling the metamaterial loudspeaker to an
auto-zoom lens.
4.1

Metamaterial enclosure

As for the simulations, for these measurements we used two different cabinets (Figure 1): both were closed on
five sides and made of PLA with a commercial printer (F170 Stratasys). Due to limitations of the 3D printer,
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however, both cabinets were reduced to dimensions of 15×15×15 cm. In addition, while the Aurora-type box
maintained a wall thickness of 1 mm, the Smooth box was realised with a wall thickness of 7.5 mm. We will
refer to these two cabinets respectively as “Cabinet A” (for “Aurora”) and “Cabinet S” (for “Smooth”).
First, we used a single microphone positioned at 100 mm from each cabinet to measure their sound insulation.
Each cabinet was placed on a shelf thus enclosing a low-cost commercial sound source. Cabinet S gave us a 6
dB reduction between 500 Hz and 6000 Hz. The back of this cabinet was then reinforced with a wooden plate
(2.5 cm thick, density 800 kg/m3), for a total weight of 1.6 kg and a 20 dB reduction in the frequency band of
interest. “Cabinet A" showed the same reduction of 20 dB between 500 Hz and 6 kHz for a weight of 600 g
and a material thickness of 1 mm.
We then built a prototype metamaterial loudspeaker system using three different configurations: coupling a
source in cabinet S, in S with a wooden board and in A. The sound source was mounted on a wooden board
and assembled to the cabinets with a spring clamp. Measurements were carried out (with CLIO) using a
logarithmic sinusoidal sweep and placing the system on a rotating base, in order to observe its horizontal polar
in the different configurations. Two microphones (Earthworks M30) were placed respectively at 1 m and 2 m
from the system.

Figure 9 – Frequency response of the back of the system (-180°), measured at 1 m. Three configurations
compared.
Figure 9 shows the frequency response of the back of the systems, measured at 1 m from the source. It can be
seen that the A cabinet produces the same performance as the reinforced S cabinet, but using less mass. Around
1.9 kHz there is a strong loss of acoustic energy, probably due to the cooperation of the metamaterial cabinet’s
vibrational modes, resulting in a cancellation which is not observed in the case of the Smooth cabinet.

Figure 10 – Directivity graphs of the two loudspeaker systems. (left) cabinet S with a wooden board and
(right) cabinet A (VACS Viewer).
The effectiveness of the Aurora cabinet (“A” in Fig. 10) is confirmed by the response as a function of the angle
on the horizontal plane (Fig. 10). The graphs are normalised with respect to the maximum level value for each
frequency, as was done in the numerical analysis. It can be observed that, with the same frontal emission, in
the case of A there are less low-frequency back-emissions.

1384

The graph in Figure 11 represents the on-axis response measured at 1 m. It can be clearly seen that the
metamaterial cabinet guarantees the same performance as a traditional massive enclosure when coupled with
the same sound source. Moreover, it can be noticed the previously discussed resonant behaviour around 2 kHz.

Figure 11 – Frequency response of the front of the system, measured at 1 m. Three configurations compared.
4.2

Acoustic telescope with auto-zoom objective

Ours (Figure 2, right) is a Keplerian telescope for sound [5], whose objective consists of two converging lenses,
positioned at a variable distance 𝑑, capable of focusing on a moving target listener [10].

Rotating base

Figure 12 – Experimental set-up. Acoustic telescope with Aurora cabinet (A) + twitter.
For this study, we used two convex lenses for sound having the same focal length (f = 53 mm) which we
mounted in front of the source system + cabinet A. Measuring on axis at 1 m and 2 m distance from the second
lens (Figure 12) we focused the sound on the first microphone and then on the second. Figure 13 shows the
response of the system, measured as above. The directivity increased (comparison with Fig. 10), consistently
from 1.5 kHz onwards. Numerous peaks and valleys are observed in the response, probably due to the physical
presence of the auto-zoom objective, and at some frequencies the decay is greater than expected at doubling
distance.

Figure 13 – Directivity graphs of the acoustic telescope. Focus at (left) 1 m and (right) 2 m.
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5

Applications

Centuries of development in the field of optics have provided us passive devices such as lenses or mirrors to
enrich the immersivity of the audience with light effects, but there is nothing similar for sound.
Possible applications of the systems described above include the reception (or emission) of a signal exclusively
for a single person in the crowd. Other applications concern acoustic displays (e.g. a group of people dancing
and following a specific acoustic focus in a discotheque) or the reproduction of music with a dynamic spatial
component.
Proof of concept that a metamaterial telescope can be used to follow a moving source in the field of view has
been shown by Rajguru et al. [15]. In the future, similar systems could be used to deliver sound effects to
multiple users having the same immersive experience, without a headset.
In the near future, we also expect to improve the audio reproduction performance of low-cost loudspeaker
systems or ceiling and in-wall speakers. The latter are often directly mounted into the wall because frequently
there is no space for a cabinet to be coupled to them. Reducing the size of the cabinet by exploiting and
optimising the geometry of the metasurfaces that make up the enclosure can be highly desirable.

6

Limitations and future developments

In this work we have shown that it is possible to reduce the weight of a loudspeaker system by 60% by using
a metamaterial cabinet and that this allows us to shape backward and side emissions of a system without
deteriorating its acoustical performances. This was done both by numerical analysis and by experimentally
testing the system in its different configurations. The source used to perform the comparative analysis
presented in this study has a major influence on the results, both in simulations and experiments. In fact,
depending on the frequency reproduced, the vibrating transducer components can also play a key role in the
system emission. A more accurate validation of the conclusions will therefore require a complete numerical
vibroacoustic analysis of the source. In parallel, measurements with different transducers will give us insights
into the potential effects.
Numerical analysis was employed to investigate the resonant behaviours observed in the simulated response,
highlighting that a more accurate spectroscopy of the system is required, as these resonances may “colour” the
emission of the system.
Finally, in this study we used two metasurfaces, arranged in a telescope, to control the directivity of audio
systems. In the experimental measurements, directivity control at low frequencies was observed which was
not investigated in the numerical analysis and which probably also depends on the type of source used.
Our study is set in a context, where acoustic lenses and metamaterial systems [11,12,13] are used in
professional audio. Optimisation of the prototype devices described above could lead to a personalised form
of audio communication, but it will be very important to carry out experiments in the telephony band in order
to demonstrate that the intelligibility is guaranteed.
The key limitation of metamaterials, in fact, is still their bandwidth of operation. While in optics one octave in
frequency is sufficient to cover the visible spectrum, metasurfaces cannot currently transmit the 11 octaves
that make up our audible range. As many studies are showing, however, the bandwidth of a metasurface is as
much a design parameter as its spatial footprint: acoustic metamaterials auto-zoom lens, incorporating lenses
that can focus a basic melody, are not far away.
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Abstract
Metamaterials based on Helmholtz resonators represent alternatives for noise mitigation applications where
traditional materials can not be used due to the environmental conditions. One such case is found in the extreme
acoustic event caused by a rocket launch. Metamaterials can also be designed on demand to act on the sound
waves at a specific frequency range, which depends on the particular application. In this work we present the
design procedure of a metamaterial panel, with a potential use for noise mitigation during a rocket launch. The
proposed sound absorber presents almost perfect sound absorption in a prescribed bandwidth. The geometrical
parameters of a unit cell, the building block of the panel, are obtained by using the transfer matrix method, and
the use of optimization algorithms. The effective acoustical parameters of the designed metamaterial are also
obtained. Using the effective parameters, the acoustical response of a panel built from an array including a
large number of unit cells is numerically computed. Finally, experiments in an impedance tube that validate
the theoretical results are presented.
Keywords: metamaterials, Helmholtz, resonator, aerospace.

1

Introduction

A rocket launch is an extreme acoustic event involving very high sound pressure levels that may cause damage
to the payload carried at the fairing of the rocket. This noise comes mainly from the hot and turbulent exhaust
jet, which is guided along the ground by two evacuation channels or ducts located at the ground of the
launchpad just below the rocket. Due to the intense pressure levels, temperatures and flows, conventional noise
mitigation methods are hardly applicable. A proposal for reducing the ambient sound pressure levels by
covering the ducts with an absorbing metamaterial panel is presented. The panel is designed to absorb
efficiently the sound energy in the critical band from 125 Hz to 500 Hz (which corresponds to the highest
levels during a launch event), behaving as a broadband noise reduction system with absorption coefficient
close to unity in the whole band. To achieve this exceptional response, a careful design by using optimization
1
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methods was performed. The panel consists of multiple cells of subwavelength local Helmholtz resonators
which combine the concepts critical coupling (to achieve perfect absorption at a single frequency) and the
rainbow trapping effect (to extend the critical coupling concept to a given frequency band). An acoustic
characterization of the metamaterial is performed under plane wave excitation conditions, by measuring the
normal incidence sound the absorption coefficient in an impedance tube, demonstrating the theoretical
predictions and its feasibility for the application in the particular problem and other noise reduction
applications.

2

Design of the metamaterial unit cell

The acoustical response of an array of Helmholtz resonators in a waveguide can be theoretically modelled by
means of the Transfer Matrix Method (TMM). This method considers plane wave propagation inside the
metamaterial and is a good approximation due to the small dimensions of the slit, the neck and the cavity.
Details on the application of the method for a similar problem can be found in [1-4]. The acoustic pressure and
the normal acoustic flow are related at both sides of the metamaterial, and the resonators are considered as
point scatterers in the middle of each waveguide segment in the panel. The model also takes into account the
cross-sectional changes in the system by adding radiation correction lengths, and the visco-thermal losses in
the system are considered both in the Helmholtz resonators and in the waveguide by using their effective
complex and frequency dependent parameters [5]. The material used to make the acoustic metamaterial is
assumed to be acoustically rigid. The analytical results from the TMM method are validated by numerical
calculations based on the Finite Element Method (FEM) using COMSOL Multiphysics 5.5. The thermoviscous losses are accounted for by using the effective parameters of the air in the ducts, i.e., by using the
complex and frequency dependent density and bulk modulus. At the external sides of the panel, rigid boundary
conditions were considered and viscous losses were neglected here. This is justified because losses are mainly
produced by thermo-viscous processes at the narrow ducts that compose the metamaterial and the contribution
of other sources is minor.
2.1

Geometry of the metamaterial unit cell

The panel will be composed by the periodic repetition of a unit cell, to achieve the desired dimensions. The
unit cell consists in a sequence of Helmholtz resonators with different geometries, whose geometrical
parameters are carefully calculated by optimization methods to achieve a high absorption in a frequency band
that extends from 125 to 500 Hz. The resulting structure is based on the rainbow trapping concept [1-3]. Sound
is trapped and dissipated within the structure at different depths, depending on its frequency.
There is not a unique solution for this problem, and different solutions satisfying the requirements can be found
by the optimization process. Limitations to some critical parameters have been imposed to assure a final
solution that fits with the requirements and the fabrication of the structure as the operation frequency band, the
maximum depth of the panel and the number of resonators.
The geometry of the unit cell in a rainbow trapping absorber is shown in Figure 1. A set of N Helmholtz
resonators are placed in a waveguide of length L, width d3 and height d3. For the sound mitigation of the rocket
in the launchpad we have considered as an objective to enhance acoustic absorption in a frequency band from
125 to 500 Hz. In this work, we have considered N=7.

2
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The solution obtained is the result of an iterative optimization procedure [1]. The retrieved geometry presents
a length L = 166.6 mm, a width d1 = 19.9 mm, and a height d3 = 99.0 mm. The ratio between the wavelength
for the lowest absorbed frequency and the length is λ/L = 16.5. The parameters of each resonator shown in
Figure 1 are given in Table 1. We note that 30 parameters are used in this optimization, with subindex “n”
referring to the neck of the resonators, and subindex “c” to the geometry of the cavity and “w” to the
waveguide.

Figure 1 – Geometry of the unit cell of the rainbow trapping absorber, the detail of a single resonator (red)
and the top view of the structure (green).
Table 1 –Geometric parameters of the Helmholtz resonators of the rainbow trapping absorber.
(mm)
1
2
3
4
5
6
7

23.8
23.8
23.8
23.8
23.8
23.8
23.8

(mm)
70.0
59.8
49.5
39.0
28.3
17.2
2.0

(mm)
22.3
22.8
22.8
22.8
22.8
22.8
22.3

(mm)
27.8
37.9
48.2
58.6
69.3
80.4
82.0

(mm)
1.6
1.4
2.1
1.2
1.8
1.1
2.0

(mm)
1.2
1.3
1.4
1.4
1.4
1.4
15.0

The unit cell obtained in this way (Fig. 1) may be used as a building block, to create a panel of arbitrary
dimensions.

3
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2.2

Numerical simulation of the unit cell

In this section the analytical result of the Transfer Matrix method is compared with a numerical FEM
simulation of the unit cell. The geometry used for the simulation is shown in Figure 2.

Figure 2 – Geometry used for FEM calculations.
In both cases, the structure shown in Figure 2 presents a nearly flat absorption band from 150 Hz to 475 Hz
(see Fig. 3). The absorption spectrum shows peaks of perfect absorption corresponding with the resonance
frequencies of the resonators that were tuned to maximize broadband performance, as shown in Figure 3.
Increasing the number of resonators in the structure leads to an improved absorption behaviour (flatter curve,
with values of absorption coefficient closer to unity in all the band), however the thickness of the structure
also increases. Therefore, a compromise must be achieved depending on the problem specifications.

Figure 3 – Absorption and transmission of a single unit cell with TMM and FEM.
In Figure 4, the local behaviour of the whole structure in terms of sound absorption is shown. For that, we plot
the acoustic field as obtained from the simulation. We clearly appreciate that sound is concentrated in each
resonator at selected frequencies (𝑓! = 476 Hz, 𝑓" = 355 Hz, 𝑓# = 395 Hz, 𝑓$ = 241 Hz, 𝑓% = 298 Hz, 𝑓& = 201
Hz, 𝑓' = 109 Hz).

4
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Figure 4 –Acoustic field obtained by FEM simulations at different frequencies. Remark that each
frequency excites a different set of resonators.

3

Acoustic response of the metamaterial panel

Because of the complexity of the structure, in particular when the panel is formed by a large number of unit
cells, the acoustical response of the panel can not be simulated numerically with available computational tools.
For this reason, in this section we obtain the effective parameters of an acoustically equivalent material, which
are later used to simulate numerically the acoustical response.
3.1

Effective parameters of the equivalent material

We briefly describe the procedure to obtain the effective bulk modulus and density of the metamaterial
designed before by the optimization method (for use specifically in numerical simulation FEM, using
equivalent parameters applied to the entire volume of the material instead of simulating the entire geometry).
The coefficients of the Transfer matrix, T11, T12, T21 and T22 are known from the TMM analysis in the preceding
section. From them, we can obtain the transmission coefficient as:
𝑇=

"( !"# $
&
)%% * %' *+# )'% *)''
(#

,

where 𝑘, = 𝜔/𝑐, is the wavenumber in the air and 𝑍, = 𝜌, 𝑐, the acoustic impedance in the air. Similarly, the
reflection coefficient is found from
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𝑅=

where 𝑍- =

./# 0#
1

&%'
() *&'% () *&''
&
)%% * %' *)'% +) *)''
()

)%% *

,

, with K0 the bulk modulus of the air and S=d1·d3 the transverse section of the cell.

The acoustic input impedance of the equivalent material can be computed from R and T as
!45

!4)

𝑍in = 𝑍, -!*5 . -!*)..
Finally, both the effective bulk modulus and density of the panel can be obtained as:
:

𝐾eff = 𝑍89 ;
and
𝜌eff = 𝑍89

,

eff

;eff
:

.

where the effective wavenumber along the metamaterial can be also obtained from the TMM coefficients as
!

)%% *)''

<

"

𝑘eff = acos -

..

Numerical FEM simulations can be carried out with a pair of these effective parameters with the same results:
the acoustic input impedance and wavenumber, or the bulk modulus and density.
3.2

Numerical model of the panel with effective parameters

The acoustic response of the panel, and how its presence modifies the surrounding acoustic environment, can
be computed numerically using FEM simulations. However, due to the huge computational cost of simulating
the panel in 3D with the specific geometry of the resonators, instead an equivalent panel with the same effective
parameters as calculated in section 3.1 is simulated.
A sound monopolar source is placed at a distance of 2 m from the panel, as shown in Figure 5. Simulations are
performed at four different frequencies, all in the working frequency range of the panel, that is from 80 Hz to
500 Hz. A rigid panel is also simulated as a reference (Figure 6).

6
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Figure 5 – Acoustical pressure around the metamaterial panel radiated by a monopolar source (FEM
simulations using effective parameters).

Figure 6 – Acoustical pressure around the rigid panel radiated by a monopolar source (FEM simulations).

Figure 7 – Acoustic absorption and transmission of the metamaterial a 1.5 m x 2 m panel panel with effective
parameters computed with TMM and FEM. Numerical simulations of the single unit cell are plotted (in red)

4

Sample fabrication and experimental test

In this section we describe the design process of the metamaterial unit cell, which will be the building block
of the metamaterial panel, its fabrication with the injection technique, and the experimental characterization
of the fabricated sample in an impedance tube.

7
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4.1

Unit cell

The unit cell designed by TMM was implemented in CAD, and samples were fabricated for the experimental
testing. Figure 8 shows printed samples of both the unit cell and the block composed by 5 unit cells glued
together. In this way, the samples fit perfectly into the impedance tube with squared section, where absorption
coefficient can be measured and compared with the prediction.
The construction material was in acrylonitrile butadiene styrene (ABS). The sample was constructed by
injection in a mold previously fabricated in aluminium. During the manufacture of the unit cell, small
modifications were made to the designs to facilitate the joining of multiple cells. Pictures of the fabricated
samples are shown in Figure 8.

Figure 8 – Experimental prototypes of the unit cell (left) and a block of 5 unit cells with the dimensions of
the impedance tube (right). Samples were fabricated in ABS material.
With his method, a panel of arbitrary dimensions can be built, by simply stacking the necessary number of unit
cells, which on the other hand can be easily obtained from the mold.
The results of the absorption and transmission coefficients obtained experimentally in an impedance tube are
shown in Figure 9 (crosses), together with the theoretical results from TMM (black lines) and FEM simulations
(red lines), where a good agreement is observed.

Figure 9 – Experimentally measured absorption and transmission coefficients of a stack of 5 unit cells and
comparison with TMM y FEM simulations.

5

Conclusions

In this work we have proposed the use of a metamaterial panel for noise mitigation in aerospace applications,
in particular during a rocket launch. Using optimization and transfer matrix methods, a metamaterial presenting
broadband absorption is designed. The design procedure of the metamaterial is described, to show an efficient
acoustic response in a prescribed frequency band. Samples have been also fabricated and experimentally rested
in an anechoic tube.
The acoustic behaviour of a panel formed by nearly 1600 unit cells, with total dimensions of 1.5x2m, has been
simulated by using effective acoustical parameters. Future work will consider the fabrication of such a panel,
8
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and its measurement in an anechoic chamber. We expect to observe diffraction effects at the borders of the
panel (since wavelengths are comparable with the panel dimensions) which will decrease sound isolation as
compared with theoretical predictions for infinite walls and may be relevant for the proposed application.
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Abstract
Resonators can be effective devices to help to tackle low-frequency insulation, and have been widely
investigated in the literature. In building acoustics, literature reports their historical use, leading to the design
of new structures for room acoustic optimization, and urban and environmental mitigation. Structures based
on sub-wavelength resonances are an ideal solution for the development of thin absorbent materials matching
the specific impedance with the background medium. In this work, analytical solutions describing acoustic
wave propagation in ducts coupled with the transfer matrix method are used to predict the sound attenuation
characteristics of a subwavelength metastructure. Its accuracy is validated by a finite element model. The
preliminary results presented in this work show the improvement capacity of this system when geometric
parameters are studied, exhibiting a significant response in the properties of sound transmission loss (STL).
Keywords: Acoustic Metamaterials, resonators, sound insulation, low-frequency, sound transmission loss.

1

Introduction

In acoustics, the frequent interest in the manipulation of acoustic energy in subwavelength regimes has led
to continuous advances in the science of metamaterials, namely acoustic metamaterials (AMM), whose
applicability presents physical characteristics in ways not seen in ordinary acoustic materials [1].
The class of AMM that comprises the inclusion of resonant structures, as firstly evidenced by Fang et al.
[2], leads to effective physical properties, determined by their structures to the detriment of their constituent
materials.
The resonant nature of these mechanisms offers important contributions to the field of developing
subwavelength structures, with great capacity sound absorption and transmission characteristics, with ample
potential to be explored in passive building ventilation systems, providing guaranteed air circulation, thermal
comfort and reducing the effects of noise pollution on human health [3].
Considering the airborne noise attenuation, the application of acoustic barriers, as a common noise
mitigation strategy, tends to face limitations, requiring an increase in the layer thickness, to act in lowfrequency regimes. In this sense, subwavelength resonant structures provide a viable solution for the
development of thinner absorbent materials, dealing with audible frequencies below 1kHz [4], as well as the
development of new structures, allowing some air passage.
The literature has presented several types of research based on the noise mitigation capability of simple or
clustered resonant structures, leading to interesting responses to effective parameters with an emphasis on
1
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airflow. In turn, Jena et al. [5] investigated eight configurations of Helmholtz resonators (HR), in parallel and
serial arrangements, with similar and different resonators, going beyond the propositions of AMM with the
idea of in-line coupling. From these investigations, it was observed that five finite matrix configurations exhibit
a negative effective mass density and negative mass modulus. Kumar et al [6], presented an effective negative
bulk modulus, leading to transmission loss at normal incidence of up to 18 dB, ensuring a ventilation area of
45%.
Kim and Lee [7], based on the theory of sound diffraction and metamaterials as a negative bulk modulus,
propose a transparent acoustic barrier system consisting of a three-dimensional matrix of resonators, with
satisfactory performance levels for frequencies from 700 to 2200 Hz. Jung et al.[8], presented a panel, designed
to attenuate noise in the audible band with its absorption mechanism due to the matrix of annular cavities,
leading to a negative bulk modulus.
However, these devices may not provide broadband attenuation due to features such as bulky size and the
need for an extra area for deployment. Another issue is the relationship between noise attenuation and airflow
passage: when a larger area of ventilation is considered, smaller sound transmission is usually registered.
In this sense, the option of applying Helmholtz resonators, as tunable devices, already widely theorized for
sound attenuation, in subwavelength dimensions, still presents itself as a viable strategy mainly due to the
advances in new additive manufacturing techniques, enabling the inclusion of a greater number of resonant
units, reaching higher frequency bands, with an emphasis on passive airflow.
In this study, the authors propose a simplified model for predicting acoustic properties of AMM based on
locally resonant inclusions, through analytical models [9], [10], taking into account the viscous thermal losses
within the boundary layer. Subsequently, the transfer matrix method [11] is used to analyze the plane wave
propagation through the proposed metamaterial, investigating the transmission loss as an acoustic parameter
to verify the device's performance. A finite element model is then implemented to verify the usefulness of the
model and then present the correlation between theoretical and numerical models for STL, evidencing good
agreements between the models.
This work is organized as follows: in section 2, the authors propose a theoretical prediction model for
modeling wave propagation in narrow ducts, extending the classical theory of HR for application in acoustic
metamaterials, analyzing the sound transmission of these, based on the transfer matrix method. In section 3,
the validation of the proposed theoretical model is presented, comparing the predictions considering the losses
dissipation that occurs in sound transmission with finite element simulations. Finally, the theoretical models
presented will be discussed, with the main conclusions summarized in section 4.

2
2.1

Theory
The theoretical model for sound waves propagation in narrow tubes

Understanding the sound wave propagation in a narrow and uniform tube is a fundamental problem in
acoustic material science. The study of sound propagation in narrow ducts, as in Helmholtz resonators, takes
into account the viscous thermal losses, arising from air friction and its interaction at the limit of the solid
boundary inside the duct, having a relationship dependent on the channel ratio [12].
Several theoretical prediction models provided [9], [10] take into account the effects of air viscosity and
thermal conductivity in tubes from narrow to arbitrary dimensions. This energy dissipation can be theoretically
[𝑛]
[𝑛]
obtained through the equivalent mass density 𝜌𝑖 and the equivalent bulk modulus 𝜅𝑖 of the narrow duct,
expressed by [9], [13], [14]:
[𝑛]

𝜌𝑖

=−

𝜇𝑤4𝑖
∞
2 2
2
2
4j𝜔 ∑∞
𝑡=0 ∑𝑚=0(𝑥𝑡 𝑦𝑚 (𝑥𝑡 +𝑦𝑚 −j𝜔𝜌0 ⁄𝜇))

−1

,

(1)
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[𝑛]

𝜅𝑖

=−

𝜇𝜅0 𝑤𝑖4
∞
2 2
2
2
𝛾𝜇𝑤𝑖4 +4j(γ−1)P𝑟 𝜌0 𝜔 ∑∞
𝑡=0 ∑𝑚=0(𝑥𝑡 𝑦𝑚 (𝑥𝑡 +𝑦𝑚 −j𝜔P𝑟 𝜌0 ⁄𝜇))

−1

.

(2)

where 𝑖 represents the respective value for tubes in different sections, such as the neck and cavity of a
Helmholtz Resonator; 𝜔 = 2𝜋𝑓 is the angular frequency, 𝜌0 = 1.213 kg ∙ m−3 is the density of air, 𝜇 =
1.84 × 10−5 N ∙ s ∙ m−2 the dynamic viscosity of air, P𝑟 = 0.707 is the Prandtl number; γ = 1.4 is the ratio of
specific heat; 𝜅0 = 1.42 × 105 Pa is the bulk modulus of air.
Considering the geometric parameters, 𝑤𝑖 corresponds to the dimensions of a segment of a duct, 𝑤𝑛 and
𝑤𝑐 the dimensions of the neck and cavity of an HR, respectively. Thus, the terms 𝑥𝑡 = (𝑡 + 1⁄2)𝜋⁄𝑤𝑖 , 𝑦𝑚 =
(𝑚 + 1⁄2)𝜋⁄𝑤𝑖 , with 𝑡 and 𝑚 being positive integers. Hence, the effective wavenumber and acoustic
[𝑛]

impedance are given by 𝑘𝑖

[𝑛]

[𝑛]

= 𝜔√𝜌𝑖 ⁄𝜅𝑖

[𝑛]

and 𝑍𝑖

[𝑛] [𝑛]

= √𝜅𝑖 𝜌𝑖

⁄𝑤𝑖2 , respectively.
[𝑛]

In Figure 1, the proposed axial acoustic metamaterial consists of 𝑁 generic resonators, where, 𝑙n
[𝑛]
[𝑛]
corresponds to the length of the resonator's neck, 𝑤n,1 and 𝑤n,2 corresponds to the dimensions of the neck
[𝑛]

[𝑛]

[𝑛]

opening with a rectangular section, 𝑙c corresponds to the length of the resonator cavity, 𝑤c,1 and 𝑤c,2
correspond, respectively, to the dimensions of the rectangular section cavity. For simplification purposes, the
central hole corresponds to a circumscribed hexagon 𝑆h with radius 𝑟h .
(a)

(b)

P2

HR5

HR1
Sh

v2

HR4

HR6

rh

l [n]
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HR3

l [n]
c
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w [n]
c,1
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Figure 1 – Conceptual diagram of the proposed acoustic metamaterial. (a) Scheme of the unit cell composed
of a set of 𝑁 in-parallel Helmholtz Resonators, embedded in an open area (airflow passage). (b) An
equivalent HR of the metamaterial for theoretical analysis.
Thus for an HR coupled to a waveguide, Figure 1(b), its characteristic effective impedance can be expressed
as [15]–[17],
[𝑛]

𝑍𝐻𝑅 = −𝑖
[𝑛]

cos(𝑘𝑛 𝑙𝑛 )cos(𝑘𝑐 𝑙𝑐 )−𝑍𝑛 𝑘𝑛 ∆𝑙 cos(𝑘𝑛 𝑙𝑛 )sin(𝑘𝑐 𝑙𝑐 )/𝑍𝑐 −𝑍𝑛 sin(𝑘𝑛 𝑙𝑛 )sin(𝑘𝑐 𝑙𝑐 )/𝑍𝑐
sin(𝑘𝑛 𝑙𝑛 ) cos(𝑘𝑐 𝑙𝑐 )/𝑍𝑛 −𝑘𝑛 ∆𝑙 sin(𝑘𝑛 𝑙𝑛 ) sin(𝑘𝑐 𝑙𝑐 )/𝑍𝑐 +cos(𝑘𝑛 𝑙𝑛 ) sin(𝑘𝑐 𝑙𝑐 )/𝑍𝑐

[𝑛]

.

(3)
[𝑛]

[𝑛]

𝑘𝑛 , 𝑘𝑐 , correspond to the complex wave number vector, for the neck and cavity, respectively; 𝑍𝑛 , 𝑍𝑐 ,
correspond to the specific impedance characteristic of the segments.
When considering the lateral coupling of the HR in a waveguide of the circular section of arbitrary radius,
𝑟𝑡 ; the sound radiation correction factor, ∆𝑙, expresses the interface discontinuity between the waveguide and
the resonator neck, corresponding to the addition of the two length correction factors ∆𝑙 = ∆𝑙1𝑐𝑜𝑟𝑟 +
∆𝑙2𝑐𝑜𝑟𝑟 , being expressed by [13],
3
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∆𝑙1𝑐𝑜𝑟𝑟 = 0.82 [1 − 1.35 (
∆𝑙2𝑐𝑜𝑟𝑟 = 0.82 [1 − 0.235 (

) − 1.32 (

𝑤𝑐

𝑤𝑐

𝑤𝑛
𝑟𝑡

3

[𝑛]

𝑤𝑛

[𝑛] ) + 0.35 (

[𝑛] 2

[𝑛]

𝑤𝑛
𝑟𝑡

[𝑛]

𝑤𝑛

[𝑛]

[𝑛] ) ] 𝑤𝑛 ,
[𝑛] 3

) + 1.54 (

𝑤𝑛
𝑟𝑡

) − 0.86 (

(4)
[𝑛] 4

𝑤𝑛
𝑟𝑡

[𝑛]

) ] 𝑤𝑛 .

(5)

The first correction, ∆𝑙1𝑐𝑜𝑟𝑟 , corresponds to the sound wave radiation and the interface discontinuity between
[𝑛]
[𝑛]
the neck sections, 𝑤𝑛 , to the resonator cavity section, 𝑤𝑐 ; while the second correction ∆𝑙2𝑐𝑜𝑟𝑟 , corresponds
[𝑛]
to the discontinuity between the radius waveguide, 𝑟𝑡 , and the radius of resonator neck, 𝑟𝑛 [13], [15], [17].
2.2

Transfer matrix formulation for sound transmission loss

The transfer matrix method (TMM) in a finite duct corresponds to the propagation of the plane wave, under
the condition of continuity of sound pressure and particle velocity, in an acoustic system coupled to a
waveguide segment, with a length 𝑙𝑡𝑢𝑏𝑒 , and 𝑟𝑡𝑢𝑏𝑒 the respective radius of the cross section [11].
The application of the theoretical models proposed above can be used through the TMM; just assume the
continuity of sound pressure, 𝑝, and normal particle acoustic velocity, 𝑣, from the beginning to the end of the
system, with only the propagation of plane waves in the waveguide, the transfer matrix, 𝐓 can be derived. The
relationship between incident sound pressure and particle velocity from an initial moment, 𝑝1 and 𝑣1 ,
respectively, to the final moment 𝑝2 and 𝑣2 , being written as[5], [18],
𝑝1
𝑝2
𝑇
𝑇12 𝑝2
(6)
[𝑣 ] = [ 11
] [𝑣 ] = 𝐓 [𝑣 ] .
𝑇
𝑇
1
2
2
21
22
[𝑛]

Taking into account n resonators coupled to a waveguide expressed by the matrix 𝐌HR , and the radiation
[𝑛]
[𝑛]
[𝑛] [𝑛]
in a circular waveguide, expressed by 𝐌tube , take the form 𝐓 = 𝐌tube 𝐌HR 𝐌tube, where the transfer matrix
for the resonator and tube are expressed, respectively, by [19],
[𝑛]

𝐌HR−i = [

1
[𝑛]
1/𝑍𝐻𝑅−𝑖

cos(𝑘𝑙)
[𝑛]
𝐌tube = [
𝑖 sin(𝑘𝑙) /𝑍0

0
],
1

𝑖𝑍0 sin(𝑘𝑙)
].
cos(𝑘𝑙)

(7)

(8)

[𝑛]

where 𝑍𝐻𝑅 is the impedance of the n-th resonator, 𝑘 is the wavenumber in the air and 𝑍0 = 𝜌0 𝑐0 ⁄𝑆𝑡𝑢𝑏𝑒 , is to
the characteristic impedance of the waveguide.
Due to the resonance characteristics of the Helmholtz resonator, its response is centered on a narrow
frequency band. Thus, to widen the frequency band, achieving a hybrid control, a system of 𝑛 laterally coupled
Helmholtz resonators (for the metamaterial presented here 𝑛 = 6) in the same cross-section, under conditions
of propagation, a plane wave is considered, and the total impedance of the AMM presented can be expressed
as,
[𝑛]

Zmetastructure = ∑𝑛𝑛=1 1⁄𝑍𝐻𝑅−𝑖 .

(9)

The transfer matrix for the meta structure follows the form,
𝑝1
1
0 𝑝2
[𝑣 ] = [
] [ ].
(Zmetastructure ) 1 𝑣2
1

(10)

Therefore, the sound transmission presented by the system in parallel is given by,
1

TL = 20 log10 (2 |𝑇11 + 𝑇12 / 𝑍0 + 𝑇21 𝑍0 + 𝑇22 |) .

(11)
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Through the above equation, it is evident that the sound transmission is dependent on the individual
resonances of the resonators, therefore, through geometric alteration, the changes in the resonant frequencies
lead to interesting results, reaching a wider band as observed in the following section.

3
3.1

Results
Comparison between theoretical and numerical models

The inclusion of subwavelength resonant units is studied through a finite element model conducted using
the commercial software COMSOL multiphysics. Considering the results obtained, these will be compared
with theoretical values to verify the accuracy between the models presented.
In Figure 2, assuming the periodicity condition imposed in the model, under the action of a plane wave of
unitary value at normal incidence originated in a sound hard boundary, the waveguide and the AMM surfaces
were considered as perfectly rigid surfaces, having all internal domains computationally modeled as air; to
mitigate subsequent reflections, a perfectly matched layer (PML) is admitted at both ends of the waveguide.
To verify and approximate the results, viscous thermal losses in narrow domains (neck of the resonator) were
considered, dealing with the dissipation of acoustic energy inside the boundary layer.
PML

y

Air
Acoustic metamaterial

x
Air

Pi
Sound hard boundary
PML

Figure 2 – Schematic view of the numeric model of the proposed AMM with a waveguide.
For analysis and comparison of the proposed models, both the theoretical prediction (as presented in section
2) and the numerical model take into account the viscous-thermal dissipation. To verify the main contributions
[𝑛]
[𝑛]
and possible differences between models, the effect of the geometric parameters 𝑤n and e 𝑙n is here
evaluated, since they are the main parameters to be considered in the dissipative loss of acoustic energy inside
the boundary layer that influence the TL of the acoustic metamaterial.
First, we analyze the behavior of the meta unit tuned to the same frequency. Let us consider a first metastructure with the axial coupling of 6 HRs. The geometric parameters corresponding to each resonator are set
[𝑛]
[𝑛]
[𝑛]
[𝑛]
as, 𝑙c = 40 mm, 𝑙n = 5 mm, and, 𝑤c,1 = 𝑤c,2 =20 mm. The central hexagon hole radius 𝑟h = 15 mm.
[𝑛]

[𝑛]

We varied the neck size in 𝑤n,1 = 𝑤n,2 = 2 mm, for the first model, having as resonance frequency 𝑓r1 =
[𝑛]

[𝑛]

290 Hz; for the second model at 𝑤n,1 = 𝑤n,2 = 3 mm, with a resonant frequency 𝑓r2 = 410 Hz; and finally,
[𝑛]

[𝑛]

in 𝑤n,1 = 𝑤n,2 = 4 mm, with a resonant frequency 𝑓r3 = 680 Hz.
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Figure 3 – The sound transmission loss spectrum for the hexagonal metamaterial model composed of HR
[𝑛]
tuned to the same frequency, varying only the geometric parameter 𝑤n . Dots correspond to the proposed
theoretical model and Dashed lines to the applied numerical model, taking into account viscous thermal
losses. In blue, the tuned structure corresponds to the 290 Hz; red lines correspond to HR tuned to 410 Hz; in
black, the lines correspond to the AMM resonant frequency of 610 Hz.
In Figure 3, the dots correspond to the predicted numerical values, while the dashed lines refer to the
analytical results for the STL of the metamaterial presented here. From Figure 3, for STL values, it is possible
to observe peak values for sound transmission loss of 15 dB, 23 dB, and 32 dB for analytical results while 12
dB, 21 dB, 27 dB are computed for numerical values, respectively for frequencies of 290 Hz, 410 Hz, and 610
Hz. It can be seen that there is good agreement between the predictions associated with both approaches
considering the models presented, in a situation of normal incidence.
Given the possibility of variations due to dissipative losses, next, we investigate the contributions from the
[𝑛]
geometric parameter 𝑙n , at the boundary of the inner layer, comparing also theoretical and numerical results.
[𝑛]
[𝑛]
In this case, the geometric parameters corresponding to each resonator are set as, 𝑙c = 40 mm, 𝑤c,1 =
[𝑛]

[𝑛]

[𝑛]

𝑤c,2 =20 mm, the neck dimension 𝑤n,1 and 𝑤n,2 , are fixed at 5mm. The central hexagon hole radius 𝑟h = 15
[𝑛]

mm. We varied the neck length of the first model, 𝑙n1 = 20 mm, with a resonance frequency 𝑓r1 = 410 Hz;
[𝑛]
for the second model, the dimension is 𝑙n2 = 10 mm, having a resonance frequency 𝑓r2 = 515 Hz; and, finally,
[𝑛]
for the third model, the dimension is 𝑙n3 = 5 mm, presenting a resonant frequency 𝑓r3 = 615 Hz.
For the predictions and comparison of the proposed models, in Figure 4, for STL values, it is possible to
observe values for sound transmission loss of 27 dB, 30 dB, and 32 dB for analytical results while 21 dB, 28
dB, 33 dB are obtained for the numerical model, respectively for the frequencies of 410 Hz, 515 Hz, and 615
Hz, it can be seen that there is good agreement between the predictions associated with both approaches
considering the models presented, in a situation of normal incidence.
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Figure 4 – The sound transmission loss spectrum for the hexagonal metamaterial model composed of HR
[𝑛]
tuned to the same frequency, varying only the geometric parameter 𝑙n . Solid lines correspond to the
proposed theoretical model and dashed lines to the applied numerical model, taking into account viscous
thermal losses. In blue, the tuned structure corresponds to the 410 Hz frequency; red lines correspond to HR
tuned to 515 Hz frequency; in black, the lines correspond to the AMM resonant frequency of 615 Hz.
The results reveal the dependence of thermo-viscous losses inside the boundary layer for the resonator neck
as a conditioning factor for the agreement between the results. From our analysis, it seems that way in which
the thermal-viscous losses are included as well as the correction factors at the neck and waveguide interface,
are the main responsible for the differences between the proposed models, since the STL amplitude presents a
good correlation between all models. Thus, in general, the proposed theoretical models present acceptable
agreement with the model based on the finite element method for the proposed AMM.
3.2

Performance observation

In this subsection, the performance of the proposed AMM is evaluated, now considering the coupling of
HR with different frequencies of resonance. In the case of reaching a wide frequency range per meta unit, we
analyse the case of grouping resonant structures with different resonance frequencies, based on the geometric
change of the proposed models.
Considering the parallel arrangement of N Helmholtz resonators grouped in the same cross-section of a
waveguide, as illustrated in Figure 1, and the acoustic impedance of this structure can be calculated
theoretically as expressed in equation 9.
The predicted transmission loss for the AMM considering a set of three groups with different resonant
frequencies formed by 2 HR each, with pairs always positioned on the opposite side is shown in Figure 5.
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Figure 5 – The AMM for three resonance frequencies. The spectrum of sound transmission loss for the meta
unit cell with every two HRs tuned for specific resonance frequencies allowing three peaks for attenuance.
Comparison between the numerical (dashed line) and theoretical (solid line) TL with three resonant
frequencies at 290 Hz, 410 Hz, and 520 Hz.
The solid line represents the STL for the proposed meta-unit with HR tuned to 3 resonance frequencies. As
shown, approximately 20 dB transmission loss is observed at a frequency of approximately 500Hz; however,
it is evident that the peak attenuation only happens at the frequencies to which the system is tuned, and a
significant drop is seen between the resonant frequencies. From the theoretical and numerical models, good
agreements can be observed at the lower resonances, although a visible deviation is seen for the higher resonant
frequency.
Figure 6 presents the sound transmission loss based on the in-line coupling of the metamaterials proposed
previously in Figure 3 and Figure 4. In the model, only the analysis based on the finite element method was
considered.

Figure 6 – The spectrum of sound transmission loss for the coupling of two meta unit cells with three
resonant frequencies each one; the dashed lines in gray corresponds to the individual TL capacity of each
AMM.
8
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A FEM simulation is used to investigate the sound attenuation capacity of the serial coupling of two
proposed meta structures. The red line corresponds to the proposed serial coupling of two AMM; for this model
an STL peak of up to 25 dB can be observed, for frequencies of 590 Hz and 680 Hz; for this structure, it is
observed that the serial coupling has the potential to increase the magnitude of TL between the frequencies of
interest, reducing the observed gap. The predicted results of the transmission loss through multiple resonators
mounted inside branch arrangement allowed observing significant changes in the noise attenuation of the
system due to this well-known resonance principle. The arrangements shown here can be applied in the design
of noise attenuation devices tuned in multiple frequencies with different TL magnitudes, leading to efficient
devices.

4

Conclusions

In this work, the authors analyzed the development of a subwavelength acoustic metamaterial, consisting
of the axial coupling of n Helmholtz resonators. The parallel grouping of resonant units at different frequencies
is presented as a strategy to achieve greater bandwidth, while also ensuring a reduced thickness of the structure.
The investigation of the influence of the dissipation of acoustic energy was also performed, through
variation of the dimensions of the length of the neck and the cross-sectional area of an HR, indicating good
agreement when comparing the theoretical and numerical models.
Considering the main objective of the work, the behavior of the STL has been analyzed for AMM
configurations, considering the parallel coupling of HRs, guaranteeing different frequency peaks and
considerable performance. The transmission loss achieved by a periodical HR system is dependent on the
structure and number of HRs, as well as its geometric parameters, considering its relationship with the
dimension of the opening of the air passage.
In future works, the aim is to study the application of the proposed acoustic metamaterial to increase and
widen the sound attenuation band, based on serial coupling, as well as the possibility of studying such effects
in physical prototypes in experimental tests. It is expected that the present study can serve as an important
contribution to the research and development of AMM with applications in sound attenuator systems that
enable airflow in the diverse applications in engineering.
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Acoustic metamaterial for low frequency harmonic noise mitigation
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Abstract
Harmonic sound with strong low frequency component is often inherent in industrial noise such as
ventilators, pumps, transformers, etc. Typical solutions for low frequency noise mitigation can be hampered
by the required size or mass of the solution. However, when the noise have harmonic spectrum, resonancebased solutions are often used from which acoustic metamaterials are of great interest in the last years. In this
paper design, FEM simulations and experimental validation of acoustic metamaterials for low frequency
harmonic noise will be investigated. The design is based on zigzag shaped labyrinth structure for
multiplication of the channels length. Such increased length and shape provide easier tuning for low
frequencies and long wavelengths in limited volume. Later, numerical simulations of acoustic resonance and
transmission loss are performed in Ansys Mechanical with shape optimization. Finally, optimized design is
3D printed and tested in impedance tube for insertion loss measurements.
Keywords: noise reduction, acoustic metamaterials, transmission loss, numerical simulations.

1

Introduction

Acoustic metamaterials (AMMs) are artificially engineered materials, structured to have unconventional
effective properties that are usually not found in nature, which can be used to address engineering challenges
in acoustics that don’t have easily applicable conventional solutions, such as ultrathin acoustic absorbers,
spatially compact acoustical lenses, acoustic cloaking, and many more [1]. One type of AMMs that have
been widely studied in recent years are labyrinthine and space-coiling acoustic metamaterials. It has been
experimentally proven that a properly designed labyrinthine acoustic metamaterial can exhibit attractive
sound attenuating properties. What is more, they can shift the band of strong sound attenuation to desired
frequencies by changing geometric features, therefore they are valuable for noise reduction applications [1].
In the 1990s, the concept of a phononic crystal was derived [3]. In 1992, Sigalas theoretically synthesized
phononic crystals for the first time [5]. Kushwaha formally proposed that concept in 1993 [6]. The first and
probably most widely known AMM, created by Liu in 2000 was designed to isolate low-frequency sound
much more efficiently than the classical mass law [7]. In 2015, Li designed a curly space structure composed
of a Jerusalem cross groove air matrix periodically arranged in a square lattice [8]. The same year, Wang
designed an S-shaped structure in a square lattice. They found that the structure can produce a more
complete and larger bandgap in the lower frequency than the structure proposed by Li, with the same lattice
parameters [9]. In 2017, Xia designed a spatially coiled acoustic metamaterial based on the Hilbert fractal
structure [10]. In 2019, Dong proposed a new structure with broadband double-negativity based on the cavity
structure and spatial curling mechanism. The negative refraction and sub-wavelength imaging of the
structure were numerically simulated [11].
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In this paper, three types of space-coiling AMMs are designed, and their sound-blocking properties are tested
through numerical simulations and later one shape is evaluated through measurement of a 3D printed sample.
The results are presented and discussed.

2

2.1

Types of designed acoustic metamaterials

Zigzag Acoustic Metamaterial

First tested type of analyzed AMM is Zigzag Acoustic Metamaterial (ZZAMM) in which the sound wave
propagates along the zigzag channels. Therefore the propagation length of the sound wave is greatly
multiplied. Thanks to that phenomenon the effective sound speed in the Zigzag AMM is ultraslow compared
to the background medium. The zigzag shape is created based on the Wunderlich curves which are a
collection of plane-filling curves. The Wunderlich curve begins with an s-shape, and each successive
iteration translates-rotates-reflects its copies in a 3×3 grid. In this paper, a few different size configurations
of ZZAMM are tested based on previous works where the structures were found to have broadband sound
blocking properties. The geometry can be described by 4 parameters: side length a, channel width w, internal
wall length L and wall thickness d as presented on Figure 1. The next iterations are created by adding more
internal walls creating zigzag channels of length L/2N-1 where N is the iteration level. The proposed
dimensions of ZZAMMs are presented in Table 1.

Figure 1 - Dimensions of ZZAMM unit cell.
Table 1 - Dimensions of proposed first-order to third-order ZZAMMs.

Lattice constant a [mm]
The thickness of solid walls d
[mm]
Width of a passage between
channels w [mm]
Internal wall length L [mm]

70

First-order
65

Second-order
70
65

70

Third-order
65

1

1

1

1

1

1

10,5

8

4

4

2

1.2

24.8

23

24.8

23

24.8

23
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2.2

Hilbert Fractal Acoustic Metamaterial

Second tested type of Labyrinthine Acoustic Metamaterial is Hilbert Fractal Acoustic Metamaterial
(HFAMM) whose geometry is based on the Hilbert Curve that generates an acoustic waveguide which
significantly elongates the path that the sound wave propagates through [2]. The path of sound propagation is
also iterated by increasing fractal order. As a result, coiling up space can be considered equivalent to an
artificial medium with an ultraslow sound speed [13]. In this paper, a few different size configurations of
HFAMM are designed and tested. HFAMM can be described by the dimensions presented on Figure 2. The
proposed dimensions of HFAMMs are presented in Table 2.

Figure 2 – HFAMM dimensions.
Table 2 - Dimensions of proposed first-order to third-order HFAMMs

First order

Second order

Third order

2.3

70
70
65
65
60
70
70
65
65
60
60
70
70
65
65
60

4
2
4
2
2
4
2
4
2
4
2
4
2
4
2
4

31
33
28,5
30,5
26
13,5
15,5
12,25
14,25
11
13
4,75
6,75
4,125
6,125
3,5

15,5
16,5
14,25
15,25
13
6,75
7,75
6,125
7,125
5,5
6,5
2,375
3,375
2,0625
3,0625
1,75

Spider Web inspired AMM

Third tested type of designed AMMs is Spider Web Inspired AMM (SWAMM). This structure type have
been first proposed in 2015 [15] as ultra-sparse metasurface based on artificial Mie resonances and later
developed [16]. The unit cell of SWAMM consists of a square external frame and a circular ‘labyrinth’
divided into either four or eight independent circular-shaped channels connected at the center. The schematic
diagram of the SWAMM is presented on Figure 3 as well as the describing parameters of the geometry.
Spider-web structured AMM geometries can be defined by seven parameters: the lattice constant a, the
thickness of solid walls d, the length of side walls l, the radius of the internal cavity r, the width of a passage
between channels w and the curling number N (or the number of circles used to create the curved channels).
3
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Figure 3 – SWAMM unit cell.

Based on previous works and limitations of size based on testing methods a few different size configurations
of a unit cell are tested. The proposed dimensions are presented in Table 3.
Table 3 - Proposed dimensions of the unit cell.

Lattice constant [mm]
The thickness of solid walls [mm]
Length of side walls [mm]
Radius of the internal cavity [mm]
Width of a passage between channels
Curling number
Number of sections

3

70
1
50
3
3
7
4

[mm]

70
1
50
3
3
7
8

65
1
45
2.5
2.5
7
4

65
1
45
2.5
2.5
7
8

Numerical simulations

The base concept of AMM is that only one unit cell needs to be designed in order to determine the sound
manipulating properties of a larger sample. The fact that the effective parameters of a metamaterial can be
determined using simple and efficient methods is one of the most powerful aspects of metamaterials [12].
3.1

Modal analysis and Mie resonances

It has been proven that in AMMs resonance modes such as monopole and multipole occur. The eigenstates
of AMMs are studied by the Ansys Mechanical Acoustic Modal Analysis module. The monopole resonance
can produce a negative bulk modulus, while the dipole resonance can generate a negative mass density. To
obtain resonant frequencies as well as mode shapes of AMMs the air channels are modeled. The boundaries
are set as Radiation Boundary to eliminate the influence of reflections. The pressure at the interconnection
center of AMM with respect to air losses is investigated to confirm the monopole and dipole resonances
occurring in structures (Mie resonances), associated with sound blocking behavior.
The Acoustic Harmonic Analysis module of Ansys Mechanical has been used to calculate the pressure
magnification at the center of the unit cell. The acoustic pressure of amplitude 1 Pa is applied to obtain plane
wave excitation. The sides of the channels are considered to be rigid to model sound-hard boundary between
air and solid structure. The outside walls are set as Radiation Boundary to eliminate the influence of
reflections. Thermo-Viscous Boundary is applied at channel walls as it has been proven that viscous-thermal
losses should be considered [2].
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3.2

Transmission characteristics

The Transmission Loss is obtained through simulation to test the sound attenuating properties of a single unit
cell of AMM. Surface velocity of 0.5 m/s is applied normal to the left boundary of the unit cell. The sound
transmission is only calculated in the x-direction at the left and right boundary (inlet and outlet) of the unit
cell. Channel walls are set as rigid to simulate sound hard boundary between the solid structure of AMM and
air. The air is lossy and viscous-thermal losses are taken into account. Outside walls are set as radiation
boundaries. The transmission is tested in the range from 0 to 1000 Hz for all designed unit cells of all AMMs
types.
3.3

Sound Pressure Field

The sound pressure field distributions of the metamaterial in a rectangular waveguide were investigated.
First, the frequency response of SPL at the outlet of the waveguide is obtained. Then the SPL field
distributions at a frequency corresponding to the lowest values are calculated. At last, the SPL is compared
with the sound pressure distribution of a rigid square obstacle of the same size. The excitation of the pressure
of 1 Pa is applied at the left boundary of the model. The channel walls and outside walls are set as rigid to
simulate waveguide conditions. The air is lossy and thermo-viscous losses are considered.

4

Measurement procedure

Sample of HFAMM of first order has been produced by 3D print method and tested with the use of
impedance tube for Transmission Loss values. The method used in this paper is in compliance with the
E2611-17 standard method. It uses an impedance tube with a sound source connected to one end and the test
sample mounted in the tube. For transmission loss, four microphones, at two locations on each side of the
sample, are mounted. Plane waves are generated. The acoustic transfer matrix is calculated and the
transmission loss is extracted [14]. The equipment used for the experiment is presented on Figure 4. The
impedance tube was Brüel & Kjær Transmission Loss Tube Kit Type 4206-T with four ¼” Condenser
Microphones Type 4187. The remaining elements of the setup were Generator, 4/2-ch. Input/Output Module
Type 3109, Power Amplifier Type 2716C, and a Computer. The thickness of the sample was 65mm and the
distances between microphones were equal to 50mm.

Figure 4 – Experimental equipment setup and metamaterial sample
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5

Results

5.1

Modal Analysis and Mie Resonances

In all of the tested unit cells both monopole and dipole mode shapes occur. The first two resonant
frequencies are shown in tables 4 - 6. The simulations of acoustic pressure magnification in the center of the
unit cell have shown that the maximum occurs at the frequency close to the monopole resonance frequency.
Therefore it can be assumed that these localized modes correspond to Mie resonances which within the
designed metamaterial unit cells is due to the negative effective density and bulk modulus.
Table 4 - Frequencies of monopole and dipole modes of ZZAMMs.

The lattice
constant [mm]
70
65

First-order
Monopole
Dipole [Hz]
[Hz]
861.7
1827.1
925.1
1851.8

Second-order
Monopole
Dipole [Hz]
[Hz]
599.7
1231.8
625
1278.4

Third-order
Monopole
Dipole [Hz]
[Hz]
182.1
364.2
206.6
411.5

Table 5 - First two resonant frequencies of HFAMMs from first to third order.

Unit cell
side length
[mm]
70
70
65
65
60

Channel
width
[mm]
2
4
2
4
2

First-order
Dipole
Monopole
[Hz]
[Hz]
828.3
2651
978.6
2591.8
910.2
2848.8
1070.3
2784.4
1007.3
3078.9

Second-order
Monopole
Dipole
[Hz]
[Hz]
622.2
1296.9
583.8
1272.8
675.5
1401.6
633
1372.6
690.6
1489.3

Third-order
Monopole
Dipole
[Hz]
[Hz]
367.1
737.4
329.3
668.8
405.5
813.4
357.4
725.2
390.8
791.9

Table 6 - First two resonant frequencies of SWAMM from first to third order.

Unit cell side length
[mm]
70
70
65
65

Number of sub-sections

Monopole [Hz]

4
8
4
8

446.4
817.6
525.9
977.6

Dipole [Hz]
932.3
1630.3
1096.5
1931

For all tested unit cells their resonant frequencies shift to lower bands with the increase of unit cell size
length
a
and
with
decrease
in
channel
width
w.
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Table 7 contains monopole and dipole mode shapes of designed AMMs.
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Table 7 – Mode shapes of AMMs.

HFAMM

SWAMM

dipole

monopole

ZZAMM

5.2

Transmission characteristics

Figure 5 presents comparison of Transmission Loss of three designed types of AMMs. This paper focuses on
attenuation of harmonic noise with strong low frequency components. Therefore the TL values are presented
for unit cells of side length a = 70mm and channel width w=2mm (third-order fractal of ZZAMM and
HFAMM and SWAMM with 4 sub-sections) as for these dimensions the monopole and dipole frequencies
were lowest for all metamaterial types. The chart shows that SWMM has lowest sound blocking properties
and ZZAMM achieves highest values of TL. However the HFAMM has similarly high TL values with
periodically occurring peaks and dips which is desirable for harmonic noise reduction. Based on these
observation unit cell of HFAMM have been chosen for further testing.

Figure 5 – Transmission Loss of three types of AMMs.
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Sample of HFAMM of first order has been produced by 3D print method and tested with the use of
impedance tube for Transmission Loss values. FEM simulation has been conducted with conditions that
possibly best matched the measurement conditions. Both results are presented on Figure 6. In both cases, TL
values are very low up to around 1500 Hz. Simulation data has a peak at 2280 Hz which perfectly aligns with
experimental data, although for the second there is also a much larger peak at 2072 Hz. Above 2500 Hz TL
rises with the frequency but simulation data is consequently lower. There are many reasons why the
simulation and experimental data show such a significant difference. First, in simulation, the AMMs walls
were set as rigid, while during the measurement the structures element were only fixed at one edge. What is
more, the 3D printed model has the cylindrical element, which was not modeled in the simulation. However,
the experimental results seem to be not only proving the capabilities of sound attenuating of the AMMs but
also show that in real-life conditions it might have even better efficiency.

Figure 6 – TL values from measurement and simulation

5.3

Sound Pressure Field

Figure 7 presents Sound Pressure Level calculated at the outlet of a waveguide. First order unit cell has two
peaks in the measured frequency range and in the narrow band the curve lays below that obtained for the
solid block. With higher-order unit cells, more dips and peaks occur. The SPL lays below that measured for
the solid block in a range of frequencies above 600 Hz for second-order and range from around 375 Hz to
700 Hz for third-order unit cells. Figure 8 shows SPL distributions in a waveguide with inserted unit cell of
HFAMM of third order and solid obstacle at the frequency of 650 Hz. It can be observed that after the
metamaterial the SPL has much lower values (around 60 dB) that in the case of a rigid obstacle (90 dB)
which proves the sound-blocking capabilities of a metamaterial.
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Figure 7 – SPL at a distance of a lattice constant from unit cell of HFAMM

Figure 8 – SPL distributions in a waveguide

6

Conclusion

In this paper, three types of fractal inspired labyrinthine AMMs have been designed and their soundattenuating properties have been investigated. The numerical results have demonstrated that the proposed
AMMs can generate both the monopole and dipole modes and with the increase of the fractal order, the
monopolar and bipolar resonances shift to the lower-frequency region. What is more, it has been found that
the TL of the first-order to fourth-order HFAMMs and ZZAMMs increases with the decrease of the
waveguide width w. The properties of a designed HFAMM of first-order have been tested with the use of a
3D printed sample for TL values. Comparing the numerical simulation results with measurement results, it is
found that the values obtained through measurement are much higher but in the region of interest (below
10
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1000 Hz), the TL is generally small. It can be caused by the absence of side walls closing the sample as in
the simulations. It leads to a conclusion that these structures should be used and further tested with the side
walls closing the channels. Furthermore, based on the method of selecting the optimal AMMs, we can easily
design the AMMs suitable for the frequency bands of the noise that need to be reduced, therefore, there is a
broad application prospect in the field of noise reduction, especially for low-frequency noise. Considering
the problem of this work the HFAMM of third-order is most suitable for low-frequency harmonic noise
reductions. Its TL values are highest from all tested AMMs and the sound insulation bands occur
periodically. Generally bigger unit cell size and smaller waveguide width are recommended.
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Abstract
We present experimental evidence showing the redirection of flexural waves propagating in a thin plate. We
have designed, fabricated and characterized a device consisting of an array of twenty-one holes that splits an
incoming collimated beam in two secondary beams that are redirected to directions tilted ±90o with respect to
the incident direction. The experimental setup includes an electromagnetic acoustic transducer (EMAT) and
a platonic crystal that collimates the omnidirectional waves excited by the EMAT. The map of the out- ofplane vibrations measured by a scanning laser Doppler vibrometer demonstrates the splitting predicted by the
numerical simulations.

Keywords: Flexural waves, energy redirection, platonic crystals, thin plates, out-of-plane vibrations.

1

Introduction

The control of vibrations propagating in metallic plates and beams is receiving increasing attention in recent
years. Particularly interesting is the study of flexural waves propagating in thin metallic plates and how they
can be controlled by periodic distributions of holes and cavity resonators. This type of periodic structures has
been denominated as platonic crystals (PC) [1-2]. The presence of beams inside the holes has its own interest
since they behave as a new type of resonators whose local resonances can be adjusted by tailoring their
geometry. The scattering properties of a hole with one beam and N-beams have been studied by a semianalytical approach introduced by Climente and coworkers [3-4]. Later, Andreassen et al. [5] and Gao et al.
[6] studied the properties of lattices of N-beam resonators, including the formation of flexural bandgaps and
its dependence with the number of layers in finite crystals.
Regarding the redirection of vibrational energy, the redirection of acoustic energy was firstly demonstrated
in different acoustic structures [7-9]. Later, based on the previous studies, Gao et al. [10] proposed a device
in thin plates redirecting the impinging flexural waves in directions tilted ± 90o with respect to the incident
direction. The device consisted of an array of holes producing the energy redirection and another structure,
made of three layers of two-beam resonators, put at the back of the holes’ structure to enhance the energy
redirection. Their numerical simulations predict that up to an 82% of the impinging energy could be
redirected sideways by the proposed device.
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In this work, we present the design, fabrication an experimental characterization of a device to redirect
flexural waves. The device consists of a structure made of twenty-one free holes, which we denominated as
the “redirector”. The redirector receives the impinging vibrational waves and redirects partially the energy
sideways. The work is described as follows: Section 2 presents details of the design process together with the
numerical simulations predicting the redirection properties of the proposed device. Section 3 reports the
experimental setup and the measurements validating the behaviour of the proposed structure. Finally, Section
4 summarizes the work performed.

2

Model and numerical simulations

According to the proposal in [10], it is convenient that the beam impinging the redirector has a width smaller
than the frontal surface of the device. Therefore, as the first step in the process to demonstrate the device
performance, we have to design another device (the collimator) having the functionality of transforming an
omnidirectional punctual source of flexural waves into a collimated beam. The structure acting as collimator
has been obtained following a procedure previously employed for acoustic waves in phononic crystals [1112]. In brief, we have calculated the band structure of a platonic crystal consisting of a square distribution of
holes and have selected the narrow band within the flexural waves are collimated or guided in the direction
of interest. The band structure for square lattices of holes with different dimensions have been obtained by
using the semi-analytical approach introduced in [6]. From their analysis we have concluded that free holes
with radius 5 mm distributed in a square lattice with period 12 mm provides equi-frequency contours such
that waves at 15 kHz have the property of producing a collimated beam from an omnidirectional source.
Figure 1 shows the functionality of the PC-based collimator. The simulations are performed with COMSOL
multiphysics, using the material parameters corresponding to the aluminium plates employed in the
experiments (see Table 1). Perfect absorbing layers are employed at the boundaries of the plate to avoid
undesirable reflections.

Figure 1 – Snapshot of the calculated the Z-displacement field in the plate containing the collimator. It
shows the collimation of flexural waves created by an omnidirectional source of 15 kHz located near to the
right-hand-side surface of a platonic crystal slab made of 20 layers of free holes (white circles).
Table 1 – Material parameters of the aluminium plates employed in the experiments.
2
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Young’s modulus (E)
GPa
70

Poisson’s ratio (ν)
0.33

Density
kg/m3
2.7×103

Thickness (h)
mm
1

Once we know the profile of the incident beam, the redirector has been designed following the procedure
described in [10]. Particularly, we have studied the leaky waveguides in platonic crystals slabs made of large
holes, looking for the resonant coupling with the incident waves at the selected frequency. The final structure
of the redirector consists of a PC-slab consisting of an array of twenty-one free holes, with radius 6.5 mm,
distributed in three layers of seven holes. The underlying lattice is square with parameter 24 mm.
Figure 2 shows the calculated map for the Z-displacement field showing the complex interaction of the
flexural waves generated by the collimator with the ones produced by the redirector, which is represented by
the white circles plot to the left. It is observed that the diffracted beams produced by the collimator strongly
interact with the weak sideways beams produced by the redirector. It is also noticeable that a large amount of
the incident energy crosses the redirector and it is transmitted along the direction of the incident beam.

Figure 2 – Snapshot of the calculated Z-displacement field showing the interaction of the collimated beam with the
redirector device (white circles to the left). The beams redirected to angles ±90o with respect to the incident beam
are barely observed due to their interactions with the diffracted beams coming out from the collimator.
In order to avoid the interaction of the diffracted beams by the collimator we have two options. One option is
to enlarge the cluster defining the collimator along the lateral dimensions, but it has the cost of a large
increase in computational resources. A better option is introducing two rectangular absorbing stripes in the
region between the collimator and the redirector to dissipate the waves diffracted by the collimator.
Figure 3 shows the Z-displacement field map calculated for the interaction of the collimated beam with the
redirector device, the configuration that will be explored experimentally. Now, the sideways-transmitted
beams by the redirector are clearly observed thanks to the absorbing regions located at the positions defined
by the greyed stripes. These regions dissipate almost all the mechanical energy associated to the diffracted
3
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beams, avoiding any interference with the beams redirected to angles tilted ± 90o with respect to the incident
beam.

Figure 3 – Redirection of the impinging beam by the proposed redirector device, an array of twenty-one free holes.
The greyed rectangles represent absorbing regions added to forbid the interaction between the beams redirected to
angles tilted ±90o with the diffracted beams generated by the finite dimension of the collimator.

3

Experimental results

To perform the experimental validation of the designs described above we have employed 1 mm thick
aluminium plates with rectangular dimensions of 800 × 600 mm. The material parameters of this Al-5745
plate are described in Table 1 and have been used in the numerical simulations of Section 2. The external
edges of the plates are covered with a mastic tape in order to mimicking the anechoic boundary conditions
employed in the numerical simulations. Specifically, a 3M Scotch film Electrical Insulation Putty of 3.175
mm thickness and 38.1 mm width was used, applying it along all the plate borders to avoid wave reflections.
The different designs (i.e., collimator, redirector and barrier) have been laser-cut in the different plates
employed in the experiments with an accuracy higher than 0.1 mm. The left panel in Figure 4 shows a zoom
to the array of holes defining the collimator.
The photo in Figure 4 (right panel) shows the experimental setup, with the relevant equipment
highlighted. Regarding the excitation, a sinusoidal signal with the desired frequency and 2 Vpp amplitude,
24-bit resolution and 48 Hz sampling frequency was synthesized by the audio card of a laptop and then
amplified with a 200 W audio amplifier of 200 Watts. The amplified electrical signal was then fed to an
electromagnetic transducer (EMAT) made of a coil surrounding a 12 mm diameter cylindrical magnetic core.
The EMAT is mounted close to the plate and acts as an almost punctual source of omnidirectional flexural
waves with the target frequency without any direct contact between transducer and plate.
To characterize the propagation of the flexural waves, we use a Polytec PSV-500 scanning laser
Doppler vibrometer (LDV). A two-dimensional map of the Z-displacement field in the entire plate is
obtained without any mass addition, which could introduce unintended effects. The LDV scanning head is
composed of a 633 nm He-Ne laser, together with a series of motorized beam splitters and mirrors capable of
4
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positioning the outcoming beam with an angular resolution higher than 0.001º. The Doppler effect induced
in the backscattered beam by the vibration of the target surface, when compared with a reference beam,
generates an interference pattern correlated with the frequency of the surface vibration. Furthermore, the
LDV can determine the number of dark/light fringes and use interpolation and demodulation techniques to
report displacements (in the order of pm) instead of velocities.
In our setup, the LDV head was placed at approximately 2 m from the measurement surface, which was
discretized into a scanning grid of 16667 points (avoiding the collimator, redirector and the sidelobeinsulating strips). The scan spatial resolution, higher than 3.5×3.5 mm, was selected to achieve at least 7
measurement points per target wavelength (25.29 mm). Further grid resolution tests were performed using up
to ten measurement points per wavelength (2×2 mm resolution), but only marginal improvements in the
wave pattern characterization were obtained in those cases.
The vibrometer was set to analyse frequencies from 10 kHz to 20 kHz, by means of 3201 FFT lines. In
order to preserve the phase reference when the mirror set was redirecting the laser beam to the next scanning
position, the audio signal from the sound card was split and fed to the LDV front-end as reference. This
allows the LDV to record not only the amplitude but also the phase at each measurement point, and permits
reconstructing the time evolution of the wave pattern across the whole plate.

Figure 4 – (Left panel) photo of the holes showing the accuracy of the laser cutting. (Right panel)
Experimental setup employed to measure the out-of-plane displacement field produced by the flexural waves
propagating in the aluminium plates containing the platonic crystal structres.
In what follows we describe the results obtained with the characterization procedure explained before. We
will report on the collimator device and on the final structure containing the collimator together with the
redirector and the barrier. For a comprehensive description of all the results obtained in this work, the reader
is addressed to an upcoming article that will be published elsewhere.
3.1

The collimator

First, the performance of the collimator was proven in a separated plate in order to check that the array of
holes was able to generate a collimated beam by using the EMAT as the non-punctual source of
omnidirectional flexural waves.
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Figure 5 validates the design of the collimator simulated in Section 2. It is observed that a collimated beam
results from the interaction between the omnidirectional source of flexural waves excited by the EMAT and
the array of holes defining the collimator.

Figure 5 – Measured map of the out-of-plane displacement field. It shows the collimating beams obtained at
15 kHz by the collimator structure and using an EMAT as excitation source. The area containing white
circles in a greyed background is an illustrative image pasted to the map since no measurements were
attempted in the area covered by the collimator.

3.2

Collimator+redirector

Once the performance of the collimator has been proven, the arrays of holes defining the structures for the
collimator and the redirector were laser cut in another plate in order to validate the numerical results shown
in Figure 3. As before, to mimic the conditions in the numerical simulations we have created the rectangular
absorbing regions by applying mastic tape to the surface of the plate. The measurements confirm that the
mastic tape is an efficient material to dissipate the vibrational energy.
Figure 6 shows the 2D map resulting from the experimental characterization. For visualization purposes, the
images of the collimator and the redirector have been pasted to the data map since, in those regions, no
measurements were attempted. Though the splitting and redirection of the impinging beam is clearly
demonstrated, the effect can be enhanced by using a barrier at the rear surface of the redirector. This solution
has been proposed in [10] and we hope to demonstrate its feasibility in the near future.
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Figure 5 – Measured map of the out-of-plane displacement field. It shows the collimating beams obtained at
15 kHz by the collimator structure (white area) and using an EMAT as excitation source. The greyed
rectangles represent absorbing regions created by adding mastic tape to the plate surface.

4

Conclusions

In summary, we have demonstrated experimentally that a collimated beam of flexural waves can be deviated
sideways by using a very simple structure consisting of only twenty-one drilled holes in the plate. This
structure of holes, here denominated as redirector device, has been designed with the specific function of
tilting to angles ±90o with respect to the direction of the incident beam. The underlying mechanism is the
resonance coupling of the incoming wave with the lowest order leaky guided modes of the platonic crystal
slab defined by the structures of holes [10]. The results described here open the possibility of a further
control of flexural ways by tailoring the fascinating scattering properties of arrays of holes and resonators in
metallic plates.
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Abstract
We present a 3-dimensional fully natural sonic crystal composed of Aegagropilae that are spherical aggregates
resulting from the decomposition of Posidonia Oceanica. The fiber network is first acoustically characterized,
providing insights on this natural fiber entanglement due to turbulent flow. The seagrass fibrous spheres are
then arranged on a principal cubic lattice. Band diagram and topology of this structure are analyzed, notably
via Argand representation of its scattering elements. This fully natural sonic crystal exhibits excellent sound
absorbing properties and thus represents a sustainable alternative that could outperform conventional acoustic
materials.
Keywords: Natural sonic crystal, Acoustic characterization of Aegagropilae, Perfect absorption, Topology.

1

Introduction

Complex biological structures usually result from the adaption of living bodies to their environmental
constraints. These structures generally ensure several functionalities in nature [1]. Very few of them are
the result of natural dynamic processes involving organic waste, apparently formed for no particular reason
and without ensuring any specific functionality. Aegagropilae such as Posidonia balls are the archetype of
these organic structures. They are natural spherical aggregates formed by entangled fibers as a result of the
decomposition of Posidonia Oceanica.

2

Fully natural 3-dimensional sonic crystal

Aegagropilae spheres were cut into four parts, resulting in quarter-spheres. Six Aegagropilae quarter spheres

of radii 20 ± 1 mm are placed in a square cross-sectional impedance tube with side d 2 = 21.5 mm, their centers
being separated by a distance d = 43 mm. A finite depth perfectly periodic structure is created, composed of
six layers incorporating spheres arranged over a square lattice, thus mimicking a finite depth primitive cubic
system with a filling fraction ff ≈ 0.4. The reflection and transmission coefficients are measured via 4 flush
mounted microphones for frequencies below the cut-off frequency of the impedance tube.
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Figure 1(a) depicts the absolute value of the reflection and transmission coefficients, |R| and |T |, as well as
the absorption coefficient α = 1 − |R|2 − |T |2 measured experimentally and calculated by the Finite Element
Method. Both measured and simulated coefficients are in good agreement assuming sphere radii of 19.5 mm
and fiber network properties as determined previously. The Bragg interference is clearly noticed around fB ≈
c0 /2d ≤ 3950 Hz, as highlighted by the grey regions. While Bragg interference is usually associated with a
band gap, preventing the propagation of acoustic wave, therefore leading to a minimum transmission, the weak
impedance contrast between the soft Aegagropilae spheres and the air medium almost prevents the band gap
translation in the transmission coefficient. The quasi absence of band gap is also confirmed by the dispersion
relation depicted in Fig. 1(b-c). In addition, the reflection coefficient presents five smooth peaks (and six
minima) before the Bragg frequency corresponding to the Fabry-Perot interference arising from the six layers
(see Fig. 1). These Fabry-Perot interferences are not visible in the transmission coefficient absolute value
because of the attenuation.
To get further insights on the acoustic behavior of this primitive cubic system, the Argand diagram [2] of R
and T , i.e., their values in the complex plane in function of frequency, are depicted in Fig. 1(d). Of particular
interest is that R describes half a loop from the positive to the negative real half spaces within the first band gap
as a translation of the topological character of the gap. Within the second bulk band, R goes back from negative
to positive real half spaces around 5500 Hz as a manifestation of the symmetry inversion of the system [3].
This band is thus a nontrivial bulk band with two opposite edge states. A quasi-perfect absorption peak is also
noticed around the symmetry inversion frequency at 5500 Hz. The absorption coefficient is higher than that of
a full 6 × d-thick layer occupied by the fibrous materials as can be seen in Fig. 1(a) for most of the frequency
range considered.
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Figure 1: Scattering properties of a 3D primitive cubic arrangement of periodicity d = 43 mm, made of N = 6
Aegagropilae spheres of radius 19.5 mm. (a) Absorption, reflection and transmission coefficients calculated
numerically (black, red and blue continuous curves) and measured experimentally (open black circles, open
red squares, and open blue triangles). The grey continuous line represents the absorption coefficient of a bulk
material of identical thickness. (b) Real and (c) imaginary parts of the complex wave number reconstructed
numerically (continuous lines) and experimentally (markers). (d) Argand diagram of T (blue curve) and R (red
curve) over the frequency range [0 Hz,7000 Hz] obtained numerically (continuous) and experimentally
(markers).
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3 Conclusions
The acoustic behavior of this fully natural Aegagropilae sonic crystal reveals several outstanding aspects
of the fiber network structure and sonic crystals constituted of soft and dissipative medium scatterers, but also
links between sonic crystal topology and acoustic properties in the day to day life. First, the fiber network
micro-structure has been assessed by acoustical means. The acoustic properties of the Aegagropilae core
are found highly correlated to information provided by stereo microscopic image. Acoustic characterization
is thus a cheap, easy and efficient tool to study natural fiber entanglement and so Aegagropilae formation.
Second, the dissipative and soft natural sonic crystal was found to exhibit specific fetaures, notably the almost
unique translation of the Bragg interference in the reflection coefficient. Nevertheless, the Argand diagram of
both R ad T are found highly informative for the edge state qualification. The second bulk band of this sonic
crystal is a nontrivial one with a symmetry inversion. Third, topology analysis of the sonic crystal explains the
absorbing efficiency of the structure that largely overcome that of a layer of identical thickness and material.
Aegrophilae fiber sonic crystals are also fully natural structures that outperform acoustic properties of usual
acoustic material, the use of which does not require transformation. In terms of proving the existence of natural
acoustic/elastic metamaterials, Aegagropilae are excellent candidates. More information can be found in Ref.
[4].
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Abstract
In the design of plate structures it is of particular interest to bound the levels of sound transmission and related
discomfort. In presence of narrowband excitations, such as harmonic loads due to rotating machines, a reduced
sound transmission can be achieved through a limited mechanical response by avoiding structural resonances
in the related frequency bands. This also helps in preserving the structural integrity. In this work, an approach
based on topology optimization is proposed to find the optimal material thickness distribution within the plate
area, in order to maximize the width of the frequency band that does not contain structural eigenfrequencies.
The method is here applied targeting different frequencies in the audible range and focusing on practically
relevant design cases, such as the optimal design of PMMA panels and single glazing structures. An efficient
optimization is obtained through a simple mechanical Finite Element (FE) model to predict the structural
eigenfrequencies, and the improvement in Sound Transmission Loss (TL) for the optimized designs is then
verified through hybrid Finite Element-Statistical Energy Analysis (FE-SEA) simulations.
Keywords: Topology optimization, sound transmission loss, optimal material distribution, PMMA panel,
glazing panel.

1

Introduction

In the design of plate structures, improved vibration response and sound insulation behaviour in specific
frequency bands can be achieved by considering a non-uniform material distribution [1,2]. An interesting
approach is to design optimal structures with controlled eigenfrequencies, as eigenfrequencies are the key
elements in obtaining the desired dynamic vibroacoustic performance [1] and can be computed with reduced
computational cost with respect to full dynamic simulations for several frequencies.
In presence of narrowband disturbances, such as harmonic loads due to rotating machines, the vibroacoustic
performance of the structure can be improved by moving its eigenfrequencies as far as possible from the
disturbance frequency. In this paper, we apply this design strategy to plate panels for civil applications, in
order to effectively bound the levels of vibration and sound transmission, i.e. preserving the structural integrity
while improving the comfort of people. The focus is on both PMMA and glazing panels, that will be optimized
considering different possible disturbance frequencies in an application relevant range.
The design problem is solved through the topology optimization approach [3], in order to find the optimal
thickness distribution within the panel area that maximizes the width of the frequency band around the
disturbance that has no eigenfrequencies. The optimal layouts are found relying on an in-vacuo mechanical
finite element model of a simply supported plate, that allows for a computationally efficient optimization. The
sound insulation performance of the optimized layouts are verified a posteriori through a hybrid finite element
statistical energy analysis (FE-SEA) model [4], in which the deterministic (FE) model of the plate is coupled
with the sound fields in the source and receiving rooms, modelled as diffuse (SEA) subsystems.
The present paper is organized as follows: Section 2 describes the mechanical finite element model used to
compute the structural eigenfrequencies, along with the considered design variables to describe the thickness
1
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distribution. Section 3 presents the formulation of the topology optimization problem and the details of the
associated solution procedure. The results of the topology optimization when optimizing the modal behaviour
of the panel are shown in Section 4, while in Section 5 we verify the achieved improvements on the sound
transmission loss by hybrid FE-SEA analyses. Finally, Section 6 concludes the paper with a summary of the
main findings and drawing the related conclusions.

2

Mechanical finite element model of the plate and design variables

Referring to Figure 1, the plate panel is modelled as simply supported on its four edges, and discretized by 50
× 50 Kirchhoff plate elements. The eigenfrequencies ω𝑖 and the modal shapes 𝚽𝒊 of the structure can be found
by solving the following eigenvalue problem:
(ω2𝑖 𝐌 + 𝐊)𝚽𝐢 = 𝟎

(1)

where 𝐊 and 𝐌 are the global stiffness and mass matrices respectively. The eigenfrequencies in Hz can be
found as f𝑖 = ω𝑖 /2π.
The thickness distribution is described by associating each 𝑒-th finite element with a design variable γ𝑒 ∈ [0,1]
that is used to scale the element thickness. The filtering scheme from [5] is applied to the field of design
variables 𝛄, in order to avoid spurious checkerboard layouts and mesh dependence in the obtained solution.
Starting from γ𝑒 , the filtered design variables are obtained through the following convolution type filter:
∑𝑗∈ℕs,𝑒 w(𝐱 𝒋 )v𝑗 γ𝑒,𝑗
(2)
γ̃𝑒 =
∑𝑗∈ℕs,𝑒 w(𝐱𝒋 )v𝑗
where v𝑗 is the volume of the 𝑗-th element and ℕs,𝑒 is the set of neighbouring elements, i.e. the set of elements
lying within a circle with radius rmin centred on the centroid of element 𝑒. The linear weighting function w(x𝑗 )
is given as:
(3)

w(x𝑗 ) = rmin − |𝐱𝒋 − 𝐱𝒆 |
where 𝐱𝒋 = (x𝑗 , y𝑗 ) and 𝐱𝒆 = (x𝑒 , y𝑒 ) are the coordinates of the centroids of elements 𝑗 and 𝑒.

The filtered design variables are used to scale the thickness of each finite element between a minimum and a
maximum value (t min and t max respectively), and then to accordingly scale its stiffness and mass matrices:
t 𝑒 = t min + (t max − t min ) ⋅ γ̃𝑒

⇒

𝐊 𝒆 (t 𝑒 ) = 𝐊 𝒆 (t = 1) ⋅ t 3𝑒 ,

𝐌𝒆 (t 𝑒 ) = 𝐌𝒆 (t = 1) ⋅ t 𝑒

(4)

where 𝐊 𝒆 (t = 1) and 𝐌𝒆 (t = 1) are the matrices related to reference elements with unitary thickness. The
scaled element matrices are assembled to find the global matrices used in Eq. (1).

Figure 1 – Scheme of a simply supported plate discretized by finite elements.
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3

Formulation and solution of the topology optimization problem

The design problem is formulated in order to find the optimal thickness distribution within the panel area, that
maximizes the width of the frequency band with no structural eigenfrequencies around the disturbance
frequency. This is achieved by considering the following objective function and constraints:
max𝛄,β β
|f − fc |
β≤ 𝑖
∀𝑖
fc
subject to: {
∑ v γ̃
Vol = 𝑒 𝑒 𝑒 ≤ 1
∑𝑒 v𝑒

(5)

Referring to Figure 2, the focus is on the normalized distance |f𝑖 − fc |/fc between the 𝑖-th eigenfrequency f𝑖
and the disturbance frequency fc . In order to maximize the normalized distance of the closest eigenfrequency,
we introduce a further design variable β, that is used as the objective function to be maximized while imposing
that β is lower than all the considered normalized distances. As it will be shown in the next Section, the final
value of the objective function β will be therefore directly related to the width of the obtained frequency range
with no eigenfrequencies. No particular constraints are imposed on the fraction of usable material Vol, that is
free to vary between 0 and 1.
The formulated optimization problem in Eq. (5) is solved for local optimality using the gradient-based Method
of Moving Asymptotes (MMA) [6]. The method iteratively updates the thickness distribution depending on
the values and the derivatives of objective function and constraints, until all constraints are satisfied and a
maximum in the objective function is found. In particular, the sensitivities of objective function and constraints
are found analytically, by differentiating their expressions and by exploiting the expression for eigenvalue
sensitivities found in [3].
We note that our preliminary numerical experiments have shown that the considered design problem results to
be non-convex, and the local optimum found by the MMA in general depends on the initial set of design
variables. In order to mitigate this effect and better approximate the global optimum, we therefore perform
multiple optimizations for each considered design case, by considering different initial guesses consisting of
uniform thickness distributions with different constant values.

Figure 2 – Illustrative mechanical response of a plate panel, with marked distance between the disturbance
frequency fc and the 𝑖-th eigenfrequency f𝑖 .
3
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Table 1 – Material and geometrical properties of the considered PMMA and glazing panels.
Panel dimensions
ν
η
E [GPa]
t min [mm]
ρ [kg/m3 ]
PMMA
1275
4.5
0.35 0.06
15
1m×1m
Glazing
2500
62
0.22 0.01
4
1.25 m × 1.25 m

t max [mm]
60
12

The design targets practical applications related to single PMMA and glazing panels, that due to the varying
thickness will be translucent but not fully transparent. The considered material parameters (mass density ρ,
Young modulus E, Poisson ration ν, damping loss factor η), along with the panel dimensions and the range of
variation [t min , t max ] for the thickness are listed in Table 1.

4

Optimization results: designed layouts

The optimized layouts for PMMA and glazing panels are shown in Figures 3 and 4 respectively, while the
corresponding values of the objective function β are listed in Tables 2 and 3. As previously mentioned, β
directly relates to the width of the obtained frequency band with no eigenfrequencies: in the Tables also its
reference values for 1/3-octave and octave bands are reported. Different disturbance frequencies fc have been
considered for the designs, all in a relevant range for practical applications between 125 and 2000 Hz.
The optimized layouts show how the algorithm is able to effectively modulate the thickness within the panel
area, in order to properly tailor the stiffness and mass distributions and control the eigenfrequencies of the
system. In particular, we see how the complexity in the geometric features described by the thickness
distribution increases at higher target disturbance frequencies, as higher order modes need to be controlled
with a more detailed modulation of the panel properties.
Also, we see how the relative width of the obtained frequency band with no eigenfrequencies decreases as the
target disturbance frequency increases: at higher frequencies, the frequency bands (i.e. 1/3-octave bands and
octave bands) become wider, and therefore they involve a higher number of modes to be controlled. Even if
this makes it more difficult to obtain a wide frequency band with no eigenfrequencies, for all the presented
design cases at least around a 1/3-octave band with no eigenfrequencies around the disturbance has been
obtained.
(a)

(b)

(c)

(d)

Figure 3 – Optimized layouts for the PMMA panel: (a) fc = 250 𝐻𝑧, (b) fc = 500 𝐻𝑧, (c) fc = 1000 𝐻𝑧, (d)
fc = 2000 𝐻𝑧.
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Table 2 – Objective functions for the PMMA optimized layouts in Figure 3
Layout
(a) fc = 250 Hz
(b) fc = 500 Hz
(c) fc = 1000 Hz
0.429
0.323
0.227
𝛃(*)

(d) fc = 2000 Hz
0.120

(*) β = 0.1225: 1/3-octave band with no eigenfrequencies, β = 0.4142: octave band with no eigenfrequencies

(b)

(a)

(c)

Figure 4 – Optimized layouts for the glazing panel: (a) fc = 125 Hz, (b) fc = 250 Hz, (c) fc = 500 Hz.

Table 3 – Objective functions for the glazing optimized layouts in Figure 4
Layout
(a) fc = 125 Hz
(b) fc = 250 Hz
0.278
0.207
𝛃(*)

(c) fc = 500 Hz
0.138

(*) β = 0.1225: 1/3-octave band with no eigenfrequencies, β = 0.4142: octave band with no eigenfrequencies

5

Sound transmission loss computation through the FE-SEA model

Pushing eigenfrequencies away from the disturbance reduces the vibration response of the structure and
therefore is effective in preserving the structural integrity. In the following we will also verify how this
considered design objective allows to improve the sound insulation behaviour.
The performances of the optimized layouts in terms of sound transmission loss (TL) are computed through the
hybrid FE-SEA (Finite Element – Statistical Energy Analysis) modelling framework [4,7]: in this case the
plate is modelled deterministically through finite elements to capture its vibration behaviour in full detail,
while the sound fields in the source and receiving rooms are modelled as diffuse (SEA) subsystems. The diffuse
sound fields in the transmission rooms and the deterministic plate model are coupled by employing the diffuse
field reciprocity relationship [8], resulting in a full transmission suite (room-wall-room) model [4,9,10].
The sound transmission loss is computed as TL = 10 log 1/τ, where the sound transmission coefficient τ is
defined as the ratio between the power flow from room 1 to room 2 through the panel and the incident sound
power on the wall in room 1, and is computed from the so-called coupling loss factor η12 between the rooms.
Although the sound transmission loss results to be a random quantity (as the sound fields in the rooms are
random diffuse fields), only its mean (i.e., ensemble averaged) value will be of interest in order to predict the

5
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mean sound insulation of the panel. The mean sound transmission loss will depend on the frequency and on
the panel properties, i.e. its geometry, size and material.
The sound transmission loss of the optimized layouts is shown in Figures 5 and 6, for PMMA and glazing
panels respectively. Also, we show a comparison with reference uniform layouts that have the same mass as
the optimized one. For all the considered cases both the harmonic behaviour and averaged curves in 1/3-octave
bands are shown.
In the plots we can clearly see how the modal behaviour of the panel around the disturbance frequency is
suppressed in the optimized layouts, as resonance dips, associated with structural eigenfrequencies, are
effectively pushed away from the disturbance. This introduces a flattening in the harmonic transmission loss
curves for the targeted frequency ranges, with associated improvements in the sound transmission loss around
5-10 dB with respect to the dip values. A flattened transmission loss curve increases also the robustness of the
configuration to possible uncertainties in system parameters associated with the disturbance frequency and/or
with the features of the structure, i.e. it reduces the probability that the disturbance frequency matches a
resonance dip.
An improvement in the sound transmission loss can be seen also when averaging the curves in 1/3-octave
bands. This especially holds for PMMA panels: in this case the optimized plates show improvements around
7 dB at the frequencies of the disturbance, when compared with the corresponding uniform plates. This kind
of improvement is still present also for glazing panels, but results to be quantitatively lower. We motivate this
by considering that the resonance dips in the glazing are more pronounced than in the PMMA, but also less
(a)

(b)

(c)

(d)

Figure 5 – Sound transmission loss curves for the PMMA layouts: (a) fc = 250 Hz, (b) fc = 500 Hz, (c) fc =
1000 Hz, (d) fc = 2000 Hz. Red curves refer to the optimized panels, while blue curves refer to uniform
panels with the same mass as the optimized ones. Solid lines refer to harmonic plots, while dashed lines refer
to averaging in 1/3-octave bands.
6
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(b)

(a)

(c)

Figure 6 – Sound transmission loss curves for the glazing layouts: (a) fc = 125 Hz, (b) fc = 250 Hz, (c) fc =
500 Hz. Red curves refer to the optimized panels, while blue curves refer to uniform panels with the same
mass as the optimized ones. Solid lines refer to harmonic plots, while dashed lines refer to averaging in 1/3octave bands.
wide in frequency, due to the low glazing damping properties (cf. Table 1). So we will have a different weight
with respect to the PMMA when averaging the TL within 1/3-octave bands. Also, the admissible thickness
range for the PMMA is bigger than the one for glazing, as for PMMA t max = 4 ⋅ t min and for glazing t max =
3 ⋅ t min .

6

Conclusions

In this paper, topology optimization has been applied to design PMMA and glazing single plate panels with
improved vibroacoustic behaviour in specific frequency bands.
The material thickness distribution within the panel area has been optimized in order to maximize the width of
the frequency range with no structural eigenfrequencies around a specific narrowband disturbance. The
optimization has been carried out relying on an in-vacuo mechanical finite element model to compute the
structural eigenfrequencies, that allows for a computationally efficient design procedure. The performance of
the optimized panels in terms of sound transmission loss have been a posteriori verified through a finite element
– statistical energy analysis (FE-SEA).
Different PMMA and glazing panels have been designed considering different target disturbance frequencies
between 125 and 2000 Hz, obtaining at least a 1/3-octave band with no eigenfrequencies for all the considered
design cases. The computation of the sound transmission loss shows how the proposed design methodology is
7
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effective in suppressing the modal behaviour of the panel around the disturbance, achieving a good robustness
of the configuration with respect to uncertainties in the system parameters. In particular, transmission loss
improvements of at least 5-10 dB have been obtained with respect to the resonance dips observed in uniform
panels with the same mass of the optimized ones.
The proposed approach can be extended towards the design of double plate panels, where the material
distributions within each single leaf can be optimized to improve the modal behaviour of the fully coupled
plate-cavity-plate system, and improve the associated vibroacoustic performance.
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Abstract
This paper presents a method to directly measure reflection and transmission coefficients under oblique
incidence in a 2D waveguide. The method is particularly suited for characterizing anisotropic materials,
where these oblique properties cannot be readily calculated from their normal incidence counterparts. The
method works by decomposing the pressure field within the waveguide into cut-on modes based on measurements of the acoustic pressure at multiple microphone positions. The microphone locations are optimized
to improve the robustness of the method. The method is validated using numerical simulations of the
waveguide containing an anisotropic metamaterial. An excellent agreement of the metamaterial properties
is achieved between applying the measurement methodology to a simulation of the waveguide with the metamaterial samples inside and the directly predicted metamaterial properties in a simulation with idealized
assumptions. Furthermore, the designed waveguide is realized and a sample of the metamaterial is measured
experimentally. A good match is also observed between the measurement and the predicted properties.
Keywords: modal decomposition, anisotropic material characterization, angle-dependent coefficients
1. Introduction
During the product development stage of noise treatment solutions, various acoustic performance metrics
of the design including the oblique incidence reflection coefficient (Ro ) and oblique incidence transmission
coefficient (To ) need to be evaluated. Ro and To of an isotropic material sample can be calculated from the
normal incidence reflection coefficient and transmission coefficient, which are measurable using a standard
impedance tube. For anisotropic materials, such as metamaterials, this is not possible due to the anisotropy.
This implies that a way to directly measure Ro and To is needed.
Multiple methods have been proposed to achieve this goal. The free-field in-situ measurement method
[1, 2, 3, 4] measures the acoustic field information (e.g., acoustic pressure or sound intensity) around the
sample under a known acoustic incidence field. In the post-processing, the reflected field can be separated
from the incidence field by analyzing the source and receiver information. However, it requires a large sample
and very accurate positioning of the source and receiver throughout the measurements. Moreover, the ability
to measure To is lacking as the sample is placed on the floor during the measurement which can be regarded
as a rigid backing. The spatial Fourier-transform method assumes that the sound field can be decomposed
into an infinite series of sinusoidal waves of different propagation directions [5]. By integrating the pressure
at an extensive number of points within the field, a sinusoidal wave component of certain propagation angle
can be described, which in turn can be used to calculated the reflection coefficient at these incidence angles.
Owning to the integration process, acoustic measurements at a large number of points are needed, which
yields complex and sometimes intrusive setups [6].
This paper proposes a measurement method based on the modal decomposition method, which assumes
the pressure field of a waveguide to be approximated by the summation of cut-on modes [7]. Compared to
the previously mentioned methods, it ensures the non-intrusive measurement of both R and T in a setup of
an acceptable size. Moreover, after a set of measurements, Ro and To under various oblique incidences can
be obtained simultaneously.
This paper is organized as follows. Section 2 presents how the modal decomposition method can be used
to measure Ro and To . Section 3 describes an optimization process for the microphone locations, which
1
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improves the robustness of the method against measurement noise. In section 4, a numerical simulation of
the proposed setup with an anisotropic metamaterial is conducted applying the technique from the previous
section. Section 4 also discusses the physical realization of the measurement setup and subsequently the
measurement results of a metamaterial sample. Finally, the conclusions are given in section 5.
2. From modal decomposition theory to Ro and To
This section presents the theories behind the oblique incidence reflection coefficient Ro and transmission
coefficient To measurements based on the modal decomposition method. Firstly, the field is decomposed
into propagating modes using multiple microphone measurements within the waveguide. Secondly, the
scattering matrix, i.e., the relationship between the modal amplitudes on both sides of the material sample
in a waveguide in matrix form, is calculated from the results of the modal decomposition. Finally, Ro and
To are calculated from the scattering matrix coefficients.
2.1. Modal decomposition method
The acoustic field inside a waveguide can be described as an infinite sum of duct modes. Each mode
describes a certain pattern in the cross-section of the waveguide and has an associated axial wavenumber.
For a waveguide with a rectangular cross-section and rigid boundaries as shown in Figure 1, the pressure
pattern of mode (m, n) in the cross-section can be expressed as:
x
y
Ψ±
m,n (x, y) = Cm,n cos (km x) cos (kn y) ,

(1)

x
and kny are the wavenumbers of mth mode in the x-direction and the nth mode in the y-direction
where km
and Cm,n is the scaling factor which is introduced to normalize the acoustic intensity of different duct modes,
which is defined as:
q
(2)
Cm,n = (2 − δm,0 ) (2 − δn,0 ),
x
where δi,j is the Kronecker delta. km
and kny can be expressed as:
x
km
=

mπ
,
W

kny =

nπ
,
H

(3)

where W and H are shown in Figure 1.

Figure 1: A waveguide with a rectangular cross-section
±
The axial wavenumber km,n
can be calculated as:
±
km,n
=

q
x )2 − (k y )2 ,
k 2 − (km
n

(4)

where k is the acoustic wavenumber of sound in air.
The axial wavenumber can be real or imaginary, depending on the frequency, the dimensions of the
cross-section and the value of m and n. For a real wavenumber, the mode propagates unattenuated in the
axial (z) direction and is called cut-on. An imaginary axial wavenumber represents an evanescent mode
which is called cut-off. If sufficiently far from sources and assuming no changes in the cross section, the
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acoustic pressure P (x, y, z) at point (x, y, z) inside the waveguide can be approximated as a sum of all cut-on
modes [7]:

X
+
−
+
−jkm,n
−
−
jkm,n
z
z
P (x, y, z) ≈
Pm,n
Ψ+
(x,
y)
e
+
P
Ψ
(x,
y)
e
,
(5)
m,n
m,n m,n
m,n
±
Pm,n

where
is the pressure amplitude of mode (m, n).
For the remainder of this paper, it is assumed that H is sufficiently small to allow only the 0th mode in
the y-direction, which leads to k y = 0. The intention of not allowing high-order modes in the y-direction
is to make the waveguide essentially two dimensional, which enables non-intrusive measurements since all
information needed can be obtained in a single x-z plane. As a result, equation (4) and (5) are rewritten
as:
q
±
x )2 ,
(6)
km
= k 2 − (km
and
P (x, z) ≈

X


+
−
+ +
− −
Pm
Ψm (x) e−jkm z + Pm
Ψm (x) ejkm z .

(7)

m

Equation (7) can be expressed in vector format:


| 

+

−jk0 z
Ψ+
0 (x) e
..
.


P0+
  . 

  . 

  . 

+
 +
−jkN
z  + 
−1
 PN −1 
ΨN −1 (x) e
P (x, z) ≈ 
  − ,
+jk0− z
  P0 
 Ψ−
(x)
e
0
  . 

..
  . 

.


.
−
−
−
z
+jkN
P
−1
N
−1
ΨN −1 (x) e

(8)

where N is the total number of cut-on modes in the x-direction. If s points are measured within the field,
equation (8) can be expanded to the matrix form:


+

−jk0 z1
Ψ+
0 (x1 ) e
..
.

···
..
.



 

P (x1 , z1 )
 +
−jk+ z


ΨN −1 (x1 ) e N −1 1
..

≈
.
+jk0− z1
 Ψ−
0 (x1 ) e

P (xs , zs )
..


.

···
···
..
.

−

+

−jk0 zs
Ψ+
0 (xs ) e
..
.




+

+
−jkN
z
s
−1
ΨN −1 (xs ) e


−
−
+jk0 zs

Ψ0 (xs ) e

..


.
−

+jkN −1 z1
Ψ−
N −1 (x1 ) e

+jkN −1 zs
· · · Ψ−
N −1 (xs ) e
{z

|

| 

M


P0+
 .. 
 . 
 + 
P

−1 
 N−
 P .
 0 
 . 
 .. 
PN−−1
|
{z }
}

(9)

~
P

In case s ≥ 2N , it is possible that rank (M ) ≥ 2N . In that case, the system of equations (9) is fully or
overly determined. P~ can then be calculated as [7]:


P (x1 , z1 )


..
P~ ≈ M † 
(10)
,
.
P (xs , zs )
where M † is the pseudo-inverse of M . This means that by measuring the acoustic pressure at a sufficient
number of locations within the field, the field inside the waveguide can be described by a sum of the different
cut-on modes with different contributions.
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2.2. From modes contribution to the scattering matrix
Based on the modal amplitude of the cut-on modes, the scattering matrix S, which describes the linear
acoustic behavior of the material by a matrix relation linking the modal amplitudes on both sides of the
sample, can be calculated, as illustrated in figure 2 and equation (11):
 +
 +
|
|
+
+
−
−
−
−
· · · Pi,N
Po,0 · · · Po,N
= S Pi,0
,
(11)
−1 Po,0 · · · Po,N −1
−1 Pi,0 · · · Pi,N −1
where Pi± and Po± are pressure amplitudes on each side.

Figure 2: A schematic illustration of wave components propagating into −z- and +z-directions on both sides of the sample in
a wide waveguide

Equation (11) provides 2N relations between the 2N modal amplitudes of one measurement and the
2
scattering matrix of the system. To fully determine the (2N ) coefficients of S, at least 2N independent
measurements (by varying the position of the excitation and/or the impedance of the termination) at the
same microphone locations are needed [7], i.e.:
w > 2N,

(12)

where w is the total number of measurements. This results in a determined or overdetermined system of
equations:
 +



+
+
+
Po,0,1
···
Po,0,w
Pi,0,1
···
Pi,0,w
..
..
..
..








.
.
.
 +.



+
+
+
Po,N −1,1 · · · Po,N



P
·
·
·
P
−1,w 
i,N −1,1
i,N −1,w 


(13)
−
−
 P−
 = S  P−
,
·
·
·
P
·
·
·
P
i,0,u 
o,0,u 
 i,0,1
 o,0,1




..
..
..
..




.
.
.
.
−
−
−
−
Po,N −1,1 · · · Po,N −1,w
Pi,N −1,1 · · · Pi,N −1,w
{z
}
|
{z
}
|
P1

P2

where the second subscript of Pi± and Po± is a certain mode m in the x-direction and the third subscript
denotes a certain measurement. S can then be calculated as:
S = P2 † P1 .

(14)

2.3. From the scattering matrix to Ro and To
As mentioned in the previous section, the scattering matrix relation of equation (11) describes the
response of the material sample to any combination of incident duct modes. Thus, the scattering matrix
coefficients can be interpreted as the transmission and reflection coefficients of an individual incident mode.
For example, the response to the mth mode from the top of the material sample is given by the mth row
of the scattering matrix, where the first N coefficients describe how this mode is transmitted to different
modes on the bottom side of the sample (transmission) and the last N components describe the reflection of
4
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this mode to the different modes propagating back towards the excitation (reflection). As a result, the total
fraction of the incident energy which is reflected, transmitted and absorbed by the sample under a positive
z-direction mth mode incidence can be calculated as:
Rm =

2N
X
j=N +1

2

(S (j, m)) ,

Tm =

N
X

2

(S (j, m)) , and αm = 1 − Rm − Tm ,

(15)

j=1

where S (j, m) denotes the j th row and mth column element of S. From equations (1) and (6) it can be
concluded that the mth cut-on mode can be interpreted as an oblique incidence with an incidence angle θm :
 ±
km
.
(16)
θm = acot
x
km
Connecting equation (15) and (16), it can be concluded that the response of the material to plane waves
under oblique incidence, with an incidence angle corresponding to a cut-on mode can be calculated from the
scattering matrix:
Ro (θm ) = Rm , To (θm ) = Tm , and αo (θm ) = αm .
(17)
From equations (1) and (3), it can be concluded that for two ms of the same absolute value but opposite
signs (e.g., the 3rd and −3rd modes), the pressure patterns are identical, meaning they can not be differentiated using the modal decomposition method. Thus, neither the two corresponding incidence angles (θm
and θ−m (i.e., − θm )) can be differentiated.
3. Optimization to robustify the measurement results
Looking at equation (10), one can see that the modal matrix M needs to be inverted to obtain the modal
amplitude, which means that a low condition number of M is crucial to ensure an accurate determination
of the oblique incidence coefficients. The elements of the modal matrix M only depend on the dimensions
of the cross-section W and H, the frequency f and the microphone positions (x, z). Therefore, the condition numbers of M within a certain frequency range can be improved by optimizing the positions of the
microphones [8]. In this section, details of this optimization procedure are presented.
3.1. Determination of waveguide dimensions
First, the dimensions of the waveguide and the frequency range of interest need to be decided. The
frequency range is chosen as between 1000 Hz and 3000 Hz since the designed anisotropic metamaterial to
be tested is designed specifically for this range. Equation (18) is used to determine the number of available
cut-on modes N for a waveguide at frequency f :


2f L
N (f ) = ceiling
,
(18)
c
where L = W if a mode is in the x-direction and L = H if a mode is in the y-direction. W is set to 0.8
m, which allows minimum 5 cut-on modes and maximum 14 cut-on modes (only counting the non-negative
ones) in the frequency range of interest in the x-direction according to equation (18). H is set to 4.5 cm
which only allows the 0th mode in the y-direction.
3.2. Optimization of microphone locations
The number of microphone locations s is set to 30, which ensures s > 2N (i.e., number of microphone
locations per side larger than twice the number of cut-on modes) in the entire frequency range of interest.
The goal of the optimization study is to define 30 microphone locations at each side of the sample. First, the
frequency range of interest is sub-divided into several frequency bands, separated by the cut-on frequencies.
The cut-on frequency of the mth mode fuc is calculated as:
mc
,
2W
5

fuc =

(19)
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where m takes an integer value between 0 and N − 1. The intention of creating multiple frequency bands is
to give higher priority to a higher frequency since according to equation (18) there exist more cut-on modes
at a higher frequency which makes the measurement less over-determined.
Given the fact that the condition number becomes infinite at frequencies where modes become cut-on,
frequency points between 1 Hz before
and 10 Hz after each mode are ignored. Thus the
 ceach cut-on mode
frequency range of the uth band is fu−1
+ 10 Hz, fuc − 1 Hz , where fuc is the uth cut-on frequency in the
frequency range of interest. The frequency range for the 1st and the last frequency band within the range are
c
c
[1000 Hz, f1c − 1 Hz] and [flast
+ 10 Hz, 3000 Hz], where flast
is the last cut-on frequency within the range
and f1c is the first cut-on frequency within the range.
Next, for each frequency band, a linear average of the condition number of the modal matrix M is
calculated, denoted as cond (M (x, z, f ))u for the uth frequency band.
Moreover, a weighting factor wu (f ) is assigned to each frequency band, which is defined as:
wu (f ) =

1
,
N (3000 Hz) − Nu

(20)

where Nu represent the number of cut-on modes at the uth frequency band.
The objective function F (x, z) which is the weighted average of linear averages for all frequency bands
is calculated as:
Q
X
(21)
F (x, z) =
wu (f ) cond (M (x, z))u ,
u=1

where Q is the number of frequency bands with the frequency range of interest.
Since 60 variables (x, z values of 30 microphone locations) are required in the optimization, a great
number of local minima is expected. A specific initial layout is chosen instead of a random layout to ensure
a good starting point. Two lines of evenly distributed points are known to result in a reasonable condition
number over a broad frequency range and are therefore selected as the initial layout for the optimization.
A spacing of 4 cm between the two lines is chosen based on a numerical study of the condition number of
the modal matrix in the frequency range of interest for a layout of two lines with a spacing ranging from 2
cm to 7 cm.
In the optimization of the microphone locations, points that are within 1 cm to the two side boundaries
and 4 cm to the top, bottom boundaries of the waveguide and 4 cm to the sample region surfaces are
excluded. The intention is to avoid inaccurate measurements close to boundaries or discontinuities. The
initial layout and the optimized layout are shown in the left figure of Figure 3. Right figure of Figure 3
presents the condition number of the modal matrix as a function of frequency for the initial and optimized
microphone layout. It is clear that he optimization successfully improves the condition number of M in the
full range between 1000 Hz and 3000 Hz.
20

15

10

5

0
1000

1500

2000

2500

3000

Figure 3: Left: Microphone layouts. Blue cross - original layout. Red asterisk - optimized layout. For each layout, the parts
below and above the metamaterial are symmetric; Right: The condition number of the modal matrix as a function of frequency
for the initial layout (black) and the optimized layout (red)
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4. Numerical and experimental study
The methodology mentioned in section 2 and 3 is applied to both simulation of a waveguide where an
acoustic metamaterial sample is placed inside and the corresponding experimental measurements of the same
waveguide with the same type of metamaterial. This section describes the metamaterial used, the numerical
and experimental setups and results.
4.1. Description of the metamaterial
The metamaterial design is based on the generalized Snell’s law such that the absorption of a poroelastic
(PE) material can be enhanced. It is composed of cells separated by metallic plates, where each cell is
composed of an air layer at the top, a PE layer in the middle and another air layer at the bottom. A
schematic illustration can be found in Figure 4. The PE material properties are measured in an impedance
tube using the two cavity method [9]. Based on these properties, analytical models can be used to predict
the phase of reflection and transmission coefficients of each cell, which can then be used to make the design,
where the PE layer thickness and location is varied in each cell to form a phase gradient at both the top
and the bottom surfaces. With two phase gradients, according to the generalized Snell’s law, the absorption
can be enhanced. Details of the process can be found in paper [10].

Figure 4: Schematic representation of a period composing of four cells. White: air layer; Gray: poroelastic layer

4.2. Numerical setup
A model of the waveguide is created in COMSOL Multiphysics® with the dimensions and the optimized layout described in section 3. As shown in Figure 5, a sample of the previously described anisotropic
metamaterial is placed inside the virtual waveguide. The number of measurements w is set to 32 to satisfy
w > 2N , which results in a fully or overly determined group of equations when calculating the scattering
matrix (equation (13)). The number of measurements w should not be confused with the number of microphone locations s. Different measurements are performed by varying the sound source location on two ends
of the waveguide, as is also shown in Figure 5. The distribution of sound source locations at each side is
not symmetric in terms of the duct axis to avoid redundacies during the measurement since two symmetric
sound source locations can be approximately regarded as two identical excitations.

Figure 5: Numerical model for the waveguide simulation. 32 sound source locations (measurements) are used with 16 on top
and 16 at the bottom.
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As a comparison, the same metamaterial under plane wave incidence is simulated in an idealized manner
considering: 1) plane wave incidence with different angles of incidence, 2) a semi-echoic termination (a
perfectly matched layer both above and below the sample region) and 3) the structure is of infinite extent
in the lateral direction (a periodic boundary condition both to the left and the right of the sample). This
case is denoted as idealized plane wave incidence case (IPWI).
For the simulations of the waveguide under different sound source locations, after the acoustic pressure at
points dictated by the optimized layout are obtained, procedures described in section 2 are followed so that
Ro and To that correspond to IPWS case of the metamaterial can be calculated. The process of simulation
of the waveguide and applying the measurement methodology to the simulation results afterwards is denoted
as WGS.
4.3. Experimental setup
The waveguide with the optimized microphone layout is manufactured, as shown in Figure 6. A horn
driver, whose position is varied between the measurements, is used as the sound source. Given the large
number of microphone locations and the limited number of microphones available, at each sound source
location, two submeasurements are performed covering different microphone locations. During each submeasurements, unused microphone locations are sealed by a dummy which is flushed with the inner surface
of the top plate. The two submeasurements are then merged in the post-processing to give a complete
measurement. Table 1 lists the details of the experimental setup. After obtaining the acoustic pressure at
the prescribed points under different sound source locations, a similar procedure is followed as described in
section 4.2 to obtain the Ro and To corresponding to the IPWI case.

Figure 6: The experimental measurement setup. 8 periods of the metamaterial are used.

Parameter
Number of microphone locations (each side)
Number of measurements
Number of submeasurements per measurement
Type of signals measured
Type of post-processing
Excitation signal
Sampling frequency
Number of averages (for FPF calculation)
Overlap of adjacent windows (for FRF calculation)

Value
30
32
2
acoustic pressure
Frequency response function (FRF)
White noise
16384 Hz
100
50%

Table 1: Details of the experimental setup

4.4. Discussion of the numerical and experimental results
Figure 7 shows the reflection coefficient R, transmission coefficient T and absorption coefficient α directly
measured from the experiment, obtained by applying the measurement procedure to the results of the
8
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simulation of the waveguide and directly from the IPWI simulation of the metamaterial. A good match
between the IPWI simulation and results of applying the measurement methodology to the WGS is found in
both cases. For the normal incidence case, the mismatch around 1000 Hz and around 1500 Hz is due to the
fact that the modal matrix is singular by definition at a cut-on frequency where the pressure field cannot
be decomposed into modes. This is a limitation of the measurement method. From the oblique incidence
absorption curve, one can see that, contrary to a continuous curve from the IPWI simulation, the WGS
method only yields results at discrete angles. This is because at a certain frequency only a limited number
of cut-on modes is present in a waveguide of finite dimensions, as can be seen from equation (18).
Results from the WGS generally match better with the IPWI simulation, as compared to the experimental
measurement. The slight mismatch between the experimental measurement and the IPWI simulation is
explained by the possibly inaccurate material characterization in the impedance tube using the two cavity
method.
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Figure 7: R, T and α of a metamaterial from both plane wave incidence simulation and applying the measurement methodology
to the WGS under a) normal incidence, b) oblique incidence at 2000 Hz.

Additionally, as can be observed in Figure 8, the Ro and To of this material are not symmetric although
the differences are small. For example, Ro under 60° incidence is not the same as that under −60° incidence. Contrarily, the Ro and To from the WGS are symmetric. This is because according to the modal
decomposition theory, all mode shapes are symmetric, which means the pressure which is considered as a
superposition of all cut-on modes will also always be symmetric. Thus, asymmetric materials cannot be
accurately characterized using this method as no distinction can be made between two incidence angles of
the same absolute value but different signs.
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Figure 8: R, T of a metamaterial from plane wave incidence simulation and applying the measurement methodology to the
WGS under oblique incidence at 2000 Hz. Figure zoomed in terms of the y-axis for readers’ convenience.
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5. Conclusions
A method to measure the oblique incidence reflection, transmission and absorption coefficients based on
the modal decomposition theory in a rectangular waveguide is presented. The previously mentioned oblique
incidence coefficients can be obtained from the corresponding coefficients of a certain mode, which can then
be calculated using the modal decomposition method. The dimensions of the waveguide are chosen to avoid
any high-order cut-on modes in one of the two directions of the cross-section and support multiple cut-on
modes in the other direction of the cross-section. The intention is to ensure that the pressure field inside the
waveguide can be represented by the acoustic pressure on one plane. An optimization on the microphone
locations is performed to improve the robustness of the modal decomposition method and the accuracy of
the measured metamaterial properties. The method is first validated by applying simulation results of a
waveguide where a metamaterial sample is placed inside. The method is then applied experimentally on an
anisotropic metamaterial sample inside the waveguide, where the results show a good agreement with the
numerical predictions.
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Abstract
Micro-perforated partitions (MPPs) are robust mid-frequency sound absorbers of practical interest in room
acoustics, but also under severe environmental conditions such as in combustion chambers. Experimental
characterization of their sound absorption properties is essential to validate the visco-thermal dissipation
mechanisms assumed in the models. A number of measurement procedures and test set-ups are presented to
estimate the absorption of single- or multi-layer MPPs undergoing acoustic or aerodynamic excitations. In
particular, two-sources impedance tube techniques using four microphones enabled sound absorption and
transmission measurements through small-sized MPPs under plane wave or multi-modal propagation
conditions. Pressure-velocity probe techniques are also described for measuring the sound absorption
properties of rigidly-backed MPPs with larger sample size. A dedicated procedure is finally presented to
estimate the absorption of boundary layer noise by MPPs flush-mounted in a wind-tunnel test section. The
potential and limitations of each of these methods are discussed.
Keywords: absorption, transmission, micro-perforated panels, experimental techniques.

1

Introduction

To overcome the problem of control of low frequency noise avoiding the introduction of active or bulky
components, the use of panel with micro-perforations has been considered since a long time. MicroPerforated Panels (MPP) [1], that can be made of steel, wood or plastic, constitute alternative solutions to
porous materials in environments where special hygienic conditions are required, such as food industries or
hospitals. Due to the use of MPPs as facing shells, many indoor applications have been developed such as to
correct situations with poor intelligibility due to excessive reverberation time [2]. As MPPs can be in contact
with a mean flow, they are suitable for natural ventilation in buildings [3] and as acoustic mufflers for
HVAC applications [4]. In the field of aeroacoustics, MPPs create minimal flow pressure drop, generating
boundary conditions with a very low friction factor, so that the flow generating system does not have to
compensate for eventual pressure drop of the MPP wall-treatment to keep a nominal flow rate [5].
It is then of interest to characterize the acoustic properties of MPPs not only in laboratory or controlled
environments, but also for different in-situ configurations, either when used as rigidly backed partitions,
working as Helmholtz resonators, or in unbacked configurations such as room insulators or space sound
absorbers. The general objective of the work is to provide examples of different methodologies for the
estimation of the sound absorption and transmission through micro-perforated partitions when subject to
different pressure fields. The paper is organised as follows: we will start in Sec. 2 by presenting the
normalized methods using the impedance tube for incident plane wave acoustic excitation. The methods that
1
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deal with large-size samples under other types of excitations will be explained in Sec. 3, with a procedure
based on the use of a pressure-velocity probe. Finally, the characterisation of wall-pressure mufflers excited
by a flow-induced excitation will be outlined using a wind-tunnel experimental set-up. The main conclusions
and perspectives will be summarised at the end of the work.

2

Impedance tube methods

In this section, we will present the acoustic characterisation of samples that can be adjusted to the
dimensions of an impedance tube and excited by a normal incident plane wave. The case of rigidly-backed
partition will be analysed first, and then the characterization of two-port systems.
2.1

Absorption measurements on rigidly-backed samples

The most commonly used laboratory-based method for the determination of the absorption coefficient is the
two-microphone transfer-function method [6]. The experimental set-up for low frequencies is typically a
thick cylindrical tube of length 1000 mm, diameter 100 mm with its first cut-off frequency at 2 kHz. We
have used a micro-perforated panel absorber (MPPA) [7] made up of a micro-perforated aluminium disk of
radius 50 mm and thickness 0.5 mm, backed by a rigid cylindrical cavity of 45 mm. The circular holes
present a diameter equal to the panel thickness and a perforation ratio equal to 0.78%. Figure 1 presents a
comparison between the absorption coefficient predicted with an analytical model considering an elastic
finite-sized panel [7] and that measured in the impedance tube.

Figure 1- Sound absorption coefficient of the MPPA predicted assuming an elastic (solid black) MPP and
measured using the two-microphone method (black circles).
As it can be appreciated, the prediction and the measurements present a reasonable agreement.
Measurements show that the absorption performance of thin MPPAs generate extra absorption peaks or dips
that cannot be understood assuming a rigid MPPA. To better understand the structural-acoustic interaction
between the micro-perforated panel and the backing cavity, the MPP has been backed on the rear face by a
thick rigid Plexiglas base (Figure 2), so that the MPP vibrating response can be measured using a Laser
Scanning Vibrometer (LSV). The scanning head focussed at 217 points on the disk in order to provide a
reliable estimate of the surface average velocity up to 1600 Hz. An optimum laser head – back face stand-off
distance of 215 cm – was found to be a good trade-off to keep a low error on the velocity whilst avoiding to
detect back-reflections. The vibratory field of the MPP absorber at the panel-cavity resonances identified
from the transfer functions spectral peaks are superimposed in Figure 1. The volume-displacing modes (0,0)
and (1,0) at their resonance frequencies (298 Hz and 1572 Hz) well agree with those predicted from the
vibroacoustic model assuming simply-supported boundary conditions. The MPP absorber is sensitive to the
duct acoustic axial resonances which induce maximum air particle velocity at the disk holes, observed at 524
Hz, 671 Hz and 1063 Hz from Kundt's tube measurements. High-order panel-cavity resonances (881 Hz and
1319 Hz) which induce small absorption peaks are also observed [7].
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Figure 2- Photograph of the transparent back face of the MPPA for determination of its vibrating response.
2.2

Absorption and transmission measurements

When the partition is not rigidly-backed but transmits sound, its insulation properties can be characterised
by the transfer matrix approach [8]. As indicated in Figure 3, an anechoic termination is situated on the
transmitting side of the tube and the transfer functions are measured between the loudspeaker drive signal
and the sound pressure at two positions upstream of the sample and at two positions downstream of the
sample.
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Figure 3- Experimental facility to measure sound absorption and transmission under normal incidence.
The reflexion and transmission coefficients take respectively the expressions

Rx  l1  

  H13

H12  e jk0s1 2 jk0l1
e
,
e jk0s1  H12

e jk0 s2  H 34 sin k0 s1  jk0 l1 l2 
e
,
e jk0 s1  H12 sin k0 s2 

(1)

(2)

with k0 the acoustic wavenumber, H 12  p2 p1 the measured transfer function (TF) between the first and
second microphones, H 34  p 4 p 3 the TF between the third and fourth microphones, and H 13  p3 p1
the TF between the first and third microphones. s1 and s 2 are the separation distances between the first
and second microphones, and the third and fourth microphones respectively. DP is the length of the
partition. l1 and l2 are the distances between the sample and the first and third microphones, as shown in
Figure 3. The experimental facility was an in-house set-up made from a 1 cm-thick PVC tube of length
2.70 m. A 9.5 cm inner diameter provides a maximum frequency of analysis slightly less than 2.1 kHz, the
first duct cut-on frequency. The two pairs of microphones were separated by a distance of
s1  s2    5 cm . A double layer MPP–MPP–Panel constituted of three panels separated by two
cavities has been installed inside the sample holder and a set of experimental measurements has been
carried out to evaluate both its absorption and transmission loss (TL) properties [9]. Figure 4 presents the
measured results and a comparison with predictions from the transfer approach and a modal formulation.
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Figure 4 - Measured (black solid) absorptivity (a) and TL (b) for the MPP partition and comparison
against predictions by the transfer approach (gray solid) and by a modal formulation (black dashed).
Helmholtz resonances are observed in Figure 4(a) at about 500 Hz and 1260 Hz. As it can be seen, the
modal formulation well captures the effect of the structural resonances and correctly describes the
observed absorptivity (difference between absorption and transmission) and TL. A reasonable agreement
is also found when using the transfer approach above 400 Hz for the absorptivity and above 1.2 kHz for
the TL. As expected, the transfer approach underestimates in Fig. 4(b) the sound insulation performance in
the low frequency range, by up to about 30 dB below 400 Hz. Such limitations are due to the terminations
not being anechoic in the low frequency range. It can however be overcome when considering the use of
the scattering matrix S and the two-source method [10]. The anechoic termination is then substituted by a
second source generating a white noise from the radiating side, as it can be seen in Figure 5 (left). The
left- and right- sources generate two acoustic states (L) and (R) from which outgoing and ingoing plane
wave modal amplitudes are extracted from the transfer functions H k s  , with k  1, 2, 3, 4 and s  L, R ,
between the pressures at the four microphones and the source drive signal. The outgoing modal amplitudes
AUL , R  (resp. ADL , R  ) are evaluated on the Up-side (resp. Down-side) of the partition at the microphone 3
(resp. 2) cross-section positions, as follows

A j s   





(3)



(4)

j
H k sj e jk0  H k sj  ,
2sin k 0 

while the ingoing modal amplitudes are obtained from

B j s   









je  jk0
H k sj e jk0  H k sj  ,
2sin k0 



with k j , k j  3, 4  if j  U and k j , k j  2, 1 if j  D . The two pairs of microphones are separated
by the same distance   5 cm . Matrices of outgoing and ingoing modal amplitudes are built up, leading
to a fully-determined problem, A  SB , of the form
 AUL 
 L 
 AD

AUR    r L 

ADR   t L,R 

t R, L    B UL 

r R    B DL 

B UR  
,
B DR  

(5)

Eq. (5) is readily solved as S  AB 1 , thereby providing the left- and right-absorption coefficients,

 s   1  r s 

2

with s  L, R , and the left-to-right and right-to-left power transmission coefficients,
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  s,s   t  s,s 

2

with

s, s   L, R 

and

R, L 

respectively. Note that t  L,R   t  R,L  in theory. The

Absorption coefficient

measured acoustical properties of a triple MPP–MPP–MPP partition are presented in Figure 5 (right),
that exhibit a bandwidth up to 2 kHz. The acoustical performance of the partition is also accurately
predicted from an enhance modal matching formulation [11].
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Figure 5 - Photograph of the impedance transmission tube by the two-source method (left) and absorption
(a) and transmission (b) coefficients of a multi-layer partition made up of three MPPs under normal
incidence: comparison between Kundt tube measurements (gray dotted) and modal approach (black solid).

3

In-situ characterisation methods

In many real-life situations, the determination of the materials acoustic properties using an impedance tube
is difficult to carry out. For large-sized samples under general plane wave or spherical acoustic excitation,
in-situ characterisation methods must be employed that can be based on the estimation of the acoustic
velocity by a pressure-velocity probe. In this work, we have used a sensor called Microflown [12] based
on the measurement of the temperature difference between closely spaced 200 nm thick platinum wires
heated to about 300°C. An incoming pressure field causes a resistance difference measured between the
wires. The sensor output voltage then constitutes a good approximation proportional to the acoustic
particle velocity across the wires. When considering the case of rigidly-backed partitions, the
measurement of their absorption coefficient can be performed using a commercial system denoted as
“impedance gun” [12]. It is composed of a collocated p-v probe located at a fixed distance to a spherically
baffled loudspeaker, as shown in Figure 6 (left).

Figure 6 - Photograph of the impedance gun for in-situ measurement of the absorption properties (left) and
normal incidence absorption coefficient of the input impedance of a fiberglass material shielded by a thin
MPP (right): comparison between p-v free-field measurements (blue) and predictions from the MikiDelany-Bazley (green) and from an anisotropic (red-dashed) and fully anisotropic model (solid red) [13].
5
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This probe is used for 1D velocity measurement and contains one particle-velocity and one sound pressure
sensor. It allows in-situ characterisation of the materials normal absorption and surface impedance
properties over a wide frequency range, typically 200 Hz – 15 kHz, and above samples of size
0.5 m  0.6 m . This in-situ measurement system has been used to characterise the absorption coefficient
of a rigidly-backed partition composed of 2.4 cm thick cavity filled with fiberglass (fibre radii of
6 .5  m and bulk density equal to 21 kg m -3 ) shielded by an aluminium MPP (1 mm thickness, diameter
of the holes equal to 0.5 mm and perforation ratio   0.87% ) [13]. The measured input impedance is
corrected by a free-field calibration factor evaluated prior to the measurements. As a spherical source is
used instead of plane wave fields, corrections have to be made for near-field effects and spherical wave
front in order to obtain the plane wave impedance. The estimation is made using the mirror source model,
that corrects for the elevation of particle velocity in the near field, but not for the spherical wave front. In
this method, the reflected sound wave from the surface is represented as a mirror source below the
impedance boundary. Other more complicated method, the Q-term model [12], is able to consider
spherical geometry of sound fields. In this work, we have avoided errors due to spherical wave
propagation within the sample considering a sample thickness lower than 0.04 m and a normal flow
resistivity lower than 100 kN s m -4 . Also, a short stand-off distance between the probe and the sample,
taken as 0.01 m, already limits the amplitude of the side reflections with respect to the direct sound. The
results from in-situ measurement of the normal incidence absorption coefficient are shown in Figure 6
(right), with a comparison against analytical models. More information about these predictions can be
found in the references [13, 14].
We also faced the case where the in-situ partition is a two-port system able to transmit sound through the
back side. One considers here an insulating partition composed of two rectangular thin aluminium panels
of size 0.42 m  0.61 m separated by an air gap of 0.048 m and clamped along their edges on a thick rigid
frame. The front side is 0.5 mm thick. It is microperforated with a 0.78 % perforation ratio and with
circular holes of 0.5 mm diameter. The whole structure is set in an acoustically rigid stiffened baffle and
the front side undergoes plane wave excitation (Figure 7). Two pressure-velocity probes are situated in
close proximity to the sample and displaced over a grid of 10  14 evenly spaced locations.

Figure 7 - Experimental set-up for determination of the absorption and transmission properties of the
insulating MPP partition, with the laser vibrometer situated in front of the backing side.
The whole system is situated inside an anechoic chamber and an incident plane wave is generated by a farfield baffled loudspeaker located at 0º from the partition axis and driven by white noise. The transmitted
sound power is estimated from the back panel velocity measured with a laser vibrometer at 23  32
uniformly distributed positions. Both calculated and experimental values of the absorption coefficient and
of the insulating partition are shown in Figure 8. As it can be seen, the experimental results agree
reasonably well with the predictions [15].
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Figure 8 - Absorption coefficient (a) and TL (b) of a clamped micro-perforated partition under normal
incidence: modal approach (red solid) and experiment (black solid).

4

Acoustical properties of wall-mounted MPP partitions

Layouts of panels with micro-perforations can be considered for the reduction of the airframe noise
radiated outward or transmitted for instance into the cabin of an aircraft. In this section, we want to
evaluate experimentally these absorption and transmission properties for a wall-mounted MPP partition
backed by a transmitting panel and subject to aerodynamic excitations on the front side. Experiments have
been performed in a low-speed wind-tunnel, as indicated in Figure 9. The test section of the closed-loop
wind tunnel, situated in the middle, is 7 m long and has a square cross-section of size 0.9 m  0.9 m .
Several silencers are located upstream and downstream the fan section. An even airflow is accelerated
through a convergent from a settling chamber equipped with honeycomb straighteners. A sandpaper strip
was fixed crossflow on the top wall 2.5 m upstream the test panel in order to efficiently trig the airflow
transition to turbulence. Aerodynamic measurements were performed at U   30 .7 m s -1 with a calibrated
DANTEC 55P11 hot-wire probe to measure the mean and fluctuating parts of the flow velocity, showing
that a fully-developed turbulent boundary layer (TBL) was established at the partition position.

Figure 9 - Overall view of the low-speed wind-tunnel facility equipped to measure the TL and absorption
coefficient of TBL-excited MPP partitions flush-mounted over the top wall of the test section.
Wall-pressure measurements were performed of the point-power and cross-spectral densities between two
pinhole microprobes GRAS 40SC (Figure 10), flush-mounted upstream, downstream and over the surface
of a MPP for a free-stream velocity U   30.7 m s 1 . They indicated the spatial homogeneity of the TBL
wall-pressures and the absence of flow-excited resonance phenomena over the MPP below 3200 Hz.
7
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Figure 10 - Photograph of the pinhole microprobe used for the determination of the upper wall windtunnel wall-pressure fluctuations under a TBL excitation.
A set of measurements has been carried out in the wind-tunnel test section using a double partition
constituted of a MPP front panel, flush-mounted on the test section of the wind tunnel test section and
excited by a low-speed TBL of free-stream velocity 30 .7 m s -1 . The MPP is separated by an air gap of
thickness D  0.03 m from a plain back-panel that radiates inside an enclosure plugged on the top of the
test section (Figure 9), 1.4 m long, 0.5 m wide and 0.8 m high. Both aluminium panels have dimensions of
0.38 m  0.47 m along the spanwise and streamwise directions. The front panel is 1 mm thick and
microperforated with circular holes of 0.5 mm diameter with a perforation ratio of 0.59% and a holes pitch
of 5 mm. The back transmitting panel is also made up of aluminium and has the same thickness than the
front panel. The determination of the transmission properties has been performed using a pressure-velocity
probe for intensity measurements of the near-field pressure and normal acoustic velocity radiated by the
back panel. The TL of the partition is calculated by the expression

 S
TL  10log10  inc
 S
 trans


,



(6)

s MPP
Tr S dd  ,
4  0 c0

(7)

where the spectrum of the incident power is provided by

S  inc 





~ ~
s MPP is the area of the elemental radiators over the MPP, and S dd   d 0 d 0H is the Cross-Spectral Density
~
(CSD) of the wall pressure field d 0 measured by the micro-probes on the same panel. Figure 11 represents a
comparison between the measured results and those predicted by a modal analytical formulation [16].
The absorption coefficient is calculated from



S  diss
S  inc

,

(8)

The dissipated power is composed of two terms [16], the power structurally dissipated by the MPP that is
estimated from laser vibrometer measurements performed by transparency through a thick rigid block of
Plexiglas flush-mounted in the bottom wall of the test section. The second term represents the power injected
through the holes and either dissipated through or radiated by the apertures. This term requires collocated
measurement of the pressures on the external and cavity sides of the MPP, that could not be achieved in the
8
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experiment, so this second term was approximated by the trace of S dd obtained from microprobe
measurements over the MPP external side. This explains the differences between the measurements and
predictions (solid and dashed red lines) in Figure 12. For comparison we also present the results with a plain
front panel.

Figure 11 - Third-octave averaged TL curves for the micro-perforated partition under a TBL excitation:
measured (blue dashed) and predicted (blue solid).

Figure 12 - Third-octave averaged absorption curves for a number of partitions undergoing a TBL
excitation: plain front panel (solid grey: calculated; dashed grey: measured), micro-perforated front panel
(solid red: calculated; dashed red: measured).

5

Conclusions

Micro-Perforated Panels are suitable noise-reducing solutions in demanding environments. This work has
presented several methods for the characterization of their acoustic performance when excited by different
pressure fields. The normalized impedance tube methods can be applied to small samples excited by a
normal plane wave. When they are rigidly-backed, the two-microphone method is the most widely used
laboratory-based determination method. If the MPP partition is able to transmit power, the transfer matrix
method using four microphones and an anechoic termination on the radiating side can be used taking into
consideration the limitations in the low frequency range. Otherwise, the scattering matrix method can
properly characterize absorption and insulation properties of MPP partitions. For larger samples under
normal or oblique excitations, in-situ characterization methods using an acoustic probe have been
developed based on the measurement of the pressure and normal particle velocity nearby the MPP front
side. Finally, we have characterized wall-mounted MPP partitions used as silencers in flow duct acoustics,
presenting also a procedure to determine their aero-acoustical performance in presence of an acoustic
and/or turbulent excitation.
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Abstract
This work presents the different possibilities to obtain perfect absorption in reciprocal ventilated problems,
i.e., in the situation in which both reflection and transmission are considered. By using the scattering matrix
formalism, the perfect absorption is obtained when the critical coupling conditions are fulfilled, i.e., when
the two eigenvalues of the scattering matrix are zero at the same frequency and the system is excited with
the corresponding eigenvector. These conditions impose that only two types of mechanisms can be used to
obtain perfect absorption: (i) breaking the symmetry by using non-symmetric resonators or (ii) maintaining the
symmetry, but using degenerate resonators. We show two systems made of Helmholtz resonators presenting
perfect acoustic absorption, each based on each solution. The systems are analytically, numerically, and
experimentally characterized with a very good agreement between them, thus opening new venues for the
design of acoustic treatments at low frequencies.
Keywords: Acoustic absorption, Perfect absorption, Critical coupling, Impedance matching.

1

Introduction

The ability to perfectly absorb an incoming wave field by a sub-wavelength material is advantageous
for several applications in wave physics. This challenge requires to solve a complex problem: reducing the
geometric dimensions of the structure while increasing the density of states at low frequencies and finding the
good conditions to match the impedance to the background medium. A successful approach for increasing the
density of states at low frequencies with reduced dimensions is the use of metamaterials. Several possibilities
based on these systems made of open lossy resonant building blocks have been proposed to design sound
absorbing structures which can present simultaneously sub-wavelength dimensions and strong acoustic
absorption [1, 2]. Among them, Helmholtz resonators (HRs) have been shown as potential candidates to solve
the problem due to the tunable possibilities they offer [1, 2, 3, 4, 5, 6, 7, 8, 9, 10].
In this talk we want to pay attention to the possibilities provided by the acoustic metamaterials to perfectly
absorb waves with deep sub-wavelength dimensions in the ventilated problem, i.e., in a transmission problem
in which we consider both reflection and transmission. From a general point of view, the perfect absorption can
be analyzed from the interaction of an incoming wave with an open, lossy and resonant structure. In particular
the impedance matching with the background field, is one of the most studied process in the field of wave
physics [11, 12, 13]. These open systems, at the resonant frequency, are characterized by both the leakage rate
of energy (i.e., the coupling of the resonant elements with the propagating medium), and the intrinsic losses of
the resonator. The balance between the leakage and the losses activates the condition of critical coupling (or
impedance matching condition), trapping the energy around the resonant elements and generating a maximum
of energy absorption [3, 14]. In the case of transmission systems, degenerate critically coupled resonators with
symmetric and antisymmetric resonances or systems with broken symmetry can be used to perfectly absorb the
incoming energy.
1
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2

Theoretical framework

Let us consider a two-port, one-dimensional and reciprocal scattering process. The relation between the
amplitudes of the incoming (a, d), and outcoming (b, c) waves, on both sides of an asymmetric (non-mirror
symmetric) scatterer Σ, is given by
 
  
 
 c 
 a   T R+   a 
  = S( f )   = 
 
(1)
 b 
 d   R− T   d  ,
where S( f ) is the scattering matrix (S-matrix), f is the incident wave frequency, T is the complex transmission
coefficient, R− and R+ are the complex reflection coefficients for left (−) and right (+) incidence, respectively.
In this work, the time dependence convention of the harmonic regime is e−iωt , and it will be omitted in the
− + 1/2
following. The eigenvalues of the S-matrix
are expressed as λ1,2 = T √± [R R ]  and the eigenvectors of the
√
R+ R− , R+ . Therefore, the ratio of the
system are v1 = (v11 , v12 ) = R+ , − R+ R− and v2 = (v21 , v22 ) =
eigenvector components v1i and v2i is v2i /v1i = (−1)i (R− /R+ )1/2 . A zero eigenvalue of the S-matrix corresponds
to the case in which the incident waves can be completely absorbed (b = c = 0). This, called coherent perfect
absorption (CPA) [15], happens when T = ±[R− R+ ]1/2 and the incident waves a, d correspond to the relevant
eigenvector.
If the scatterer Σ is mirror symmetric, R+ = R− ≡ R and the problem can be reduced to two uncoupled
sub-problems by choosing incident waves that are symmetric or antisymmetric with the reflection coefficients
R s = R + T and Ra = R − T . In particular, the reflection and transmission coefficients of the initial problem can
be expressed as R = (R s + Ra )/2, and T = (R s − Ra )/2 while the eigenvalues of the S-matrix can be written as
λ1 = R s and λ2 = −Ra . For an one-sided incident wave, the absorption coefficient defined as α = 1 − |R|2 − |T |2
becomes α = (α s + αa )/2, where α s ≡ 1 − |R s |2 and αa ≡ 1 − |Ra |2 . Achieving α( fmax ) = 1 at a frequency fmax ,
is equivalent to getting simultaneously the minima of the reflection coefficients of the two sub-problems, i.e.,
Ra ( fmax ) = R s ( fmax ) = 0 [α s ( fmax ) = αa ( fmax ) = 1]. This has been achieved in Ref. [16] for a mirror symmetric
slab through intensive numerical calculations.

3

Perfect and broadband absorption in asymmetric resonators: Rainbowtrapping absorbers

In this section we analyze the scattering properties of a system made of N different HRs embedded in a
waveguide. Due to the different HRs, the S-matrix is not symmetric and the scattering properties from both
sides of the system must be analyzed. We start analyzing a system made of N = 2 HRs, considering the two
directions of incidence, namely forward and backward, as depicted in Figs. 1 (a,b). The n-th resonator of the
system presents a resonant frequency at fn . Figures 1 (c-f) show the corresponding absorption, reflection and
transmission coefficients for each case. 1
First, in the forward configuration, shown in Fig. 1 (a), above f1 , a band gap is introduced and the
transmission is strongly reduced, the HR acting effectively as a rigidly-backed wall for the right ingoing waves.
Then, the resonator n = 2, with f2 > f1 , is tuned to impedance match the system with the exterior medium at
frequency fPA , between f1 and f2 . At this particular frequency, no reflected waves are produced and therefore,
α = 1 − |R− |2 − |T |2 = 1 holds. As shown in Ref. [6] the optimization process looks for the geometry that
introduce the good amount of viscothermal losses to minimize ε( fPA ) = |R− ( fPA )|2 + |T ( fPA )|2 that maximizes
the absorption at fPA . In this situation, unidirectional perfect absorption is observed. The optimization of the
geometry of the system, shows that a deep sub-wavelength panel with a thickness 40 times smaller that the
wavelength can be designed [6]. It is worth noting here that the change of section in the main waveguide helps
to achieve the impedance matching, specially for very thin systems as the one presented here.
1

The results are calculated analytically using the transfer matrix method (TMM) in which the thermoviscous losses are accounted
for, numerically using finite element method (FEM) and experimentally validated using stereo-lithographic 3D printed structures and
impedance tube measurements. Details can be found in Ref. [6].
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Figure 1: Scheme of the sub-wavelength non-mirror symmetric panel in (a) forward and (b) backward
configuration. (c) Absorption for the forward configuration obtained using TMM (continuous line), FEM
(circles), and experiment (dotted line). (e) Corresponding reflection and transmission coefficients. (d)
Absorption for the backward configuration. (f) Corresponding reflection and transmission coefficients. The
arrows mark the resonance frequencies of the HRs, f1 and f2 . Figure adapted with permission from Ref. [6].
Second, in the backward propagation shown in Fig. 1 (b), the wave impinges first the lowest resonance
frequency resonator from the right, f1 . Now at this frequency almost no transmission is allowed in the
waveguide. As the waveguide is not impedance matched at f1 in backward direction, reflection is high and
absorption is poor (α+ = 0.05). For frequencies below f2 , propagation is allowed in the main waveguide and
the effect of the second HR may be visible inducing a decrease of the reflection coefficient. However, the
impedance matching in the backward direction is not fully achieved and only a small amount of absorption is
observed near the resonance frequency of the first resonator.
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Figure 2: (a) Photograph of the sample containing 10 × 3 unit cells. (b) Absorption obtained by using the
TMM (continuous line), FEM simulations (circles) and measured experimentally (dotted line). (b)
Corresponding reflection (red curves) and transmission (blue curves) coefficients in amplitude. (d-e) Complex
frequency representation of the eigenvalues of the scattering matrix, λ1,2 . Colormap in 10 log10 |λ|2 scale.
Figure adapted with permission from Ref. [6].
The concept previuosly described can be applied to design broadband perfect absorbers. The idea is to create
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a frequency-cascade of band-gaps and critically coupled resonators in order to generate a rainbow-trapping
effect. We have designed a rainbow-trapping absorber (RTA) using N = 9 HRs and quantizing the dimensions
of all the geometrical elements that compose the structure to the 3D machine precision. More details are
given in Ref. [6]. The manufactured sample is shown in Fig. 2 (a). Figures 2 (b-c) show the absorption,
reflection and transmission of the device.2 The deepest resonator (n = 1) presents a resonance frequency of
f1 = fgap = 259 Hz, causing the transmission to drop. A set of 8 resonators were tuned following the process
previously described, with increasing resonance frequencies ranging from 330 to 917 Hz. As a result of the
frequency-cascade process, the impedance of the structure in the working frequency range is matched with the
exterior medium while the transmission vanishes. As a consequence, the RTA presents a flat and quasi-perfect
absorption coefficient in this frequency range (see Fig. 2 (b)). It can be observed that at low frequencies there
are small differences between the measurements and the models. These disagreements are mainly caused by
imperfections in the sample manufacturing, by imperfect fitting of the structure to the impedance tube, by the
possible evanescent coupling between adjacent waveguides and adjacent HRs, and/or by the limitations of the
visco-thermal model used at the joints between waveguide sections.
The corresponding representation of the the two eigenvalues of the S-matrix in the complex frequency plane
is shown in Figs. 2 (d-e). We can see that even under the constraints imposed by the metamaterial construction
process, all the N − 1 zeros of the eigenvalues that produce the critical coupling of the structure are located
very close to the real frequency axis being the zeros of λ1 at the same frequencies as those of λ2 . Note in
the manufactured system, not all the zeros are located exactly on the real axis, but the quality factor of the
resonances is very low, therefore they overlap producing quasi-perfect sound absorption in a frequency band
from 300 to 1000 Hz for a panel 10 times thinner than the wavelength at 300 Hz in air.
(+,+)

(a) 1

(+,{)

L

®, ǀRǀ, ǀT ǀ

800

(b)

0.5

£(0+)

£(0{)

(c)
fHR

0
400

pi

800
Frequency (Hz)

0.1

y (m)

(b)

4

+

0

R

y (m)

-0.1
0.1

2

(c)

+

x1

{

hs

0

-0.1
-0.1

x2

0
x (m)

T

as
wcs

+

ha

l Γ
lns wns cs s
n
wca Γ
lca wna

lna

aa

.1

d0

x2=0

Figure 3: (a) shows the lossless (dashed lines) and lossy (continuous lines) scattering coefficients for the case
of a slit loaded by two identical resonators (red lines correspond to the reflection coefficient while blue lines
for the transmission one. Black lines represent the absorption coefficient for the lossy case). Inset shows the
schema of the scattering problem, with the incident direction indicated with the withe arrow. Vertical black
dashed line shows the symmetry plane of the resonator. (b) and (c) represent the absolute value of the total
pressure field for the two first resonances of the slit loaded with two identical resonators. Vertical black dashed
line shows the symmetry plane of the resonator. Figure adapted with permission from Ref. [17]. (d) Scheme of
the mirror-symmetric building block used in this work with the definitions of the geometrical parameters.
Figure adapted with permission from Ref. [17].

2

Details of the modeling by the TMM, FEM and also of the experimental set-up are given in Ref. [6]
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4

Perfect absorption with mirror symmetric resonators

Let us start the discussion by analyzing the scattering coefficients of a system made of a slit loaded with
N resonators. This system presents N resonances. For simplicity but without loss of generality we analyze
here the case with N = 2 in which the resonance frequency of the HRs is fHR . we analyze the propagation
through a slit loaded by two HRs as shown in the inset of the Fig. 3(a). In this case the scattering coefficients
are plotted in Fig. 3(b), showing two transmission peaks corresponding to the first two Fabry-Perot resonances
of the slit. The two first resonances of the slit are clearly visible on Figs. 3(b,c) that depict the absolute value
of the total pressure field at these particular frequencies. The first mode is symmetric while the second mode is
antisymmetric with respect to the symmetry plane of the system (shown by the dashed line in Figs. 3(b,c)).
Previous discussion allows us to conclude that resonators with symmetric and antisymmetric resonances
can be designed with the combination of the discussed systems: a periodic arrangement of two slits loaded
respectively with one and two HRs. As a consequence, the resonator design that we propose now, shown in
Fig. 3(d), is a combination of slits loaded by one and two resonators. The slit loaded by a single resonator only
supports symmetric modes, and will thus be named symmetric slit. The slit loaded by two resonators supports
both symmetric and antisymmetric modes. It will be mainly used to tune the antisymmetric resonance and
will thus be named antisymmetric slit. The geometric parameters of the degenerate resonator are defined in
Fig. 3(d). The subindex s (a) represents the parameters for the symmetric (antisymmetric) slit.
In the previous section we have critically coupled the symmetric and the antisymmetric reflection
subproblems. This means that the two eigenvalues of the scattering matrix vanish at the same frequency for
the full transmission problem with the optimized geometry. Therefore, the full problem is critically coupled
and perfect absorption is expected. Details of the geometry obtained from the optimization problem for the
complete resonator can be found in Ref. [17].
Figure 4(a) shows the scattering coefficients of the full transmission problem. The agreement between the
model, the numerical simulations and the experimental results is very good. Note here that the presence of
the Bloch waves is crucial in this kind of systems: if only plane waves had been accounted for in the system,
the model would not have reproduced the whole wave process because the evanescent coupling would have
been neglected (see Ref. [17] and its supplementary material for more details). When the Bloch waves are
considered, a perfect absorption peak appears at fPA = 800 Hz as analytically, numerically and experimentally
observed. Figure 4(b) shows the acoustic field of the full problem at the perfect absorption peak. It is worth
noting here that perfect absorption is very sensible to the geometry of the resonators, and this would explain
the slight discrepancies between the analytical or numerical predictions and the experimental results. The
symmetric slit exhibits the symmetric Fabry-Perot mode while the antisymmetric slit exhibits the antisymmetric
Fabry-Perot mode. Both modes are excited at the same frequency, i.e., the structure presents a degenerate
resonance.
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Figure 4: (a) Analytical, numerical and experimental scattering coefficients of the full problem. (b) Represents
the absolute value distribution of the acoustic field at the perfect absorption of the full scattering problem.
Figure adapted with permission from Ref. [17].
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5

Conclusions

The conditions to obtain perfect absorption in ventilated problems with both mirror and non-mirror
symmetric systems are discussed in this talk. We have shown that with non-mirror symmetric systems
unidirectional perfect absorption can be obtained. For the case of mirror-symmetric system perfect absorption
can be obtained by means of degenerate resonators, i.e., resonators presenting symmetric and antisymmetric
resonances impedance matched at the same frequencies. Two examples of acoustic metamaterials made
of Helmholtz resonators are described, showing the possibilities of both non-mirror and mirror symmetric
systems. These materials are based on the concept of slow waves allowing to shift the resonances to the deep
sub-wavelength regimes. The results shown in this work show the advances in the field of deep sub-wavelength
absorption in the ventilated problems for airborne acoustics. They could motivate new developments to
design broadband and omnidirectional deep sub-wavelength acoustic absorbers that will could transform the
traditional means of both absorbing and controlling sound.
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Abstract
The mechanism of a cardioid microphone is recognized as the combination of a sealed (omnidirectional) and
an open (figure-eight) microphone. The sealed and open microphones can obtain the signal of sound pressure
and particle velocity, respectively. Therefore, the specific acoustic impedance, defined as the ratio of sound
pressure to particle velocity, could be obtained from the multiple signals measured by cardioid microphones.
To take advantage of this, we tried to measure the impedance of absorptive material in a tube. Prior to
performing the aforementioned measurement, the characteristics of a cardioid microphone—the gain ratio of
sound pressure to particle velocity—were measured in the tube that had a rigid terminal. The obtained
characteristics were used as corrective values for the impedance measurement. Subsequently, an absorptive
material was installed in that tube and the signals were measured twice using the cardioid microphone. The
impedance was calculated from the obtained signals and the corrective values. Compared to the conventional
transfer function method, it was also measured using two omnidirectional microphones. Different lengths of
impedance tubes were also used for verification. As a result, the impedance values obtained from the cardioid
microphone showed good agreement with those from the transfer function method at the whole frequencies in
any tubes.

Keywords: cardioid microphone, absorption coefficient, impedance measurement.

1

Introduction

The PU-Probe produced by Microflown [1] is widely known as a sensor of sound pressure and particle velocity.
This sensor is of significant value to sound intensity or acoustic impedance measurement. On the other hand,
some reports––the PU sensor is affected by temperature and humidity [2, 3] and needs calibration on each
measurement day [4, 5]–– suggested that this sensor is significantly sensitive.
The goal of this study is to develop a new robust sensor of sound pressure and particle velocity using a pair of
cardioid microphones. We reported in the past that the possibility of in-situ measurement and normal
impedance acoustic impedance measurement in a tube using cardioid microphones [6–8]. It is revealed that
the characteristics of a cardioid microphone—the gain ratio of sound pressure to particle velocity— must be
obtained as the correction factor before impedance measurements [9].
It has not however been known that the correction factor can be obtained from any tubes. Therefore, the
correction factors of three cardioid microphones were measured using two different lengths of impedance tubes
for verification. Additionally, the absorption coefficient of material was measured to check the effect of these
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correction factors. This paper explains the basic theory of how to measure reports these results mentioned
above.

2
2.1

Basic theory
Surface impedance measurement using a cardioid microphone in a tube

The measurement condition is shown in Figure 1. The signal M +(x) is recorded at position x with the directivity
of a cardioid microphone heading to the specimen, and the signal M −(x) is done with directivity heading to the
loudspeaker (180 degrees opposite from the specimen). The receiving signals consist of both sound pressure
and sound velocity, so that receiving signals M + and M − are described with complex constant α, β as
followings:
,

(1)

.

(2)

Thus, the spacific impedance Z at position x equals

.

(3)

Therefore, the reflection coefficient r is expressed with the distance l from the microphone position to the
specimen:

.

(4)

The surface impedance Z(L) can be obtained as following:

(5)

.

The value of β/α in Equation (3) is necessary to obtain the surface impedance. We named β/α as the correction
factor. The correction factor is microphone-specific value.

0

x

L
l

M–

Sound Source

x

M+

Specimen

Figure 1 – Impedance measurement setting in a tube.
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2.2

Correction factor β/α

The impedance tube which has a rigid terminal, shown in Figure 2, is used to obtain the correction factor β/α
of a cardioid microphone. Sound pressure and particle velocity at the position x in a tube are expressed as

(6)

,

(7)

.
The specific impedance Z(x) at the position x is also expressed as

(8)

.
The correction factor β/α is calcurated from Equations (3) and (8):

(9)

.

Equation (9) tells us that the correction factor can be obtain form two recorded signals M + and M − in a tube
which has a rigid terminal and that the upper limit frequency is decided according to l < λ /4.

0

x

L
l

M–

x

M+

rigid

Sound Source

Figure 2 – Measurement setting of correction factor in a tube.

3

Measurement of correction factor β/α

There is no proof that the proper correction factors can be obtained from any tubes. Therefore, a verify test
was conducted with three cardioid microphones and two impedance tubes.
3.1

Test condition

Three cardioid microphones ISOMAX-IIC produced by Countryman (CM_A, CM_B, and CM_C) and two
wooden impedance tubes (long tube and short tube) which have 100 mm squared sections and different lengths
were ready for the test. The specifications and test conditions of the impedance tube are shown in Figure 2
and Table 1. The target frequency range is from 140 to 1275 Hz. The distance l from the microphone position
to the rigid terminal edge was varied according to frequency (Hz) to keep l < λ /4. Pinknoise were exposed
from the loudspeaker for about 30 seconds and were recorded twice to obtain M + and M – with 24bit/48kHz
sampling. The recorded signals were calculated every 16384 data (about 0.34 seconds) and the window were
shifted with 8192 data (half overlap). The calculation results were averaged in the frequency domain.
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Table 1 – Specification and measurement condition of two tubes.
Material

Long tube
Short tube
3.2

MDF
board

Section
shape
100×100 mm
squared

Thick
(mm)

15

Target
frequency
(Hz)

Entire
length
(mm)

Distance x
(mm)

1050

900

900

570

140 – 1275

Distance l (mm)
120 (f ≤ 500 Hz)
60 (500 < f ≤ 1000 Hz)
30 (f > 1000 Hz).
120 (f ≤ 500 Hz),
30 (f > 500 Hz)

Results

The measurement results of correction factor β/α are shown in Figure 3, 4, and 5. The left figure shows the
ratio of amplitude (ideal value: 1.0) and the right figure shows the phase difference (ideal value: 0.0) in each
figure. As these figures indicate, the values of the long tube and the short tube were almost the same throughout
the frequency range. It was found from the results that the correction factors can be obtained from any tube.
See the detail of these figures, two lines were separated from 700 Hz in the amplitude figures and separated
from 400 Hz in the phase figures. We could not judge which line was better at this stage. This judgment was
postponed to the next session.

Figure 3 – Correction factor of cardioid microphone CM_A.

Figure 4 – Correction factor of cardioid microphone CM_B.
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Figure 5 – Correction factor of cardioid microphone CM_C.

4

Impedance measurement with correction factor β/α

The impedance measurement of glass wool (50 mm thick, 32 kg/m3 density) was conducted using these three
cardioid microphones, two omnidirectional ones, and the long tube.
4.1

Measurement condition

Three cardioid microphones ISOMAX-IIC produced by Countryman (CM_A, CM_B, and CM_C) and two
1/2-in. class 1 omni-directional microphones MI-1231 + MI-3110 produced by ONO-SOKKI were ready for
the test. The distance l was changed into 60, 180, and 240 mm (three patterns) when the cardioid microphones
were used. The omnidirectional microphones were used to obtain the reference data according to the transfer
function method (ISO10534-2 [10]). The long tube shown in Table 1 were chosen for the test. The detail of
microphone position and the distances are shown in Table 2.
Table 2 – Microphone types and conditions for impedance measurement.
Microphone type

Distance x (mm)

Distance l (mm)

Distance of two mics. (mm)

Cardioid (CM_A, CM_B, CM_C)

570

60, 180, 240

-

Omnidirectional

570

60

120

4.2

Results

The measurement results are shown in Figure 5 and 6. Figure 5 consists of nine figures; the left three figures
show the result of three cardioid microphones without correction data and that of omnidirectional microphones
(PP, transfer function method). These figures indicated that the data of cardioid microphones are essential to
be corrected. Three figures of the centerline show the corrected results of cardioid microphones with the
correction factor from the long tube. Three figures on the right line show the corrected data from the short
tube. The corrected results of cardioid microphones converged on the omnidirectional microphone line from
about 200 Hz to 1400 Hz. These six figures indicated that both correction factors from the long tube and short
one worked to good advantage at any distance l and any cardioid microphones. Focusing on over 800 Hz, the
results of the short tube are a little more fitting than that of the long one. From the point of view of easy and
stable measurement, the short tube may be better to obtain a correction factor.
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Figure 6 shows nine (3 distances × 3 cardioid microphones) corrected results and the results of omnidirectional
microphones. All results display with 1/3 octave band data. The error bars represent the standard deviation.
The maximum difference between the value of the cardioid microphone and the omnidirectional microphone
is 0.047 at 160 Hz. The maximum difference between two cardioid microphones is 0.007 at 160 Hz. The
maximum standard deviation is 0.027 at 200 Hz. From this result, the absorption coefficient can be measured
using a cardioid microphone and the correction factor of the microphone with any length of the tube is essential
for correct measurement.

Figure 5 – Measurement results of absorption coefficient of 50-mm-thick glass-wool.

Figure 6 – Measurement results of absorption coefficient in 1/3 octave band.
6
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5

Conclusions

To measure the acoustic impedance of material using one cardioid microphone, the correction factor β/α
(complex gain ratio of sound pressure to particle velocity) of the microphone is necessary. However, it is
doubtful that the correction factor β/α can be obtained from any impedance tubes. Therefore, the two different
lengths of impedance tubes and three cardioid microphones (CM_A, CM_B, and CM_C) were used for
verification. The almost same values of correction factor were obtained from the two tubes. The impedance
measurement using three cardioid microphones was conducted to check the effect of correction factors. The
results indicated that both correction factors of the long tube and short one worked well in any distance l from
the microphone position to a specimen. The difference of absorption coefficient using cardioid microphones
and omnidirectional microphones was less than 0.05 and the value of the cardioid microphone was stable
(standard deviation was less than 0.03) with any correction factor throughout the target frequency.
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Abstract
In this paper we propose the use of neural networks to predict the sound absorption coefficient spectra of finite
porous samples with microphone arrays. The main goal is to train a model that can effectively mitigate the
errors caused by the finite size effect. A convolutional neural network architecture is used to map the array data
to the absorption coefficient at five frequencies. The training, validation and test data are numerically produced
with a boundary element method; modelling a baffled, locally reacting porous absorber on a rigid backing
with a Delany–Bazley–Miki model, for varying sample size, thickness, flow resistivity, incidence angle and
frequency. The strength of using machine learning in this context is that no hypotheses are made about the
sound field or the absorber, as the networks learn the necessary relationships from the data. We show that the
network approximates well the absorption coefficient, as if the sample was infinite, in a wide range of cases.
Keywords: sound absorption, in-situ measurement, convolutional neural networks, finite size effect, Delany–
Bazley–Miki model.

1

Introduction

Free-field or in-situ methods of measuring the absorption of acoustic materials aim at inferring the absorption
properties (surface impedance, reflection and absorption coefficients) from measurements of the sound field
in the vicinity of the measurement sample [1, 2, 3, 4]. Although not standardised, the attractiveness of these
methods lies in the fact that they provide angle-dependent absorption data (which cannot be measured with
standardised methods), and are applicable for materials mounted for their intended application.
These inverse methods rely on a mathematical model of the sound field above the material and generally
assume a measurement sample of infinite extent (i.e., that the sample is large enough for the acoustic field to be
sufficiently small at the edges). Yet, in practical data acquisition, measurement samples are limited in size, and
the (total) measured sound field will differ from the case of an infinite sample due to diffraction phenomena
evoked at the sample’s edges. At low- and mid-frequencies, the so-called “edge-diffraction effect” (or “finite
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size effect”) leads to discrepancies between prediction and experimental data [5, 6]. This effect is negligible at
high frequencies where the wavelengh is much smaller than the sample size.
Considerable effort has been spent on the problem of measuring the sound absorption of finite-size samples
in-situ. In particular, a number of studies have compared experimental data with boundary element method
(BEM) simulations in order to describe and account for the edge-diffraction effect (see e.g., [7, 8, 9, 10]). Yet,
fewer studies have attempted to characterise the edge-diffraction effect experimentally [11, 12].
In recent years, data-driven deep learning approaches have yielded promising advances in acoustics [13].
In particular, convolutional neural networks (CNNs) [14] have successfully been applied for porous material
parameter estimation [15], room acoustical parameter estimation [16], direction of arrival (DOA) estimation
[17, 18], and near-field acoustic holography [19, 20]. In this paper, we propose to use CNNs to estimate the
absorption coefficient of finite-size samples, by learning a mapping of pressure fields including edge diffraction
effects to sound absorption. The main advantage of using a data-driven approach in this context is that no
hypotheses on the nature of the sound field are necessary, as these are learned from the data. In this study,
the data used for training, validation, and testing is generated numerically based on a boundary element model
(BEM) of the sound field near a baffled, locally-reacting, homogeneous and isotropic porous layer on a rigid
backing, for varying sample size, thickness, flow resistivity, incidence angle, and frequency. We assess the
performance of the method to unseen data using two different test sets, and compare the predicted absorption
coefficient against a benchmark solution based on the two-microphones method [1].

2
2.1

Methodology
Data generation via BEM

For the sound field simulation, a simplified BEM is considered, as in Ref. [9]. A 2D depiction of the system
under consideration is given in Fig. 1. Here, a point source is located at coordinate rq = (xq , yq , zq ) and a
receiver is located at coordinate r = (x, y, z). A finite rectangular absorber sample of dimensions Lx × Ly is
flush mounted to an infinite hard baffle at the plane z = 0.

Figure 1 – Schematic of the BEM simulation. The point source at rq excites the sound field. A receiver is
located at r and rs is a point at the surface of the sample. The incident, reflected and scattered waves are also
depicted schematically as wave fronts.
The sound pressure, p(r), can be written as the Helmholtz/Huygens integral
0

jk
e− jk|r−rq | e− jk|r−rq |
+
−
c(r)p(r) =
0
|r − rq |
Zs
|r − rq |

Z
p(rs )
S

e− jk|r−rs |
dS,
4π|r − rs |

(1)

where k = 2πf /c0 is the wavenumber in air, f is the frequency, c0 the speed of sound and Zs is the surface
impedance of the finite sample. The vector r can be above or on the surface of the sample; rs is any point
at the surface of the finite sample; c(r) is 0.5 if r is located on the absorptive surface and 1.0 if r is located
at any point above the absorptive surface. The first term on the right-hand side of Eq. (1) is the Green’s
function between the sound source and the receiver. The second term is the Green’s function between the
0
image sound source, at rq = (xq , yq , −zq ), and the receiver. Together they form the unperturbed sound field,
as if the sample itself is not present. The last term carries the information of the absorption and diffraction on
the finite absorber, formulated as an integral over the finite absorber sample area S. The absorption term is
2
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modelled by a prescribed surface impedance, Zs , constant across the finite sample’s surface. The characteristic
impedance and the wavenumber for the material are computed with the Delany–Bazley–Miki model [21]. In
the following, we assume a locally-reacting, hard-backed porous layer of thickness d. Thus, for a given angle of
incidence, the surface impedance and absorption spectra can be calculated from a well-known transfer matrix
method (TMM) [22]. These constitute the reference absorption spectra, which are used as labels to perform the
supervised training of the CNN.
The surface of the sample can be discretised into N square elements, with p(rs ) considered constant over
each element. Therefore, Eq. (1) can be rewritten as
0

Z
N
e− jk|r−rq | e− jk|r−rq |
e− jk|r−rs |
jk X
c(r)p(r) =
+
−
p(r
)
dSn ,
sn
|r − rq |
Zs
|r − r0q |
Sn 4π|r − rs |
n=1

(2)

where the collocation method is used by placing r = ri at i = 1, 2, . . . , N on the surface of the sample. Thus a
system of equations is formed and the surface pressure, p(rsn ), at each element can be found. Once the surface
pressure is known, it can be re-inserted into Eq. (2) to calculate the pressure at any receiver point for z > 0. An
array of receivers is considered in this study. The array aperture is 0.6 × 0.6 m and the receivers are arranged in
a regular grid of 12 × 12 at a distance of 2 cm from the surface of the sample. The highest simulated frequency
is 2 kHz, with six elements per wavelength. The integrals in Eq. (2) are calculated with linear interpolation and
Gauss–Legendre quadrature with 36 points on each element [23, 24]. With the implemented configuration, the
Gauss points do not coincide with the element center, which avoids singularities. Experimental validation for
such BEM simulations using single point estimates can be found in Ref. [9].

2.2

Two-microphone method

As a reference for the validation of the proposed method, the classical two-microphone method [1] is used. The
method makes use of two microphones placed along the normal to the surface of interest in order to separate
the incident and reflected components of the field. This is done under the assumption of specular reflection,
such that the reflected sound field arises from the image source at r0q as a spherical wave [3]. Furthermore, the
reflection coefficient is assumed to be that of plane waves. The sound pressure at the microphones is thus
0

e− jk|ri −rq |
e− jk|ri −rq |
p(ri ) =
+ R(f )
.
|ri − rq |
|ri − r0q |

(3)

where ri , i = 1, 2 are the positions of the two microphones. The reflection coefficient of the sample at
frequency f is thus estimated as

R(f ) =

e− jk|r2 −rq | p(r2 ) e− jk|r1 −rq |
−
|r2 − rq |
p(r1 ) |r1 − rq |
0

0

p(r2 ) e− jk|r1 −rq | e− jk|r2 −rq |
−
p(r1 ) |r1 − r0q |
|r2 − r0q |

,

(4)

and the sound absorption coefficient is
α(f ) = 1 − |R(f )|2 .

(5)

In an experimental context, the distance between the microphones must be large enough for a phase difference
to be observed [1], but small enough to avoid spatial aliasing. For the purposes of numerical illustrations in the
present paper, the microphones are respectively placed at 1 cm and 3 cm from the sample.

2.3

Convolutional neural network

We adopt an architecture based on two convolutional layers and two fully connected layers. A schematic of the
network can be seen in Fig. 2. The input data consists of the 12 × 12 array predictions of the absolute sound
pressure at 5 frequencies; which means that the network has 5 channels, each of size 12 × 12, as input. The
3
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first convolutional layer Conv1 has 16 filter channels, each with kernel size 2 × 2 and stride equal to one, and
rectified linear unit (ReLU) activation functions. The second convolutional layer Conv2 has 32 filters and the
remaining properties same as those of the first layer. At the output of Conv2 there is a max-pooling operator,
which downsamples the image by a factor of two and takes the maximum value over patches of size 2 × 2.
These values are then flattened into a vector of size 800 and fed into a fully connected layer FC1, containing
100 neurons with ReLU activation functions. Lastly, the output is another fully connected layer with 5 neurons,
each corresponding to the absorption coefficient at each frequency, and using a sigmoid activation function to
constrain the output to the interval [0, 1].
Input

Conv1

Conv2

FC1

Output

Max pooling

Figure 2 – Schematic of the CNN architecture. The input data is an array of size 12 × 12 × 5, where the 5
channels correspond to the 5 frequencies. Conv1 and Conv2 correspond to the first and second convolutional
layers, respectively, while FC1 and the output layer are fully connected layers. The output is a vector of size
1 × 5, containing the absorption coefficient spectrum.
Table 1 – Summary of network architecture. Total trainable parameters: 83021.
Operation
Input
Conv2D
Conv2D
Max pooling
Flatten
Fully connected
Fully connected

3
3.1

Kernel size
2×2
2×2

No. channels

Activation

5
16
32

ReLU
ReLU

ReLU
Sigmoid

Output size
12 × 12 × 5
11 × 11 × 16
10 × 10 × 32
5 × 5 × 32
1 × 800
1 × 100
1×5

Results
Training and validation

The dataset used for training and validation consists of 285120 cases generated with the BEM model. Each
case contains the magnitude of the 12 × 12 pressure fields at five frequencies: 125 Hz, 250 Hz, 500 Hz, 1 kHz
and 2 kHz. These cases are obtained with the BEM model given the parameter combinations indicated in Table
2. Examples of three of these input cases can be seen in Fig. 3. The source distance is set to 1.5 m, the sound
speed is 343 m/s, and the air density is 1.21 kg/m3 .
Note that we use a single-layer pressure array, in contrast to acoustical holography-based methods (e.g.,
[11, 12, 25, 26]) that use multiple layers to separate incident from reflected fields. Additionally, we take the
absolute pressure instead of the complex-valued pressure. The motivation behind these choices is two-fold.
First, it reduces the complexity of the network and the number of sensor positions. Second, the direct field
is the same for all cases of the training set that have the same incidence angle – regardless of the other BEM
model parameters. This enables the network to exploit this invariance of the direct field to predict the sound
absorption; however, verification of this is out of scope for the current work.
4
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Figure 3 – Input examples from the training set. Absolute sound pressure (Pa) at the 12×12 array obtained with
the BEM model. Colormaps are interpolated for easier visualisation. Rows: three different samples. Columns:
frequencies 125 Hz, 250 Hz, 500 Hz, 1 kHz and 2 kHz.
Table 2 – BEM model parameters used to generate the training and validation sets.
Parameter

Min value

Max value

Step

Sample size Lx [cm]
Sample size Ly [cm]
Flow resistivity σ [Ns/m4 ]
Thickness d [mm]
Source elevation angle θ [◦ ]
Source azimuth angle φ [◦ ]

20
20
5000
5
0
0

80
80
10000
200
80
180

20
20
5000
20
10
20

The 285120 cases are randomly split into 80% and 20% for training and validation, respectively. The
loss function is the mean-squared error (MSE), a common choice for statistical regression. We use the Adam
optimiser as it is computationally efficient and has low memory requirements [27]. Training is stopped after
200 epochs. Figure 4 shows the training and validation loss, as well as the mean absolute error (MAE) versus
the number of epochs. It can be seen that the validation loss converges at about 100 epochs, and thereafter it
improves marginally. For testing we use the network trained 200 epochs.

0.04

0.004

MAE

Loss

Training
Validation

0.05

0.006

0.03

0.002

0.02

0.000

0.01
0

50

100
Epoch

150

200

0

50

100
Epoch

150

200

Figure 4 – Learning curves versus number of epochs. Left: Training and validation loss (MSE). Right: Mean
absolute error (MAE) during training and validation.
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3.2

Testing and benchmark comparisons

Two tests are done to assess the performance of the CNN to unseen data. In each of these tests, the CNN
predictions are compared with those of the two-microphone method and the TMM reference.
3.2.1

Interpolation test

This test is done to evaluate the performance of the network against unseen cases whose parameters lie inside
the range of parameters of the training set. The network is tested with an interpolation data set consisting of
15000 additional cases. These cases are generated with the BEM model, using 15 base cases (fixed sample
sizes) and drawing random combinations of the remaining parameters in Table 2 with uniform distribution.
The source distance is 1.5 m, the same as in the training set. The MSE and MAE for the entire data set are
0.002 and 0.03, respectively.
Figure 5 shows the results for four different cases. Two of which correspond to the smallest in size of
the interpolation set (top row), and the others correspond to the largest (bottom row). The thickness and flow
resistivity values lie in the lower (left column) and higher (right column) ends of the intervals in Table 2.

1.0

Lx =22cm, Ly =23cm, d=16mm, σ =5349Nsm−4
r=1.5m, θ =67°, φ =103°

Lx =22cm, Ly =23cm, d=198mm, σ =99911Nsm−4
r=1.5m, θ =52°, φ =176°

(a)

(b)

α (-)

0.8
0.6
0.4
0.2
0.0

1.0

Lx =74cm, Ly =72cm, d=18mm, σ =6450Nsm−4
r=1.5m, θ =26°, φ =164°

Lx =74cm, Ly =72cm, d=192mm, σ =98423Nsm−4
r=1.5m, θ =67°, φ =12°

(c)

(d)

α (-)

0.8
0.6
0.4
TMM
2-mic estimation
CNN estimation

0.2
0.0

0

500

1000 1500
f (Hz)

2000

2500

0

500

1000 1500
f (Hz)

2000

2500

Figure 5 – Sound absorption coefficient spectra of four samples from the interpolation test set. Prediction with
the two-microphone method (dashed), with the CNN (dotted circles), and TMM reference (solid).
It can be seen that the predictions with the two-microphone method contain spurious artefacts, most noticeably in Figs. 5(b) and (c). These oscillations are known in the literature [7, 8, 9] and can be attributed to
the finiteness of the sample. On the other hand, the absorption predicted by the CNN agrees reasonably well
with the reference for the cases in Figs. 5(b) and (d); cases with thicker, more resistive samples. For the case in
Fig. 5(c) the CNN still provides a reasonable prediction, slightly overestimating the absorption at 1 kHz and 2
kHz.
As shown in Fig. 5(a), however, the CNN underestimates the absorption curve, most noticeably at frequencies above 250 Hz. A possible explanation for this is related to the proportion of training samples that have
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similar BEM model parameters to those of Fig. 5(a). The joint distribution of absorption coefficient for the
whole training set (approx. 1.4 million data points) is shown in Fig. 6. Most cases are highly absorptive (near
1), and this is reasonable since the absorption coefficient of such porous samples increases with frequency. This
also means that non-absorptive cases are less common in the training set, which could pose difficulties at the
moment of predicting the absorption of, e.g., thin and less resistive samples. We also suspect the model may be
sensitive to the particular (and perhaps other) choices of parameters, and further work is needed to verify this.
250000

No. occurrences

200000
150000
100000
50000
0

0.0

0.2

0.4

0.6

0.8

1.0

Figure 6 – Joint distribution histogram of the absorption coefficient α for the whole training set.

3.2.2

Extrapolation test

The network is tested with an extrapolation set consisting of 15000 additional cases. As with the interpolation
test set, 15 base cases are generated with the BEM model, drawing random combinations of the remaining
parameters within the intervals shown in Table 2. The difference in this test is that the source distance is also
varied randomly between 1 and 2 m. This test is done to evaluate the performance of the network against
unseen cases whose parameters (in this case source distance) lie outside the range of parameters of the training
set. The MSE and MAE for the entire data set is 0.003 and 0.04, respectively.
Figure 7 shows the results for four different cases. Two of which correspond to the smallest in size of the
extra polation set (top row), and the others correspond to the largest (bottom row). The source distance is closer
[7(a) and (d)] or farther [7(b) and (c)] than the one of the training set (1.5 m). It can be seen that the predictions
with the two-microphones method only agree well with the reference in the last case, shown in Fig. 7(d); and
it again contains spurious artefacts in the remaining cases. In contrast, the CNN predicts the absorption curves
reasonably well, even when the source distance is different from the one in the training set. This indicates that
the network has the potential to generalise to unseen cases.
Additionally, we conduct an analysis of the network performance versus source distance. For this analysis,
the extrapolation data set is clustered into ten groups, dividing the source distance into intervals (1, 1.1] m,
(1.1, 1.2] m, etc. The resulting MSE and MAE curves are shown in Fig. 8. It can be seen that the errors
increase as the source distance moves away from 1.5 m (the distance in the training set), where it attains a
minimum. However, the error increase is rather gentle, which suggests that the network is not overfitting too
much. In particular, the errors increase faster when the source distance is decreased than when it is increased.

4

Conclusion

This paper introduces the use of convolutional neural networks (CNNs) to estimate the sound absorption coefficient of an infinitely large material sample from the knowledge of the behaviour of a finite rectangular
specimen. The input data consists of the absolute acoustic pressure on a single layer of microphones over the
finite sample of interest at five frequencies, and the output is the sound absorption coefficient at those frequencies. For convenience, the data for training, validation and testing is generated with a BEM model, comprising
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1.0

Lx =21cm, Ly =22cm, d=5mm, σ =5919Nsm−4
r=1.69m, θ =78°, φ =177°

Lx =21cm, Ly =22cm, d=155mm, σ =30720Nsm−4
r=1.02m, θ =35°, φ =177°

(a)

(b)

α (-)

0.8
0.6
0.4
0.2
0.0

1.0

Lx =70cm, Ly =62cm, d=31mm, σ =22104Nsm−4
r=1.97m, θ =2°, φ =175°

Lx =70cm, Ly =62cm, d=196mm, σ =27095Nsm−4
r=1.33m, θ =47°, φ =115°

(c)

(d)

α (-)

0.8
0.6
0.4
TMM
2-mic estimation
CNN estimation

0.2
0.0

0
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1000 1500
f (Hz)

2000
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1000 1500
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2500

Figure 7 – Sound absorption coefficient spectra of four samples from the extrapolation test set. Prediction with
the two-microphone method (dashed), with the CNN (dotted circles), and TMM reference (solid).

MAE
MSE

0.05
Metric

0.04
0.03
0.02
0.01
0.00

1.0

1.2

1.4
1.6
Source distance (m)

1.8

2.0

Figure 8 – Mean-squared error (MSE) and mean absolute error (MAE) of the CNN model on the extrapolation
set as a function of source distance.
a baffled, locally-reacting porous absorber on a rigid backing. The BEM model is parametrized for varying
sample sizes, thickness, flow resistivity, incidence angle, and frequency. A Delany–Bazley–Miki model is used
to compute the wavenumber and the characteristic impedance of the sample. Due to the numerical modelling
there are assumptions about the samples in question, such as homogeneity, local reaction, and the dependence
of the impedance and wavenumber only on frequency and flow resistivity. However, we suspect the learning
process could be extended to more complex cases. The network is trained for 200 epochs, and its performance is assessed against unseen data in two different tests and compared with benchmark solutions with the
two-microphone method. In both tests the network outperforms the benchmark solution, and provides meansquared errors and mean absolute errors in the order of 0.002 and 0.03, respectively. This is a preliminary
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study, and future work includes training other architectures to account for single- or multiple-frequency maps,
a thorough error analysis across the parameters of the BEM model, and validation with experimental data.
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Abstract
Absorbent materials are frequently used in acoustic solutions to improve people's feeling of comfort and
well-being. The ISO 354:2003 standard provide a standardised procedure for the characterisation of their
absorbing properties in a reverberation chamber. The formula used in ISO 354:2003 for the calculation of
reverberation time is known as the Sabine formula, but it provides values of the absorption coefficient that in
some cases are higher than 1. Other alternative formula such as that of Millintong-Sette is proposed in the
scientific literature. Considering different samples of natural virgin cork with reduced industrial exploitation,
a study was conducted to analyse the differences in the sound absorption coefficients determined with Sabine
and Millington-Sette equations, finding variations of up to 28%.
Keywords: reverberation time, sound absorption, reverberation chamber, ISO 354:2003, building material

1

Introduction

Acoustic comfort in dwellings is an issue studied in the scientific literature because of its relationship with
the residents' feeling of well-being [1,2]. But it is also an aspect to be taken into account in the satisfaction of
users in libraries, music halls, conference rooms, as well as customers in restaurants, coffee shops, stores and
other types of venues for public use [3,4,5]. Therefore, a design phase of acoustic solutions for sound
insulation and acoustic conditioning in the original construction project of building would be beneficial in
this regard [6,7].
The search for materials applicable in solutions that contribute to the improvement of the acoustic insulation
of buildings with respect to the environmental noise [8,9,10] and noise transmitted between indoor
enclosures [11,12], as well as acoustic conditioning [13,14,15], is a line of work addressed in the scientific
literature. Martellota et al. [16] studied the behaviour of sound absorbers obtained from olive pruning wastes
and chitosan binder under normal incidence conditions in an impedance tube. Khan et al. [17] tested some
samples of sound absorbers made from recycled granulates using the small impedance tube according to ISO
10534-2 [18]. Berardi and Iannace [19] carried out experimental tests in a tube for the acoustic
characterization of natural fibers for sound absorption applications. In this context, the ISO 354:2003 [20]
and ISO 11654:1997 [21] standards are often considered for the determination of sound absorption
coefficient (α s ) as well as the practical (α p ) and weighted (α w ) sound absorption coefficients in a
reverberation chamber [22,23].
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The ISO 354:2003 standard [20] proposes the use of the Sabine equation to calculate the equivalent sound
absorption area (A T ), a parameter from which the absorption coefficient can be calculated. The comparison
of materials using the Sabine equation according to ISO 354:2003 standard [20] is perfectly possible and
accepted in the scientific literature [22,23]. However, values of this coefficient higher than 1 may result in
some special cases with the Sabine equation [24,25,26,27]. If the absorption coefficient of a material is
understood as the ratio between the absorbed and incident energy, this fact raises an interesting question
from a physical point of view and discussed by researchers concerning the specific case of concert hall
audience and chair absorption [27,28,29]. Based on the results of experimental tests, Eyring, C [30] indicated
that the failure of Sabine's formula occurs when the average absorption coefficient of a room is quite high
(above 0.5). More recently, Beranek, L. [27] pointed out that Sabine absorption coefficients must be able to
take all values from zero to infinity and that the concept that a Sabine coefficient of 1.0 is equivalent to
complete sound absorption by a surface is false. This study also showed some differences between the values
for the absorption coefficient calculated from the Sabine and Eyring equations in different halls. The values
derived from the Sabine equation were higher and the difference between them was greater as the value of
the absorption coefficient increased.
Taking into consideration this scientific discussion of the Sabine equation and given that it is used in the ISO
354:2003 standard [20], its application in engineering consultancy may become a problem in some cases. In
this context, it seems interesting to compare the results of alternative formulas for the calculation of the
absorption coefficient. This manuscript presents a comparison between the results obtained using the Sabine
equation and that proposed by Millington-Sette [29,31,32] in the calculation of the sound absorption
coefficient (α s ), the practical (α p ) and weighted (α w ) sound absorption coefficients with random sound
incidence in a standardised reverberation chamber for some samples of natural virgin cork.

2

Methodology

In this paper, experimental investigations with different samples of virgin natural cork were performed in a
normalised reverberation chamber to determine their sound absorption coefficient (α s ) as well as the practical
(α p ) and weighted (α w ) sound absorption coefficients with random sound incidence according to the
guidelines of ISO 354:2003 [20] and ISO 11654:1997 [21]. Figure 1 shows two small pieces of natural virgin
cork with the outer bark facing upwards (Fig. 1a) and downwards (Fig. 1b) from which the samples studied
were made.
(a)

(b)
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Figure 1 – Small pieces of virgin cork where outer bark faces: (a) upwards; (b) downwards
Since the analysis presented in this paper is based on the results obtained from a previous publication [23], in
which all the details of the methodology such as the cork sample collection and treatment, the testing
methodology, the samples analysed and the calculation method are described, a brief description of the
methodology is included.
For the reverberation time (RT) measurements, the interrupted noise signal method with pink noise was
employed and 12 source-microphone combinations were considered. The reverberation time was obtained in
the third octave bands between 100 Hz and 5 kHz.
Three samples of natural virgin cork were designed for the tests and placed on the floor of the reverberation
chamber according to the indications of the type A mounting of annex B of the ISO 354:2003 standard [20].
Table 1 describes the main characteristics of samples S1, S2 and S3. In the case of samples S1 and S2, they
had an area of 10.2 m2 and an average thickness of 6 cm. In sample S1, the outer bark of the cork was facing
upwards, while in S2 it faced downwards. Sample S3 was a decorative absorbent panel proposed as a final
product. While the edges of S1 and S2 were covered with an acoustically reflective frame following the
indications of the ISO 354 standard, in S3 they were not covered because the standard indicates that this
should be the case for those samples that are commonly exposed in a real application.
Table 1. Characteristics of the virgin cork samples S1, S2 and S3
Sample

Description

Area (m2)

Average thickness (cm)

S1

Outer bark facing upwards

10.2

6

S2

Outer bark facing downwards

10.2

6

S3

Decorative absorbent panel
made of S1 and S2

10.1

4

Concerning the calculation method for the absorption coefficients, the sound absorption coefficient (α s ) was
first determined for each of the three samples of natural virgin cork by means of Equation 1, where A T is the
equivalent sound absorption area and S is the area of the test sample. The specifications of ISO 354:2003
[20] standard were followed to this end. The practical (α p ) and weighted (α w ) sound absorption coefficients
of each sample was then calculated in accordance with the procedure of ISO 11654 [21].
αs = AT / S

(1)

The formula used in ISO 354:2003 [20] for the calculation of reverberation time is known as the Sabine
formula (Equation 2). Although the use of this equation is widely accepted for comparing materials, given
the discrepancies about the values obtained for the absorption coefficient in some cases [24,25,26,27], a wide
discussion was raised in the scientific literature [27,28,29,30] and other alternative formula for the
calculation of reverberation time such as that of Millintong-Sette (Equation 3) was proposed [29,31,32].
or

(2)

(3)
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3

Results and discussion

In this section, a comparison is made between the results obtained using the Sabine equation (Equation 2)
indicated in ISO 354:2003 and that proposed by Millington-Sette (Equation 3) in the calculation of the sound
absorption coefficient (α s ), together with the practical (α p ) and weighted (α w ) sound absorption coefficients
with random sound incidence in a standardised reverberation chamber for samples S1, S2 and S3 of natural
virgin cork. Figure 2 shows the values of the difference between the coefficients α s (Figure 2a) and α p
(Figure 2b) calculated using the Sabine (Equation 2) and Millintong-Sette (Equation 3) equations. If the
values of the absorption coefficients of the three samples are observed in [23] (they were not greater than 1
in any case), a relationship between the magnitude of Δα s and Δα p and the value of the corresponding
absorption coefficient can be found. That is, the difference between the absorption coefficients calculated
with the Sabine (Equation 2) and Millington-Sette (Equation 3) equations increases as the value of the
absorption coefficient increases. The maximum Δα s value obtained for samples S1, S2 and S3 is 0.19 for an
α s SABINE value of 0.68, which represents a variation of up to 28% with respect to the calculated α s SABINE
value. Similar results were found for α p . These values of Δα s and Δα p implied a slight variation of 0.05 in the
α w coefficient of the tested samples, which did not translate into a variation in the sound absorption
classification in accordance with the ISO 11654:1997 standard (Table 2).
(a)
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(b)

Figure 2 – Differences between Sabine and Millington-Sette sound absorption coefficients for samples S1,
S2 and S3: (a) α s ; (b) α p
Table 2. Sabine and Millington-Sette weighted sound absorption coefficients and sound absorption
classification for samples S1, S2 and S3.
Sample

α w SABINE

α w MILL.

S1
S2
S3

0.35
0.35
0.40

0.30
0.30
0.35

Sound absorption
classification ( SABINE - MILL. )
D-D
D-D
D-D

Since a proportional relationship was found for Δα s and Δα p with respect to the value of α s SABINE for the
samples of virgin cork studied in the reverberation chamber, higher values of Δα s and Δα p could be found in
materials with higher α s SABINE , as is the case of sheep wool and PET [13,22]. Some researchers compared
Sabine's absorption coefficient with others such as Eyring's proposal [30]. Beranek, L. [27] found a ratio of
Eyring to Sabine coefficients of about 0.85 in concert halls and lower than 0.5 in rooms with short
reverberation times. This indicates that the characteristics of the room may influence the results. It would
therefore seem interesting to extend research in this direction to find out whether this is transferable to
5
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experimental tests in different standardised reverberation chambers. But Beranek, L. also found that the
values for the absorption coefficient from the Sabine equation were greater than those from Eyring equation
and the difference between them increased as the value of the absorption coefficient rose. Therefore, taking
into account the difference in the results of the sound absorption coefficient with the Sabine and alternative
equations, it might be interesting to consider the possibility of using these other equations in engineering
consultancy applications.

4

Conclusions

This paper presents a comparison between the results obtained using the Sabine and Millington-Sette
equation in the calculation of the sound absorption coefficient (α s ), the practical (α p ) and weighted (α w )
sound absorption coefficients with random sound incidence in a standardised reverberation chamber for
some samples of natural virgin cork.
A variation of up to 28% in the coefficient αs was found in the calculation with the Sabine and MillingtonSette equations, with similar values for α p . These variations (Δα s and Δα p ) showed a relationship with the
value of the corresponding absorption coefficient. That means that the difference between the absorption
coefficients calculated with the Sabine and Millington-Sette equations increases as the value of the
absorption coefficient increases. Only a slight variation of 0.05 in the α w coefficient of the samples was
found, which did not translate into a variation in the sound absorption classification indicated in the ISO
11654 standard.
Considering the difference in the results derived from the Sabine and alternative equations, an interesting
discussion could be raised on the question of using these other equations in engineering consultancy
applications.
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Abstract
As part of the Non-cuboid Iterative Room Optimizer program development, in addition to optimizing the room’s
geometry to obtain a flat modal response, a module adding low-frequency absorption was added to further improve
the response. A variety of pressure and velocity absorbers of different designs were investigated. This paper
compares impedance tube measurements and predictions, using the Transfer Matrix Models. Additional prediction
models for modeling different face plates and resistive cavity absorption are also examined. Examples using a
16 cm2 tube with a response between 63 Hz and 4000 Hz and a 60 cm2 tube, with a response between 20 Hz and
200 Hz, will be discussed. Both porous absorbers and pressure absorbers are evaluated.
Keywords: transfer matrix model, acoustic treatments, surface impedance.

1

Introduction

Controlling low-frequency room modes is a critical step in a proper design of a studio or listening room.
Even though the theory regarding low-frequency absorbers like membranes and different types of Helmholtz
resonators is well established, obtaining reliable measurements to verify the analytical models and the construction aspects, especially in frequencies below 100 Hz, has been an issue to acousticians and acoustic equipment
manufacturers.
One of the main problems is that several simplifications are made in the analytical modeling approaches and
many construction details and techniques are not considered in the design equations. Another issue is to find a
suitable measurement method, which can become difficult when there is a need for precision at low-frequencies.
For impedance tubes, the area and length of the tube have to be quite big to provide reliable results at lower
frequencies.
In an effort to confirm the validity of the low-frequency absorbers design methods on the Non-cuboid
Iterative Room Optimizer (NIRO) software [7], several absorbers were built and measured, using two different
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impedance tubes. The software uses the Transfer Matrix Model to design and predict the complex surface
impedance of different resonators. An open-source python toolbox for designing and predicting several types
of acoustic absorbers was created as part of the software and can be found in [6]. The method will be described
in detail in the next section.

2

Transfer Matrix Model

The Transfer Matrix Model (TMM) representation, also known as four-pole parameter representation or
transmission matrix, enables the calculation of the surface impedance of single and multiple layered treatments
by considering the continuity of pressure and velocity from one layer to the next, thus enabling the use of
surface impedance of one layer as the backing surface of the next. The method works by representing the
acoustical properties of the device through its four-pole parameters, which relate pressure and particle velocity
on each side of each layer of the device. Consider the acoustic device shown in Figure 1a, the transfer matrix
of the single layer e1 can be defined as
"

#"
#
# "
pin
A1 B1 pout
=
,
uin
C1 D1 uout

(1)

where pin , pout and uin , uout are pressure and particle velocity on each side of the layer and A1 , B1 , C1 and D1
are the four-pole parameters.
p0ejwt

pin
uin

pout
uout

p0ejwt

pin
uin

pout
uout

Sin e Sout
1

Sin e
Sout
1 e2 RB

(a) Single layer.

(b) Multiple layers with a rigid
backing.

Figure 1 – Composition of single and multi-layered acoustical treatments.
A multilayered system can be represented by adding the four-pole parameters of the other layers, which for a
double layer device results in the following matrix:
"
#"
# "
#
A1 B1 A2 B2
AG BG
TG =
=
,
C1 D1 C2 D2
CG DG

(2)

in which A2 , B2 , C2 and D2 are the four-pole parameters of the second layer. The multiplication of these
matrices can be defined as the global transfer matrix TG with AG , BG , CG and DG as the global four-pole
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parameters. With the global transfer matrix, the surface impedance at the top layer can be calculated as [8]:

Zin = Sin

g
BG + AG Z
out /Sout
,
g
DG +CG Z
out /Sout

(3)

g
where Sin and Sout are the surface areas of the first and last layers and Z
out is the radiation impedance at the
g
last layer. If the last layer has a rigid backing (uout = 0 and Zout → ∞), as shown in Figure 1b, the surface
impedance can be defined as Zin = Sin CAGG .
The treatment samples that will be analyzed in this work will require only two different type of four-pole
parameters matrices: one for equivalent fluid elements and one for barrier type elements. The first is used to
describe both air and porous material layers and the latter is used to represent thin plates, such as perforated/slotted plates and membranes. The four-pole parameters for equivalent fluids and plate type elements provided
by the literature[1, 4] are, respectively:

TEF

"
#
cos(kt) jρc sin(kt)
= sin(kt)
,
j ρc
cos(kt)

"
#
1 Zs
TB =
,
0 1

(4)

(5)

where in Eq. 4 t is the layer thickness, k is the wavenumber, ρ is the density of the media, c is the speed of
sound and in Eq. 5 Zs is the complex characteristic impedance. Once the impedance is obtained, the sound
absorption coefficient α can be calculated by α = 1 − |(Z − ρ0 c)/(Z + ρ0 c)|, where ρ0 is the characteristic
impedance of air.
2.1

Equivalent fluid models

Several models for the prediction of the normal incidence surface impedance of porous materials, both empirical
and theoretical, have been developed and published since the 1970s. While the empirical methods rely on
regression models applied to many experimental measurements of different materials, the theoretical models
are based on the physical considerations of the sound propagation inside the material. The use of these two
types of models can be divided into three main aspects: the input parameters, the type of material they are
applicable to and the frequency range in which they are valid.
While the theoretical models might be more precise due to their increased level of complexity, some required
parameters, like tortuosity and porosity, are not published by manufacturers and very complicated to measure.
Nevertheless, using an empirical model due to its input simplicity, i.e. only using the flow resistivity and
material thickness as input parameters, might not yield accurate results depending on the limitations of the
model. To address that, we are going to consider the findings in [5], which developed a single parameter model
by formulating the theoretical model of Allard and Champoux in the same manner as other empirical methods.
Their model was measured for a wool sample from 45 to 11,000 Hz. The complex characteristic impedance Zc
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and the wavenumber kc of the model proposed in [5] are defined by:
Zc = Z0 (1 + 0.0729 X −0.66228 − j 0.18700 X −0.53790 ) ,

(6)

ω
(1 + 0.09820 X −0.68500 − j 0.28800 X −0.52600 ) ,
c

(7)

kc =

where Z0 is the characteristic impedance of air, ω is the angular frequency and X = ρ0 f /σ with f being
frequency in Hz and σ the flow resistivity of the material. Zc and kc are used in Eq. 4 along with the thickness
t to represent a layer of porous material in the transfer matrix structure. Instead, if Z0 and k0 are used, with
k0 = ω/c0 , Eq. 4 can also represent an air layer given its thickness t.
2.2

Perforated plates

The complex characteristic impedance of a perforated plate is given by Z pp = r pp + jωm pp [2], in which
#
"
r
ρ0
8η 
t
,
r pp =
1+
tcorr +
ε pp
ω
d
d
tcorr = t + δ ,
2

(10)

m pp =

(8)

ρ0tcorr
,
ε pp



1/2
3/2
δ = 0.85 1 − 1.13ε pp − 0.09ε pp + 0.27ε pp .

(9)

(11)

Here, tcorr is the end correction and δ is Jaouen and Bécot’s formulation for circular holes in a square pattern.
In addition, d is the hole diameter, t is the panel thickness, η is the air viscosity coefficient and ε pp represents
the ratio of the perforated hole area to the panel area. Z pp is used in Eq. 5 to represent a perforated plate in the
transfer matrix structure.

3

Methodology

This section will describe the measurement techniques and the test samples that are analyzed.
3.1

Impedance Tubes

The measurements conducted in this study were made with 2 different impedance tubes. This measurement
method is based on a tube connected to a loudspeaker on one end and a test sample mounted on the other end.
Plane waves are generated inside the tube by the loudspeaker and the complex surface impedance of the test
sample can be derived by measuring the acoustic pressure in two or more different locations of the tube, with
surface microphones, or with the microphones inside the tube, if they are small compared to the area of the
tube. A diagram of the three microphone test method can be seen in Figure 2.
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Test Sample

Loudspeaker

m1

m2

m3

Microphones

Figure 2 – Impedance tube diagram.
With m1 , m2 and m3 as the positions of the microphones and k the wave number, the transfer function between
the two microphones (Hab ) with ab being the three microphone combinations (m1 m2 , m2 m3 and m1 m3 ), the
reflection coefficient (R), the complex surface impedance (Z1 ) and the absorption coefficient (α) can be easily
obtained with:

R=

Hab ejkm1 − ejkm2
,
e−jkm2 − Hab e−jkm1

(12)

Z1
1+R
=
,
ρ0 c 1 − R

(13)

α = 1 − R2 .

(14)

The measurements with the 60 cm2 impedance tube were conducted in RPG’s Acoustic Research Center (ARC).
To obtain reliable absorption measurements down to 20 Hz, a 0.6 x 0.6 x 5.6 meter impedance tube was built in
accordance with the ISO 10534-2 [3]. The apparatus is equipped with a movable microphone that can measure
the pressure in three distinct positions in front of the test sample (Figure 3). The reflection factor and normal
absorption coefficients are then obtained, using the transfer function between three measurement positions.

Figure 3 – ARC’s impedance tube (left and middle-left). Test sample S1 (middle-right). Test
sample S2 (right).
The 16 cm2 impedance tube used for the experiments and a measured sample of perforated plate resonator
and porous material can be seen in Figure 4. The speaker to sample distance is 1.6 m, with an adjustable rigid
termination for any desired cavity depth. The frequency bandwidth is 63 Hz to 4000 Hz.

5

1499

Figure 4 – 16 cm2 impedance tube (top). Four-microphone measurement system (bottom-left).
Test sample S5 (bottom-middle). Test sample S7 (bottom-right).

3.1.1

Frequency limitations of the impedance tube transfer-function method

According to the standard, the lower frequency limit or the working frequency range of the method depends
on the spacing between the measurement microphones and the accuracy of the analysis system. As a general
guide, the spacing should be defined by the following relation:

fl >

0.05 c
,
s

(15)

where s is the distance between the two measurement microphones and fl is the lower frequency of interest.
This means that to accurately measure absorption down to 20 Hz the microphones should be spaced at least
0.68 m from each other. It is important to note that a higher spacing will lead to more accurate measurements,
hence the interest in an impedance tube with large dimensions. The maximum distance used in the ARC’s
impedance tube is 1.98 m, which translates to a theoretical lower frequency limit of 8.6 Hz, if the limitations of
the measurement microphone are not considered. The 16 cm2 impedance tube used in this study, due to its
smaller size, has a low-frequency limit of 63 Hz.
The highest frequency that can be measured is defined by Equation 16. Here, d is the diameter of the tube and
c is the speed of sound. This is a statement that there should not be any cross modes in the tube.
fu <

c
.
2d

(16)

In order to increase the maximum measurement frequency, four microphones can be placed as shown in
Figure 5. According to [2], the microphones are positioned at the null of the second order cross mode and, by
6
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summing the microphone’s signals, the first and third order cross modes in each direction are canceled. Thus,
the maximum frequency is increased by a factor of four. This technique was used on the small impedance tube
measurements, increasing the maximum measurable frequency up to 4000 Hz.

Figure 5 – Multi-mic impedance tube set-up used in the 16 cm2 tube.

3.2

Measured samples

A total of 8 samples with different materials and proprieties were tested. A detail description of each sample,
divided by layers can be seen in Table 1, in which the frequency range column is defined by the impedance
tube used to measure the sample.
Table 1 – Test samples specifications - t is thickness, d is hole diameter, s is hole spacing and σ
is flow resistivity. The units of t, d and s are millimeters and σ is kPa s/m2 .
Sample

Type

Freq. Range

S1

Resonator

20 - 200 Hz

S2

Porous

20 - 200 Hz

S3

Porous

63 - 4000 Hz

S4

Resonator

63 - 4000 Hz

S5

Resonator

63 - 4000 Hz

S6

Resonator

63 - 4000 Hz

S7

Porous

63 - 4000 Hz

S8

Porous

63 - 4000 Hz

Layer 1
Perforated Plate
t : 19.0 | d : 9.0 | s : 134.6
703 Fiberglass
t : 200.0 | σ : 27.0
703 Fiberglass
t : 200.0 | σ : 27.0
Perforated Plate
t : 19.0 | d : 6.35 | s : 31.7
Perforated Plate
t : 19.0 | d : 6.35 | s : 31.7
703 Fiberglass
t : 50.8 | σ : 27.0
703 Fiberglass
t : 50.8 | σ : 27.0
Melamine Foam
t : 100.0 | σ : 9.6

Layer 2
R19 Fiberglass
t : 158.0 | σ : 4.0

Layer 3
Air Gap
t : 50.0

-

-

-

-

703 Fiberglass
t : 50.8 | σ : 27.0
R19 Fiberglass
t : 50.8 | σ : 4.0
Perforated Plate
t : 19.0 | d : 6.35 | s : 31.7

R19 Fiberglass
t : 50.8 | σ : 4.0

-

-

-

-

-
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Both fiberglass materials used in this research, R19 and 703, are commercial products produced by Owens
Corning and the melamine foam is Basotect by BASF. The flow resistivity values shown here were measured
by the authors.

4

Results

The measured absorption coefficients obtained for each sample were compared to the TMM prediction, and the
results can be seen in Figure 6. The results are shown in third-octave bands.

Figure 6 – Comparison between measurements and analytical prediction for the test samples.
The solid blue curves are the TMM predictions, the dotted black curves are measurements in
the 60 cm2 tube and the gray dashed curves are measurements is the 16 cm2 tube.
Except for sample S2, all the measured samples showed good agreement with the predictions. We believe
that the errors seen on this sample might be due to the fact that four 50 mm samples of fiberglass were used
to obtain the thickness of 200 mm, since a 200 mm sample is not made available by the manufacturer. This
could have created an impedance discontinuity between the layers that allows each individual sheet to vibrate
independently. The measurement results of samples S3, S5, S7 and S8 showed an over-estimated absorption
coefficient at low-frequencies in comparison to the predictions, which the authors believe to be due to the
boundaries of the tube not being massive and stiff enough to provide sufficient isolation at 63 Hz, causing a
low-frequency energy leakage.
8
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5

Conclusion

Even though the transfer matrix model method takes into account several simplifications and does not include important construction aspects of the absorbers, the absorption coefficient measurements showed good
agreement with the predicted values.
The differences between the predictions and the measurements in lower frequencies are believed to be due
to the fact that the equivalent fluid model used is only valid to frequencies higher than 45 Hz. Most of the
analytical models involving porous material were not studied or developed to work at frequencies below
100 Hz. This ends up being a great source of uncertainty on the simulation of low-frequency absorbers, and
more reliable results could be obtained with an equivalent fluid model designed to work in this frequency
region. At higher frequencies, on the other hand, the differences are believed to be due to material properties,
like tortuosity and porosity, that the empirical model does not take into account.
It is important to notice that, even though small differences are observed, the agreement between model and
prediction is satisfactory even outside the frequency range of the chosen equivalent fluid model. Moreover, the
method is considerably faster than numerical methods like FEM and BEM, which will take into account some
of the aspects that are overlooked in the TMM approach, but are computationally costly.
The authors believe the Transfer Matrix Model representation, due to its speed and the good results when
comparing to measured data, is a suitable method to be used as part of the Non-cuboid Iterative Room Optimizer
software and other simulation methods that require complex surface impedances or absorption coefficients as
input.

6

Future Work

Due to limited time and resources, only a small set of samples were measured. Based on the small number of
samples tested, it is not possible to conclude whether the differences between the theoretical predictions and
the measurements are coming from limitations on the analytical model or on the measurement set-up. A larger
set of absorbers will be measured and repeatability tests with both impedance tubes will be made in order to
have a larger and more reliable data set.
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Abstract
Human skin is generally assumed to be acoustically rigid. It has been shown that it almost totally reflects sound
waves, without significant dissipation of energy. Yet, it appears that the propagation of sound around the human
body is influenced by the acoustic properties of skin tissue (this is for example observed in the simulation of
head-related transfer functions or in ear-canal reflectance measurements). In general, estimating the impedance
of highly reflective materials is experimentally challenging. In this work, the feasibility of the impedance
estimation of nearly acoustically rigid bodies via the equivalent source method is assessed. A semi-analytical
solution to the problem of scattering of sound by an elastic body with a rigid core is derived. The solution of
this problem is used as a validation benchmark for the proposed impedance estimation method. Experimental
tests with real data are also presented and compared against the model result.
Keywords: human skin, impedance estimation, ESM, scattering.

1

Introduction

Scattering of sound by the human head and torso leads to time and amplitude sound pressure differences
between the left ear and the right ear. These inter-aural differences are fundamental in the human sound
localization process [1]. Thus, a broad range of applications, including the testing of hearing assistive devices
[2] and the development of virtual audio methods [3], demands a precise knowledge of the sound field close
to the human head. When simulating numerically the sound field scattered around an object, via e.g. the
boundary element method, knowledge of the surface impedance of the object is needed in order to model
boundary conditions [4]. In acoustic simulations of the sound field around a head, including the estimation of
Head Related Transfer Functions (HRTF), human skin is generally assumed to be rigid. Yet, it has been shown
that using diffent materials for crafting the pinnae of an acoustic measurement dummy head leads to changes
in the measured HRTF [5]. These changes are particularly significant at mid to high frequencies, at which
the complex details of the head, and particularly of the pinna, induce a substantial amount of reflexions. The
knowledge of the impedance of human skin could thus help improving HRTF simulations, allowing to relax the
rigid scattering hypothesis.
In this work, the feasibility of estimating the normal impedance of human skin with near-field acoustic
holography (NAH) is assessed. A source emits sound towards a human arm, and a double-layer array of
microphones is placed close to the surface of the arm. NAH has already been used to measure acoustic
impedances and reflection coefficients of porous materials, and was shown to give accurate estimates [6, 7, 8].
The equivalent source method (ESM) is used to recover the incident and scattered fields on the surface of
a scattering object as a superposition of fields coming from equivalent sources placed respectively inside and
outside of the object [9, 10, 11]. Despite the number of parameters (number of equivalent sources to use [12],
retreat distance between the inner sources and the scattering object’s surface [13]) that have to be chosen, this
method is fairly simple to implement and has been shown to give accurate results [12, 14]. It also presents the
1
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advantage to be adaptable to different surface geometries. Moreover, the equivalent source method is one of
the NAH methods that has already been shown to be an efficient tool to estimate the impedance of absorptive
surfaces [6, 8].
The impedance estimation framework is tested numerically on a model of sound scattering by an human
arm. The model is based on the analytical solution to the problem of scattering of sound by an elastic cylinder
with a rigid core, derived in this work. A first attempt to estimating the impedance of human skin is also
presented.

2

Scattering of sound by an elastic cylinder

The vibro-acoustic problem of scattering of a plane wave by an elastic cylinder is solved in this section. The
cylinder has a rigid core in order to model the configuration of a human arm. It is supposed to be infinite in the
axial direction, which allows to work in a polar coordinate system (r, θ). The solution to this problem will be
used later to test the impedance estimation method.
All the acoustic and elastic fields in this section and in the rest of this paper will be assumed to follow a
time-harmonic dependency e jωt , that will be omitted.
2.1. Acoustic fields
The total acoustic field p around the cylinder can be decomposed as p = pi + p s , where pi is the incident field
that would exist without the cylinder, and p s is the so-called scattered field.
ω
Both p and pi satisfy the Helmoltz equation ∆p + k2 p = 0, where k =
is the acoustic wavenumber.
c0
The incident plane wave pi = e− jkx of unitary amplitude can be expanded in a cylindrical wave basis [15]
(Jn is a Bessel function of first kind and order n ≥ 0)
pi (r, θ) =

+∞
X

(− j)n n Jn (kr) cos(nθ),

(1)

n=0

with n = 1 for n = 0 and n = 2 for n > 0.
As a linear combination of p and pi , p s also satisfies the Helmoltz equation. Under the assumption that it
satifies Sommerfeld’s radiation condition, it can be expressed as a sum of waves outgoing from the cylinder
[16] (in this work, Hn(i) denotes the Hankel function of the i-th kind and order n, i ∈ {1, 2} and n ≥ 0)
p s (r, θ) =

+∞
X

αn H(2)
n (kr) cos(nθ).

(2)

n=0

Note that the symmetry of the problem about θ = 0 allows to restrict the θ dependency to a cosine expansion.
This symmetry argument will be used again when deriving the elastic fields.
The normal incident and scattered velocities ui and u s can be derived from Equation 1 and 2 making use of
Euler’s equation of motion.
2.2. Mechanical fields
In what follows, the density of the elastic medium will be denoted ρ M . Its Lamé coefficients will be denoted λ
and µ and can be retrieved from the Young’s modulus and Poisson’s ratio of the elastic material of interest.
The fundamental equations involving the 2x2 stress matrix σ and the 2x1 displacement vector ξ in the elastic
model are the mechanical equilibrium equation and Hooke’s law.
The elastic displacement can be decomposed as [16]:
ξ = −grad(ψ) + rot(φ),

2
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where the scalar ψ and the vector φ are respectively the compression and shear potentials. Note that in a 2D
cylindrical problem, the shear potential is reduced to its axial component, that will be denoted φ. The potentials
can be solved for independently as superpositions of cylindrical waves, making use of the symmetries of the
problem:
+∞
X

ψ(r, θ) =

(2)
cos(nθ)(An H(1)
n (k p r) + Bn Hn (k p r)),

(4)

(2)
sin(nθ)(Cn H(1)
n (k s r) + Dn Hn (k s r)),

(5)

n=0

φ(r, θ) =

+∞
X
n=0

ω
ω
and k s =
are respectively the compression and shear wavenumbers. The compression and
cp
cs
r
r
λ + 2µ
µ
shear wave speeds are respectively given by c p =
and c s =
.
ρM
ρM
The elastic displacement can be retrieved making use of Equation 3. The components of the stress matrix
which are needed to solve the coupled acoustic-mechanical problem are the radial and tangential components
of the direct stress, respectively σrr and σrθ . They can be derived from the radial and tangential displacements
ξr and ξθ via Hooke’s law.

where k p =

2.3. Boundary conditions
Five boundary conditions are needed in order to close the coupled acoustic-elastic problem.
All around the cylinder, the radial component of the direct elastic stress and the acoustic pressure satisfy
an equilibrium. The tangential component of the direct elastic stress is null (there is no acoustic shear force at
the surface of the cylinder). Eventually, the radial velocity at the surface of the cylinder must follow the radial
acoustic particle velocity. These boundary conditions are expressed in respectively Equations 6, 7 and 8.
σrr (r2 , θ) + p s (r2 , θ) = −pi (r2 , θ).

(6)

σrθ (r2 , θ) = 0.

(7)

jωξr (r2 , θ) − u s (r2 , θ) = ui (r2 , θ).

(8)

At the boundary between the core of the cylinder and the elastic medium, the radial and tangential
components of the elastic displacement vanish:
ξr (r2 , θ) = 0.

(9)

ξθ (r2 , θ) = 0.

(10)

Using the orthogonality of the cosine functions in the cylindrical expansion, Equations 6 to 10 can be written
for each term n of the expansion as a linear system of equations in terms of the coefficients αn , An , Bn , Cn and
Dn .

3

Impedance estimation method

In this work, a human arm is illuminated with a sound source. The equivalent source method (ESM) is used to
infer the acoustic fields at the surface of the arm from near-field measurements.
The ESM lies on the assumption that the sound field of interest can be reconstructed as a sum of contributions
coming from a distribution of point sources [9]. The incoming incident field is assumed to come from point
sources located on a surface outside the scattering object, while the point sources used to construct the outgoing
scattered field are located inside the object [11]. An example of ESM setup is shown Figure 3.
3
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The acoustic pressure p can then be written as a sum of contribution from N points sources i located at the
position ri with volume velocity Qi :
p(r) =

N
X

Qi G(r, ri ),

(11)

i=1

where G is the Green’s function in free-field. In this work, the problems are two-dimensional and G(r, r0 ) =
j (1)
H (k|r − r0 |).
4 0
The particle velocity in the direction n can be derived from Equation 11 via Euler’s equation of motion :
u(r) = jω

N
X

Qi

i=1

where

∂G
(r, ri ),
∂n

(12)

∂G
denotes the derivative of G in the direction n.
∂n

3.1. Analysis
Assuming that the pressure field is captured at M measurement points on a surface h close to the scattering
surface, the known vector of measurements Ph (size M) can be linked to the vector of source strengths Q = [Qi ]
via a matrix of Green’s function values GES −h = [G(rm , ri )] linking the N point source locations ri to the M
measurement points rm :
Ph = GES −h Q.
The source strengths can be recovered via a standard L2-regularized inversion ([11]).
regularization parameter is found by means of generalized cross-validation ([17]).

(13)
The optimal

3.2. Synthesis
The vectors of pressure PS and normal velocities US on K points k at positions rk of the scattering surface S
can be reconstructed from the source strengths making use of Equation 11 and Equation 12:
PS = GES −S Q,

(14)

US = HES −S Q,

(15)

∂G
(rk , ri )], nk being the normal to the scattering surface at rk .
∂nk
Eventually, an impedance map can be reconstructed on the surface of the object as the ratio of the
reconstructed pressure to the reconstructed velocity. The impedance of the object can be estimated locally as a
spatial average.

where GES −S = [G(rk , ri )] and HES −S = [

4

Numerical results

4.1. Sound scattering model
The model of sound scattering by an elastic cylinder is numerically built-up on the frequency range [1,20] kHz.
This geometry emulates the shape of a human arm. The cylindrical expansions of the field are truncated to a
sufficient amount of terms Ntrunc such as Ntrunc ≈ max(k p r2 , k s r2 , krac ), where rac is the radius of the acoustic
domain of consideration. This truncation condition should allow consistent reconstruction of both the elastic
waves in the cylinder and the acoustic waves in the fluid.
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The coefficients of the acoustic and elastic fields’ cylindrical expansions are retrieved by numerical inversion
of the system of boundary equations introduced section 2. The mechanical properties used to describe the
elastic cylinders are typical of silicone (density ρ = 1500 kg.m−3 , Young’s modulus E = 30 MPa, Poisson ratio
ν = 0.47, loss factor η = 0.2, taken from [18] and [19]). The internal (resp. external) radius of the elastic
domain in the cylinder are r1 = 2.5 cm (resp. r2 = 3 cm).
The obtained pressure field is shown Figure 1 at two frequencies, around 1 and 15 kHz. At both frequencies,
the solutions are close to the ones obtained with an acoustically rigid cylinder. Around 1 kHz (left figure), the
main scattering effect is a rise in pressure in front of the cylinder. Around 15 kHz, where the radius of the
cylinder is twice higher than the acoustic wavelength, a scattering effect similar to the one of a rigid cylinder
is observed. An interference pattern occurs in front of the cylinder, with a rise in pressure amplitude of about
twice the incident pressure amplitude at the surface of the cylinder. The pressure amplitude towards the back
of the cylinder is lower than 0.5 the incident pressure amplitude, due to the shadow of the cylinder.
The impedance of the elastic cylinder at normal incidence is shown Figure 2. The reactive part of the
impedance is one order of magnitude higher than its resistive part, and the reactance is positive. Its amplitude
decreases inversely proportionnal to the frequency below 2 kHz. These properties are characteristic of a
compliant behaviour. At these frequencies, only compression waves exist in the coating. The front of the
cylinder compresses and expands in response to the incident wave. At higher frequencies, the reactance
amplitude decrease with frequency is steeper, which could be due to shear waves appearing in the coating.
Around 17 kHz, a notch appears on the reactance amplitude. At this frequency, the product k p h (h being the
π
coating’s thickness) is about and a mechanical resonance appears. Indeed, a compression wave propagating
2
in the x direction and reflecting on the cylinder’s core would arrive back at the surface of the coating with a
phase delay of π. Note that the resistive part of the impedance is non-zero, which is due to structural losses
included in the vibro-acoustic model via a complex Young’s modulus. Note that the absolute value of the
cylinder’s impedance presents very high values compared to the characteristic impedance of air (up to about
104 ρ0 c0 ).

Figure 1: Pressure amplitude of a plane wave scattered by an elastic cylinder. The total pressure p is
normalized by the incident pressure pi . Left: Low frequency where k0 r2 < 1. Right : High frequency where
k0 r2 > 10.

4.2. ESM setup
The proposed impedance estimation method is tested on the benchmark case of scattering by an elastic cylinder
of silicone with a rigid core developped section 2. The pressure measurements are numerically computed using
the same parameters as in subsection 4.1. As explained in section 3, two layers of microphones and equivalent
sources are needed in order to reconstruct the incident and scattered fields. The ESM setup is shown Figure 3.
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Figure 2: Real and imaginary parts of the impedance of the elastic cylinder at normal incidence.
A gaussian additive noise is added to the pressure measurement in order to perform the reconstruction in
two configurations. In the first configuration, the signal to noise ratio (SNR) is virtually infinite and the ESM
reconstruction is based on measurements on a single realization. This configuration is regarded as "noiseless".
In the second configuration, the signal to noise ratio is fixed to 30 dB, and the measurements are averaged
on 50 realizations. This configuration will be later referred to as "noisy". After the ESM reconstruction, the
normal impedance of the coating is estimated as an impedance average on a cone of 10 degrees around normal
incidence.

Figure 3: Setup used for the numerical tests of the ESM reconstruction. Blue circle: reconstruction surface,
red dots: inner equivalent sources, magenta dots: outer equivalent sources, black dots: measurement points.
The measurement surfaces are respectively located 2 and 7 mm from the reconstruction surface, and sampled
with respectively 84 and 98 points. There are 80 inner equivalent sources located 8.5mm from the surface, and
114 outer equivalent sources located 20 mm from the surface.

4.3. Results of the ESM reconstruction
The pressure reconstruction at 3 kHz is shown on the top part of Figure 4, in the "noiseless" and "noisy" cases.
In both cases, the pressure reconstruction is accurate all over the cylinder.
The figure at the bottom of Figure 4 shows the velocity reconstructed on the surface of the cylinder in a
case where the pressure measurements are not contaminated by noise, and in a case where they are. The red
dashed curve (noiseless case) follows the true velocity (continuous blue curve), which shows that the velocity
reconstruction works well in absence of noise. However, in presence of noise (yellow dashed curve), high
spatial frequency components appear in the velocity reconstruction. In terms of amplitude, these components
are comparable to the true solution. These high spatial frequency components are due to measurement noise
that is amplified in the pressure to velocity reconstruction. The noise amplification issue is emphasized by the
normal velocity amplitude at the surface of the cylinder, due to the high impedance of the coating.
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Figure 4: Pressure (left) and velocity (right) reconstructions at 3 kHz in the "noisy" (yellow dashed curve) and
"noiseless" (red dashed curve) configurations, together with the reference fields (blue continuous curve)
obtained with the sound scattering model from section 2.
4.4. Impedance estimation results
Figure 5 shows the impedance estimation error relatively to the impedance model shown Figure 2. In the
"noiseless" configuration, the error does not exceed 4% on the whole frequency range and decreases with
frequency.
In the "noisy" case, the error is about 100 % from 1 to 7 kHz. Remind that below 7 kHz, the impedance
of the cylinder’s coating was higher than 1000 ρ0 c0 in absolute value. These high impedance values make
the velocity reconstruction challenging, as explained earlier. Above 7 kHz, the impedance estimation error
becomes lower than 50% and decreases with frequency, which shows that the impedance estimate is consistent.

5

Preliminary experiment

An estimate of the impedance of the skin of a human arm is experimentally obtained with the impedance
estimation method proposed in this work. The results of this experiment are introduced in this section.

Figure 5: Impedance estimation error relatively to the impedance model shown on Figure 2. Results shown for
the "noiseless" (blue curve) and "noisy" (red curve) configuration.
The measurements for this experiment are performed in the small anechoic chamber of the Acoustic
Department of the Technical University of Denmark. Sound pressure measurements are performed on a line
close to a human forearm, as depicted Figure 6a. The test subject was a male of age 25, measuring around
180 cm and of body weight 65 kg. He was asked to firmly place his arm on a support and to present his
inner forearm to a microphone as shown Figure 6b. A Universal Robots UR5 robotic arm is used to scan the
measurement points with high precision. An 1/8 inch microphone is attached to a rigid rod connected to the
robotic arm in order to avoid scattering from the arm. The setup used for the ESM reconstruction is shown
Figure 6a. A two dimensional measurement geometry is chosen.
Pressure averaging on 16 realizations and sixth octave frequency bands are performed as the impedance
estimation method is expected to be very sensitive to noise as seen in the numerical tests in section 4. The
reconstruction is made on the forearm surface, which is roughly plane and is shown as a blue line Figure 6a.
The normal impedance of skin is then estimated as the mean on the whole reconstruction surface.
The estimated impedance of the skin of the subject’s forearm is shown Figure 7a on the frequency range
[10.3,13] kHz. A preliminary study of the experimental conditions showed that the frequency response of the
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(a)

(b)

Figure 6: Left : Setup used for the experimental test of the ESM reconstruction. Blue line: reconstruction
surface, red dots: inner equivalent sources, magenta dots: outer equivalent sources, black dots: measurement
points. 6 measurement points are located 5 mm away from the arm’s surface, and 6 other are located 13.5mm
away from it. There are 5 inner equivalent sources retracted 34.3 mm away from the surface of the arm, and 5
outer equivalent sources 40 mm away from the surface. Right : Photograph of the experimental setup.
speaker used in the experiment presented a broad notch centered on 17 kHz. This was due to scattering from
the edges of the speaker, and led to a poor signal to noise ratio from 14 to 20 kHz.
On Figure 7a, the reactive part of the estimated impedance is higher than its resistive part in absolute value.
It is also negative and its amplitude is decreasing inversely proportional to frequency, which is characteristic
of a compliant behaviour. This behaviour is consistent with the one that resulted from the scattering model
developed in section 2. The order of magnitude of the estimated impedance is significantly lower than the
one obtained with the scattering model which involved a silicone layer on a rigid body, although it seems to
correspond to the orders of magnitude measured in [5]. Indeed, a thin silicone layer backed by a rigid baffle is
considerably harder than human skin.
The reflection coefficient corresponding to the estimated impedance is shown Figure 7b. It is about 0.8 from
10.3 to 11.8 kHz, and it decreases to 0.6 between 11.8 and 13 kHz.

(a)

(b)

Figure 7: Left : Estimated impedance of the skin of the subject’s forearm in the experimental attempt, together
with the standard deviation of the impedance on the reconstruction surface. Right: Amplitude (top) and phase
(bottom) of the reflection coefficient of skin inferred from the impedance estimate shown on the left figure.

6

Discussion

The theoretical model derived in section 2 and numerically constructed in section 4 leads to consistent results
but still needs to be validated, e.g. with a numerical model based on the finite element method. Using the
mechanical properties of silicone, the cylinder’s normal impedance has been shown to be significantly higher
in absolute value than the one experimentally obtained in [5] for human skin. Later on, choosing a material
softer than silicone could improve the proposed model of sound scattering by a human arm.
The numerical tests of the proposed method on the scattering model in section 4 show that the impedance
8
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estimation method behaves well in absence of noise. However, the sensitivity to noise of the method is
highlighted by the tests, which shows the need to improve the method. Using velocity measurements would for
example allow to get rid of the noise amplification in the velocity reconstruction.
In section 5, the estimate of the impedance of the skin of a subject’s forearm presents the compliant
behaviour that was observed in the results of the scattering model. Moreover, the orders of magnitude of
the estimated impedance correspond to the ones measured by [5]. The resulting reflection coefficient is lower
than the ones obtained for skin in [5] and [20], which calls for an experimental validation of the method with
an object of known impedance, a measurement campaign on a broader sample of subjects, and improvements
of the experimental setup.
The ESM reconstruction on the surface of the forearm leads to inconsistent results under 10 kHz. This could
be due to the use of a two dimensional ESM setup, which implies an infinite extent of the forearm. The forearm
of the test subject measuring about l = 20 cm, the frequency above which the forearm would measure 6 times
c0
more than the acoustic wavelengths would be fmin = 6 ≈ 10.3 kHz. This frequency coincides to the lower
l
bound of the frequency range where the estimated impedance was consistent.
An attempt of experimental validation of the method on a silicone cylinder such as the one studied in
section 2 was also performed. It is not included in this work as it resulted in inconsistent results. However, it
highlighted some practical challenges that will have to be overcome. Acoustic scattering from the objects used
in the measurement setup (support used for the object of interest, robotic arm) and vibrations of the support of
the object under study were identified as two significant sources of discrepancies.

7

Conclusion

This study has examined a methodology for estimating the impedance of non-porous elastic materials. In
section 2, a theoretical solution to the problem of scattering of sound by an elastic cylinder was derived.
The solution was built numerically in section 4. It led to consistent results in terms of acoustic pressure
when compared to the solution obtained for a rigid cylinder. The frequency behaviour of the silicone layer’s
impedance was close to the one inferred from measurements on skin in [5]. However, the high values of
impedance obtained with the model show the need for a material softer than silicone to emulate skin.
In section 4, the ESM was applied to the solution of the scattering problem. The pressure at the surface
of the scattering cylinder was reconstructed successfully, while the velocity reconstruction was shown to be
sensitive to noise due to the high impedance of the cylinder on the lower end of the frequency range of interest.
The impedance estimation based on the ESM reconstruction was biased by this source of error. However, at
higher frequencies, the cylinder’s impedance was lower which lead to a more consistent impedance estimate.
Further work will be necessary to improve the velocity reconstruction.
In section 5, a first attempt of estimation of the impedance of human skin was performed. This preliminary
experiment suffered from a few sources of significant errors. However, a compliant behaviour was observed
on a limited frequency range and the order of magnitude were consistent with the ones obtained in [5]. This
motivates further studies on the use of near field acoustic holography to estimate the impedance of skin or other
elastic materials.
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Abstract
The measurement of the random incidence absorption coefficient in a reverberation room according to the
international standard ISO 354 requires a uniform damping of the modes of vibration composing the sound
field. This requirement is violated when an absorbing specimen is mounted inside the room, resulting in decay
curves with characteristic multi-exponential slopes when measured with an omni-directional microphone.
In this contribution we investigate the directional distribution of decay times of corresponding modes with
respect to their direction of propagation. The sound field is decomposed into its two-dimensional angular wave
number spectrum implicitly approximating the modes of vibrations as superposition of plane waves, followed
by Schroeder integration for each direction. Decay times are estimated from the respective directionally
dependent Schroeder integral and their distribution is compared to the reverberation times inferred from the
omni-directional decay curve using Bayesian statistics. Experimental results for a rectangular reverberation
room indicating an anisotropic sound field decay as well as non-uniform angular distribution of decay times are
presented.
Keywords: Absorption, sound field decay, spherical arrays, directional decay

1

Introduction

The random-incidence absorption coefficient measured in a reverberation room imposes the requirements of
an isotropic and homogeneous sound field as well as an uniform damping of the modes constituting the latter.
Both requirements are expected to be violated during absorption coefficient measurements, at the latest when a
test specimen is placed in the room [1, 2]. Even though many efforts have been made to counteract this problem
–mostly involving attempts to increase the diffusion of the sound field by introducing scattering elements into
the laboratory room – the issue still remains resulting in a poor reproducibility across different laboratories [3].
Based on analytic investigations for rectangular rooms Hunt et al. [1] showed that axial, tangential, and oblique
modes inherit different damping constants for uniform and non-uniform distributions of boundary conditions.
They further showed that two groups of modes with distinctively different damping constants remain, if a single
surface is covered with an absorbing material, that is the groups with grazing and non-grazing incidence onto
the absorbing material. Kuttruff [4] later concluded that the energy decay curve (EDC) can be calculated as the
Laplace transform of the damping distribution, giving examples of distributions resulting in multi-exponential
EDCs. More recently, Nilsson [5] showed that the resulting EDC in a room with absorption concentrated on
a single surface is governed by two decay constants. This was also found by Balint et al. [6] who used a
Bayesian framework to estimate the decay constants from EDCs measured in a reverberation room. However
both methods lack spatial information about the damping of modes.
In [7, 8] the authors presented the directional energy decay curve (DEDC) – calculated as the Schroeder integral
evaluated on a plane wave decomposition of the sound field – for the analysis of sound field isotopy during the
decay process, giving insights into the angular uniformity of energy decay in the decaying sound field. This
contribution investigates the angular distribution of average decay times of modes grouped according to their
direction of propagation in the DEDC. It is expected that decay times of mode groups with a direction of
1
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propagation parallel to the absorber are governed by a longer decay compared to modes at oblique incidence.
We hypothesize that the omnidirectional EDC exhibits a multi-exponential slope, which reduces to a singleexponential slope when the sound field is decomposed with respect to aforementioned mode groups.
This contribution is organized as follows: The first section briefly introduces the concepts for the sound
field decomposition and estimation of directional decay times using Bayesian statistics. The second section
introduces the experimental setup in a reverberation room without any diffusing elements occupied with an
absorber. The results and conclusions are presented in the last two sections of this paper.

2
2.1.

Sound Field Analysis
Directional Energy Decay Curves

Spherical microphone arrays (SMAs) allow for the capture of directional room impulse responses (DRIRs)
retaining angular information about the sound field in the room [9]. Assuming a sound field composed of plane
waves, the sound pressure at the microphone positions of an SMA is found as [10]
p(k) = B(k)anm (k),

(1)

where the matrix B(k) contains the angular as well as radial description of the array. The vector anm (k) contains
the spherical harmonic (SH) coefficients defining the wave number dependent amplitude density of the plane
wave sound field, also referred to as the spherical wave number spectrum [11]. By transforming anm (k) into
the spatial domain and subsequently solving Eq. (1) we decompose the sound field into a continuum of Q plane
waves [12]
a(k) = YWnm B† (k)p(k),
(2)
where the (.)† operator denotes the Moore-Penrose Pseudo-inverse and Y is the steering matrix of the array
containing vectors of the SH basis functions evaluated at the q’th steering direction with elevation and azimuth
angles (θq , φq ), respectively. The diagonal matrix Wnm contains Dolph-Chebyshev weights [12] for uniform
side-lobe attenuation. For a more in depth introduction into the required spherical array signal processing the
reader is referred to the literature by Rafaely [12].
In the following the spherical wave spectrum is assumed to reflect a two-dimensional projection of the
three-dimensional wave number spectrum of the modal sound field in a room as defined in Ref. [1]. In contrast
to the full three-dimensional spectrum, the spherical wave spectrum depends on the position of the receiver
in the room. While the superposition of plane waves is assumed to be a good approximation for the modal
sound field in a room [13], this local approximation results in a loss of information on the absolute resonant
frequency of the modes, but simply allows for separation in terms of the direction of propagation of the modes.
Exemplarily, all axial modes in a rectangular room correspond to a sum of two plane waves traveling in the
same respective directions.
To investigate the directional sound field decay we may finally calculate the DEDC as the Schroeder
integral [14] of the time domain angular wave number spectrum [7, 8]
Z ∞
d(t) =
|a(τ)|2 dτ,
(3)
t

representing the decay of all modes corresponding to the respective directions (θq , φq ).
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2.2.

Decay Time Estimation

Multi-exponential decay processes measured with an omni-directional receiver are described using the decay
model by Xiang [15] as a sum of I distinctively different decay processes
ẽ(t) =

I
X

Ai e

−13.8·t
Ti

,

(4)

i=1

where Ai and T i are the amplitudes and decay times of the respective decay processes. In this work we
assume that the decay times correspond to two groups of modes: (1) with direction of propagation parallel
to the absorber and (2) with an oblique incidence on the absorber. Assuming that the modes in every group
share similar damping – an assumption which requires a convex room shape and boundary conditions without
significant changes inside a band of frequencies – we may therefore assume that the DEDCs of single directions
are governed by a joint mean decay time. As a result a first oder decay model is feasible for the estimation of
the directional decay times if all remaining directions of incidence and therefore their corresponding modes are
sufficiently suppressed. Consequently, the DEDC model reduces to
−13.8·t

d̃(t, θq , φq ) = A(θq , φq )e T (θq ,φq ) ,

(5)

where A(θq , φq ) and T (θq , φq ) are the respective amplitudes and directional decay times.
The decay parameters of both models can be inferred using Bayesian statistics, where the relation between
measurement and model is encoded into a Student-T distributed likelihood-function [15]. Given that the
decay parameters follow a chosen prior distribution, their values can be estimated from their posterior
distributions under the observation of the likelihood distribution, that is the measurement data and the model.1
The underlying posterior distributions can be inferred using automated differentiation variational inference by
maximizing the evidence lower bound [16]. The posterior distributions are approximated as full-rank Gaussian
distributions, maintaining potential correlation between the model parameters. A set of most probable decay
parameters can subsequently be extracted using bridge sampling [17].
While the use of a first order model as in Eq. (5) may initially seem equivalent to a linear regression in
accordance with the international standard ISO 354 [18], it has to be stressed that the presented approach is
different for two reasons. Firstly, the full dynamic range of the decay process is used, rather than omitting the
initial 5 dB. Secondly, the Bayesian parameter inference avoids over-fitting and is numerically more robust
[15].

3

Experimental Setup

The directional sound field decay was investigated experimentally in a rectangular reverberation room at the
Technical University of Denmark (2800 Kgs. Lyngby, Denmark). For the present study all panel diffusers were
removed, ensuring a well defined multi-exponential decay process. An absorbing sample of glass wool with
a flow resistivity of 12.9 kPa · s/m2 , a thickness of 100 mm, and a surface area of 10.8 m2 was placed on the
floor, a mounting frame was also omitted to avoid scattered reflections at its edges. The dimensions of the room
are (x, y, z) = (6.25 m, 7.85 m, 4.9 m) with an approximate volume of 245 m3 . A sequential dual-layer SMA
centered at (2.98 m, 4.16 m, 1 m) (cf. Fig. 1) was sampled using a UR5 (Universal Robots, Odense, Denmark)
scanning robot arm moving a pressure-field 1/2 00 Brüel & Kjær type 4192 microphone. Each of the two radii
(r = (0.25 m, 0.45 m)) contained 144 sampling positions distributed according to an equal-area partitioning [19]
as well as additional sampling points inside each sphere for the stabilization of the eigenfrequencies of the
sphere [20]. Impulse response measurements were performed with the ITA-Toolbox [21] using exponential
sweeps driving a source mounted in the corner below the ceiling at approximately (0.2 m, 0.2 m, 4.7 m). The
1

For an in depth derivation and explanation the reader is referred to the literature by Xiang et al. [15]
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Source
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Figure 1: The experimental setup with source and receiver positions as well as the absorber position in the
reverberation room. For better visual interpretation only sampling positions on the outer sphere are shown.
sampling duration was 2.5 h with temperature changes below 0.3 ◦ C during the procedure.
The estimation of the angular wavenumber spectrum was performed for a SH order N = 7 for 200 steering
directions on a uniform grid [19]. The Dolph-Chebyshev weights were chosen to achieve a side-lobe attenuation
of 60 dB. The decay times T (θq , φq ) were estimated from the respective DEDCs using the full-rank ADVI
algorithm implemented in the Python package pymc3 [22]. To ensure computational feasibility of the parameter
inference, all decay curves were downsampled to time steps of approximately 10 ms after Schroeder integration.
While a first order model was assumed for the estimation of the directional decay times, a second order model
was chosen for the estimation of decay times from the omnidirectional EDC. An assumption that is justified
based on Bayesian evidence [15] and is in line with findings by Balint et al. [6]. In order to minimize local
fluctuations in the decay process, the omnidirectional EDC was calculated by averaging the EDCs of all 310
microphone positions without any array processing applied.

4

Results

400 Hz
0

Energy Decay Curve [dB]

Energy Decay Curve [dB]

Figure 2 shows the omni-directional EDC for the third-octave bands 400 Hz (left) and 500 Hz (right), averaged
over all 310 receiver positions. In both cases a double-sloped decay is present, therefore a multi-exponential
decay model is applied to calculate the initial decay time T 1 and late decay time T 2 . The Bayesian approach
described in Section 2 is used to estimate the decay distribution as shown in Fig. 3. For the single value T 1
corresponding to the initial decay time, the mean value of the first distribution is calculated, for the late decay
time it is done accordingly with the second distribution. For both frequency bands the initial decay time
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Figure 2: Measured omni-directional EDC, inital decay time T 1 and late decay time T 2 .
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Figure 3: Decay time distribution for 400 Hz estimated with the Bayesian approach.
Table 1: Decay paramters T 1 , T 2 , T 20 , and T 30 for 400 Hz and 500 Hz.
T1

T2

T 20

T 30

400 Hz

2.92 s

5.32 s

3.36 s

3.60 s

500 Hz

2.92 s

4.60 s

3.31 s

3.56 s

corresponds to T 1 = 2.92 s. The late decay times correspond to T 2 = 5.32 s and T 2 = 4.6 s for the 400 Hz
and for 500 Hz bands, respectively. The clear double-sloped nature of the decay results from (a) the separation
of the sound field due to non-uniform distribution of absorption in the reverberation room (grazing and nongrazing sound field in vertical and horizontal planes) and (b) the varying decay times within the frequency
bands (grazing modes will exhibit a longer decay time as well as axial and tangential modes compared to
oblique modes). The bending point of the decay curves are located between −20 dB and −30 dB, consequently
applying linear regression in compliance with ISO 354 to calculate well-known reverberation parameter T 20 or
T 30 lead to results which lie between the early and late decay values as shown in Table 1.
The directional energy distribution at 400 Hz for the steady-state condition and the time instances where the
omni-directional EDC reaches −5 dB, −25 dB, and −35 dB are shown in Fig. 5, normalized by their mean value
(the colors indicate the deviation from the mean). The plot is aligned with the coordinate system of the room in
Fig. 1, hence the x-axis is indicated at 0◦ and 180◦ and the y-axis at - 90◦ and 90◦ in the azimuth direction. In
the steady-state condition the energy is mainly concentrated in the upper hemisphere due to the high absorption
on the ground, where the absorber is placed. The distinct maxima found in steady-state initially decrease,
indicating an increased mixing of the sound field, which is in agreement with findings from a previous study
where the authors found an initial increase in estimated isotropy during the initial decay process [8]. At the time
instance where decay levels are at - 25 dB and - 35 dB a de-mixing of the sound field occurs and the energy is
concentrated in the horizontal plane of the reverberation room. Eventually, at t−35dB , distinct energy peaks are
visible at 0◦ and 180◦ , indicating the presence of axial room modes in the x-direction.
Regions with higher energy levels during the decay process (cf. Fig. 4) correspond to the longer decay times
shown in Fig. 5, where the directional decay times for the third-octave frequency bands of 400 Hz and 500 Hz
are plotted. At 400 Hz a decay time up to 5.5 s is visible at 0◦ and 180◦ , indicating an axial mode in the xdirection. This is in line with the late decay time T 2 estimated from the omni-directional EDC. For the case of
500 Hz a longer decay time of 4.5 s is visible at 90◦ , indicating the presence of an axial mode in the y-direction,
which again matches the late omni-directional decay time T 2 . The shortest decay times which are located in the
lower hemisphere in Fig. 5 should correspond to the the initial decay times estimated in Tab. 1, but are slightly
overestimated (approximately 3.3 s instead of 2.9 s). Due to the room shape and absorber location a symmetry
between upper and lower hemisphere is expected. This tendency is more distinct in the 400 Hz band than in the
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Figure 4: Directional energy decay curves normalized by their mean over all directions. The time instances
correspond to the steady-state and omni-directional energy decays of −5 dB, −25 dB, and −35 dB.
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Figure 6: DEDCs at 500 Hz for 200 directions (–), for (90◦ , 0◦ ) (–), and for (0◦ , 90◦ ) (−·).
500 Hz band. However, for both bands, an overestimation of decay times is evident in the upper hemisphere,
compared to the lower hemisphere. Reasons for the overestimation are discussed in the following paragraph.
In Fig. 6, the directional energy decay curves are shown for 200 directions. For the sake of illustration curves
are highlighted for two directions: (90◦ , 0◦ ) and (0◦ , 90◦ ). Interestingly the DEDC for (90◦ ,0◦ ) clearly
shows a multi-exponential behavior, although a single-exponential decay was expected if looking only into
a certain direction. When estimating decay times one would have to use a multi-exponential model for a better
representation of the data. However, applying a second order model resulted in inconclusive results, indicating
an overfitting due to a mismatch between model and measured data. One reason for the presence of multiexponential decays after sound field decomposition could be a non-ideal separation of the mode groups due
to insufficient side-lobe attenuation and angular resoluton of the beamforming algorithm. The DEDC for (0◦ ,
90◦ ), which corresponds to a slowly decaying axial mode in the y-axis, exhibits a fairly straight decay. Hence,
the decay time is in agreement with the late decay T 2 = 4.6 s, estimated with the Bayesian approach from the
omni-directional EDC. In this case a first order model gives a good estimate for the decay time.

5

Conclusion

We presented an analysis of the directional energy decay process in a reverberation room with an absorbing
sample placed on the floor. The presented method is based on the Schroeder integration of the plane wave
decomposition of the sound field. Measurements were conducted without panel diffusers mounted in the
room, giving rise to separate mode groups with direction of propagation parallel to the absorber and at oblique
incidence, hence constituting a well comprehensible setup. Results indicate a non-isotropic sound field decay
as well as a non-uniform angular distribution of decay times. Directions of dominating modes with long decay
times could be identified parallel to the absorber. We further analysed the omni-directional EDC averaged over
all receiver positions, showing that a multi-exponential decay model is needed to represent the decay process
with an initial and late decay. The late decay time inferred from the omni-directional EDC was linked to the
directions of axial modes when compared to the directional decay times inferred from the DEDC. A similar
relationship was not fully established for the initial decay time estimated from the omni-dictional EDC, due to
an overestimation of directional decay times. This mismatch primarily arises due to the insufficient side-lobe
attenuation of the beamforming algorithm and therefore the non-ideal separation of the mode groups. A model
including the beamformer directivity is required for future work. Nevertheless, it is expected that the presented
method leads to an improved understanding of the directional properties of the sound field and its decay process
– namely the lack of isotropy and the non-uniform damping of modes – and their effect on the measurement of
the random incidence absorption coefficient.
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Abstract
Diffraction at the edges of finite absorber samples causes constructive as well as destructive interference and
results in a sound field above the surface which deviates from the case of the infinitely extended material layer.
This problem is referred to in the literature as finite sample effect or edge effect and is of importance in the
context of free-field and in situ methods which attempt to derive material parameters from measurements of
the total sound field (the so-called inverse wave field methods). The oscillations of the sound pressure around
the reference curves are more pronounced the smaller the absorber sample. However, the exact values cannot
be calculated in a simple way due to the complexity of the problem and the large number of influencing factors
(material properties and geometry, position of source and receivers, frequency). This contribution presents
preliminary work on the precise modeling of the edge effect based on supervised machine learning. In the
context of this work it is discussed how FEM simulations have to be set up in principle in order to emulate the
measurement of sound pressure over small absorbers in the semianechoic chamber as accurately as possible.
Furthermore, it is shown how such simulations can be systematically varied in all relevant parameters to
generate training data for artificial neural networks and how the network design and the actual training process
are carried out.
Keywords: artifical neural networks, machine learning, sound field modeling, finite sample effect, porous
materials

1

Introduction

Free-field and in-situ methods that attempt to derive the absorption coefficient, surface impedance or
structural parameters of acoustic materials from sound field measurements above the absorber are the so-called
acoustic field methods [1] or wave field analysis methods [2]. Within this category various approaches differ
with respect to the physical quantities to be measured (sound pressure and/or particle velocity), certain basic
assumptions about the wave field (plane wave or spherical wave hypothesis), the overall complexity of the
measurement setup as well as the applied procedures for inversion of the underlying sound field model (simple
calculation or complex iterative algorithms). However, a fundamental issue arises from the fact that practically
all approaches are based on models of infinitely extended material layers or impedance planes and therefore
diffraction occurring at the edges of finite absorber samples is not taken into account. The resulting constructive
and destructive interferences lead to deviations from the reference sound field, which are more pronounced
the smaller the sample under investigation [3, 4, 5]. This problem manifests itself in oscillations of the actual
values of the sound field over the finite absorber around the reference curves for infinite material expansion.
This discrepancy results in corresponding errors in the inverse determination of material parameters. Most
attempts to address this issue are aimed at reducing or avoiding the influence of edge diffraction at the finite
sample as well as possible, for example by clever positioning of the sensors or adjusting the height of the sound
source [3, 4]. While these efforts only try to minimize the discrepancy between the actual measured values
1
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and the models used, the aim of the approach presented here is to develop a universally applicable model
for calculating the actual sound field, taking into account the edge effect, through training of multi-layered
feed forward neural networks. Since there is no simple mathematical formulation for the sound field caused
by a spherical wave over a finite absorber, specific cases are usually solved with numerical computational
tools in forward simulations, i.e. the Boundary Element Method (BEM) or Finite Element Method (FEM).
These calculations are in principle solutions of the Helmholtz equation taking into account various boundary
conditions and parameters. Given that the universal approximation theorem states that already a network with
only one hidden layer can approximate any continuous function [6, 7] provided that the network has enough
hidden neurons and suitable activation functions, the results of numerical simulations are very well suited as
training data for neural networks for generalized prediction of the sound field. The edge effect to be learned
is formed as the sound pressure difference between the FEM simulations of finite absorber samples and an
analytical model of infinite material extension. The systematically varied geometric and acoustically relevant
model parameters serve as input features for the machine-learning model.

2

Method

In this section, the models and calculations used to determine the sound field contribution caused by the
edge effect are introduced and the generation of training data based on them is described.Subsequently, the
methodology of the design and training of the neural networks is discussed.
2.1. Theoretical model for the sound field above an infinite porous layer
The analytical model used in this work to calculate the sound field caused by a monopole source over a
laterally infinite planar material surface is that of Allard et al. [8]. It predicts the velocity potential
above


2
2
2
a layer of porous material backed by an impervious surface using the two parameters ν0 = q − ko and


2 = q2 − k2 with Re(ν2 ) > 0 and Re(ν2 ) > 0 as follows:
νm
m
m
0
φtot ~r s ,~rrec , k0



e− jk0 Rinc e− jk0 Rre f l
=
−
+
Rinc
Rre f l

Z∞
0

e−ν0 (zs +zr )

2ρm
J0 (qr)qdq
ρm ν0 + ρ0 νm tanh(νm l)

(1)

where Rinc = k~r s − ~rrec k is the distance between a source at ~r s and a receiver at ~rrec and Rre f l = k~ris − ~rrec k is
the distance between an image source at ~ris and the receiver. J0 (x) represents the Bessel function of the first
kind of order zero, r the horizontal distance between source and receiver and l the thickness of the material
layer. Instead of a surface impedance value, the result only depends on the complex material parameters ρm
and km , which are the effective density and wave number respectively. Therefore, no implicit assumptions are
made about the material behavior and the model can effectively be used to calculate the sound field above a

non-locally reacting material. The sound pressure ptot ~r s ,~rrec , k0 can then be evaluated from the equation


δφtot
= jωρ0 φtot ~r s ,~rrec , k0
ptot ~r s ,~rrec , k0 = −ρ0
δt

(2)

2.2. Johnson-Champoux-Allard equivalent homogeneous fluid model
In the context of this work, porous materials are generally modeled as an equivalent homogeneous fluid.
All models belonging to this approach replace the complex two-phase poroelastic material by an equivalent
damped fluid which adequately reflects the effective frequency-dependent propagation and energy dissipation
in the material. Depending on the formulation, the models provide either the complex characteristic density
ρ (ω) that describes the visco-inertial effects and a dynamic bulk modulus K m (ω), describing the thermal effects
m
within the porous medium or the combination of characteristic impedance Z m (ω) and propagation constant

2
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Γm (ω) of the equivalent fluid, both variants being easily convertible into each other:
q
Z m (ω) = K m ρ
m

s
Γm (ω) = jkm = jω

ρ

m

Km

(3)

(4)

The well-established Johnson-Champoux-Allard model used here is one of the more complex poroacoustic
models and is capable of describing sound propagation in porous media for a wide range of materials. In 1987,
Johnson Koplik and Dashen proposed a semi-phenomenological expression of the effective density ρ (ω) of a
m
porous material considered to have a motionless skeleton and arbitrary pore morphologies [9]:
s




α∞ ρ0 
4α2∞ ηρ0 ω 
Φσ
1 +
ρ (ω) =
1 + j 2 2 2 
(5)
m
σ 
jωρ0 α∞
Φ Λ σ 
Later on Champoux and Allard expanded on that work and presented a model for the dynamic bulk modulus
K m (ω) for the same type of material as follows[10]:
K m (ω) =

γP0
σ


(γ
γ − − 1) 1 − j Λ02 N8η ρ

Pr 0

q
−1
Λ02 NPr ρ0 ω
1 + j 16η
ω

(6)

With the flow resistance Φ, the porosity σ, the tortuosity α∞ and the viscous characteristic length Λ as well
as thermal characteristic length Λ0 , a total of 5 material parameters are required for the calculation. The
constans are the viscosity of air (η ≈ 18.4 · 10−6 Pa·s), the adiabatic index or heat capacity ratio (γ = 1.4),
the standard atmospheric pressure (P0 = 101325 Pa) and the Prandtl number (NPr = 0.7179) for air under
standard conditions.
2.3. Problem Formulation: Modeling of the edge effect
As outlined in the introduction, the edge effect is understood as the sound field component caused by
diffraction at a finite rectangular sample. Accordingly, for its calculation the differences are formed from
the sound pressure values of the analytical model of Allard et al., assuming infinite material extension, and
corresponding FEM simulation results of finite samples, as described in more detail in the following. All
other parameters are the same in both calculation methods, which are also based on the identical material
modeling of the absorber as an equivalent fluid according to the Johnson-Champoux-Allard model. The
resulting complex-value difference values of the sound pressure between the analytical and numerical sound
field computation (p
=p
− p ) constitute the target values to be learned by the supervised machine
Edge
FEM
Ana
learning approach. The independent variables influencing the problem, i.e. the features of the machine learning
model, are therefore on the one hand the geoemtrical parameters length, width and thickness of the material
sample, as well as the source and receiver coordinates in space and on the other hand the 5 material parameters
governing the poroacoustic model. A schematic representation of the entire data processing is shown in Figure
1.
2.4. Generation of Training Data using FEM simulations
For the calculation of sound fields over finite absorber samples, fully coupled FEM simulations were carried
out, using the software COMSOL Multiphysics. Within the numerical model the porous material is equally
parameterized as a homogeneous fluid according to the Johnson-Champoux-Allard model. As in the previously
described analytical sound field model, which is based on a rigidly backed material layer, the ground is set to
be ideally sound-hard in the FEM model. To ensure anechoic conditions at the remaining model boundaries,
a Perfectly Matched Layer (PML) is added along the exterior. The basic structure of the FEM models is
3
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Figure 1: Flowchart for supervised learning of an ANN based on varied acoustic and geometric parameters as
input variables. The prediction error is minimized by adjusting the model-specific weights.

Figure 2: Exemplary sketch of a used FEM model with the dimensions of the rigidly backed absorber sample
and the Perfectly Matched Layer (PML). The front and top sides of the PML are depicted transparently.
illustrated in Figure 2. Instead of a fixed spatial discretization, an adaptive frequency-dependent meshing
was implemented. This allows the best possible reduction of the number of degrees of freedom and thus the
total required computation time, while always maintaining the required numerical accuracy using triangular
Langrangian elements of quadratic order with a maximum element size of λ/6. As shown in the left block
of the flowchart in Figure 1, the quantities affecting the result, i.e. the sound pressure value, include the
frequency, the absorber dimensions, positions of source and receiver (3 Cartesian coordinates each) and the
material parameters of the fluid model. This results in a total number of 15 parameters which are fed into
the machine learning model as features and which have to be varied adequately in order to cover the feature
space.(have to be varied in order to sufficiently cover the feature space). For this purpose, value arrays of length
N 0 = 100000 (for an intended number of simulations N 0 ) were first generated for all parameters between a
lower limit lb and an upper limit of parameter ub, with step size (ub − lb)/(N 0 − 1). Subsequently, all parameter
vectors were each randomly permuted and combined into a set of N 0 parameter combinations, which are fed to
the FEM model. The interval limits used for the variation of the parameters or features can be found in Table 1.
Due to the linear spacing in the output vector, the FEM simulations were based on equally distributed samples
between respective lower and upper limits of all features. However, already the first training results showed that
potential for the training of regression networks is wasted in this way, especially with respect to the parameter
4
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Table 1: Parameters and associated interval limits for the simulation
Feature

lower bound lb

upper bound ub

unit

Frequency f

50

1200

Hz

Sample length and width l, w

0.2

1.0

m

sample height h

0.01

0.25

m

x- and y-coordinate receiver x,y

-0.25

0.25

m

z-coordinate receiver z

0.02

0.2

m

x- and y-coordinate source x s ,y s

-0.25

0.25

m

z-coordinate source z s

0.3

0.8

m

Flow resistivity Φ

500

1.5E6

Porosity σ

Pa s
m2

0.005

0.995

-

Tortuosity α∞

1

4

-

Viscous Characteristic Length Λ

5

400

µm

Thermal Characteristic Length Λ0

5

800

µm

flow resistance. This could be seen from the fact that sound field results calculated with the trained networks
for materials with low flow resistivity were also promising, but were still significantly less accurate than those
for large values of flow resistivity. This relationship can also be easily plausibilized by sensitivity analyses on
the influence of the individual material parameters, which show that the variance of resulting sound pressure
results is large for small flow resistvities and decreases with increasing absolute value of the material parameter.
Therefore, to better sample this feature when generating training data, a second set of N 00 = 50000 simulations
was added based on a vector of logarithmically spaced points between the previously used flow resistivity
interval boundaries. Finally, the two data sets were combined into a number of N = N 0 + N 00 = 150000
training data. Another combination of 30000 results of logarithmically spaced and 60000 linearly spaced flow
resistivitie vectors served as test data set. The systematic script-based parameterization and execution of the
extensive simulation series could be comfortably implemented using the LiveLink for MATLAB function of
COMSOL.
2.5. Network Design / Architecture and Learning of NN
One type of neural networks that are frequently used for function approximation are multilayer feedforward
neural networks trained with the backpropagation algorithm. This type of network consists of an input layer,
an output layer, and at least one hidden layer, each with an arbitrary number of neurons. The neurons are the
nodes of a graph and have connections (edges) to all neurons of the respective previous and subsequent layer
(with the exception of the bias nodes, which only have outgoing connections). Such layers are also called fully
connected layers and represent the standard case for neural networks. The strength of the connection between
two neurons is quantified by the edge weights, the coefficients that are optimized during training. The outputs
of a feedforward neural network for regression with two layers (the input layer is not counted) can be written
as


 D

M

X
X

 + w(2) 
(7)
yk = g2  wk j g1  w ji xi + w(1)
j0 
k0 

j=1
i=1
|
{z
}
=zj

where yk is the kth output, g1 and g2 the activation functions, wi, j the edge weigth from node i to node j, xi
(2)
the ith input and w(1)
j0 and wk0 the corresponding bias weights for layer 1 and 2 respectively. The network
topology representation corresponding to the function is shown in Figure 3. In this work, networks with up to
three hidden layers are studied. Since the benefit of Rectified Linear Unit (ReLU) activations in terms of more
stable gradients during backpropagation is hardly given for shallow networks, hyperbolic tangent activations
5
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Figure 3: Illustration of a two-layer neural network with D inputs, M hidden neurons (each using hyperbolic
tangent activation functions), and K outputs. The bias nodes (filled in blue) have no incoming connections.
for the hidden layers were used instead in combination with linear activations for the output layer. The learning
process during training is generally considered as the iterative optimization of the network weights and biases
with respect to an appropriate cost function. In this case, the performance function used is the mean squared
error (MSE), which is defined as
MS E =

K N

1 1 XX
~ 2
tn,k − yk x~n , w
K N k=1 n=1

(8)

with K = 2 network outputs, namely the real and imaginary parts of the sound pressure and a set of N =
150000 training data points. For the Training of the networks, the Levenberg-Marquardt algorithm was chosen.
Although it is considered to be relatively memory demanding compared to other training functions, it has the
advantage of significantly faster convergence, especially for problems of accurate function approximation by
networks with a limited number of weights. For shallow backpropagation networks, the initial weights and bias
values for a layer are computed in Matlab using the Ngyuen-Widrow method, which generates the initial values
such that the active regions of the neurons are approximately evenly distributed across the layer’s input space
[11]. While still maintaining a certain degree of randomness, the main advantage over purely random weights
and biases is a significant speedup of the training process. For the purpose of preventing the neural networks
from overfitting, the early stopping method was applied during training. This requires splitting the data set into a
training set, used to minimize the cost function (eq. 8) and a validation set, used to evaluate the current network
during training with unknown data. Therefore, this subset is not learned directly but acts as a regularization.
While the training error decreases as optimization progresses, it is possible that the validation error increases
again due to overfitting after an optimum is reached. The goal of early stopping is now to stop training as soon
as the validation error has reached its minimum, which usually results in a well-adapted network with good
generalization capabilities. Since only approximations of the gradients or the Hessian matrix are used in the
optimization, noise in the minimization process could lead to a premature termination. Therefore, a threshold
value of 10 successive increases of the validation error was defined as a termination criterion. For the final
verification and evaluation of the model with completely unknown data, a third set of data is used, the so-called
test data set.
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Figure 4: Progression of training and validation errors to the time of termination due to early-stopping.

3

Results

In the upcoming extensive studies, the best combination of number of layers and number of neurons will
be determined by extensive comparative studies. As an example and proof of concept, only the training results
and performance of a neural network with 3 hidden layers with 70, 50 and 30 neurons are evaluated below.
This is the topology that achieved the best results in the limited pre-study presented here. The training was
terminated due to early-stopping after 292 epochs and the performance measure, i.e. the mean square error
(MSE), for this network is 0.0069. The training and validation error curves are shown in Figure 4. The final
evaluation of performance is based on the completely unknown test data set of 90000 additional simulation
results. The correlation between sound pressure prediction by the trained network and the reference values
according to FEM are shown in Figure 6 (real part) and Figure 7 (imaginary part), respectively. Also plotted
are the histograms of the relative prediction errors, each in comparison to the analytical model according to
Allard et al. Even if there are still deviations from the reference results of the FEM simulations in some cases,
a clear improvement of the calculation of the sound field over finite absorber samples is clearly visible. To
make the training results more descriptive with respect to acoustic practice, Figure 5. shows a simulated sweep
measurement of the total sound pressure at a receiver position at a height of 5 cm centered over a small absorber
sample (L x W x H = 30 cm x 50 cm x 20 cm).

4

Discussion and Outlook

In this work, the training of artificial neural networks for modeling the edge effect over finite porous absorber
samples was presented. At least for certain applications (e.g. inverse material characterization methods) and
within the previously chosen parameter and modeling limits, neural network based sound field modeling has
the potential to completely replace less suitable analytical models on the one hand or computationally much
more complex numerical simulations on the other hand. The effort required to generate the corresponding
training data is justified, especially with regard to problems that require a large number of model evaluations
(parameter studies, iterative procedures, etc.). Note that the specification of the 5 material parameters of the
JCA model as features is simply due to the fact that the networks trained here are to be used first in the context
of an approach for the inverse estimation of exactly these frequency-independent porous material parameters.
Instead, it is equally possible to choose the general parameters of the fluid medium (e.g., ρ (ω) and km (ω))
m
as input features of the neural networks, which does not change the conceptual approach described in this
7
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Figure 5: Sound pressure level (showing pronounced edge effect) evaluated at a height of zr = 0.05 m centered
above a porous material sample (0.3 m x 0.5 m x 0.2 m). Comparison between the exact FEM results, the
analytical model of infinite material extension and the neural network prediction.
paper. Both variants of implementation will be studied in detail as part of the following work. Approaches to
further improve the performance of the networks are to investigate other network topologies and complexities,
to increase the number of training data used, and to penalize deviations from the target values for smaller flow
resistivity values more strongly during training by using appropriate error weights.
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Figure 6: Upper row: Comparison of the sound pressure predictions (real part) of the Allard et. al model and
the four-layer neural network (70x50x30 hidden neurons), each plotted against the corresponding FEM values.
Bottom row: comparison of histograms of the two error distributions with logarithmically scaled ordinate.
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Figure 7: Upper row: Comparison of the sound pressure predictions (real part) of the Allard et. al model and
the four-layer neural network (70x50x30 hidden neurons), each plotted against the corresponding FEM values.
Bottom row: comparison of histograms of the two error distributions with logarithmically scaled ordinate.
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Abstract
The determination of acoustic material properties plays a fundamental role in simulating and designing effective
noise reduction treatments. Several standardized measurement techniques are available for characterizing sound
absorption, such as the Kundt’s tube and reverberant room methods. Yet, most traditional methods cannot be
used in-situ and require undesirable experimental constraints. The PU in-situ method can be used in a broad
frequency range while hardly being affected by background noise and reflections. Furthermore, the PU in-situ
approach is suitable for testing complex materials in their target environments, without deforming or changing
their mounting conditions. However, the absence of a controlled environment may introduce a significant
bias in the experimental sound absorption estimation. A reference sample is hereby studied to have a better
understanding of how different experimental factors affect the sound absorption estimation quality. A round
robin study was conducted using a reference porous material in different measurement environments, with
various measuring systems and several samples. With statistical analysis on the measurement data, a confidence
interval of the sound absorption was extracted. This investigation provides a qualitative evaluation of the entire
measuring system and environment to ensure the reliability of the PU in-situ sound absorption setup.
Keywords: material acoustic properties, sound absorption, in-situ measurement, PU probe, reference sample.

1

Introduction

PU in-situ absorption technique has been introduced as an alternative way next to the standardized microphonebased methods to characterize sound absorption since the invention of the particle velocity sensor. The PUbased method was first applied to measure the impedance and absorption in 2003 [1]. It has the advantages
of strong restriction of background noise and reflections, broad frequency range, and no necessity to deform
the material under test or change its mounting conditions [2]. The PU-based method has been widely used in
automotive industries [3, 4, 5, 6], road construction [7, 8, 9], building industries [10, 11] and end of line quality
control [12].
Measurement errors are unavoidable, especially in in-situ situations. Although the PU in-situ method
enables measuring materials with the presence of background noise, it is still worth investigating the uncertainty
and how to characterize it. The measurement uncertainty of the absorption coefficient was simulated and
analyzed using the Monte Carlo method [13]. Uncertainties caused by the setup geometry and transfer
function between the pressure and particle velocity were studied and demonstrated. The uncertainty of sound
absorption measurements by the PU ensemble averaging technique was examined in 1/3 octave bands [14]. In
in-situ environments, a car interior, for example, the deviations of surface impedance and absorption were also
reported [4]. Quite recently, the accuracy of the PU in-situ method in terms of repeatability and reproducibility
was evaluated with varying calculation models, measurement environments and different distances between
the probe and material [15]. However, the materials used and measurement environments from the previous
work are different, making it not straightforward to compare or estimate the quality of the measured sound
absorption, although uncertainties were provided in some of the work.
1
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Reference materials are used for calibration, quality control and method validation purposes, and thus can
help overcome the aforementioned limitation. The idea of reference materials was thoroughly described in
ISO GUIDE 35, which includes the development of valid methods to assign values to the properties of a
reference material, as well as the assessment of the associated uncertainty that comes with the material [16].
The reference material aids the comparability, accuracy and compatibility of measurement results on a national
or international scale. A reference sample was created for the qualification of the reverberation rooms and
correction of the measured absorption coefficients for the standardized reverberant room method, with a round
robin test being performed in five European labs [17]. To the authors’ best knowledge, there is no reference
sample study for the PU in-situ method.
This work proposes a reference sample for the PU in-situ method, to have a quantitative understanding of
how different experimental factors affect the quality of absorption estimation. A round robin test is carried
out with various factors being considered. Here the round robin is a more generalized concept, which means
not only inter-environment measurements are investigated, but also comparisons between measurement steups
and reference samples are included. Analysis of variances (ANOVA) is used to analyze the measurement data,
calculate the uncertainties and extract the confidence interval.

2

PU-based absorption model

The absorption coefficient of a material surface is defined as, if no sound transmission is considered
α = 1 − |R|2 ,

(1)

where R is the reflection factor. If a spherical incident wave and a plane reflected wave are assumed for
impedance measurements above a surface, R is the plane wave reflection factor. With the aforementioned
assumption, the mirror source model can be applied with the following relation between R and the normalized
specific impedance Zr at the receiver [18]
R=

Zr (1 +
Zr (1 +

1
jk(h s −h) )
1
jk(h s +h) )

− 1 hs + h
(
)e2 jkh ,
+ 1 hs − h

(2)

where c is the speed of sound, h s is the source height, h is the receiver height, k is the wavenumber and j is
the imaginary unit. Zr = ZZm0 , with Zm and Z0 = ρc being the measured specific impedance and characteristic
impedance of the air. With the PU probe, the sound pressure P and particle velocity U can be directly measured
at the receiver and the ratio yields Zm = UP . Z0 can be easily derived from a free field calibration measurement
with the measured pressure P0 and particle velocity U0 [2]. Assuming a spherical wave propagation [19],
Z0 = ρc = Z f f (1 +

1
P0
1
)=
(1 +
).
jk(hs − h)
U0
jk(hs − h)

(3)

Therefore, the normalized specific impedance is
Zr =

1
P/U
1
Zm
(1 +
)=
.
Zf f
jk(h s − h
P0 /U0 1 + jk(h1 −h)
s

(4)

The advantage of the calibration measurement is that it makes the calibration of the sensors irrelevant,
because the same corrections are applied to the pressure and particle velocity signals, leading to their ratio
equal to 1 in ZZfmf [20].
Combining Equation. 1, 2 and 4, the absorption coefficient can be derived with the signals acquired from
the free field calibration measurement and test measurement above the material.
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3

Uncertainty model

A reference sample can be measured in various environments with different PU in-situ setups, which leads
to variations due to random factors. Variations also exist between different units of reference samples.
Two scenarios with two random factors are considered here: various units of samples measured in various
environments with one setup, various units of samples measured by various setups in one environment. In each
scenario, measurements are repeated for each combination of the levels of random factors. Figure. 1 shows the
ANOVA lay-outs of the two scenarios.

Env. 1

….

Sample 1

Sample 2

Meas. 1
Meas. 2

Env. K

….

Setup 1

….

Setup K

….

Sample S

Sample 1

Sample 2

Sample S

Meas. 1

Meas. 1

Meas. 1

Meas. 1

Meas. 1

Meas. 2

Meas. 2

Meas. 2

Meas. 2

Meas. 2

….

….

….

….

….

….

Meas. N

Meas. N

Meas. N

Meas. N

Meas. N

Meas. N

Figure 1: Lay-out of a two-way crossed ANOVA measurement campaign study: (left) environment-sample
model; (right) setup-sample model.
The model for a two-way crossed ANOVA is
αksn = µ + Ak + Bs + ωks + ksn ,
k = 1, ..., K, s = 1, ..., S , n = 1, ..., N,

(5)

where αksn is the absorption coefficient of the nth repetition of the kth measurement environment/setup, sth
reference sample, µ is the expectation of αksn which is calculated as the grand mean, Ak is a bias term due to the
random differences in the kth measurement environment/setup, Bs is a bias term due to the random differences
in the sth reference sample, ωks is the (k, s)th interaction effect between the environment/setup and sample, and
ksn is the independent error. Here and below in this paper, αksn refers to the absorption coefficient in a particular
1/3 octave band. The data is assumed to be normally distributed, with zero mean and constant variance.
From Section. 2 it can be seen that the absorption coefficient α is determined by six input quantities, which
can be denoted by α = f (P, U, P0 , U0 , h, h s ), where f is the functional relationship between α and the input
quantities. Some of the input quantities, e.g. P and U or P0 and U0 , are correlated. Additionally, f is a
nonlinear function. These two factors make the expression of the combined uncertainty quite complex following
the GUM suggestion [21]. This paper focuses on a preliminary investigation on proposing a reference sample
to evaluate the measuring system and environment to ensure the reliability of the PU in-situ method, thus a
simplified uncertainty model derived directly from the output quantity α is used.
3
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Following the two-way crossed ANOVA model, the mean square [22]
PK PS PN
k=1

MS within =

s=1

n=1 (αksn

− αks )2

,
(6)
KS (N − 1)
PK
S N k=1
(αk − α)2
MS A =
,
(7)
K−1
P
KN Ss=1 (α s − α)2
,
(8)
MS B =
S −1
PK PS
2
N k=1
s=1 (αks − αk − α s + α)
MS A×B =
,
(9)
(K − 1)(S − 1)
P K PS P N
where the grand mean α = KS1 N k=1
s=1 n=1 αksn , αks is the group mean for the kth measurement
environment/setup and sth sample, α s is the group mean for the sth sample, and αk is the group mean for the
kth measurement environment/setup.
The mean squares can be converted into variances as follows
σ2within = MS within ,

(10)

σ2A =

MS A − MS A×B
,
SN

(11)

σ2B =

MS B − MS A×B
,
KN

(12)

MS A×B − MS within
.
N
Note that the last three variances can be negative. If this is the case, the variance is set to zero [22].
The overall variance of the grand mean is written as [21, 23]
σ2A×B =

σ2within

σ2A σ2B σ2A×B
+
+
.
KS N
K
S
KS
The combined uncertainty is the standard deviation of the grand mean [21], which can be denoted as
Var(αksn ) =

uc =

+

p
Var(αksn ).

(13)

(14)

(15)

The expanded uncertainty is then calculated
U = kc uc ,
where kc is the coverage factor.
Combining the uncertainties of the two ANOVA models delivers
s
σ2 0 σ2 0
Ucombi = kc Var(αksn ) + A + A ×B .
K
KS

(16)

(17)

Since the data is assumed to be normally distributed, for a 95% confidence interval, kc = 1.96.
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Free field calibration

Test above the sample

Figure 2: Measurement procedures on the reference sample.

4

Measurements on the reference samples

The reference sample contains three parts: a piece of rectangular Melamine foam, a piece of Polyurethane foam
circling the Melamine foam to avoid damaging the Melamine foam, and a plastic plate as the backplate. The
sound absorption measured from the Melamine foam is taken as the reference.
Four units of reference samples, two setups and two measurement environments are included in the
measurement campaign. One environment is a regular office room, which represents a commonly used
place to perform in-situ measurements with the PU setup, and another is in a large basement with significant
reverberation, which can be regarded as a “worst-case scenario”. Therefore, K = 2 is the number of
measurement environments or setups, S = 4 is the number of reference samples, and N = 15 is the number of
repeated measurements in Section. 3. The PU probe is placed above the center point on the reference sample,
with the distance between the probe and sample surface h = 0.005 m. The distance between the probe and the
speaker h s = 0.26 m. Each measurement is repeated 15 times, i.e. N = 15 in the uncertainty model.
Figure. 2 shows the two measurement procedures to calculate the absorption using the PU in-situ setup. The
first measurement is the free field calibration to obtain the characteristic impedance of the air.

5

Uncertainty and confidence interval

The individual uncertainties of each term on the right-hand side in Equation 14 and 95% confidence intervals
are shown for each ANOVA model. Here the individual uncertainty is equal to the standard deviation of
the mean [21]. In Figure. 3 and Figure. 4, the individual uncertainties and 95% confidence intervals of the
environment-sample ANOVA model are shown in 1/3 octave bands in 315 - 10000 Hz.
It can be observed that there is a large variation between the two measurement environments at low
frequencies below 600 Hz and at 1 kHz. This is due to the strong reflections in the basement that cause large
biases in the frequency range where the absorption is low. No significant uncertainty exists in the interaction
between the environment and sample, or in the repeated measurements within the group. Variations between
samples are low, except for the 1/3 octave band of 1.25 kHz. Figure. 5 shows the measured absorption of the
four reference samples in the office room with Setup 1. The variation of repeated observations for each sample
is small and consistent. However, large deviations among samples are found in 600 - 1600 Hz, particularly in
the band of 1.25 kHz. Unlike similar oscillation effect in [13] that is caused by different sample sizes, the four
samples are of the same size and thickness. It can be assumed that there are structural differences inside the
materials among various sample units. This cannot be avoided even the samples are from the same batch, and
thus has to be included in the uncertainty budget and confidence interval.
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Figure 3: Individual uncertainties of the
environment-sample ANOVA model.

Figure 4: 95% confidence interval of the
environment-sample ANOVA model.
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Figure 5: The absorption coefficients (in 1/3 octave bands) of the four reference samples measured 15 times in
the office room with Setup 1. Each color represents one sample.
For the setup-sample model, similar large uncertainty at 1.25 kHz is also present among samples. Again,
no significant deviation is observed in the interaction between the environment and sample, or in the repeated
measurements. Moreover, it is quite consistent between setups as the individual uncertainty of the setup is
low in Figure. 6. The confidence interval is much narrower for this model than the environment-sample model
(Figure. 7).
Following Equation. 17, the overall expanded uncertainty combining the two ANOVA models is calculated
and displayed in Figure. 8. Note that the confidence interval of ANOVA 2-1 means that A0 in Equation. 8
refers to the bias term of the setup-sample model, added to the expanded uncertainty of the environmentsample model, and the other way round applies to ANOVA 1-2. Since the bias term caused by the environment
difference is quite significant, it can be seen that the 95% confidence intervals from only ANOVA 1, or from
combining the two ANOVA models are almost the same. Different measurement environments and inherent
structures of samples are the two main factors that can cause large uncertainties at some frequencies.
The reference sample and together with the confidence interval can be provided as quality control to check if
the measurement environment and system are appropriate to perform a reliable evaluation of sound absorption.
For example, with a given setup and reference sample, if the measured absorption at low frequencies is out
6
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Figure 6: Individual uncertainties of the
setup-sample ANOVA model.

Figure 7: 95% confidence interval of the
setup-sample ANOVA model.

of the range of the confidence interval, it would be suggested to relocate the measurement to a less reflective
environment. What could also be checked is the equipment connection and the way to set the setup, which
can lead to undesired failure that biases the result to a large extent. The confidence interval of ANOVA 1
(environment-sample model) can be provided with the reference sample for quality control.

Absorption coefficient [-]

1
0.8
0.6
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0.2
0
-0.2
315
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95% confidence interval ANOVA 1
95% confidence interval ANOVA 2-1
95% confidence interval ANOVA 1-2

1000
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Figure 8: 95% confidence intervals combining the expanded uncertainties from the two ANOVA models. 95%
confidence interval ANOVA 2-1: A0 refers to the bias term of the setup-sample model in Equation. 8; 95%
confidence interval ANOVA 1-2: A0 refers to the bias term of the environment-sample model in Equation. 8.

6

Conclusions

This paper proposed the idea of a reference sample with its associated confidence interval, as an indication to
check the quality of the estimated sound absorption using the PU in-situ method. ANOVA models were built
to evaluate the uncertainties of the multi-factor measurements. The uncertainties and confidence intervals were
extracted from the given measurement data using the ANOVA models. It was discovered that the measurement
environment plays the main role in deviating the absorption coefficients at low frequencies, and the differences
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between different units of reference samples can bias the estimation as well. On the contract, different
measurement setups showed good consistency.
The approach in this paper is not intended to be comprehensive due to the limited data. It is more a
preliminary study to propose a reference sample and corresponding statistical data for the PU in-situ method as
a basic quality indication. There are several limitations in the current work that can be improved. It would be
worthy to build the uncertainty model from the input quantities covering the correlation and non-linearity. More
environments, setups and samples would gain the reliability of the final confidence interval. With sufficient
data, more complex multi-layer ANOVA models can be built to explore potential interactions between factors.
Additionally, stability as in [16] is another important factor to study to obtain a more robust confidence interval.
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Abstract
The improvement of impact sound insulation of floor coverings can be measured in the laboratory according
to the standard ISO 10140. At present, ISO 12999-1 gives standard uncertainties for the reduction of impact
noise by floor coverings at reproducibility conditions only. To evaluate both the repeatability and
reproducibility of the test method, a round robin test was set up by the WG Acoustics of ENBRI (European
Network of Building Research Institutes). Each of the 9 laboratories involved received 3 samples cut from
the same vinyl floor covering and performed 4 tests. The reproducibility standard deviations of the round
robin test agree well with the ISO 12999-1 values at low frequencies, but are significantly larger from
500 Hz upwards. The influence of sample variability seems to be negligible. In most frequency bands, the
repeatability standard deviation is lower than the ISO 12999-1 standard uncertainty for impact sound
insulation at repeatability conditions.
Keywords: building acoustics, laboratory tests, uncertainty, repeatability, reproducibility

1

Introduction

When measuring the airborne or impact sound insulation according to ISO 10140, the results may vary
between different laboratories. At low frequencies, the variability is mainly caused by the non-diffusiveness
of the sound fields in the rooms and the vibration fields in the structures [1]. At higher frequencies, the
uncertainty is mainly related to limitations of the laboratory (e.g. flanking transmission, background noise) or
differences in construction details (e.g. boundary conditions which influence loss factors) [2,3]. To limit the
uncertainties as much as possible, the standards ISO 10140-1 [4] and ISO 10140-5 [5] set requirements for
test facilities and application rules for specific products.
The standard ISO 12999-1 [6] assesses uncertainties for building acoustical measurements. Because a lot of
factors influence the uncertainty in sound insulation measurements, it is very difficult to determine a detailed
uncertainty budget following GUM (ISO/IEC Guide 98-3 to the expression of uncertainty in measurement).
Instead, the standard uses the traditional concept of reproducibility and repeatability, which enables the
uncertainty to be estimated from inter-laboratory tests [7].
Most inter-laboratory studies in the past concerned airborne sound insulation, while round robin tests on
impact sound insulation are limited. As a result, no results are currently available in ISO 12999-1 for impact
sound insulation at reproducibility conditions and for the reduction of impact noise at repeatability
conditions. An inter-laboratory test for the improvement of impact sound insulation of a vinyl floor covering
was thus set up by the WG Acoustics of the European Network of Building Research Institutes (ENBRI) [8].
The goal of the round robin test was (1) to improve the quality of measurement results of ENBRI institutes,
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(2) to obtain data on repeatability and reproducibility as input for ISO 12999-1 and (3) to gain insight in the
influence of some parameters on the uncertainty values.

2
2.1

Materials and methods
Participating laboratories

A total of 9 laboratories took part in this round robin test (RRT). All laboratories are (appointed by a)
member of ENBRI, the European Network of Building Research Institutes. The participating laboratories are
located in Belgium, Denmark, Finland, Norway, Poland, Portugal, Romania, Sweden and Switzerland.
The main characteristics of each laboratory are given in Table 1 (room volume V , floor dimensions L W ,
floor area S , bare floor thickness t ). The laboratories are numbered in a random way to keep the data
anonymous. All laboratories meet the requirements from ISO 10140-5 [5] regarding the minimum volume of
the receiving room (50 m³), the minimum length of the shortest edge of the test opening (2.3 m), the surface
of the test opening (10 – 20 m²) and the thickness of the reinforced concrete base floor (100 – 160 mm),
except laboratory 7 for which the surface area of the floor is smaller than 10 m². Nevertheless, the
measurement results of laboratory 7 have not been discarded in the statistical analysis.
Table 1 –Main characteristics of the participating laboratories.
Lab.

Room

1
2
3
4
5
6
7
8
9

[m³]
138
67
56
64
200
145
119
51
243

V

Heavyweight reference floor

L W

[m  m]
4.00 x 3.00
4.43 x 2.60
3.90 x 3.05
4.35 x 2.65
3.70 x 2.80
4.00 x 3.00
3.42 x 2.42
5.04 x 3.74
3.37 x 2.99

S

t

[m²]
12.0
11.5
11.9
11.5
10.4
12.0
8.3
18.8
10.2

[mm]
150
140
160
140
140
100
140
160
140

Tapping
machine

Microphones

# positions

type

# positions

9
6
5
5
5
4
6
6
6

rotating
rotating
rotating
rotating
rotating
fixed
fixed
rotating
rotating

1
2
1
1
1
4
6
1
1

Figure 1 – Vinyl floor covering test samples sent to the participating laboratories.
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2.2

Test samples

A 3 mm thick vinyl floor covering with resilient backing was chosen as test specimen. All participants of the
RRT received three nominally identical test specimens (labelled s1, s2 and s3) cut from the same vinyl floor
covering with dimensions 7 m x 4 m. The test specimens with approximate dimensions 800 mm x 400 mm
were sent in a black PVC cylinder (Figure 1). The participants were asked to store the samples safely in a dry
and acclimatised environment, to unroll them at least 2 days before testing and to ensure that they were
completely flat before testing. Furthermore, the samples were not to be loaded during storage time or during
test.
2.3

Measurement procedure

The improvement of impact sound insulation of the floor covering was measured following the application
rules of Annex H of ISO 10140-1 [4] on a heavyweight reference floor. The thickness of the concrete
reference floors of the laboratories varies between 100 mm and 160 mm (Table 1).
The floor covering was installed loosely on the floor surface. Care was taken that no air was enclosed
between the sample and the concrete floor.
Each laboratory performed impact sound insulation measurements according to ISO 10140-3 [9] (Figure 2).
The details of the test procedure for each laboratory (number of tapping machine positions and the type
and/or number of microphone positions over which averaging is carried out) are reported in Table 1. The
tapping machine positions for the measurements on the bare floor had to be chosen identical to the respective
tapping machine positions used for the measurement with sample. It was therefore recommended to first
measure the impact sound pressure level with the sample present, mark all chosen sample positions and then
repeat all measurements on the bare floor on the marked positions.

Figure 2 – Impact sound insulation measurement of bare floor and bare floor with vinyl floor covering
While Annex H of ISO 10140-1 [4] states that three or more samples should be installed on the floor, the
three samples were to be treated as if they were samples from different products for the RRT. So no samples
could be combined in the same test. Each sample had to be tested in at least 4 tapping machine positions.
In total, 4 tests were performed by each laboratory. To determine the influence of the sample variability and
the different measurands on the repeatability, two tests (named test 1 and test 1bis) were performed on
sample s1 directly after each other. The test on sample s1 was repeated in its entirety. All parameters were
measured again: the sound pressure level with and without sample, the reverberation time ( Tr ) and the
background noise. While ISO 12999-1 states that the set of microphone and source positions should be
selected anew, more or less randomly, for each repeated measurement, it was prescribed in this RRT to take
the same tapping machine positions, sound source positions (for Tr ) and microphone positions for test 1 and
test 1bis.
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For the tests on sample s2 and s3 (named test 2 and test 3), only the measurements with sample had to be
performed. For the sound pressure levels on the bare floor and the reverberation times, the measured values
from test 1 are reused. However, the background noise level was measured again.
2.4

Statistical analysis

Each laboratory sent a reporting sheet with laboratory data and measurement results for each of the four tests
to the RRT supervisor at BBRI. The predefined reporting sheet contains:
• details on laboratory characteristics and measurement procedure;
• environmental conditions (air temperature, air humidity);
• detailed measurement results (impact sound pressure levels on bare concrete floor, impact sound
pressure levels on vinyl floor covering, background noise levels, reverberation times);
• single-number values according to ISO 717-2 [10].
The results for the normalized impact sound pressure levels and the improvement of impact sound insulation
are automatically calculated from the detailed measurement results in the reporting sheet to avoid errors. The
single-number values were verified by the RRT supervisor and recalculated to one decimal place according
to the latest version of ISO 717-2 [10].
The estimates for the general mean, the repeatability standard deviation sr and the reproducibility standard
deviation sR have been calculated according to ISO 5725-2 [11] (with the number of laboratories p = 9 and
the number of replicate tests n = 4 ), without disqualifying any outliers in the results [6]. First, the withinlaboratory variance si2 is calculated from the four test results for each laboratory i . The repeatability
variance sr2 is then determined as the average of the si2 -values. Finally, the reproducibility variance sR2
is determined from:

sR2 = sL2 + sr2

(1)

with sL2 the between-laboratory variance.

3

Results

The general mean for the improvement of impact sound insulation L of the vinyl floor covering, estimated
from all test results from the 9 laboratories, is shown in Figure 3. The vinyl floor covering results in a mean
overall improvement of Lw = 19.5 dB (with laboratory average values between 18.5 dB and 20.2 dB)
and Llin = 9.1 dB (with laboratory average values between 8.2 dB and 9.8 dB). The improvement L is
small up to 250 Hz (average improvement of 3 dB) and starts to increase at the cut-off frequency around
315 Hz with approximately 15 dB per octave band. For most of the laboratories, the L -spectrum showed a
distinct dip or plateau between 800 Hz – 1250 Hz. Because this plateau was not present in all laboratory
results and sometimes shifted by one-third octave band, the plateau is less pronounced in the general
mean. The non-linear increase above the cut-off frequency of the soft floor covering may be caused by
the resonances in the force spectrum of the tapping machine or by a non-linear response from the vinyl
[12]. At high frequencies, the increase in L starts to drop, mainly because the background noise was
influencing the measurement results in most laboratories from 2000 Hz – 2500 Hz upwards.
The minimum and maximum values of the laboratory average values are also indicated on the graph.
Generally, the spread in laboratory results increases with frequency. At low frequencies, the uncertainty is
limited, except at 50 Hz due to one outlier. The large spread above 2000 Hz can be partly explained by the
fact that the background noise is influencing the results. In this frequency range, the lowest values were
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reported by laboratory 7 (which has the smallest floor area of 8.3 m²), although no background noise
correction was needed for that laboratory.

Lw

Llin

[dB]

[dB]

1

19.5

9.2

2

18.5

8.2

3

19.5

9.0

4

19.4

9.1

5

19.9

9.3

6

19.8

9.3

7

19.8

9.3

8

20.2

9.8

9

19.4

9.1

mean

19.5

9.1

Lab.

Figure 3 – General mean and min-max bars of laboratory average values for L of the vinyl floor covering
(left) and average single number ratings for each laboratory (right)
Figure 4 compares the estimated standard deviation under repeatability and reproducibility conditions with
the standard uncertainties of ISO 12999-1 [6]. Because no standard uncertainties are currently available for
the reduction of impact noise at repeatability conditions, the repeatability standard deviation is compared
with ISO 12999-1 values for impact sound insulation ( Ln ) measurements.
In most frequency bands, the repeatability standard deviation is lower than the ISO 12999-1 standard
uncertainty for impact sound insulation at repeatability conditions (Figure 4a). Only around 800 Hz, which
corresponds to the frequency at which the plateau starts in the L -spectrum, a larger spread is observed in
all laboratory results. This peak is caused by variations in the measurement of Ln with vinyl floor
covering (see section 4.2).
The reproducibility standard deviations of the round robin test agree well with the ISO 12999-1 values at low
frequencies, but are significantly larger from 500 Hz upwards (Figure 4b). The peak observed around 800 Hz
in the repeatability standard deviation is also clearly visible in the reproducibility uncertainty. The large
uncertainty at high frequencies is partly related to background noise issues, but probably other factors also
play a role, like the contact conditions between the bare floor and the vinyl floor covering which may be
different due to irregularities in the bare floor surface (air pockets, dust). The peak at 50 Hz is largely
influenced by one outlier, but the uncertainty remains higher than the ISO value even when the outlier is
omitted ( sR = 2.1 dB at 50 Hz without outlier).
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(a)

(b)

Figure 4 – Standard deviation under (a) repeatability and (b) reproducibility conditions for L of the vinyl
floor covering.
Table 2 –Standard deviation under repeatability and reproducibility conditions for the single-number values.

4
4.1

Method 1

Method 2

Standard deviation

Lw

Llin

Lw

Llin

Repeatability
sr [dB]

0.20

0.19

0.40

0.35

Reproducibility
sR [dB]

0.51

0.47

0.85

0.75

Discussion
Single-number values

The uncertainty associated with single-number values determined in accordance with ISO 717-2 [10] can be
determined by two different methods [6]. In the first method, the single-number value is treated as an
independent measurand. The standard deviation under repeatability and reproducibility conditions is
calculated in the same way as the third-octave band values using the results of the table in Figure 3. In the
second method, an upper limit for the uncertainty of the single-number value is calculated assuming full,
positive correlation between the one-third octave band values (annex B of ISO 12999-1 [6]).
The estimated standard deviation under repeatability and reproducibility conditions for the single-number
values Lw and Llin = Lw + CI are given in Table 2. The uncertainty on the single-number values is
very low. ISO 12999-1 gives a standard uncertainty under reproducibility conditions of 1.1 dB for the
6
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weighted reduction of impact noise Lw by floor coverings (as determined by method 1), whereas the
uncertainty is only 0.51 dB for this RRT. This can be explained mainly by the fact that the single-number
values for the vinyl floor covering are completely determined by the one-third-octave band values between
100 Hz and 500 Hz. In these frequency bands, the standard deviations are low (Figure 4), resulting in low
uncertainties for the single-number values.
4.2

Parameters influencing repeatability

Different parameters will influence the repeatability uncertainty of L , like the spatial and temporal
averaging of the impact sound pressure levels of the bare floor ( Lp0 ) and of the floor with vinyl covering
( Lp ), the background noise correction, and the determination of the room reverberation time ( Tr ) which
influences the normalized impact sound pressure levels ( Ln0 and Ln ). The relative importance of these
uncertainties has been investigated by comparing the detailed results of test 1 and test 1bis of each
laboratory (Figure 5). At low frequencies (up to 200 Hz), the repeatability uncertainty is mainly caused
by the non-diffusiveness of the sound and vibration fields. This has a similar impact on all m easured
quantities ( Lp0 , Lp , Tr ). Due to the additional uncertainty on Tr , the uncertainty for the normalized
quantities Ln0 and Ln is generally larger than the uncertainty for Lp0 and Lp . At mid and high
frequencies, the repeatability uncertainty of L is mainly determined by the uncertainty in the Lp measurement with vinyl. The room reverberation time can be measured with good accuracy. As a result, the
standard deviation for Ln0 and Ln is smaller than for Lp0 and Lp , which is theoretically expected when
the correction for room absorption is exactly known.

Figure 5 –Standard deviation under repeatability conditions for the different measurands determining L
7
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4.3

Parameters influencing reproducibility

4.3.1 Laboratory characteristics
The laboratory characteristics most likely to influence the reproducibility uncertainty of L are the room
geometry, the floor thickness and geometry, the boundary conditions (including the placement of the vinyl
on the bare floor) and the bare floor loss factors. The effect of flanking transmission is expected to be small,
because it will influence the measurement of Lp0 and Lp in the same way. The variation in temperature and
humidity reported by the laboratories is limited and thus its influence is probably also small compared to
other uncertainties.
The results have been investigated in detail, but no systematic deviation could be observed with room
volume, floor area or bare floor thickness, both in terms of average L -value or repeatability standard
deviation of each laboratory. The bare floor impact sound pressure level Ln0 depends on the floor thickness
and the bare floor loss factor, with values of Ln0,w varying between 76.6 dB and 82.1 dB for the 9
laboratories. Nevertheless, no systematic correlation is found between Ln0 and L . This confirms the
theory that the bare floor properties do not influence the L of soft floor coverings [12].
The standard ISO 10140-5 [5] prescribes a minimum loss factor for heavy structures. Four laboratories
reported the bare floor loss factor. Not all results fulfil the requirement (Figure 6a). The influence of the
bare floor loss factor on L is however very small, as confirmed by two measurements performed at the
same laboratory with different edge conditions for the bare floor (Figure 6b). One floor was detached from
the surrounding structure by rockwool at its four edges (full black curve), while the joints between the other
floor and the surrounding structure was filled with mortar at two sides (dotted black curve), leading to a
much higher structural loss factor (Figure 6a, black curves).

(b) Influence of the bare floor edge conditions on ΔL

(a) Loss factor measured at 4 laboratories and
minimum loss factor required by ISO 10140 (red)

Figure 6 –Influence of the structural loss factor of the bare floor
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4.3.2 Sample variability
Because all laboratories received different test samples, the variability among the test samples due to their
heterogeneity forms an inherent part of the reproducibility standard deviation. It was however assumed that
the sample variability is negligible because all samples were cut from the same vinyl floor covering and thus
nominally identical. Furthermore, the variability is levelled out because all laboratories received three
randomly chosen samples. This seems to be confirmed by the RRT results. Figure 7 compares the
repeatability standard deviations for Lp calculated from three different data sets. The first one is determined
from the results of test 1 & 1bis, for which the same sample was used. The other are determined from the
results of test 1 & 2 and test 1 & 3, for which different, but nominally identical samples were used. If the
sample variability is important, a smaller uncertainty is expected for the first data set (test 1 & 1bis), but this
is not systematically the case over the frequency range of interest. Only between 315 Hz and 630 Hz, the
sample variability may play a small role.

Figure 7 – Standard deviation for Lp under repeatability conditions for the same sample (test 1 & 1bis) or
different samples (test 1 & 2 and test 1 & 3).

5

Conclusions

To obtain data on repeatability and reproducibility as input for ISO 12999-1, an inter-laboratory test was
organized for the improvement of impact sound insulation. The RRT does not fulfil all requirements for
inter-laboratory tests of ISO 12999-1 and ISO 5725-2. To limit the measurement effort, the number of
repeated measurements in each laboratory was limited to four. Furthermore, the quantities Lp0 (impact sound
level of bare floor) and Tr (reverberation time) were nor remeasured for sample s2 and s3. Nevertheless, the
repeatability uncertainty can be well estimated from the four repeated measurements because the
uncertainty for L is mostly determined by the uncertainty in the measurement of Lp (impact sound
level with vinyl floor covering). The sample variability is small because all samples were cut from the
same vinyl floor covering. The reproducibility uncertainty determined in this RRT is thus mainly caused
by the differences in the laboratory characteristics (room and floor geometry, boundary conditions,
background noise, …). Another parameter which may influence both the repeatability and
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reproducibility is the surface contact between the bare floor and the vinyl, as small irregularities (dust,
air pockets) can influence the improvement in impact sound insulation.

Acknowledgements
The authors would like to thank the WG Acoustics of ENBRI (European Network of Building Research
Institutes) for its cooperation in this study and especially all the participating laboratories for collating all
data (BBRI, FORCE technology, VTT Expert Services Ltd, SINTEF – Byfggforsk, Building Research
Institute ITB, LNEC – UAVE, INCD URBAN-INCERC, RISE and EMPA).

References
[1] Dijckmans, A.; Vermeir, G. Numerical investigation of the repeatability and reproducibility of laboratory
sound insulation measurements, Acta Acustica united with Acustica, Vol 99 (3), 2013, pp 421-432.
[2] Fausti, P.; Pompoli, R.; Smith, R. S. An intercomparison of laboratory measurements of airborne sound
insulation of lightweight plasterboard walls, Building Acoustics, Vol 6, 1999, pp 127-140.
[3] Meier, A.; Schmitz, A.; Raabe, G. Inter-laboratory test of sound insulation measurements on heavy
walls. Part II; Results of main test, Building Acoustics, Vol 6, 1999, pp 159-169.
[4] ISO, International Standard ISO 10140-1: Acoustics – Laboratory measurement of sound insulation of
building elements – Part 1: Application rules for specific products, 2021.
[5] ISO, International Standard ISO 10140-5: Acoustics – Laboratory measurement of sound insulation of
building elements – Part 5: Requirements for test facilities and equipment, 2021.
[6] ISO, International Standard ISO 12999-1: Acoustics – Determination and application of measurement
uncertainties in building acoustics – Part 1: Sound insulation, 2020.
[7] Wittstock, V. Determination of measurement uncertainties in building acoustics by interlaboratory tests.
Part 1: Airborne Sound Insulation, Acta Acustica united with Acustica, Vol 101 (1), 2015, pp 88-98.
[8] http://www.enbri.org/
[9] ISO, International Standard ISO 10140-3: Acoustics – Laboratory measurement of sound insulation of
building elements – Part 3: Measurement of impact sound insulation, 2021.
[10] ISO, International Standard ISO 717-2: Acoustics – Rating of sound insulation in buildings and of
building elements – Part 2: Impact sound insulation, 2020.
[11] ISO, International Standard ISO 5725-2: Accuracy (trueness and precision) of measurement methods
and results – Part 2: Basic method for the determination of repeatability and reproducibility of a
standard measurement method, 1994.
[12] Hopkins, C. Sound insulation, Elsevier Ltd., Oxford (UK), 1st edition, 2007.
[13] ISO, International Standard ISO 10140-4: Acoustics – Laboratory measurement of sound insulation of
building elements – Part 4: Measurement procedures and requirements, 2021.

10

1554

Characterisation of the equivalent orthotropic elastic properties of
CLT panels
Andrea Santoni1,∗ , Patrizio Fausti1
1 Engineering

Department - University of Ferrara, Ferrara, Italy
*{andrea.santoni@unife.it}

Abstract
Cross-laminated timber (CLT) panels are non-homogenous and non-isotropic structures, whose elastic
properties are not easy to determine. The elastic, stiffness and structural resistance properties of a CLT panel
can be experimentally determined using different approaches. In this study, the elastic properties of equivalent
homogeneous orthotropic elastic panels, representing CLT elements with different layup configurations,
are evaluated through static finite element (FE) simulations, based on the representative volume element
(RVE) approach. This analysis allows investigating the influence of the number of layers, or the ratio of
their thickness on the elastic behaviour of the panel. Moreover, this study aims to verify the suitability of
static elastic properties of the equivalent orthotropic element in vibroacoustic analysis. The comparison of
the numerically computed dispersion curves, of different propagation modes, evaluated both for the layered
structures and the associated equivalent orthotropic elements showed that equivalent static elastic properties
while providing a good approximation at the lowest frequencies, do not guarantee a good accuracy within the
entire frequency range. Finally, the transmission loss numerically computed from layered and homogenised
models of the CLT panels are also computed.
Keywords: elastic constants, compliance matrix, equivalent orthotopic solid, wavenumbers, vibroacoustics.

1

Introduction

Cross-laminated timber (CLT) elements are wood-engineered multilayer panels constituted by a certain number
of layers of adjacent timber beams bonded together. Due to the timber characteristics and such a crossed layup,
CLT panel are non-homogenous and non-isotropic structures, whose elastic properties are not easy to determine.
Moreover, also the vibroacoustic modelling of cross-laminated timber (CLT) panels is also challenging. Each
layer of these wood-engineered multilayer plate structures is made of parallel timber boards, often called
lamellae, selected for a specific stress grade. CLT panels have at least three layers, which can have a different
thickness, and the grain direction of the lamellae of consecutive layers is orientated orthogonally. Timber is
an anisotropic material, generally treated in engineering as an elastic orthotropic solid; CLT plates, also due
to their layup which orthogonally alternates the orientation of adjoining layers, often exhibit an orthotropic
behaviour. For engineering purposes, it is pretty common to consider a CLT panel as an equivalent orthotropic
homogeneous panel [1], whose elastic properties depend on the elastic characteristics of the timber beams, the
plate’s layup configuration (e.g. the number of layers), and the ratio of the layers’ thickness. Nevertheless,
at the moment, there is not a standardisation of the CLT manufacturing process, causing a high variability of
panels’ characteristics, since each producer developed different construction rules, which define for example
the total plate thickness associated with a certain number of layers, the odd to even layers thickness ratio, or
many other factors which can influence the dynamic behaviour of the structure. The elastic characteristics of
CLT elements, provided in the material data-sheet, refer to the timber boards constituting the different layers,
which are selected according to their stress grade. The elastic, stiffness and structural resistance properties of a
CLT panel can be experimentally determined using different approaches, such as the γ-method, the k-method or
1

1555

the shear analogy method [2, 3]. In this study, to investigate the influence of the layup of the panel and the ratio
of the layers’ thickness on the global elastic behaviour of the CLT panel, the elastic properties of an equivalent
homogeneous orthotropic elastic panel were evaluated through static finite element (FE) simulations, based on
the representative volume element (RVE) approach. CLT elements with a different number of layers and a
different ratio of their thickness were considered, modelled in the commercial software Comsol Multiphysics
as multilayer orthotropic structures.
FE approaches can also be useful to investigate the vibroacoustic performance of CLT structures. Yang et al.
[4] recently proposed an interesting numerical approach, based on the wave and finite element (WFE) method
[5], which allows for accurate vibroacoustic characterisation of CLT structures, and to compute their sound TL
including the effect of higher-order propagating modes. To verify the suitability of static elastic properties of
the equivalent orthotropic element for vibroacoustic analysis, a similar approach, based on FE analysis, was
used to characterise the wavenumbers propagating in different CLT panels. CLT elements were modelled both
as multilayer and equivalent homogeneous structures. The comparison of the numerically computed dispersion
curves, of different propagation modes, evaluated both for the layered structures and the associated equivalent
orthotropic elements showed that equivalent static elastic properties while providing a good approximation
at the lowest frequencies, do not guarantee a good accuracy within the entire frequency range. Consistent
conclusions were highlighted by comparing the transmission (TL) computed from FE simulations based on the
unit cell approach [6, 7, 8], of the multilayer and equivalent orthotropic plates.
The next section briefly introduces the FE-RVE approaches which were used to determine the equivalent
orthotropic elastic constants, to compute the wavenumber dispersion curves and the sound transmission loss of
the investigated structures, which are described in section 3. Results are presented and discussed in section 4.

2

Representative volume element (RVE) approach

In structural mechanics and vibroacoustic FE simulations, the unit-cell approach, also known as the
representative volume element (RVE) approach, is widely used. The method consists in modelling only a small
portion of an infinite large repetitive structure, which can be considered as a modular unit, by applying periodic
boundary conditions. According to the objective of the simulation, different kinds of periodic boundary
conditions, types of analysis or excitations are required.
2.1. Equivalent elastic properties
The static elastic properties of homogenised element representing a composite, or multilayer structure can be
evaluated from the homogenised compliance matrix, expressing the relationship between strains and stresses.
For an orthotropic elastic solid the stress and strain relation can be expressed in the compliance form as:
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Using Comsol Multiphysics the coefficients of the equivalent compliance matrix C can be easily obtained by
using the cell periodicity node, which defines the six load cases which will be used in a stationary analysis, and
allows the definition of the average strain periodic conditions on pair of boundary elements. The average strain
matrix of the created equivalent material is populated with boolean variables. The nine independent constants
characterising an orthotropic elastic solid are thus computed from the compliance matrix, given in Equation 1.
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Since C is a symmetric matrix the following relations hold:
νyx
Ey

ν

= − Exyx ;

νzx
Ez

= − νExzx ;

νzy
Ez

ν

= − Eyzy

(2)

2.2. Wavenumber dispersion curves
Assuming the CLT panel laying in the xy-plane, the wavenumber dispersion curves can be computed by
using the FE-unit cell approach. Bloch-Floquet periodic boundary conditions are applied to each domain along
the y and x directions, in order to simulate the laterally infinite nature of the problem. In fact, the dynamic field
u(x, y, z) of the system unbounded in the xy-plane can be evaluated by analysing a single unit cell through the
Bloch–Floquet periodicity relations:
∀M, N ∈ Z

u(x + MLy,cell , y + NLz,cell , z) = u(x, y, z)e− j(kx MLz,cell x+ky NLy,cell +kz )

(3)

The frequencies associated with a certain value of the wavenumber k propagating with a given heading angle φ
can be obtained through and eigenfrequency analysis; each frequency is associated with a different propagating
mode. The number of frequencies determined for each wavenumber k depends on the number of modes
computed in the simulation.
2.3. Sound transmission loss
To compute the TL, the modelled structure has to be coupled on both sides with acoustic fluid domains.
Bloch-Floquet periodic conditions are applied on the lateral boundaries of both the elastic solid and the fluid
domains. Besides, the latter also need to be truncated in the orthogonal direction, preventing reflection from
those boundaries back into the domains. Different techniques are available to approximate the Sommerfeld
radiation condition, such as for example non-reflective boundary conditions, or the use of perfectly matched
layer elements (PML). In this study, a non-reflective boundary condition is applied to truncate the fluid domain.
An incidence plane wave is applied to the fluid domain on the source side as a background pressure pb =
p0 e− jkr , with arbitrary amplitude p0 , incidence angle θ, and angular frequency ω. A frequency analysis needs
to be performed to evaluate the sound power transmission coefficient τ(ω, θ, φ); which can be computed as the
square of the ratio of the transmitted pt (ω, θ, φ) to the incidence sound pressure pi (ω, θ, φ) obtained from the
FE analysis.
pt (θ, φ) 2
τ(ω, θ, φ) =
(4)
pi (θ, φ)
The diffuse field sound power transmission coefficient τd can be computed by integration over the incidence
and azimuthal angles, respectively θ and φ. The diffuse sound field TL of the CLT panel is finally computed as
T L = −10 log τd . A more detailed description of this method can be found in [9].

3

Investigated CLT structures

Two different kinds of CLT plates were considered in this study, constituted by three or five plies, of total
thickness h equal to 0.09 m and 0.15 m respectively, and density ρ = 450 kg/m3 . Three different layups were
considered for each kind of structure, having a different thickness ratio between the even and the odd layers,
as indicated in Table 1. The material properties of each layer, associated with the orthotropic elastic properties
of the timber boards, were taken from Table 1 of ref. [4]. The CLT plates were modelled by implementing
the RVE approach, described in the previous section, using the commercial software Comsol Multiphysics.
For each analysed structure the nine independent elastic constants of the equivalent orthotropic homogeneous
element were computed. The wavenumber dispersion curves associated with the different propagation modes,
modelling both the layered CLT panels and the associated homogeneous orthotropic elements, were determined
along the two principal and the 45◦ directions: k x , ky and k45 . Moreover, also the TL were computed from
multilayer and equivalent homogeneous models. Results are presented and compared in the next section.
3
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Table 1: Layup configurations of the considered CLT structures.
CLT panel

3-ply

5-ply

4

layer thickness [m]

#ply

grain orientation

layup a)

layup b)

layup c)

φ[rad]

1

0.030

0.0375

0.020

0

2

0.030

0.0150

0.050

π/2

3

0.030

0.0375

0.020

0

1

0.030

0.040

0.020

0

2

0.030

0.015

0.045

π/2

3

0.030

0.040

0.020

0

4

0.030

0.015

0.045

π/2

5

0.030

0.040

0.020

0

Results

The RVE static analysis allowed determining the nine independent constants to described the considered
CLT plates as equivalent homogeneous structures. The equivalent elastic and shear moduli as well as the three
Poisson’s ratios computed for the different structures are given in Figure 1. Moreover, the equivalent properties
are compared with the orthotropic elastic constants of the timber used as input in the FE model. The number of
layers of the panel mainly affects the equivalent elastic modulus of the homogenised orthotropic plate. In fact,
the 5-ply structure exhibited a slightly higher elastic modulus compared to the 3-ply panel in all the investigated
configurations. Anyway, the ratio of the layer thickness seems to have the highest influence on the equivalent
elastic properties, either on the elastic and shear moduli and on the values of Poisson’s ratio. Even though,
negligible variations were found for the elastic modulus along the z−direction and the shear modulus in the
4xy−plane. This set of equivalent elastic properties guarantee that the compliance (or stiffness) matrix which
relates strains and stresses of the homogenised orthotropic element is identical to the global matrix computed
for the layered element.
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Figure 1: Homogenised elastic properties of the equivalent orthotropic CLT plates.
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To understand if the equivalent static orthotropic properties are suitable to accurately describe also the CLT
dynamic behaviour, the wavenumber dispersion relations of the first six propagating modes were computed.
In a homogeneous isotropic or orthotropic element wave motion is described by the Rayleigh-Lamb theory
of guided waves in plates [10, 11]. In Figure 2 and 3, the dispersion curves obtained from homogenised FEmodels are compared with the curves computed for the 3-ply (a) and 5-ply (a) layered structures respectively.
Both for the 3-ply and the 5-ply elements a significant deviation can be observed in the behaviour of layered and
homogenised structures. The propagating mode m0 is the first antisymmetric, or bending mode, which plays a
key role in sound transmission. Along any investigated direction and both for the 3-ply and 5-ply elements, only
at the very low frequency the homogenised dispersion curves accurately approximated the dispersion curves
computed for the layered structures, while in the mid- and high-frequency range a drastic deviation can be
observed. The propagating mode m1 describe in-plane or horizontal shear motion. The homogenised approach
provided a good approximation of the dispersion curves associated with this mode only within the frequency
range in which there is a linear relationship between wavenumber and frequency. Similar considerations can
be made by comparing the dispersion curves associated with the propagating mode m2 which, at least in the
range where there is a linear relationship between wavenumber and frequency, describe the motion due to an
extensional wave. Generally, a poor agreement was found for higher modes, which describe more complicated
combinations of longitudinal and shear waves.
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Figure 2: Wave propagation modes computed along different directions for a 3-ply CLT panel modelled as a
layered element (3ply) and as an equivalent homogeneous orthotropic plate (H).
To highlight the effects of the significant deviations observed in the dispersion curves obtained from the
two models on the computed acoustic performance, the sound transmission loss of the CLT panels, both
in the configuration (a), modelled as layered (3ply and 5ply) or homogenised orthotropic (H) elements are
compared in Figure 4. For the 3-ply structure, a surprisingly satisfying agreement was found between the TL
curves, considering the discrepancies observed by comparing the dispersion curves of the same structure. The
two coincidence frequency, associated with the orthotropic plate’s principal directions, fall in a range of the
spectrum in which a very small deviation was found between the dispersion curves associated with the bending
mode. On the other hand, it was not possible to accurately approximate the TL of the 5-ply structure by using
the homogenised element. A significant shift can be observed between the two TL spectra, due to a large
deviation between the dispersion curve, especially associated with the bending mode, even at low frequencies.
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Figure 3: Wave propagation modes computed along different directions for a 5-ply CLT panel modelled as a
layered element (3ply) and as an equivalent homogeneous orthotropic plate (H).
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Figure 4: Numerical sound transmission loss of 3-ply and 5-ply CLT elements, modelled as layered or
homogeneous orthotropic elements.

5

Conclusions

In this study, the elastic properties of equivalent homogeneous orthotropic elastic panels were computed
through static finite element (FE) simulations, based on the representative volume element (RVE) approach,
analysing the influence of the layup configuration of the panel and the ratio of the layers’ thickness on the
global elastic behaviour of the CLT panel. CLT elements with a different number of layers and a different
ratio of their thickness were considered. While the computed equivalent properties, providing an identical
global compliance matrix relating strains and stresses of the material, are suitable to approximate the static
mechanical behaviour of CLT plates, characterised as equivalent orthotropic homogeneous solids, they cannot
be used for vibroacoustic simulations. In fact, by comparing the dispersion curves computed for layered and
6
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equivalent homogeneous orthotropic elements, large discrepancies were found for all the propagating modes
starting from the low-mid frequencies. Therefore, it is clear that the static equivalent orthopaedic elastic
properties are not suitable to describe wave motion in CLT panels, at least not within the entire frequency
range of interest in building acoustics. These findings were confirmed by the comparison of the TL spectra
computed for the CLT panels modelled either as layered or homogeneous orthotropic solids. Even though
for the 3-ply element in the (a) layup configuration, only small differences were observed, for the 5-ply panel
substantial deviations between the TL spectra were found. The follow-up of this project will investigate the
possibility to determine the orthotropic elastic properties of the equivalent homogeneous panel to approximate
CLT structures in vibroacoustic analysis.
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Abstract
Typical solutions to reduce excessive floor vibration and its radiated sound are increasing mass, stiffening the
structure, or adding a floating floor. However, these methods may not be effective on lightweight floors in
reducing low-frequency impact sound.
The use of dynamic vibration absorbers is an attractive approach to reduce the response of the structure at its
natural frequency. For studying the effect of multiple dynamic vibration absorbers and designing optimal
solutions for various configurations, an efficient modelling approach is desired.
A model is proposed for this purpose that utilizes the thin plate theory for the floor and the Timoshenko beam
theory for the joists. In addition to the joists’ bending motion, the model has also included the joists’ rotation
and approximates the plate-beam interface connection condition. To verify the appropriateness of the model,
measurements on a scaled joist floor structure have been carried out. The joist structure in the test is made of
medium-density fiberboards, while the absorbers are made of steel springs and mass blocks. A good agreement
of the impact of vibration absorbers is shown in the modal assurance criterion (MAC) and the comparison of
the transfer functions.
Keywords: vibration, joist floor, vibration absorber, low frequency, experiment.

1

Introduction

Annoyance due to impact sound from floors is related to the excessive vibration of the floor. For the sake of comfort
and health, people's exposure to impact noise and floor vibration should be avoided [1, 2]. To achieve this goal, an
adequate vibration control to the floor is needed.
Typical solutions to reduce the floor vibration are to redesign and modify the floor systems by increasing the
thickness and thereby the mass, stiffening the structure, and adding an elastically-supported floor covering [3, 4].
The first two methods modify the dynamics of the system such that the excitation is less effective on floor responses
and the dominant floor natural frequencies are shifted away from the most problematic frequency range, while the
last method decouples the vibrations from the top floor to the base structure thereby reducing the radiated sound
from the floor. However, improving the stiffness is hard to implement on lightweight floors. The approach using a
floating floor or additional masses produces drawbacks such as the weight increase and lower fundamental
frequencies, leading to potential worse vibration conditions in the low frequency range [4, 5].
The idea of a passive vibration absorber emerges in structural engineering applications since its introduction in 1911
by [6]. By tuning the spring, mass, and damping, the natural mode of a single degree of freedom (SDOF) the host
1
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system can be effectively suppressed, such that the structural vibration can be reduced (Figure 1). Vibration absorbers
can be installed more cheaply than structural stiffening and are sometimes the only approach of vibration control in
existing structures [7].

Figure 1 – Example of frequency response curves of a SDOF vibration absorber.
In the last two decades, applying vibration absorbers to control the floor vibrations have been popularly studied
theoretically. By assuming the floor and the absorber as single-mode systems, the vibration of the coupled structure
is simplified as a two-degree-of-freedom system [8, 9]. This simple method allows an analysis on suppressing the
fundamental mode of a floor structure. For controlling the vibration of a more complex floor by absorbers, using
FEM to solve the governing partial differential equations does provide more detailed simulations. However, the
calculation may be tedious due to complex and detailed floor geometries [10, 11]. Additionally, analytical models
of rectangular plates with classical boundary conditions provide insight into the low frequency bending vibrations
and may be easily coupled with the spring-mass models. Therefore, they are frequently applied in parametric studies
and optimizations of the absorber on a plate [10, 12, 13, and 14].
In contrast, in only a few studies measurements of absorbers have been conducted [15, 16], and even fewer on
measurements of absorbers applied to floor structures [7]. Also, most of these experiments were carried out
for the applications of a single absorber rather than distributed multiple absorbers.
In this paper, the effect of multiple vibration absorbers on the vibration of a lightweight joist floor is
investigated. An experiment was conducted on a scaled joist structure with absorbers made of steel springs
and mass blocks. Low-frequency vibration results are compared with those calculated by an analytical model
based on a modal superposition method. The aim of this research is to evaluate the applicability of the
analytical model in predicting the effect of the multiple vibration absorbers on the vibration field of joist floors.
The paper is organized as follows: Section 2 presents the setup of the experiment and test results, and Section
3 presents the formulation and validation of the analytical prediction model. Section 4 presents the results and
comparisons are made between the predicted and measured vibration results. In Sections 5 and 6, some
discussions and conclusions are given.

2

Experimental analysis

The experiment took place in the acoustics laboratory of Eindhoven University of Technology. Figure 2 shows
the scaled joist floor structure used in this research. The basic structure is fabricated by a 1m x 1m x 9mm
medium-density-fibreboard (MDF) plate supported by 7 MDF beams with a cross section of 22 x 70mm. The
2
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beams are evenly spaced in x-direction with a distance of around 135mm. Each beam is connected to the plate
by 9 screws (spaced 135mm from each other).

Figure 2 – Top and front view of the scaled joist floor. The dimensions are in [mm].
In the experiment, the structure was suspended by elastic ropes so as to obtain freely-supported boundary
conditions. The normal vibrations of the top plate, excited by impact hammer BK 8202, are measured at 17x9
positions by accelerometers PCB 333B30. The signals were captured by a National-Instruments acquisition
system (NI 9234 and cDAQ-9178) for 7 seconds with a sampling frequency of 51200Hz, and then the fast
Fourier transform (FFT) was applied in Matlab for a frequency range up to 25.6 kHz.

Figure 3 – Setup of the experiment on the joist
structure.
2.1

Figure 4 – Locations of the force excitation and
accelerometers.

Mechanical properties of the wooden components

The densities of the wooden components were determined by weighting them separately. The Young’s moduli
of both plate and beams are assumed to be homogeneous and were obtained by performing dynamic vibration
3
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tests. In the measurements, the components were placed on a soft porous material to obtain a freely-supported
condition, as shown in Figures 4 and 5. A 0.25 Poisson’s ratio borrowed from [17, 18] is given to all the MDF
components. The Young's moduli of the plate and beams were calibrated by using finite element models
solving the equations of linear elasticity. The values of the Young's moduli are finally determined by matching
the simulated and measured natural frequencies of the first bending modes (the 22.3Hz mode for the plate and
the around 120Hz mode for the beams). The loss factors were extracted from the measured transfer functions
by using the half-power bandwidth approach [19, 20]. The properties of the wooden components are listed in
Table 1.

Figure 5 – Measurement setup of the dynamic
property test on the MDF plate.

Figure 6 – Measurement setup of the dynamic
property test on the MDF beam.

Table 1 – Mechanical properties of the wooden components identified by dynamic vibration tests
Young’s modulus Density
Loss factor
kg/m3
GPa
Plate
3.1
669.6
0.052
Beam 1
1.9
583.2
0.045
Beam 2
2.1
565.2
0.039
Beam 3
2.1
559.2
0.038
Beam 4
2.1
571.2
0.081
Beam 5
2.1
577.2
0.078
Beam 6
2.4
589.2
0.088
Beam 7
2.1
577.2
0.055

2.2

Design and fabrication of the vibration absorber

Eight vibration absorbers are used in the measurement in total. Each absorber consists of three parts welded to
each other: a steel mass block, a steel coil spring, and a hex nut used to connect with the joist structure (Figure
7).
The natural frequencies of the absorbers are designed to be 70Hz, corresponding to the bending modes of the
joist structure at that frequency. The absorbers are characterized by spring constant ka and mass ma. Firstly, the
dimensions of the coil springs were calculated by

𝑘𝑎 =

𝐺𝑑 4
8𝑛𝐷3

(1)
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where G is the transverse elastic modulus of the spring material, d is the wire diameter, n is the number of the
active coils and D is the mean coil diameter (outer diameter - wire diameter). Then, by changing ma, the natural
frequency of the absorbers can be tuned to the desired frequency.
A finite element model of the vibration absorber was made in COMSOL multi-physics. The model solves the
linear elasticity equation and assumes the materials are homogeneous. The dimensions of coil spring (D, d and
n) are given as 12mm, 2mm and 6, and the dimension of the block is 30 x 30 x 19mm. The Young's modulus,
Poisson's ratio and the density of steel are given to the whole absorber as 205Gpa, 0.28, and 7850kg/m3. The
top surface of the hex nut is set to be fixed and the low-frequency modal patterns of the vibration absorber are
analysed.
The desired 70 Hz resonance in the vertical direction was found in the finite element model, as shown in Figure
8. However, except for the resonance around 70 Hz, some mode types have been observed in the FE model,
such as a rotational mode at 33.5 Hz and two swing modes, axial and diagonal, at 13.7 and 115Hz.

Figure 7 – Setup of a single
vibration absorber.

Figure 8 – Natural modes of the vibration absorber simulated by
COSMOL.

These modes are also observed in an impact-response test on the fabricated vibration absorber. In the test, the
vibration absorber is fixed on the hex nut by a pressure clamp. An accelerometer is attached on the bottom
surface of the mass block to measure the vertical vibrations excited by the hammer impacts, as shown in Figure
9. In the result, a peak was observed around 70 Hz, which represents the designed mode of the absorber (Figure
10); two other peaks were found at 14 and 115 Hz, which are most likely due to the axial and diagonal swing
modes. The rotational mode is not clearly shown in the figure, as the horizontal movements cannot be collected
by the used sensor.

Figure 9 – Measurement setup of
the absorber's natural frequencies.

Figure 10 – Measured frequency response of the vibration absorber
system.
5
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To achieve an obvious effect on the floor's response, the vibration absorbers were installed in the area having
the highest displacement at the target frequency. As shown in Figure 11, the structure has a high displacement
along the central beam at the 70Hz mode. Therefore, the absorbers are allocated and distributed in the area
along the central beam (Figure 12). The averaged values of the parameters measured from 8 absorbers are
listed in Table 2.

Figure 11 – 70Hz Mode shape of the structure and
positions of the vibration absorbers.

Figure 12 – Setup of the vibration absorbers
installed on the joist structure.

Table 2 – Mechanical properties of the wooden components identified by dynamic vibration tests
Natural
Spring constant
Mass
Loss factor
Components
frequency,
ka, N/m
ma, kg
ηa
fa, Hz
Absorber
2.55e4
0.121
0.01
73

3

Numerical analysis

Figure 13 – Schematic representation of the joist
structure with SDOF vibration absorbers.
Figure 13 illustrates the analytical model of the joist floor with the vibration absorbers. The structure is
considered as a thin ribbed plate lying in the x–y plane, and the vibration absorbers are sketched as SDOF
mass-spring resonators. The prediction model of the joist structure is based on the modal superposition model.
3.1

Analytical model of the joist floor with free boundary condition

To calculate the vibration displacement of the joist floor structure, firstly, the coefficients of the modal
displacement of the structure are computed by
(2)
(𝐊 𝐟𝐥𝐨𝐨𝐫 − 𝐌𝐟𝐥𝐨𝐨𝐫 𝜔2 )𝐮𝐟𝐥𝐨𝐨𝐫 = 𝐅
6
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where Kfloor and Mfloor are the stiffness and mass matrices of the plate. ufloor is the coefficient vector of the
modal displacement. The vibration displacement of the joist floor is calculated by
𝑁

𝑀

𝑤𝑓𝑙𝑜𝑜𝑟 (𝑥, 𝑦) = ∑ ∑ 𝑢𝑓𝑙𝑜𝑜𝑟 (𝑚, 𝑛)𝜙𝑚 (𝑥)𝜓𝑛 (𝑦)

(3)

𝑛=1 𝑚=1

in which ϕm and ψm are the mode shape functions of the floor mode (m,n) along x and y directions.
For the joist floor, the bending motion of the plate are combined with the bending and torsional motions of the
beams by defining the Kfloor and Mfloor as
𝐊 𝐟𝐥𝐨𝐨𝐫 = 𝐊 𝐩 + 𝐊 𝐛,𝟏 + 𝐊 𝐛,𝟐
(4)
𝐌𝐟𝐥𝐨𝐨𝐫 = 𝐌𝐩 + 𝐌𝐛,𝟏 + 𝐌𝐛,𝟐
(5)
where Kp and Mp are the stiffness and mass matrices of the plate, Kb,1, Kb,2, Mb,1, Mb,2 are the stiffness and
mass matrices of the beams for the bending (index 1) and torsional motion (index 2).
The matrices Kp and Mp of a free-free rectangular thin plate are given by [23], the bending stiffness matrix
Kb,1 and mass matrices Mb,1 of S beams are defined as [23], and the torsional stiffness matrix Kb,2 and mass
matrices Mb,2 are defined as [24]
3.1.1 Mode shape function for a plate with free boundary condition on four edges
To be consistent with the measurement setup, the model of the joist floor contains free boundary conditions
for all edges of the plate. The mode shape functions of the plate can be approximated by [21, 22]
2
2
𝜙𝑚 (𝑥) = √ 𝜑𝑓 (𝑥), 𝜓𝑛 (𝑦) = √ 𝜑𝑓 (𝑦)
𝑙𝑥
𝑙𝑦

(6)

in which φf is the mode shape function of the beam and the subscript f denotes the free boundary condition.
The function φf is described as
𝜑𝑓,0 (𝑥) = √1/2,
𝜑𝑓,1 (𝑥) = √3/2 (1 −

2𝑥
),
𝑙𝑥

𝑥 1
𝑥 1
𝜑𝑓,2,4,6… (𝑥) = 𝑐𝑜𝑠 [𝑘𝑖 ( − )] + 𝑎𝑖 𝑐𝑜𝑠ℎ [𝑘𝑖 ( − )],
𝑙𝑥 2
𝑙𝑥 2
𝑥 1
𝑥 1
𝜑𝑓,3,5,7… (𝑥) = 𝑠𝑖𝑛 [𝑘′𝑖 ( − )] + 𝑎′𝑖 𝑠𝑖𝑛ℎ [𝑘′𝑖 ( − )],
𝑙𝑥 2
𝑙𝑥 2

(7)

where

𝑎𝑖 =

𝑠𝑖𝑛(𝑘𝑖 /2)
,
𝑠𝑖𝑛ℎ(𝑘𝑖 /2)

𝑎′𝑖 =

𝑠𝑖𝑛(𝑘′𝑖 /2)
𝑠𝑖𝑛ℎ(𝑘′𝑖 /2)

(8)

and the constants ki and k'i are given in Table 3.
Table 3 – Constants ki and k'i for Equation 7, r=3,4,5...
k2=4.7300
k'3 =7.8532
k4=10.9956
k'5 =14.1372
k6,8,10... =(4r − 1) π/2
k'7 ,9,11... =(4r + 1) π/2
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3.1.2 Interface connection between plate and beams
The analytical model assumes the beams to bend along their neutral planes and the displacements on their
neutral planes are coupled with that of the plate, as shown in Figure 14(a). However, in a real joist floor, the
plate and the beams are connected on their physical interfaces, as shown in Figure 14(b). This type of
connection will lead to an unevenly distributed stress on the cross section when the bending happens in the
structure, thus an up-shift of bending axis of the beam has to be accounted for in the bending motion [25].

Figure 14 – Plate-beam connections and the neutral plane of the joist structure.
To approximate the effect of the interface connections, a revised second moment of inertia of the beam, I'b,
with a shifted bending axis value, z', is introduced into the model based on the parallel axis theorem [26]. The
equation for the revised second moment of inertia is given by
𝐼′𝑏 = 𝐼𝑏 + 𝐴𝑏 𝑧′2

(9)

In this research, the plate and the beams are firmly connected by the screws. A z'=0.5hb is applied for the
bending modes n=3,4…N of the beams, where hb is the height of the beam. The original Ib is still used for the
first two rigid-body-motion modes (n=1,2).
3.2

Numerical validation of the analytical model by finite element models

The analytical model was validated by comparing with a finite element model made in the COMSOL multiphysics software. The model was made of a 2D plate solving the Mindlin plate theory and 3D beams solving
linear elasticity equations. In the analytical model, both the bending waves and the torsional waves of the
beams were considered (Kfloor=Kp+Kb,1+Kb,2 and Mfloor= Mp+Mb,1+Mb,2), and the beam's second moment of
inertia was calculated by Equation 24 with z'=0.5hb for the modes n>3.
The floor structure was assumed to be excited simultaneously at 2 impact positions, and the mobility at 17 x 9
receiving positions were calculated and root-mean-squared for the comparison, see Figure 15. Two results
show a generally good agreement in Figure 16.
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Figure 15 – Geometry of the
finite element model.
3.3

Figure 16 – Result of the averaged mobility. The small map shows
the impact (dots) and the receiving position (cross signs).

Modelling the joist floor with vibration absorbers

The vibration absorbers are modelled as SDOF mass-spring systems. The displacements of the absorbers, wa.r,
are coupled with the motion of joist structure wfloor,r at the attaching positions (xa,r , ya,r). The displacement of
the floor at the position of the absorber r can be represented by
𝑀
𝑤𝑓𝑙𝑜𝑜𝑟,𝑟 = ∑𝑁
𝑛=1 ∑𝑚=1 𝑢𝑓𝑙𝑜𝑜𝑟 (𝑚, 𝑛)𝜙𝑚 (𝑥𝑎,𝑟 )𝜓𝑛 (𝑦𝑎,𝑟 ).

(10)

The equation for coupling the motions is expressed as
𝑁

𝑀

𝑅
2

∑ ∑ (𝐾𝑓𝑙𝑜𝑜𝑟 − 𝑀𝑓𝑙𝑜𝑜𝑟 𝜔 ) 𝑢𝑓𝑙𝑜𝑜𝑟 + ∑ 𝑘𝑎,𝑟 (1 + 𝑗𝜂𝑎,𝑟 )(𝑤𝑎,𝑟 − 𝑤𝑓𝑙𝑜𝑜𝑟,𝑟 ) = 𝐹，
𝑛=1 𝑚=1

𝑟=1

𝑚𝑎,𝑟 𝜔2 𝑤𝑎,𝑟 + 𝑤𝑎,𝑟 (1 + 𝑗𝜂𝑎,𝑟 )(𝑤𝑓𝑙𝑜𝑜𝑟,𝑟 − 𝑤𝑎,𝑟 ) = 0， 𝑟 = 1,2 … 𝑅,

(11)
(12)

in which ka.r, ma.r and ηa.r are the spring constant, mass and loss factor of the rth vibration absorbers, and R is
the number of the absorbers.
By organizing the properties of the absorbers in a vector form as
𝐊 𝒂 = [𝑘𝑎,1 (1 + 𝑗𝜂𝑎,1 ) … 𝑘𝑎,𝑅 (1 + 𝑗𝜂𝑎,𝑅 )],

𝐌𝐚 = [𝑚𝑎,1 … 𝑚𝑎,𝑅 ],

(13)

and defining a coupling matrix
𝚽𝒂 = [… 𝚽𝒂,𝒏 … ],

𝚽𝒂,𝒏 = [𝜙𝑚 (𝑥𝑎,𝑟 )𝜓𝑛 (𝑦𝑎,𝑟 )]𝑅×𝑀 ,

𝑚 = 1,2 … 𝑀,

𝑛 = 1,2 … 𝑁,

(14)

the coupled motion is solved in matrix form as
𝐊 𝒇𝒍𝒐𝒐𝒓
([
−𝐊 𝒂 𝑇 𝚽𝒂

−𝚽𝒂 𝑇 𝐊 𝒂

𝐌𝒇𝒍𝒐𝒐𝒓
]−[
𝟎
𝑑𝑖𝑎𝑔(𝐊 𝒂 )

𝟎
𝐮𝐟𝐥𝐨𝐨𝐫
𝐅
]) [ 𝐰 ] = [ ],
𝟎
𝐚
𝑑𝑖𝑎𝑔(𝐌𝒂 )

(15)

where wa = [wa,1 … wa,R]T.
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4

Results of the measurements and the prediction model

Figure 17 shows the measured mobility of the joist structure with and without vibration absorbers. The mobility
values are root-mean-squared averaged among the positions described in Figure 4. From the figures, it can be
observed that the absorbers lead to a large change in the structure vibration near 70Hz, while the changes in
other frequency ranges are small. Comparing to the impacts far from the absorbers (Figure 17c and 17d), the
floor mobility is reduced more significantly when the impact position is close to the area of the absorbers
(Figure 17a and 17b). Due to the absorbers' low damping, the vibrational energy at the target structure mode
is not much dissipated by the absorbers but rather distributed to the frequency ranges surrounding the target
frequency. Thereby two peaks at around 65 and 88 Hz can be observed in the figure. For the other modes of
the absorber at 13.7, 33.5, and 115Hz (Figure 8), no significant changes of the mobility were found in the
figures.

Figure 17 – Averaged mobility of the scaled joist ﬂoor with and without vibration absorbers. The small
maps show the impact position as ’black dot’ and absorber’s position as ’blue crosses’.
In Figure 18, the MAC values between the experiment and simulation were calculated and compared for the
first 18 floor modes (up to about 190 Hz). The values show a reasonable correlation between the measured and
predicted results. Figure 19 and 20 display some identified mode shapes of the joist floor. The measured and
the predicted modes have similarities in both the mode shapes and the natural frequencies.
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Figure 18 – MAC values between the measurement and the analytical model of the joist structure.

Figure 19 – Measured mode shapes and natural frequencies of the scaled joist floor.

Figure 20 – Simulated mode shapes and natural frequencies of the scaled joist floor.
Comparisons were also made between the mobility of the joist structure with and without the vibration
absorbers (Figure 21). In general, the results from the analytical model are in a good consistency with the
results from the experiments. When the impact and receiver are located close to the centre of the floor, the
results show fewer modes and appear to be more consistent with each other than for scenarios where the
distance between excitation and receiver positions is larger.
11
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Figure 21 – Mobility of the scaled joist floor. The small maps show excitation position 'black dot', receiver
position 'black circle' and vibration absorber's position 'blue crosses'.
The model also gives an accurate prediction of the obvious change in floor vibration pattern around 70 Hz due
to the absorbers. As it is difficult to control the fabricated vibration absorbers to have exactly the same natural
12
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frequency, the experimental results show some fluctuations around 70Hz. The vibration absorbers have little
effect on frequencies other than those around their natural frequency.
Lastly, the reduction of floor vibration level in one third octave band averaged over all positions was compared
between the predictions and measurements, see Figure 22. The predicted result shows a similar trend as the
measured result, but still a 3 dB deviation exists between the two results in the 63Hz band. For the lower
frequency bands, the level reductions are more sensitive to the single mode due to the narrower bandwidths.
For example, in the 16 Hz band, a large reduction in vibration level occurs. Looking at Figure 21, it can be
explained by a frequency shift of the mobility when comparing measured and modelled results.

Figure 22 – Reduction of the floor velocity level by the vibration absorbers.

5

Discussion

The experiments in this study were conducted mainly to validate the prediction model. A low loss factor around
0.01 was extracted from the fabricated absorbers. With such a damping value, the absorber can only interfere
rather than largely reduce the floor vibration. This is the reason that the measured velocity level reduction is
only less than 2dB in 63Hz band in Figure 25. To achieve an effective reduction of the floor vibration and
impact sound, safeguarding sufficient damping of the absorber remains a key task.
In the current joist floor model, the revised second moment of inertia does help to approximate the tight
connection between the plate and beams. The value of z'=0.5hb is simply determined as the distance from the
neutral plane of the beam to the physical interface between the plate and beam. For different floor boundary
conditions or ways of connection between the plate and beams, this value may vary or is dependent on the
modes.
The free boundary condition was chosen in the laboratory experiment to verify the applicability of the model
for predicting the effect of the multiple SDOF vibration absorbers on the vibration of the lightweight joist
floors. The model has been proven to be useful under the free boundary condition. For the other boundary
conditions, this model is also expected to be able to achieve the effective predictions when other boundary
conditions are applied.

6

Conclusions

In this paper, the effect of multiple vibration absorbers on the floor vibration has been investigated
computationally and experimentally.
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The impact responses of a freely-supported scaled floor structure with and without vibration absorbers were
measured. A mass-spring type of vibration absorber is designed to target the 70Hz mode of the floor. From the
measured floor mobility, a significant change was observed near this frequency after the installation of the
absorbers. Except for the 70Hz mode, the vibration absorber also has a rotation mode and two swing modes at
14, 34, 115Hz. These modes did not show obvious effects on the floor vibration.
An analytical model of a rectangular ribbed-plate was applied to predict the transfer function of the joist floor
influenced by the vibration absorbers. The model assumes the floor as a thin structure and all materials as
homogeneous. It is based on the modal superposition method of bending waves and includes the bending and
torsional waves in the beams. The vibration absorbers are adapted into the floor mode as multiple SDOF massspring systems. In general, the prediction provides a good agreement with the measured result in the frequency
range of interest.
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Abstract
Within the research projects AkuLite, Aku20 and the current AkuTimber at the Luleå university of
technology, a large set of field measurement results have been compared to calculations according to EN ISO
12354 -1 and -2. Their agreement was deemed unsatisfactory at first. To try and improve, a new comparison
was made between laboratory measurements of various CLT bare floors to establish a semi-empirical
prediction model and a small database of sound insulation data for CLT elements with thicknesses 80 to 240
mm. This database was then applied to further comparisons of a new set of field measurements where a welldefined raised floor (measured in a laboratory) had been built on various CLT floors. The comparison was
now more stable and a practical safety margin of 5 dB should be enough. All results are presented as average
(systematic) deviations and standard deviations of the comparisons. Flanking transmission of walls remain to
analyse to conclude a practical prediction procedure of CLT structures.
Keywords: CLT, EN ISO 12354, airborne sound insulation, impact sound insulation

1

Introduction

The acoustic performances of buildings with various types of light weight timber floor have already been
studied by many parties, e.g. recently by Homb 1 as well as within the joint European research project Silent
Timber Build 2. They conclude the theoretical SEA-models used in the Silent Timber Build project have
severe limitations and they recommend measurements for further analyses of the constructions.
Within the previous research projects AkuLite and Aku20 as well as the current AkuTimber at the Luleå
university of Technology 3, about 30 wooden buildings built since 2010 have been examined by means of
detailed field measurements of sound insulations and vibration transmissions.
Those field results gave this author the opportunity to look into one question of practical interest to
acoustical consultants: –When consultants apply the most commonly used calculation softwares as well as
their general experiences of building acoustics, how close to the real performance can they expect to come,
on the average and with which uncertainty? The combination of uncertainties may define a safety margin.

2

Method

In order to make the comparisons between theoretical calculations according to EN ISO 12354 parts 1 and 2
and field measurements, some of the building cases examined in the research projects Aku20 and AkuTimber
were selected. Some additional field measurements were contributed by a manufacturer of raised floors, see
section 3.4.
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•

The first estimates of DnT and LnT were made from the drawings only, as a consultant would have to
do during an ordinary project design phase (before completion of the building).

•

The second estimates were supported by measurement results and vibration transmission
measurements to refine the models of the junctions, damping etcetera as would be typical when the
purpose is merely to understand unexpected measurement results and to find out which part of a
construction needs to be improved, e.g. in the case of the building regulations not being fulfilled.

•

The calculated values in the figures below are from “the second estimate”, i.e. some adjustments of
input data have been made after comparisons with the measured values and the vibration levels.

•

Input data for CLT floors were first calculated on the basis of single laboratory measurements,
clause 3.2, then on the basis of a kind of average performances, see clause 3.3.

The calculation tool used to combine elements, define junctions and calculate sound transmission in
buildings according to the international standard EN ISO 12354 was Bastian® by Datakustik.4 For the
analyses of floor and wall constructions, the software Insul v9.0.8 by Marshall-Day Acoustics was used.5 For
analyses of buildings with concrete floors, the semi-empirical data for the elements in the SAU Nordic
Database were applied.6

3
3.1

Results
Buildings with various CLT floors, example results

Results from field measurements and theoretical calculations of the sound insulation through floors in living
rooms of one example building (denominated as “B1”) are presented in Figure 1, in the extended frequency
range 20-5000 Hz.
This building is constructed with parquet flooring floating on a 246 mm massive CLT floor and a ceiling
with two plasterboards attached to light weight joists that are disconnected from the CLT-floors. Walls are
made with double plasterboards and a plywood board, attached on each side of two rows of wooden studs
separated by a thin air gap.
Apparently, the calculated values of the airborne sound insulation (thick line) are somewhat on the safe
side in the range 50-1000 Hz, but the impact sound insulation values on the other hand seem to be
underestimated.
Results from another example building with a different construction (denominated as “B3”) are presented in
Figure 2.
Note: The frequency range in Figures 1 and 1 is wider (20-5000 Hz) compared to the standardized range
(100-3150 Hz).
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Figure 1: (left) 4 measured and 1 calculated standardized airborne sound level differences DnT and
(right) standardized impact sound level LnT in building object “B1”.

Figure 2: (left) 4 measured and 1 calculated standardized airborne sound level differences DnT and
(right) standardized impact sound level LnT in building object “B3”.
3
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There are no suspended ceilings in the second example building “B3”, but the sound (and fire) insulation of
the 150 mm CLT floor has been improved by a 15,4 mm fire plasterboard attached with screws to its bottom
face.
The CLT floor is covered by a raised subfloor with a 22 mm chipboard, 30 mm gypsum screed and a
parquet flooring on top of joists and elastic pads. The walls are made of 120 mm CLT and plasterboards
attached firmly to those, connected to the CLT-floors with thin resilient strips, steel brackets and nails (of
stability reasons).
Apparently, the theoretical estimate of the airborne sound insulation is somewhat on the safe side in the
mid- frequency range but underestimates the insulation at low and high frequencies. The impact sound
insulation is substantially underestimated at all frequencies except the highest, which is of course
unsatisfactory.
In this building (B3), looking at the measured values and the vibration transmission results did not really
help understand how the construction works from an acoustic point of view. An attempt to find the reason for
mismatch was based on the estimated flanking transmissions (as presented by the Bastian software). These
results are displayed in Figure 3.

f2
d

total

Figure 3: Direct and flanking sound transmissions calculated for object “B3”. The points to the right end of
the scale denote the frequency weighted single numbers with spectrum adaptation terms.
It appears in Figure 3, that for the airborne sound insulation, the flanking path f2 via one CLT wall
determines the overall result in the range 250-500 Hz, which is physically reasonable to contribute to the thin
wall CLT-elements with an expected coincidence limiting frequency in this range (according to Insul).
The other paths may be disregarded from this point of view. From 1000 Hz and higher, the transmission
seems to be somewhat exaggerated compared to the measured values, which indicates the resilient material
applied under the walls helps to reduce flanking transmission through the junction with the floor at high
frequency, in spite of the rather stiff brackets that were nailed to the floor and the wall elements.
Similar observations have been made in a few other projects as well. Certainly, it would be better to find
stability measures which allow static forces from wind loads to act but isolates vibrations in the coincidence
region.
4
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The raised subfloors with resiliently supported joists and chipboards are efficient in attenuating the impact
sound, but of course they cannot do much about a flanking path through the CLT-walls. On the other hand,
the impact sound level is underestimated compared to the field measurements.
A closer look at the pictures taken during the construction period indicated there could have occured short
circuiting during the construction of the raised subfloors and the studs for the plaster board walls.
Furthermore, comparison to another building with a similar floor build-up, showed the impact sound level
was again underestimated by about 5 dB in a wide frequency range, indicating this construction needs further
analysis to find the reason for lower impact sound insulation than expected.
In other projects, the reduced effect of suspended ceilings caused by wall flanking transmission have been
realistically indicated with Bastian, but of course the type of junction and data of resilient layers utilized
have to be modelled to give correct results. There is an option to enter various modulus of elasticity of
junctions with resilient layers in this software, but it remains to examine how a nailed steel bracket should be
modelled as a resilient layer with a given E-modulus.
3.2

Average results with all CLT floors

The average results for 23 field measurements of DnT and LnT taken in 8 buildings with CLT structures made
in the AkuTimber project are presented in Figure 4. Data from the object B3 were included since the kind of
error is not uncommon to these kind of constructions. The safety margin plotted in the Figures 4 is the
average deviation increased by 1.35 x the standard deviation, in third octave bands as well as the weighted
numbers.

Figure 4: Average of differences between 23 sound transmissions measured in 8 buildings with CLT floors
compared to the calculated values for each case. The safety margin curve (solid red) for impact sound is
truncated above 1 kHz, but this part of the curve is not critical for the single numbers. The single numbers
are indicated at the end of the x-scales; DnT,w+C50-3150 in the left figure and L’nT,w+CI,50-2500 in the right figure.

3.3

Sound insulation of bare CLT floors

One source of uncertainty may be related to the uncertainty of the laboratory data of the bare CLT floors
used as input data in the calculations of the sound insulation in situ. When various laboratory measurement
results taken on more or less similar CLT floors are compared, there are variations between those. To
establish a common basis for further comparisons between calculations and field measurements, a database
of CLT sound insulation data was deemed necessary to establish.
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Thus, calculations with Insul version 9.0.8 were compared to a set of 23 laboratory measurements of airborne
sound reduction R (50-5000 Hz) and 29 measurements of impact sound levels Ln (50-5000 Hz), some of
them (but not all) where taken in the same laboratories.
After a first round of comparisons, the input parameters of the Young’s modulus in two directions were
changed to improve the results as compared to the measured data. The input parameters were adjusted to
increase the anisotropy, i.e., to widen the gap between the lower frequency of coincidence and the upper
frequency. Also, the loss factor was increased somewhat, as suggested by Schoenwald et al.7 The comparison
between the calculated values and measured in the laboratories are displayed in Figure 5.
The best curve fit was obtained with input data to Insul: r: 495 kg/m3, E1: 0.20 GPa, E2: 16 GPa, h: 0.040,
fc1: 63 Hz, fc2: 567 Hz for the airborne sound transmission and r: 495 kg/m3, E1: 0.55 GPa, E2: 22 GPa, h:
0.025, fc1: 54 Hz, fc2: 342 Hz for the impact sound level. Noticeably, those figures are not necessarily the true
physical parameters of the CLT, but rather the “tweek” data resulting in a better fit compared to the
laboratory measurements.

Figure 5: Average of difference between measured sound transmissions in various laboratories for 23/29 bare
CLT floors and the calculated values (with Insul, using adjusted input parameters). The single numbers are
indicated at the end of the x-scales (DnT,w+C50-3150 in the left figure and L’nT,w+CI,50-2500 in the right figure).
To facilitate further calculations of conditions in situ in buildings with CLT floors and walls, a database of
17+17 bare CLT floors ranging from 80 to 240 mm, with or without a fire protection plasterboard (12.7
kg/m2) screwed to one side of the CLT, were calculated with Insul and corrected empirically for the average
deviations presented in the Figures 5.
Of course, the deviations in results at about 1 kHz, most apparent in the impact sound, would be interesting
to examine further, but for now they are only corrected for. This procedure is basically the same as was
applied more than 20 years ago to concrete floors and walls,9 and the database established then has been used
extensively in the Nordic countries over the past 20 years with few modifications.6
However, in case this new CLT database should be erroneous in spite of the efforts to mirror their real
performances, upcoming comparisons between calculated and field measured sound insulations made in new
projects should be collected and analyzed to find whether there are good reasons to adjust this CLT-database.
Application of a coordinated set of semi-empirical data facilitates systematic comparisons, which is preferred
compared to the present order where different sources of input are used in each project, both for the CLT
base structures and the additional floating floors and suspended ceilings.
3.4

Average results with a specific Granab floating floor on various CLT floors

Some complementary analyses with field data have been made of another set of 12 field measurements,
made in 7 buildings with similar combinations (although not identical) of a CLT floor and a specific type of
floating floor provided by the manufacturer Granab. The CLT data were taken from the new database
6
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presented in clause 3.3. For the floating floor, Granab commissioned laboratory tests with the floor mounted
on a CLT 200 mm at RISE in Borås, Sweden, where both DR and DLn were measured.
The field data were measured by various acousticians which may add reproducibility errors as indicated in
EN ISO 12999-1, but at the same time this natural variation minimize systematic errors when the results are
averaged, e.g. measurement procedures, equipment etcetera. A similar comparison was made between
calculations and measurements, as in the previous parts of this study. The results are displayed in Figures 6.

Figure 6: Averages of difference between measured sound transmissions in 7 buildings with combinations of
a CLT floor and a specific Granab floating floor, compared to the calculated values. The single numbers are
indicated at the end of the x-scales (DnT,w+C50-3150 in the left figure and L’nT,w+CI,50-2500 in the right figure).
Some observations from Figures 6: The average deviation of the DnT-comparison has a similar tendency as of
the data in Figure 4, but the variations between the third octave bands is smaller. The standard deviation of
this comparison is substantially lower, which indicates the deviations are stable and could be corrected for
(using the mean deviations).
The calculated impact sound levels are substantially lower than measured, which should be corrected for as
well. In both the airborne and impact sound insulation results, a standard deviation in the order of 5 dB in
third octave bands seem difficult to avoid. The reason for these random variations remains to explain.
The conclusion is that the input data for the floating floor could be corrected for the mean average
differences found in Figures 6, which however implies there will be no margin between a calculated value
and the expected field measurement. Thus, a calculated result using the corrected data may be fulfilled at a
probability of 50% and thus a margin of at least 4-5 dB should be observed during design of a floor
construction with this subfloor on a CLT floor where the requirements are strict, and where no deviations
will be tolerated. The presented data of the CLT floors and the Granab floor have been included in the
database.6
3.5

Average results with concrete floors

The uncertainty in weighted single number values of buildings with concrete floors and walls has previously
been investigated by this author 8 as well as others 9. Since 2004, a safety margin of 3 dB between a
calculated insulation and a required value has been recommended by this author to minimize the risk of
having underperforming result from field measurements with a probability of about 1 out of 10. Hence, it
was certainly challenging to make the same comparison with the new data collected in buildings with
concrete floors within the AkuLite project. The results in are in line with results from the previous
comparisons, and show a good agreement between the theoretical estimates and the field results. However, a
2-3 dB safety margin still appears appropriate to observe during design of a building with concrete floors.
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Figure 7: Average of difference between 17 measured sound transmissions made in 7 buildings with concrete
floors to the calculated values. The single numbers are indicated at the end of the x-scale (DnT,w+C50-3150 in
the left figure and L’nT,w+CI,50-2500 to the right).

4

Discussion and conclusions

The average agreement between calculated DnT-values and the measured values in laboratories as well as in
buildings with CLT-floors have been used to establish input data for calculations with CLT-elements
according to the EN ISO 12354 methods. Indications on flanking transmission paths that short circuit
suspended ceilings will be a result from such a calculation, but the calculated flanking transmission may be
erroneous if the effect of resilient layers at high frequency is not modeled correctly. The results of the
comparisons are reasonably satisfying, compared to what this author expected or even feared at first.
As pointed out by Wittstock10 during data analysis work with the international standard ISO 12999-1,
deviations in third octave bands may be assumed partly uncorrelated and the uncertainty in the single
numbers should not be estimated from the third octave bands but preferably directly from the collected single
numbers.
For concrete floors, the average agreement between measured values and the calculated values for each
case is indeed satisfaying. The standard deviation is less than 5 dB in the frequency range that determines the
single number values (200-800 Hz) and the statistical 90% margin of the single numbers (with a coverage
factor 1.35, single sided Student t’s distribution of probability) is about 2-3 dB. Thus, the 3 dB margin used
since many years, still seem to be applicable. Previously made comparisons indicate that measurement
uncertainty (inherent in the ISO 16283 standards) is likely to explain some of the variation, adding to
uncertainties inherent in prediction methods, input data, material properties and workmanship errors.
For CLT floors, a provisional safety margin of at least 8 dB should be observed for buildings with more or
less unknown layered solutions on top of or below the CLT-floors, unless there are specific experiences of
the same construction as is under study that supports a lower margin, in particular the junctions and any type
of lining used. It may be questionable whether calculations with such an uncertainty has any meaning at all.
But with a well known construction with a moderate risk of workmanship errors, as for the Granab
subfloors with Sylodyn resilient pads presented in Figures 6, a margin of 5 dB may be sufficient to expect 89 measurements in situ out of 10 to fulfil the requirements, i.e. there is still a 10%-20% risk.
Most noticeably, DR and DLn values measured with a lining above or below a heavyweight base
construction should not be applied to CLT floors and walls without prior correction for the difference in
mobility, which typically means the low frequency sound insulation improvement for the lining may be
smaller on a CLT floor than on a concrete floor. For this purpose, a indicative estimate by means of Insul
8
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calculations may be useful but laboratory tests or extensive comparisons with field results are preferred. In
the database adapted to the software Bastian, there are now some provisional data for CLT floors as well as
for ceilings, wall linings and floating floors, that allow consultants to make their own estimates and compare
those to their own field measurements. The intention of presenting data is not intended to “guarantee”
accurate predictions but at least allow analyses to identify main transmission paths and risk factors (e.g.
constructions sensitive to workmanship). By time, those data may be refined where field results indicate a
need for this and the reliability of theoretical estimates may then be improved.
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Abstract
In this paper we discuss the airborne sound insulation of timber frame partition walls with different
construction details measured in the laboratory according to EN ISO 10140-2. The following construction
details were varied, and their acoustical effects investigated:
- wall type (single/double wall, symmetrical/asymmetrical structure)
- studs (monolithic/separated studs, distances between studs, stud width)
- gap width at double wall
- sheathing material (OSB, one/two layers of gypsum board and sand board)
All analyses are done including the lower frequency range, i.e. 50 Hz – 5000 Hz. Beside the frequency
dependent sound reduction indexes, we discuss the single number quantity Rw, including the spectral
adaption terms C50-5000 and Ctr, 50-5000 of all investigated walls.
Keywords: parametric study, planning data, multi-story building, double wall, separated studs

1

Introduction

To plan the sound insulation in buildings, reliable acoustical data of building elements are necessary.
Holzforschung Austria therefore initiated the research project "Sound.Wood.Austria" in cooperation with
Technical University of Graz and started the project in fall 2018. Aim of the project is to provide detailed
data about the sound insulation of walls and floors in timber frame and CLT construction methods. For this
purpose, extensive parametric studies are part of the project. Already published data from external timber
frame and CLT walls with different facades can be found in [1–4].
Numerous parametric studies on lightweight walls are available in the literature [5–11]. Often, the distance
between the screws was detected as an important factor to control the sound insulation of the wall [8–11].
Figure 1 and Figure 2 show the typical influence of the screw distance on the sound reduction index R for
lightweight constructions with timber studs. Remarkable are the significant dips between 160 Hz and 800 Hz
due to the reduced screw distance.
From the statics point of view, small screw distances can be necessary, especially at the OSB sheathing of
stiffening elements. This should be considered when acoustical data of timber building elements are used for
planning.

1
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Figure 1: Influence of screw distance for Figure 2: Influence of screw distance for insulated
lightweight, insulated test elements with metal timber frame test element with gypsum board
sheathing and wooden studs [8]
sheathing [9]

2

Materials and Methods

Figure 3 gives the construction details of an investigated double wall and single wall with separated studs.
Note that a screw distance at the OSB sheathing of 5 cm was realized for all elements, according to the static
requirements of the industrial partners for multi-story buildings. Due to construction reasons, the studs of the
double wall were displaced to each other. The displacement was around 25 cm for a center distance
e = 62,5 cm. At smaller e, the displacements of the studs were smaller. The size of all test walls was
3,97 m x 2,67 m (10,6 m²).
For the parametric study we varied the following details:
Single wall with continuous studs (one half of the double wall)
• Cavity thickness t (10 cm, 18 cm)
• Sheathing at one side (OSB, 1x/2x gypsum board (GB))
• Distance between the stud centers e (stud spacing; 62,5 cm, 31,3 cm, 20,0 cm)
Double wall:
• “Exterior” sheathing (sheathing at the sending- or receiving room; OSB, 1x/2x GB)
• “Interior” sheathing (sheathing at the gap of the double wall; with/without OSB)
• Cavity thicknesses of wall 1 and 2 t1/2 (10 cm, 18 cm)
• Distance between the stud centers in wall 1 and 2 e1/2 (stud spacing; 62,5 cm, 31,3 cm, 20,0 cm)
• Width of the gap in the double wall g (2 cm, 8 cm)
Single wall with separated studs
• Sheathing (OSB, 1x/2x GB, 1x/2x sand board)

2
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Figure 3: Left: Construction details of an investigated symmetrical double wall, made of two single walls
with insulated gap between walls. Right: Construction details of an investigated symmetrical wall with
separated studs. Note that the studs are separated from one side, but the framing (top/bottom/left/right beam)
is continuous from one side to the other. GB: gypsum board (fire resistant); t: thickness of the cavity; g: gap
width between the single walls; e: distance between the stud centers; a: distance between the screws; w:
width of the stud; s’: dynamical stiffness; ρ: bulk density
Figure 4 left shows the profile of a sand board. The right picture gives the mounting situation of the sand
boards on the wall with separated studs. Due to the order of variations, we located the sand boards at the
external side on top of the GB and screwed it into the studs. Usually the sandboards should be below the
exterior GB and, following the specifications of the manufacturer, the exterior GB should only be screwed
into the sand boards (no direct connection of exterior GB with studs).

Figure 4: Left: sand board (corrugated cardboard filled with quartz sand, www.wolf-bavaria.com,
07/27/2021). Right: Application of sand boards on top of the gypsum boards. The sand boards were screwed
into the studs.
All tests were carried out at the Akustik Center Austria [12,13] according to ISO 10140-2:2010 [14]. The
ratings of the measured sound reduction index were done according to ISO 717-1:2013 [15].
The shown mass-spring-mass resonances (msm-resonances) of the walls and first natural frequencies of the
sheathings were calculated according to [16].

3

Results and Discussion

In the following we discuss the sound reduction index (SRI) and the single number quantities (SNQ) Rw,
Rw+C50-5000 and Rw+Ctr,50-5000 of the investigated walls. The paragraph is split into three parts:
3
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•
•
•

Single wall with continuous studs
Double wall
Single wall with separated studs

3.1

Single wall with continuous studs

For the single wall with continuous studs the following parameters were varied and will be discussed
hereinafter:
• Cavity thickness and sheathing
• Stud spacing
3.1.1 Influence of cavity thickness and sheathing
Figure 5 shows the influence of the cavity thickness on the SRI of the single wall with varied sheathing at
one side of the wall. The graphs point out, that an increased cavity thickness leads to higher SNQ almost
over the entire frequency range. At the frequencies below 100 Hz a shift of the dip into lower frequencies
due to the lower msm-resonance is visible. However, the first natural frequency of the sheathings is also in
that frequency range, which overlaps the positive effect of the wider cavity [3].
Comparing the improvements due to the additional sheathing clarifies, that the gains due to additional GB
are very similar for both cavity thicknesses. However, at t = 10 cm slightly larger gains with the second GB
can be detected between 125 Hz and 800 Hz, also the distinct dip at 160 Hz was reduced by the second GB.
It is also shown in the graphs, that applying a second GB leads to an increase in the SRI below 125 Hz,
independent of the cavity thickness.
As shown in the literature (see Figure 1 and Figure 2), there is a dip at 160 Hz and above due to the small
screw distances. This dip appears in all versions, independent of the added GB.
Looking at the SNQ in the graphs makes clear, that an increased cavity thickness increases all shown SNQ. It
is also visible, that a second GB changes the Rw + C50-5000- and the Rw + Ctr,50-5000-value more than just one
GB.
t = 18 cm
t = 10 cm
60

variable side: OSB

variable side: 1 x GB + OSB

variable side: 2 x GB + OSB

Sound reduction index R in dB
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Figure 5: Influence of cavity thickness t = 10 cm and t = 18 cm, respectively at varied sheathing on one side
of the single walls. The other side was always planked with 12 mm OSB. GB: gypsum board; SNQ
Rw | Rw + C50-5000 | Rw + Ctr,50-5000 in dB in the lower right corner of the graphs
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3.1.2 Influence of stud spacing
Figure 6 illustrates that the stud spacing effects the SRI considerably, caused by the shifted first natural
frequency of the sheathing. Especially if there is only OSB sheathing on the wall, as shown in the left graph
[3].
Adding a GB at the side of the receiving room changes the first natural frequency of the sound radiating
sheathing. Considering only the GB as relevant sheathing gives a first natural frequency between 32 Hz and
71 Hz (distance between the vertical screw axis at the GB was in all cases es = 62,5 cm). However, a dip
which indicates this is not visible in the middle and right-hand graph. Nevertheless, the dips due to the first
natural frequency of the OSB in the left graph nearly disappeared for the versions with GB sheathing and
e = 31,3 cm and e = 20 cm. For the versions with e = 62,5 cm, a wider dip below 100 Hz due to the
additional GB is visible. This correlates with the reduced msm-resonance. Besides that, it becomes also clear
that adding a GB at one side of the wall generally reduces the differences between the versions with
different e.
Looking at the SNQ in the graphs makes clear that a reduced stud spacing results generally in a reduced Rwvalue. In contrary to that, the Rw + Ctr,50-5000-value improved for the versions with GB by changing e from
62,5 cm to 31,5 cm or less.
Adding an additional GB to one side of the wall always leads to an increase of all shown SNQ.
e = 62,5 cm
e = 31,3 cm
e = 20,0 cm
60

variable side: OSB

variable side: 1 x GB + OSB

variable side: 2 x GB + OSB
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Figure 6: Influence of stud spacing and varied sheathing at one side of a single wall on SRI, first natural
frequency ranges of the sheathing and the mass-spring-mass-resonance of the wall. The other side of the wall
was planked with 12 mm OSB. GB: gypsum board; e: distance between the stud centers; es: distance between
the vertical screw axis; f1,1: first natural frequency range for simply supported and clamped exterior
sheathing; f0: mass-spring-mass-resonance; SNQ Rw | Rw + C50-5000 | Rw + Ctr,50-5000 in dB in the lower right
corner of the graphs
3.2

Double wall

For the double wall the following parameters were varied and will be discussed hereinafter:
• Exterior sheathing and stud spacing
• Cavity thickness and interior sheathing
• Gap width

5
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3.2.1 Influence of exterior sheathing and stud spacing
Figure 7 left shows the effect of a double wall compared to a single wall and the influence of varied
sheathing at one side of the double wall. The SRI of the double wall with OSB is higher over the whole
frequency range (except at 50 Hz) compared to the single wall. Also visible is the reduced dip at the double
wall compared to the single wall in the range of the first natural frequency.
Additionally, it is observable that the second GB at the double wall lowers the dip between 125 Hz and
315 Hz due to the small screw distances. Apart from that the benefit of the second GB is smaller compared to
the first GB.
Figure 7 middle indicates the effect of different stud spacings at the double wall with a gap width of 2 cm.
The graph points out that a reduced stud spacing at just one wall reduces the SRI between 100 Hz and
500 Hz significantly due to the shifted first natural frequency of the sheathing (see Figure 6). However, the
SRI in the lower frequency range stays rather low due to the unchanged first natural frequency (45 Hz –
99 Hz) of the wall with e = 62,5 cm. In contrast to that, additionally reducing the stud spacing in the second
wall results in a significant increase of the SRI in the lower frequency range.
Looking at the SNQ clarifies, that the Rw-value of the symmetrical wall with e = 62,5 cm is higher compared
to the versions with smaller stud spacing. Contrary to that, reducing the stud spacing at both walls gives
considerable higher Rw + C50-5000 and Rw + Ctr,50-5000-values.
Figure 7 right clarifies that for double walls with g = 8 cm and constant large stud spacing in one of the
walls, the influence of stud spacing in the other wall is clearly reduced compared to the versions with
g = 2 cm. This holds especially for the lower frequency range.
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Figure 7: Left: Influence of a second wall (two single walls (sw) combined to a double wall (dw)) and varied
sheathing at one exterior side of the double wall. The other exterior side was always planked with
2 x 12,5 mm gypsum board (GB) and 12 mm OSB. Middle and right: Influence of changed stud spacing at
the double walls with 2 x 12,5 mm GB and 12 mm OSB sheathing at varied gap width (g). e1/2: distance
between the stud centers at wall 1 and 2; SNQ Rw | Rw + C50-5000 | Rw + Ctr,50-5000 in dB in the lower right
corner of the graphs
3.2.2 Influence of cavity thickness and interior sheathing
Figure 8 demonstrates the influence of the cavity thicknesses for the double wall as well as the influence of
the interior OSB. The graph points out, that an increased cavity thickness from 10 cm to 18 cm results in a
distinctive increase of the SRI in the lower frequency range. That improvement can partly be explained by
the shifted msm-resonance due to of the wider cavity. Why the influence of to the first natural frequency is
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not visible at the version with 18 cm wide cavity is unclear. It is also visible, that the dip between 125 Hz
and 315 Hz is clearly lower at the version with the wider cavity at one side.
Figure 8 also points out that the increase in the lower frequency range can also be accomplished by removing
the interior OSB. This lowers the msm-resonance frequency of the larger cavity. However, the calculated
msm-resonance of the version without interior OSB is at 30 Hz, not at 63 Hz where the sharp dip occurs. As
in the version with 10 cm / 18 cm cavity, the wide dip due to the first natural frequency of the sheathing is
not visible anymore. In this case it might be because of a reduced torsional rigidity of the studs (sheathing
only at one side) and thus a reduced restraint of the sheathing. Assuming a simple supported situation for the
sheathings, the first natural frequency would decrease down to 45 Hz for the OSB and 32 Hz for the GB. In
real terms there is no ideal supported situation. Thus, the first natural frequency of the sheathing is higher. It
might be in the area of 63 Hz were the sharp dip appears.
Additionally, the influence of to the small screw distances between 125 Hz and 315 Hz becomes slightly
stronger due to the missing OSB.
The mentioned effects are also visible in the SNQ. While the version with a cavity thickness of 18 cm shows
the highest Rw-value, the version without interior OSB has the highest Rw-C50-5000 and Rw+Ctr,50-5000-values.
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Figure 8: Influence of cavity thickness t1 / t2 at the double walls and of an interior OSB (OSB at the gap);
Sheathing on exterior sides 2 x 12,5 mm GB and 12 mm OSB and at interior side usually 12 mm OSB; SNQ
Rw | Rw + C50-5000 | Rw + Ctr,50-5000 in dB in the lower right corner of the graph
3.2.3 Influence of gap width
Figure 9 shows the influence of the gap width on the double walls with different stud spacings and cavity
thicknesses. A wider gap results in a clear increase of the SRI above 125 Hz at all versions.
The benefit below 125 Hz remains rather low, which relates most likely to the unchanged first natural
frequency of the exterior sheathing and the little impact of a changed gap width on the msm-resonance of the
larger cavities. This does not hold for the version with e1/2 = 62,5 cm / 31,3 cm. The reason for that is
unclear.
The SNQ correspond with the stated findings, the RW-values changed stronger compared to the Rw + C50-500and Rw + Ctr,50-5000-values.
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Figure 9: Influence of the gap width at the double wall and the interior OSB. Sheathings on exterior sides
2 x 12,5 mm GB and 12 mm OSB and on interior sides 12 mm OSB; e1/2: distance between the stud centers
at wall 1 and 2; t1/2: cavity thickness at wall 1 and 2; SNQ Rw | Rw + C50-5000 | Rw + Ctr,50-5000 in dB in the
lower right corner of the graph
3.3

Single wall with separated studs

For the single wall with separated studs the following parameters were varied and will be discussed
hereinafter:
• Stud type
• Sheathing
3.3.1 Influence of stud type
Figure 10 demonstrates the effect of separated studs (with continuous frame) instead of monolithic studs with
varied sheathing at one side of the wall. Due to the separated studs the SRI increases significantly below
125 Hz and above 400 Hz. In the Frequency range between, the SRI stays rather low due to the small screw
distances. However, the sharp dips at 160 Hz at the version with monolithic studs were reduced by the
separated studs. Nevertheless, the still existing “screw effect” from the OSB diminished the increase of the
Rw-value due to the decoupling made by the separated studs. The Rw + C50-5000- and Rw + Ctr,50-5000-value
nevertheless increases significantly at the versions with GB.
Looking at the Frequency range below 125 Hz shows that a shift of the msm-resonance dip due to the added
sheathing (see calculated f0 in the graph) is visible only at the walls with separated studs. Like at the double
wall without interior OSB in Figure 8, there is a sharp dip at 63 Hz at the version with separated studs in the
left graph of Figure 10. Additionally, the wide dip due to the first natural frequency at the versions with
monolithic studs is generally not visible at the versions with separated studs. Again, this might be because of
a reduced torsional rigidity of the studs (sheathing only at one side) and thus a reduced restraint of the
sheathing.
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Figure 10: Influence of stud type in a single wall with variable sheathings at one side. Note that the frame is
still continuous at the version with separated studs. Sheathing at the constant side 12 mm OSB; Cavity
thickness = 18 cm; f0: msm-resonance; SNQ Rw | Rw + C50-5000 | Rw + Ctr,50-5000 in dB in the lower right corner
of the graph
3.3.2 Influence of sheathing
Figure 11 presents the effect of different sheathings on the wall with separated studs. Applying additional
GB on both sides of the wall increases the SRI and the SNQ clearly (compare with Figure 10). Adding sand
boards to one or both sides of the wall results also in a strong increase of the SRI nearly over the whole
frequency range. Especially in the frequency range above 1000 Hz the gains are very high. In the frequency
range from 160 Hz to 260 Hz the improvements are not that distinct due to the small screw distances.
Looking at the frequency range below 125 Hz clarifies that the increase of the SRI due to the sand boards is
remarkable, particularly if the sand boards are applied to both sides of the wall.
With sand boards on both sides the second GB brings no additional improvements.
The significant gains due to the sand boards, especially in the lower frequency range can also be seen at the
SNQ in the graph.
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Figure 11: Influence of added GB and sand boards on a single wall with separated studs.
SNQ Rw | Rw + C50-5000 | Rw + Ctr,50-5000 in dB in the lower right corner of the graph
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4

Conclusions

In this paper the sound reduction index and single number quantities of single walls with continuous studs,
double walls and single walls with separated studs were discussed. The effects of different sheathings, cavity
and gap dimensions and stud types were analysed by a parametrical study.
The data points out, that the strongest increase of the SRI of the partition walls can be achieved by creating a
double wall with separated studs and frame, realizing small stud spaces for both walls of the double wall,
increasing the cavity depth by removing the interior sheathing and applying sand boards on both exterior
sides.
The data also shows that a distinct dip due to reduced screw distances at the sheathings is visible at all
investigated versions. This effect should be considered by using measured data as planning data.
The mass-spring-mass-resonances of the walls are often masked by the first natural eigenfrequency of the
sheathing, but not that clear at the walls without interior OSB or with separated studs. This might be because
of a reduced torsional rigidity of the studs and thus a reduced restraint of the sheathing. More research on
this and generally on the acoustical effects of natural frequencies of timber frame walls is necessary.
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Abstract
The problem of vibration transmission by wooden posts in two superimposed rooms is here considered. As
all surfaces (walls and floor) are covered with sound insulating lining, we want to predict the transmission of
vibrations and noise through the visible wood posts. Two practical situations are considered with several
posts conveying vibrations. A hybrid method has been used. The modal behaviour of the source volume is
used to compute the incident acoustic pressure on all surfaces and used as an input to a FEM model of both
posts and floor. The radiated acoustic pressure is computed by means of an integral representation which
combines the uncoupled velocity of all radiating surfaces in the receiving volume and the modal response of
this volume. Transmission by posts has been assessed and compared to the transmission by the floor. It is
showed that when the floor between the two rooms is acoustically treated and performant, the transmission
by the posts may become significant.

Keywords: wooden buildings, posts, hybrid approach, finite elements

1.

Introduction

Wooden frame buildings are often designed with a wish to maintain some wooden parts, such as posts,
visible. These posts can either be situated along the walls (with 1, 2 or 3 sides visible) or in the middle of
rooms with the 4 sides visible.
With regard to sound insulation between two superposed rooms, these bare posts will raise several questions:
i) what is the contribution of any given post to the overall sound insulation, ii) how many posts can be left
untreated without significant reduction of the sound insulation?
For safety reasons against fire, posts must have a cross-section of at least 30 cm x 30 cm and may be as thick
as 60 cm x 60 cm. These two dimensions will be considered. Also, the connection between the posts and the
floor can be a full connection or decoupled.
To assess the noise radiated by wooden posts we propose to extend an existing approach, published under the
name GRIM [1,2,3]. It is a decoupled approach based on an extension of the Raileigh integral.

2.

The model

We adapt a hybrid approach developed in 2006 in the case of complex floors. Rather than modelling the full
coupled problem (source volume, structure, receiver volume) we use a sequential approach:
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1)

2)

3)

Computation of the pressure field in the volume containing the acoustic source. This field is computed
using a modal approach considering a rectangular volume, therefore neglecting the effect of the posts.
The incident pressure on any surface is then retained (floor, posts,..). Note that any other acoustic model
can be employed, such as beam tracing.
Computation of the structural response of the complete structure: floor + posts, or only posts, when
excited by the incident pressure field. A 3D FEM software is here employed, but any model can be
employed such as analytical models.
Based on the known surface velocities (surfaces in the receiving volume), the sound pressure field is
computed using the GRIM approach.

The GRIM approach is an integral approach which generalizes the Rayleigh integral. Full developments can
be found in [1,2,3].
We consider a rectangular volume V with one vibrating boundary Sv and 5 acoustic surfaces of known
absorption. We define GV(M,Q) as being the pressure at M due to a unit source at Q placed in V’ which is the
same volume as V but with a rigid Sv surface. GV is then a particular Green function. We note v the normal
velocity on Sv. The use of GV in a classical boundary representation in V will give the expression of the
acoustic pressure P as

(1)
This expression is an extension of the Rayleigh integral with a more complex Green function.
GV is here computed using a simple modal computation, based on cosine modes. Any other acoustic model
can be employed. The above expression is a fully coupled integral since P and V are related (full coupling).
The weak coupling here employed assumes that once GV and V are known P is simply obtained by carrying
the integration of the GV.V product over Sv.
We here generalize this integral to the case of a floor with one or several posts in both volumes. Sv is
therefore the sum of the contributions of ceiling and/or posts’ bare sides radiating in the receiving volume.
In practice, the sound pressure P is computed at 30 random positions and averaged (rms). The radiated power
(total or for any group of surfaces) is computed as
Wr = <P2>.A/4 ρ c

(2)

where <P2 > is the mean square pressure value and A is the total absorption area. From the knowledge of
both incident and radiated powers on/from a post, one can compute the sound reduction index
R=10.log(Wi/Wr )

Wi = P2.S/4ρc

(3)

S is the total excited surface. S may be just the floor, the floor and posts, just the posts or any given post
since the insulated floor or posts are not included in S.
The approach here employed assumes weak coupling between both acoustical volumes and the structure
(floor and posts). This means, on the source side, that the radiation of the structure does not modify the
acoustic response of the volume; on the receiver side, the acoustic pressure in the volume is similarly
assumed to have no significant effect on the velocity field on the structure. This assumption is fully valid
[1,2,3] for large volumes (it would not be true, for instance, for the volume withing a double glazing).
This approach greatly reduces computation times and will allow computations to be carried up to the onethird octave band 2000 Hz. One computation takes about 1 hour.
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This method is synthesized in Figure 1.
On the left: a decoupled structural computation (decoupled from the volumes) with 3D finite elements (step
2). On the right: modal acoustic computation in the volumes: to compute the rms pressure and the incident
pressure on S in the source volume (step 1) and to compute the radiated noise.

Figure 1 – General diagram of the decoupled process

3.

Numerical application

3.1

Cases considered

We consider two superimposed rooms with wooden posts at different positions. The two cases differ by the
size of the rooms and the numbers of posts.
Case 1 considers two volumes of dimensions 3x3x2.5m3 with three posts along the facades (with one in a
corner); this size of rooms could represent bedrooms. In case 2 (larger volumes more adapted o represent
living rooms) the dimensions are 5x4x2.5 m3 with six posts: four along the facades, one in a corner and one
central post. The reverberation time in all rooms is taken as 0.5 sec.
Central, façade and corner posts have respectively 4,3 and 2 excited (source side)/ radiating (receiver side)
surfaces. In each case, the posts are either 30 cm x 30 cm or 60 cm x 60 cm and the posts are either fully
connected (continuity of displacement) or disconnected (a small 1 mm gap around the posts) from the floor.
The case of an untreated 16 cm wooden CLT floor is also computed.
A point source is placed close to a post, 1 m above the floor. Figure 2 shows a horizontal view of both cases
(rotated sketch). Each square corresponds to a post (2 sizes). The * marks correspond to boundary
3
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conditions: the posts are clamped at both extremities; the floor is simply supported along its periphery. Note
that the posts are only partly inside the volumes.

For these two cases, the standardized sound level difference (DnT) can be deduced from the
presented sound reduction by deducing 1 dB assuming negligeable the other flanking transmission
paths; a similar adjustment can be applied for the associated sound insulation (DnT,w+C= DnT,A)
from the weighted sound reduction index Rw+C= RA.
The French regulation regarding sound insulation between dwellings requires to achieve the
performance of DnT,A = 53 dB. To reach this performance level, it is usually considered that the
separating element should have a performance of around RA = 59 dB.

Figure 2 – Two configurations: living rooms (5x4 m2) and bedrooms (3x3 m2)

Figure 3 gives a 3D overview (rotated view) of the problem in the case of the large volumes and 30 cm x 30
cm posts. This snapshot results from a calculation at 500 Hz. The top volume (on the left) contains the
source, and the sound pressure levels are displayed on all surfaces. The right volume is the receiver side and
the velocity levels on all surfaces are displayed. The full volumes and full posts are displayed as thin lines. In
this Figure to a simple 16 cm wooden CLT floor (no insulation) is considered.
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Figure 3 – Global view in the case of large volumes (living rooms) at 500 Hz. Source volume (left): incident
pressure. Receiver volume (right): normal velocity.

3.2

Small volumes

Figures 4a et 4b show at 500 Hz and for the case of a simple 16-cm thick untreated wooden floor, a
combined view of the incident acoustic pressure level (left side with a dynamic range of 60 dB) and on the
right side the normal velocity level on all vibrating surfaces (dynamic range of 180 dB).

Figure 4 – Bedrooms: incident pressure (dynamic range 60 dB) and normal velocity (dynamic range 180 dB)
(resp. source and receiver volumes). Left) 30 cm square posts, right) 60 cm square post. 500 Hz.

Figure 5 shows the sound reduction index (R) of these two cases together with a measured R for an
efficiently treated floor as measured in CSTB’s laboratory. This floor has an overall thickness of 33 cm and
is composed of a CLT floor with a floating floor and a suspended fireproof ceiling.
Figure 5 shows four cases: two post cross-sections and either connected or disconnected posts. Each graph
compares R for i) the 33 cm measured floor (*), the 16 cm bare floor used in the full computations (figure 4)
5
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(posts insulated) (o) and iii) (□) the case of the insulated floor with 3 posts excited and radiating (the floor is
assumed not to radiate). The sound transmitted by the 30 cm posts is higher (lower R) than the transmission
by a treated floor. The 60 cm posts transmit less than the insulated floor below 630 Hz and becomes
comparable at higher frequencies.

Figure 5 - Transmission Loss R in dB for the small volumes. Two post sizes, two types of floor/posts
contact.

Figure 6 shows separate spectra of R for each post assuming that the other posts are insulated. Note that
results for posts 1 and 3 are identical since the problem is fully symmetric (see Figure 2). For the
narrower posts, the corner post (number 2) has the highest transmission loss below 400 Hz.

Figure 6 – Small volumes: contribution of the 3 posts (see Figure 2).
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Table 1 gives the values of the global index RA for the different cases as well as RA for the floor insulated on
both sides. No significant difference can be seen between connected and disconnected posts. The 30 cm
posts show a lower RA than the insulated floor (56 compared to 69) and should be treated if one does not
want a significant degradation of the floor’s performance by adding posts. For the 60 cm posts this is not
necessary (76 higher than 69). The RA index of the insulated floor is 69 dB and if we aim at 59 dB in all
calculations for posts (grouped or separated) this is achieved only for the 60-cm posts.
In this case, connecting the posts to the floor (as would be expected in a real building) is associated to an
improvement of the performance; the improvement being higher for the corner post (6-7 dB instead of 2-3
dB). When all posts are considered the effect of the connection between posts and floor almost disappears
(only 1 dB difference).

Table 1 – RA in dB for the different cases (small volumes).
4 cases: 2 post sizes (30 or 60 cm), 2 types of contact posts/floor.
Post 1
30/conn.
30/disc.
60/conn.
60/disc.
33 cm
Floor

3.3

64
62
83
80

Post 2
73
67
85
82

Post 3
64
62
83
80

All Posts
56
57
77
76

69

Large volumes

Figures 7a et 7b show at 500 Hz and for the case of a simple 16-cm untreated wooden floor, a combined
view of the incident acoustic pressure level (left side with a dynamic range of 60 dB) and on the right side
the normal velocity level on all vibrating surfaces (dynamic range of 180 dB).

Figure 7 – Living rooms: incident pressure (dynamic range 60 dB) and normal velocity (dynamic range 180
dB) (resp. source and receiver volumes). Left) 30 cm square posts, right) 60 cm square post. 500 Hz.
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Figure 8 shows the R spectra: measured for a 33 cm insulated floor without posts (*), for the simple 16 cm
bare floor (posts insulated) (o), and for the 6 bare posts assuming no transmission by the floor. In this second
case (larger volume and 6 posts instead of 3) Figure 8 shows for the 4 configurations lower values of R for
the posts compared to the floor indicating the need to insulate the posts especially for the 30 cm posts if one
does not want to degrade the efficiency of the floor.

Figure 8 – Transmission Loss R in dB for the large volumes. Two post sizes, two types of floor/posts
contact.

Figure 9 shows the contribution of the 6 posts. For each computation, all posts are insulated except the
post considered. For the smaller posts, the transmission loss is mostly similar for all posts above 500 Hz.
The influence of the posts’ position is therefore not significative. The result for post 6, inside the room,
is not different from the results for the other 5 posts on the facades. Post 3 (the corner post), again,
shows the highest transmission loss.
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Figure 9 – Large volumes: contribution of the 6 posts (see Figure 2).

Table 2 gives the values of the global index RA for the different cases as well as RA for the insulated floor.
For the 30 cm posts the value of RA with all posts is much less (19 dB) to the value of RA for the floor. For
the wider posts (60 cm x 60 cm) the difference is still 10 dB.
For the 30 cm post, leaving even only one post bare leads to values lower than the 69 dB of the floor. So, in
this case all posts should be insulated if one does not want to significantly degrade the performance of the
insulated floor. For the 60 cm posts the objective of 59 dB is reached one might eventually leave the central
post (or any other) bare. The RA index of the insulated floor is 69 dB and if we aim at 59 dB in all
calculations for posts (grouped or separated) this is achieved only for the 60-m posts.
In this case, connecting the posts to the floor (as would be expected in a real building) is associated in
general to decrease of the performance; the decrease being higher for the 30 cm middle post (7 dB for 30 cm
post 6). This decrease is lower for the 60 cm posts; no difference is obtained between connected or
disconnected 60 cm middle post (post 6). The difference in behaviour associated to the posts and floor
connection, between the small and large volumes is related to the size of the floor. Note that again when all
posts are considered the effect of the connection between posts and floor disappears.
Table 2 – RA in dB for the different cases (large volumes).
4 cases: 2 post sizes (30 or 60 cm), 2 types of contact posts/floor.

30/conn
30/disc
60/conn
60/disc
33 cm
Floor

Post 1
62
58
69
67

Post 2
64
59
68
65

Post 3
69
67
78
74

Post 4
64
59
74
71
69

Post 5
66
61
73
71

Post 6
64
57
65
65

All Posts
50
50
59
59
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4. Conclusions
Compared to a simple bare floor, sound transmission by wooden posts is clearly neglectable (R significantly
higher).
However, the transmission loss of posts may become lower or comparable to a fully insulate floor (treated on
both sides).
The results also show that the connection between floor and posts has an effect on the acoustic performance;
this effect appears to depend on the position of the post and the size of the floor. However, when all posts are
considered the effect of the posts and floor connection becomes rather insignificant. It should be mentioned
that in a real building the posts and floor will be attached (the posts supporting the floor).
If one does not want to degrade the efficiency of the insulated floor here considered, one can conclude:
•
for the smaller volumes with 3 posts, the 30 cm posts should all be insulated, and the 60 cm posts
could be left bare.
•
for the large volumes with 6 posts, the 30 cm posts should all be insulated while for the 60 cm posts
it is advised to treat several posts: keeping the central post and eventually a corner post bare would be
acceptable.
The RA index of the insulated floor is 69 dB and if we aim at 59 dB in all calculations for posts this is
achieved only for the 60-cm posts.
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Abstract
In order to investigate acoustic performance of wood based buildings, a mockup has been designed and
constructed on FCBA Bordeaux site in France. This project within the scope of AdivBois acoustic technical
commission has the objective of defining high-rise wood building solutions. This paper presents the design,
the construction stage as well as measurements results. The mockup is a three floor construction, with four
rooms on each level. The construction is based on CLT panels for walls and floors, laminated wood posts
and beams, and lightweight wood frame façade. Some double frame plasterboard based separating walls are
also included. Some junctions incorporate resilient elements in order to evaluate their effect and advantages
in the acoustic performance. Acoustic measurements from junction characterization to sound and impact
insulations have been and are being conducted. Different solutions for floor covering and ceiling which have
been tested in laboratory, will be implemented, and evaluated under in-situ conditions. The effect of apparent
posts and beams continuous between different rooms is also under consideration with respect to acoustic
performance. The measured results are discussed with respect to prediction or other research results.
Keywords: building acoustics, wood, measurement, prediction, junctions.

1

Introduction

In order to investigate acoustic performance of wood based buildings, a mockup has been designed and
constructed on FCBA Bordeaux site in France. This project within the scope of AdivBois acoustic technical
commission has the objective of defining high-rise wood building solutions. Laboratory measurements were
first performed in order to select CLT based wood floors in order to reach the expected building performance
especially regarding low frequency impact sound level. The desired acoustic performance objectives for
dwellings correspond to DnT,w+C ≥ 53 dB, L’nT,w ≤ 55 dB and L’nT,w + CI50-2500 ≤ 55 dB. Based on these
laboratory measurements, two types of floor were chosen to be incorporated into the mockup: one without
suspended ceiling (apparent wood visible) and one with suspended ceiling. Both CLT-based floors
implement floating system.
This paper presents the design and some measurements results. Measurement results from junction
characterization are compared to empirical data provided in Annex F of ISO 12354-1 [1]. Furthermore,
airborne and impact sound insulation measurements have been conducted by different teams at various
stages of the mockup construction. These measurements are compared and discussed with respect to
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performance prediction. The effect on the acoustic performance of apparent posts and beams continuous
between different rooms is also investigated.
The project remains on going and the definition of construction solutions for dwellings fulfilling specific
performance requirements, especially regarding impact sound level is underway.

2

Description of the mockup

The mockup is a three-floor construction, with four rooms on each level. The construction is based on CLT
panels for walls and floors, laminated wood posts and beams, and lightweight wood frame façade. Some
double frame plasterboard based separating walls are also included. Some junctions incorporate resilient
elements in order to evaluate their effect and advantages in the acoustic performance.
A general view of the mockup is depicted in Figure 1; temporary stairs on each of the four façades allow to
access the different room.
The floor plan for each of the three levels is shown in Figure 2. The ground and middle floors are separated
into two small and two large rooms (respectively 14 m² and 20 m²). On the top floor, the two smaller
rooms remain but the other space is separated differently into two spaces much longer than wide (same
surface area 20 m²). In Figure 2, the walls in blue color represent lightweight plasterboard-based walls. On
the lower level (ground floor) the floor is made of concrete directly poured on the ground (micro piles were
installed in the ground for the building stability). The posts on which the vertical walls are connected to on
the façade side, are visible in Figure 2; their section is 200 mm x 200 mm. The peripheral beams on which
the façade is attached have a section of 200 mm x400mm.
The notation for the different rooms is also shown in Figure 2 (bottom right); it is used for the results
presentation.
The façade walls are prefabricated wood frame walls, 145 mm in thickness including mineral wool and
bracing panel on the outdoor side. A lining composed of 2 layers of 12.5 mm thick plater board mounted on
independent metallic frame and a 45 mm layer of mineral wool, is applied to all the inner sides of the façade
elements. As seen on Figure 1 an external cladding is also implemented on the façade for weather protection.

Figure 1 – View of the mockup.
2
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Middle floor (R+1)

Ground floor (R0)

Top floor (R+2)
Rooms denomination

Figure 2 – Floor plans of the mockup.
2.1

Walls and floors

The CLT walls are 140 mm in thickness. They are treated on each side with lining mounted on independent
metallic frame made of 2 layers of 12.5 mm thick plater board and 45 mm of mineral wool.
The CLT floors are 140 mm in thickness. Two types of treatment are implemented. The first one consists in a
weighting layer 80 mm in thickness made of gravels (106 kg/m²), and a floating screed composed of 15 mm
thick mineral wool resilient layer and a 60 mm thick mortar layer. In this case, the underside of the CLT
floor is visible. This concerns the floor of the small rooms (S11, S12, S21 and S22). The second one consists
in a thin resilient layer (3 mm) and a 50 mm thick floating screed, and a rigidly suspended ceiling composed
of 2 layers of 12.5 mm thick plater boards with a 100 mm cavity filled with mineral wool 80 mm in
thickness. This concerns the floor of the large rooms (S13, S14, S23 and S24). The effect of a plastic floor
finishing (performance on concrete refence floor of Lw = 19 dB) is also investigated.
The roof is also made of CLT panels, 140 mm in thickness. Thermal insulation (polyurethane type) and
weather finishing are placed on the outdoor side. It is equipped with the same rigidly suspended ceiling as
described above.
The different treatments on the CLT floor have been tested at CSTB acoustic laboratory so their acoustic
performance is available. Due to lack of data, the transmission loss for the CLT wall was taken identical to
the CLT floor. The performance of the lining on the CLT wall was deduced from previous measurements
performed on a CLT wall with a thickness of 94 mm (identical R was assumed, see Acoubois project [2]).
2.2

Junctions

Figure 3 presents the different junctions implemented between the different components. The junction
denoted with “b” do not include resilient layer; those with “a” do. In cross-junction LN°04, the CLT floors
are connected to the vertical CLT walls using L-shaped metallic brackets spaced every 50 cm. The junctions
LN°01 implement a secondary supporting beam (section of size 80 mm x 200 mm) on top of which the floor
is attached. Junctions LN°02 are similar to LN°01 but without the secondary supporting beam; these
junctions are not structural junctions since they are parallel to the floor span. Junction LN°05 is not
3
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symmetric; the floor is supported on a supporting beam (section of size 80 mm x 200 mm) on one side of the
CLT wall and on an angle iron on the other side; furthermore, the junction LN°05b is rather a T-junction due
to the presence a lightweight separating floor in the top floor. The resilient is a 12.5 mm thick Sylodyn NB
by Getzner; it is compressed to 10 mm. Some compressed mineral wool is also incorporated for fire hazard.
Middle floor
Top floor

Compressed mineral wool

Compressed mineral wool

Compressed mineral wool

Figure 3 – Different junctions in the mockup structure.

3

Junction characterisation

Junction characterisation was performed following standards ISO 10848 [2]. Tapping machine was used on
the CLT floors and walls (CSTB vertical tapping machine is used on walls). The effect of resilient layer is
investigated. Measurement results from junction characterization are compared to those proposed to
empirical data provided in Annex F of ISO 12354-1 [1] when similar junctions are available.
3.1

Junctions of CLT walls

On each floor, the junction between CLT walls is different: it is cross-junction on the ground floor (R0), a Tjunction on the 1st floor (R+1), the fourth wall being a lightweight plasterboard based separating wall, and on
the top floor (R+2) a continuous wall with lightweight plasterboard based separating wall as third wall.
Figure 4 presents the measured vibration reduction indices as well as those from ISO 12354-1. It can be seen
that the junction behaviour is rather similar at the ground floor and the 1st floor. However, the empirical data
4
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from ISO 12354 deviates from the measured ones. The same type of behaviour is observed for similar T-type
rigid junctions between walls and floors.

Figure 4 – Vibration reduction index – Junctions of CLT walls.
3.2

Effect of resilient layer on LN°04 junction

This cross-junction is evaluated without resilient (between R+1 and R+2) and with resilient (between R0 and
R+1); in the case with resilient the junction characterization was also performed without the screws
maintaining the brackets to the floors (see Figure 5). The measured vibration reduction indices are presented
in Figure 5. It can be observed that the presence of the screws through the resilient layer has only a slight
effect on the paths with floor between the one-third octave bend 800 to 1600 Hz. The absence of the resilient
is associated to a decrease of the vibration reduction index in a low frequency range (below 160 Hz) and then
at high frequencies (above 1250 Hz). Again, the empirical data from ISO 12354 deviates from the measured
ones. Note that this junction is parallel to floor span, this could be a reason for the limited effect of the
resilient presence in the brackets.

Figure 5 – Vibration reduction index – Junction type LN°04 (brackets with and without resilient).
3.3

Effect of resilient layer on LN°05 junction

This junction is evaluated without resilient (between R+1 and R+2) as T-junction and with resilient (between
R0 and R+1) as cross-junction; in the case with resilient the junction characterization was also performed
without the screws and for two different screws spacings (500 and 250 mm, the last one being the
5

1612

recommended one also used in the absence of resilient). The measured vibration reduction indices are
presented in Figure 6. For the floor-floor path, the effect of the screws and their spacing is clearly visible.
For around the corner transmission, the paths are differentiated since the junction is not symmetric (see
Figure 3). Once the screws are placed, the corner path on the wood beam side is less favourable than the steel
angle support. Since junctions LN°05a integrating a resilient and LN°05b without resilient are of different
types, it is rather difficult to conclude on the benefit of including a resilient layer.

Figure 6 – Vibration reduction index – Junction type LN°05.

4

Acoustic performance

This section concerns comparison between acoustic performance measurements and predicted acoustic
performance. The predicted performance is based on the ISO 12354-1 and -2 standards, using as input data
the element acoustic performance measured in CSTB acoustic laboratory as well as the junction
characteristics evaluated from measurements on the mockup (see previous section).
Acoustic performance measurements were performed by several teams; each team followed its own
measurement protocol. Team A from FCBA, used laboratory equipment and more specifically rotating
microphone booms, two loudspeaker positions, and four taping machine locations. Team B, a Bordeaux
based acoustic consultant firm, performed the measurements with a handhold sound level meter (figure 8
scanning) and two loudspeaker positions or a single tapping machine location. Team C, a Parisian acoustic
consultant firm, completed the measurements with a handhold sound level meter (figure 8 scanning) and a
single angle loudspeaker position or three tapping machine locations.
All measurements were performed in one-third octave bands from 50 to 5000 Hz for airborne and impact
sound insulation. It should be mentioned that no room in the mockup was below 25 m3 and corner
measurement as required by ISO 16283 was not required. Team A performed the measurements before and
after the treatments on the CLT walls and floors (i.e., linings, ceilings, floating systems) were applied. It
should also be mentioned that Team A also performed measurements with the rubber ball as excitation;
however, the results are not presented in this paper.
It should be noted that C50 is used to denote the adaptation term C50-3150 for airborne sound insulation, and
CI50 the adaptation term CI50-2500 for impact sound insulation.
4.1

Phase 1 – Bare CLT elements

Phase 1 corresponds to the bare CLT structure, only the façade linings are in place in the mockup.
4.1.1 Airborne sound insulation
Table 1 presents the results obtained for the airborne sound insulation in terms of single-number values from
measurements and the prediction. The comparison between measurement and associated prediction is
6
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acceptable; the prediction is in general conservative. Furthermore, the single-number values are very close
taking or not the low frequency adaptation term into account (C or C50). The largest discrepancies occur for
horizontal transmission with the plasterboard based separating wall including a wood post (between rooms
S13 and S14, and S23 and S24).
Table 1 – Airborne sound insulation performance – Bare structure.
Rooms
Emission Reception
S01
S02
S01
S11
S03
S02
S03
S04
S03
S13
S11
S12
S11
S21
S13
S12
S13
S14
S13
S23
S21
S22
S21
S23
S23
S21
S23
S24

Measurement – Team A
DnT,w + C DnT,w + C50
35 dB
35 dB
35 dB
35 dB
36 dB
35 dB
33 dB
33 dB
34 dB
34 dB
36 dB
36 dB
35 dB
36 dB
35 dB
35 dB
35 dB
35 dB
39 dB
39 dB
37 dB
38 dB
39 dB
39 dB
37 dB
37 dB
42 dB
41 dB

Prediction
DnT,w + C DnT,w + C50
33 dB
33 dB
32 dB
32 dB
35 dB
35 dB
34 dB
34 dB
33 dB
33 dB
34 dB
34 dB
33 dB
33 dB
35 dB
35 dB
39 dB
38 dB
37 dB
37 dB
36 dB
36 dB
39 dB
39 dB
35 dB
35 dB
35 dB
35 dB

4.1.2 Impact sound insulation
Table 2 presents the results obtained for the impact sound insulation in terms of single-number values from
measurements and the prediction. The comparison between measurement and associated prediction is
acceptable; the prediction is, as for the airborne sound insulation, in general conservative. The difference
between measured and predicted single-number values is larger when low frequency (i.e., adaptation term
CI50) is taken into account. For vertical transmission, the direct path by the CLT floor is dominant as
expected. For horizontal transmission, the flanking path floor-floor is dominant when the separating wall is
the lightweight plaster-based one; on the other hand, the flanking path floor-wall is dominant when the
separating wall is the CLT one.
Table 2 – Impact sound insulation performance – Bare structure.
Rooms
Emission Reception
S12
S02
S12
S11
S13
S14
S14
S04
S14
S11
S21
S11
S21
S22
S21
S23
S23
S14
S24
S14
S23
S24

Measurement – Team A
L’nT,w
L’nT,w + CI50
87 dB
81 dB
66 dB
64 dB
79 dB
73 dB
85 dB
79 dB
60 dB
58 dB
86 dB
80 dB
64 dB
63 dB
61 dB
58 dB
83 dB
77 dB
82 dB
76 dB
74 dB
70 dB

Prediction
L’nT,w
L’nT,w + CI50
88 dB
83 dB
68 dB
66 dB
81 dB
75 dB
86 dB
81 dB
62 dB
60 dB
88 dB
83 dB
62 dB
60 dB
63 dB
61 dB
83 dB
78 dB
83 dB
78 dB
76 dB
74 dB
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4.2

Phase 2 – Completed structure

Phase 2 corresponds to the structure with added linings on CLT walls and added treatments on the CLT
floors; beams and posts remain visible. The obtained results can then be compared to the selected dwellings
acoustic performance objectives: DnT,w+C ≥ 53 dB, L’nT,w ≤ 55 dB and L’nT,w + CI50 ≤ 55 dB; results not
meeting the objective are shown with pink background color in the tables below. It should be mentioned that
all measurements have not been completed yet and thus the sections below only present preliminary results.
4.2.1 Airborne sound insulation
Table 3 presents the results obtained for the airborne sound insulation in terms of single-number values from
measurements and the prediction. The results obtained from the different measurement teams are rather
consistent in terms of DnT,w+C except for the horizontal transmission between rooms S13 and S12; on
average the standard deviation is below 2 dB. Integrating the low frequency adaptation terms also leads to
very comparable results; the standard deviation is even decreased. The predicted performance overestimates
in general the measured one. The prediction results show that all investigated configurations fulfil the
objective of 53 dB in terms of DnT,w + C ; unfortunately this is however not the case with the measurement
results. The presence of the visible posts and beams is not taken into account in the prediction. Figure 7
shows some of the airborne sound insulation results; the effect of enclosing visible posts and beams
(enclosure composition similar to CLT wall linings) can be observed on the sound transmission from S23 to
S24 above 630 Hz (in this case it is especially the post in the middle of the plaster board separating wall).
Table 3 – Airborne sound insulation performance – Completed structure.
Rooms
Team A
Team B
Team C
Prediction
Emi. Rec. DnT,w+C DnT,w+C50 DnT,w+C DnT,w+C50 DnT,w+C DnT,w+C50 DnT,w+C DnT,w+C50
S01 S02
62
52
63
55
60
53
64
57
S03 S02
63
55
65
58
S03 S04
65
53
64
49
60
56
S03 S13
54
53
57
57
S04 S14
54
54
52
52
57
57
S13 S12
65
54
58
55
63
58
S13 S14
52
49
51
50
51
50
59
53
S13 S23
57
57
65
63
S13 S24
52
50
63
62
S11 S12
63
54
60
55
65
54
64
57
S11 S21
55
55
52
53
53
53
56
55
S01 S11
56
55
54
53
54
53
53
53
S23 S24
54
52
52
51
54
51
57
52
S21 S22
57
54
61
55
S23 S22
65
58
64
57
4.2.2 Impact sound insulation
Table 4 presents the results obtained for the impact sound insulation in terms of single-number values from
measurements and the prediction. The results obtained from the different measurement teams are again rather
consistent except for the horizontal transmission between rooms S21 and S22, and S23 and S13 when the
low frequency adaptation term is included. The predictions are relatively well in line with the measurements.
The horizontal impact sound transmission between rooms S11 and S12, and rooms S21 and S22, is not well
predicted compared to measurements; the floors for these rooms integrate a weighting layer (above 100
kg/m²) which most probably has an effect on the CLT floor and junction behaviour that is not evaluated. The
prediction results show that all investigated configurations fulfil the objective of 55 dB in terms of L’nT,w and
L’nT,w + CI50 ; unfortunately this is however not the case with the measurement results when low frequency
adaptation term is taken into account. Figure 8 shows some of the impact sound insulation results.
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Rooms
Emi. Rec.
S11 S01
S12 S02
S14 S04
S13 S03
S21 S11
S23 S24
S23 S13
S23 S14
S24 S13
S24 S14
S11 S12
S13 S12
S13 S14
S21 S22

Table 4 – Impact sound insulation performance – Completed structure.
Team A
Team B
Team C
Prediction
L’nT,w L’nT,w + CI50 L’nT,w L’nT,w + CI50 L’nT,w L’nT,w + CI50 L’nT,w L’nT,w + CI50
52
54
52
53
53
53
51
55
51
53
53
53
53
56
54
54
53
56
54
54
54
55
54
54
52
55
53
54
52
53
53
53
51
52
51
51
53
53
52
54
52
48
51
51
54
54
51
51
55
56
51
51
53
55
51
51
34
36
33
37
20
31
34
38
35
37
34
36
31
34
50
46
49
45
49
46
52
51
40
38
40
46
38
37
10
31

Vertical transmission S01 to S11

Vertical transmission S03 to S13 or S04 to S14

Horizontal transmission S13 to S12

Horizontal transmission S23 to S24

Figure 7 – Airborne sound insulation spectra.

5

Conclusions

Preliminary measurement results have been presented. They confirm the efficiency of the ISO 12354
prediction method applied to CLT buildings; the prediction results are rather close to the measurement ones
when no beams or posts are visible. The measurements show that the acoustic requirements could be
9
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achieved with visible beams and posts in rooms; however, detailed measurements (sound intensity based
most probably) are being discussed in order to investigate more precisely their effect. More work is and will
be required to analyse all the obtained results, in order to evaluate the maximum of visible wood structure
(for instance the number of posts and crossing beams), the maximum volume of rooms, etc..
Up to now, the measured or evaluated building acoustic performance does not demonstrate a significant
added value of inserting resilient layer on the floor supports on the mockup most probably due to linings and
floor treatments. However, further investigation is necessary. More measurements integrating floor covering
are being conducted. This project is also expected to explore the possibility of visible wood ceiling or walls.
Vertical transmission S01 to S11

Vertical transmission S03 to S13 or S04 to S14

Horizontal transmission S13 to S12

Horizontal transmission S23 to S24

Figure 8 – Impact sound insulation spectra.
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Abstract
The Energie Hotel is a 15-storey high energy-efficient building that will be developed near Ede, the
Netherlands, using cross-laminated timber (CLT) prefabricated modules. The wooden columns form a full
load-bearing column when the modules are stacked on top of each other and bound together by means of a
steel connection attached to the floor slab. This system creates a double-leaf partition between two adjacent
modules, both in the horizontal direction (wall-wall) and in the vertical direction (floor-ceiling), with the
steel connection representing the only acoustic coupling. This allows to achieve good sound insulation with
relatively small thickness of the partitions. Airborne and impact sound insulation measurements have been
performed according to the ISO 16283 to determine which measures, in terms of type of floating floor, cavity
size and insulation material, are necessary to provide the desired acoustic comfort. It is also discussed
whether the current system can achieve the level of airborne and impact sound insulation required by the
Dutch Building Decree (2012) for residential buildings.
Keywords: cross-laminated timber, high-rise, prefabricated modules, sound insulation, measurements.

1

Introduction

Cross-laminated timber (CLT) has seen a steady increase in popularity in recent years, both for residential
and non-residential buildings [1]. Numerous examples of low- and mid-rise buildings are now scattered all
over Europe, especially in the northern countries, as well as in the United States, Canada and Australia. CLT
is a sustainable building material, lighter than concrete, which makes for easier production, transportation,
and construction. Several factors have contributed for the growing application of CLT in high-rise buildings,
such as the development of new building systems in combination with other construction materials, like steel
[2,3] and concrete [4], and the growth of off-site prefabrication. The possibility of prefabricating modules is
the key for making the construction of high-rise building viable, also from a financial point of view. The
advantages are the increased safety and efficiency of the construction process, the ease and speed of
assembly on site, the possibility to disassemble and reuse or recycle the modules, and the reduction of
emission and, potentially, costs [1,5-7].
The use of CLT prefab modules is also seen as a sustainable and cost-effective approach to the increasing
global housing demand. In The Netherlands, the aim of the government is to realize 845.000 new homes
between now and 2030 [8], in compliance with the pledge to reduce CO emissions by 49% by the same year
[9], placing high-rise CLT modular constructions in the front line. In order to be used in residential
buildings, however, modular CLT constructions must meet the requirements imposed by the national
building decrees, including those regarding sound insulation. In this sense, the industrialized methods used in
prefabrication give an advantage, as variations in sound insulation are smaller compared to on-site
production where construction is done in a less controlled environment [10].
1
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Prefab wooden modules are already employed both in residential and non-residential buildings, of which the
45-meter high Treet Tower in Bergen [11] and the Jakarta Hotel in Amsterdam with its hybrid CLT-concrete
modules [12] are two notable examples. More and more high-rise buildings will make their appearance in the
next few years. One of these is the Energie Hotel, a 15-storey high energy-efficient building that will be
developed near Ede, the Netherlands, consisting of CLT prefab modules assembled around a steel central
core. Each module has a pair of massive wooden columns which form a full load-bearing column when the
modules are stacked on top of each other. The columns of adjacent modules are bound together by means of
a steel connection attached to the floor slab, which in turn is connected to the steel central core. This system
creates a double-leaf partition between two adjacent modules, both in the horizontal direction (wall-wall) and
in the vertical direction (floor-ceiling), with the steel connection representing the only acoustic coupling.
This allows to achieve good sound insulation with relatively small thickness of the partitions.
This paper presents the results of the airborne and impact sound insulation measurements performed by the
authors on a pair of prototype CLT modules. The aim is to determine which measures, in terms of type of
floating floor, cavity size and insulation material, are necessary to provide the desired acoustic comfort. It is
also discussed whether the current system can achieve the level of airborne and impact sound insulation
required by the Dutch Building Decree [13] for residential buildings.

2

Description of the measurement setup

The sound insulation measurements have been performed in the factory facilities of Heko Spanten B.V. in
Ede, The Netherlands, in January 2021. Two prototype CLT modules have been used for the test. The
modules comprise of two load-bearing wooden columns at the façade side and a 240 mm 7-ply CLT floor,
connected to each other by means of steel connections. The non-bearing walls consist of 80 mm 3-ply CLT
panels, whereas a 60 mm 3-ply CLT panel is used for the ceiling. The temporary façade consists of a wooden
frame with laminated double glass HR++ type GL33.1. All visible seams at the connections between the
walls and the other construction elements have been closed with a wooden slat and made airtight with duct
tape. A floating floor, with characteristics defined in Figure 1, is applied on top of the CLT floor, providing
an additional mass of approximately 45 kg/m2. A 3D representation of the module is given in Figure 2.

Figure 1. Wall, floor and ceiling constructions
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Figure 2. A 3D representation of the CLT prototype module (with adjacent elements)
The two prototype modules have been tested in the vertical arrangement as well as in the horizontal
arrangement, as shown in Figure 3. In the vertical arrangement, the connection is made by placing the floor
steel elements of the top module on the steel plates on top of the columns of the bottom module. The cavity
of approximately 80 mm that is formed between the floor and the ceiling is filled with mineral wool, with the
wool along the edges being more compressed than the insulation material in the center of the ceiling panel.
Two modules in the horizontal arrangement also form a cavity of approximately 40 mm, which is also filled
with mineral wool. In this case, mineral wool mats have been attached to the outer side of the wall of one of
the two modules. The connections between the adjacent modules is made by means of a steel plate. Figure 4
shows the floor steel element and the steel connection plates.

Figure 3. The CLT modules in the vertical arrangement (left) and in the horizontal arrangement (right).

Figure 4. The floor steel element (left) and the steel connection plates (right).
3
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The measuring equipment used for the measurements is reported in Table 1.
Table 1. Measurement equipment.
Device
Sound level meter (2 pieces)
Loudspeaker/power amplifier
Tapping Machine

3

Manufacturer
Brüel & Kjær
Brüel & Kjær
Norsonic

Model
2250 en 2260
4292-L/2734
Nor277

Measurement results

The measurements were carried out in one-third-octave bands in accordance with the ISO 16283 [14,15].
Use was also made of the ISO 717 [16,17] and the NEN 5077 [18] for the calculation of the single-number
ratings. Reverberation time and background noise measurements were also carried out. The average
reverberation time measured at 6 different positions inside the module is given in Figure 5, where a large
variation can be noticed in the low frequencies below 100 Hz and, to a smaller extent, between 200 Hz and
500 Hz.

Figure 5. Reverberation time averaged from 6 source-receiver positions
The sound insulation measurements are assessed with the single-number ratings in use in the Dutch standards
[18] and in the Dutch Building Decree [13]. For the airborne sound insulation, the following ratings are
calculated, both for the standard range 100 Hz – 3.15 kHz and the extended range 50 Hz – 5kHz:
- the A-weighted airborne sound level difference DnT;A defined as the weighted standardized level
difference DnT;w + C, where C is the adaptation term from Spectrum No.1 in ISO 717-1 [16];
- the Characteristic weighted standardized level difference DnT;A;k defined in the NEN 5077 [18] as
; ;

=

;

− 10 log

0.16
0

(1)

with V the volume of the receiving space (approx. 39 m3), S the surface of the separating element
(approx. 15 m2 for both arrangements), and T0 = 0.5 s the reference reverberation time. In these tests,
the DnT;A;k is 1 dB higher than the A-weighted airborne sound level difference DnT;A.
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For the impact sound insulation, the following ratings are calculated for the range 100 Hz – 3.15 kHz:
- the weighted standardized impact sound pressure level LnT;w defined in ISO 717-2 [17].
- the A-weighted impact sound level LnT;A defined in the NEN 5077 [18] as
;

= 10 log

10

,

/10

− 15

(2)

=1

with LnT,i the standardized impact sound pressure level at third-octave-band i and N = 16.
3.1

Measurement results for the vertical arrangement

The measured airborne sound insulation of the vertical arrangement is given on the left side of Figure 6 in
terms of standardized level difference DnT. The results are given for both upward (sound source in the bottom
module) and downward (sound source in the top module) directions. For the upward direction, measurements
have been performed also without the mineral wool in the cavity, except around the edges.
The measured impact sound insulation of the vertical arrangement is given on the right side of Figure 6 in
terms of standardized impact sound pressure level LnT. The results are given for the standard configuration as
well as without the mineral wool in the cavity, except around the edges. In addition, measurements have
been performed with a different type of floating floor, comprising of two 18 mm plates (>1200 kg/m3)
separated by a 20 mm dense mineral wool layer (the floating floor was replaced only at the measuring
locations). The tapping machine was placed in the top module.

Figure 6. Measured airborne (left) and impact (right) sound insulation for the vertical arrangement
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Table 2 below shows the single-number ratings for airborne and impact sound insulation in the vertical
arrangement. The DnT;A;k is 1 dB higher than the A-weighted airborne sound level difference DnT;A.
Table 2. Single-number ratings for airborne and impact sound insulation in the vertical arrangement
description
1
2
3
4
5
6

3.2

Upwards, with mineral wool in cavity
As 1, without mineral wool in cavity
Downwards, with mineral wool in cavity
Downwards, with mineral wool in cavity
As 4, without mineral wool in cavity
As 5, with alternative floating floor

DnT;A [dB]
100-3150 Hz

DnT;A [dB]
50-5000 Hz

LnT;w [dB]
100-3150 Hz

LnT;A [dB]
100-3150 Hz

48
47
48
-

48
46
47
-

54
55
51

54
56
52

Measurement results for the horizontal arrangement

The measured airborne sound insulation of the horizontal arrangement is given on the left side of Figure 7 in
terms of standardized level difference DnT. The results are given for the standard configuration as well as
without the mineral wool in the cavity, except around the edges. Measurements have been performed also for
an increased cavity of approximately 60 mm, without the mineral wool in the cavity except around the edges.
The measured impact sound insulation of the horizontal arrangement is given on the right side of Figure 7 in
terms of standardized impact sound pressure level LnT. The results are given for the standard configuration as
well as without the mineral wool in the cavity, except around the edges. In addition, measurements have
been performed for an increased cavity of approximately 60 mm, without the mineral wool in the cavity
except around the edges.

Figure 7. Measured airborne (left) and impact (right) sound insulation for the horizontal arrangement
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Table 3. Single-number ratings for airborne and impact sound insulation in the horizontal arrangement
description
1
2
3

Standard, with mineral wool in 40 mm cavity
As 1, without mineral wool in 40 mm cavity
As 2, without mineral wool in 60 mm cavity

4

Discussion

DnT;A [dB]
100-3150 Hz

DnT;A [dB]
50-5000 Hz

LnT;w [dB]
100-3150 Hz

LnT;A [dB]
100-3150 Hz

42
38
40

42
39
41

54
55
54

54
56
55

The modules are originally intended to be used as a hotel function. Even though no requirement is generally
set by law for sound insulation in a hotel, the acoustic comfort of the guests is very important. This means
that the speech and noise produced by other guests in the next room or the noise of footsteps in the room
above should be sufficiently attenuated not to create a disturbance.
4.1

Vertical arrangement

Measurement results in the vertical arrangement given in Figure 6 show the positive effect of adding mineral
wool in the cavity created by the floor and the ceiling CLT panels. This effect is more visible in the low
frequency region of the cavity resonances and in the higher frequencies. To be noticed is the difference in
sound insulation performance between the upwards and downwards setup. Even though the DnT;A values are
the same, the sound insulation curves present quite some differences. These are likely due to the large
difference in weight and stiffness of the floor and ceiling panels (and partially to the large reverberation time
variations at low frequencies). Also noticeable is the relatively large effect of replacing 9 mm felt with
20 mm mineral wool as the resilient layer of the dry floating floor, with an improvement of 4 dB in the
standardized impact sound pressure level.
From the measurement results in the vertical arrangement it can be concluded that the ceiling-floor system of
the prototype modules reaches a good level of airborne and impact sound insulation thanks to a total mass of
around 200 kg/m2 and the combination of mineral wool in the cavity and as the resilient layer of the dry
floating floor. From the graph no evident negative influence of flanking noise through the steel elements is
noticed.
4.2

Horizontal arrangement

Measurement results in the vertical arrangement given in Figure 7 show a more complex behavior of the
airborne sound insulation at low and mid frequencies. The reason is likely due to the low weight of the
80 mm wall CLT panels, which results in a relatively low sound insulation below 250 Hz. The degraded
performance below 100 Hz for the configuration with mineral wool in the cavity is probably a result of the
high degree of compression of the wool mats. The left graph also shows a 2 dB increase in airborne sound
insulation over the whole frequency spectrum as a result of the slight increase of the distance between the
modules. Regarding the impact sound insulation in the horizontal arrangement, a small positive effect of an
increase of the distance between walls and the use of mineral wool within can be seen in the right graph of
Figure 7.
From the measurement results in the vertical arrangement it can be concluded that the wall-wall system of
the prototype modules is capable of reaching a good level of airborne and impact sound insulation with a
rather small total thickness and without lining. It is, however, acknowledged that the total weight of the
7
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partition wall is not sufficient to provide the right level of acoustic comfort against speech and other noises
that may occur in a hotel room, for which additional measures are suggested (see the following paragraph).
From the graph is difficult to distinguish any influence of flanking noise through the steel elements.
Measurements obtained with an accelerometer suggest that the transmission through the columns and the
steel connections provide good dampening except at low frequencies (between 50 Hz to 80 Hz). This aspect
is left for future investigation.
4.3

Possible use in buildings with residential function

Given the increasing housing demand in The Netherlands, it is here discussed whether the CLT modules
under study could be used in residential buildings. The Dutch Building Decree [12] states well-defined
acoustic requirements for new buildings, given in Table 4. Requirements are given for residential spaces,
such as partitions between two apartments, and non-residential spaces within a residential building, such as
corridors. In addition, less stringent requirements (with a difference of 10 dB) are given for residential
buildings intended for a time-limited use (up to 15 years).
Table 4. Requirements for airborne and impact sound insulation in the Dutch Building Decree (2012)
Bouwbesluit (2012)
New construction
Temporary construction

DnT;A;k [dB]
residential
non-residential
spaces
spaces
≥ 52
≥ 47
≥ 42
≥ 37

LnT;A [dB]
residential
non-residential
spaces
spaces
≤ 54
≤ 59
≤ 64
≤ 69

From the comparison of Table 4 with Table 2 and Table 3, it is concluded that, in order to be able to use
these modules in new constructions with residential function, some additional measures are required,
especially in the wall-wall system. The current setup of these modules could be used for temporary buildings
with a maximum lifespan of 15 year.
From the measured situation in the vertical arrangement, a characteristic weighted standardized level
difference (DnT;A;k) of 49 dB and an A-weighted impact sound level (LnT;A) of 54 dB are calculated. The
airborne sound insulation requirements for a residential function are not met. Possible solutions are the use of
a thicker ceiling panel and a slightly larger cavity. A suspended sound absorbing ceiling is also an option.
From the measured situation in the horizontal arrangement, a characteristic weighted standardized level
difference (DnT;A;k) of 42 dB and an A-weighted impact sound level (LnT;A) of 54 dB are calculated. The
airborne sound insulation requirements for a residential function are not met. In this case, more drastic
measures are necessary. Given the insufficient performance of the wall at low frequencies, both weight and
thickness must be increased. It is expected, however, that a double-leaf wall with reasonable dimensions
without any lining will not achieve the required sound insulation. Therefore, the use of a timber or metal
frame construction with heavy plating is most likely required. It is also possible that, to achieve high sound
insulation, a resilient layer should be added at the point of connection of the steel elements. This is left for
future research.
In order to use the modules in residential buildings and to achieve a satisfying level of acoustic comfort, it is
also important to consider sound insulation at frequencies below 100 Hz, which is known to be prone to large
variations [10,19]. In the fully assembled situation, other aspects should be taken into consideration, such as
the flanking transmission path through the connections of the modules with the central steel core, which was
not present in the measured situation, and the higher load in the vertical direction, which may present small
variations in the sound insulation curves compared to the measured situation with only two modules.
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5

Conclusions

In this paper, the results of sound insulation measurements performed on a pair of CLT prototype modules
have been shown. These modules use a novel connection system which create a load-bearing columns when
modules are stacked on top of each other by means of steel connectors embedded in the CLT floor panel.
Such a system creates a double-leaf partition between two adjacent modules, both in the horizontal direction
(wall-wall) and in the vertical direction (floor-ceiling), with the steel connection representing the only
acoustic coupling. Airborne and impact sound insulation measurements in both directions have shown that
the current prototype is providing good levels of sound insulation in the vertical direction and an average
performance in the horizontal direction. It was also discussed whether the current system can achieve the
level of airborne and impact sound insulation required by the Dutch Building Decree (2012) for residential
buildings. Measurement results have shown that limited additional measures are necessary for the floorceiling system, whereas more drastic measures are needed for the wall-wall partitions.
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Abstract
The prediction models proposed by the standards of the EN ISO 12354 series represent the reference point for
the evaluation of the acoustic performance of buildings. However, there are some limits in the applicability of
the methods proposed by these standards when the building elements have particularities that make them not
comparable with reference structures for the calculation of the overall performance, in particular in the
presence of additional layers. This work presents the results obtained through a participatory method of
collecting and analysing experimental data recently introduced in the technical standards. They allowed the
development of optimized reference curves for different types of building elements representative of particular
national construction techniques.
Keywords: EN ISO 12354, acoustic performance of buildings, participatory approach, predictive calculations.

1

Introduction

For about 10 years to date, several independent research groups have been working in Italy in the building
acoustics sector with the aim of improving the accuracy of the estimation of sound reduction index and impact
sound insulation for some types of building elements, widely used nationally but not well represented by
standardized prediction models.
The participatory approach involved the anonymous collection of data from different laboratories and research
groups. These data were analysed with statistical regression methods and validated by comparing predictive
calculations made with specific parametric formulas and field measurements.
The study of predictive models for vertical uncoated brick building elements was based on laboratory data on
dozens of types of bare walls on which different types of cladding were subsequently applied.
As far as impact noise, the research was initially focused on brick-concrete floors. Typical Italian floors in
dwellings are built with a structural hollow brick and concrete bare floor, composed by concrete joist and light
hollow brick elements. They are installed in situ with a superimposed concrete layer in order to rigidly connect
all elements. The floor is generally completed by a light concrete layer covering all technological distribution
systems (pipes for water supply, corrugated conduit pipes for electrical wiring, radiant floor heating, etc.) and
with an additional slab with or without resilient layer for reducing impact noise.
Starting from the assumption that the reduction of the impact sound pressure level by a resilient system is
independent of the basic structure that supports it, a vast program of measurements on site on hollow bricks
and concrete floors has been developed, in order to compare the results obtained by means of a specific test
protocol on unfinished floors with those relating to the same structures equipped with floating flooring.
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The results of these studies led to the proposal of a specific parametric model for assessing the level of impact
noise in hollow bricks and concrete floors and currently the researchers involved in the project are working to
improve the correlation of the model with the increase in data collected on unfinished floors.
Dry floors and walls built on structural elements in Cross Laminated Timber (CLT) have also been recently
studied with the same methods.
This work is the summary of the papers in which the results of the participatory approach are illustrated.

2

Hollow bricks and concrete floors

The first example of collaboration for the evaluation of predictive formulas to characterize the Italian building
systems began in 2010. The study of the acoustic properties of hollow brick and concrete floors were presented
[1, 2].
In order to characterize the behavior of the bare floors in hollow brick and concrete, various measurements of
sound pressure levels and vibration velocity levels were performed in situ on several different construction
sites by research teams of the National Institute of Metrological Research in Turin, University of Padua,
University of Bologna and Turin Polytechnic. Many vibration measurements are also carried out on floors and
lateral partitions in order to characterize different energy contribution on sound radiated in the receiving room
and to evaluated the influence of the flanking transmission. Acoustics radiation of complex building structures,
such as brick and concrete slab is not correctly valuable using common prediction models such as SEA [3]. A
bare floor slab in brick and concrete, can be considered as a rigid plate with ribs (ribbed plate) in concrete
rigidly coupled to hollow bricks.
Based on early experimental data it was possible to provide an average empirical spectrum of the impact sound
pressure level that can be considered such a “prototype” of a “reference standard floor” in hollow brick and
concrete useful to estimate the acoustic behavior of a floating floor. This acoustical behavior of this kind of
floors differs considerably from the trend of the spectrum of a monolithic concrete slab, and is also very
different from the impact sound pressure level of the reference floor stated in ISO 717-2 Standard [4]. The
trend shows that the sound pressure level has increased by about 15 dB per decade of frequency, confirming
what already highlighted in 2007 by Brosio et al. [5] and, in 2008, by the University of Ferrara [6].
𝐿′𝑛 = 15 log 𝑓 + 34 (𝑑𝐵)

(1)

𝐿′𝑛 = 16,4 log 𝑓 + 26 (𝑑𝐵)

(2)

Figure 1 – Distribution of experimental data of impact sound pressure level measured for 40 bare floors in
hollow-pots and concrete (in-situ).
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In the graph of Figure 1 the theoretical curve of an average reference floor in hollow brick and concrete, here
defined as L′n,bf, is drawn. The proposed theoretical curve (red) is obtained on the basis of the best-fit of the
experimental data.
Based on the considerations on author papers [1,2], the impact sound pressure level L′n of a floating floor built
in situ on a base floor in hollow brick and concrete, can be estimated with good reliability, according to the
following relation:
𝐿′𝑛 ≈ 𝐿′ 𝑛,𝑏𝑓 − ∆𝐿 + 15𝑙𝑜𝑔

𝑚′ 𝑙𝑎𝑏
𝑚′ 𝑠𝑖𝑡𝑢

+ Ξ (𝑑𝐵)

(3)

where L′n,bf is the “reference standard hollow brick and concrete floor”, values as a function of frequency [7],
ΔL is the reduction of impact sound pressure level measured in the laboratory according to ISO 10140-3
Standard in dB; m′lab is the mass per unit area of the floating slab in the laboratory, in kg/m2; m′situ is the mass
per unit area of the floating slab in situ, in kg/m2 and Ξ is a general corrective term, frequency depending,
which takes into account the increase of the sound pressure level due to the lateral transmission.
Based on the equation it was suggested to include a new formula in the new version of ISO standard 12354-2
[8], for floor constructions made with concrete beams and clay bricks or blocks and an upper light screed layer
(partially homogeneous structure), the equivalent weighted normalized impact sound pressure level Ln,eq,0,w
used for the calculation of simplified model can be calculated from the mass per unit area m′ (in the range of
270 kg/m2 to 360 kg/m2) [9]:
𝑚′
)
𝑚2 )

𝐿𝑛,𝑒𝑞,0,𝑤 = 160 − (35𝑙𝑜𝑔 (1𝑘𝑔⁄

(𝑑𝐵)

(4)

Figure 2 – Types of beam and clay block floors shown in ISO 12354-2:2017.

3

Cross Laminated Timber (CLT)

The same approach, shown for non-homogeneous floor, has been used to study the acoustic properties of
structures in cross laminated timber (CLT).
3.1

Normalized impact sound pressure level

In order to define analytical relations for the prediction of acoustic performances of building elements; an
experimental approach, based on the reverse analysis of a large sets of data was applied. In this work the results
of the latter way applied to the impact sound insulation for CLT floors is shown.
3
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During independent research, carried out by the University of Padova and University of Bologna in recent
years, 27 CLT floors were evaluated in laboratory, with and without toppings, both for impact noise and
airborne sound reduction according to the relevant standards [11-15]. Measurements results were selected in
order to compare between them only building elements based on the same type of CLT structure and with
floating floor systems previously analysed in laboratory on a concrete slab for the evaluation of the
improvement of impact sound insulation, ΔL.
In order to obtain a reference impact noise level spectrum for bare CLT floors, a series of tests was
independently carried out in laboratory by the University of Padova (Lab A) and the University of Bologna
(Lab B). The CLT structures were alike in all their essential physical and technical characteristics (5 ply, 145
mm thick), but they have been provided by different manufacturers. Results were compared with similar data
reported in literature [16] about bare CLT floors (Lab C), but with different thickness and, in one case, ply
number.
The spectrum normalized to 0 dB, X0, is obtained for each floor (Figure 2), by means of a procedure borrowed
from the one reported in ISO 717-1 [17] to find out the spectrum adaptation curves C and Ctr.
It was possible to extrapolate the following empirical “mass-law” valid for CLT floors with thickness between
140 mm and 275 mm.
𝐿𝑛,𝑤,𝑒𝑞 = 128 − 22𝑙𝑔(𝑚′ ) (𝑑𝐵)

(5)

Figure 3 – Comparison between calculated reference floors (Ln calc) and laboratory measurements (Ln Lab)
for bare CLT floors evaluated in Labs A, B and C.

3.2

Reduction of impact sound pressure level

The obtained improvement on CLT floors was evaluated as difference from the bare structure, since there isn’t
a reference floor for this type of building element [15], and compared to those on a reference concrete floor.
The aim of this study was to define a reference impact noise level spectrum for CLT floors for laboratory
evaluation of improvement of impact sound insulation. In this way, measurement results can be used for
predictive purpose, as is the case of homogeneous structures [8], starting from dynamic stiffness data and mass
per unit area of floating floors.
The reduction of impact sound pressure level obtainable with two different types of floating floors (layer 1 and
layer 2) was measured both on a standard 14 cm thickness concrete slab and on an equally thick CLT floor.
As expected, the measured values of impact sound insulation improvement of a floating floor on a standard
concrete slab doesn't fit with the values calculated according to EN ISO 12354-2 [8] when the same floating
floor system is applied on a CLT floor [10]. Comparing these differences, by means of an interpolation with a
second-degree polynomial function and normalizing to 0 dB the energy average of the interpolating curves, it
is possible, by minimizing the sum of the absolute deviations from the floor level of attenuation of the measured
4
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values, to define a correction curve to be applied to the ΔL curve obtained on the standard concrete slab (Figure
6 and Equation 5). This relation is optimized for the application of floating floor systems with a lightweight
screed, a resilient material with dynamic stiffness, s', value between 13 MN/m³ and 36 MN/m³ and an upper
thick screed made with sand and cement (density between 1800 kg/m³ and 2000 kg/m³). To obtain the
correction to be applied to the measured impact sound insulation improvement data obtained on a reference
concrete slab, ΔL, the following relationship can be used
𝑠′
)
13.5

Δ0 = ΔΔ0 + 19.5 − 11𝑙𝑔 (√

(dB)

(5)

where: ΔΔ0 is the normalized correction spectrum [dB], s' is the dynamic stiffness of the used resilient layer
[MN/m3]

Figure 4 – Normalized correction spectrum ΔΔ0 to calculate contribution Δ0 to be applied to ΔL data
measured on a concrete floor to estimate improved impact sound insulation on a CLT floor (values at 4000
Hz and 5000 Hz extrapolated from measured value up to 3150 Hz).
Appling a methodology of analysis borrowed from single number rating standard procedure [17], a reference
curve for the rating of impact sound insulation of CLT floors was achieved. This reference curve is compatible
with the procedure for evaluating the weighted reduction impact sound pressure level by floor coverings in
lightweight floors described in ISO 717-2 [4] and referred to bare structures defined in ISO 10140-5 [15].
𝐿𝑛 (𝐶𝐿𝑇) = 𝐿𝑛,0 (𝐶𝐿𝑇) − [Δ𝐿(𝐶𝑅𝑇) + Δ0 ] (dB)

3.3

(6)

Sound reduction index

In work [18], the results of the second method have been applied to estimate the sound reduction index of CLT
walls, starting from previous experiences on impact sound insulation evaluation of CLT floors [10].
In order to obtain a reference sound reduction index for bare CLT walls, several tests according to ISO 10140
series Standard [11-15] and ISO 717-1 [17], were independently carried out in the laboratories of the University
of Padova (“Lab A”) and University of Auckland (“Lab B”). The CLT constructions of “Lab A” and “Lab B”
were alike in their main physical and technical properties (3/5 ply fir wood, thickness from 85 mm to 135 mm),
but come from different manufacturers (different sizes, bonding accuracy, perimeter sealing, etc.). Further data
was also obtained from NRC Publications Archive (“Lab C”) [19] on bare CLT walls, but with different
thicknesses (from 78 mm to 245 mm).
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The analysis of the measurements has shown that the shape of the sound reduction index spectra in the mass
law region, is substantially the same for all the bare CLT walls. Therefore, normalized curve adapted as a
function of the mass per unit area has been derived to provide a reference spectrum for such walls.
The method applied to define a reference sound reduction index for bare CLT walls is similar to the approach
described in previous works [10], and is based on the comparison of experimental data of structures similar by
composition and constraint characteristics but different by surface mass
From the above considerations, the following empirical formula for single-number airborne sound insulation,
based on the “mass-law” and valid for bare CLT walls of 78-245 mm thickness, can be deduced:
𝑅𝑤,𝑒𝑞 = 20.3 lg(𝑚′) (dB)

4

(7)

Conclusions

The shows the participatory approach involved the anonymous collection of data from different laboratories
and research groups.
It is important to emphasize that the experimental data have been measured independently by different research
teams with different measurement systems and instrumentations. And, for example, for the non-homogeneous
floor [1,2], the dispersion of the data has a standard deviation of 3.8 dB on average, it can therefore be
considered very satisfactory, considering the difficult conditions of in situ measurement.
The participatory approach involved the anonymous collection of data from different laboratories and research
Some results of this studies are published in International standard [8,9], while others will be included in the
Italian national standard being published “UNI 11175, part 1: Acoustics in building. Guidelines for the
prediction of the acoustic performance of buildings. Application of technical standards to the national
construction typology”.
The next step will be to formalize the reference curve for CLT structures to evaluate weighted normalized
impact sound pressure level.
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Abstract
In 2017 the standard EN 12354: 2000, which describes the calculation methods to estimate the acoustic
performance of buildings based on the acoustic performance of the elements, was revised. Since then, the
standard has also been considered an international standard: EN ISO 12354: 2017. The most notorious
change is the separation between Type A and Type B materials. These materials are classified according to
the secondary sound transmission characteristics of the elements, this changes the norm result in the
differentiation of considerations and calculation methods throughout the text and parts of the standard.
Considering this and the other modifications, this article aims to compare the results of acoustic performance
of buildings obtained through the two versions of the standard: EN 12354: 2000 and EN ISO 12354: 2017.
For this, the application of the calculation procedures of both versions of the standard 12354 was carried out
using the commercial software SONarchitect ISO version 3. The compared parameters are those described
by the Brazilian standard ABNT NBR 15575: 2013 for vertical external element (facade) and internal
(partitions) and air and impact noise for floor systems. The simulations were carried out with three models of
the same building, with differences on the construction elements: only Type A materials, only Type B
materials and both materials. The simulated results show that the biggest differences between the two
versions of the standard happen when the elements of the model are Type A and B. Also, the biggest
variation in the result in each of the compositions is for air noise of floor systems between ambient
environments with different volumes. The results of the simulation of the real model are compared with the
measurement and the results show that the simulation with the ISO 12354: 2017 have more accurate values.

Keywords: simulation, performance, measurement.

1

Introduction

Technical standard NBR 15575 - Residential Buildings – Performance [1] was approved in Brazil in 2013,
and it is divided into six parts. This performance standard [1] establishes acoustic requirements for airborne
noise which must be met by existing vertical sealing elements (both external and internal). Floor systems, on
the other hand, must comply with airborne and impact noise criteria. All these requirements are filed under
categories to meet the minimum (M), intermediate (I) and superior (S) performance levels, seeing that
meeting at least the minimum performance level is mandatory.
For most agents within the production chain, the NBR 15575 standard [1] generates a “good competition”
environment, since it encourages the investments spent in improvements and development, technology and
sustainability. On the other hand, Corbioli [2] points out to an estimated increase in production costs from
1
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3% to 7%, depending on the performance goals to be met: minimum, intermediate or superior levels.
According to a study by SINAENCO [3], especially the increase in costs and the need for stricter controls
could force some kind of “natural selection” among market competitors.
In this sense, there’s a need for savings on the part of construction companies. To that end, carrying out
computer simulations of the performance marks attained over several disciplines constitutes good practice in
trying to avoid future problems, complaints and expenses unforeseen to the budget. The search for and
utilization of acoustic performance simulations for residential buildings has been increasing steadily and is
deemed a fundamental tool for developing new projects in the field of construction in Brazil.
Nonetheless, computer simulations, and acoustic performance among them, are somewhat simplified and
assume ideal conditions. It is known, however, that there might exist uncertainties associated with work
execution. It is inevitable and natural that there will be divergences between simulated and measured values
in the field after execution, though such difference is expected to be minimal. It becomes yet necessary to
stress that the methodologies used for these performance simulations must undergo constant development to
obtain increasingly accurate results. As an example, it is worth mentioning the revision of the ISO 12354
standards in its parts 1 to 3 [4-6], which present the calculation methodology for determining the acoustic
performance of various systems.
Parts 1 to 3 from EN 12354 [7-9] have undergone revision, having turned into ISO standards [4-6] in 2017.
Rosão and Silva [10] point out that among the changes in this standard’s new version there stands out the
division of element types between Type A and Type B materials, such separation taking place according to
these elements’ structural reverberation times. Besides other revisions regarding the definitions and
calculation procedures presented, such division in element categories have caused revisions throughout all of
the sections of this standard, since calculation methodologies have undergone differentiation depending on
the types of elements under consideration. Therefore, the fact of taking into consideration the acoustic
transmission through fringes has also been subject to major changes, seeing that distinct factors are
employed depending on the type of elements being connected.
In such a sense, it is natural that there exist divergences in results depending on which calculation
methodology is employed. The goal of this study is to compare the results obtained through computer
simulations by using each of this standard’s versions. The same model is employed for simulations
considering exclusively Type A materials and exclusively Type B materials, as well as considering the real
construction model in which both Type A and Type B elements are employed. By making use of the real
model, simulation results are compared to results from both calculation methodologies, EN 12354:2000 [7-9]
and ISO 12354:2017 [4-6], and the results obtained from field measurements. All simulations have been
performed using the SONarchitect ISO acoustic performance simulation software version 3.0.12, in which it
becomes possible to choose the version of the standard to be used for calculation methodology.

2

Method

The same residential building was employed as a case study for all of the steps of the analysis carried out in
this study. The design of the building under consideration can be seen in Figure 1. In the following sections,
the methodologies used for the simulation and field measurement steps shall be respectively presented. The
acoustic performance descriptors evaluated, both for the simulations and tests, are those recommended by the
Brazilian ABNT NBR 15575 standard [1]: evaluation of the DnT,w value for airborne noise between
environments; D2m,nT,w for checking performance upon dorm façades; and L’nT,w for analyzing the
acoustic performance regarding impact noise between environments located in distinct floors.
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Figure 1 – The project employed in this case study.
2.1

Acoustic performance field measurements

The field measurements for confirming the compliance to the acoustic performance requirements established
by the ABNT NBR 15575 standard [1], regarding the airborne noise between different units, were carried out
according to the procedure described in ISO 16283-1 [11], by obtaining the values for DnT,w in distinct
environments. Impact noise measurements are technically regulated by ISO 16283-2 [12]. Airborne and
impact noise measurements are performed over third-octave frequency bands. By means of the processing
described in the ISO 717-1 [13] and ISO 717-2 [14] standards, global values can be determined. Both
sections of the standard technically specify all the requirements which must be met for the technical
measurement procedure, from sound source parameter specifications, sound pressure level meters and
microphones and their calibration, to the guidelines regarding the quantity and location of source and
measurement spots. All specifications have been duly met in this study.
In general, the acoustic performance measurements for substantiating compliance with the requirements from
the NBR 15575 standard [1] are carried out on a sample basis, and these are defined by the person in charge
of the work aided by an acoustic specialist to check the most critical situations, and working from the
compliance to a worst-case scenario, guarantee that the requirements for other situations are met as well. Yet,
measurements are usually carried out for buildings possessing typical floorplan typologies, along one floor
only, results being extrapolated to other floors, except in the cases where there are differences in constructive
elements among floors. For the projects under scrutiny in this study, acoustic performance tests were carried
out on a sample basis: the requirements arising out of relevant partitions in representative units were checked
according to availability and work completion by the work team, and floor system measurements were
carried out considering the most critical cases and checked by means of computational simulations. Figure 2
shows the markings regarding the partitions and floor system situations which have been tested.
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Figure 2 – Designation of the partitions and floor systems used for field measurements.

2.2

Acoustic performance simulations

A residential building model was employed in order to simulate the real model (as built), seeing that one
model made use of Type A materials only and another model employed Type B materials only. All situations
were simulated by using both calculation methodologies, according to the methodology from the EN 12354
standard: 2000 [7-9] and ISO 12354:2017 [4-6], making use of the SONarchitect ISO software. The
simulation model devised was based on architectural and structural projects. Once the 3D model was
finished, rooms’ frames were inserted and other interferences existing between rooms were referred to. In
order for the simulation to be carried out, a configuration of the parameters and requirements to be calculated
must take place, as well as other operational software characteristics, and the acoustic performance
requirements have been simulated according to Brazilian standard ABNT NBR 15575:2013 [1] for façades,
internal partitions and floor systems, for the purposes of this study.
For the purposes of this study, simulation results regarding the same interferences as those measured in the
field are presented in Section 2.1. In addition to these situations, façade performance values for Bedroom 2
in unit 3 were also checked in order to evaluate at least one case involving façade performance, and also the
floor system from Bedroom 3 in the same unit, since this bedroom originally had all of its perimeter built in
drywall except for the façade, while the other bedroom whose floor system was evaluated had its entire
perimeter built from masonry. Furthermore, Bedroom 3’s drywall construction allowed an option for its
room to be expanded by opening up Bedroom 3’s original area. Thus, the acoustic performance for the floor
system in the expanded room in Bedroom 3 is presented in this study as well. Table 1 presents a summary of
these composite spaces, both tested in the field and simulated, carrying the respective identifications used.
Constructive elements, in its turn, were modeled on Insul software and imported into SONarchitect ISO.
Insul is a commercial software containing a materials database with their respective acoustic parameters.
Besides having its own library, Insul allows the creation and analysis of new compositions, requiring
information on a given material’s characteristics such as thickness, density, modulus of elasticity and
Poisson ratio. It is still possible to consider materials from suppliers who have carried out tests for their
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materials in the lab, by entering the data obtained through lab measurements in the software. For each
simulation model, specific building element types were used as shown below.
Table 1 – Identification of the situations evaluated in the field, with further simulation.
Ident.
1.A
1.I
2.A
2.I
2.F
3.A
3.I
4.D
5.D
6.D

System
Floor system between Dorms 3 (un. 3) – airborne noise
Floor system between Dorms 3 (un. 3) – impact noise
Floor system between Dorms 2 (un. 3) – airborne noise
Floor system between Dorms 2 (un. 3) – impact noise
Dorm Façade 2 (un. 3)
Floor system for extended Room over Dorm 3 (un. 3) – airborne noise
Floor system for extended Room over Dorm 3 (un. 3) – impact noise
Partition between Kitchens units 3 & 7 – airborne noise
Partition between Rooms units 3 & 1 – airborne noise
Partition between Dorms 1 units 7 & 8 – airborne noise

Field
X
X

X
X
X

Sim.
X
X
X
X
X
X
X
X
X
X

2.2.1 Real simulation model
The real model is the simulation considering the construction elements according to the building’s execution
and construction. The building's structure is built in concrete, with pillars and solid concrete slabs according
to the traditional construction methods employed in Brazil. External gaskets and the partitions between
different units are made up of ceramic block masonry, with plaster coating for the dry areas and mortar with
ceramic coating for the wet areas.
On the partitions between bedrooms from different units, to cater to the minimum necessary acoustic
performance criteria, it became necessary to employ, on each side of the ceramic-block wall, a wall lining
made up of drywalls. To reduce total composition thickness, 3.54-inch blocks were used. Therefore, the final
composition of the partitions between bedrooms was made up of 3.54-inch ceramic block masonry with wall
linings on each side, made up of 1.9-inch guiding rails and frames whose ends are finished by two 0.5inch
plasterboards, not filled with mineral wool. Some internal unit partitions are made up of ceramic block
masonry, while others are drywalls.
Regarding the composition of partitions between units, except in the case between bedrooms in distinct units,
the Sound Reduction Index, Rw, was considered, obtained from laboratory tests carried out by the ceramic
block supplier. The other compositions were modeled on the Insul software, according to the characteristics
informed by the construction company. The building’s simulation model in SONarchitect ISO is shown in
Figure 3.

Figure 3 – Simulation model from SONarchitect ISO software.
5
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2.2.2 Simulation model with Type A elements only
For this model, the real model was used as base and its internal drywall partitions were replaced by masonry
ones, an element considered to belong to the Type A category. The other compositions have been kept, as
well as the configurations and simulation requirements.
For such model’s simulations, the goal was just to establish a comparison between the results obtained from
each one of the calculation methodologies, seeing that any comparisons with the results obtained from field
tests were not considered to be valid.
2.2.3 Simulation model with Type B elements only
Likewise, for the simulation model employing only Type B elements, the real model was also used as basis,
while maintaining simulation configurations and requirements. For such a case, all Type A elements existing
in the simulation were replaced by Type B elements, except for slabs and columns. All external gaskets were
replaced by steel frame compositions, while internal partitions were replaced for drywall compositions only.
For the results obtained through such model’s simulations, any comparisons with the results obtained from
tests are not valid as well, since the model does not represent the building’s execution situation. For this
reason, and considering this model, only the comparisons between simulation results and the methodology
from the EN 12354:2000 [7-9] and ISO 12354:2017 standards [4-6] are deemed valid.

3

Results

Table 2 presents the results obtained through the field measurements performed and results from the
simulations subject to the same interferences, considering the real model. Simulated values are presented
using the methodologies from standards EN 12354:2000 [7-9] and ISO 12354:2017 [4-6].
Table 2 – Comparison between measured and simulated results.
System

Quantity

Field result

2.A
2.I
4.D
5.D
6.D

DnTw
L’nTw
DnTw
DnTw
DnTw

49 dB
79 dB
44 dB
44 dB
46 dB

Simulation according
to the EN
12354:2000 standard
[7-9]
51 dB
80 dB
45 dB
44 dB
47 dB

Simulation according
to the ISO
12354:2017 standard
[4-6]
49 dB
80 dB
44 dB
43 dB
45 dB

From the results presented, it can be checked that the simulations according to the methodology from the
ISO 12354:2017 [4-6] standard present greater accuracy with respect to the results obtained through field
testing, exception made in case of the 5.D system. The results obtained through simulation by using the
calculation methodology from the EN 12354:2000 standard [7-9] showed a deviation of up to 2 dB; however,
when making use of the most recent methodology, the differences between measured and simulated results
did not exceed 1 dB.
Table 3 presents the results obtained through the simulations for the three models in this study: the real
model, the second model using only Type A materials, and the third model using only Type B materials. For
each of the methodologies, the greatest divergences in results were found in the real model, which presented
both element types. The smallest variations between the results simulated with the two methodologies were
obtained in the model making use of Type B materials only. An important point to be mentioned is that
considering the impact noise performance simulations, and for the case study evaluated, smaller variations
6
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were identified in the values obtained between distinct versions of the standard within the same model than
for airborne noise acoustic performance results.

System
1.A
1.I
2.A
2.I
2.F
3.A
3.I
4.D
5.D
6.D

Table 3 – Comparison between simulated results from distinct models.
Real model
Type A
Type B
Quantity
EN 12354: ISO 12354: EN 12354: ISO 12354: EN 12354: ISO 12354:
2000 [7-9]
2017 [4-6]
2000 [7-9]
2017 [4-6] 2000 [7-9]
2017 [4-6]
DnTw
52 dB
50 dB
52 dB
50 dB
54 dB
54 dB
L’nTw
80 dB
80 dB
81 dB
81 dB
79 dB
79 dB
DnTw
51 dB
49 dB
51 dB
49 dB
53 dB
55 dB
L’nTw
80 dB
80 dB
80 dB
80 dB
78 dB
77 dB
D2m,nT,w
23 dB
22 dB
23 dB
22 dB
23 dB
22 dB
DnTw
50 dB
47 dB
49 dB
47 dB
55 dB
55 dB
L’nTw
81 dB
81 dB
82 dB
82 dB
79 dB
79 dB
DnTw
45 dB
44 dB
45 dB
44 dB
46 dB
45 dB
DnTw
44 dB
43 dB
44 dB
43 dB
45 dB
45 dB
DnTw
47 dB
45 dB
47 dB
45 dB
50 dB
51 dB

Although the construction system and slab characteristics have not changed between models, distinct
acoustic performance values were obtained for floor systems, both for airborne and impact noise. Such
differences between values highlight considering secondary transmissions, as well as the importance of
correctly considering all of the model’s constructive elements, even when considering that these systems are
not under direct analysis.
When analyzing the simulation results for system 1.A, it can be checked that in the simulations for the three
models and employing the calculation methodology from the EN 12354:2000 [7-9] standard, there is a 2 dB
difference between the values obtained for each model, something which makes sense, considering that
distinct construction elements have been used.
Nonetheless, considering the same system and the same changes of material for each model, a 4 dB
divergence between the values obtained from the simulations according to the ISO 12354:2017 [4-6]
standard was identified. This situation could also be observed for the values obtained from the 6.D system
simulations, at even greater divergences between values. These situations may happen precisely due to the
different considerations for sidewise transmissions between the standards under consideration, as well as the
calculation methodology from the 12354:2017 standard [4-6], which takes these secondary transmissions
more into account.
Last, it can be noticed that the greatest differences between the values obtained from each of the models and
between the two versions of the standard take place in system 3.A, airborne noise from floor systems
between the expanded room over Bedroom 3. In this case, the differences between the volumes for the
emission and reception environments become considerable, seeing that the secondary transmissions become
therefore even more relevant in order to attain the intended acoustic performance from the system.

4

Conclusions

By comparing the results obtained from the real model with the values obtained through field acoustic
performance tests, it can be concluded that the simulations made in accordance with the calculation
methodology from the 12354:2017 standard [4-6] are more accurate than the simulations carried out
according to the EN 12354:2000 standard [7-9], something that is expected in fact from the revision of
standards. In this sense, it is important to evaluate the use of simulations with the EN 12354:2000 standard
[7-9], since it presents less accurate results, though ones close to the values measured as well.
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The results obtained from the different simulation models show the importance of correctly considering the
choice of sealing materials for the units' internal partitions. Although these systems are not directly evaluated
to comply with the Brazilian ABNT NBR 15575 standard [1], the correct assessment of these elements is
extremely important in order to ensure the accuracy of simulated results, since these elements are taken into
account regarding sidewise transmissions.
Another important topic which was checked out in this study is the greater weight arising from these
secondary transmissions in the simulations carried out by using the methodology from the 12354:2017
standard [4-6].

Acknowledgements
The authors wish to thank the Giner company for the availability of the software needed in order to carry out
this study, as well as the construction company which allowed the use and publication of data from their
projects, as well as their acoustic performance test results carried out in the field.

References
[1] Associação brasileira de normas técnica NBR 15575: Edificações habitacionais – desempenho, Rio de
Janeiro, 2013.
[2] CORBIOLI, N. A norma está pegando: Visando um produto imobiliário de melhor qualidade,
construtoras estão descobrindo os caminhos para superar dúvidas e dificuldades para o atendimento da
NBR 15.575:2013, a primeira norma a estabelecer parâmetros mínimos de desempenho e durabilidade
para edificações habitacionais do país. RevistaTéchne, Vol 235, 2016, 10-13.
[3] SINAENCO, Os impactos da Norma de Desempenho no Setor da Arquitetura e Engenharia Consultiva,
2020. https://sinaenco.com.br/wp-content/uploads/2016/08/OsIimpactosdaNormadeDesempenho.pdf.
[4] ISO 12354-1: Building acoustics, Estimation of acoustic performance of buildings from the performance
of elements, Part 1: Airborne sound insulation between rooms, 2017.
[5] ISO 12354-1: Building acoustics, Estimation of acoustic performance of buildings from the performance
of elements, Part 2: Impact sound insulation between rooms, 2017.
[6] ISO 12354-3: Building acoustics, Estimation of acoustic performance of buildings from the performance
of elements, Part 3: Airborne sound insulation against outdoor sound, 2017.
[7] EN 12354-1: Building acoustics, Estimation of acoustic performance of buildings from the performance
of elements, Part 1: Airborne sound insulation between rooms, 2000.
[8] EN 12354-1: Building acoustics, Estimation of acoustic performance of buildings from the performance
of elements, Part 2: Impact sound insulation between rooms, 2000.
[9] EN 12354-3: Building acoustics, Estimation of acoustic performance of buildings from the performance
of elements, Part 3: Airborne sound insulation against outdoor sound, 2000.
[10] Rosão, V; Silva, J. Comparison of EN 12354-1 to -4 of 2000 with EN 12354-1 to -4 of 2017, Euronoise,
Crete, 2018.
[11] ISO 16283-1: Acoustics — Field measurement of sound insulation in buildings and of building
elements, Part 1: Airborne sound insulation, 2014.
[12] ISO 16283-2: Acoustics — Field measurement of sound insulation in buildings and of building
elements, Part 2: Impact sound insulation, 2020.

8

1643

[13] ISO 717-1: Acoustics — Rating of sound insulation in buildings and of building elements, Part 1:
Airborne sound insulation, 2020.
[14] ISO 717-2: Acoustics — Rating of sound insulation in buildings and of building elements, Part 2:
Impact sound insulation, 2020.

9

1644

Structured. Session 13
BIM in acoustics

1645

Challenges in entire building sound insulation calculation
Cástor Rodríguez-Fernández1, Roberto San Millán-Castillo2, Eduardo Latorre-Iglesias3
Sound of Numbers, S.L., Capeáns 25E, 15229 Ames - A Coruña, Spain

1

castor@soundofnumbers.net
ETSIT - Rey Juan Carlos University, Camino del Molino, 5, 28942, Spain

2

roberto.sanmillan@urjc.es
ETSIST - Universidad Politécnica de Madrid, Calle Nikola Tesla, s/n, 28031 Madrid

3

eduardo.latorre.iglesias@upm.es

Abstract
Standard ISO 12354 series specify calculation models in building acoustics. The target is the estimation of
the acoustic performance of buildings from the performance of its elements considering direct and indirect
flanking transmission regarding two adjacent rooms. However, all practical projects involve more than two
rooms, up to the ultimate extent, the entire building. These projects manage massive data: rooms and
building geometry, junctions between rooms, construction materials, compliance, quality limits, and budget.
In the era of digitalisation, the scientific and practitioner community requires tools featuring a broader and
simpler scope than the original and restricted to two rooms calculation. Thus, an approach that might explore
all data at once and provide building analytics concerning sound insulation in a more efficient way is very
convenient. This paper discusses the beneficial strategies of the entire building approach with respect to the
Standard, specially dealing with its limitations when modelling the geometric and constructive reality.
Keywords: building acoustics, iso 12354

1

Introduction

The estimation of sound insulation between rooms is a constant in most of the consultancy projects in
Building Acoustics. The capability of predicting the acoustic performance of a building and its elements is
crucial when designing dwellings.
To date, ISO 12354 standards are the preferred methods due to their balanced engineering frameworks. ISO
12354 covers the main issues for prediction in general Building Acoustics, notably: airborne sound insulation
between rooms, ISO 12354-1:2017; impact sound insulation between rooms, ISO 12354-2:2017; airborne
sound insulation against outdoor noise, ISO 12354-3:2017; transmission of indoor sound to the outside, ISO
12354-4:2017; and sound absorption in enclosed spaces, EN 12354-6:2009. The first four standards of the
series were technically updated, and the new standards were launched in 2017 [1],[2],[3],[4]. Some relevant
changes in the standards involved remarkably calculations concerning lightweight materials [5],[6]. It is now
a good opportunity to make a review on how to be more efficient when applying these standards as they have
just been updated.
The target of ISO 12354 remains clear: the estimation of in situ acoustic performance considering direct and
flanking transmission between two adjacent rooms. However, all practical projects involve more than those
two rooms. These projects manage massive data from the building features: every single room and building
shape and volumes, different types of junctions between rooms, construction materials for all the walls,
compliance with local regulations or ISO standards, quality limits to higher standards as acoustic
1
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classification scheme for buildings, and budget for the current project or needed enhancements. In the era of
digitalisation, the scientific and practitioner community requires tools featuring a broader and simpler scope
than the original and restricted to two rooms calculation. Society, partners and project stakeholders want
more comprehensive data, which is available almost immediately in a shareable format.
Thus, an approach that might explore all data at once and provide building analytics concerning sound
insulation in a more efficient way is very convenient, and it is almost a must these days. This paper discusses
the beneficial strategies of the entire building approach with respect to the Standard two-rooms estimation,
especially dealing with its limitations when modelling the geometric and constructive reality. Ten years ago,
Sound of Numbers SL developed SONarchitect, the very first tool for calculating sound insulation according
to ISO 12354 (formerly EN 12354) in entire buildings. This experience is being included in this publication.

2
2.1

The entire building digitalisation approach
Problems statement

ISO 12354 is based on SEA (Statistic Energy Analysis) method. In short: two systems (the rooms) are
sharing some energy (sound) through a connection (separating wall and flanking elements). The very first
challenge is fitting the reality in such a simple concept. In order to travel from the reality to the simplicity,
there must be a lot of approximations. The reality is not two rectangular box-shaped rooms anymore.
Why trying to choose the worst cases in a building and calculating only those when it is possible to calculate
the entire building with the same effort? In [7] a project of medium size building for a hospital with 1256
rooms leads to 5209 and 6035 calculations of two-rooms airborne sound insulation and impact sound
insulation, respectively. To find just a few significant two-rooms cases of the entire building becomes
overwhelming due to the vast range of variability of shapes, sizes, joints and materials. A very experienced
consultancy team would be required to verify all the relevant features of each possible two-rooms
combination. Once they were found, the expense on time would be unaffordable. Thus, the tools employed in
the prediction of the acoustic performance of buildings should consider all their rooms in order to provide
comprehensive and unbiased information. Furthermore, those tools should simplify and improve the used
resources from a heuristic approach.

2.2 Unrestricted geometry in 3D
Practitioners and researchers who deal with large projects in Building Acoustics, face complex geometry
frequently. Some other tools based on the same ISO standards approximate complex geometry with two
rectangular box-shaped rooms, and only one separating element between the two adjacent rooms. The ISO
Standard calculation could be followed by estimating equivalent areas, mainly. However, these assumptions
result in errors in the in situ structural reverberation time (Ts, in situ), and the in situ equivalent absorption
length; also, some deviations might rise about the flanking walls and the changes in the reduction indexes in
junctions.
For example: Figure 1 presents a case where these approximations become a challenge: between those two
rooms blue and green there is one common wall and five edges. Should we take on account the edge that is
not connected to the separating wall? Further research in this kind of special cases must be conducted.
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Figure 1 - Special case for transmission paths analysis
SONarchitect offers no restrictions for complex geometries since it computes the sound insulation through all
the separating elements involved, considering all the flanking paths. Every transmission path can be
inspected, and the dominant ones are underlined.
A 3D point of view helps verifying building drawings. This option improves the adequate insertion of
general plans in a SONarchitect project with a realistic point of view for the designers. A convenient drawing
toolbox is available to simplify this process. The result is an “acoustic” plan that satisfies the requirements of
the calculation models and avoids useless and no significant data for sound insulation. Layers for lighting,
decoration, symbols or outside building elements should be deleted.
This simplified geometry information can be inserted by simply drawing the building plan by plan, using a
template (can be a DXF file or a soon-to-be deployed BIM model) or even importing a CAD model, but no
matter what, there must be a simplification of the geometry in order to achieve reliable results. In the
following points we will investigate why.
2.3

Automatic detection of rooms and junctions

Large projects consist of a considerable number of rooms that lead to a much higher number of junctions.
The features of the junctions depend on the walls, floors and ceilings where they fit. SONarchitect
automatically detects all the rooms and junctions in the building and characterize them with the proper shape
and combination of materials. Hence, once the project has the geometry and the material of the surfaces
involved, junctions are specified without any further action by the user. Only the addition of resilient layers
requires that the user provides that information junction by junction. Thus, the huge workload on defining
every junction disappears using SONarchitect, as it is automatically done and reported in the results
accordingly.

Figure 2 - Drawing representing regular junctions, white arrows; and resilient junctions, solid arrows
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This automatic workflow also prevents from the wrong estimation of Ts, in situ, as described in Annex C of ISO
12354-1 [1]. Additional corrections are needed when the area considered is part of a larger structural
element, and the junctions are formed by lightweight material elements. As shown in Figure 3, in
SONarchitect v3.1, these considerations can be customized. As a future line, SONarchitect will also allow
the user to enter new junction formulae and models.

Figure 3 - Annex C approximation
2.4

Geometry dysfunction search

SONarchitect can calculate the sound transmission through thousands of encounters in seconds. However,
projects made of too small walls, curved areas, or tilted roofs may cause problems in the computation of
insulation ratings.
Firstly, for applying ISO 12354 standard, it is needed to simplify curves and arcs and turn them into
equivalent surfaces. SONarchitect drawing toolbox suggests the user to draw walls larger than 20 cm. Wall,
floor and ceiling encounters are also forced to coincide; otherwise, the ISO 12354 model could not be
applied.

(1)
The calculation of R’ depends on the wall surface [1]. Hence, the calculation avoids the error due to too
small enclosures. This kind of walls causes an increase in the computation time and remarkable deviations in
sound insulation estimation that does not match reality. Generally, R’ is overestimated, as it can be inferred
from equation (1), which defines the calculation of each flanking transmission path. Nevertheless, in case the
user includes a small wall accidentally, the software would warn in the results reports. Furthermore, the user
needs to, somehow, simplify the geometry in order to avoid these geometry restrictions. For example, in
Figure 4 it is shown how a small wall in the façade can be approximated into a larger wall, thus, the user gets
rid of a potential small wall that might overestimate the calculations.
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Figure 4 - Geometry approximation
2.5

Data analytics on sound insulation

Currently, data is becoming a valuable resource in all disciplines. Sound insulation is not an exception, and
comprehensive information data is more useful than having just some disadvantageous cases. SONarchitect
can compute all rooms in building despite the number. Each separating element is assessed along with all the
flanking paths. The contribution of the different transmission is available and ranked on a colour scale,
which helps inspect paths quickly.
Facing a project with thousands of rooms can be overwhelming when trying to analyse it. Hence, this colour
tool is also employed to find rooms which do not comply with requirements easily. SONarchitect is
customizable for any specific local building regulation or an ad hoc specification. This feature, combined
with the compelling 3D view, presents a convenient tool to focus quickly on the problems that may appear in
the project. Figure 5 illustrates how helpful this would be when dealing with up to 115 transmission paths.

Figure 5 - 3D view of a compliant pair of rooms and the list of transmission paths (115)
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Figure 6 - Statistics computing
Nevertheless, a solution based on verifying the colours of all the rooms would remain repetitive. A smarter
way of analysing aggregated results from the calculation is the use of Statistics. Hence, SONarchitect
embeds a tool that presents histograms containing all calculations. Some of the conclusions of the project
might be directly drawn from this software feature. Some examples are compliance of the rooms for airborne
sound insulation or the number of protected room non-compliant with impact sound insulation. Once the
Statistics menu is set and computed, the 3D view locates the rooms that fulfil the requirements. Thus,
consultants may focus on the rooms that need some design reviews. Figure 6 shows a statistics output
example, where the compliant rooms for a particular use are marked in green in the 3D model and the
histograms present the behaviour of all the rooms regarding the requirement.
Finally, massive data can be reported using customizable templates. This tool help communicate the
conclusions of the projects smartly and even account for new or updated budgets.

2.6

Computational and graphical efficiency

The technology used by SONarchitect features a graphical algorithm that computes ISO 12354 models fast.
The software is not only capable of detect rooms and junction, and even micro-walls but also calculates in a
short time. The example of the hospital previously presented would take just some seconds to be presented
both graphically in the 3D views, as all the ratings for rooms and flanking paths, including their
corresponding alerts on compliance.

2.7

Integration with other tools

In a global world, tools are expected to work efficiently with other tools. Their combination would result in
expert suites that can face projects with broader scopes. SONarchitect is a powerful software that manages
the calculation needed for modelling buildings according to ISO 12354 standards. However, a Building
Acoustics project may include other points of view.
Hence, practitioners usually need sound insulation solution that might not exist in their materials database,
despite that literature and SONarchitect databases provide a wide range of alternatives. The quick pace of
technology, the in-situ constraints, or the experiments of new types of materials and their combinations seem
to be the reason to update databases continuously. In the meantime, general laboratory models for sound
insulation as Insul [8] could help.
Furthermore, Sound of Numbers is evolving SONarchitect in the path of integration with engineering and
architecture tools like Revit, Archicad and Simplebim among others.
6
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3

Conclusion

In Building Acoustics, the estimation of the acoustic performance plays a central role. The ISO 12354
Standards provide a predictive method that helps practitioners analyse about sound insulation before designs
are implemented. Hence, the projects can be evaluated and improved, when necessary. A heuristic approach
seeks for the more significant two-rooms cases in the building, for instances the worst rooms concerning the
compliance on a specific Building Code.
However, practical projects deal with buildings which consist of many rooms, and the previous approach
could not be efficient from an analytical point of view. Additionally, the traditional approach that simplifies
the shape of rooms to rectangular box-shaped ones is not suitable in real cases and could lead to some
calculation errors due to surfaces approximations.
SONarchitect is a consultancy tool that fulfils the requirements of sound insulation projects in the era of
digitalisation. This software deals with the massive data included in an entire building, ranging from
geometry to performance ratings. An efficient computation engine calculates in short delays and provides
graphical and intuitive means for an adequate and comprehensive analysis of the projects. All the rooms are
considered, and the heuristic approaches are enhanced. Thus, safer and almost error-free results can be
presented to customers, and more time is available for other tasks in a daily routine.
SONarchitect is trying to seamlessly integrate the sound insulation assessment into the practitioner workflow
with connections to DXF and BIM models, however, it is proved that a human being is needed in order to
simplify the reality and create an acoustic model of the building.
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Abstract
Building Information Modelling (BIM) is a process with an increasing diffusion in the construction market
that leads to considerable savings in realization times and building management costs. Within the BIM
methodology, a key role is played by Model Checking for the validation of the projects not only during the
design stage, but also during all the phases of the building process. The control of geometric interferences in
the Building Performance Modelling (BPM) can be easily applied in the evaluation of the acoustic
performance of a building using standardized methods. The purpose of this paper is to analyse the
information contained in BIM data structure that can be used to design or to evaluate compliance with
acoustic classes or, in general, the acoustic performances of a building.
Keywords: BIM, Building Acoustic Design, Building Performance Modelling.

1

Introduction

The use of the Building Information Modelling (BIM) methodology has now passed the initial phase of
development to become a consolidated reference for buildings, especially those of considerable complexity
or articulation [1,2].
Despite the widespread diffusion of these methodologies and their adoption within building codes and
construction protocols [3] (Figure 1), there are still many aspects that have not been fully investigated and
the potential not explored is considerable.
According the United States National Institute of Building Sciences (NIBS) “A BIM is a digital
representation of physical and functional characteristics of a facility. As such, it serves as a shared
knowledge resource for information about a facility forming a reliable basis for decisions during its lifecycle
from inception onward” [4]. It is, therefore, a methodology based on the digitization of the entire building
process for data sharing [5]. This exchange process is meant to be continuous and updated from the
conception and design of the building to its construction and management over the course of life up to its
disposal “from the cradle to the grave”.
One of the fundamental aspects of Building Information Modelling is to represent the building geometrically
and graphically through the creation of a three-dimensional model to be associated in the different phases of
the building's life. The essential information (functional, performance, management or more generally
relating to the building at different levels and for different purposes) are always accessible, consultable and
updatable.
BIM was originally proposed with the aim of achieving an economic saving in the building management
phase. However, the advantage that can be obtained when trying to use the BIM model for the Building
Performance Model (BPM) to estimate the performance of the building during the design phase was
immediately evident [6-12]. The BIM model identifies the real model, or its digital representation, in which
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the digital content (geometric and informative) varies according to the purpose and the phase in which the
model is made available for its use.
Traditional modelling processes for energy simulation (Building Energy Model, BEM) or other physical
aspects such as acoustic requirements simulation (Building Acoustic Model, BAM) are generally complex,
time-consuming and specifically prepared for simulation application used. This involves high costs, long
times, geometric simplifications and errors. In essence, these typical processes reproduce the data already
existing under other aspects, that is the models usually made for the architectural and structural part. This
results in high costs, long lead times, geometric approximations and potential modelling errors. In practice,
these processes reproduce the already existing data, that is the models usually created for the architectural
part, with other purposes. The risk of "translation errors" between models is often high, also considering that
they are developed by different operators and at different times.
It is evident that the use of a standardized information coding process can significantly reduce these risks,
also through control and validation processes.
The advantages of these processes, automatic or semi-automatic, can be summarized in four factors:
1) reduction of time and costs required to develop a physical simulation model of the building;
2) rapid generation of design alternatives;
3) improvement of the accuracy of Building Performance Modelling Simulation (BPMS);
4) building construction process with significantly higher performance.

Figure 1 – Overview of global BIM adoption [3].
This paper examines a particular methodological aspect of the acoustic design of buildings with the support
of the BIM methodology, described in its general aspects in previous works [13-16].
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2

Opportunities and limits of BIM oriented acoustic models

BIM is a data format model that applies to a database of elements, each containing specific information that
is uniquely defined.
From a general point of view, BIM is just one of the possible digital representations of a building model.
What makes a method successful is the ability to share this digital and informative representation among all
the participants in the compressive building process of its geometric, physical and functional characteristics,
based on open standards to ensure interoperability. However, one of the biggest limitations in using BIM for
acoustic modeling lies precisely in the definition of the properties of the elements used in the model.
There are many building-proprietary data models. The IFC (Industry Foundation Classes) model [17]
promotes a representation format of the open BIM model and throughout the building's life cycle. IFC format
is recognized from the International Standards Organization as ISO 16739 [5]. A Model View Definition
(MVD) defines a subset of the IFC schema needed to satisfy one or more Architecture, Engineering, and
Construction (AEC) industry exchange requirements. Together with the subset of the IFC schema, a set of
implementation instructions and validation rules, called MVD concepts. The method for publishing the
associated concepts and rules is mvdXML. An application of the concept of MVD takes, for example,
extrapolation from the IFC data model of the geometrical and performance information, aimed at acoustic
prediction calculation or evaluation of acoustic performance on site.
From this point of view, the BIM methodology is optimal for defining automatic or semi-automatic
procedures for the generation of buildings acoustic models, especially for the prediction of noise levels with
the methods of the ISO 12354 series standards.
In this case, in fact, the correct definition of the geometric properties of the environment and their
relationship with the structures and systems is essential to identify the acoustic criticalities in the building
project. However, the calculation methods require information on building elements and their interaction
which are not fully contained in the ICF data model.
The set of all the properties that can be assigned to an object of an IFC data model is called “Pset”
(IfcPropertySet). The properties contained in this set (or set) can be of two types:
− predefined;
− additional/customized (i.e. defined by the user).
The default properties are those that follow the standard; they are automatically generated by the authoring
software that was used to model the building design and are listed in the specifications of each entity of the
3D model. In addition to the predefined properties, it is also possible to define custom properties, i.e. those
added to the model directly by the user. These properties follow a non-standard nomenclature but chosen in a
conventional way among the different actors involved in the building process.
The current version of IFC (4.3) provides seven Pset code results in IFC Documentation under the search
entry "Acoustic Rating" and two Psets under the search entry "Sound". These Pset are correlated to specific
performance levels that must be traced back to standardized parameters for the characterization of building
elements and systems serving the buildings (Table 1).
Other properties can be defined in relation to the noise generated by the systems, mainly HVAC, also in
relation to the resulting sound pressure levels (both in the prediction phase and verification on site).
However, some critical aspects for the prediction of passive acoustic requirements are not fully defined,
which depend on the physical interaction between different building elements (eg: the vibration reduction
index, Kij) or even geometric between the environments (eg: sound insulation, DnT). Some of these problems
of lack of completeness of the input data derive from the difficulty of implementing "dynamically"
information on the acoustic properties of building elements. For example, a concrete element can be either a
wall or a slab, depending on how it is used, without changing its properties. However, the acoustic reference
parameters change, also in relation to the sound source considered (airborne or impact noise). Other
problems derive from the fact that in the first versions of IFC the only acoustic parameter considered was the
acoustic absorption of the element surface. This has long conditioned the data structure, limiting the
possibility of having other predefined properties in the Psets.

3

1655

Table 1 – IFC 4.3 Pset referred to specific acoustic performance levels.
IFC 4.3
Acoustic Properties Set
Pset_RoofCommon
Pset_CurtainWallCommon
Pset_WallCommon
Pset_PlateCommon
Pset_SlabCommon
Pset_CoveringCommon
Pset_WindowCommon
Pset_DoorCommon

Pset_SoundAttenuation

Pset_SoundGeneration

IFC Name

Definition

AcousticRating

It is provided according to the national building code. It
indicates the sound transmission resistance of this object by
an index ratio (instead of providing full sound absorption
values).

Common definition to capture sound pressure at a point on
behalf of a device typically used within the context of
building services and flow distribution systems. To indicate
sound values from an instance of
IfcDistributionFlowElement at a particular location,
IfcAnnotation instance(s) should be assigned to the
IfcDistributionFlowElement through the
IfcRelAssignsToProduct relationship. The IfcAnnotation
SoundFrequency should specify ObjectType of 'Sound' and geometric
representation of 'Annotation Point' consisting of a single
IfcPoint subtype as described at IfcAnnotation. This
property set is instantiated multiple times on an object for
each frequency band.
Common definition to capture the properties of sound
typically used within the context of building services and
flow distribution systems. This property set is instantiated
multiple times on an object for each frequency band.

Despite these limitations, BIM methodologies remain the ideal tool to limit the uncertainties in the definition
of a BAM, especially for geometric aspects.

3

BIM Model Checking in building acoustic design

Within the BIM methodology, a key role is played by Model Checking, a set of tools aimed to verify and
validate projects not only during the design phase, but also during all the phases of the process, in order to
guarantee completeness, transmissibility and congruence of all data and information. In the Information
Documentation (ID) and in the Information Management Plan (IMP) the rules set must be specified, that is
the set of control rules that are applied to the model, which are divided into three verification phases:
− rules for regulatory verification (BIM Validation);
− information interference management rules (Clash detection);
− rules for managing information inconsistencies (Code checking).
The application of a specific set of rules optimized for the acoustic design allows an effective control of the
main criticalities that may occur in the transition from the architectural project to the performance evaluation
and, therefore, to the construction of the building.
3.1

BIM Validation

By managing an appropriate set of parametric rules, BIM Validation analyses and determines the level of
quality and consistency of a BIM model. This is an essential step to ensure that there are no modelling errors
4
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as overlapping objects and more generally that the model is constructed in accordance with the requirements
specified in the Industry Standard (IS), depending on the purpose of the modelling. Within a BIM model it is
possible to detect two types of errors: modelling and design. Finally, it allows to validate the relative Level
of Development (LoD) of the objects specified in the IS.
The concept of LoD has evolved over time, and refers to the level of development necessary in relation to the
contents of the elements of the model; the choice to use the definition “level of development” instead of
“level of detail” is motivated by the fact that an element, although it may appear visually detailed, could in
reality be generic.
BIM LoD is an Industry Standard that defines how the 3D geometry of the building model can achieve
different levels of refinement, is used as a measure of the service level required. These development models
are purpose built for various stages of design, 3D visualization, quantities control, scheduling, estimations,
on-site production control and fabrication.
There are different LoD hierarchy systems but all are generally object-oriented than design-oriented, more
focused on the level of object refinement at a geometric and informative level than on the global project
cycle. This latter aspect sometimes obliges to introduce sublevels in order to adapt work variations [18]
(Figure 2).
The LoD Specification is a reference that enables practitioners in the AEC Industry to specify and articulate
with a high level of clarity, the content and reliability of BIMs at various stages in the design and
construction process. The LoD Framework addresses various issues faced by AEC professionals by
providing an industry-developed standard to describe the state of development of various systems within a
BIM. This standard enables consistency in communication and execution by facilitating the detailed
definition of BIM milestones and deliverables.

Figure 2 – Level of detail (LoD)’s progression according different national references with relative
comparison [18].
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In order to correctly transfer the design information to the BPM for the predictive evaluation of the acoustic
performance of a building, the BIM LoD must be at least at level “300” (equivalent to “4” or “D”, according
to the different classifications). In this way, it is possible to interact correctly with the BIM model to ensure
that the results of the calculation process (for example according to the methods of the ISO 12354 series
standards) can “re-enter” in the design process by providing the validation of the construction choices or
indicating the necessary changes to meet the design objectives. The following level “350” (equivalent “5” or
“D”) can contain the detailed information deriving from the acoustic predictive calculation that help to define
the specific system in relation to its environment and, therefore, all the information necessary for the
subsequent phases of construction.
3.2

Clash Detection

It consists in the control of geometric interferences in the single model and between models belonging to
different disciplines, born as an analysis of geometric and spatial coherence, and is today one of the most
widespread tools in BIM. For example, it allows to determine interference between the model for the design
of service equipment (Mechanical, Electrical and Plumbing, MEP) and the architectural model. To date,
there are several BIM coordinator tools in which, after correctly setting the rule set (with minimum tolerance
between elements), the interference control can be carried out in an automated way, firstly to the individual
disciplinary models and then to the merged models. From the acoustic point of view, this process can be
useful for identifying acoustic bridges, preventing installation errors of resilient systems, and favouring the
optimization of the path of MEP distribution networks.
3.3

Code Checking

It is the checking phase of the BIM model with respect to the information requirements necessary to assess
its compliance with the standards and project objectives. The construction process is normally governed by
numerous local, national and international laws or requirements and the information within them can be
translated into parametric rules. For example, the acoustic requirements of rooms and building elements can
be verified at this level for both predictive (ISO 12354 series) and field verification (ISO 16283 series)
purposes.
One of the possible developments of this phase is to provide all the elements for determining the acoustic
class of a building or housing unit, if applicable in a specific national context.

4

Conclusions

The implementation of acoustic assessment procedures (both predictive and on-site verification) within BIM
procedures currently requires some adaptations to remedy the lack of a specific exchange architecture for all
the information necessary for the complete acoustic characterization of the building.
Despite these limitations, the use of the methods already available can lead to significant improvements in
terms of reliability and time savings in the development of simulation models, management of survey data
and verification of performance parameters.
To ensure a successful process that develops the BPM criteria for BPM it is still necessary to undertake a
thorough analysis of the acoustic issues before the start of the project.
Furthermore, it is of fundamental importance that all the information necessary for the acoustic model is
provided, both from the geometric and performance point of view for the building elements to be used.
A significant step forward could be achieved through the development of software tools for BPM already
optimized to communicate with BIM models.
Finally, it should be emphasized that, regardless of the tools used, it is necessary to keep the BIM criteria as
a "living document" throughout the project, the construction process and the verification at the end of
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construction, so that future projects can benefit from the experiences learned. through a complete
documentation of the entire process and the results obtained.
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Abstract
Over the last few years, the BIM (Building Information Modelling) methodology has represented the digital
transformation of the AEC sector and has established itself as a standard for the development of construction
projects from initial design to execution and maintenance. When the processes that enable collaboration
between BIM professionals are carried out through open formats which ensure the accessibility and
durability of the project, regardless of the tools used to develop the digital models, we call it Open BIM. This
paper reflects an example of an Open BIM workflow where different specialized applications (e.g.,
architectural design, analytical modelling, acoustic simulation) are involved in order to develop an
architectural acoustic study and generate all the required documentation for its verification based on the EN
ISO 12354 standard and the European building codes.
Keywords: BIM, IFC, software, interoperability, simulation.

1

Introduction

BIM methodology involves the digitalisation of building models beyond CAD-based design where only
project plans are made digital. As a result, information is centralised and problems of interpretation are
avoided. The BIM implantation through open standards, known as Open BIM, extends its benefits by
improving the accessibility, usability, management and sustainability of digital data [1].
One of the main advantages of using Open BIM applications in the development of architectural projects is
their capacity to transmit information to each other. Sometimes this exchange is needed because architectural
modelling tools do not have the capacity to perform an analysis or their calculation methodology is not
recognised by an official organisation [2]. Such is the case of the acoustic study, where there are usually no
advanced calculation tools within BIM architectural design-oriented applications, due to the differences
between the data models. In this paper we will show the necessary steps to perform the acoustic calculations
from an architectural BIM model without losing information or duplicating efforts.

2

Workflow

In the workflow we are going to propose in this paper, the data is shared through files based on open
standards and using the collaborative workspace BIMserver.center where all the applications we are going to
show can be linked. Therefore, the first step consists in the creation of a new project from the
BIMserver.center website and the constitution of a work team [3].
1
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Once the BIM project has been established, the beginning of the workflow focuses on the development of an
architectural model employing an Open BIM application. In this case, we are going to use CYPE
Architecture as it is a free program that allows the user to connect with BIMserver.center projects. This
software permits us to model the geometry of the building from an architectural approach by defining and
introducing elements such as walls, floor slabs, roofs, doors and windows [4].
After finishing the architectural design, it is possible to export the result to BIMserver.center in order to
complete the project through new contributions from other specialized tools. Some examples are the
structural calculation, the building installations, the thermal study or the acoustic calculation. In the context
of this paper, we will focus on the following steps necessary to perform the last of these.
The main digital data file generated by CYPE Architecture and exported to BIMserver.center is the IFC. The
open standard IFC (ISO 16739-1:2018) [5], Industry Foundation Classes, supports the exchange of
information related to BIM models between applications which work with this technology. However,
although the IFC is considered the universal format in the Open BIM world, it has some gaps that are evident
when working on some specific disciplines. As a consequence, concepts such as BEM, Building Energy
Model, have emerged with the aim of providing BIM-derived models usually defined in a different format
from IFC, which are more suitable for the analysis to be carried out. This also happens in the field of
architectural acoustics, where it is necessary to generate an analytical model that allows the calculation
application to successfully determine the geometric parameters required to carry out the study of acoustic
transmissions between spaces. Consequently, before starting with the acoustic simulation tool, in order to
obtain an accurate analytical model, we must go through an intermediate software that allows us to define it.
The Open BIM Analytical Model application provides an analytical geometric model for thermal and
acoustic analysis based on a BIM model defined through the IFC standard [6]. The output of this program is
a JSON file with all the components that characterize the analytical model, such as spaces, surfaces, edges
and joints. In addition, it includes the relationships between these entities (e.g., belonging to rooms, surface
boundaries, connecting links).
When the analytical model is exported to the BIMserver.center project, it will already contain the required
data to perform the acoustic simulation in the following application. The Open BIM tool that we will use for
the analysis is AcouBAT by CYPE which allows us to evaluate the acoustic insulation and conditioning of
the spaces that compose the building [7]. Like the other workflow programs, the results can be exported to
BIMserver.center and be shared with the rest of the work team.
Finally, once the acoustic study is completed, it is possible to use other Open BIM tools to generate
additional documentation. In this case, we will use Open BIM Layout to design the drawings of the acoustic
study. This application allows us to obtain drawings of the different BIM models that form part of the
BIMserver.center project [8].

Figure 1 – Acoustic workflow diagram.
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3

Architectural BIM model

The case study that we are going to use as an example of the workflow is a residential building of 12
dwellings and 1069.89 m2. The architectural modelling process has been carried out using CYPE
Architecture.
The first step in the development of the architectural BIM model is the introduction of the vertical and
horizontal partitions, as well as the doors and windows they contain. A correct definition of these
components is essential to easily achieve an accurate analytical model required for the acoustical calculation
in the following stages of the workflow. In this context, it is important to correctly configure the category of
the elements because it will determine the relationships between spaces.
Table 1 – Categories of architectural partitions.
Vertical partitions categories
External façade
Party wall
Internal partition
Basement wall

Horizontal partitions categories
External floor slab / Roof
Internal floor slab
Screed

Adjacencies
Outside
Adjacent building
Space
Soil

As CYPE Architecture only provides an architectural description of the spaces, acoustical characterization of
the elements will not be required for the moment. However, assigning the same typology to elements which
share the same properties will greatly simplify the association of their acoustical features in the subsequent
stages of the flow.

Figure 2 – Design of the architectural model in CYPE Architecture.
Once the modelling of the building geometry has been finished, the next step is the introduction of the
spaces. It is important that the surfaces that conform the 3D boundaries of the spaces be coplanar to the faces
of the partitions that define them, so that the analytical model can be generated correctly in the next stage of
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the flow. If not, we will find failures in the calculation of areas and volumes, as well as in the association of
the space boundaries with the construction elements.
As in the case of the partitions, it is also possible to assign a typology to the spaces and this must be
consistent, since the acoustic requirements will be established later according to this classification.
Table 2 – Wall and space types of the architectural model.
Wall type
EF15
EF25C2
P15
IP9
IP15
IP25
EF25C1

Category
External façade
External façade
External façade
Internal partition
Internal partition
Internal partition
External façade

Thickness
0.15 m
0.25 m
0.15 m
0.09 m
0.15 m
0.25 m
0.25 m

Space type
Balcony
Bedroom
Gallery
Kitchen
Living room
Bathroom
Lift
Shaft
Circulation
Stairs
Garage
Others

Finally, additional architectural elements such as stairs, elevators, furniture and sanitary equipment are
introduced to complete the model.

4

Acoustic model

One of the main objectives when developing the model for the acoustic analysis is to take advantage of as
much information as possible from the architectural model relevant to this task. To this end, we have
imported the architectural design created with CYPE Architecture into the Open BIM Analytical Model tool.
Thanks to the utility included in this programme, the analytical model can be achieved quickly from IFC
files. However, once the process is finished, we must check the result and fix it if necessary.

Figure 3 – Elements of the analytical model derived from the architectural model.
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Figure 4 – Analytical model generation in Open BIM Analytical Model.
Before exporting the analytical model and starting with the acoustic simulation tool, in this application we
must also specify the groups of spaces according to their use unit. This allows us to differentiate between
dwellings and avoid the calculation of acoustic insulation between rooms in the same dwelling later on.
In the AcouBAT by CYPE acoustic analysis tool, we have to set the general calculation parameters and
characterise the acoustic properties of the components from the analytical model. The insulation and acoustic
conditioning requirements are applied to the spaces of the analytical model which, in fact, come from the
architectural model. For this purpose, we must previously define typologies of acoustic spaces that will
contain the limit values in order to assign them to the spaces of the analytical model that have been
incorporated by the application. AcouBAT by CYPE includes some default acoustic typologies
corresponding to the main international standards. Table 4 shows the relationship between the architectural
spaces and the acoustic space types of some European standards.
Table 3 – Relationship between types of architectural spaces and types of acoustic spaces.
Architectural
space types
Balcony
Bedroom
Gallery
Kitchen
Living room

Spain [9]
Protegido
(Dormitorio)
Habitable

Bathroom

Protegido
(Estancia)
Habitable

Lift
Shaft
Circulation

Habitable (Zona

Acoustic space types
France [10]
Portugal [11][12]
Pièce principale Quartos ou zonas de estar
dos fogos
Cuisine
Quartos ou zonas de estar
dos fogos
Pièce principale Quartos ou zonas de estar
dos fogos
Sale d’eau
Quartos ou zonas de estar
dos fogos
Circulation
Caminho de circulação

Italy [13]
Abitato (residenza o
assimilabili)
Abitato (residenza o
assimilabili)
Abitato (residenza o
assimilabili)
Abitato (residenza o
assimilabili)
Abitato (residenza o
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Stairs
Garage
Others

común)
Habitable
(Escalera)
De actividad
De instalaciones

commune
Escalier

horizontal
Caminho de circulação
vertical
Garagem
Outros

Garage
Local technique

assimilabili)
Abitato (residenza o
assimilabili)
Solo emittente
Solo emittente

Table 4 – Assignment of acoustic requirements to the geometrical data of a space.
Geometric data
Reference F2B-Bedroom 2
Type Bedroom
Area 12.24 m2
Volume between the floor and suspended ceiling 33.06 m3
Location

Acoustic requirements (Portugal)
Reference Quartos ou zonas de estar dos fogos
Airborne sound insulation against outdoor sound, D2m,nT,w 30 dB
Equipment noise (continuous), LnTA 27 dB
Equipment noise (intermittent), LnTA 32 dB
Equipment noise (emergency), LnTA 40 dB
Internal airborne sound insulation, DnT,w 50 dB (Quartos ou zonas de estar dos fogos)
40 dB (Caminho de circulação vertical)
48 dB (Caminho de circulação horizontal)
50 dB (Garagem)
58 dB (De actividade)
48 dB (Outros)
Impact noise insulation, L’nT,w 60 dB (Quartos ou zonas de estar dos fogos)
60 dB (Caminho de circulação horizontal)
50 dB (De actividade)
In a similar way to the spaces, the acoustic characterisation of the model partitions must be defined. For this
purpose, AcouBAT by CYPE incorporates the acoustic performance database of the French national
organisation CSTB (Scientific and Technical Centre for Building) [14], which contains more than 2,400
products and 3,000 acoustic measurements. The values of these measurements are in one-third octave bands
in the range 100 - 5000 Hz and, in some cases, in the range 50 - 5000 Hz.
For each partition type, which was defined in the architectural model, it is possible to assign several products
from the database to constitute its acoustic properties for the calculation.
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Table 5 – Assignment of acoustic characteristics to the geometrical data of a wall
Geometric data
Type EF25C1

Acoustic characteristics
Base element

Thickness 0.25 m

CSTB Product Hollow concrete blocks - 150 mm in thickness
- with 15 mm cement mortar on one side
Class Masonry in hollow concrete block
Mass 180.00 kg/m²
Thickness 0.160 m
Rw (C;Ctr;C50- 48 (-1;-3;-1;-4) dB
3150;Ctr,50-3150)
STC 48 dB
Internal lining

CSTB Product 13+80 expanded elastified polystyrene based
interior lining fixed with glue
Class Glued lining complexes
Mass 15.00 kg/m²
Thickness 0.100 m
∆(Rw + C) heavy wall 12 dB
∆(Rw + Ctr) heavy 9 dB
wall
∆(Rw + C) heavy 12 dB
floor
∆(Rw + C) direct 13 dB
∆(Rw + Ctr) direct 9 dB

5

Simulation and results

After the acoustic characterisation of the BIM model, the acoustic simulation is carried out in the same
application, AcouBAT by CYPE. This tool is used to perform the following calculations based on the
method specified in the EN 12354 standards:
•
•
•

Airborne and impact sound insulation [15] [16] [17]
Absorption area and reverberation time in rooms [18]
Sound pressure levels [19]

After finishing the analysis, we get a histogram as a calculation summary where we can appreciate the
percentage of spaces that are within the limits defined by us.
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Figure 5 – Overall summary of the acoustic analysis (histogram).
Then, we inspect each receiving space of the model in order to fix those that do not meet the requirements.
Regarding the acoustic insulation, we can get results for each of the direct, lateral and indirect transmissions.
All these results are displayed according to the acoustic index chosen in the general project specifications
and, for each calculation, we can also view the values obtained in one-third octave bands in the range 100 5000 Hz or in 50 - 5000 Hz if the products used contain this additional information.

Figure 6 – Analysis of spaces and junctions.

Figure 7 – Results of the space " F2B-Bedroom 2".
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If a modification to the calculation model is required, we must determine in which application it should be
carried out, depending on the corresponding step of the workflow. The tools that have been used are able to
update their models so that a change in the architectural design programme, CYPE Architecture, can be
easily reflected in AcouBAT by CYPE.
Finally, to complete the graphic documentation, we use the Open BIM Layout tool which helps us to design
drawings from the 3D models we have created.

Figure 8 – Drawing of the relationship between the walls and the construction systems chosen.

6

Conclusions

The aim of this paper has been to demonstrate that it is possible and effective to carry out an acoustic study
from an architectural design model without the need to remodelling for this purpose and following the Open
BIM approach. In this respect, it has been proven that the objective can be achieved, although it is important
to note that following a suitable workflow considerably reduces the effort required. This also happens with
the accuracy of the models created in each tool, in this study we have indicated some of the key points that
must be considered in order to produce an adequate model that facilitates its subsequent reading in the
upcoming applications.
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Abstract
Nowadays the field of architecture, engineering and construction (AEC) plays a major factor with respect to
the global carbon emissions. Architects and engineers are therefore encouraged to choose alternatives such as
sustainable timber constructions. However, this involves challenges compared to concrete or masonry
constructions, e.g. there is a lack of a seamless planning process in terms of evaluation tools for this
construction method, especially for the prediction of sound insulation. The approach of Building Information
Modelling (BIM) enables the integration of model-based evaluations and analysis for a complete prediction of
sound insulation directly into the design stage. This paper presents a workflow based on open BIM that uses
IFC models as a basis for the prediction of sound insulation. In addition to the geometric representations, the
IFC data model stores information about the semantic of the involved construction elements. Those
information are used to generate an technical model for acoustic analysis.
Keywords: sound insulation, timber construction, BIM, IFC, early-design.

1

Introduction

The construction industry is one of the world's largest consumers of materials and energy and a significant
contributor to CO2 emissions [1]. Timber constructions are a more sustainably alternative, not only regarding
their production but also in terms of recycling [2]. Compared to classical well-established concrete or masonry
constructions it involves challenges for architects, consultants and manufacturers. To gain from the benefits of
timber constructions the design stage is crucial for the success of the project and the satisfaction of the later
users. Due to the complexity of the construction components this is the case for sound insulation in particular.
To-date, there is a lack of prediction tools that consider the diversity of timber construction. Therefore, the
trend towards more digitalisation offers a solution: The access to digital building models during the earlydesign stage for the prediction of sound insulation provides the opportunity to read out relevant key parameters
automatically. This is beneficial for the quality of the prediction and the information management during the
planning process.

2

Open BIM with IFC

Building information modelling is a digital working method with different types: While closed BIM
approaches work with various software from a single provider, open BIM approaches deal with manufacturerindependent data transfer. This is possible through standardised, manufacturer-neutral formats that can be
written and read by any software tools. One of them is the well-known IFC format. It is a standardised data
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schema developed by buildingSMART for the manufacturer-neutral exchange of digital building models
throughout their entire life cycle [3]. It provides the geometric representation of building elements and
information on spatial and element structures as well as on component parts and their properties. It forms the
basis of all Open BIM approaches. This format is based on STEP (Standard for the Exchange of Product model
data), which regulates the exchange of product model data. It uses the EXPRESS notation [4]. There is also an
XML notation (ifcXML), describing the same data model, but specified by an XSD data schema.
An IFC data model can handle geometric information of elements as well as semantic information. Figure 1
shows a schematic of an IFC file in an abbreviated form: individual building elements are assigned to their
respective floors in the building via ifcBuilingStoreys. For this purpose, relations (ifcRelAggregates and
ifcRelContainedInSpatialStructure) are used. The information about the geometry is stored in entities that are
subordinate to ifcProductDefinitionShape. The position of the elements is defined by a local placement relative
to the coordinate systems of a project base point and can also be found in the IFC file (ifcLocalPlacement).
Information about the material is linked to the component via the relation ifcRelAssociatesMaterial. The
individual layers are enumerated step by step in their entities with the layer thickness in ifcMaterialLayer and
the material itself in ifcMaterial. The entity IfcMaterialLayerSet groups several layers together and thus,
describes for example, the component structure of an exterior wall. Component openings for windows and
doors are assigned to the component via the relation ifcRelVoidsElement and the door or window elements are
then located in these openings.
Various properties such as the U-value or the fire protection class of the building element can be assigned to
building elements using property sets. The relation ifcRelAssignsProperty connects the building element with
its properties. The association of properties to building elements can be extended and utilized freely for the
user defined applications. The workflow presented here makes use of this important fact.

Figure 1– Schematic structure of an IFC file (shortened and simplified)
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3

Building physics within the BIM workflow

Embedding building physics planning in a mature BIM workflow brings benefits for all project participants,
especially in the early-design stage. A BIM coordinator usually manages the coordination model for architects
and principal planners. Individual specialized planning departments work typically with technical models that
are adapted to the respective planning task and prerequisites of the software tools used in the individual
planning tasks. These technical models are read and evaluated by the planning software. Engineers can
automatically query databases, perform calculations and add missing information to the model. The results are
then reported back to the architect or planner, who enters them into the global coordination model after
approval.
The advantage of this workflow is the high efficiency due to the automated transfer of data. Thanks to the
standardisation of the IFC standard, databases and software tools can read and write data sets for elements or
properties. Large building models can thus be analysed efficiently using rule-based model checks. In addition,
every building element has a unique ID, in both the coordination model and the technical model, so that
changes are identifiable.
Figure 2 shows the workflow for the specific field of building acoustics. The modelling software exports an
IFC data model that is transformed to a technical model for acoustic analysis in the next step. VBAcoustic and
VaBDat are in-house software solutions developed by TH Rosenheim specialized on sound insulation for
timber constructions With information from the exported IFC data model the software tool VBAcoustic
calculates the apparent sound insulation and apparent normalized impact sound level based on the building
elements using databases like VaBDat or values form regulation and guidelines. After calculation the results
are evaluated against the requirements to assess if changes are required in the model.

Figure 2 – Overview of the planning process for building acoustics using VBAcoustic for the prediction of
the apparent sound insulation and the apparent normalized impact sound level

4

Sound insulation in timber construction

Concerning sound insulation, timber construction has some unique features: the elements are lighter compared
to concrete construction and most masonry constructions, and the design of junction details differs. As a result,
sound transmission via the flanking elements potentially plays an essential role. Nevertheless for CLT elements
the prediction of sound insulation is the same as for solid construction according to DIN EN ISO 12354 [5].
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In addition to the direct transmission across the separating element, the transmission via the secondary sound
paths is considered. For this purpose, the flanking sound reduction index Rij from DIN EN ISO 12354 and
formulated below, is used:
𝑅𝑅𝑖𝑖𝑖𝑖 =

With
𝑅𝑅𝑖𝑖 , 𝑅𝑅𝑗𝑗
𝑆𝑆𝑆𝑆
𝑆𝑆𝑖𝑖 , 𝑆𝑆𝑗𝑗
∆𝑅𝑅𝑖𝑖 , ∆𝑅𝑅𝑗𝑗

𝑙𝑙𝑖𝑖𝑖𝑖
𝑎𝑎𝑖𝑖 , 𝑎𝑎𝑗𝑗
𝐾𝐾𝑖𝑖𝑖𝑖

𝑅𝑅𝑖𝑖 + 𝑅𝑅𝑗𝑗
𝑙𝑙𝑖𝑖𝑖𝑖
𝑆𝑆𝑆𝑆
+ ∆𝑅𝑅𝑖𝑖 + ∆𝑅𝑅𝑗𝑗 + 𝐾𝐾𝑖𝑖𝑖𝑖 − 10𝑙𝑙𝑙𝑙
+ 10𝑙𝑙𝑙𝑙
2
�𝑎𝑎𝑖𝑖 ∙ 𝑎𝑎𝑗𝑗
�𝑆𝑆𝑖𝑖 ∙ 𝑆𝑆𝑗𝑗

(1)

sound reduction index of elements i or j in dB
area of separating element in m²
area of flanking element i or j in m²
sound reduction improvement index for element i or j
for resilient wall skin, suspended ceiling or floating floor in dB
common length of elements i and j in m
equivalent absorption length of an element i or j in m
vibration reduction index for transmission path i-j in dB

Depending on the geometric configuration, there are 2, 3 or 4 possible sound transmission paths. To name the
different paths the letter d and f are used in lower and upper case. The upper case shows that the element is in
the sending room, while the lower case describes an element in the receiving room. The separating element
gets the letter d and flanking elements the letter f. There are mixed transmission paths Df and Fd for partition
walls and the flanking transmission Ff. For partition floors, there is the path Df for impact sound transmission
and particularly in timber construction the path DFf, which describes the influence of the floating screed on
the upper flanking wall. Figure 3 illustrates the different transmission paths.
The various possibilities to form a junction in timber construction are illustrated in Figure 5. These junction
types define the values of the vibration reduction index on each transmission path.

Figure 3 – Sound transmission paths with the paths Ff, Df, Fd and DFf for the impact sound transmission of
a ceiling (left), sound insulation of a ceiling (middle) and sound insulation of a wall (right) [6]

5
5.1

Sound insulation prediction with IFC
Sound reduction index of elements

As shown before, implementing the prediction of sound insulation into a BIM workflow in the early-design
stage would considerably help the engineer speeding up his calculation and thus, providing the planning team
with robust insights in acoustic properties of the construction in the early-design stage. However, engineers
can only use the advantages of a digital building model if the necessary data is contained in the model and can
be retrieved by the automated algorithms. This is true in particular for the early design evaluation of sound
insulation qualities of timber junction details. Since these construction details are typically designed much later
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in the planning process, our workflow aims for the integration of known or reasonable data for sound reduction
indices Rij for given junction details into the early design stage as well as the smooth controlling and
modification of those assumed sound insulation properties throughout the planning process with the help of
BIM.
Therefore, a team at Rosenheim’s Technical University of Applied Science (TH Rosenheim) works on the
implementation of the prediction of the sound insulation in the planning process with an open BIM approach
[7]. The building model used is an IFC data model with a level of detail that contains building components in
their correct position and their component structure (LOD 300, see Figure 4). This level of detail is required
as minimum in the acoustic model. For example, the building element layers must be available in the semantic
(ifcMaterialLayer) to find the correct sound reduction index or impact sound level of the element. Here,
consistency with the names of material layers is a big challenge but compulsory to effectively use databases
providing additional properties for sound insulation prediction tools. The values for the sound insulation of the
individual elements are retrieved from such manufacturer specifications or databases. An example is the
database VaBDat that provides one-third-octave-band data for the sound insulation and impact sound levels of
building elements, in particular timber elements. In addition, the vibration reduction indexes of junctions are
provided for various junction situations. The data provided in the database comes from research projects and
manufacturer information.

Figure 4 – Example of different Level of Detail in the IFC data model [8]

5.2

Junctions and junction types

Another challenge that is specific to the building acoustics of timber construction is the identification and
functional classification of junctions. Here, in addition to the flanking elements, the junction type is required
as it is shown in Figure 5). [9] defines and categorizes different junction types to be able to query database or
calculate the correct vibration reduction index.
In this early-design stage the IFC data model should include the correct geometry and material layers of the
building elements. But connection relations are often not included properly. Additionally, the IFC schema does
not provide detailed information on the junction, as required in timber construction and in the categorization,
at least not in early design stages and in many cases not at all. Therefore, the IFC data model is analysed for
the prediction of sound insulation before the prediction of sound insulation is performed. By filtering the model
in several steps with semantic information and with geometric rule sets, we determine the flanking elements
for the selected separating element. Subsequently, the exact geometry of all elements in the junction is
considered to choose the correct junction type to calculate the vibration reduction index and define the
transmission paths.
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Figure 5 – Types of junctions between building elements relevant for sound insulation according to [9]
5.3

Prediction with VBAcoustic

With the Excel-based tool VBAcoustic, it is possible to calculate the apparent sound insulation or apparent
normalized impact sound level according to [5] and [10] in one-third-octave-bands. The database VaBDat is
directly coupled with VBAcoustics and ready to provide the sound reduction indexes of elements and the
vibration reduction indexes of junctions. If data is not available, the elements can be picked from a catalogue
of known or measured configurations, provided by the TH Rosenheim. VBAcoustic also allows to manually
insert one-third-octave-band values from other sources.
5.4

Technical model for acoustic analysis

After the analysis of the IFC data model the necessary information about the elements and their junctions is
available. This data can be stored in a specific technical model that allows further calculations if needed. The
technical model for acoustics analysis already contains all relevant information to predict the sound insulation
for the building. It includes the component dimensions, the junction lengths and the exact layer composition
of the elements. It also includes relevant junction types as far as this is possible according to the IFC schema.
For the acoustic analysis elements are often separated into three layers: the core layer has a sound reduction
index 𝑅𝑅 and covering layers or suspended ceilings sound reduction improvement index ∆𝑅𝑅 or ∆𝐿𝐿𝑛𝑛 . Also, the
junction types only depend on the core layer. This idea can be reproduced in the technical model: A specific
representation context (IfcGeometricRepresentationSubContext) with this information can handle this
additional information. Therefore, the elements are divided into three layers: a core layer with the load-bearing
element and two outer layers. The core layer is mandatory, whereas the two outer layers are optional. For walls,
these outer layers are, for example, the facade cladding and the thermal insulation composite system. On the
inside, this layer often consists of the facing shell. For separating floors or roofs, the load-bearing layer also
includes the weighting. The floor structure from the impact sound insulation onwards is already the outer layer.
All parts of a suspended ceiling are part of the inner layer. Figure 6 shows this classification using three
building components as examples. As can be seen in Figure 7, the load-bearing core layer is relevant for
determining the junction types.
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Figure 6 – Example of the inner layer, core layer and outer layer for different elements

Figure 7 – Example of a junction detail for cross laminated timber elements with a slab and two walls as
flanking elements: the core layer determines the junction type Tv2-1-4
5.5

Use Case

In [7] the method to determine the junction type is explained in more detail. A prototype was developed as a
.NET framework with help of xbim Toolkit 1 to analyse IFC data models as described before. The use of
commercial BIM modellers like Autodesk Revit in combination with open BIM formats was done, to represent
a typical workflow in the current daily planning processes. Therefore, the use case building was modelled in
Autodesk Revit and exported into IFC4. This IFC data model was then analysed to determine the junctions of
a separating wall element. Figure 8 shows the real-world model with multiple storeys. This models is a testing
model focussing on walls and slabs to provide the algorithms with all the relevant junction types as described
above in a real-world modelling environment. The marked wall is chosen as separating element. Four junctions
with two different junction types are successfully recognized with the prototype.

1

https://docs.xbim.net/
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Figure 8 – Use case building with ifcWall as separating element and different flanking elements. The results
for the junction types determined are displayed on the right-hand side in the console output.

6

Conclusion and future work

The planning of sound insulation is a significant challenge in the design of timber buildings. Many details have
to be taken into account for the application in calculation methods, resulting in many different possible input
data. So far, there are no suitable software tools that generate the correct input data from BIM models. For this
reason, a research project is underway at the TH Rosenheim with the aims to fill this gap. It uses an Open BIM
planning process and an IFC data model. Through the conversion into a technical model for building acoustic,
components and element junctions can be analysed and interpreted for acoustic analysis. The future work
consists of reintegrating the new information about the junction type into the technical data model. This
approach helps to save the data for parameter analysis in the early-design stage when the most critical decisions
about element types and construction details are made.
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Abstract
The Brazilian government and construction market are setting the scene for the extensive adoption of the
Building Information Modeling (BIM). Therefore, a special committee ABNT CEE 134, was established at
the Brazilian organization for Technical Standardization with a dedicated WG for developing BIM objects
parameters national standard. This paper shows the challenges and solutions adopted on the development of
this standard, integrating the BIM workflow on an acoustic consultancy framework.
Keywords: BIM Acoustics, National Standard.

1

Introduction

With the arising of new technologies and methodologies, the exchange of information in many economic
sectors is getting faster and easier. Digital Transformation is already a part of the day -today of many
professionals and it is not different for the construction sector. The use of BIM (Building Information
Modelling) is expanding and transforming the processes of building design, construction, and facility
management. According to Jung [1] the design models generated digitally through this methodology, can
provide accurate and fundamental information that help decision making, improves collaboration and cost
reduction.
The adoption of BIM in Latin America is still in its initial phase. Based on a study [2] conducted with the
construction companies in 2020, it is possible to conclude that only 33% of the interviewed subjects are using
BIM for more than 5 years. Figure 01 represents the trajectory in the use of this methodology.
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Figure 1 –Trajectory in the use of BIM in Latin America based on study [2]
Figure 2, however, indicates that more than 47,6% of the companies that participated in this research are using
BIM in more than 60% of their project portfolio.

Figure 2 –BIM usage levels relative to the project portfolio in Latin America based on study [2]
According to the Latin American analysis [2] there are many actions that can be taken for the implementation
of BIM on a large scale. Firstly, BIM of the consultant companies adopted the trial-and-error model. Although
there are many different paths that can be adopted for the implementation of BIM, it is of great importance
that a National Roadmap is implemented. This could guide the workforce of the construction market to the
same objective. The Brazilian government in 2019 implemented a regulation, Decreto 9983 Estratégia
Nacional de Disseminação do Building Information Modelling no Brasil – Estratégia BIM BR [3] (National
Strategy for Dissemination of Building Information Modelling in Brazil - BIM BR Strategy), with the purpose
of promoting an adequate environment for investment in Building Information Modeling (BIM) and its
dissemination in the country. The roadmap proposed within the regulation was divided in three phases. From
January 2021, for certain public works, the use of BIM in the design process is already mandatory. Figure 3
represents the phases from 2021 to 2028.
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Figure 3 – BIM BR Roadmap [4].
For the BIM BR Strategy [4] nine different objectives were created, each one with their own action plans. One
of these objectives, the sixth one, is the development of technical standards, guides, and specific protocols for
the BIM adoption in the country.
A dedicated WG was created inside a special committee ABNT CEE 134 hosted at the Brazilian Organization
for Technical Standardization – ABNT. This Working Group has the responsibility for establishing the BIM
object parameters and was entitled “Requisitos de Objetos para Modelagem da Informação da Construção
(BIM)” [5] (Object Requirements for Building Information Modelling -BIM). It will also develop the second
set of Brazilian Standard related to BIM following the ABNT NBR 15965 series [6], published from 2011 to
2015.
The ninth part of this new ABNT standard (NWI without assigned number) is dedicated to discussing BIM
object requirements for acoustic analyses and is entitled “Objects in models used for acoustic analysis”. The
technical specification developed in this subgroup and presented in this paper are under the responsibility of
the here presented authors .
1.1

Objectives

The goal of this paper is to be a first approach on understanding how acoustic requirements could be
incorporated in the BIM object to enable, in synergy with the other stakeholders, acoustic specialists
developing their projects based on useful and reliable information contained in the BIM object.

2
2.1

The Brazilian BIM and Acoustic Panorama
The Acoustic Project

In Brazil the building design and construction business consider acoustic as a complementary discipline. In the
early stages of the building design, in general, acoustics consultants come into play by studies, simulations and
calculations in order to predict the acoustic behaviour of the proposed building design and its construction
systems.
To plan a construction, to design a building, or even carry out a retrofit might be a complex task. To make this
task easier, Architects commonly apply the strategy of breaking it into smaller parts. This work plan composed
3
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of phases can vary from place to place, but the aim is always the same: to divide the design and construction
process into steps to be followed.
In this study an adopted Architecture Plan Work with 5 generic stages is presented in Table 01. This plan was
based on the established by AIA (American Institute of Architects) [7] and the one suggested by RIBA (Royal
Institute of British Architects) [8].
Being acoustic a complementary discipline of the design and construction process, dividing the acoustic project
into smaller phases that are interdependent of the ones in the architecture plan of work, is favorable and can
bring many benefits. For example, calculations and performance predictions should be done in the early stages
of the design process so that adjustment can be done without further cost and construction implications.
With this in mind, and based on the author's experience, an Acoustic Plan of Work was developed. As can be
seen in Table 01, it contains 5 stages as defined below:
Stage 01 - Discovery and Criteria Definitions - Analyses of the architectural program, each room use, the
desired performance and the site constraints. Definition of acoustic criteria.
Stage 02 - Design Analyses and Prediction Simulations - Building design and construction system analyses
through prediction simulations. Adjustments and solutions are recommended.
Stage 03 - Technical Specifications and Drawings - Compatibilization of architecture and other disciplines
design, definition and drawings of acoustic solutions or technical specifications.
Stage 04 - Construction Documents and Acoustic Solutions Details - Construction documents with
consolidated acoustic solutions and technical specification are developed together with detailed acoustic
solutions.
Stage 05 - Construction Administration -Field visits and acoustic objects through the construction site are
conducted; reports are generated, and adjustments are recommended.

2.2

BIM in the Acoustic Project

Currently the BIM model has the capacity to deliver valuable information for each of the plan stages as
indicated in Table 01. For example, for prediction simulation it is possible to obtain room geometry, elements
material and manufacturers specifications. However, there is still a gap in the interoperability between BIM
and simulation tools. According to a study conducted by Jung [1]- Extended Capabilities of BIM to Support
Performance Based Design - there is no acoustic prediction software that is compatible with BIM. The main
problem remains in the data exchange between BIM authoring tools and performance assessment tools.
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Table 1 – BIM usage within an Acoustics Plan of Work
Architecture Plan of Work

Acoustic Plan of Work

1.Preparation and Briefing

1. Discovery
Definitions

2. Concept Design

2. Design Analyses and Prediction 3D geometry, areas/zones,
Simulations
elements
material
and
manufacturer specifications for
acoustics simulations

3. Development Design

3. Technical Specifications and Optimized
communication
Drawings
between
disciplines
for
acoustics specifications

and

BIM Usage
Criteria 3D geometry, areas/zones,
project location for acoustics
analysis

4. Construction Documents or 4. Construction Documents and Optimized documentation and
Technical Design
Acoustic Solutions Details
quantitative extractions for
construction detailing
5.
Construction 5. Construction Administration
Administration

Use of augmented reality and/or
digital twin for construction
administration

.

3

Development of the Brazilian Standard Object requirements for BIM Acoustic Analysis

During the development of the standard some challenges were faced. Firstly, BIM Objects cannot be dealt with
by themselves in a Building Acoustics context. For sound insulation predictions the performance of the
flanking elements and how they are connected is as important as the performance of the isolated partition. For
example, when predicting the airborne sound insulation between two adjacent rooms, it is indispensable to
consider the acoustical performance of the walls, which type of junction they have with the flanking slabs, the
acoustic performance of windows, doors, etc.
The second challenge is the lack of international references on how the acoustic parameters are being
incorporated to the BIM Object. So far in Europe, CEN TC 126 WG 12 is responsible for BIM Acoustics, but
up to now its main delivery has been a dictionary of acoustic properties that then correctly can be used in
databases, following the instructions of prEN ISO 23386 (Building Information Modelling and other digital
processes used in construction – Methodology to describe author, and maintain properties in interconnected
dictionaries). Given this scenario, it was not possible to follow a model that could be adapted for Brazilian
reality in the timeline of the BIM strategy Roadmap.
Following, the next section will describe the step-by-step approach that was followed to draft the proposed
standard.
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3.1

List of Acoustic Parameters

In the first step all the different acoustic parameters that are used in Brazil were listed as presented in Table 2.
Table 2: First proposal of Acoustic descriptors to be included in the BIM object.
Parameters

Description

Standard

Level of
Detail

R /Rw
Weighted Sound Reduction
(dB)
Index
ΔR/ ΔRw
Weighted Sound Reduction
(dB)
Improvement Index
Ln/ Lnw
Weighted
normalized
(dB)
impact sound pressure level
ΔLn /ΔLnw
Weighted reduction in
(dB)
impact sound pressure level
m
Surface Density
(kg/m²)
ղ
Internal Loss
(-)
fc
Critical Frequency
(Hz)
s’
Dynamic Stiffness
(MN/m³)
Room Acoustics

ISO 10140-2

Schematic

ISO 10140-2

Schematic

ISO 10140-3

Schematic

ISO 10140-3

Schematic

-

-

ISO 18233:2006, ISO
10848:2006,
-

-

α
(-)
αw
(-)
Aeq
(m²Sabine)

Sound Absorption
Coefficient
Weighted Sound
Absorption Coefficient
Equivalent Sound
Absorption Area Per Single
Object
Random incidence
Scattering Coefficient

ISO 354

Lw

Sound Power Level

Fn

Natural frequency

Geometry

Sound Insulation

s
(-)
Noise Control

-

ISO 9052-1:1989; ISO 12354- 2
Coordination

ISO 354 e ISO 11654
ISO 354 e ISO 20189

Coordination
Visualization

ISO 17497-1:2004

Coordination
Visualization

ISO 3741, ISO 3742, ISO
3743. ISO 3744, ISO 3745,
ISO 3746, ISO 3747, ISO
9614-1, ISO 9614-2, ISO
9614-3
ISO 2041 e ISO 4866

Schematic

-

Three parts compose the Table 2: Sound Insulation, Room Acoustics and Noise Control. Each of the sections
is composed of 4 columns. Column one is the list of acoustic parameters used in each of the acoustic fields
mentioned; the second is the description of the parameter; the next one is the referenced standard; the last is
the recommended geometric detail that should be used in the BIM model.
6
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The Object Requirements for Building Information Modelling WG decided to keep three levels of geometric
detail after analysing the standards NBR/ISO 16757-2 [9] and BS 8541-3 [10]: Esquemático (Schematic),
Coordenação (Coordination) and Visualização (Visualization). The three levels are compatible with the three
3D levels of the NBR/ISO 16757-2 and those presented in the BS8541-3. Although correlated to the five LOD
(Level of Development) introduced by American Institute of Architects (AIA) in 2008 [11], only the LOD,
200, 300-350 and 400 were contemplated.
Once the descriptors were listed, the issue of how they would be incorporated into the BIM object remained
unsolved. As mentioned earlier in section 2.1, in one of the stages of the Acoustic Plan of Work (stage 02) is
where acoustic prediction simulations are carried out. To be able to perform this detailed analysis the acoustic
consultancy needs the values of the corresponding acoustic descriptor in octave bands or ⅓ octave bands from
100 Hz to 3150 Hz, according to the required ISO Standard. To obtain these results, accredited laboratory
measurements must be conducted to characterize the construction object/system. Individual accr edited
laboratory reports are of great importance as in Brazil there is no official construction database with validated
acoustic data.
Also, Brazilian main construction systems are poorly standardized, essentially because they are not
industrialized off site solutions. In this scenario, for each solution adopted, a specific laboratory test might be
required. Therefore, the most pertinent solution to integrate the acoustic parameters to the BIM object was the
simplest possible: to incorporate, via link, the acoustic PDF test report of the applicable object elaborated by
any laboratory accredited by an entity associated with ILAC MR. In this way, solid and suitable data can be
extracted for acoustic predictions and design by specialists.
3.2

New Proposal

With the outcome of this first solution of adopting a laboratory link report, discussions about the final
requirements started to be developed within the working group. Table 3 presents the conclusion of what was
agreed. The entity ifcDocumentInformation was chosen for the IFC mapping. It is important to point out that
this entity can capture the metadata of any external document. The attributes: identification/DocumentID,
Name, Description, Document Owner, and IFCdate/time; were selected since the content of the document is
not defined in the specification.
The fundamental BIM model/object data for the acoustic simulation workflow would be as follows:

Figure 4 – BIM data for the acoustic simulation workflow.
Table 3 incorporates necessary data for BIM object properties specified by the Working Group, as well as
acoustic parameters. An example is presented using the acoustic descriptor R w -Weighted Sound Reduction
Index, as a requirement for BIM objects for acoustic analysis.
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Table 3: Object Requirements for Building Information Modelling for Objects in models used for acoustic
analysis.
ABNT NBR (no number) Object Requirements for Building Information Modelling (BIM) – Part 9: Objects
in models used for acoustic analysis
Item
Object Requirements
Example
01
02
03
04
05
06
07

08

09

Parâmetros
(Parameters)
Descrição
(Description)
Termo 0P
(0P Therm)
Código 0P
(0P Code)
Classe/Atributo IFC (BSDD)
(IFC class/atribute BSDD)
Obs: BSDD

RW

Preenchimento:
(O)brigatório/ (P)laceholder
(Fullfillment:
(O) Mandatory/
(P)laceholder)
Condição
(Condition)

O

Weighted sound reduction index
Weighted sound reduction index
0P. 60. 90. 23
Weighted sound reduction index
http://bsdd.buildingsmart.org/#concept/details/0N7ETm1OvCJwERvFLRdQ
mQ
http://bsdd.buildingsmart.org/#concept/details/1gEgviIuzFDOP1Y1EEcejv

Link to report of objects tested according to ISO 10140 -1 and/or ISO
10140-2 and ISO 717-1 in an accredited laboratory by an ILAC MRA
signatory entity.

Observação
(Observation)

Item 01 represents the symbol of the chosen parameters, shown in Table 1 after the red ones were discarded,
to enable acoustic simulations.
Item 02 contains the parameters description.
Item 03 consists of the NBR 15965-2012 - Construction Information Classification System- that determines
terminologies, classification systems and group classification relating to the characteristics of the construction
objects. The NBR 15965-2012- Part 2: Characteristics of Construction Objects, present the classification of
the Zero Group [12]. Being related to the characteristics of the construction objects, the Zero Group introduces
two classes; the 0M Classification that corresponds to construction materials, and 0P Classification that
corresponds to the construction properties. Acoustic properties are incorporated to the 0P class which is
represented by the table in Figure 3.
One of the tasks during the framework development was to verify if any of the requested acoustic parameters
were already contemplated in the 0P table. Since none of them were catalogue, new ones should be included
once the 0P table is reviewed.
Item 04 presents the new 0P codes related to the new 0P parameters.
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Figure 5 – 0P Table of NBR 15965-2012- Part 2
Items 05 and 06 are associated with IFC classes and attributes. In addition, the right IFC class or attribute
needed to be listed according to each of the chosen parameters. It is possible to have access to this type of
information via an online service: the buildingSMART Data Dictionary (bSDD). This database hosts
classification and their properties, allowed value, units, and translations [13]. It was possible to find some of
the descriptors, such as Sound Power Level, Weighted Sound Reduction Index, Weighted Normalized Impact
Sound Pressure Level and Weighted Sound Absorption Coefficient which web links were listed.
Item 07 corresponds to the type of data if it is a placeholder or mandatory. The acoustic parameters were all
considered mandatory.
Item 08 determines the object condition. The only prerequisite, for acoustics analysis, is that every
manufacturer/designer that wants to embody acoustic properties of an BIM Object must add a link to the
corresponding laboratory tests reports, following the corresponded ISO standards. This report must be issued
by a laboratory accredited by an entity associated to ILAC Group,
Item 09 is an open field for any comments or observations.

4

Conclusions

It is understood that incorporating acoustic requirements on BIM objects through an external link that leads to
the PDF report perhaps is not the most innovative solution, but it answers the present Brazilian demand. When
considering the acoustic project and its integration with BIM, this result does not solve the interoperability
problem between BIM tools and acoustic prediction tools, but it will help acousticians with stage 02 - Design
Analyses and Prediction Simulations, where it will be easier to extract the necessary data from the BIM object
for acoustic simulations and studies.
It is also taken for granted that a construction database that contains characteristics of the construction
elements, including acoustics data, such as the CEC from CTE (Código Técnico de la Edificación) from Spain
[14], would be very useful. This could increase the precision of information incorporated into the BIM object,
as not only the acoustic data would be more reliable but also the one from other disciplines.
9
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In the future there is the opportunity to reference the acoustic requirements of BIM objects as a universal file,
such as the one implemented by IES (Illuminating Engineering Society) together with ANSI (American
National Standard Institute). These institutions established a standard format for the electronic transfer of
luminaire optical data. The published ANSI/IES TM-33-18 [15] incorporates standardized, XML-based data
format for use with all lighting applications.
Further work must be done, together with software developers, so that in the future acoustic data integrated in
the BIM object could be exchanged directly with acoustic performance tools. This would help not only the
acoustic consultancy work but also to optimize the BIM workflow.

5
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Abstract
Recent communications from the European Community oblige Member States to use the BIM (Buildilg
Information Modeling) in the realization of public works. At European level countries like the United
Kingdom, Sweden, The Netherlands and Denmark have already used BIM models for the management of the
built heritage for several years. At extra-European level China, the USA and in particular Singapore have
long taken the road to digitization of buildings and more generally of the built heritage. What drives to
digitalization is saving money that these digital procedures allow in the different phases of life of buildings.
The present work is aimed at outline an overview of the use of Open Source BIM models regarding the
management of acoustic problems, both for the acoustic performance of buildings and from the point of view
of environmental acoustics. In the work the main open source data formats available today, such as IFC and
CityGML, some of which are recognized as standard from ISO. The data concerning the acoustic issues
present in the various formats will also be analysed and one Data Template will be proposed for the lack of
parts or missing according to the provisions of the various international standards.
Keywords: BIM, IFC format, BIM rules, Acoustic whit BIM, acoustic digitalization.

1

Introduction

Acoustic comfort is linked to the environment and life quality. The health implications generated by noise
are increasingly leading to urban planning and building design with particular attention to acoustic aspects.
Among the different types of source, the noise generated by road traffic, according to the data published by
EEA [1], is the most frequent source of outdoor noise pollution in Europe and affects different aspects of
population health [2, 3] and on the quality of the environment built in terms of decrease in value [4]. The
digitization of building processes adopted by the European Community with Directive 2014/24/EU [5] leads
to a process of innovation that, among the various themes, includes the management [6] and design of
measures to control and limit noise pollution. The BIM (Building Information Modelling) derives as a
consequence of economic aspects. Its application has made clear the amount of savings achievable in the
management phase of a property. Today more than ever it constitutes an innovative tool that is increasingly
used for the solution of acoustic problems both on a building scale and on an urban scale. More and more
1
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often the BIM model is the starting point for the definition of the BPS (Building Performance Simulation) to
estimate the performance of the building in the design phase [7]. One of the fundamental aspects of Building
Information Modelling is to represent the building or the set of different buildings geometrically through the
realization of a three-dimensional model [8-12,15] to which associate different types of information [16-18].
In this work the main BIM Open Source formats [13,16,19,20] used for interoperability and exchange from
the various BIM Authoring platforms are presented. For the main IFC [21] and CityGML [11,14] data
formats and field of application are also reported. Nowadays, different reference standards [22-40] and
procedures are available today for environmental acoustics and building acoustics design. They are
applicable both a in the concept and project phase, as well as in the phase of on-site measurements
[12,14,20,41-43].

2

Procedures and data for the use of the BIM models

Bazjanac since 2001 [44] has identified time savings in the order of 75% for the creation of the building
geometry in small or medium buildings through the correct application of automated processes. From the
acoustic point of view the use of BIM to create BAM (Building Acoustic Modelling) is currently being
studied by researchers and producers of software tools.
In Figure 1 is shown the logical structure of a BIM model referring to the building. Within a model, different
types of zoning can coexist according to different objectives such as energy, fire safety and acoustic aspects
[18,20]. The zoning is simply the logical grouping of the rooms that in IFC language are called SPACE
"IFCSpace".

Figure 1 – Data Structure IFC BIM Model for BAM creation and Model Checking.
Figure 2 shows all the parameters (information) and the geometry that the BIM model should contain for the
calculation of the performance during the project and for the instrumental verification phase (on-site
measurements) of the various parameters, as well as the acoustic classification at end of construction work
[41]. Note that, while for the project phase it is essential to know the performance parameters of the building
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components and plant systems for the purpose of the predictive calculation, for the verification phase the
knowledge of the geometry is required as the performance is verified with on-site measurements.

Figure 2 – Acoustic data needed to IFC BIM Model for BIM Validation, Clash Detection and Code
Checking.
In the final verification phase, thanks to the use of the BIM model, it is possible to choose which elements
submit to verification tests. The criteria applied for the choice of these elements can be different, for example
by the analysis of the room/element geometry or based on the results of predictive calculations carried out in
the project phase [22], according with the standards of the ISO 12354 series [25-30].
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Figure 3 shows the workflow for the generation of the BAM acoustic model [18,20,41-43,45]. The work tool
analyses the BIM model in IFC format [19-21] and returns the acoustic zoning, highlighting missing
information and integrating missing or lacking data.

Figure 3 – BIM Tools: generation of the BAM model and update of the BIM model.
The City Geography Markup Language (CityGML) [46] is a concept for the modelling and exchange of 3D
city (Building Information Modelling at the city level or neighbourhood) and landscape models that is
quickly being adopted on an international level. CityGML is a common information model for the
representation of 3D urban objects. It defines the classes and relations for the most relevant topographic
objects in cities and regional models with respect to their geometrical, topological, semantical and
appearance properties. It includes generalization hierarchies between thematic classes, aggregations,
relations between objects, and spatial properties. In contrast to other 3D vector formats, CityGML is based
on a rich, general purpose information model in addition to geometry and graphics content that allows to
employ virtual 3D city models for sophisticated analysis tasks in different application domains, like
simulations, urban data mining, facility management, and thematic inquiries. Targeted application areas
explicitly include: urban and landscape planning; architectural design; tourist and leisure activities; 3D
cadastres; environmental simulations; mobile telecommunications; disaster management; homeland security;
vehicle and pedestrian navigation; training simulators; and mobile robotics. CityGML is realised as an open
data model and XML-based format for the storage and exchange of virtual 3D city models. It is implemented
as an application schema for the Geography Markup Language version 3.1.1 (GML3), the extendible
international standard for spatial data exchange issued by the Open Geospatial Consortium (OGC) and the
ISO TC211 [47]. CityGML is an official OGC Standard and can be used free of charge. Figure 4 shows an
example of information modelling at urban scale. The model shown with the Google Earth Pro application
[48] represents in the urban scale huge by integrating all a series of non-geometric information and the threedimensional geometry. Currently the two formats are not really interoperable and will probably never be, as
they have The CityGML format is currently not compliant with an ISO standard as the IFC format but it is
likely that it becomes in a near future. The interoperability between CityGML and IFC, when this is
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necessary can in be implemented through the BIM Tools applications, in particular Web Application [49],
that allow to read both IFC and CityGML formats.

Figure 4 – Example of City Model.
Figure 5 shows the flow of information that a BIM tool, capable of read the two open formats mentioned
above, is able to manage in order to perform analyses and assessments on a single building, connecting it to
the environmental context where it is located.

Figure 5 – Flow of the BIM tools data for read and use the information of CityGML and IFC.
5
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Through the use of a specific BIM Tools it is possible to perform simulations of building acoustic
performances [22,41,42] and, at the same time, to evaluate the sound pressure levels due to road traffic or
other sources [1,2,23,24,50-53], both calculated and measured, which affects a given neighbourhood or an
area of the city. As a result, it is possible to ensure adequate sound insulation of the facade of a building and
assess whether the performance provided for each building in an area is sufficient or whether it is necessary
to increase it. Alternatively, traffic noise mitigation measures can be taken when existing buildings are not
sufficiently insulated.

3

Conclusions

The present work analysed the BIM digital procedures for use in the field of building acoustics and
environmental acoustics. The open formats and the interoperability of the information combined with the
analysis of the reference regulatory standards for the various themes showed how the use of BIM procedures
can be very advantageous in terms of time savings and number of scenarios processed to support the
decision-making process. The implementation of this methodology, on which numerous countries stable
investing, suggest that in the future the entire design and management process will be applied to the "digital"
buildings, as well as to the management of noise-related environmental problems. In conclusion, from the
results of several studies, it is clear that today many tools for performance calculating and information
management in the acoustic field are oriented the use of interoperable BIM models. At the same time, it is
observed that this process is also implemented at technical standards level, with the establishment of working
groups dedicated to this topic.
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Abstract
The floor-impact sound transmission characteristics through floor structures are of great importance from
the viewpoint of quality of sound environment. The sound insulation performance of the floor structure is
commonly evaluated based on the sound pressure levels, which are measured by exciting the surface of the
floor with various kinds of devices suitable for each purpose of the sound insulation evaluation. To obtain
the sound insulation performances of heavy- and light-weight impact sound, the bang machine, impact ball,
and tapping machine are utilized as the devices for excitation. Then, the measured and evaluated results by
using these excitation methods greatly depend on the time and frequency characteristics of the excitation
force itself. The structure-borne sound transmission characteristics can also be numerically predicted by
using the SEA, FEM, and FDTD. However, in the present situation, the numerical modelling of the
excitation characteristics should require more investigation to be incorporated into such a discrete wavebased numerical prediction of vibration characteristics. To investigate the simulation method of the time and
frequency characteristics of the vibroacoustic transmission between the floor structures, the collision
between the free-fall mass and the elastic plate-like structure are modelled by the one degree-of-freedom
model structured on the discrete wave-based numerical analysis of bending vibration with finite-difference
time-domain (FDTD) method. In this paper, as the basic study, the excitation characteristics of the generallyused devices of the impact ball, bang machine, and tapping machine are simulated, and are applied to a
numerical case study targeting at prediction of the impact sound pressure levels inside a wall-type concrete
structure.
Keywords: structure-borne sound, vibroacoustic finite-difference time-domain method.

1

Introduction

The floor-impact sound transmission characteristics through floor structures are of great importance from
the viewpoint of quality of sound environment. The sound insulation performance of the floor structure is
ordinarily evaluated based on the sound pressure levels, which are measured by exciting the surface of the
floor with various kinds of devices being suitable for each purpose of the sound insulation evaluation. In
order to obtain general vibroacoustic characteristics of the floor structure, the impact hammers are used,
while the sound insulation performances of heavy- and light-weight impact sound are measured and
evaluated based on the method described in the JIS 1418-1 [1] and -2 [2], respectively. In the latter case, the
bang machine, impact ball, and tapping machine are utilized as the devices for excitation. Then, the
measured and evaluated results by using these excitation methods greatly depend on the time and frequency
characteristics of the excitation force itself.
1
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On the other hand, the structure-borne sound transmission characteristics can also be numerically
predicted by using the statistical energy analysis (SEA) [3-5], the finite-element method (FEM) [6], and the
finite-difference time-domain (FDTD) [7-13]. Especially in the prediction by FEM and FDTD, the floor
impact sound is predicted based on the discrete numerical schemes. In most cases, the excitation
characteristics caused by various kinds of impactor are modeled by some mathematical functions such as the
Gaussian’s [13]. On the other hand, some researches for modeling the excitation characteristics of the
excitation devices for heavy-weight floor impact sound measurement are conducted [14-16], however, in the
present situation, the numerical modeling of the excitation characteristics should require more investigation
to be incorporated into such a discrete wave-based numerical prediction of vibration characteristics.
In the present study, for the purpose of development of the numerical method of the time and frequency
characteristics of the external forces excited by various kinds of impact method, the collision between the
free-fall mass and the elastic plate-like structure are modeled by the one degree-of-freedom model structured
on the discrete wave-based numerical analysis of bending vibration with FDTD. In the present paper, as the
basic study, the excitation characteristics of the generally-used devices of the impact ball, bang machine, and
tapping machine are simulated, and are applied to a numerical case study targeting at prediction of the
impact sound pressure levels inside a wall-type concrete structure.

2
2.1

Numerical method
Basic theory of FDTD

The present study investigates the time-domain calculation for bending vibration analysis of a thin plate by
using the FDTD method, which simulates the vibration propagation by sequentially performing time
integration on the orthogonal meshes. Vibration analysis of a planar structure is performed by discretizing
the bending wave on a thin plate in the x-y plane by finite-differential approximation in time and space. For
the bending wave simulation, the following vibration equation based on the Mindlin-Reissner thick-plate
theory [17, 18], which is excited by the collision force F caused in the contact between the present elastic
plate and the dropped free-fall mass, was used:
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where w is the displacement of the out-of-plane deformation of the plate;  and  are coefficients for
modeling the damping characteristics of the bending deformation; D is the flexural rigidity
( D  Eh 3 12 1   2  ); and plateh3/12 is the rotational inertia. The other coefficients, E, plate, h,  k, and G are
Young’s modulus, the density of the plate, the thickness of the plate, Poisson’s ratio, Timoshenko’s shear
coefficient, and elastic shear modulus, respectively. Finally, the discrete equation, which is obtained by
applying a finite-difference approximation to the above mentioned basic equation, is solved in every time
step. The updating method based on Eq. 1 is described in detail in the previous study [11].
2.2

Modeling of Collision between mass and plate

The dropped materials such as the impact ball, bang machine and the hammer of the tapping machine are
modeled as a one degree-of-freedom mass model of Fig. 1, in which the mass falls on the elastic plate
accelerated by the gravity. When the mass collides with the elastic plate, the contact force is caused, which is
calculated using the following contact model between the dropped material and the elastic plate. Then, the
2

1701

acceleration, velocity, and displacement of the mass and each part of the elastic plate are calculated from the
obtained contact force using the finite-difference scheme.
In the present study, firstly, the free-fall of the mass is calculated by considering the gravity as shown in
Fig. 1(a). Then, the contact force between the dropped mass and the plate, defined in the normal directions of
Fig. 1, was calculated. The contact forces F in case of the impactors of the impact ball and bang machine are
expressed as follows based on the linear Voigt model:
F  k    c  
(2)
  wm  wi , j  rth

(3)

  w m  w i , j

(4)

where  and  are the relative displacement and velocity between the mass and the plate, k is the spring
constant, and c is the viscosity constant. Here,  is calculated by using the displacement of the mass wm, that
of the elastic plate at the contacting grid wi,j, and the threshold distance rth which is set to be equal to the
radius of each impactor, whereas  is calculated as the difference between the velocities of the mass w m and
plate w i , j . On the other hand, the contact force F in case of the tapping machine with relatively higher
Young’s modulus is expressed as follows based on the Voigt model with a nonlinear Hertz spring, which is
commonly used in the researches of the discrete element method [19]:
F  k   3 2  c   1 4  
(5)
K



4  Em E p r

3 Em 1  p2   E p 1  m2 

(6)



where E is the Young's modulus, and r is the radius of the mass. The subscripts m and p mean the mass and
plate, respectively. In this case,  and  are calculated as the same way using Eqs. (2) and (3), and the
threshold distance rth was set to zero, because the surface of the bottom of the tapping hammer has curvature
radius of 500 mm and that is almost flat. In order to simulate the mutual effect caused by the collision
between the mass and the plate, the contact force F was treated as the external force as shown in Eq. (1),
whereas the mass is accelerated by the acted force of F.
The numerical parameters used in the simulation are indicated in Table 1. The spring constants of the
impact ball and bang machine are difficult to define because they have complex structures composed of the
rubber and air layers. In addition, the elastic properties of these materials can be greatly changed [20] due to
the inflation air pressure. For these reasons, in this study, the spring constants k were simply estimated as
2
k   2  m  f r 2 by using the first mode frequencies fr and the weight m of the impact ball and bang machine
[21], which were reported as 24 and 25 Hz, respectively. On the other hand, the viscosity constant c is
calculated as follows.
(7)
c   mk
 2

 ln R 

2

 ln R 

2

 2



(8)

As can be seen in Eq. (8), the damping coefficient of the Voigt model  can be simply obtained from the
coefficient of restitution R. Herein, for simplicity, the restitution coefficients of the impact ball and bang
machine were assigned as the values indicated in Table 1, which are defined in the JIS 1418-2 [2].
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Figure 1 – Schematic of the numerical model of the collision between the elastic plate and the free-fall mass,
and (b) the arrangement of the displacements on each of the discrete grid on the 2-dimensional plate model.
Table 1 – Numerical parameters set in the FDTD simulation.
Ball

Car-tire

Tapp.
Concrete
hammer

Spring const., k
4
5
10
―
6.17・10 1.66・10 2.20・10
[N/m]
Damping coef.  [-] 0.141
0.141
0.103
Viscosity const., c
55.7
156.0 1.09・104
―
[N・s/m]
Young's modulus
11
10
―
―
2.0・10 2.4・10
2
[N/m ]
Poisson's ratio [-]
0.3
0.3
―
―
Drop height [m]

1.00

0.85

0.04

―

Coef. rest., R [-]
Weight, m [kg]

0.80

0.80

0.85

―

2.5

7.3

0.5

2,400*

4.5

24.0

50

―

2.25

12.0

0.0

―

3

or density [kg/m ]*
Radius, r [cm]
Threshold distance,
r th [cm]

3
3.1

Numerical study
Simulation model

Firstly, the spatially discretized vibroacoustic model of the structure consisting the walls and floor slab
with thickness of 150 mm shown in Fig. 2(a) was modeled as composites of the two-dimensional plate and
three-dimensional acoustic cubic elements, and the radiated sounds from the floor slab and wall structures
are simulated by setting the source and receivers as shown in Fig. 2(b). The coupling scheme between the
sound and vibration field should be referred to [11]. Then, the excitation characteristics acted by the impact
ball, bang machine, and the hammer installed in the tapping machine are predicted. In the one DOF mass
model, the spring and viscosity constants, required for simulation of the contact forces between the mass and
plate, can be calculated by setting the parameters indicated in Table 1. In the updating calculation of FDTD,
the discrete spatial and time intervals of the two-dimensional plate elements are set to x = y = 0.02 m and
4
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t = 1/48,000 s, whereas those of the three-dimensional acoustic element are set to x = y = z = 0.02 m
and the same interval of t as the above. The sound pressures defined at the five receivers from Rs1 to Rs5
shown in Figs. 2 (a), (b) and (c) were calculated by changing the excitation point into the five from S1 to S5.
The statistical-incidence absorption coefficient of 0.06 for the surface of the concrete walls, including the
target floor slab was adopted for all the frequency bands among 16, 31.5, 63, 125, 250 and 500 Hz. The
statistical-incidence absorption coefficient of 0.06 corresponds to normal-incidence absorption coefficients
of 0.032 which is simulated by setting the normal-incidence acoustic impedance of 50,000 Ns/m3. Lastly, the
contact force between the one DOF mass model of each impactor and the elastic plate was calculated, when
the distance between the center point of the mass and the plate becomes smaller than the threshold distance
rth.
5,400

(a)

(b)
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1,350

Receiving room

x

Rs3

900
Rs3,S3
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･･･ S1,2
S3
S4,5

x

1,350

900

3,500

Source room

1,350
5,400

Rs5,S5

1,350

Unit: mm

Figure 2 – Three-dimensional numerical model and (b) the arrangements of the source and receivers on the
numerical model.
3.2

Results and discussion

The impact forces of the impact ball, bang machine, and the tapping hammer, when they are
dropped from each of the drop height shown in Table 1, are shown in Fig. 3. The measurement
results are referred from [2, 14] as shown in the figure. It should be noted that the calculated
velocities of the ball, car-tire, and tapping hammer at the just time of the collision were consistent
with the theoretically obtained collision speed v, which are obtained as v  2 gh where g and h are
the gravity and the drop height, respectively. The time duration and the maximum force of the
transient force characteristics of (a) bang machine and (b) impact ball obtained by FDTD show
generally good agreement with the reference data. In case of the bang machine, the change of the
maximum excitation force due to the dropping height is also well simulated. Compared to these
heavy-weight impactors, the light-weight impactor of the tapping hammer shows relatively short
duration time and has relatively higher frequency components. Figure 4 shows the impact force
exposure level of these impactors with the referred measurement results [23, 24]. In these results,
the frequency characteristics of these impactors also show agreement with the reference data.
However, the numerical results also show slight difference in the higher frequency ranges,
especially in the 125 and 250 Hz for the bang machine, and 250 and 500 Hz for the tapping
machine, respectively. It may be considered that the numerical errors due to the deviation between
the determined numerical parameters for the one-dimensional modeling of the collision and those in
the real phenomena appeared especially in the higher frequency range.
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Figure 3 – Numerical results of the excitation forces in case of (a) bang machine, (b) impact ball, and (c)
tapping hammer, and the reference data [2, 14].
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Figure 4 – Numerical results of the impact force exposure levels, and the experimental data referred to the
references [23, 24].

4

Conclusions

A numerical simulation method of the impact forces of free-fall mass acted to elastic plates is proposed
based on the FDTD method. The comparison of the calculated impact forces and the impact sound pressure
levels calculated by using the impact forces with the measurement results has shown a general validity of the
proposed method.
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Abstract
Structure-borne sound of waste water pipe systems often dominates disturbing noise from sanitary installations
in buildings. While flushing the cistern of a WC, water runs through the ceramic into the down pipe of the
waste water system and causes there intensive vibrations on the pipe structure. These vibrations are led into
building elements (e.g. installation wall) passing fixing elements like pipe clamps. For the determination of
the acoustic performance of the pipe system, including the fixing elements, it can be separated from the sanitary
installation and build up in a special test facility according standard EN 14366 [1]. The results of these
measurements not only allow to compare different pipe systems, but also to create input data for prediction
calculations according standard EN 12354-5 [3]. Therefore, EN 14366 will be updated soon. Besides the
airborne sound power in the installation room, the output of the new measurement method will deliver blocked
force, free velocity and source mobility as the complete source data.
The presentation will show first results of the draft standard prEN 14366 [2], determined in the test facility at
Fraunhofer IBP in Stuttgart.
Keywords: installation noise, wastewater installations, structure borne sound power, blocked force, source
characterization.

1

Introduction

Noise from waste water installations is generated by the flow of water in a piping system. Depending on the
volume flow rate inside the pipe, discontinuities in the down pipe installation, like inlet-tees or at the end the
basement bend, cause structure borne vibrations on the pipe wall and the system itself. Due to the connection
of the pipe system with fixing elements (pipe clamps) the vibrations are led into the building structure.
Consequently, radiated as airborne sound, the waste water noise often is a problem in noise protection in
adjacent rooms in need of protection in buildings.
A first standard on laboratory sound measurements of waste water installations (EN 14366) was published in
2004. The future standard will focus on laboratory characterization of waste water installations for both
airborne and structure-borne sound by using the same characterization methods as for building service
equipment with the measurements methods following EN 15657 “Acoustic properties of building elements
and of buildings - Laboratory measurement of structure-borne sound from building service equipment for all
installation conditions” [4]. The results of the measurements according the revised standard draft prEN 14366
[2] can be later used for comparing systems and as well for prediction calculations in standard EN 12354-5
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“Building acoustics - Estimation of acoustic performance of building from the performance of elements - Part
5: Sounds levels due to the service equipment” [3].
The paper shows first measurement results of the structure borne sound of a plastic waste water pipe system
according the draft prEN 14366 [2]. The other parameters such as airborne sound radiation and free velocity
are not considered further here.

2

Test facility set-up and used waste water pipe system

The noise of sanitary installations can be measured in a special test facility at the Fraunhofer Institute for
Building Physics in Stuttgart. This test facility, specially designed for measuring very low sound levels, can
be used to test all types of domestic installations under practical conditions. The installation wall set-up in the
test facility has a weight per unit area of 220 kg/m² and thus corresponds to the lightest single-shell solid wall
permitted for mounting sanitary installations according to the German Standard DIN 4109 without special
proof of suitability. These wall properties also comply with the specifications of EN 14366.
The test setup and the performance of the measurements are carried out according to EN 14366. In the test
facility, the wastewater system extends over several floors, as in practice (see Figure 1). The measurements
are performed at stationary water flow with volume flows of 0.5, 1.0, 2.0, and 4.0 l/s (for pipes with an inner
diameter of 100 – 125 mm).
The sewage system used, consisted of a commercially available plastic pipe system (OD 110) with steel pipe
clamps with rubber inserts. Detailed characteristics such as wall thickness and density of the tested pipes, as
well as the fastening details of the pipe clamps, are listed in Table 1.
Table 1 – Detailed properties of the tested waste water pipe system (see. Figure 1 and Fehler!
Verweisquelle konnte nicht gefunden werden.).
Material:
Straight pipes:
Fittings:
Pipe clamps:

„plastics“, PP-MD,
polypropylene with mineral additives
DN 110 (nominal diameter) / OD 110,
wall thickness = 3,6 mm, density = 1,3 g/cm³
inlet-t 87° IR and 2 x 45° basement bend,
wall thickness = 3,6 mm, density = 1,2 g/cm³
steel parts with profiled rubber inlay,
diameter 108-114 mm, torque 3 Nm, studs M10 and plastic dowels
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RR

SR

Figure 1 – Top left: Test facility with standard set-up for measurements according EN 14366 [1], [2]; (RR:
receiving room, SR: source room).
Top right: Test object, waste water plastic pipe system (OD 110) with steel pipe clamps with rubber inlay
installed in the test facility (SR), with measurement equipment.
Bottom (from left to right): - Details of waste water system: Straight pipe with steel pipe clamp with rubber
inlay and measurement equipment. - Inlet tee, closed with end cap. - Basement bend (2 x 45°).
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3

Measurement procedures

Several measurement methods are possible for determining the structure-borne sound power or blocked force
of waste water pipes. Each method has its advantages and disadvantages, and the most important differences
are described below. In general, the procedures can be divided into direct method (3.1) and indirect method
(3.2). In addition, the current method (EN 14366:2020-02) is briefly presented in order to be able to draw a
comparison at the end.
3.1

“Direct method”, real part of the cross power spectrum

In order to directly determine the structure-borne sound power of a sewage system, in principle only one
measurement is necessary. Only to determine the blocked force, the input mobilities at the discharge points
should be determined separately. However, this measurement, together with a few additional measurements,
also forms the basis for the indirect measurement methods and is therefore also referred to as the calibration
of a reference structure borne sound source.
3.1.1 Calibration of the reference structure borne sound source (inertial shaker)
As a reference structure borne sound source an inertial shaker with a total mass of approx. 1.5 kg (see Figure
2) is chosen. The shaker was attached to the wall, exactly at the two contact points where later the two pipe
clamps are mounted, with some adapters and a force transducer in between. With the two accelerometers
straight next to the point of excitation it is possible to determine the real part of the receiver mobility
(Re(YR,low,j)) (installation wall) and also the real part of the cross-power-spectrum (LWs,cal,j) for the power
substitution methods. The two mobilities of the two contact points were averaged according equation (2).
Within the same measurement, the average velocity (L<v>,cal,j) of the wall (Figure 2, right picture) was
measured. To determine the average velocity at the wall 32 positions were measured, of which four
representative positions were selected for further measurements. In addition to that, the average sound pressure
level (L<a>,cal,j) is measured in the receiving room behind the installation wall.

Figure 2 – Test set-up for the measurements with a reference structure borne sound source. Force and velocity
(real part of the cross-power-spectrum) measured on the contact point of a shaker with the installation wall
(left, source room). In addition, the average velocity of the wall (right picture) and the sound pressure level is
measured in the receiving room.
3.1.2 Direct characterization of the installed waste water pipe system
Since waste water systems are only connected to the wall via two contact points, it is also very easy to measure
the structure borne sound power directly. The method is the same as for the reference source and LWs
corresponds to the real part of the measured cross power spectrum. For the measurements, two force
transducers and four accelerometers are required to simultaneously determine the introduced structure-borne
sound power LWs,j at both pipe clamps (see Figure 3). The two LWs,j are summed up to LWs and according
4
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equation (1) LFb,eq,<direct> can be calculated with the measured real part of the receiver mobility. The advantage
of this method is, that it does not require the measurement of an average velocity level on a receiving structure
(e.g. installation wall), but for practical application in the day-to-day operation of a test laboratory, it is too
time-consuming to install the force transducers.

Installation
wall

Installation
room

Receiving
room

Figure 3 – Test set-up for direct measurement of the structure borne sound power of the pipe system. Force
and velocity (real part of the cross-power-spectrum) measured on the contact points of the pipe clamps with
the installation wall (source room) caused by the installed pipe system at various flow rates.
3.2

„Indirect methods“ or “Power substitution methods”

The indirect methods as the power substitution method are more practical for day-to-day operation of a test
laboratory. The measurements can be performed in two steps. First a calibration of the test facility is necessary
which is done here according chapter 3.1.1. This reference measurement “can be done once and checked
periodically” ([2], 5.2.1). With the reference measurement, it is possible to determine the structure borne sound
power or the blocked force of a specimen in a two room test lab (lab with source and receiving room) in two
different ways. One is described in draft prEN 14366:2021-06 for which even only one room (source room)
with an installation wall or receiving plate is required (see 3.2.1). The other method requires both, a source
room and a receiving room behind an installation wall (see 3.2.2).
3.2.1 “Power substitution method” according draft standard prEN 14366:2021-06
For the method described in the draft of future EN 14366 the velocity on a receiving plate (installation wall)
is measured. The difficulty here is to get the “real” average velocity, for which it is recommended to do some
pre-measurements to evaluate some suitable positions on the plate (see 3.1.1). A second problem can occur
when the systems are highly optimised and the induced velocity becomes very small, requiring a good choice
of accelerometers with a high sensitivity but also a possible measuring range up to at least 4 to 5 kHz. The
measurement itself is a combination of calibrating the wall with a reference source as described in 3.1.1 and
measuring the pipe practically installed on the wall (see Figure 4). With the obtained measurands it is possible
to calculate the structure borne sound power acc. equation (1). With the real part of the mobility (equation (2),
measurement acc. 3.1.1) at both connecting points, the blocked force LFb,eq,<v> is calculated acc. equation (3).
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(1)
(2)
(3)

Installation
wall

Installation
room

Receiving
room

LWs,cal,j, Re(YR,low,eq), (LWa,total, LWa,struc,cal,j)

L<v>, L<v>,cal,j , (LWa,struc,cal,j)

Figure 4 – Test set-up according draft standard prEN 14366:2021-06 [2]. Airborne sound pressure level
(airborne sound power) measured in the installation room (source room) with pipe installation and
measurement of the blocked force of the pipe system with results of the calibrated reference source and the
mean velocity level on the installation wall caused by the installed pipe system.
3.2.2 “Power substitution method” using the “structure borne/airborne transfer function”
It is also possible to measure the airborne sound in a receiving room behind the installation wall (see Figure
5) and calculate, using the airborne sound pressure level and the sound power level from measurements with
the reference source, the structure-borne sound power acc. equation (4) [5]. The advantage of this method is,
there is no need of sensitive velocity measurements in the day-to-day operation of the test laboratory and only
one high sensitive microphone on a rotating microphone boom with several fixed positions is sufficient to
evaluate the blocked force LFb,eq,<a> acc. equation (3).
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Installation
wall

Installation
room

Receiving
room

LWs,cal,j, Re(YR,low,eq), (LWa,total)

L<a>, L<a>,cal,j , (LWa,struc,cal,j)

Figure 5 – Test set-up with structure-borne/airborne transfer function. Airborne sound pressure level (airborne
sound power) measured in the installation room (source room) with pipe installation and measurement of the
blocked force of the pipe system with results of the calibrated reference source and the mean airborne sound
pressure level in the receiving room behind the installation wall caused by the installed pipe system.
3.3

Standard method according current standard EN 14366:2020-02 and link to the new draft

The current method relies exclusively on airborne sound measurements in the sending and receiving room (see
Figure 6) and a special measurement of the wall structural sensitivity. The results of this standard are sound
pressure levels and no structure borne sound power or blocked force, as they are needed for prediction models
described in EN 12354-5 [3]. However, in the draft of the future standard (draft prEN 14366:2021-06 [2],
Annex C) there is a link to calculate blocked forces from the airborne sound levels according the current
standard EN 14366:2020-02. With the “normalized structure borne sound level” Lsn (only airborne sound
measurements acc. EN 14366:2020-02) it is possible to calculate a sound power LWa,struc (equation (5)) and
together with the test wall structural sensitivity LSS (also acc. EN 14366:2020-02) the calculation of a blocked
force LFb,eq,<2020> acc. equation (6) is applicable.

7

1714

𝐿𝑊𝑎,𝑠𝑡𝑟𝑢𝑐 = 𝐿𝑠𝑛 + 4 𝑑𝐵

𝐿𝐹𝑏,𝑒𝑞 = 𝐿𝑊𝑎,𝑠𝑡𝑟𝑢𝑐 − 𝐿𝑆𝑆 + 10 lg(𝜌𝑐𝑊0 /𝐹02 𝑘 2 )

(5)
(6)

LSS: test wall structural sensitivity acc. EN 14366:2020-02; ρc: characteristic impedance of air (ρ in kg/m3, c
in m/s); k: wave number (m-1); W0: reference power (W0 = 10-12 Watt); F0: reference force (F0 = 10-6 N).

Installation
wall

Installation
room

Receiving
room

Figure 6 – Test set-up according the current standard EN 14366:2020-02 [1]. Airborne sound pressure level
measured in the installation room (source room) with pipe installation and in the receiving room behind the
installation wall.

4

Comparison of the different measurement methods

All methods provide a spectrum of the blocked force and according the draft of the standard there is no single
number value to compare the results directly. For comparison, we first look at the spectra (see 4.1.1). In order
to be able to easily compare the quality of the measurement results, it is now possible to calculate single number
values following EN 12354-5 [3] (see 4.1.2).
4.1.1 Comparison of “direct method”, “draft prEN 14366”, “structure borne/airborne transfer
function” and link to EN 14366:2020-02
For the comparison of the three different methods (“direct method”, “draft prEN 14366”, “structure
borne/airborne transfer function”) and the comparison with the current EN 14366 (link to EN 14366:2020-02)
we choose the measurements of a pipe system as described in 2. The results of the measurements with a volume
flow rate of 4.0 l/s and 0.5 l/s are shown in Figure 7. The results at 4.0 l/s are an example, where the values
match very well, because there is no problem with flow interruptions or background noise level issues. The
flow rates at 2.0 l/s and 1.0 l/s, which are also required to measure acc. the standard, are in the same range of
deviations. At flow rates 4.0 l/s, 2.0 l/s and 1.0 l/s the water slides down on the pipe wall and provides a stable
excitation of the pipe system. The results with 0.5 l/s have slightly larger deviations between the methods. One
reason for the poor reproducibility of the results at 0.5 l/s are quite often interruptions of the water flow inside
the pipe as a result of the small flow rate. Another reason is (maybe not with this acoustically not optimized
system), that the methods have different limits because of the effect of background noise on the results. Overall,
the results vary within a range of approx. 3 dB (averaged over all four volume flows and all one-third octave
bands from 50 Hz to 5 kHz). In higher and low frequencies there are deviations up to approx. ±5 dB. In the
middle frequencies, the deviations in all one-third octave bands are less than ±1 dB.
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Figure 7 – Comparison of the measurement results from the different methods to determine the blocked force
of the pipe system at two different flow rates. Left: 4.0 l/s, Right: 0.5 l/s.
green curve: “Power substitution method, according draft standard prEN 14366”, LFb,eq,<v>, red curve: “Power
substitution method, using the structure borne/airborne transfer function” LFb,eq,<p>, blue curve: “direct
method”, LFb,eq,<direct>, black curve: Link to EN 14366:2020, LFb,eq,<2020>
For the calculation of LFb,eq,<2020> (see 3.3) the measurement of LSS was not redone at this time, so a “practical”
case is simulated if the comparison of an “old” measurement according to EN 14366:2004/2020 with the new
method is aimed. In some one-third octave bands we have slightly higher deviations of the LF,eq,<2020> to the
new methods, but overall the deviations are in the range described above. The extent of the influence of the
deviations on a simply comparable single number value is shown below (4.1.2).
4.1.2 Comparison of the single number values, calculated following EN 12354-5, with the blocked forces
derived from the different methods
With the current EN 14366 it is possible to compare different pipes or systems directly with single number
values, but with the future standard this is no longer desired. To obtain single number values, these must be
calculated in a simulation or prediction model for buildings, e.g. to determine the sound pressure level in a
room and compare it with requirements or the acoustic performance of other products. For buildings in solid
construction, only the blocked force (LFb,eq) is initially required as the input variable of the pipe system. At the
IBP we chose a model following EN 12354-5 and used the IBP test facility (see Figure 1) as a reference
building to obtain comparative values. In the model, the direct transmission through the test wall and the
flanking transmissions are taken into account. At this early stage of the model and the first calculations with
the presented results of LFb,eq we have sum levels that are systematically about 3 dB below the directly
measured values, but for the direct comparison of the different presented methods, this is not essential at the
moment. Table 2 shows the results for all four volume flow rates and all four methods. To determine the
deviations between the methods, the method according to draft preEN 14366:2021-6 is chosen as reference
(Table 1, #1). As we can see in the last column, the average deviation between the different methods is about
9
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±1 dB and if we look more closely in the table, a maximum of only 2 dB between two discrete methods/volume
flows.
Table 2 – Calculated Installation sound levels (L’n,s,total [dB(A)]) with the different blocked forces (LFb,eq). The
method of draft prEN 14366_2021-06 was chosen as the reference to show deviations in a single number
between the results/methods of determining LFb,eq.

5

#

L’n,s,total [dB(A)]

4.0 l/s

2.0 l/s

1.0 l/s

0.5 l/s

1
2
3
4

L’n,s,total (LFb,eq,<v>)
L’n,s,total (LFb,eq,<p>)
L’n,s,total (LFb,eq,<direct>)
L’n,s,total (LFb,eq,<2020>)

24,3
24,8
23,4
25,4

20,7
21,2
19,8
21,8

17,4
17,7
16,6
18,2

9,3
9,2
7,6
9,3

Average
deviation
reference
+ 0,3
- 1,1
+ 0,8

Conclusions

All the methods (“direct method”, “draft prEN 14366”, “structure borne/airborne transfer function” and “link
to EN 14366:2020-02”) considered for determining the blocked force of a wastewater system are working
satisfactorily. Although in some one-third octave bands of the blocked forces the deviation is up to ±5 dB, the
“final results” of a practically comparable single number value calculated in a model (following EN 12354-5)
are highly comparable. According to the current state of research, this is only one of the first measurements in
relation to draft prEN 14366:2021-06, and in order to verify these results, it is necessary to test further pipe
systems, which is in progress at the Fraunhofer Institute for Building Physics IBP in Stuttgart.
Even though the draft standard suggests measuring the velocity on a receiving plate, in laboratories with an
existing receiving room, the “structure borne/airborne transfer function-method” can be used equally.
Measurements of airborne sound pressure levels are much less time consuming and sensitive in practical
“everyday” laboratory use compared to the structure-borne sound measurements with several individually
attached accelerometers. Furthermore in terms of signal-to-noise ratio, a measurement with high-sensitivity
microphones in a well-isolated test laboratory could prove advantageous for the characterisation of welloptimised waste water pipe systems.
The theories and studies to date assume a uniform introduction of structure borne sound at the attachment
points, but many systems used in practice have very different mounting conditions of the pipe clamps at the
top and bottom positions on the installation wall. In future studies, these variants must be investigated and
compared more detailed. In addition, the practical implementation of the missing values to be determined in
accordance with draft prEN 14366:2021-06 must be tested. These include the measurement of the free velocity,
the source mobility and the radiated airborne sound power of the pipe system in the installation room.
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Determining the influence of the junction length on the vibration
transmission across junctions
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ABSTRACT
Predicting the sound insulation between two spaces is a complex problem since it depends on both direct
sound transmission through the separating element and on flanking transmission paths. When conventionally
analyzing flanking transmission, a diffuse field is assumed in the walls and floors, which are modeled as plates,
while junctions connecting walls and floors are assumed to be of infinite extent. In the present work, a new
approach based on diffuse field reciprocity is proposed to account for the finite length of the junctions in a
rigorous way, while still assuming diffuse vibration fields. This approach relies on the computation of the
direct field dynamic stiffness matrices of the structural elements, which can be analytically derived for thin,
isotropic plates or numerically determined with finite elements and perfectly matched layers for thick plates
or more complex walls or floors. Using the new approach, practical design regression curves are determined
where the length of the junction is considered.

1.

INTRODUCTION

Effective protection from noise disturbance can be achieved by ensuring sufficient sound insulation in buildings.
Unfortunately, this is a complex technical problem, since design details and multiple transmission paths can
strongly influence the sound insulation [1]. Both the direct transmission through the element as well as the
flanking transmission can impact the overall sound insulation between two rooms.
When conventionally analyzing flanking transmission, a diffuse field is assumed in walls and floors, which
are modelled as plates. Junctions connecting the walls and floors are assumed to be infinite and the transmission
of vibration across the junction is calculated by integrating the plane-wave transmission over all possible angles
of incidence. Examples of this approach for homogeneous plate systems can be found in [2–4]. Up to now, it
has not been investigated how this conventional approach can be adapted to take the finite junction length into
account.
To address these limitations, an approach based on diffuse field reciprocity is proposed here. The diffuse
field reciprocity relationship relates the blocked reverberant forces in a a vibrating subsystem at the junction
to the direct field dynamic stiffness [5], i.e., the dynamic stiffness of the equivalent unbounded subsystem as
observed at the finite junction. The direct field dynamic stiffness matrices in the wavenumber domain can be
analytically derived for thin, isotropic, semi-infinite plates, as described by Langley and Heron [4]. Since the
assumption of thin plates is only valid at low frequencies, another method is proposed here to determine the
direct field dynamic stiffness using a combination of finite elements and perfectly matched layers. With this
method a combination of 2.5D finite elements and perfectly matched layers is used to model a semi-infinite
plate. The 2.5D finite elements allow modelling the 3D plate with a 2D mesh, taking into account that the
1
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semi-infinite plate is unbounded along the junction. This is combined with a perfectly matched layer which
absorbs outgoing waves to model the semi-infinite plate in the direction perpendicular to the junction.
In the presented work, both methods are used to calculate the direct field dynamic stiffness along the
finite junction in the spatial domain by introducing a correction for baffled boundary conditions. Due to the
computational efficiency of the new approach, vibration transmission across a large set of junction can be
calculated. From the data acquired from these simulations, practical design regression curves are determined
where the influence of the length of the junction is considered.
2.

METHODOLOGY

2.1. Determination of transmission coefficient
A finite junction is considered with a junction length L and N plates connected to the junction which runs
along the x-axis, as shown in Figure 1. The problem addressed in this paper is to calculate the transmission
coefficient, which is defined as the ratio of the power transmitted through the junction from plate j to plate l to
the power that is incident on the junction [1].
τjl =

Wjl
Winc,j

(1)

2

3
1
L
z x

...

y
N

Figure 1: Number of plates connected to a finite junction with length L.
A new approach is presented here, in which the diffuse field transmission coefficient τ̂jl is calculated via the
coupling loss factor η̂jl . The relation between these two is given by the following equation [6]
τ̂jl =

ωπSj
η̂jl
cg,j L

(2)

in which Sj is the surface area of plate j, cg,j is the group velocity of the considered wavetype in plate j and
τ̂jl is the diffuse field transmission coefficient between the considered wave types of subsystems j and l.
The coupling loss factor can be determined with the following formula, which is derived using diffuse field
reciprocity [5]





2

η̂jl =

P

r,s

(l)

Im Ddir,rs

(j)

−H
D−1
tot Im Ddir Dtot

ωπnj

rs

(3)

P s
(j)
(j)
in which Ddir is the direct field dynamic stiffness matrix of subsystem j, Dtot = N
j=1 Ddir where Ns is the
total number of considered subsystems and nj is the modal density of the considered subsystem of plate j:
nj =

Sj kj
2πcg,j

(4)
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in which kj is the wavenumber of the considered wavetype in plate j. Combining equations (2), (3) and (4),
gives the expression below for calculating the diffuse field transmission coefficient,
τ̂jl =






4π X
(l)
(j)
−H
Im Ddir,rs D−1
Im
D
D
tot
tot
dir
Lkj r,s
rs

(5)

Equation (5) shows that the diffuse field transmission coefficient for the transmission of bending waves
depends on the junction length, the bending wavenumber of the excited plate and the direct field dynamic
stiffness matrices of all plates that are connected to the junction. The direct field dynamic stiffness matrix is
the dynamic stiffness of the equivalent unbounded subsystem as observed at the finite junction of a considered
subsystem, and can be determined in multiple ways. Two possible methods will be discussed, where the first
uses thin plate theory to analytically derive the direct field dynamic stiffness matrix of a thin, isotropic, semiinfinite plate in the wavenumber domain. A second method uses a combination of 2.5D finite elements and
perfectly matched layers to determine the direct field dynamic stiffness matrix in the wavenumber domain.
Both methods will be discussed next.
2.2. Derivation using thin plate theory
This section discusses the direct field dynamic stiffness matrix of a thin, isotropic, elastic semi-infinite
plate in the wavenumber domain in the local coordinate system of the plate. The transformation from the
wavenumber domain to the spatial domain will be discussed in section 2.4. Since the in-plane (IP) and out-ofplane (OOP) behavior of the plate are decoupled, the direct field dynamic stiffness matrix is a block diagonal
matrix [4]
#
" (j)0
Ddir,IP (kx )
0
(j)0
Ddir (kx ) =
(6)
(j)0
0
Ddir,OOP (kx )

(j)0

Ddir,IP (kx ) =

kx2

−

(µ2S −kx2 )µL

Ej tj
2(1+νj )

 i(µ2 −νj k2 )kx
x
L
− µS µL
− iµS µL kx
1−νj2



(j)0
Ddir,OOP (kx ) = Ej tj 

1+νj

µ3B1 µB2 −µ3B2 µB1
12 1−νj2 (µB1 −µB2 )
3
µB2 −µ3B1 +(1−νj )(µB1 −µB2 )kx2
12 1−νj2 (µB1 −µB2 )

(

)

(

)

−i(µ2L −νj kx2 )kx
1−νj2
(νj kx2 −µ2L )µs
1−νj2



+
+

iµS µL kx
1+νj 
kx2 µS
1+νj

(7)




µ3B2 −µ3B1 +(1−νj )(µB1 −µB2 )kx2
12(1−νj2 )(µB1 −µB2 )


µ2B1 −µ2B2
12(1−νj2 )(µB1 −µB2 )

(8)

where kx is the wavenumber in the x-direction, Ej and νj are the Young’s modulus and the Poisson’s ratio of
plate j, respectively, and
q
q
µS = − kx2 − kS2
(9)
µL = − kx2 − kL2
q
q
2
2
µB1 = − kx2 + kB
µB2 = − kx2 − kB
(10)
The longitudinal, transverse shear-wave, and bending wavenumbers can be calculated using respectively
v 

u
u ρj 1 − ν 2
j
t
kL = 2πf
,
(11)
Ej
s
2ρj (1 + νj )
kS = 2πf
,
(12)
E1

1

4
12 (2πf )2 ρj 1 − νj2

kB = 
(13)
Ej t2j
in which ρj and tj are the density an thickness of plate j, respectively.
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2.3. 2.5D finite elements with perfectly matched layers
The direct field dynamic stiffness of a plate can also be calculated using a combination of finite elements
and perfectly matched layers, as shown in figure 2. Since the semi-infinite plate is infinite along the junction
in the x-direction, a 2.5D approach can be applied to model the semi-infinite plate in the x-direction. The
x-coordinate is transformed into the wavenumber kx with a Fourier transform to allow representing the 3D
response of the structure and the radiated wavefield on a two-dimensional mesh [7]. Since the semi-infinite
plate extends to infinity in the positive y-direction, the 2.5D finite elements are combined with a perfectly
matched layer. The perfectly matched layer surrounding the finite element model absorbs the wave propagating
outwards from the bounded domain, thus simulating an unbounded subsystem [8]. A schematic representation
of the model can be seen in figure 2. In the part of the plate where 0 ≤ y ≤ Ly , quadratic 8-node elements are
used which are coupled to the quadratic 8-node elements perfectly matched layer elements used in the part of
the plate where Ly ≤ y ≤ Ly + LPML .
LPML

Ly
z

x

y

Figure 2: 2.5D model of a semi-infinite plate.

2.4. Transformation to the spatial domain of the direct field dynamic stiffness matrix
The finite length of the junction is taken into account in the transformation of the direct field dynamic
stiffness matrices of the plates connected to the junction to the spatial domain. A method using a correction
for baffled boundary conditions is introduced to calculate the direct field dynamic stiffness matrix of a semiinfinite plate in the spatial domain. The correction for baffled boundary conditions consists of first expressing
the displacements of the junction as a linear combination of a set of shape functions


u (x)


 v (x)  X

q=
qs φs (x)
(14)
w (x) =


s
θ (x)
in which φs is a vector with four components (translations in x-, y-, and z-direction and a rotation about the
x-axis). The shape functions are constructed as follows
           
0
ϕ2
0
0
0
ϕ1
           
 0  ϕ1   0   0   0  ϕ2 
 , , , , , , ...
(15)
 0   0  ϕ   0   0   0 
     1      
ϕ1
0
0
0
0
0
in which ϕn is the nth sine function (sine functions are used since baffled boundary conditions are considered
outside the junction):


if
x<0
0

nπx
ϕn (x) = sin L
(16)
if
0≤x≤L


0
if
x > L.
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The shape functions ϕn are transformed from the spatial domain to the wavenumber domain. Due to the
baffled boundary conditions the integration is limited from 0 to L.
ZL
Φn (kx ) =

ϕn (x) e−ikx x dx
(17)

0
i(kx − nπ
L
L )

=

e

i(kx + nπ
L
L )

−1 1−e
 +
2 kx −
2 kx +
nπ
L

nπ
L



The corrected direct field dynamic stiffness matrix can now be calculated using [9]
(j)
Ddir,nm

1
=
2π

Z∞

(j)

ΦH
n (kx ) Ddir (kx ) Φm (kx ) dkx

(18)

−∞

in which Φn is a vector with four component consisting of the shape functions in the wavenumber domain,
(j)
Ddir is defined in the global coordinate system and H is the Hermitian transpose. The direct field dynamic
(j) 0

stiffness matrix Ddir is defined in the local coordinate system of plate j and has to be transformed to the global
coordinate system [4]
(j)
(j) 0
Ddir = Rj Ddir RT
(19)
j
where the transformation matrix Rj transforms the direct field dynamic stiffness matrix from the local
coordinate system to the global coordinate system. Numerical integration is used for evaluating the integral in
equation (18). The wavenumbers are sampled linearly; the number of samples and the upper limit wavenumber
value are determined based on the convergence of the solution of the transmission coefficients.
3.

RESULTS

The proposed approach will now be applied to an L-, T- and X-junction, as shown in figure 3. The materials
used for the plates in the simulations can be found in table 1. The junction length is varied from 2 m to 8 m in
steps of 1 m.
2

2

2
1

1

1

3

3

4

(a) L-junction

(b) T-junction

(c) X-junction

Figure 3: Different types of junctions

The thickness of plate 1 (and 3) is varied from 0.05 m to 0.4 m. To determine the thickness of the
perpendicular plate(s), the ratio of characteristic moment impedances is varied from 0.01 to 300. This
sometimes results in an unrealistic thickness for the perpendicular plates(s). Results for thicknesses larger than
0.4 m are ignored. The ratio of characteristic moment impedances ψχ is given by
v
u 0
3
u m⊥j B⊥j
ψ
4
t
=
χ
m0j Bj3

(20)
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where m0j is the mass per unit area of element j, m0⊥j is the mass per unit area of the element perpendicular to
element j, Bj is the bending stiffness of element j and B⊥j is the bending stiffness of the element perpendicular
to element j.
Table 1: Material properties
Material

1: Concrete
2: Brick

Internal loss factor

Density

Quasi-longitudinal wavespeed

Poisson ratio

ηint [-]

ρ [kg/m3 ]

cL [m/s]

ν [-]

0.005

2200

3800

0.2

0.01

1750

2700

0.2

0.0125

800

1900

0.2

4: Lightweight aggregate

0.01

1400

1400

0.2

5: Dense aggregate

0.01

2000

3200

0.2

6: Calcium-silicate

0.01

1800

2500

0.2

3: Aerated concrete

Using a set of junctions with the properties described above, the diffuse bending wave transmission
coefficient is calculated in one-third octave band centre frequencies from 50 Hz to 3150 Hz with the method
described in section 2. Following ISO 12354-1, the low-frequency range is defined as the set of one-third
octave bands from 50 Hz to 200 Hz, the mid-frequency range from 250 Hz to 1000 Hz and the high-frequency
range from 1250 Hz to 3150 Hz. With the new approach it was found that both methods for determining the
direct field dynamic stiffness result in the same transmission coefficient values in the low frequency range.
The analytical expressions for the direct field dynamic stiffness are thus used in the low-frequency range
since these are more computationally efficient. In the mid- and high-frequency range the direct field dynamic
stiffness is determined using 2.5D finite elements combined with perfectly matched layers. A single value for
the transmission coefficient is obtained by calculating the arithmetic average in the considered frequency range.

3.1. Low-frequency range
Figure 4 shows the transmission losses found in the low-frequency range with the new approach, together
with the regression curves from ISO 12354-1 [10]. Here it can be seen that the new approach results in a
prediction for the transmission loss that is generally higher than the regression curve from the international
standard, which was determined using a combination of finite elements methods (FEM), spectral finite element
methods (SFEM) and wave theory [11]. Wave theory assumes an infinite junction, which results in lower
transmission losses compared to the finite element models of finite junction as reported by Hopkins et al. [11].
Figure 4 shows that the junction length has an influence on the transmission loss in the low frequency range.
This is due to the bending wavelengths in the plates being large compared to the length of the junction in this
frequency range, since in the low frequency range mainly bending waves are transmitted between the plates.
Since the influence of the length of the junction can be seen in figure 4, regression curves can be determined
where the length of the junction is considered. The independent variable used in the low frequency range is
PC, which is the variable used by Hopkins et. al. [11] for determining the regression curves which can also be
found in ISO 12354-1 [10]:
 
ψ
PC = log
(21)
χ
where ψχ is the ratio of characteristic moment impedances (see formula 20). Cubic polynomials are used
(A · PC3 + B · PC2 + C · PC + D) to fit regression curves through the data for the transmission losses per
junction length. The parameters of the regression curves can be found in table 2, together with the coefficient
of determination R2 of the regression curves. For simplicity of use, single values are used for parameters
of the regression curves which only varied slightly for different junction lengths. For the other parameters
a logarithmic fit (E + F log (L)) is used to find the parameter of the regression curve for different junction
lengths. With these regression curves, coefficients of determination of 0.97 and 0.98 are found for all junction
types, indicating a high accuracy of the fit.
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(a) L-junction, plate 1 to 2

(b) T-junction, plate 1 to 2

(d) X-junction, plate 1 to 2

(c) T-junction, plate 1 to 3

(e) X-junction, plate 1 to 3

Figure 4: Results using the new approach in low-frequency range (50-200 Hz) together with the regression
curve from ISO 12354-1. Light blue dots correspond to a junction length of 2 m and darkblue to a junction
length of 8 m. The colors used for plotting results of intermediate junction lengths are interpolated between
light- and darkblue.

Table 2: Parameters of the regression curves and coefficient of determination in the low-frequency range
Transmission

A

B

C

D

R2

L

plate 1 to 2

-0.2

3.9

1.3

10.5 − 2.7 log (L)

0.97

T

plate 1 to 2

0.2

3.7

-1

13.4 − 3.7 log (L)

0.98

T

plate 1 to 3

0.2

4.0 − 1.7 log (L)

6.4 + 2.2 log (L)

16.4 − 4.5 log (L)

0.98

X

plate 1 to 2

-0.1

3.7

1.1

15.8 − 4.1 log (L)

0.98

X

plate 1 to 3

-0.2

4.3 − 1.5 log (L)

10 + 0.6 log (L)

18.3 − 3.8 log (L)

0.98

Junction

3.2. Mid-frequency range
Results for the transmission losses found in the mid-frequency range can be seen in figure 5. A new variable
is introduced for plotting results in this frequency range since previous research has shown that the ratio of
characteristic moment impedances is not the best variable for plotting results in the mid- and high-frequency
range [12]. The new variable is based on the ratio of characteristic moment impedances but also takes into
account the in-plane stiffness of the plates since in the mid-frequency range in-plane waves also influence the
vibration transmission across the junction:
s
!
ψ E⊥j t⊥j
Vmid = log
(22)
χ
Ej tj
Figure 5 also shown a relation between junction length and transmission loss, thus a similar approach is
followed to the low-frequency range. Quadratic regression curves are used (A · Vmid 2 + B · Vmid + C) for ease
of use since cubic curves barely improved the quality of the fit in this frequency range. The parameters of the
regression curves can be found in table 2, together with the coefficient of determination R2 of the regression
curves. Coefficients of determination from 0.95 to 0.98 are found for the different types of junctions.
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(a) L-junction, plate 1 to 2

(b) T-junction, plate 1 to 2

(d) X-junction, plate 1 to 2

(c) T-junction, plate 1 to 3

(e) X-junction, plate 1 to 3

Figure 5: Results using the new approach in mid-frequency range (250-1000 Hz) together with the regression
curve from ISO 12354-1. Light blue dots correspond to a junction length of 2 m and darkblue to a junction
length of 8 m. The colors used for plotting results of intermediate junction lengths are interpolated between
light- and darkblue.

Table 3: Parameters of the regression curves and coefficient of determination in the mid-frequency range
Transmission

A

B

C

R2

L

plate 1 to 2

1.5

0.2 + 0.2 log (L)

14.4 − 2.6 log (L)

0.95

T

plate 1 to 2

1.8

−0.5 − 0.2 log (L)

15.1 − 1.0 log (L)

0.96

T

plate 1 to 3

1.0

5.8 − 0.8 log (L)

10.1 − 2.9 log (L)

0.97

X

plate 1 to 2

1.9

1.6 − 0.7 log (L)

18.4 − 0.8 log (L)

0.95

X

plate 1 to 3

1.0

5.9 − 0.2 log (L)

11.2 − 2.4 log (L)

0.98

Junction

3.3. High-frequency range
Finally, results for the high-frequency range can be seen in figure 6. Since in this frequency range in-plane
waves have a stronger influence than in the mid-frequency range, again a new variable for plotting results is
introduced:
s 
 !
ψ E⊥j t⊥j 2
(23)
Vhigh = log
χ
Ej tj
Like in the mid-frequency range, quadratic regression curves (A · Vhigh 2 + B · Vhigh + C) are calculated.
The parameters of the regression curves for the different junction types can be found in table 4. In the final
column of this table, the coefficient of determination can be found for the different types of junctions. The
coefficients of determination in the high-frequency range are slightly lower than in the other frequency ranges,
especially for the transmission from plate 1 to plate 2 for a T- and and X-junction. Nevertheless, coefficients of
determination of 0.85 and higher are found in the high-frequency range with the new variable.
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(a) L-junction, plate 1 to 2

(b) T-junction, plate 1 to 2

(d) X-junction, plate 1 to 2

(c) T-junction, plate 1 to 3

(e) X-junction, plate 1 to 3

Figure 6: Results using the new approach in high-frequency range (1250-3150 Hz) together with the regression
curve from ISO 12354-1. Lightblue dots correspond to a junction length of 2 m and darkblue to a junction
length of 8 m. The colors used for plotting results of intermediate junction lengths are interpolated between
light- and darkblue.

Table 4: Parameters of the regression curves and coefficient of determination in the high-frequency range
Transmission

A

B

C

R2

L

plate 1 to 2

0.9

0.2 + 0.2 log (L)

14.8 − 4.5 log (L)

0.94

T

plate 1 to 2

0.8

-0.9

18.2

0.91

T

plate 1 to 3

0.5

3.0 − 0.5 log (L)

4.1 − 0.9 log (L)

0.98

X

plate 1 to 2

0.7

0.3 − 0.7 log (L)

21.7 − 1.0 log (L)

0.85

X

plate 1 to 3

0.6

3.3

5.5

0.98

Junction

4.

CONCLUSIONS

A new approach for calculating vibration transmission across junctions based on diffuse field reciprocity
has been presented, which calculates the transmission coefficient using the coupling loss factor. The coupling
loss factor is calculated based on the direct field dynamic stiffness matrices of the plates connected to the
junction. The direct field dynamic stiffness matrix of a plate can be determined in multiple ways. Two
possible methods were considered in this work, where the first uses thin plate theory to analytically derive the
direct field dynamic stiffness matrix of a thin, isotropic, semi-infinite plate in the wavenumber domain. Since
the assumption of thin plates is only valid at low frequencies, a second method is considered which uses a
combination of 2.5D finite elements and perfectly matched layers to calculate the direct field dynamic stiffness
matrix in the wavenumber domain. To transform this result from the wavenumber domain to the spatial domain
a correction for the finite junction length is applied.
Due to the computational efficiency of the new approach, vibration transmission across a large set of
junctions could be calculated. The results from these simulation could then be used to calculate regression
curves and to asses the influence of the length of the junction on the vibration transmission.
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In the low-frequency range good fits are found using the ratio of characteristic moment impedances as the
independent variable for plotting results. In the mid- and high-frequency ranges, new variables were introduced
for plotting the results. The ratio of characteristic moment impedances is based on the bending stiffness and
surface mass of the plates connected to the junction. With increasing frequency, in-plane wave become more
important for the vibration transmission across the junction. The new variables are thus also based on the
in-plane stiffness of the plates connected to the junction.
For all frequency ranges, regression curves are proposed which show a good fit to the data from the
simulations. The new regression curves take into account the influence of the length of the junction on the
vibration transmission across the junction.
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Challenges in interactive sound insulation auralization
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Abstract
Auralization of airborne sound insulation is a tool which was introduced 20 years ago, and it is now available
in offline and real-time implementations. The basis is typically the ISO 12354-1 standard. “Real-time” in this
respect means that the resulting audio output is ready immediately after having set or changed the conditions
for direct and flanking paths. This ensures a smooth design and optimization process for checking compliance
with requirements, for example. When it comes to interactive scenarios, however, more aspects become
important, since interaction is also related to dynamic situations of moving sources and moving listeners. Such
interactive scenes can be used in research on sound perception in buildings where the user can freely move,
particularly turn the head and perceive cues of sound localization. This paper summarizes state-of-the-art in
sound insulation auralization and gives special focus on application in interactive virtual reality environment
for sound perception research.
Keywords: Sound transmission, simulation, auralization, virtual acoustic environments.

1

Introduction

Calculation schemes for prediction of airborne sound insulation of buildings from the performance of building
elements are very well established in ISO 12354-1 and -3 [1, 2]. With proper signal processing elements, the
standardized prediction approach can be extended towards auralization. Software for simulation and
auralization is available since many years as well in research versions [3-4] as in commercial software [5-7].
Some implementations can perform in “real time”. Real-time in this respect means that the result is available
immediately after having set or changed the input data for direct and flanking paths. This ensures a rapid design
and optimization process for checking compliance with requirements, for example.
When it comes to interactive auralization, however, more features of real-time processing must be included.
Spatial perception and dynamic systems updates related to the actual listener’s position and orientation are
required, thus ensuring a realistic and smooth perception of the 3D auditory event. With this, a new dimension
of sound perception experiments can be achieved which differs from the usual approach of listening to sound
demonstrations and answering questionnaires in static settings.
Recently, an open-source framework which provides the opportunity to create interactive virtual sound
insulation auralization was presented [8]. It was also shown in [9] that test results obtained in the virtual
environment are in concordance with those in real rooms. In this paper, the framework is briefly described,
and the opportunities and challenges and limitations are discussed.

2

Fundamentals of sound insulation auralization

A useful basis for auralization is the standardized sound level difference, DnT, with LS and LR for the levels in
source room and receiving room, respectively. With reference to reverberation time in the receiving room, TR,
and standardization to T0 = 0.5 s, as expressed in a term of 3 dB, the equation can be expressed as

1
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𝐿R

𝐿S

𝐷nT

10 log 𝑇R

3 .

(1)

Similarly to direct sound transmission, the energy flow via flanking paths can be included by using
𝑅

10 log 𝜏

10 log

,

(2)

with Pi and Pj denoting the sound power incident on the element i in the source room and radiated by the
element j in the receiving room, respectively.
The specific transmission coefficients obtained by separated measurement conditions or calculations have to
be combined into a resulting sound transmission coefficient ’. The fundamental equations of the transmission
model appropriate for sound insulation in buildings were developed by Gerretsen [10]. For the complete set of
equations it is referred to ISO 12354-1 and -3. For auralization, these equations must be applied in filter design
for audio signal processing. For fundamentals of this step, it is referred to [3] or [11].
2.1

Sound insulation filter design

Starting with the input data of sound insulation in frequency bands, which are obtained by from prediction or
measurement, we can create auralization filters. The resulting receiving room level, LR, is
𝐿

𝐿

10 log 𝜏

10 log

𝐿

10 log 𝜏

10 log

.

(3)

with V denoting the receiving room volume in m3 and S the partitions walls surface in m2. If we now introduce
the sound pressure signals, pS and pR, in the source room and the receiving room, respectively, we re-arrange
equation (3) into
𝑝R
𝑝R 𝜔

𝑝S 𝜔 ∙ 𝐹total 𝜔

𝑝S

(4)

.

𝑝S 𝜔 ∑

𝐹, 𝜔 𝑒

∆

𝐹

,

𝜔 ,

(5)

with F,i denoting interpolated filters which are obtained from the energy transfer spectra of the paths involved.
i are delays corresponding to the geometric situation of the walls and the observation point. Frev,i is the
reverberation excited by each of the sound transmitting elements in the receiving room. The absolute sound
pressure level in the receiving room is correct if the input sound pressure signal in the source room is calibrated
with reference to 2 ꞏ 10-5 Pa. Note that pS() is nothing but the complex spectrum of the recorded source signal.
The equation can hence be expressed in the time domain by
𝑝R 𝑡

𝑝S 𝑡 ∗ 𝑓total 𝑡 ,

(6)

with ftotal(t) denoting the ”sound transmission impulse response”.

2.2

Sound insulation convolution

Except for the phases, the total set of transfer functions is represented quite accurately, as long as the frequency
interpolation and extrapolation does not smoothen the exact physical behaviour too much. This situation is
absolutely acceptable since phases in reverberant sound fields cannot be recognised by human hearing. This
does not apply, however, to the discrimination of direct sound and the first (early) reflections related to the
direction of sound incidence and the spatial aspects of the early part of the impulse response. Those phases are
well covered by i in equation (5).
2
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After all, the source audio signal (recorded or synthesized) is convolved with the filter, which are also
spatialized by using binaural filters (head-related transfer functions, HRTF) corresponding to the geometric
situation in the receiving room, as illustrated in figure 1.

Figure 1 – Left: Geometric situation. Right: Flow chart of airborne sound auralization (after [11]).

3

Extended approach in the open-source framework

In a recently finished project, an interface between psychoacoustic research and building acoustics (airborne
sound insulation) in built environments was developed. It forms an integrated solution for auditory-visual
virtual reality environments and extension of the software tools for a real-time building acoustics simulator for
open data and open access.” (link www.virtualbuildingacoustics.org).
In the course of this work, an extended sound insulation prediction model was developed which goes beyond
the standard conditions of ideal diﬀuse sound fields in the rooms. Room impulse responses were modelled in
more detail for the direct and reverberant parts and their energies and onsets [12, 13]. The sound transmission
coefficients for the walls are distributed on a surface grid of “patches” instead of using energy concentration
in the centre point of the wall. With this, angle-dependent irradiation on the walls can be calculated and further
processed. For the radiation walls in the receiving room, distributed equivalent source points were used. For
building façades, basic models for angle-dependent sound transmission coefficients were implemented as
follows: 1.) the reverberation of both source and receiving rooms is an important acoustical parameter which
are taken into account depending on the room characteristics (e.g. room geometries, walls’ absorptions etc.),
source directivities and the spatial variation of sound field inside rooms, 2.) the sound insulation filters from
source to receiving rooms are calculated for extended walls by using concept of segmenting individual building
element into a multitude of secondary sound sources with non-uniform energy distribution, and 3.) the room
impulse responses (RIRs) are synthesized from one-third octave band values of the reverberation times of
source and the receiving rooms with more appropriate time structures of direct and reverberant sound. It is
now discussed how these extensions lead to improvements and to new challenges, too.
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3.1

Simulation with distributed secondary sources

At first, considering the building elements in a grid of patches was introduced in order to include a direct sound
excitation by directional irradiation of the walls, hence also taking into account directional sound sources. This
was achieved in the energy domain properly but without phase relation of the structural waves in the walls.
The phase of the sound incidence on the wall patches, however, is covered by the relative propagation delays
between the source and the wall patches. This means, that for forced transmission the total response coincides
with the cosine of the incidence angle as concerns the energy but the phase is set to zero. This way, the wall
acts as a single vibrating element also on the other side, where the secondary sources radiate in the receiving
room. For resonant transmission, above the critical frequency, the phase coincides with the actual bending
wave phase. The patches can then radiate in the receiving room according to their relative running phases like
in a bending wave pattern. Whether or not this is perceptually relevant in auralization could be elaborated more
in further refinements and tests of the model.
The extended sound insulation model was validated by reproducing the results of level differences DnT in a
comparison with ISO standard data in a kind of virtual measurement. In two selected cases, the results of sound
transmission into the receiving room based on diffuse sound field assumptions were compared with those
obtained from the auralization. Under conditions, which match the measurement standards of sound insulation
testing, the results of the auralization differed by on average 0.6 dB and 0.3 dB for outdoor and indoor source
positions, respectively. It was also shown that for non-standard settings the source directivity and position have
an influence on the transmitted energy to the receiving room. This fact was even more obvious in the case of
sound transmission through building façades.
3.2

Angle-dependent sound incidence

For irradiation of façade elements, the patches serve as energy collectors and transmitters in the same way as
for indoor case. Outdoors, however, the irradiation on the façade is dominated by direct sound from specific
incident angles. Although the scenario of the reference angle of 45o incidence as defined for façade sound
insulation poses a well-established compromise, it is unclear how the sound transmission of noise from of a
car pass-by, for example, must be modelled with specific subsequent incidence angles during the pass-by and
how this affects the auditory perception.

Figure 2 – Excitation of a grid of patches building façade with oblique incidence and radiation from
secondary sources
The model is illustrated in Fig. 2. Oblique-angle sound irradiation to the patches results in relative delay, t,
sound transmission characteristics according to the building element and material model, and radiation by the
grid of secondary sounds. Depending on the frequency range, forced or resonant transmission must be treated
for the secondary sound individually as concerns timing and sound power. The main challenge in this part is
4
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to implement an appropriate sound transmission model for construction elements, which can be solved for
oblique angles. Furthermore, a challenge is to extrapolate the angle-dependent transmission from standard
measurement results in sound transmission laboratories (diffuse field) or in-situ (45o incidence) with
appropriate physical assumptions on the underlying type of construction.
Although the sound insulation model is rather detailed in terms of structural-acoustics input data, the claim of
the model is not to predict all kinds of existing building elements. In any case, measured sound transmission
coefficients from test facilities may serve as input, so that existing (real) building situations can be simulated
and compared with measurements. As the model and its open source software is open for any kind of input
data, improvements and extensions for more construction types can be implemented easily.
3.3

Extrapolation to low frequencies

The results of sound insulation data are usually measured or predicted in one-third octave bands between
100 Hz and 3150 Hz, or in the extended range between 50 Hz and 5000 Hz. It is clear that the frequency range
below 100 Hz may play a significant role for the effective sound insulation. This might become even more
important since low frequency sound sources are increasingly relevant in residential buildings (TV and Hifi
equipment). It is a challenge to extrapolate sound insulation data such as standardized sound level differences
of flanking data towards lower frequencies. With physical models of the wall, model assumption can be
developed, such as single-layer or double layer, depending on the resonance frequency or critical (bending
wave) frequency. This may be feasible with sufficient knowledge of the actual construction type.
The main challenge, however, is modal behavior in the building element and in the rooms. The connection
between the building element and the surrounding elements, usually a junction, is a very critical part in
predictions ISO 12354. The associated modal pattern depending on the size and boundary condition leads to
specific modal effects in the sound transmission coefficient. The modal response of the room (below the
Schroeder frequency) contributes with further unpredictable effects in the auralization model.
This means that in the end, it cannot be expected that the resulting auralization is authentic for the building
situation under investigation, at least not until wave-based components are added into the framework. But it is
clear that the auralization can be interpreted as one possible case of modal responses. This way, it can serve as
plausible solution and basis for comparisons within the framework.
3.4

Open-source framework

The framework “Virtual Building Acoustics was published in open source format with documentation under
the link http://virtualbuildingacoustics.org. The source code in C# and it provides interfaces to the game engine
developers’ platform “Unity” in the form of plugin. The required connections for real-time acoustic filtering
and audio reproduction to the VA software (http://virtualacoustics.org) are added to the corresponding GIT
repository at https://git.rwth-aachen.de/ita. The source code documentation is linked under
http://developer.virtualbuildingacoustics.org.
The VBA website home page describes and introduces the project highlights. The documentation website
under the following link, http://documentation.virtualbuildingacoustics.org is a complete description of how
to build an audiovisual building acoustics project. In addition to the documentation, three example scenes are
included: open-plan office with adjacent conference room, classroom with façade to a busy street, adjacent
music rehearsal rooms in a music school.

4

Conclusion and outlook

The contribution of this work was the development of a universal research platform to interface building
acoustics of virtual architectural environments and audio-visual virtual reality systems. The framework
provides real-time performance and interactivity. This opens opportunities for innovative experiments on noise
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effects in the built environment. Challenges are mainly lack of models for angle-dependent sound transmission,
and filter design at low-frequencies.
The auralization models can also be based on experimental results from test results in sound insulation
laboratories. This way, the real-time auralization model is open for improvements in theory and experiment of
building elements. The outdoor sound propagation package in VBA includes acoustic simulation of urban
sound propagation models which are helpful in many research and urban planning areas and might also be
useful in early designing stages of such environments. These simulation models contribute to characterization
of acoustic properties of these environments, especially for auralization of noise and evaluation of its effects
in an ecologically valid but still reproducible manner.
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Abstract
Cross-Laminated Timber (CLT) has shown great promise in recent years as a renewable, sustainable, and costefficient building material. However, due to CLT's relatively low mass and high stiffness, CLT's airborne and
impact sound insulation performance has proven to be less than optimal. Fundamental to addressing this
shortcoming and ensuring the success of CLT, the development of computationally efficient acoustic models
that are functions of the geometry, orientation, and stacking sequence of the plies with predetermined material
properties are critical. Such models will ensure the possibility for rapid and cost-effective exploration of the
effective design space in order to overcome CLT's acoustic shortcoming. To date, not a large amount of
literature exists on acoustic related Finite Element Analysis (FEA) of CLT. Of the literature that exists, the
focus has been on the low frequency range, due to the high computational demand of modelling thick laminated
structures. This paper presents a validated FEA approach to CLT, which allows for computationally efficient
and accurate broadband acoustic modelling in the context of building acoustic problems.
Keywords: Cross-Laminated Timber (CLT), Finite Element Method (FEM), Vibro-acoustics, Structural
Dynamics, Numerical Modelling

1

Introduction

The growth of CLT in the building industry has been significantly increasing in recent years [1]. A driver of
CLTs growth in addition to its environmental, economic, and sustainability benefits is CLT's mechanical
properties. CLT has a relatively high stiffness for its mass density, which is highly beneficial for static
structural applications. However, such mechanical properties that are ideal for static structural applications
directly result in a poorer overall sound insulation performance [2]. To overcome these acoustic limitations,
the development of computationally efficient acoustic models that are functions of geometry, orientation, and
stacking sequences of the plies with predetermined material properties is critical. Such models can be utilised
to explore the effective design space in order to overcome CLT's acoustic shortcoming.
The Finite Element Method (FEM), which is a very flexible analysis method with the ability to model
arbitrarily complex boundary conditions and geometries has already been applied to CLT. However, the
method can be very computationally demanding, and therefore, there is a lack of experimentally validated
computationally efficient models that extend beyond the low-frequency range [3]. More efficient hybrid
solutions that were explored so far are a FEM / Statistical Energy Analysis method [4], and the Wave Finite
Element Method [5], which have been numerically or experimentally investigated. Both approaches have their
drawbacks, such as inaccuracies due to the requirement for homogenisation of the layers, infinite plate
assumptions, and a lack of experimental validation or discrepancies between the numerical and experimental
results.

1

1735

Efficient modelling techniques in FEM can extend FEM models from the low- to the mid- and high-frequency
ranges while retaining the flexibility and accuracy of FEM modelling. This contribution puts forwards ideas
to achieve computationally efficient broadband models for CLT in the context of building acoustics with FEM.
Layerwise experimentally validated shell and solid element models are presented. These models are
benchmarked with considerations such as solution method, and solution intervals for time-harmonic analyses.
Further, consideration is given to the influence of older and newer hardware on the runtime of these models.

2
2.1

Analysis and Evaluation Tools
Spatially Averaged Squared Velocity

For broadband analyses in vibro-acoustics, it can be cumbersome to deal with the responses of the individual
eigenfrequencies and associated eigenmodes, since potentially thousands of these eigenfrequency-eigenmode
pairs are required to constitute the broadband response of the system. Therefore, the spatial average of the
̅̅̅̅̅2 is a useful metric for broadband analyses. |𝑣|
̅̅̅̅̅2 is defined as [6],
square of the surface response velocity |𝑣|
̅̅̅̅̅2 =
|𝑣|

1
∬ 𝜌𝐴 (𝑥, 𝑦)|𝑣(𝑥, 𝑦)|2 d𝑥d𝑦.
𝑚𝑡𝑜𝑡

(1)

|𝑣|2 is equal to the total energy of the vibrating system divided by the total mass 𝑚𝑡𝑜𝑡 of the vibrating system.
The function 𝜌𝐴 (𝑥, 𝑦) is the area mass density and 𝑣(𝑥, 𝑦) is the complex velocity distribution of the system.
̅̅̅̅̅2 is directly dependent on the summation of the eigenfunctions and angular
For a point force excitation, |𝑣|
eigenfrequencies, the proximity of the angular excitation frequency to the individual eigenfrequencies, and the
location of the point force [6]. |𝑣|2 is also directly proportional to the radiated sound power of the system at a
given frequency [6].
In the following studies, |𝑣|2 is normalised by the square of the modulus of the point excitation force,
̅̅̅̅̅̅̅̅̅̅
|𝑌(𝜔)|2 =

̅̅̅̅̅̅̅̅̅̅
|𝑣(𝜔)|2
.
2
̅̅̅̅̅̅̅̅̅̅
|𝐹
𝑖 (𝜔)|

(2)

̅̅̅̅̅̅̅̅̅̅
|𝑌(𝜔)|2 is the spatially averaged squared transfer mobility.

3
3.1

Method
Experiment

The CLT plate considered in this work was a 5-ply plate with dimensions 5.73 m × 2.38 m × 0.200 m including
an approximately 100 mm half lap joint. The stacking sequence of the plate was [0/90/0̅]𝑆 with 40.0 mm
thick plies. In order to emulate free boundary conditions, the plate was supported by three air jacks as depicted
in Figure 1. It was dynamically excited on the underside with an inertial shaker using a sine sweep signal. The
inertial shaker is circled in red in Figure 1a. The plate was excited at three different points to ensure that all of
the modes of interest were adequately excited. The three excitation points are depicted schematically in Figure
1b as 𝐹1 , 𝐹2 , and 𝐹3 . Excitation point 𝐹1 is considered for the benchmarking studies in this paper. In Figure 1b,
where the lower left-hand corner of the plate has the planar coordinates (0 m,0 m), the planar coordinates of
the excitation point 𝐹1 was (0.04 m,0.05 m). The surface velocity of the topside of the plate was measured
from above with a Polytech Scanning Laser Doppler Vibrometer on a rectangular 16 × 39 grid of points, as
depicted approximately in Figure 1b.
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Figure 1 – Experimental set-up. (a) Photo of the experimental set-up. (b) 2D schematic indicating the plate
dimensions, air-jack support locations, approximate measurement grid, and location of the three excitation
points 𝐹1 , 𝐹2 , and 𝐹3 .
3.2

Numerical Modelling

The CLT plate is modelled numerically using FEM with Ansys Academic Research Mechanical, Release 2020
R2. In the numerical modelling of the geometry and the material properties of the CLT plate, each layer is
assumed to be homogenous and orthotropic. The geometry of the CLT plate was represented and analysed in
two different ways as presented in Figure 2. The first method, in Figure 2a, involved a two-dimensional (2D)
representation where the layers are implicitly modelled. This 2D representation was discretised with a mapped
quadrilateral mesh, as shown in Figure 2c. The second method, in Figure 2b, involved a three-dimensional
(3D) representation with explicitly modelled layers. This 3D representation was discretised with a mapped
hexahedral mesh, as shown in Figure 2d. The global mesh size was 40 mm for both the 2D and 3D geometries.
This global mesh size corresponded to one element through the thickness of each layer in the 3D geometry.
For modelling the orthotropic elastic material properties of CLT. The Ansys shell element SHELL281 and
solid element SOLID186 were chosen for the 2D and 3D geometries respectively. Both elements have the
option for orthotropic material definitions and are depicted in Figure 3a and Figure 3b respectively. The
orientation of the layers of the CLT plate – [0/90/0̅]𝑆 – for the SHELL281 and SOLID186 models are depicted
schematically in Figure 3c. The orthotropic elastic material properties of the layers were obtained via a model
updating process using SHELL281 elements. The objective function was defined as the root mean square
difference of numerical and experimental eigenfrequencies weighted by their respective modal assurance
criterion value, which was then minimised with a gradient-based single-objective optimisation algorithm. The
density of the plate was derived from weighing the plate and the material damping was derived using the Power
Injection Method [6]. The applied material properties are presented in Table 1.
Time-harmonic structural dynamic analyses were conducted for both of the models with free boundary
conditions. Both the Mode-Superposition (MSUP) and the Full harmonic (FULL) analysis methods were
considered. The parameters used for the validation and benchmark studies are summarised in Table 2 and
Table 3 respectively. Linear and logarithmic solution intervals were considered for the benchmark studies. The
harmonic excitation force of the inertial shaker was modelled as a point force on the node nearest to the
physical location. The point force was set as 1 N in order to directly obtain the transfer mobility function. The
models were benchmarked across two workstations with the general hardware specification of the workstations
summarised in Table 4. All of the solutions were set to run in-core with distributed memory parallel on 4cores.
For post-processing, the velocity of each node on the measurement surface of the plate was extracted as a
function of frequency. The surface velocity response of the nodes were then mapped using two-dimensional
linear interpolation to the points on the experimental measurement grid. Lastly, the spatially average squared
transfer mobilities were calculated for direct comparison with the experimental results.
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Figure 2 – Wireframe representation of the CLT plate with continuous and discretised (meshed) geometries.
(a) 2D continuous representation with cross-section diagonally inset. (b) 3D continuous representation with
cross-section diagonally inset. (c) 2D discretised geometry with a mapped quadrilateral mesh. (d) 3D
discretised geometry with a mapped hexahedral mesh.

Figure 3 – Utilised elements and the orientations of the layers of the CLT plate. (a) SHELL281: 8-node
structural shell element [7]. (b) SOLID186: 20-node structural solid element [7]. (c) Schematic depicting the
implemented layer-orientations of the CLT plate.

4

1738

Table 1 – Material properties of the CLT plate layers.
Density
𝝆 (kg.m-3)
444

Damping Ratio
𝜻 (1)
0.00850

Elastic Moduli (GPa)
𝑬𝒙
𝑬𝒚
𝑬𝒛
11.8 0.999 0.999

Poisson's Ratio (1)
𝝂𝒙𝒚
𝝂𝒚𝒛
𝝂𝒙𝒛
0.100 0.300 0.100

Shear Moduli (GPa)
𝑮𝒙𝒚
𝑮𝒚𝒛
𝑮𝒙𝒛
0.748 0.176 0.538

Table 2 – Parameter settings for the harmonic analysis validation studies.
Element
SHELL281
SOLID186

Analysis No. of Modes Extracted (1)
MSUP
FULL
MSUP
FULL

1800
N/A
1800
N/A

Frequency Range
Beginning (Hz) End (Hz) No. Substeps (1)
0
177.5
2840
177.5
3565
2710
0
177.5
2840
177.5
3565
2710

Table 3 – Parameter settings for the harmonic analysis benchmark studies.
Element
SHELL281
SOLID186

Analysis
MSUP
FULL
MSUP
FULL

Frequency Range (Linear / Log)
Beginning (Hz) End (Hz) No. Substeps (1)

No. of Modes Extracted
(1)
1800
N/A
1800
N/A

0 /10

3565 / 3565

2852 / 700

Table 4 – General specifications of the workstations used for benchmarking the models.
Computer ID
Manufacturer
Central Processing Unit
(CPU)

Random Access Memory
(RAM)

Storage

Operating System

Model
No. Cores (1)
Launch Date
Manufacturer
Type
Capacity (GB)
Config. Clock Speed
(MHz)
Manufacturer

A
Intel
2 × Xeon CPU E5-2620
v2
12 (2 × 6)
2.10
Q3 2013
Kingston / Hynix
DDR3
96 (12 × 8 GB)

B
Intel
2 × Xeon Gold 6248R
CPU
48 (2 × 24)
2.99
Q1 2020
Samsung
DDR4
768 (12 × 64 GB)

1600

2933

Samsung

HP
7 × HP Z Turbo Drive
Quad Pro [RAID 0
config.]
7
Windows Server 2019
Standard
1809

Model(s)

970 EVO Plus NVMe
SSD

Capacity (TB)

2

Edition

Windows 10 Education

Version

1909
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4
4.1

Results and Discussion
Model Validation

The spatially averaged squared transfer mobilites derived from experiment and simulation excited at 𝐹1 (Sec.
3.1) are plotted in Figure 4. A frequency range from 17 Hz to 3564 Hz is considered. This frequency range
captures the response of the first mode at approximately 19 Hz and the overall low-, mid-, and high-frequency
dynamic response of the plate.
|𝑌|2 levels of the experiment and simulation with SHELL281
Considering the left-hand axis of Figure 4a, the ̅̅̅̅̅
|𝑌|2 values are seen to have an excellent agreement until approximately 500 Hz.
elements are plotted. The ̅̅̅̅̅
|𝑌|2 levels, however, the peaks
From 500 Hz until 2000 Hz, there is a very good agreement with the overall ̅̅̅̅̅
|𝑌|2 levels. However,
and troughs do not always line up. From 2000 Hz onwards, there is a divergence in the ̅̅̅̅̅
this divergence between the experimental and simulation results can be attributed to an inaccurate force reading
during the experiment. Considering the right-hand axis in Figure 4a, input force levels at the excitation point
|𝑌|2 levels. The signal appears to be relatively
are plotted. This input force was used to derive the experimental ̅̅̅̅̅
smooth and have little noise from 17 Hz to 2000 Hz. From 2000 Hz onwards, the signal appears to be noisy,
|𝑌|2 levels. This inaccuracy of the reading
and an inverse relationship is evident between the input force and the ̅̅̅̅̅
is likely due to the contact interface of the transducer mounting.
|𝑌|2 levels from experiment and simulation with SOLID186 elements are plotted.
Considering Figure 4b, the ̅̅̅̅̅
|𝑌|2 levels is seen from
Similar to the SHELL281 model presented in Figure 4a, an excellent agreement in the ̅̅̅̅̅
17 Hz to 500 Hz. From 500 Hz until approximately 1800 Hz, there is a very good agreement with the overall
̅̅̅̅̅
|𝑌|2 levels, however the peaks and troughs do not always agree. From 1800 Hz until approximately 2800 Hz,
|𝑌|2 levels can be attributed due to an inaccurate
the levels diverge and converge again. This divergence in ̅̅̅̅̅
force reading during experiment, as discussed prior for Figure 4a. From 2800–3564 Hz, there is a very good
agreement between the experiment and simulation levels. Comparing the simulation results of the SHELL281
|𝑌|2 responses of the models are seen to be
and SOLID186 models in Figure 4a and Figure 4b respectively, ̅̅̅̅̅
very similar across most of the considered frequency range, but not identical. Considering the responses from
17–500 Hz, the SOLID186 elements appear to be stiffer than the SHELL281 elements. This difference in
stiffness is likely due to the SOLID186 elements having only translational degrees of freedom while the
SHELL281 elements have both translational and rotational degrees of freedom. From 500–1000 Hz, the
SOLID186 model appears to be slightly more accurate, with the peaks and troughs lining up with those of the
experimental slightly better than the SHELL281 model. From 1000–2000 Hz, the response of the SHELL281
|𝑌|2 levels more closely following those of the experiment than
model appears to be more accurate, with the ̅̅̅̅̅
the SOLID186 model. From approximately 2800 Hz onwards, the SOLID186 elements are more accurate than
the SHELL281 elements with the SHELL281 model underestimating the levels by approximately 10 dB. From
2800 Hz, the limitation of the 2.5-dimensional nature of the shell elements may be seen. The thickness modes
have cut-on and their influence is now non-negligible. These thickness modes are not captured with the 2D
geometry of the SHELL281 model, but are captured with the 3D geometry of the SOLID186 model. Overall,
the SHELL281 is still very accurate for calculations including up until the nominal 2500 Hz octave band.
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Figure 4 – Frequency response functions of experimental results and the validated FE models from 17 Hz to
3654 Hz for 𝐹1 . Left axis: Experimental and numerical spatially averaged squared transfer mobilities (|𝑌|2 ).
Right axis: Measured experimental input force of the shaker at the excitation point. (a) SHELL281. (b)
SOLID186.
4.2

Benchmarking

|𝑌|2 levels of the MSUP and FULL solution methods are presented in Figure 5 for the SHELL281 and
The ̅̅̅̅̅
SOLID186 models. The solution methods for both the SHELL281 model in Figure 5a and SOLID186 in Figure
5b have an excellent agreement until approximately 2500 Hz. From 2500 Hz, the values begin to slightly
diverge, however, more so for the SHELL281 model. The divergence indicates a breakdown in the MSUP
method for higher frequencies. The results may be improved slightly by using more modes with the MSUP,
however, the authors found the increase in accuracy with respect to computational effort diminishing after
1800 Modes.
Table 5 presents a summary of the benchmarked simulations for the SHELL281 and SOLID186 models with
MSUP and FULL solution methods on Computer A (Table 4). The SHELL281 model with the MSUP solution
method was by far the fastest model requiring 33 minutes to run. This model also required the least amount of
RAM to run in-core with a total of 683 MB required. The model that took the most amount of time to run was
the SOLID186 model with the FULL solution method, requiring 99 hours 30 minutes to run. This model also
required the most RAM of the models to run in-core, with a total of 13.8 GB required.
Table 6 presents the relative runtime and memory requirements of the models. The reference is the SHELL281
MSUP model. This model is a 181 factor improvement in runtime over a SOLID186 FULL model. The
SOLID186 FULL model also requires a factor of 20 more memory for solving in-core. The second fastest
model, the SOLID186 MSUP model had a runtime 5 times that of the SHELL281 MSUP model and 13 times
the memory requirements. The third fastest model, SHELL281 FULL, was 13 times slower than SHELL281
MSUP and required twice the memory. While using shell elements in combination with a full solution method
has a significant effect on the overall simulation time, the solution method has a greater effect than the element
type.
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|𝑌|2 levels of the MSUP SHELL281 and SOLID186 models with linear and logarithmic
Figure 6 presents the ̅̅̅̅̅
solution intervals. The linear solution intervals are the same as those described in Table 2, and the logarithmic
intervals are described Table 3. There is an excellent overall agreement, despite the logarithmic solution
intervals having a far lower resolution in comparison to those of the linear solution intervals. Table 7 presents
the solution times of the respective models with logarithmic solution intervals on Computer A and Computer
B. A factor speed-up of approximately 2.5 is seen for the models, with the SHELL281 and SOLID186 models
now requiring 12 and 67 minutes respectively to solve. In addition, comparing the respective models in Figure
5 and Figure 6, an improvement in the capturing of the |𝑌|2 levels is seen at low-frequencies for the logarithmic
solution interval. On Computer B, another factor of 2 improvement in the runtimes is seen when solving the
models. This improvement is likely due to the CPU on Computer B being 6.5 years newer than the CPU on
Computer A. It is unlikely that the RAM or storage are the current bottlenecks on Computer A.

Figure 5 – Comparison of the mode-superposition (MSUP) and full solution (FULL) methods' spatially
averaged squared transfer mobilities (|𝑌|2 ) from 17 Hz to 3654 Hz for 𝐹1 . (a) SHELL281. (b) SOLID186.
Table 5 – Summary of the solution runtimes (Computer A) and minimum in-core memory requirements.

Element Type
SHELL281
SOLID186
SHELL281
SOLID186

Runtime (hr:min)
Modal Superposition
0:33
2:30
Full Method
7:10
99:30

RAM Required (GB)
0.683
8.20
1.22
13.8
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Table 6 – Relative model runtime (Computer A) and minimum in-core memory requirements to the nearest
whole number.

Element

Method
MSUP
FULL

SHELL281

SOLID186

1 (1)
13 (2)

5 (13)
181 (20)

Figure 6 – Comparison of a high frequency resolution model with linear solution intervals and a model with
logarithmic solution intervals. Spatially averaged squared transfer mobilities (|𝑌|2 ) from 17 Hz to 3654 Hz
for 𝐹1 . (a) SHELL281. (b) SOLID186.
Table 7 – Mode-Superposition method runtimes for SHELL281 and SHELL186 models on two different
computers with logarithmic solution intervals.
Element Type
SHELL281
SOLID186

5

Runtime (hr:min)
Computer A
0:12
1:07

Computer B
0:06
0:34

Conclusion

This contribution has demonstrated experimentally validated and computationally efficient broadband models
for CLT plates in the context of building acoustics. The study considered a frequency range until 3564 Hz, the
upper bound of the nominal 3000 Hz one-third octave band.
On a several year-old CPU, the runtime optimised shell element model required 12 minutes and at least
638 MB RAM to solve. The runtime optimised solid element model required 67 minutes and at least 8.20 GB
RAM to solve. On a one-and-a-half year-old CPU, the runtime improved by a factor of two, to 6 and 34 minutes
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for the shell and solid models respectively. Overall, the optimised shell element model ran 498 times faster
and required one-twentieth the RAM of the reference full solution method solid model.
In terms of accuracy, the shell element elements were accurate until approximately 2800 Hz, approximately
the upped bound of the nominal 2500 Hz one-third octave band. Beyond 2800 Hz, the influence of the
thickness modes were found to be non-negligible and must be taken into account with the use of solid elements.
The solid elements were found to be stiffer than the shell elements for the low-frequency range, likely due to
having just translational degrees of freedom while the shell elements have both translational and rotational
degrees of freedom. The solid elements were also found to be slightly more accurate than the shell elements
for the mid-frequency range, however less accurate for the upper mid- and lower high-frequency range.
Lastly, this study has implicitly demonstrated the flexibility and accuracy of layerwise models. The material
properties of the CLT plate were input on a layerwise basis with shell elements governed by first-order shear
deformations and layered quadratic solid elements. These models were each validated for the low-, mid-, and
high-frequency ranges. Excluding the inability of the shell model to account for thickness modes, no large
differences were observed between the shell and solid element models.
Such computationally efficient and flexible models can serve as a base for more complex assemblies involving
CLT and/or increase the likelihood of dissemination of CLT prediction tools in industry. The shell element
model in particular, will comfortably run on the average modern day laptop or PC. When the nominal 3000 Hz
one-third octave band or above is critical, then a modern workstation and the use of solid elements is required.
Further, the layerwise implementation of the models, allows flexibility in their potential extension to arbitrary
stacking sequences, ply orientations, thicknesses and geometries with validated layerwise material properties.
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Abstract
Wave propagation in layered media of fluid, elastic and porous nature is commonly analyzed with the transfer
matrix method (TMM). Up to now it has been used extensively to analyze airborne sound transmission and
sound absorption. Its use for impact sound transmission has been investigated to a limited extent, i.e. for infinite
thick homogeneous elastic plates and for specific receiver locations. This contribution aims to broaden the
scope such that the impact sound power radiated by finite floors containing elastic, fluid and/or porous layers,
can be accurately analyzed. A disadvantage of the conventional TMM is that only floors of infinite extent can
be implemented. In order to approximately model finite floors with simply supported boundary conditions, the
vibration field of the floor is expressed in terms of sinusoidal lateral basis functions, which relate to the
traveling waves that are analyzed with the TMM. The resulting approach is termed the modal TMM, or
mTMM. A standard tapping machine provides the structural excitation and all five hammers are taken into
account for a more accurate representation of the excitation force, with respect to the common simplification
where only one hammer is modelled. Predictions of the radiated sound power are validated with measurements
for a bare floor and a floating floor.
Keywords: transfer matrix, impact sound, standard tapping machine.

1

Introduction

The transfer matrix method (TMM) [1-5] is widely used to predict the airborne sound insulation and sound
absorption of layered wall and floor systems. An advantage of the method is that different types of layer can
be incorporated such as fluid, solid and porous layers. Accurate results of the sound insulation are achieved at
high frequencies. The method has been used only to a limited extent for the prediction of impact sound
radiation of a homogeneous single layered floor [6]. However, some drawbacks are related to this method.
First, an empiric expression is proposed in [6] to compute the sound pressure level in the receiver room.
Second, the floors are of infinite extent. Third, the result is not accurate at low frequencies because the
boundary conditions and resulting modal behavior of the floor are neglected. A previous extension to the
methodology has been published, where the radiated sound power level is computed in the spatial domain [7]
or wavenumber domain [8,9] for infinite multilayered floors. However, this method still neglects the finite
floor size and its modal behavior. Spatial windowing techniques [10,11] have been developed to account for
the finite floor size. However, these techniques still omit the modal behavior of the floor. As an improvement
on the state of the art, the modal TMM (mTMM) [12] is adopted to compute the sound power radiated from
finite floors, while also accounting for the modal behavior of the floor.

1

1745

A standard tapping machine, for which the properties are prescribed in ISO 10140-5 [13], is used to provide
an excitation force to the floor. A tapping machine consists of five hammers, impacting consecutively every
0.1s. In literature, the simplification is often made that only one hammer impacts on the floor every 0.1 s
[8,14,15]. This assumption causes the spectral shape of the emitted sound to be a 10 Hz line spectrum, whereas
a narrowband measurement of a timber joist floor excited by a standard tapping machine revealed a 2 Hz line
spectrum [16]. This contribution takes all five impact hammers into account, including the time delay between
hammer impacts, as well as the difference in location and driving point admittance due to the hammer spacing
in order to accurately predict the excitation force of the standard tapping machine.
The remainder of this paper is organized as follows. The prediction method for the radiated sound power of
finite floors using the mTMM in the wavenumber domain is presented in section 2. Validation examples for
the radiated sound power from multilayer floors are discussed in section 3. Concluding remarks are given in
section 4.

2

Prediction method

In the first step of the prediction method, the mathematical description of the force exerted on the floor by a
standard tapping machine is introduced. All five hammers are considered to construct a correct force signal.
In a second step, the velocity field at the lower side of the floor is obtained as a result of wave propagation
through the floor, which is modelled using the mTMM. In the third step, a relation is obtained between the
external force and the pressure field at the floor surface. In the fourth and last step, the velocity field at the
lower side of the floor is used to compute the radiated sound power into the receiver room, assuming a weak
coupling of the floor and the air volume in the receiver room.
2.1

Impact force

All results are based on mechanical excitation of the floor by means of a standard tapping machine, which
produces a periodic impact force, assumed to be of very short duration at t = 0 for hammer 1. This periodic
impact force of hammer 1 can be represented by an exponential form of the Fourier series [3,17].
∞

𝐹

(1) (𝑡)

= ∑

2𝜋𝑛
(1)
𝐹𝑛 e𝑖 𝑇 𝑡

∞

=

(1)
𝐹0

𝑛=−∞

with 𝜔0 =
(1)

2𝜋
𝑇

(1)

, 𝐹𝑛

1

𝑇

= 𝑇 ∫0 𝐹 (1) (𝑡)e−𝑖

2𝜋𝑛
(1)
+ 2 ∑ 𝐹𝑛 cos(
𝑡)
𝑇

(1)

𝑛=1

2𝜋𝑛
𝑡
𝑇

𝑑𝑡

where 𝐹𝑛 represents the amplitude of the nth harmonic component of the impact force resulting from hammer
1. For a standard tapping machine, each hammer has a mass of m = 0.5 kg and has a free-drop height of h =
0.04 m, as specified by ISO 10140-5:2010 [1]. Since the duration of the force pulse is short with respect to
2𝜋𝑛

the period of interest, the Fourier amplitude of the harmonics can be approximated by 𝑒 −𝑖 𝑇 𝑡 ≈ 1 [4,17].
Considering the contribution of each impact hammer separately, the period of the hammers equals T=0.5 s.
The impulse-momentum theorem [18] is used to express the Fourier coefficients in terms of the known mass
and drop height of the hammers, assuming ideal elastic impacts to obtain an upper limit for the force amplitude.
(1)

𝐹𝑛

≈

1 𝑇 (1)
2𝑚𝑣0 2𝑚
∫ 𝐹 (𝑡)𝑑𝑡 =
=
√2𝑔ℎ = 1.77 𝑁
𝑇 0
𝑇
𝑇

(2)

The time-signal of the kth hammer displays a delay 𝑡𝑘 of the impact time with respect to the first hammer at t
= 0 s. The order of impacts from the hammers is 1-3-5-2-4, with an interval of 0.1 s between each hammer.
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∞

𝐹

(𝑘) (𝑡

(𝑘)

− 𝑡𝑘 ) = ∑ 𝐹𝑛 e𝑖

2𝜋𝑛
(𝑡−𝑡𝑘 )
𝑇

(3)

𝑛=−∞
2𝜋𝑛

Which constitutes a phase angle −
𝑡 for the nth harmonic of hammer k. The phase shifts of all hammers
𝑇 𝑘
are visualized in Figure 1, showing that the forces always cancel each other out, except at 10 Hz multiples
where all hammers act in phase. Of course this conclusion only holds under the assumption that all hammers
hit the structure at the exact same location. If the distance between the hammers is accounted for, the force
amplitudes will vary due to the fact that the floor has a location dependent point mobility, such that the phases
will no longer cancel out the hammer forces entirely and sound radiation at 2 Hz multiples will occur.
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Figure 1: Phase shift for each of the five hammers a) 1st harmonic (2 Hz) b) 2nd harmonic (4 Hz) c) 3rd
harmonic (6 Hz) d) 4th harmonic (8 Hz) e) 5th harmonic (10 Hz).
2.2

Velocity field

For homogeneous elastic solid layers in the TMM, as illustrated in Figure 2, the acoustic state is represented
by four variables in the frequency-wavenumber domain: the velocity in x-direction 𝑣𝑥𝑠 and z-direction 𝑣𝑧𝑠 , the
normal stress in the vertical direction 𝜎𝑧𝑧 and the shear stress 𝜎𝑥𝑧 . This acoustic state is represented by the
vector 𝑉 𝑠 (𝑀), where the superscript s denotes a solid layer. Note that these four variables are sufficient to
completely describe the deformation and stress state of the layer as the TMM considers two-dimensional wave
propagation in the xz-plane. The states on the top side (𝑧 = zA ) and bottom side (𝑧 = zB ) of a homogeneous
elastic layer are related through a transfer matrix 𝑇 𝑠 [6,10,19]. 𝑧𝐴 denotes the side where the impact force is
applied, while 𝑧𝐵 denotes the floor-receiver room interface. The elements of the transfer matrix as well as the
acoustic state variables depend on the trace wavenumber 𝑘𝑟 = √𝑘𝑥2 + 𝑘𝑦2
𝑽𝑠 (𝑘𝑟 , 𝜔, zA ) = [𝑣𝑥𝑠 (𝑘𝑟 , 𝜔, zA ) 𝑣𝑧𝑠 (𝑘𝑟 , 𝜔, zA ) 𝜎𝑥𝑠 (𝑘𝑟 , 𝜔, zA ) 𝜎𝑥𝑠 (𝑘𝑟 , 𝜔, zA )]𝑇

(4)

𝑽𝑠 (𝑘𝑟 , 𝜔, zA ) = 𝑻𝑠 (𝑘𝑟 , 𝜔)𝑽𝑠 (𝑘𝑟 , 𝜔, zB )

(5)

Figure 2: Convention used in the mTMM model, with the receiver room at positive z-coordinates.

3

1747

In case of a bare floor, only a single elastic layer is present. When considering a vertical impact force on the
floor, 4 boundary conditions are needed to solve the wave field. The vertical stress at the impact side equals
𝜎𝑧𝑧 (𝑘𝑟 , 𝜔, zA ) and will further on be related to the external force. There is no shear stress at either side of the
floor, i.e. 𝜎𝑥𝑧 (𝑘𝑟 , 𝜔, zA ) = 𝜎𝑥𝑧 (𝑘𝑟 , 𝜔, zB ) = 0 . The vertical stress at the receiver room interface is
approximately zero when weak coupling is assumed between the floor and the air volume, so 𝜎𝑧𝑧 (𝑘𝑟 , 𝜔, zB ) ≈
0. These boundary conditions lead to four known stresses, so only the velocities of the acoustic states at both
floor edges are unknown. They are described by following vectors:
𝑽𝑠 (𝑘𝑟 , 𝜔, zA ) = [𝑣𝑥𝑠 (𝑘𝑟 , 𝜔, zA ) 𝑣𝑧𝑠 (𝑘𝑟 , 𝜔, zA ) 𝜎𝑧𝑧 (𝑘𝑟 , 𝜔, zA ) 0]𝑇

(6)

𝑽𝑠 (𝑘𝑟 , 𝜔, zB ) = [𝑣𝑥𝑠 (𝑘𝑟 , 𝜔, zB ) 𝑣𝑧𝑠 (𝑘𝑟 , 𝜔, zB ) 0 0]𝑇

(7)

For thick, finite floors, the velocity field can be approximated using a Ritz approach, i.e. by means of a
generalized velocity 𝑣𝑗 (𝑧, 𝜔) and a finite set of shape functions 𝜙(𝑥, 𝑦) that satisfy the simply supported
boundary conditions at any coordinate z.
𝑁𝑚

𝑣(𝑥, 𝑦, 𝑧, 𝜔) = ∑ 𝑣𝑗 (𝑧, 𝜔)𝜙𝑗 (𝑥, 𝑦)

(8)

𝑗=1

For finite floors the origin of the coordinate system is located at a corner of the floor for computational
purposes, so coordinates range from [0 ; 0] to [𝐿𝑥 ; 𝐿𝑦 ]. The floor is assumed to have a rectangular shape,
composed of homogeneous layers with simply supported boundary conditions and hysteretic damping. The
chosen shape functions are mass normalized sine functions [2].
𝜙𝑗 (𝑥, 𝑦) =
where

𝑚𝑗 𝜋
𝐿𝑥

= 𝑘𝑗𝑥 and

𝑛𝑗 𝜋
𝐿𝑦

𝑚𝑗 𝜋
𝑚𝑗 𝜋
sin (
𝑥) sin (
𝑦)
𝐿𝑥
𝐿𝑦
√𝜌𝑡𝐿𝑥 𝐿𝑦
2

(9)

= 𝑘𝑗𝑦 are the x and y components of the modal wavenumber, 𝜌 is the mass density,

t is the floor thickness and 𝑚𝑗 and 𝑛𝑗 are the number of half wavelengths of mode j in the x and y directions,
respectively.
The transfer matrix relates the acoustic states of the top and bottom sides of the floor. Equation 5 can be
reformulated [13] such that a mechanical impedance matrix relates the velocities at both sides of the floor to
the stresses at both sides of the floor. This mechanical impedance formulation is repeated for the Cartesian
wavenumber domain, where the decomposition of the velocity field (cfr. Equation 8) is performed and where
2
2
the trace wavenumber, imposed on the TMM, is the modal wavenumber 𝑘𝑗 = √𝑘𝑗𝑥
+ 𝑘𝑗𝑦
.
𝑁𝑚

∑ (𝑍𝐴𝐴 (𝑘𝑗 , 𝜔)𝑣𝑗 (zA , 𝜔) + 𝑍𝐴𝐵 (𝑘𝑗 , 𝜔)𝑣𝑗 (zB , 𝜔)) 𝜙𝑗 (𝑥, 𝑦) = 𝑝(𝑥, 𝑦, zA , 𝜔)

(10)

𝑗=1
𝑁𝑚

∑ (𝑍𝐵𝐴 (𝑘𝑗 , 𝜔)𝑣𝑗 (zA , 𝜔) + 𝑍𝐵𝐵 (𝑘𝑗 , 𝜔)𝑣𝑗 (zB , 𝜔)) 𝜙𝑗 (𝑥, 𝑦) = 𝑝(𝑥, 𝑦, zB , 𝜔)

(11)

𝑗=1

A weighted residual formulation is then constructed with weight function 𝜙𝑙 (𝑥, 𝑦).
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𝐿𝑥

𝐿𝑦

𝑁𝑚

∫ ∫ [∑ (𝑍𝐴𝐴 (𝑘𝑗 , 𝜔)𝑣𝑗 (zA , 𝜔) + 𝑍𝐴𝐵 (𝑘𝑗 , 𝜔)𝑣𝑗 (zB , 𝜔)) 𝜙𝑗 (𝑥, 𝑦)] 𝜙𝑙 (𝑥, 𝑦)d𝑥d𝑦
0

0

𝑗=1
𝐿𝑥

𝐿𝑦

= ∫ ∫ 𝑝(𝑥, 𝑦, zA , 𝜔) 𝜙𝑙 (𝑥, 𝑦)d𝑥d𝑦
0
𝐿𝑥

𝐿𝑦

0

𝑁𝑚

(12)

∫ ∫ [∑ (𝑍𝐵𝐴 (𝑘𝑗 , 𝜔)𝑣𝑗 (zA , 𝜔) + 𝑍𝐵𝐵 (𝑘𝑗 , 𝜔)𝑣𝑗 (zB , 𝜔)) 𝜙𝑗 (𝑥, 𝑦)] 𝜙𝑙 (𝑥, 𝑦)d𝑥d𝑦
0

0

𝑗=1
𝐿𝑥

𝐿𝑦

= ∫ ∫ 𝑝(𝑥, 𝑦, zB , 𝜔) 𝜙𝑙 (𝑥, 𝑦)d𝑥d𝑦

{

0

0

The shape functions 𝜙𝑗 (𝑥, 𝑦) are orthogonal to each other, so the following equation is valid:
𝐿𝑥

𝐿𝑦

∫ ∫ 𝜙𝑙 (𝑥, 𝑦) 𝜙𝑗 (𝑥, 𝑦)d𝑥d𝑦 =
0

0

1
𝛿
𝜌𝑡 𝑗𝑙

(13)

Substituting the decomposition from Equation 8 into the mechanical impedance expression of Equations 10
and 11, leads to following relation between the generalized velocities and pressures for a single mode 𝑗.
𝑠
𝑠
𝑍𝐴𝐴
𝑝𝑗 (zA , 𝜔)
(𝑘𝑗 , 𝜔) 𝑍𝐴𝐵
(𝑘𝑗 , 𝜔) 𝑣𝑗 (zA , 𝜔)
[ 𝑠
][
]=[
]
𝑠
𝑝𝑗 (zB , 𝜔)
𝑍𝐵𝐴 (𝑘𝑗 , 𝜔) 𝑍𝐵𝐵 (𝑘𝑗 , 𝜔) 𝑣𝑗 (zB , 𝜔)

(14)

The resulting velocity field is finally transformed to the wavenumber domain, where the integration
bounds are limited since the shape functions are equal to zero beyond the edges of the floor surface and
this integral can be solved analytically. Incorporation of the approximate modal behavior of finite floors
requires computation of the resulting velocity field in the (𝑘𝑥 , 𝑘𝑦 ) wavenumber domain, in contrast to
infinite floors where the cylindrical wavenumber domain is preferred due to the axisymmetric nature of
the wave propagation.
𝐿𝑥

𝐿𝑦

𝑣(𝑘𝑥 , 𝑘𝑦 , 𝑧, 𝜔) = ∫ ∫ 𝑣(𝑥, 𝑦, 𝑧, 𝜔)𝑒 i𝑘𝑥 𝑥 𝑒 i𝑘𝑦 𝑦 d𝑥d𝑦
0
𝑁𝑚

0
𝐿𝑥

𝐿𝑦

= ∑ 𝑣𝑗 (𝑧, 𝜔) ∫ ∫ 𝜙𝑗 (𝑥, 𝑦)𝑒 i𝑘𝑥 𝑥 𝑒 i𝑘𝑦 𝑦 d𝑥d𝑦
0

𝑗=1

=

2.3

2

𝑁𝑚

∑ 𝑣𝑗 (𝑧, 𝜔) (

√𝜌𝑡𝐿𝑥 𝐿𝑦 𝑗=1

0

𝑘𝑗𝑥 (1 − (−1)𝑚𝑗 𝑒 𝑖𝑘𝑥 𝐿𝑥 ) 𝑘𝑗𝑦 (1 − (−1)𝑛𝑗 𝑒 𝑖𝑘𝑦 𝐿𝑦 )
)(
)
2
2
− 𝑘𝑥2 )
− 𝑘𝑦2 )
(𝑘𝑗𝑥
(𝑘𝑗𝑦

(15)

Relation between external force and floor surface pressure

The external point force can be expressed as an integration of the pressure field over the floor surface.
𝐿𝑥

𝐿𝑦

𝐹(𝜔) = ∫ ∫ 𝑝(𝑥, 𝑦, zA , 𝜔)𝑑𝑥𝑑𝑦
0

0

(16)

Where
𝑝(𝑥, 𝑦, zA , 𝜔) = 𝐹(𝜔)𝛿(𝑥)𝛿(𝑦)

(17)
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To determine the generalized pressure at the impact side (𝑧 = 𝑧𝐴 ), an expression is required to relate the
generalized pressure to the impact force 𝐹(𝜔).
𝐿𝑥

𝑁𝑚

𝐿𝑦

𝐿𝑥

𝐿𝑦

∫ ∫ 𝜙𝑙 (𝑥, 𝑦) 𝑝(𝑥, 𝑦, zA , 𝜔)d𝑥d𝑦 = ∑ ∫ ∫ 𝜙𝑙 (𝑥, 𝑦) 𝜙𝑗 (𝑥, 𝑦)𝑝𝑗 (zA , 𝜔)d𝑥d𝑦
0

0

𝑗=1 0

(18)

0

Using the orthogonality from Equation 13 in Equation 18 results in
𝐿𝑥

𝑁𝑚

𝐿𝑦

∫ ∫ 𝜙𝑙 (𝑥, 𝑦) 𝑝(𝑥, 𝑦, zA , 𝜔)d𝑥d𝑦 = ∑
0

0

𝐽=1

1
𝛿 𝑝 (z , 𝜔)
𝜌𝑡 𝑗𝑙 𝑗 A

(19)

and subsequent substitution of Equation 17 into above expression yields a relation between the generalized
pressure and the impact force.
(20)
𝑝𝑗 (zA , 𝜔) = 𝜌𝑡𝜙𝑗 (𝑥𝑓 , 𝑦𝑓 )𝐹(𝜔)
2.4

Radiated sound power

The room is modelled as an acoustic halfspace, so the sound is radiated by the floor into the direct field of the
room. The relation between pressure and velocity at the floor-room interface depends on the ratio of the trace
wavenumber √𝑘𝑥2 + 𝑘𝑦2 and the wavenumber in air 𝑘𝑎 [2].
𝑝(𝑘𝑥 , 𝑘𝑦 , 𝑧, 𝜔) = 𝜌𝑎 𝑐

𝑘𝑎 (𝜔)

𝑣(𝑘𝑥 , 𝑘𝑦 , 𝑧, 𝜔)

𝑘𝑥2 + 𝑘𝑦2 ≤ 𝑘𝑎2 (𝜔)

√𝑘𝑎2 (𝜔) − (𝑘𝑥2 + 𝑘𝑦2 )
𝑘𝑎 (𝜔)

𝑝(𝑘𝑥 , 𝑘𝑦 , 𝑧, 𝜔) = 𝜌𝑎 𝑐
{

(21)
𝑣(𝑘𝑥 , 𝑘𝑦 , 𝑧, 𝜔)

𝑘𝑥2 + 𝑘𝑦2 ≥ 𝑘𝑎2 (𝜔)

−i√(𝑘𝑥2 + 𝑘𝑦2 ) − 𝑘𝑎2 (𝜔)

The radiated sound power W is obtained in the spatial domain by integration of the sound intensity over the
entire floor surface. To this end, a double inverse wavenumber transform is applied to the velocity and pressure
at the floor-room interface.
∞
∞
1
𝑝(𝑥, 𝑦, 𝑧, 𝜔) = 2 ∫ ∫ 𝑝(𝑘𝑥 , 𝑘𝑦 , 𝑧, 𝜔)𝑒 −i𝑘𝑥 𝑥 𝑒 −i𝑘𝑦 𝑦 d𝑘𝑥 d𝑘𝑦
(22)
4𝜋 −∞ −∞
𝑣(𝑥, 𝑦, 𝑧, 𝜔) =

∞
∞
1
′
′
∫
∫
𝑣(𝑘𝑥′ , 𝑘𝑦′ , 𝑧, 𝜔)𝑒 −i𝑘𝑥 𝑥 𝑒 −i𝑘𝑦 𝑦 d𝑘𝑥′ d𝑘𝑦′
2
4𝜋 −∞ −∞

(23)

The use of 𝑘 and 𝑘′ is introduced to make a clear distinction between both integral variables. The sound power
is expressed as
𝐿𝑥 𝐿𝑦
1
𝑊(𝜔) = Re (∫ ∫ 𝑝(𝑥, 𝑦, zB , 𝜔)𝑣 ∗ (𝑥, 𝑦, zB , 𝜔)dxdy)
(24)
2
0
0
The integration boundaries can be extended from [0 ; 𝐿𝑥 ] and [0 ; 𝐿𝑦 ] to ] − ∞ ; ∞[ as the shape functions are
equal to zero outside of the floor surface area and consequently there is no sound power radiation beyond the
floor boundaries. Substitution of Equations 22 and 23 into Equation 24 and subsequent integrations over (𝑥, 𝑦)
and (𝑘𝑥′ , 𝑘𝑦′ ) [20] lead to following expression for the sound power radiation in the wavenumber domain:
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∞
∞
1
Re
∫
𝑝(𝑘𝑥 , 𝑘𝑦 , zB , 𝜔)𝑣 ∗ (𝑘𝑥 , 𝑘𝑦 , zB , 𝜔)d𝑘𝑥 d𝑘𝑦 )
(∫
(25)
8𝜋 2
−∞ −∞
This is a double infinite integral. However, only wavenumber components satisfying the condition 𝑘𝑥2 + 𝑘𝑦2 ≤
𝑘𝑎2 (𝜔) contribute to the real part of the integral and thus to net sound power radiation, such that the range of
integration can be reduced. Substituting the first expression of Equation 21 into the reduced integral leads to a
compact formulation for the radiated sound power. This expression can be simplified due to the quadratic
nature of the integrand, leading to a significant increase in computational efficiency.

𝑊(𝜔) =

𝑘𝑎 (𝜔) √𝑘𝑎 (𝜔)
𝜌𝑎 𝑐𝑘𝑎 (𝜔)
𝑊(𝜔) =
Re ∫
∫
2𝜋 2
0
0
(

3

2

2 −𝑘 2
𝑦

|v(𝑘𝑥 , 𝑘𝑦 , zB , 𝜔)|

√𝑘𝑎 (𝜔)2 − (𝑘𝑥2 + 𝑘𝑦2 )

(26)

d𝑘𝑥 d𝑘𝑦
)

Validation

A validation case is included for the analysis of a multilayered structure. Measurements were performed by
the BBRI [21] on a floating floor with horizontal dimensions 𝐿𝑥 = 2.60 m and 𝐿𝑦 = 4.42 m. The floor was
impacted with a standardized tapping machine. Measurements were performed for at least four unknown
impact locations. The results for the prediction models in Figure 3 are an average of the results from four
randomly distributed impact locations at (0.75 m, 1.02 m); (2.06 m, 2.03 m); (1.32 m, 3.78 m) and at (1.72 m,
2.94 m) for the middle hammer, where it is assumed that the tapping machine was placed along the y-axis. All
relevant layer properties are provided in Table 1. Measurement results for the bare concrete floor and the
floating floor system are illustrated in Figure 3: as well as predictions for the radiated sound power using two
models for the impact force: a model where one force impacts at 10 Hz and a model where all five hammers
at 2 Hz are included and the distance between hammers is accounted for. Measurement results were obtained
down to the 50 Hz one-third octave band. It is clear from the figure that the one hammer model and the five
hammer model yield nearly identical results at 50 Hz and above. The single number ratings 𝐿𝑛,𝑊 (𝐶𝐼 ) for the
measurements are 68 dB (+0 dB) for the bare floor and 36 dB (+13 dB) for the floating floor, while both
prediction methods have an identical SNR, which is 70 dB (-4 dB) for the bare floor and 36 dB (+11 dB) for
the floating floor.
Table 1: Layering and material properties of the floating floor. * Assumed values which are widely used in
literature. ** Estimated properties.
Layer
Floating screed
INSULIT BI+8
Base concrete floor

𝜌 [𝑘𝑔/𝑚3 ]
1800
40
2400

𝑡 [𝑚]
0.06
0.008
0.14

𝜂 [−]
0.015 *
0.8 **
0.015 *

𝜈 [−]
0.2 *
0.3 **
0.2 *

𝐸 [𝑁/𝑚2 ]
31.5e9(1+𝜂i) *
1.6e5(1+𝜂i) *
31.5e9(1+𝜂i) *
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(a)

(b)

Figure 3: Radiated sound pressure level: measurement (black), 5 hammer prediction (red dashed line) 1
hammer prediction (green dotted line) for (a) bare concrete floor (b) floating floor

In Figure 4, the prediction method is extended down to the 6.3 Hz one-third octave band. As a reference
solution, a prediction of the radiated sound pressure level using an averaged force spectrum [13] is shown. It
is clear that the assumption of 1 hammer acting at 10 Hz is valid from 40 Hz onward, but for lower bands,
there would be no or only one line present in the force spectrum, leading to a high uncertainty or even no
radiated power at all. The results for the prediction model using five hammers still displays distinct peaks at
10 Hz multiples since all hammers act in phase, but the harmonic results clearly show that the sound pressure
level is nonzero at 2 Hz multiples, because the difference in location of the hammers yields different amplitudes
for the hammer forces an consequently they don’t cancel out anymore due to their phase differences. The 10
Hz multiples still dominate the resulting spectrum, as the difference between the 10 Hz multiples and the 2 Hz
multiples is around 25 dB.

(b)

(a)

Figure 4: Radiated sound power level, computed with an averaged force spectrum [13] (blue solid line), 1
hammer acting at 10 Hz (green) and the 5 hammers acting at 2 Hz (red) (a) harmonic sound power level (b)
sound power level in one-third octave bands.

8

1752

4

Conclusions

The mTMM framework is presented for finite floors. Validation examples have shown that the mTMM has an
accuracy of a few dB for the entire 50-5000 Hz frequency range, since the boundary conditions and resulting
modal behavior are accounted for. It has been shown that when analyzing a structure below 50 Hz, it is
important to use a more detailed mathematical formulation for the impact force, taking into account all five
hammers acting at 2 Hz and the distance between those hammers.
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Abstract
The sound insulation of a partitioning structure depends on the nature of the sound fields in the source and
receiver rooms. In order to uniquely define the sound insulation, both sound fields are often taken to be
diffuse. A diffuse field model may represent the sound field of a conceptual ensemble of rooms with the
same volume and reverberation time, but otherwise any possible arrangement of boundaries and small objects
that have a wave scattering effect. Uncertainty due to random wave scattering is therefore inherently present
in the computed diffuse transmission loss. In this paper, closed-form expressions are derived for quantifying
this uncertainty, such that it becomes possible to estimate by how much the transmission loss of a particular
room-wall-room system may deviate from the nominal, ensemble average value which corresponds with omnidirectional incidence and halfspace radiation. First, an exact expression is derived, based on the hybrid
deterministic-statistical energy analysis theory. Its evaluation requires knowledge of the dynamic stiffness of the
partitioning structure and of the radiation impedances of the surrounding fluids. Subsequently, an approximate
expression is derived, which require only energetic quantities, making it also applicable in an experimental
setting. The accuracies of both expressions are investigated in a numerical study.
Keywords: sound insulation, uncertainty quantification, diffuse sound field, frequency averaging.

1

Introduction

The airborne sound insulation of a partitioning structure does not only depend on its own dimensions and
properties, but also on the nature of the incident sound field at the source side and on that of the radiated sound
field at the receiver side. In an indoor setting, both sound fields are conventionally approximated as (fully)
diffuse, in the sense that the incident sound field consists of incoherent plane waves coming from all possible
directions and carrying the same energy, and the radiated sound field equals that of an acoustic halfspace. This is
a good approximation at high frequencies, i.e., above the Schroeder frequency of both rooms, where the modal
overlap is very high. At lower frequencies, however, large differences between the sound transmission loss for
a particular room-wall-room system and the nominal diffuse transmission loss can occur [1]. Consequently, the
prediction of the low-frequency sound insulation of a particular room-wall-room configuration requires detailed
models of the acoustic volumes, coupled through a wall model. Such a detailed room-wall-room analysis comes
at a substantial modeling and computation cost. Furthermore, very often the performance of the wall across a
range of source and receiver positions and across a range of source and receiver rooms is of interest, such that
the detailed analysis needs to be repeated multiple times, further increasing the computation cost.
However, if the sound insulation of a given wall across an ensemble of room-wall-room systems is of
interest and there is sufficient randomness across that ensemble, then the fact that the ensemble average equals
the diffuse sound transmission loss, also at low frequencies, can be exploited [2]. A caveat is of course that,
below the Schroeder frequency, the variance across the ensemble can be large, so it should be quantified if one
wants to estimate by how much the transmission loss of a particular room-wall-room system may deviate from
the nominal, mean diffuse value. Such an estimation is also useful when a particular room-wall-room system is
of interest, as it allows the analyst to precisely quantify from which frequency onwards the mean diffuse value
is a sufficiently accurate approximation of the transmission loss, rather than relying on the Schroeder frequency.
1
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For the variance quantification, it is important to notice that a diffuse field is by definition a random field,
composed of a large number of statistically independent plane waves, the spatial phase of which is uniformly
distributed and independent from the amplitude [3]. A diffuse sound field therefore represents not just a nominal
situation, but the sound field of a conceptual random ensemble of rooms with the same modal density and total
absorption, but otherwise any possible arrangement of boundaries and small objects that have a wave scattering
effect. This ensemble has maximum uncertainty, or maximum entropy, across all possible ensembles of rooms
with the same modal density and reverberation time [4]. When the sound field in an isolated room can be
considered as diffuse, it follows immediately from the above definition that its mode shapes are independent,
zero-mean Gaussian random fields. The statistical properties of the natural frequencies relate to those of the
eigenvalue spacings Gaussian Orthogonal Ensemble matrix from random matrix theory [5]. Based on this fact,
an expression for the variance of the total energy of a diffuse field has been derived [6, 7]. It does not only
depend on the modal overlap of the room and on the frequency integration bandwidth, but also on the nature of
the loading: for point loading, the variance of the total energy decreases with the number of incoherent sources
and it is also lower when the loading is deterministic rather than random. It has found application in the analysis
of structure-borne sound radiation into a diffuse field, where closed-form expressions for the variance of the
radiated sound power and sound pressure levels have been derived [8]. It can also be employed in the statistical
energy analysis of a built-up system if the parameters describing the loading of one particular diffuse subsystem
by all other diffuse subsystems can be evaluated [9].
The fact that the diffuse field variance depends rather strongly on the type of excitation, complicates the
variance analysis of the sound transmission loss in between two diffuse rooms. At a given frequency, the
receiver room may be excited by one, several, or many modes of the vibrating wall. Furthermore, each wall
mode is randomly excited by the diffuse sound field at the source side. It is not immediately clear whether and
how the excitation parameters of the variance estimation procedure that was developed in [7, 8, 9] might be
evaluated for the more complex subsystem excitations considered here. Progress has been made in a hybrid
deterministic-statistical energy analysis setting, where diffuse subsystems of finite size can be connected to
each other and to deterministic system parts in an arbitrary complex way [10]. In this setting, closed-form
expressions have been derived for the variance of the total energies of diffuse subsystems [11, 12]. These
fundamental results have been employed successfully for analyzing the diffuse sound transmission loss variance
[2, 13, 14]. The related expressions are elaborate and their evaluation requires the halfspace sound radiation
impedances of the relevant room modes. Furthermore, they are applicable to the harmonic transmission loss
only, while in technical acoustics, transmission losses in frequency bands are usually of interest [1].
In the present work, two developments for diffuse sound transmission loss variance quantification are
presented and validated against numerical simulations. The first development concerns the analysis of the bandaveraged, rather than the harmonic, transmission loss variance. First, it is demonstrated that the relationship
between the diffuse transmission coefficient and the two-room coupling loss factor which is known to hold
in the ensemble average sense [15], also holds for every individual member of the random ensemble. Then,
the recent hybrid deterministic-SEA band-averaged variance results of [12] are exploited for establishing a
new diffuse sound transmission loss variance expression that is applicable to any wall type and to both light
and heavy fluid loading. The second development concerns the derivation of a relatively simple formula for the
diffuse sound transmission loss that is not only applicable for numerical predictions, but also in an experimental
setting. The formula does not require the halfspace radiation impedance of the wall, but involves only quantities
that are measured in a conventional sound transmission test. It is derived by introducing approximations into
the general diffuse variance expression, which restrict its application to light fluid loading.

2

Transmission loss and coupling loss factor
The transmission loss R across a partition wall is defined as
1
R(ω) := 10 log
τ12 (ω)

with

τ12 (ω) :=

P(1→2)
(ω)
in
P(1)
(ω)
inc

,

(1)

2
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where ω represents frequency, τ12 the transmission coefficient, P(1)
the sound power that is incident upon the
inc
(1→2)
wall in the source room (room 1) and Pin
the power flow from source to receiver room (room 2). A related
quantity is the coupling loss factor η12 between the source and receiver rooms:
P(1→2)
(ω)
in

η12 (ω) :=

ωE1 (ω)

,

(2)

where E1 is the total sound energy in the source room. From these definitions, it follows that
η12 (ω)ωE1 (ω) = τ12 (ω)P(1)
(ω).
inc

(3)

The wall is taken to be a linear mechanical system, so τ12 and η12 do not depend on Pinc(1) nor on E1 . For a
given incident sound field, the ratio between E1 and P(1)
is therefore equal to a constant C:
inc
E1 (ω) = CP(1)
(ω)
inc

such that

τ12 (ω) = Cωη12 (ω).

(4)

This last expression is valid for any room-wall-room system. In what follows, it is assumed that the source
room carries a diffuse sound field. In that case, the ensemble mean of the incident power relates to the total
energy in the room via [15]:
cS
Ê1 (ω).
(5)
P̂(1)
(ω) =
inc,rev
4V1
where the hat denotes the mean across the diffuse random field ensemble, c the sound speed, S the surface
area of the wall, and V1 the source room volume. Taking the expected value of both sides of Equation 3 and
accounting for the fact that not only τ12 and P(1)
, but also η12 and E1 are independent from each other yields
inc
τ̂12 (ω) = Cωη̂12 (ω)

with C =

4V1
.
cS

(6)

From this expression, the constant C which appears in Equation 4 can be determined, such that
τ12 (ω) =

4ωV1
η12 (ω).
cS

(7)

This final expression is known to hold in an ensemble averaged sense [15, Eq. 3.3.22], however, the above
derivation demonstrates that it also holds for each individual member of the random ensemble of room-wallroom systems that is being considered here (deterministic wall and random diffuse sound fields in the rooms).

3

Prediction of the mean diffuse transmission loss of a complex finite wall

The prediction of the nominal, ensemble averaged transmission loss of a wall that is situated in between
two diffuse sound fields is treated in this section. It does not contain new theoretical developments, but rather
introduces the concepts, definitions and notations that are necessary for the variance analysis that follows, and
this in a more straightforward way than in previous publications such as [2]. The wall is taken to be finite
and deterministic and its displacement field is described with a finite set of (generalized) displacement degrees
of freedom, which are collected in a frequency-dependent complex vector q(ω). Phasor notation is being
employed, such that the time history of the wall displacement at frequency ω is obtained as
n
o
q(t) = Re q(ω)eiωt .
(8)
The equation of motion of the wall can be expressed as
Dd q = f + f1 + f2 ,

(9)

3
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where Dd represents the deterministic, in-vacuo dynamic stiffness matrix of the wall, f the external loading on
the wall, and f j the reaction forces onto the wall caused by the sound pressure field in room j that results from
the wall displacement q. The equation of motion of room j reads
D j q = −f j ,

(10)

where D j is the dynamic stiffness matrix of room j.
If random wave scattering is present in the rooms, the sound field in each room can be decomposed into a
direct sound field, representing waves propagating away from the wall, and a diffuse reverberant sound field,
representing scattered waves traveling back to the wall. The equation of motion of the room then reads
 ( j)

( j)
Ddir + Drev q = −f j .
(11)
The direct field is deterministic, while the diffuse field is random. Since the direct field dynamic stiffness matrix
( j)
Ddir represents that of an acoustic halfspace (or anechoic space), it can be evaluated with the Rayleigh integral
and in more general cases with the boundary element method. Substitution into Equation 9 results in


(2)
Dtot + D(1)
where
Dtot := Dd + D(1)
+ D(2)
.
(12)
rev + Drev q = f,
dir
dir
Since the ensemble average of the reverberant dynamic stiffness matrices is zero [16], one may approximate
(2)
the wall displacement by a first-order perturbation expansion around D(1)
rev = Drev = 0:
 (1)

(2)
−1
q ≈ D−1
f
−
D
D
+
D
D−1
(13)
rev
rev
tot
tot
tot f.
The wall displacement results in sound power injection into the receiver room, that can be evaluated as
o ω  (2)

1 n
(2)
H
H
P(2)
=
Re
(−iω)q
(−f
)
=
q
D̃
+
D̃
q,
2
rev
in
dir
2
2
where the imaginary part of a matrix is denoted with a tilde. Substitution of Equation 13 leads to
n
o

 (1)
 (2)
ω H −H  (2)
(2)
(2)
−1
H −H (2) −1
−1
P(2)
≈
f
D
D̃
+
D̃
D
f
−
ωRe
f
D
D̃
D
f
.
D
+
D
D
D
rev
rev
rev
rev
tot
tot
tot
tot
tot
in
dir
dir
2

(14)

(15)

If the direct excitation of the wall f stems from an externally excited diffuse field in room 1 with fixed total
energy E1 , then P(2)
corresponds with P(1→2)
which appears in Eqs. (1-2). The wall is then excited by three
in
in
diffuse sound pressure fields: a field in room 1 which results from external excitation (represented by the force
f), a field in room 1 which results from radiation by the wall and subsequent reflection of the radiated waves in
(2)
that room (represented by D(1)
rev ), and a similar field in room 2 (represented by Drev ). Since these diffuse sound
fields result from different reflections, they are uncorrelated [11].
With this insight, and acknowledging that the diffuse reverberant system matrices have zero mean, the
expected value of Equation 15 can be evaluated to yield the ensemble averaged value of the power flow:

ω 
(2) −1
P̂(1→2)
= Tr Ŝff D−H
with
Sff := ff H ,
(16)
tot D̃dir Dtot ,
in
2
and where Tr denotes the matrix trace. The mean cross-spectrum of the diffuse excitation forces Ŝff in room 1
can be evaluated by invoking the so-called diffuse field reciprocity relationship [17]:
Ŝff =

4Ê1 (1)
D̃ ,
ωπn1 dir

(17)

where n1 denotes the modal density in the source room. Substitution of this result into the previous expression
and subsequent combination with Eqs. (3,6) results in
τ̂12 (ω) =



8V1
−H (2) −1
Tr D̃(1)
D
D̃
D
dir tot dir tot
cS πn1

(18)
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The nominal, ensemble average diffuse field transmission coefficient can be obtained from this last expression,
hence also the transmission loss. Its evaluation requires the dynamic stiffness matrix of the wall and that of the
direct field of both rooms next to readily available quantities such as the room volume and modal density.
The above analysis is in principle valid only for harmonic transmission, i.e., where τ12 represents the
transmission loss at a single frequency ω rather than over a frequency band ∆ = ωu − ωl . In the latter, case, the
transmission loss and coefficient are defined as
R ωu (1→2)
Z
Pin (ω)dω
1
1 ωu
ω
R∆ (ω) := 10 log
with τ12,∆ (ω) =
(19)
τ12 (ω)dω = l (1)
τ12,∆ (ω)
∆ ωl
Pinc,∆ (ω)∆
where in the last equality, the fact that the prescribed incident power P(1)
is by definition constant over the
inc,∆
considered frequency band, has been employed. Taking the expected value of these expressions and substituting
Equation 18 leads directly to the ensemble average quantities τ̂12,∆ and R̂∆ .
The approach that was presented here for evaluating the diffuse sound transmission loss, is generally
applicable and does not require any assumption on the geometry and dynamic behavior of the wall other
than linearity. In contrast, in the conventional approach to diffuse sound transmission prediction, the wall is
considered to be of infinite extent, the transmission coefficient is computed for a plane incident sound wave
and halfspace reflection (at the source side) and radiation (at the receiver side), and subsequently integrated
over all angles of incidence to yield the mean diffuse transmission loss τ12 [1, 18]. The maximum angle of
attack is usually limited to a cut-off value that is smaller than 90◦ on an empirical basis, in order to have
better correspondence with measured values [18]. Problems of this kind are avoided in the approach that was
presented here, because the finite extent of the interface between wall and rooms is accurately accounted for.

4

Prediction of the variance of the diffuse transmission loss

4.1. General case
The variance of R12,∆ follows from a first-order approximation of its definition:
dR∆
Var [R∆ ] ≈
dτ12,∆

!2


Var τ̂12,∆ =

10
ln 10

!2

!2 Var hP(1→2) i


Var τ12,∆
10
in,∆
=
.
2
(1→2)
ln 10
τ̂12,∆
P̂in,∆

(20)

The variance of the band-integrated transmitted power P(1→2)
results from the integration of the crossin,∆
covariance between the harmonic transmitted powers at different frequencies within the considered band:
h
i
h
i Z ωu Z ωu
Cov P(1→2)
(ω1 )P(1→2)
(ω2 ) . dω1 dω2
(21)
Var P(1→2)
=
in,∆
in
in
ωl

ωl

Substitution of Equation 15 results in a second-order approximation of the variance. It can be further evaluated
by noting that the reverberant force vectors that relate to the external excitation and the responses of the
(2)
source and receiver rooms (f, D(1)
rev and Drev , respectively) are mutually uncorrelated and circular complex
Gaussian distributed, and by assuming that their statistical properties as well as the properties of the wall are
approximately constant within the frequency band ∆. This evaluation then follows the same lines as that of
the variance of the entries of the power balance matrix in a hybrid deterministic-statistical energy analysis in
frequency bands, which was presented in detail by Reynders and Langley [12, Secs. 4.3 and 5.2]. As a result,
(1→2)
the relative variance of Pin,∆
is obtained by evaluation of [12, Eq. (62)]. Some further algebra leads to


2
X
 
 2η̂21 b1R2  

bj
Var τ12,∆ 2
(2) ( j) (2)
(2)
4
η̂
=
Re
Tr
H
G
D̃
G
+
Re
Tr
H
G
1
j
11
21
dir
πm j
πm1
τ̂212,∆
j=1
 
 

 
b2R2  
(1) (2) 2
(2)
Re Tr H12 G(2) Tr D̃(2)
+
G
+
b
Re
Tr
D̃
G
2
dir
dir
πm2

(22)
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where m j := ωη j n j represents the modal overlap of room j, and
 
 2
−1 
2
atan
Bj
with
ln
1
+
B
+
j
Bj
B2j
 
B22 b2 − B2j b j
atan B j
:= δ2 j
+ (1 − δ2 j )
Bj
B22 − B2j

b j :=

b jR2

G( j) :=

B j :=

∆
ωη j

4
( j) −H
D−1
tot D̃dir Dtot
ωπn j

(23)

(24)
(25)

H1 j := ωπn j D̃(1)
G( j) D̃(1)
+ δ1 j D̃(1)
− 2δ1 j iD̃(1)
D−1 D̃(1) + 2δ1 j iD̃(1)
D−H D̃(1)
dir
dir
dir
dir tot dir
dir tot dir

(26)

In these expressions, δ2 j denotes the Kronecker delta, i.e., δ2 j = 0 when j = 1 and δ2 j = 1 when j = 2. The
harmonic variance result is recovered by reducing the bandwidth ∆ → 0, in which case b j → 1 and b sR2 → 1.
4.2. Light fluid loading
A substantial simplification can be achieved for the common special case of light fluid loading, i.e., when the
wall impedance is much larger than the radiation impedance of the acoustic fluids in both rooms. The second
term of H11 is then the dominant one:
H11 ≈ D̃(1)
.
dir

(27)

Furthermore, in most practical situations, the direct field dynamic radiation impedances of both rooms are
similar, such that
D̃(1)
≈ D̃(2)
(28)
dir
dir
With these approximations, and the application of the definition of H12 , Equation 22 transforms into


 
  b1R2 b2R2 ωn2   (1)
 
Var τ12,∆
b2 ωn2
(1) (2) 3
(2) 2
≈
Re Tr D̃dir G
+
+
Re Tr D̃dir G
πm1
m2 2η̂21
τ̂212,∆
m2 4η̂221
!  
 
1
b1
(2) 2
+ b2 Re Tr D̃(1)
G
.
+ 2
dir
4η̂21 πm1

(29)

Without loss of generality, one may assume that the wall displacement is expressed in terms of its in-vacuo
modal coordinates, i.e., the elements of q represent the modal displacements of the wall. The dynamic stiffness
matrix Dd of the wall is then a diagonal matrix when the wall damping is proportional. Furthermore, if the fluid
loading is light, it can be assumed that the acoustic fluid does not couple the in-vacuo modes of the structure, so
( j)
the matrices Ddir will be diagonal, and therefore also Dtot and G( j) . Finally, if there are N modes that contribute
to the sound transmission in the considered frequency band, and those modal contributions are approximately
equal, then the diagonal elements of D̃(1)
G(2) are approximately equal to each other, so
dir


(2) k
Tr D̃(1)
G
≈
dir

1
N k−1





2k k
(2) k
Tr D̃(1)
G
=
η̂ .
dir
N k−1 21

Subsitution of this result into Equation 29 and rearranging terms leads to
!
!


Var τ12,∆
b2
1
b1
2η̂21
b2
≈
+
b
+
+
b
+
.
1R2
2R2
N πm1
N
Nη2
N
τ̂212,∆

(30)

(31)

Because of its relatively simple form, this final expression lends itself easily to physical interpretation. In
the generic case where the energy loss in the receiver room is dominated by absorption rather than transmission
through the wall, η21 ≪ η2 , and the third term of the variance expression is negligibly small with respect to the
first two terms. The second term is inversely proportional to the modal overlap factor of the source room, m1 ,
6
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so it is expected to be the dominant term at low frequencies. However, if η1 is independent of frequency, m1
increases with the third power of frequency, such that at higher frequencies, the first term will normally be the
dominant one.
The variables b1 , b2 , b1R2 and b2R2 which appear in this expression, depend only on ratios of the relative
frequency bandwidth and the loss factors of the rooms, B1 and B2 . For very small bandwidths, the variables
all approximate unity. They decrease monotonically with increasing relative frequency bandwidth, and with
decreasing loss factor or, equivalently, with increasing reverberation time.
The observations related to Equation 31 are in good agreement with known results. For example, the fact
that the modal overlap of the source room is the dominant source of uncertainty at low frequencies, is reflected
in the practice to use the largest of both rooms in a transmission suite as source room, as prescribed by the ISO
10140-5 standard. Furthermore, it is well known that the inter-laboratory variability of diffuse transmission
loss values is particularly large for walls with a low modal density, i.e., for low values of N [19].
Equation 31 is much easier to evaluate than its more general counterpart, Equation 22, as it only depends
on the following quantities: the loss factors of the rooms (or equivalently, their reverberation times), the modal
overlap of the source room, the frequency bandwidth, the coupling loss (or, equivalently, the transmission loss)
itself, and the number of wall modes contributing the sound transmission. These quantities can all be easily
obtained from experiments, or alternatively from simple analytical predictions, such that Equation 31 can be
applied in a much wider setting than the sound insulation prediction framework in which it was derived.
The only exception is perhaps the number of modes N that correspond to the sound transmission. If
individual modal resonances of the wall dominate the sound transmission, then N = 1. This is not only the
case at wall resonance frequency dips of the harmonic transmission loss, but also for the corresponding bandaveraged values, on which such dips have a decisive influence. In between resonance dips, several wall modes
are excited, so N ≥ 2. In the next section, a simple expression that can be used for estimating N, is derived. It
depends only on the modal overlap of the wall.
4.3. Approximate estimation of the number of modes N
This section elaborates on the computation of the variable N that was introduced in Equation 30. The main
idea is to elaborate the first equality in Equation 30 for the special case k = 2. With the assumptions made so
far, this leads in the first instance to
  (1) 2 2
 D̃

P dir, j j 
  (1)
2 
 j D 2 
Tr D̃dir G(2)
d, j j

N = 
≈
(32)

4 .

(1)
(1) (2) 2
Tr D̃dir G
P D̃dir, j j
j

Dd, j j

4

This expression depends both on the natural frequencies of the wall and the modal radiation impedances of
the rooms. In situations where these quantities are not (precisely) known, such as standardized measurement
situations, progress can be made by approximating the dynamic stiffness of the wall to the ensemble average
dynamic stiffness of a wall carrying a diffuse vibration field. Assuming that D̃(1)
can be considered as constant
dir, j j
in the neighbourhood of the considered frequency, results from random point process theory [6] can be used to
obtain the ensemble averages of the numerator and denominator in Equation 32:


 
X D̃(1) 4 


dir,
j
j

 ≈ πnd D̃(1) 4 ,
(33)
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dir,
j
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(34)
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Substitution into Equation 32 yields



 



X D̃(1) 2 




dir, j j 





N = πmd 
,
1
+
relVar






2 







D
j

(35)

d, j j

with md = ωηnd the modal overlap factor and nd the modal density of the wall. The relative variance in this
expression has previously been investigated in [6]. As the natural frequency spacings converge to that of the
Gaussian Orthogonal Ensemble (GOE), the relative variance equals:


 
X D̃(1) 2 
dir,
j
j

 = 1 {1 + q(md )}
relVar 
(36)

2

Dd, j j  πmd
j
with
"
#

1
1 
1 + exp(−2πmd ) + E1 (πmd ) cosh(πmd ) −
sinh(πmd ) .
q(md ) = −1 +
2πmd
πmd

(37)

The function q(md ) goes to zero at low values and to one at high values of the modal overlap factor md . This
means that the investigated relative variance equals 1/(πmd ) at low modal overlap and decreases to zero at high
modal overlap, which also implies that N approximately equals 1 + πmd at low and πmd at high modal overlap.
As at high modal overlap, πmd ≫ 1, the following approximation can be used for the entire frequency range:
N ≈ 1 + πmd .

5

(38)

Numerical validation

The proposed method is validated by comparison with a detailed Monte Carlo model. The sound
transmission for a particular wall is obtained by coupling it to two rooms (the source and receiver room). A
total of 30 point air pockets (or acoustic point masses) are distributed at random locations within the room.
The air pockets are highly idealized models for small wave scatterers in the room, in the same way as point
masses would be highly idealized models for small wave scatterers on a plate. Each air pocket has 0.4 % of the
total acoustic mass V/c2 of the room. The probability distribution of the location of each air pocket is uniform
throughout the entire room, and the locations of the air pockets are statistically independent. From a certain
frequency onwards, the room with randomly distributed acoustic masses behaves as a diffuse field. The wall,
on the other hand, is modelled deterministically.
The considered wall has a thickness of 10 cm. It consists of gypsum blocks with mass density
ρ = 910 kg/m3 , Young’s modulus E = 3.15 GPa, Poisson’s ratio ν = 0.2, and damping loss factor η = 0.03.
The source room has dimensions V1 = 3.12 m × 4.32 m × 4.08 m ≈ 55 m3 and reverberation time T 1 = 1.5 s and
the receiver room has dimensions V2 = 3.12 m × 4.24 m × 3.78 m ≈ 50 m3 and reverberation time T 2 = 1.5 s.
Fig. 1 displays the mean and variance of the harmonic and 1/3 octave band transmission loss in the frequency
range 50 − 500 Hz. It can be noted that both the ensemble average and the variance of the harmonic sound
transmission loss as computed from the detailed Monte-Carlo model are well approximated by the diffuse
approximations presented in this paper, except at very low frequencies (below 125 Hz). This is because at very
low frequencies, where the local harmonic sound fields in the rooms are not very sensitive to the presence of
the small random wave scatterers (point air pockets). Also for the mean 1/3-octave band predictions, a good
agreement is obtained from 125 Hz onwards. The band-averaged variance however is underestimated when the
general expression (22) or the approximate one (31) with Equation 38 are employed. The reason for this is that
the harmonic transmission loss varies strongly with frequency, while in the variance theory, the wall properties
are taken to be approximately constant within the considered frequency bands. Much better agreement is
achieved when setting N = 1 in the approximate expression, as the band-averaged transmission loss values are
dominated by the individual transmission loss resonance dips within the corresponding frequency bands.
8
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Figure 1: Sound transmission loss of a gypsum block wall: (a,b) mean and (c,d) variance of the (a,c) harmonic
and (b,d) 1/3-octave band values. Blue solid lines: detailed Monte Carlo predictions; red dashed lines: general
diffuse predictions; black dash-dotted lines: approximate diffuse predictions with N obtained from Eq. 38;
grey solid lines: same but with N = 1.

6

Conclusions

Closed-form expressions have been derived for quantifying the uncertainty of sound insulation values
that is inherent in the assumption that the source and receiver rooms carry diffuse fields. A first, generally
applicable expression requires knowledge of the dynamic stiffness of the partitioning structure and of the
radiation impedances of the surrounding fluids. A second expression that is applicable to cases of light fluid
loading requires only energetic quantities, making it also applicable in an experimental setting. A numerical
validation confirmed that these expressions can accurately quantify the harmonic sound transmission loss
variance of a wall across an ensemble of transmission suites with wave scattering elements placed at random
locations. The band-averaged variance can also be relatively well captured when the fact that modal resonance
dips dominate the band-averaged transmission loss is accounted for.
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Abstract
With more than 5’000 km of railway network, Switzerland has one of the largest densities of rail lines in the
world. At the same time, it is estimated that about 30’000 people are affected by vibrations and ground-borne
noise due to the train traffic throughout the country.
The project for the new CEVA-line between Geneva (CH) and Annemasse (F), inaugurated in December
2019, had to face huge concerns about potential disturbances and annoyance due to vibrations and groundborne noise. In fact, the 14 km Swiss stretch is almost completely underground and passes under densely
inhabited areas.
This paper will address the main steps followed during the project to assess the risk of annoyance due to
ground-borne noise, from the theoretical prediction to the measurements in the field to get the necessary data
for designing the required protection measures. The results of the control measurements carried out after the
opening of the line (spoiler: the protections are effective!) are also presented in detail.
Keywords: railway, ground-borne noise, measurements, tunnel.

1
1.1

Context
Legal context

In the Swiss legislation, the Environmental Protection Act sets the background principles governing the field
of protection against noise and vibrations since 1985. It specifies the limitation of emissions at the source
and states furthermore: “Ambient limit values for noise and vibrations must be set so that, in the light of
current scientific knowledge and experience, ambient noise below these levels will not seriously disturb the
well-being of the population.” (art. 15) [1].
While an ordinance on airborne noise protection has been in force since 1986 [2], no ordinance on vibration
and structure/ground-borne noise has been drafted to this day. In the railway sector, this lack of legislation is
partially compensated by the directive “Guideline for the assessment of vibration and ground-borne noise of
rail transport installations” [3]. This directive has been published in 1999 as a transitory solution and still
defines the guideline values currently in force.
As shown on Figure 1, the directive provides two sets of guideline values: planning values, for new railway
installations, and immission values, for existing ones. Both sets are distinguished according to the type of
constructive zone (residential areas vs mixed areas) and the time period (day: 06-22, night: 22-06). The
guideline values are expressed as LAeq, 16h (the equivalent continuous A-weighted sound level over 16 hours)
for day period or LAeq,1h (the equivalent continuous A-weighted sound level over the hour with the highest
night traffic) for night period.
1
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Figure 1 – Guideline values for railway-induced ground-borne noise [3]
1.2

Environmental impact assessments of railway projects

Environmental impact assessment is the methodology followed for the evaluation of infrastructure projects.
Each relevant environmental aspect of a project is analyzed for both the construction and the operating phase
to identify possible criticalities and eventual limitations, restrictions, or protective measures to adopt [4].
On railway projects, vibrations and ground-borne noise can be relevant for both phases, but only the
operating phase is addressed in this document.
The general procedure for this environmental domain implies the following steps during the planning phase:
 Theoretical evaluation of the immission values;
 In-situ measurements when excessive immission values cannot be excluded to nearby receivers;
 Modelling of the project state with the calibration of the model thanks to the in-situ measurements,
 If needed, definition of protective measures to mitigate the impact.
In the following chapter a brief insight into the theoretical bases about railway ground-borne noise is
provided, while the elements connected to the measurements are described in relation to the case-study, in
chapter 4.

2

Theoretical bases on the determination of railway ground-borne noise

To provide reliable vibration and noise predictions, VIBRA 1-2-3 [5] was developed in Switzerland in
collaboration with the Swiss Federal Railway (SBB); it is a simplified method for the prediction of vibrations
and structure-borne noise from railways.
VIBRA uses an empirical approach through which it is possible to determine the vibration in the building as
a function of 8 variables or throughout the so called “transfer spectra”. For both methods VIBRA relies on a
data base from vibration measurements.
As illustrated in Figure 2, VIBRA considers a series of vibration propagation steps, that depends on the
characteristics of the railway line, of the ground, and of the building. Commonly, the vibration decreases
from stage to stage, except between the foundations and the slab (floor) of the receiving room, where
resonance phenomena can lead to an amplification of the immissions.

2

1767
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Figure 2 – Propagation of vibrations from the railway line to nearby buildings [5]
2.1

Mathematical bases from the VIBRA method

When it reaches a room, the vibration induces the displacement of the slab and of the walls that exert
pressure on the air inside the room, acting as an impulse that generates a compression wave in a rod and
resulting in the generation of noise. The following equations [5] can be used to calculate the displacement u:
𝜎𝑥
𝜎𝑥
(1)
𝑢 = 𝑥𝑛 = 𝑣𝑐 𝑡𝑛
𝐸
𝐸
where σx is the stress exerted in the x-direction, E is the elasticity (Young’s modulus) of the material and xn
the length of the compressed zone, which in turn can be calculated from the velocity of the wave in the
material vc and the duration tn of the impulse.
Equation (1) can be rewritten to determine the particle velocity v:
𝑢
𝜎𝑥 𝑣𝑐
𝑣=
=
𝑡𝑛
𝐸

(2)

and the Young’s modulus can be written as
𝐸 = 𝜌𝑣𝑐2

(3)

𝜎𝑥 = 𝑣𝜌𝑣𝑐

(4)

where ρ is the material density.
This leads to the following equation for the stress:

Finally, using standard values for the air density (ρ = 1.2 kg/m3) and the sound propagation velocity in the air
at 20°C (vc = 343 m/s), it is possible to estimate the generated pressure in the air as follow:
𝑝 ≡ 𝜎𝑥 = 𝐹𝐾𝑆 ∗ 𝑣 = 0.4𝑣

(5)

where FKS is an empirical coefficient and p is the air pressure.
This suggests that the pressure exerted on the air (in Pa) is about 40% of the oscillation velocity of the slab
(measured in mm/s). From empirical measurements, it was observed that this relationship underestimates the
ground-borne noise from 6 to 10 dB, mainly because the equation is in 1-D and because of the contribution
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of the walls and of the ceiling in the room that is not considered. Therefore, for the coefficient FKS in
equation (5), VIBRA refers to values between 0.8 and 1.2.
2.2

Use of the VIBRA method

Aside from the theoretical considerations, a practical tool has been developed for the use of the method [6].
It consists of a database that allows to estimate the vibration and the ground-borne noise immissions based
on simple parameters (distance to the track, type of building etc.) and compares the results with the guideline
values. The tool is organised in two parts: the VIBRA-1 part considers emissions as a global resulting value
in the calculations, whereas the VIBRA-2 part uses spectra (third of octave values) for estimating a better
representation of the propagation behaviour.
Both tools work with multiplicative coefficients that are applied to the different propagation steps from the
position of the source (emission) to the receiver in order to estimate the attenuation (or amplification) that the
signal undergoes. The values of these coefficients and the emissions of the trains are based on field
measurements. Other correction coefficients, e.g. to consider the presence of switches, are also integrated in
the VIBRA calculations.
In the context of the environmental impact assessments, the first modelling is done with VIBRA-1 [7].
Because of the usually large uncertainties on the parameters to be used in the model (trains diversity, ground
and material properties, propagation paths etc.) and the limited precision of the empirical approach, all
buildings whose immission values of ground-borne noise are higher than the guideline value minus 6 dB(A),
have to be considered for further investigation. Depending on the railway traffic (velocity, train type and
length), the distance from the tracks within which to consider the receivers can typically vary from 10 to 50
m.

3

The CEVA project

The CEVA-line (Cornavin – Eaux-Vives – Annemasse) connects the main station of Geneva to the French
city of Annemasse over 16 km, 14 of which are in the Swiss territory, as shown in Figure 3. The railway line
comprehends both tunnel sections and cut-and-cover sections (corresponding to the old Eaux-VivesAnnemasse railway). Indeed, a line existed between Annemasse and the Eaux-Vives since the 19th century.
Already at that time, proposals to extend the line to the Cornavin station (Geneva main station) had been
made but were never carried out. In the early 2000s, a new project was developed and approved by the
Federal Office of Transport. The acceptance of the project was confirmed by a popular vote in 2009 and the
first works started in 2011, after the Federal Court rejected the pending oppositions to the project.

Figure 3 – Map of the CEVA railway line [www.wikipedia.org]
The opening of the line – which is exclusively devoted to passenger trains - took place in December 2019.
4
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4

4.1

Railway-induced ground-borne noise by the CEVA project

Early-stage predictions

The first evaluations on vibrations and ground-borne noise on the CEVA project took place in 2004, up to
the publication of the environmental impact assessment in 2006. At that stage of the project, the prognoses
relied exclusively on a theoretical approach. The existing line between Eaux-Vives and Annemasse was
indeed too different from the new line to provide useful information for refining the predictions by in situ
measurements, as stated in Figure 4 with two views of the Chêne-Bourg station.

Figure 4 - Chêne-Bourg station, old line [www.tdg.ch] vs new line [www.wikipedia.org]
Two important limitations in the use of the VIBRA model were identified at that time. As mentioned above,
the characterization of a completely new line does not allow to collect information in the planning phase to
calibrate the model with measurement data, with consequences on the reliability of the results. Moreover, the
model is mainly built for "simple" 1-D cases, as illustrated in Figure 2. Cases as the CEVA project, with an
underground vibration source, are characterized by a higher complexity due to transmission through different
layers of the subsurface, underground structure-soil interface etc., which affects the uncertainty.
Because of these effects, the definition of protective measures was therefore postponed to a later phase of the
project, when field studies could have been conducted, more specifically, by means of VibroScan trials (see
chap. 5). The best time for such verifications usually falls between the end of the construction works and the
beginning of the railway engineering works as it allows to reduce the unknown related to the underground
structures, while limiting the costs of integration of possible protection measures in the project (the
protections can be in place before the laying of the tracks).
This approach was supported by the competent Swiss authorities (Federal Office for the Environment,
Federal Office of Transport) and was even approved by the Federal Court, which had been consulted because
of the oppositions from local residents who feared that the risks connected to possible disturbances were not
adequately managed.
4.2

Detailed predictions

The detailed predictions include the measurement campaign and the relative use of the data for the final
definition of protective measures.

5
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4.2.1 In-situ measurements
The in-situ measurements were carried out using the VibroScan method [8]. This technique offers the great
advantage by allowing to intervene where the source of vibrations (here the passage of trains) is not yet
measurable. The concept consists in producing vibration emissions by means of a vibrations generator
mounted on a truck, as shown in Figure 5. The load on the underground structure's slab is calibrated to be
similar to that one exerted by the passage of a train and is applied by a “sweep” in the frequency range of 5
to 250 Hz. Measurements at different stages of propagation between the source (tracks) and the receivers
(sensitive room in the buildings) enable to characterize the response to the induced vibrations. In the data
elaboration phase, this will allow to determine the vibrations and the ground-borne noise immissions of the
train (see chap. 4.2.2).

Figure 5 - VibroScan truck on the CEVA-line
The measurement campaign involved more than 100 buildings along the Swiss part of the line and included
single-family homes, apartments buildings, schools and office buildings. It took place in several
interventions between early 2016 and mid-2018, according to the completion of the different sections of the
underground structures. For each measured building, trials were done for 2 to 3 positions of the VibroScan
truck in the tunnel/cut-and-cover. These positions were generally located within 50 m from the building
along the track axis (horizontal distance). As illustrated in Figure 6, each trial is characterized by four
vibrations and one ground-borne noise measurement points that refer to the VIBRA model:
 Emissions measurement
3 monoaxial sensors (z-direction) were placed next to the VibroScan, as visible in Figure 5. The two
most external, at 5.5 m from the VibroScan plate, were used as a reference for the emission (mean
value), whereas the central one was used as a control point. The measurement device visible under
the truck was used by the VibroScan team for internal controls,
 Open field measurement
Triaxial sensor placed on a rigid surface outside of the measured building,
 Building foundation measurement
Triaxial sensor placed near a bearing wall (structural element) of the building,
 Sensitive room measurement (vibration)
In each building, at least two rooms were measured with a triaxial sensor placed in the middle of
each slab,
 Sensitive room measurement (ground-borne noise)
In one of the rooms where vibrations measurements took place, a phonometer (class I, according to
the Swiss Metrology Office standards) was installed in the center of the room at 1.5 m from the
ground.
6

1771

Figure 6 - Schematic representation of the measurement setup
During the measurement campaign, one VibroScan position could be measured in parallel in up to 3
buildings. This means that more than 15 measurement devices were acting simultaneously. To guarantee
correct measurements, a perfect synchronization of the monitoring network is essential. In order to achieve
this result, the recordings were set with timed recording at 2-minute intervals (every even minute) so that a
30 second window for measurements was opened every 2 minutes. For ground-borne noise, the
measurements were continuous and the sweep data have been extracted during the processing phase on the
basis of the temporal correspondence with the vibration measurements. The sweeps produced by the
VibroScan last about 20 seconds and cover the entire frequency spectrum in three series of emissions: low
frequencies: 5 - 75 Hz, medium frequencies: 74 - 143 Hz, high frequencies: 140 - 217 Hz. Each frequency
range was repeated 3 times, so that a position was characterized by 9 sweeps.
Urban ground-borne noise surveys are particularly difficult to be carried out because of the extreme
sensitivity to external disturbances (traffic, etc.); in this case, repeated sweeps can ensure representative
results.
4.2.2 Establishment of the prognosis
Once the data are gathered in the field, it is possible to evaluate the potential immissions at the receivers and
to assess the necessity for protective measures.
To do this, a transfer function is calculated for each stage of the propagation as the ratio between the
vibrations measured after and before each stage. These transfer functions are described by a set of
coefficients corresponding to the ratios obtained for each third of octave of the spectrum. The effect of the
attenuation due to the distance (r in Figure 6) is considered in the transfer function underground - free field.
These coefficients correspond to the parameters used in the VIBRA-2 model in the calculations to determine
the immissions.
With regard to the ground-borne noise, the relationship between the vibration velocity in the material and the
pressure variation p of the air is described by the coefficient FKS from equation (5) in chapter 2.1. The
measurements allow to determine experimentally also this coefficient for each relevant third of octave value.
The A-weighted sound pressure level LAeq in dB(A) is calculated by
𝑝
𝐿𝐴𝑒𝑞 = 20 ∗ 𝑙𝑜𝑔
−𝐴
(6)
𝑝𝑟𝑒𝑓
where pref is the reference pressure (20 µPa) and A the decibel A weighting (for each third of octave).
Using equation (5) in (6), it is possible to relate the ground-borne noise level to the measured vibration in the
room.
7
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𝐿𝐴𝑒𝑞 = 20 ∗ 𝑙𝑜𝑔

𝐹𝐾𝑆 𝑣
−𝐴
𝑝𝑟𝑒𝑓

(7)

where FKS is the coefficient of the transfer function and v the velocity of vibration of the slab for each third
of octave. Referring to ground-borne noise, VIBRA considers spectra in the range 40-125 Hz as default.
The collected data allow to entirely characterize the propagation path of the vibrations from the source to the
receivers. To determine the immissions due to the passage of the trains underground, the measured source of
emissions (VibroScan) is replaced in the calculation by the theoretical emissions of the trains that circulate
on the CEVA line (passenger trains). Here, the following assumption is made: the transmission of vibrations
in the ground and in buildings is identical for both the emission sources (VibroScan and trains). Under this
assumption the determined coefficients of the transfer function can be used to calculate the expected
immissions at every propagation step and finally to calculate the ground-borne noise immissions as
illustrated in Figure 7.

Figure 7 - Example of the calculation of ground-borne noise immissions (KS) starting from measured values.
The green columns refer to measured data and allow to calculate the FKS coefficient. From FKS coefficient
and train emissions data (not shown here) it is possible to determine train ground-borne noise immissions.
As an emission source, data from measurements in the Concise tunnel were selected [9], which are close to
the conditions present on the CEVA line. Since, however, a certain degree of uncertainty remained (e.g., on
the response of different types of underground structures) safety margins were considered in the analysis.
Moreover, the Canton of Geneva has financed a "Comfort" scenario with limitations on the ground-borne
noise level for the single train passage (LAeq, train = 30 dB(A)) to ensure an even higher level of protection in
respect to the legal standard. This scenario is more restrictive than the guideline values (that are based on the
equivalent level for the evaluation periods day/night) and was therefore used to define the final grade of
protection.
8

1773

Finally, the calculated immissions for vibrations and ground-borne noise were used to determine the need of
protective measures. Two types of measures have been implemented:
 Low vibration track (high attenuation), LVT/ LVT-HA,
 Mass-spring system.
For each building, the worst case from the measurements (among the various VibroScan positions measured)
was chosen as a reference to ensure the maximum safety in the choice of the protective measure. The whole
line was in the end protected with one of the two measures.
4.3

Control measurements

In order to document the actual vibration and ground-borne noise immissions, a measurement campaign has
been planned after the line opened in December 2019. All buildings investigated with the VibroScan trials
with some additional ones (for a total of almost 120 buildings) were planned for the campaign. Due to the
sanitary situation, only 50 measurements could take place yet1.
These measurements were based on the VibroScan measurement setup, with instruments installed in the
tunnel, in the free field and in the buildings. A two-hour measurement in each building was conducted, since
this duration makes it possible to measure a representative number of train passages (15-20 trains). To
further increase the representativeness, some buildings were subject to extended measurements (12 h) that
allowed to verify that there were no significant differences between the various train models (all trains are
passenger convoys) or between the different periods of the day. These verifications have confirmed that the
emissions are very similar throughout the day and that a 2-hour control measurement is sufficient to get a
representative understanding of the situation.
The investigations have shown that in the sections where a mass-spring system was implemented, there is no
immission by the receiver (vibrations < 0.1 mm/s and ground-borne noise < background noise level). During
the measurements, the background noise level in the rooms where the instruments were placed was typically
between 17 and 24 dB(A). On the sections with LVT or LVT-HA protections, ground-borne noise
immissions was measured in some cases, with levels up to 28 dB(A) during the transit of the train. Figure 8
shows an example of a measurement with the background noise at approx. 17 dB(A) and the passing train.

Figure 8 - Example of measured ground-borne noise on a section with LVT-HA
Such immissions are noticeable by people in the buildings but fully met the target value of 30 dB(A) for the
equivalent level of the train pass-by set by the “Comfort” scenario of the Canton Geneva.

1

At the time of writing, the second part of the measurements is scheduled for September 2021
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5

Conclusions

The Swiss standard methodology for the assessment of vibration and structure-borne noise in railway
projects requires a modeling with the VIBRA tool, together with calibration measurements in the field. In
complex cases, such as the new CEVA line in Geneva, the standard procedure does not guarantee sufficient
reliability in the immission prognosis, therefore the need of using VibroScan tests to reduce uncertainties
represents an interesting alternative. The main negative point is that the data needed to define the protection
measures are only available in an advanced phase of the project (in the construction phase). A high degree of
flexibility is therefore necessary, both for the collection of data and for the implementation of the
protections.
With more than 100 measured buildings, the evaluations carried out on the CEVA project probably represent
the largest vibration and ground-borne noise measurement campaign in Switzerland. The control
measurements, equally extensive, have confirmed that the implemented protective measures allow the target
values to be respected for all the buildings along the line.
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Abstract
A hybrid railway-induced ground-borne noise evaluation method based on numerical modeling and on-site
measurements was developed by the department of acoustical engineering of AINS Group. Numerical
modeling and railway-induced vibration measurements were carried out in a five-story apartment building
with typical precast concrete element construction. The ground properties were measured on-site using
impact source with the spectral analysis of surface waves method. The 3D numerical model consisted of the
upper ground layers and the loadbearing structures of the building. The harmonic response of the building
was calculated using the finite element method. The proposed evaluation method utilizes on-site measured
railway-induced ground vibration levels and vibration transfer functions from the numerical model. The
results of the study show that the proposed evaluation method enabled more accurate and detailed assessment
of ground-borne noise in the investigated building than the widely used Finnish ground-borne assessment
guidelines. The proposed evaluation method was also shown to be viable for use in construction projects.
Keywords: railway, ground-borne noise, modelling, finite element method.

1

Introduction

Railway-induced ground-borne noise and vibration has become an important issue in the recent years. Due to
urbanization and new railway and light rail projects, railway-induced vibration and ground-borne noise must
be taken into account more often in the acoustical design of new buildings. However, the tools available for
acoustic and vibration consultants are often simple and based on empirical findings. Such tools may not be
suitable or accurate for evaluation of vibration and ground-borne noise e.g. in a large modern building
complex or a building with unusual building materials. Thus, a need for more detailed and accurate
evaluation methods for railway-induced vibrations and ground-borne noise has been identified.
The ground-borne noise assessment guidelines as well as evaluation methods used in Finland [1] are based
on the FTA vibration assessment guidelines and evaluation methods [2]. In construction projects near an
existing railway, the ground-borne assessment in the building is usually based on ground vibration
measurements at the site. The ground-borne noise levels in the building are predicted using the adjustments
for coupling to building foundation, floor-to-floor attenuation, amplification due to resonances and the
conversion from vibration to ground-borne noise as presented in the FTA guidelines. In some construction
projects, the ground-borne levels are assessed using purely the empirical formulae with vibration level base
curves and single-number adjustment factors.
A hybrid railway-induced ground-borne noise evaluation method was developed and investigated in a
research project carried out by the department of acoustical engineering of AINS Group. The goal was to
1
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develop a ground-borne noise evaluation method for use in acoustical design of buildings that would offer
more detailed prediction as well as more accuracy than the commonly used empirical formulae. The
evaluation method would be used by acoustical engineers in building construction projects. More detailed
documentation of the research project in Finnish can be found in the master’s thesis of the first author [3].

2

Case study

The vibration measurements and numerical modelling were carried out in a five-story apartment building
which was located 100 m from a railway line. The apartment building is constructed with precast concrete
elements. The building has load bearing reinforced concrete walls and hollow-core slabs. The external walls
of the building are reinforced concrete sandwich elements. The building represents a typical Finnish
apartment building. The basic floor plan of the building is shown in figure 1. The floor plan is identical in
each floor except for the 1st (ground) floor. The railway is located 100 m from the façade shown on the righthand side of the floor plan.

Figure 1 – The floor plan of the investigated building. The walls marked with red are load bearing. Also
shown are the measurement points in the load bearing structures (blue dot), midpoint of the floor (green dot)
and ground (red dot).

2.1

Vibration measurements

Railway-induced vibration was measured at the test site from the ground and in the building. The
measurement point on the ground was located few meters in front of the building. The vibrations of the
building were measured on each floor at near load bearing structure in the middle of the building. In
addition, the vibration of the midpoint of a floor in a room was measured. The measurement points are
shown in the floor plan of figure 1 with a blue dot depicting the measurement point in the load bearing
structure, a green dot the measurement point at midpoint of the floor and a red dot the measurement point on
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the ground. The measurements were made with triaxial velocity sensors with frequency range of 1 - 350 Hz
and by following the basic guidelines set by the ISO 14837-1:2005 standard [4].
All measured train passages were identified at the site in order to rule out any sources of external vibration.
However, the building had residents during the time of the measurements. Therefore, some measurement
results had to discarded due to vibration from external sources. Ground-borne noise measurements with a
sound level meter had to be discarded as well due to high level of background noise.
Total of 11 train passages were analyzed, 5 of which were freight trains and the rest were passenger trains.
The 95 % percentile of A-weighted vibration levels with slow time constant was calculated for each
measurement point. The calculated vibration levels were used for comparisons between the proposed and
empirical assessment methods and vibration measurements.
2.2

Numerical model

The numerical modelling of vibrations with finite element method (FEM) in frequency domain was carried
out using Ansys 20R1 physics simulation software. Frequency domain finite element method was chosen
from several possible numerical methods [5] since it can be implemented relatively easily with commercial
software. The numerical model of the building and the ground at the test site was created based on the
available structural and architectural drawings of the building and the site investigation report. The numerical
model of the building is shown in figure 2.
The 3D model of the building consists of the load bearing walls, self-supporting external walls and floors.
The walls and floors of the building were modelled as surface elements with door and window openings
based on the technical drawings. Other building elements such as interior walls and roof structures as well as
furniture etc. was taken into account in the model by setting a uniform surface mass on the floors.
The building is founded on reinforced concrete piles which rest on the dense ground layer or bedrock. The
effect of the piles on the building response was taken into account by setting a vertical elastic supports at the
positions of the piles in the building foundation. Only the vertical support of the piles based on the
assumption that the vertical vibration is the most significant vibration direction for ground-borne noise. The
stiffness of the supports was determined by calculating the vertical stiffness of the reinforced concrete piles.
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Figure 2 – Numerical model of the building.
The ground at the test site was composed of approximately 5 m layer of silt, 8 m layer of dense silt or sand
and 2 m layer of moraine. The shear wave velocity of the top layer was measured with spectral analysis of
surface waves method [6] and was determined to be around 150 m/s. In the numerical model, the uppermost
layer of the ground was modelled as a 3D linear elastic material. The other ground layers were ignored
because the ground was assumed to be homogenous. Perfectly matched layers were utilized as absorbing
boundary conditions on the edges of the calculation domain to prevent reflections. In order to minimize the
computational load of the calculation, the size of the calculation domain was kept as small as possible.
The numerical model included only the receiving building with assumption of a weak coupling between the
source and receiver in railway-induced vibrations [7]. The modelling was carried out in the frequency
domain by calculating the harmonic response of the building. The vibration caused by a passing train was
modelled with a line source instead [8]. The harmonic source of the vibration in the model was set to a
vertical end surface of the modelled ground with vertical and horizontal force components. This was done in
order to mimic the far-field vibration where vibration field consist mainly of Rayleigh waves with much
smaller calculation domain. The resulting approximation of the far-field vibration that excites the building
was deemed sufficient.

3

Proposed evaluation method

A ground-borne noise evaluation method based on on-site vibration measurements and numerical model of
the building was developed. The proposed evaluation method was created for use in construction projects
where more accurate and detailed assessment of ground-borne noise levels in different parts of the building
needs to be made. The proposed method also offers the possibility to evaluate the effect of different
construction methods or details of the building on the ground-borne noise levels. Therefore, the method can
also be used as a design tool.
The evaluation method requires railway-induced vibration measurements at the construction site. The
vibration is measured on the surface of the ground at the area of the planned building according to standard
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procedures for railway-induced vibration measurements. The measurement results are calculated according
to the guidelines and limits for ground-borne noise levels.
The numerical model of the building and the ground at the site is made based on the structural and
architectural drawings of the project. Models for structural calculations may be available in some cases and
can be utilized as well. In the case study, mainly the load bearing structures of the building were modelled,
however, different building types may need different approaches for creating the model.
The numerical model is used to calculate vibration transfer functions from the ground to the rooms where
ground-borne noise assessment is to be made. In the case study, vertical vibration of the midpoint of the floor
was used as an evaluation point. Actual re-radiated ground-borne noise can be evaluated from the vertical
vibration of the midpoint of the floor using e.g. single quantity correction factor from the FTA guidelines.
Estimating the ground-borne noise levels in a room from the vertical vibration of the floor is commonly used
method and many options exist for determining the relationship between floor vibration and ground-borne
noise, e.g. [9]. The ground-borne noise could also be calculated directly in the numerical model [10], but it
was left out of the scope of this study.
The ground-borne noise assessment is composed of the vibration measurement results on the ground, the
transfer functions from the numerical model and correction factor from floor vibration to re-radiated noise.
All calculations are in 1/3-octave frequency bands which allows for evaluation of the ground-borne noise
spectra. The single number quantity relative to the ground-borne noise guideline values can be further
calculated from the 1/3-octave results. Figure 3 shows the block diagram of the proposed method.

Figure 3 – Block diagram of the proposed evaluation method.

4

Results

The results of the vibration measurements in the building were compared to the empirical evaluation method
with single-number quantity correction factors and to the proposed hybrid method which utilizes numerical
modeling to calculate ground-to-building transfer functions. Figure 4 shows an example of the numerical
model with visualization of vibration. Results of the comparison are presented for vertical vibration for each
measurement point in the building, i.e. load-bearing structure in each floor and a midpoint of floor of a room.
The evaluation points in the numerical model of the proposed method are matched to the actual measurement
points in the building. In the empirical method [1], the appropriate adjustment factors for each measurement
location are used.
5
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Figure 4 – Visualization of vibration in the numerical model. PML regions and parts of the modelled ground
are not shown.
Figure 5 shows the measured and evaluated results for the 95th percentile values of vibration velocity levels
at the measurement points in the building. Regarding ground-borne noise evaluation, the measurement point
at the midpoint of the floor is analogous to ground-borne noise levels and thus the comparison between the
evaluation methods and measurement should be focused on that measurement point.

Figure 5 – Comparison of evaluation methods and measurements in the building.
Based on the results presented in figure 5, the proposed method utilizing a numerical model of the building
was able to predict the vibration levels in the building with good accuracy. The empirical method using
single-number quantity correction factors, however, is an overestimate. The measurement points were in the
middle of the building and the empirical method does not take into account the decrease of the vibration in
the building foundation when moving further away from the railway in horizontal direction. Therefore, the
results presented here show such high overestimate especially in the 1st to 5th floor measurement points. Had
6

1781

these measurement points been at the building façade nearest to the railway, the results from the empirical
method would have been closer to the measurement results.

5

Discussion

The results of this study have proven that it is possible to use numerical models as a tool for acoustical
engineers in construction projects. In the case study, the results of the proposed ground-borne noise
evaluation method were close to the measurement results. However, many sources of uncertainty can be
identified in the numerical model of the building most of which have to do with the simplifications to the
geometry or the material parameters. Therefore, a sufficient safety margin should be used in the assessment
as well as sensitivity analysis for material parameters which have the greatest effect on the results. Validation
and verification of the modelling methods should be conducted as described in the ISO 14837-1 standard [4]
if possible. However, in the case study such validation procedures were not possible and instead sources of
uncertainty were identified using the checklist presented in the standard.
Even though the assessment might be more accurate with the proposed method, it is by no means the definite
answer for all construction projects subjected to the risk of railway-induced ground-ground-borne noise. In
extreme cases where the on-site measurements show either very low or very high levels of vibration on the
building site ground, the empirical method may be enough to assess the situation and decide on possible
vibration insulation procedures. However, in complex buildings, such as hybrid buildings with variety of
uses, more accurate and detailed analysis of ground-borne noise in different parts of the building can be
beneficial and worth the resources needed for creating the numerical model.

6

Conclusions

The proposed hybrid ground-borne noise evaluation method consisting of on-site vibration measurements
and numerical model of the building was shown to be able to predict vibration levels in the building with
good accuracy. The research goal of developing a ground-borne noise evaluation method using numerical
methods which would yield more accurate results than the currently empirical method was achieved.
The case study also showed that numerical methods can be used in acoustical design of buildings in
construction projects relatively easily utilizing commercial simulation software. The proposed method also
enables comparison of different construction designs and their effect on the predicted ground-borne noise
levels in the building.

Acknowledgements
This study was funded by AINS Group, Finnish Transport Infrastructure Agency, Ministry of the
Environment of Finland, VTS-Kodit Housing Foundation and Tampere Student Housing Foundation.

References
[1] Talja, A.; Saarinen, A. Assessment of traffic-induced ground-borne noise. Preliminary study. (in
Finnish) VTT Research Notes 2468, Espoo, 2009, p. 67.
[2] Quagliata, A.; Ahearn, M.; Boeker, E.; Roof, C.; Meister, L.; Singleton, H. Transit noise and vibration
impact assessment manual. Federal Transit Administration, 2018, p. 258.
[3] Oksanen, B. Modelling of groundborne noise in a building. Master’s thesis (in Finnish). Aalto
University, Espoo, 2021, p. 89.
7

1782

[4] ISO 14837-1: Mechanical vibration – Ground-borne noise and vibration arising from rail systems –
Part 1: General guidance, Switzerland, 2005.
[5] Thompson, D.J.; Kouroussis, G.; Ntotsios, E.. Modelling, simulation and evaluation of ground vibration
caused by rail vehicles. Vehicle System Dynamics 57, 2019, pp. 936–983.
[6] Nazarian, S.; Desai, M. R. 1993. Automated Surface Wave Method: Field Testing. Journal of
Geotechnical Engineering 119, 1993. pp. 1094–1111.
[7] Coulier, P.; Lombaert, G.; Degrande, G. The influence of source-receiver interaction on the numerical
prediction of railway induced vibrations. Journal of Sound and Vibration 333, 2014, pp. 2520-2538.
[8] Kuo, K.A.; Papadopoulos, M.; Lombaert, G.; Degrande, G. The coupling loss of a building subject to
railway induced vibrations: Numerical modelling and experimental measurements. Journal of Sound
and Vibration 442, 2019, pp. 459-481.
[9] Villot, M.; Jean, P.; Grau, L.; Bailhache, S. Predicting railway-induced ground-borne noise from the
vibration of radiating building elements using power-based building acoustics theory. International
Journal of Rail Transportation, vol. 6, no. 1, 2018, pp. 38–54.
[10] Colaço, A.; Alves Costa, P.; Amado-Mendes, P.; Godinho, L. Prediction of Vibrations and Reradiated
Noise Due to Railway Traffic: A Comprehensive Hybrid Model Based on a Finite Element Method and
Method of Fundamental Solutions Approach. Journal of Vibration and Acoustics, 139, 10. 2017.

8

1783

Building structural impact response to Train
pass-by and to MLS excitation
Robin WALTHER 1,a , Abbes KACEM 1, Arthur LECLERC 1,
Emmanuel THORAVAL 1, Nizar SAYAD 1
1

ACOUSTB/EGIS, 24 rue Joseph Fourier, 38400 Saint Martin d'Hères, France

Abstract
As part of the ground-borne noise assessment for the extension of the “EOLE” railway line to the west of
Paris toward La Défense, an estimation of the structural response of 1870’s era buildings located above the
tunnel during train pass-by is required.
The vibration level amplification factor from foundations to floors is measured using an electrodynamic
shaker.
This paper aims to check the validity of a new measurement method using an MLS (Maximum Length
Sequence) pseudo-random signal [1] to estimate the transfer functions of vibration transmission from
foundations to floors.
Some case studies of transfer function measurements performed inside a Haussmann-style building using
both MLS and train pass-by events are presented and compared. The strengths and limitations of the use of
this measurement method inside an occupied building are discussed.
Keywords: Ground-borne noise, building vibration, Railway, MLS excitation.

1

Introduction

EOLE, the extension of the RER E railway line towards Paris-West, links Tournan/Chelles in the East and
Mantes-la-Jolie in the West. The new railway consists of the construction of an 8 km single bore tunnel
running at a depth of 25 to 50 m. The tunnel follows a 19th century boulevard with a typical Haussmann-era
architecture. In such cases, ground-borne noise and vibration from train services might disturb occupants of
buildings with deeply buried foundations.
For some specific buildings near the future tunnel, an estimation of the foundation-floor vibration
transmission must be obtained to estimate future ground-borne noise levels inside the buildings.
This paper presents a new method for the measurement of the foundation-floor vibration transmission. This
method is applicable in a dense urban traffic area, in the basement of dwellings or hotels without car access.
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2

MLS vibration measurement system

The Maximum Length Sequence (MLS) method is widely used to measure impulse responses of acoustical
spaces [2,3,4]. The source signal consists of a pseudo-random binary sequence generated using maximal
linear feedback shift registers [1]. The impulse response can be derived directly from the cross-correlation
between the MLS sequence and the measured output response as the MLS auto-correlation function is
essentially an impulse [1]. When the MLS sequence is precisely repeated, the uncorrelated disturbances are
reduced by synchronous averaging of the impulse responses, improving the signal-to-noise ratio (SNR) [4].
This critical advantage makes the method useful for measurements in noisy environments.
The MLS technique was selected to evaluate the vibration transmission in building structures. A tactile
transducer is used as the vibration source. Figure 1 shows the overall schematic of the MLS measurement
system and the tactile transducer: The Fischer Amps Buttkicker. Soil measurement tests with a similar MLS
source were conducted by G. Coquel [6].

(b)
(a)
Figure 1 : Schematic of the MLS measurement system (a) and the Buttkicker exciter (b).
The MLS measurement system uses a laptop computer to send MLS signal to 4 Buttkickers through a USB
soundcard. The amplifier is powered by two 12V battery. During the measurements, the MLS signal is also
sent to the acquisition device to allow perfect synchronization between the source and the receivers and
hence precise impulse response reconstruction. The measurements are carried out using 16th order sequences
repeated 64 times, resulting approximately in a 2-minute signal (sampled at 32 kHz). The obtained 64
impulse responses are averaged to increase the signal-to-noise ratio. Thus, an averaged impulse response for
each receiver position is obtained out of each 2-minute MLS acquisition.
To maximize the MLS signal amplitude, the sequence is low pass filtered with a lowpass Butterworth filter
(fc = 150 Hz, order 4) so that the power amplifier amplifies only useful frequency content. The amplification
gain is carefully controlled to avoid saturation of the Buttkicker exciter. Finally, four Buttkickers exciters
connected in parallel and mounted on a plate are used to measure the vibration transmission in the building
to further maximize the signal amplitude (power output 4x1000W RMS). The plate is placed on the ground
in foundations and loaded with a weight of 160 kg.

3

Vibration measurements

The MLS measurement system, which is described in the previous section, was used to characterise the
vibration transmission in a Haussmann-style building of seven floors located close to a railway tunnel. The
building is located on the paved road “boulevard Haussmann”. Field measurements of vibration levels of the
building foundations and the mid-span of floors were conducted. The MLS excitation source was placed on
the second underground level. Five MLS sequences were used to excite the four tactile transducers. Each
MLS sequence lasted two minutes as mentioned in Section 2. An array of seven tri-axle accelerometers was
2
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used to measure the produced vibration signals at a sampling rate of 1024 Hz. Acquired signals are
upsampled from 1024 Hz to 32 kHz in order to correspond to the sampling frequency of MLS sequences.
Two accelerometers were placed on the second underground level near the corner of the building for the
foundations, and five accelerometers were placed at the mid-span of floor 2 (two sensors), floor 3, floor 4,
floor 5 (i.e. no accelerometer on the ground floor).
Vertical vibration velocity level spectra are obtained by integration from the acceleration spectra measured
using MLS excitations (the values obtained per third octave are divided by 2πf). The difference of velocity
level spectra between each floor and the foundations is then calculated to determine the foundations to floor
transfer functions.
The building under study is located close to a railway tunnel, a second vibration measurement has been
carried out during train pass-bys at the same location as the MLS excitation. The foundations to floor transfer
functions are calculated again from the train measurement.
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Figure 2 : Cross section and location of measurements floor 3 (left) and floor 5 (right)
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4

MLS measurement results

Five 2-minute MLS sequences were used to excite the building from its second underground level. As an
illustration, Figure 3(a) shows the spectrogram of the acceleration signal, sampled at 1024 Hz, measured on
the 5th floor in response to a 2-minute MLS sequence. The deconvolution then extracts the 64 impulse
responses and the average is calculated ignoring the first and the last responses, which may be singulars. The
third octave band spectra of the 62 retained impulse responses and the spectrum of the average responses are
plotted in Figure 3(b).

(a)
(b)
th
Figure 3: (a) Spectrogram of the acceleration measured on the 5 floor in response to a 2-minute MLS
sequence. (b) Spectra of the 62 associated impulse responses (coloured lines) and spectrum of the averaging
over the 62 impulse responses (-o-).
On Figure 3(a), it is clearly seen that the exciter is on starting at 90 s from the beginning of the recording and
then during 120 s. Furthermore, Figure 3(a) reveals a satisfactory signal-to-noise ratio between 40 Hz and
100 Hz. This indicates the excitation system's limitation for assessing the audible frequency range of groundborne noise, as ISO TS 14837-31 specifies 4-250 Hz for the assessment of ground borne noise. However,
impulsive noises are visible on the spectrogram below 40 Hz, and a low signal-to-noise ratio is observed.
They are linked to train pass-bys as the building is located near a railway tunnel, as well as road traffic. This
is also apparent in the 62 spectrums plotted (coloured lines) in Figure 3(b), which present a significant
dispersion below 40 Hz, corresponding to frequencies of train-induced vibrations. The synchronously
averaging over 62 successive impulse responses reduces extraneous noises, improving the signal-to-noise
rate below 40 Hz and above 100 Hz (cf. Figure 3(b)). This result demonstrates the high noise immunity
property of the MLS method [4].
Due to the high level of ambient vibrations in the building, an increase of the signal-to-noise rate was sought.
The averaging is performed using five 2-minute MLS sequences, which makes it possible to treat 310
impulse responses (5 x 62 impulse responses of each MLS sequence). An averaged impulse response is
obtained at each measurement location, and the associated spectrum is calculated in third-octave bands.
Finally, the foundations to floor transfer functions are obtained from the third-octave spectra. These
functions will be presented and discussed later in the paper.
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5

Train measurement results
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Located close to a railway tunnel, a second vibration measurement has been performed in order to evaluate
the railway-induced ground-borne noise inside the building. A total of 46 train pass-bys (Metro Line 13 and
RER A combined) was recorded with the same seven accelerometers placed at the same location as the MLS
measurement described in previous sections. Two accelerometers are also placed at foundations, as stated
above. Figure 4 shows the vertical averaged equivalent velocity level, calculated in third-octave frequency
bands from the two measurements at foundations during 46 train pass-bys. The residual spectrums calculated
for each sensor location between two train pass-bys are also plotted.

Figure 4: Vertical averaged equivalent velocity levels calculated from 2 measurements at foundations during
46 train pass-bys (-o-) and between pass-bys (---).
It is notable that the signal-to-noise rate is poor below 31.5 Hz. This is partly due to road traffic contributions
as the building is also located near two very frequented paved roads.
The velocity levels induced by train pass-bys are now compared with those of MLS excitations.
Figure 5 shows these levels averaged over 2 sensors at foundations and 2 sensors at floors. It can be stated
that the MLS excitation frequency range is more extended than train excitation. The measured levels at floors
during MLS excitation are about 5 dB above train pass-by excitation in the third-octave bands from 63 Hz to
100 Hz (cf. Figure 5(b)). The power of the exciter is insufficient to ensure a snr ratio greater than 5 dB in
this building, an increase in the number of exciters and their power could improve the results
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Figure 5: (a) Vertical velocity levels induced by train pass-bys and MLS excitations averaged over 2 sensors
at foundations (a) and floors (b).

6

Foundations to floor transfer functions

The foundations to floor transfer functions are calculated from both MLS and train pass-by measurements.
The foundations to floor transfer functions are then calculated from the third-octave band spectra of the
averaged impulse responses. It should be noted that 3 sensors showing an unsatisfactory signal-to-noise ratio
due to unwanted disturbance were rejected. The two remaining measurements on floor 3 and floor 5 have the
same resonant frequencies peak between 16 Hz and 25 Hz, typical for this Haussmann-style floors [5].
The average transfer function for floor 3 and floor 5 is plotted in Figure 6, as third-octave band spectra
between 40 Hz and 100 Hz. Results out of this frequency range are not considered as the signal-to-noise ratio
is unsatisfactory for MLS signal (cf. Figure 5).
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Figure 6: Foundations to floor transfer function for the building calculated from MLS and train pass-by
measurements.
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The curves show good agreement (less than 3dB difference) between the transfer function obtained from
train pass-by and that from MLS processing in the frequency range from 50 to 100 Hz. However, the
difference is more significant at 40 Hz and reaches about 10 dB. This difference at 40 Hz is observable
Figure 5(a) at foundations, the MLS exciter does not manage to generate a vibratory level higher than the
bottom level of the sensor.

7

Discussion

Differences between measured transfer functions : The measured transfer functions obtained from both
vibration sources show good agreement except at 40 Hz. The difference between the transfer function
obtained from train pass-by and that from MLS can be explained by the MLS transducer low frequency
limitation. Indeed, the vertical velocity level difference at 40 Hz measured at foundations (Figure 5a) shows
that the MLS transducer does not meet train pass-by levels. The velocity level measured during MLS
excitation at floor 3 and 5 at 40 Hz is due to the train pass-by, in a building with quieter conditions it should
be possible to measure lower in frequency with this exciter and more sensitive sensors.
Moreover the two vibrations sources are different : the train axles can be described as moving vibration
sources on the tracks in tunnel, whereas the MLS transducer is applied in a single position at foundations.
Excitation signal : the chosen MLS signal is hard to reproduce with an electro-magnetic transducer because
of its wideband frequency content. The magnitude of the power should be limited to avoid distortion, which
leads to reducing signal-to-noise ratio. Using a sine sweep signal should lead to increase the signal-to-noise
ratio for frequencies lower than 40 Hz. This is especially necessary in the case of Haussmann-like buildings
with resonant floor frequencies around 25-35 Hz [5].
Immunity of MLS method to ambient vibrations : the human activities in the building, the local construction
works, and the train pass-bys and heavy road vehicle pass-bys have to be rejected from the MLS
measurements. Therefore, a series of 62 MLS sequences during 2 seconds each is used, the total MLS signal
length is close to 2 minutes. The MLS method applied to this signal allows a rejection of up to -18 dB
(=10*log(62)) of the noise uncorrelated with the MLS sequence in the upper (>125 Hz) and lower
frequencies (< 40 Hz). This 2-minute or 62 MLS sequences signal seems acceeptable regarding to results
measurements. Further averaging over 310 successive impulse responses shows a reduction of noise
uncorrelated to MLS sequence up to 10*log10(310)= -25 dB. This higher number of averaging does not lead
to better results in this building because of the low vibration levels at foundations below 31.5 Hz. Further
measurements during the night period in the absence of unwanted vibrations could confirm the measurement
results obtained during the day time.
Sensor sensitivity : the accelerometers sensitivity for these measurements is 1 V/g, which is a rather low
value. The validity range of the MLS method could be much increased using more sensitive accelerometers
(such as 10 V/g), especially for frequencies below 40 Hz. The use of the classic impact hammer was not
retained due to the low sensitivity of the accelerometers and the difficulty to obtain an exploitable signal at
low frequencies in a noisy urban environment.
Excitation location at foundations : the 4 MLS transducers (Buttkickers mounted on a plate) were placed at
one single location at foundations which makes the measurements simple. The effect of moving this exciter
at several excitation locations remains to be evaluated.
Transducer transportability : access to the building foundations is restricted because this level houses a spa.
For this reason, a transducer of low weight and space is needed. Four transducers powered by two lowfrequency amplifiers (12VDC) and one battery (12V 70Ah) was employed, for a total weight of 60 kg. the
results obtained with the MLS signal show that the injected energy is insufficient outside the [40 Hz ;
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100Hz] range. A higher power exciter is necessary to widen the exploitable frequency range for this type of
measurements with an MLS signal.

8

Conclusions

A measurement method using MLS sequences for measuring the vibration frequency response of
Haussmann-style buildings was developed. The measurement foundations and floor responses to the
presented MLS excitation are compared to a railway excitation in a tunnel near the building. The validity
range of this MLS method is nowadays limited to the one-third octave bands [50 Hz ; 100 Hz].
Using a higher power exciter or completing the MLS excitation by a sinus sweep to obtain the building
response in the frequency range below 40 Hz should lead to increasing the signal-to-noise ratio [6].
Common vibrations sources used in similar projects are often construction machinery, which are not
applicable in this case. The developed method is transportable, non-destructive, applicable in the basement of
dwellings or hotels without car access.
The developed MLS method is suitable for MASW surface wave measurements [7] as well as buildings
measurements for use in engineering studies.
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Abstract
Construction work or traffic excite nearby buildings, and the perceptible or audible vibration can be a nuisance
for the inhabitants. The transfer of the vibration from the free field to the building has been calculated by the
finite element method for many models in consultancy and research work. The analysis for all storeys of certain
building points such as walls, columns and floors unveiled some rules, some typical modes, and some wavetype responses. A simplified building-soil model has been created, which includes well these effects of
building-soil resonance, wall/column resonance, floor resonances, and the high-frequency reduction. The
model consists of one wall for a wall-type apartment building or a column for each specific part (mid, side or
corner) of a column-type office building. The building response in the high-frequency (acoustic) region is
calculated as mean values over all storeys and over wider frequency bands, by wave-type asymptotes of an
infinitely tall building, and by the soil to wall ratio of impedances. The secondary noise is predicted by transfer
values between the building vibration (center of floors, walls at a room corner) and the sound pressure.
Keywords: building vibration, finite element models, soil-wall floor model, apartment building, office tower

1

Introduction

The literature about building vibrations is quite limited, for example [1-3]. It is often related to railway-induced
vibration. Railway excitation, namely from tunnels have typically high-frequency components. Therefore in
practice, the prediction of vibration and noise is of importance. The prediction can be done with detailed finiteelement models or by simplified models. Both possibilities will be demonstrated in this contribution.
Buildings have been often calculated without the underlying soil or with a very stiff soil. The soft soil, however,
yields an amplitude reduction with increasing frequency, modifies the resonance frequencies and mode shapes,
and provides a strong radiation damping. Without the soil, many resonance peaks appear in the solution which
are not present for the building model with the soil. The building-soil interaction should be included in the
building analysis even if the propagation through the soil and the response of the building is calculated
separately.
Vibration results are often presented for a single building point (or a few singular points), and a good
interpretation is rarely found. The vibration of a building is a complex behaviour which must be studied by
many points or the average of many points. This contribution aims at giving an interpretation by looking at
many building points or averages of many points.

2

The vibration response for different types of buildings

Some building examples have been analysed by the 3D finite-element method [4], here a wall-type apartment
building and a column-type office tower are shown [5]. Results of a simplified 1D model are evaluated for
comparison [6].
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2.1

A four-storey apartment building

A four-storey apartment building with masonry walls and concrete floors has been analysed on a medium stiff
soil. The transfer functions V(f) = vB/v0(f) between the free field v0 and the building components vB are shown
in Fig. 1. These transfer functions show some general characteristics. All freefield-building transfer functions
start with V = 1 at zero frequency and usually end below V < 1 at 50 Hz. That means that the free field is not
modified by the building at low frequencies whereas the free field is reduced by the building at high
frequencies. In between, amplifications of the free field can occur due to several reasons. At 10 Hz, the
resonance of the building on the compliant soil can be found with amplitudes of V = 5 to 6. This building-soil
resonance frequency is determined by the stiffness k of the soil and the mass m of the building as fS = k/m.
As a consequence, the building-soil resonance frequency should be proportional to the shear wave velocity of
the soil fS ~ vS = G/ and indirectly proportional to the square root of the number of storeys fS = 1/n.
a)

b)

)

)

c)

d)

)

)

Figure 1 – Soil-building transfer functions of a four-storey apartment building, a,b) walls, c,d) floors,
a,c) 3D finite-element model, b,d) 1D prediction model;  ground floor,  1st,  2nd,  3rd floor, roof.

Figure 2 – Vibration modes of the apartment building at a) 24 Hz and b) 37 Hz.
Next at 25 Hz, some smaller amplifications can be found which are due to the floor resonances. The floor
resonance frequencies are ruled by the width (5 m x 5 m), the thickness (0.2 m) and the support conditions
(clamped-clamped) of the floor (Fig. 2a). Finally, another characteristic behaviour can be observed at 37 Hz
where the floors and the walls are vibrating in anti-phase (Fig. 2b). The results for the 1D prediction model are
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also given in Figures 1c,d. The agreement of the one-dimensional prediction model with the three-dimensional
finite-element model is very good.
2.2

A twenty-storey office tower

The twenty-storey office tower presents another characteristic of building vibration. Fig. 4a shows a vibration
mode where the amplitudes increase with increasing storey number. This vibration mode is called the column
mode because the deformation of the columns is the main reason of this vibration. The column frequency is
determined by the wave velocity vL of the columns (and floors) and the height H of the building fC = vL/4H.

a)

b)

)

)

Figure 3 – Soil-building transfer functions of the office tower, a) finite element model, b) prediction model;
 ground,  3rd,  6th,  9th,  12th ,  15th,  18th floor.

Figure 4 – a) 3D finite-element model of an office tower, vibration mode at 4 Hz; b) 1D soil-wall-floor
model of the standard 6-storey apartment building c) soil-building transfer functions of the 1D model (thirds
of octaves up to 256 Hz),  ground floor,  1st,  2nd,  3rd,  4th,  5th floor,  roof.
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The column frequency indicates an amplification of the amplitudes with height and a resonance in case of a
stiff soil. The column frequency of the office tower is fC = 6 Hz and the soil-building resonance is also at 6 Hz.
So, both modes (the soil and the column mode) work together, amplifying each other and resulting in a basic
building resonance at 4 Hz which can be found for the finite element as well as for the prediction model (Fig.
3a,b). The office tower has the lowest resonance frequency and the highest resonance amplitudes of all building
examples, but at the same time all amplitudes above 10 Hz are quite small, below V = 1.
It should be noted that the apartment building of the preceding section has also a relevant column (wall)
frequency at fC = 19 Hz because of the softer masonry material. Due to the soft material, the low-rise apartment
building has a low wall frequency and the deformations of the wall have an influence on the basic building
resonance shifting it from 12 Hz to 10 Hz (Fig. 1a).
Because of the good agreement between 3D finite-element results and the 1D results, the 1D model seems
suited for a simple and fast prediction. This model is described in the next section, and corresponding results
for more building examples and higher (acoustic) frequencies are presented in the following section 4. As the
results for different storeys vary considerably at higher frequencies (Fig. 4c), mean values for all storeys are
calculated and presented.

3

The 1D soil-wall-floor model

A wall resting on a foundation and excited by the free-field vibration u0 (Fig. 4b) is described by the differential
equation for the vertical displacements u
𝜕2 𝑢

𝜕2 𝑢

𝐸𝑊 𝐴𝑊 𝜕𝑥 2 − 𝑊 𝐴𝑊 𝜕𝑡 2 = 0

(1)

and two boundary conditions, one for the force-free roof
𝜕𝑢

𝐹𝑅 = −𝐸𝑊 𝐴𝑊 𝜕𝑥 (𝑥𝑅 ) = 0

(2)

and the other for the coupling of the foundation to the soil
𝜕𝑢

𝜕𝑢

𝐹𝑆 = −𝐸𝑊 𝐴𝑊 𝜕𝑥 (𝑥𝑆 ) = 𝑘(𝑢(𝑥𝑆 ) − 𝑢0 ) + 𝑐 𝜕𝑡 (𝑢(𝑥𝑆 ) − 𝑢0 )

(3)

EW is the elasticity modulus, W the mass density, and AW the cross section of the wall, k is the stiffness and c
the damping of the foundation, see [7].
The solution is found in frequency domain by fitting upward and downward longitudinal waves of the wall to
the boundary conditions. The solution can be expressed in the following explicit form
𝑢𝑊
𝑢0

where

=

𝑐𝑜𝑠 𝑎𝜉
1
𝑐𝑜𝑠 𝑎 1 + 𝑖𝑞 𝑡𝑎𝑛 𝑎

 = x/H
a = H/vL

resp.

𝑢𝑊
𝑢0

=

1
1 +𝑞

for an infinitely high wall

(4)

is the position relative to the height H of the building ( = 0 is the roof),
is a normalized frequency parameter with vL the wave speed of the wall.

The parameter

𝑞=

𝑖𝜔 √𝐸𝑊 𝜌𝑊 𝐴𝑊
𝑖𝜔𝑐+𝑘

=

𝐾𝑊
𝐾𝑆

≈

𝑍𝑊
𝑍𝑆

√𝐸 𝜌

𝑊 𝑊
= 1.6√𝐺
𝜌

𝐴𝑊

𝑆 𝑆

𝐴𝑆

(5)

describes the support by the foundation stiffness k and damping c. It is the ratio of the dynamic stiffnesses of
the wall and the soil (foundation) KW, KS. At higher frequencies, it is the ratio of the wall impedance ZW to the
foundation impedance ZS with the corresponding wall and soil area AW, AS. The transfer function (4) consists
of 1) a factor for the distribution along the height of the wall and 2) the transfer function of the foundation.
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The maximum transfer function of the building is the transfer function of the roof
𝑢𝑅
𝑢0

1

=

𝑐𝑜𝑠 𝑎 + 𝑖𝑞 𝑠𝑖𝑛 𝑎

.

(6)

The mean value of this transfer function is
𝑢

1

𝑀2 ( 𝑢𝑅 ) ≈ √𝑞

(7)

0

and the mean value of all storeys compared to the roof can be described as
1

𝑢

1

𝑀2 (𝑢 ) = √∫0 cos 2 𝑎𝜉𝑑𝜉 = √ 2 (1 +
𝑅

sin 2𝑎
2𝑎

)

(8)

The continuum wall model can be extended to a wall-floor model by including the floor transfer function (force
of the floor to the wall due to the displacement of the wall, floor mass mF, eigenfrequency fF, and damping DF)
𝐹𝐹
𝑢𝑊

𝑓2
2
2)
𝐹 𝑖)𝑓𝐹 −𝑓

= (2𝜋𝑓)2 (𝑚𝐹 + 𝑚′ (1+2𝐷

(9)

in the mass density of the wall as
𝑚∗ = 𝑢

𝐹𝐹
𝑊

2

and

∗ = 𝑊 +

𝑚∗
𝐴𝑊 𝐻

(10)

The explicit formula (4) of the continuum wall model still holds, but the parameters *, vL*, a* are now
frequency dependent and complex. More details can be found in [7].
The original parameter q (5) for a wall on the soil is complex but turns to be real and constant for higher
frequencies. For a building supported by elastic elements (springs, elastic layers of real stiffness kI), the
parameter

𝑞=

𝑖𝜔 √𝐸𝑊 𝜌𝑊 𝐴𝑊
𝑘𝐼

(11)

is imaginary and linearly increasing with frequency. The inclusion of the floor behaviour makes the parameter
complex and strongly frequency dependent around the resonance frequency of the floors. It also leads to a
reduced effective building mass at high frequencies.

4

Behaviour of buildings on the soil or on elastic elements (parameter study with
the 1D prediction model)

The starting point is a 6-storey wall-type building on a medium stiff soil (vS = 200 m/s), see also Table 1. At
first, the shear wave velocity of the soil is varied between vS = 100 and 300 m/s in Figure 5a-c. The softer the
soil is, the lower is the building-soil resonance frequency. It is below 4 Hz for the softest soil of vS = 100 m/s.
In the mid-frequency range, there is a strong decrease of amplitudes and at high frequency the reduced levels
stay constant. The strongest reduction V  0.1 is for the softest soil whereas the stiffest soil yields highfrequency amplitudes close to V = 1. The resonance amplitudes of the floors increase strongly with the wave
velocity (or stiffness) of the soil.
Buildings with a different number n of storeys show mainly differences at low frequencies (Fig. 5d). High
buildings have a lower building-soil eigenfrequency and a stronger reduction in the mid-frequency range.
Above the floor resonance frequency, the differences of the buildings are rather small. All buildings behave
approximately like an infinitely high building in the high-frequency region.
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a)

d)

b)

e)

c)

f)

Figure 5 – Average transfer functions of a-c) buildings on different soils, vS =  100,  150,  200,
 300 m/s, a) wall-model, b) walls and c) floors of a wall-floor model; d) walls for different numbers of
storeys n =  6,  10,  15,  20; e) walls and f) floors for different massive buildings B =  200,
 300,  500,  800 kg/m3.
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If more massive buildings are considered in Figure 5e,f, the same effects as for high buildings are observed at
low frequencies, a lower building-soil eigenfrequency and a stronger reduction in the mid-frequency range. At
high frequencies, there are clear differences and a shift of characteristic frequencies. The free-free building
resonance shifts from 100 to 50 Hz where lower frequencies as well as lower amplitudes are typical for the
more massive buildings.
Next, results for a building on elastic support are presented. The stiffness of the support is varied so that
resonance frequencies of 8, 10 ,12.5 and 16 Hz are achieved. These resonance frequencies can be clearly seen
for the rigid building (Fig. 6a). In Figure 6b,c, a building with rigid walls and elastic floors is considered. The
floor masses vibrate with the whole building at low frequencies. Then the floor resonance frequency at 20 Hz
is observed as a maximum of the floor response (Fig. 6c) and a minimum of the wall response (Fig. 6b). Above
the resonance frequency, the floor masses are decoupled from the building. Therefore, the reduction effect of
the elastic support is weaker for the wall (stronger for the floors). Finally, the building with elastic walls and
floors is shown in Figure 6e,f. Instead of the strong reduction of the rigid building, the reduction of the elastic
building is considerable weaker. This weaker reduction can also be predicted for an infinitely high building
(Fig. 7a). This high-building-model does not show the frequency-dependent variations due to the wave
reflections at the roof so that the smooth response curves are well suited for a prediction. The infinitely high
building model for high frequencies, which is also discussed in [8], is combined with the rigid building model
for the low frequencies (Fig. 6a) giving a consistent prediction model (Fig. 7b).
Table 1. The soil and building parameters (the standard parameters are underlined)
Name
Shear wave velocity
Mass density of the soil
Area of the foundation
Area of the foundation
Area of the foundation
Stiffness of the foundation
Damping of the foundation
Number of storeys
Height of a storey
Area of the building
Mass density of the building
Height of the building
Mass of the building
Thickness of the wall
Area of the wall
Thickness of the column
Area of the column
Thickness of the floor
Length of the floor
Young’s modulus of the concrete wall
Young’s modulus of the masonry wall
Mass density of the wall
Wave velocity of concrete wall
Column/wall frequency
Eigenfrequency of the floor
Damping of the floor
Frequency of the elastic support
Damping of the elastic support

Symbol
vS

S

AS
AS
AS
k
c
n
AB

B
H
m

AW

EW
EM

W

vL
fC
fF
DF
fI
DI

Value
200 m/s
2000 kg/m3
4 m2
12 m2
60 m2
3.4 S vS2 AS0.5
1.6 S vS AS
6 / 4 / 20
3m
250 m2
300 kg/m3
18 / 12 / 60 m
H AB B
0.25 m
2.5 / 3 m2
0.6 m
0.36 m2
0.2 m
6/5m
3 1010 N/m2
5 109 N/m2
2500 kg/m3
(EW/W)0.5
vL/4H
20 / 25 / 13 Hz
5%
8 / 10 /12.5 / 16 Hz
10 %

Remarks

per column
per wall
per building

Fig. 1 / 3
Fig. 5ff
Fig. 5ff
Fig. 1 / 3

Fig. 1

Fig. 1
Fig. 1

Fig. 1 / 3
Fig. 6-7
Fig. 6-7
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a)

d)

b)

e)

c)

f)

Figure 6 – Average transfer functions of buildings on different elastic supports, fI =  16,  12.5,  10,
 8 Hz, a) rigid wall model, b) walls and c) floors of a rigid wall-floor model; d) flexible wall model, e)
walls and f) floors of a flexible wall-floor model.
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5

Example prediction of vibration and noise

For a prediction, the excitation must be included. Here it is a high-frequency urban train excitation from a
tunnel line. The predicted response of the building to this excitation is shown in Figure 7c. The energy of these
spectra can be used to evaluate the vibrations according to the standards, for example DIN 4150-2 [9]. The Aweighted response (Fig. 7d) can be used to predict the noise. A simple transfer law
Lp = Lv + 6 dB.

(12)

from velocity to pressure can be used to get the spectra of the noise [10]. Once again, the energy of these noise
spectra can be used to evaluate the noise level which is compared with the limit values, for example 30 dB at
night and 40 dB at day [11]. As in many cases, the elastic support is more effective to reduce the noise than to
reduce the vibration.
a)

c)

b)

d)

Figure 7 – Average transfer functions of buildings on different elastic supports, fI =  16,  12.5,  10,
 8 Hz, a) building of infinite height, b) prediction model (rigid and infinite height); c) building response to
a train excitation , d) A-weighted vibrations (from c).
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6

Conclusion

The vibration of buildings has been analysed by 3D finite-element models and by 1D prediction models. The
agreement between the 1D and 3D models is very good what has been demonstrated for an apartment building
and an office tower. Soil, wall and floor resonances have been identified at low frequencies. These modes can
interact if the corresponding frequencies are close together and can result in lower resonance frequencies
especially for column-type office buildings. At higher frequencies, the amplitudes of different storeys vary
considerably, so that the high frequencies have been analysed by mean values of all storeys. The highfrequency reduction from the free field to the building has been quantified with different models, rigid or
elastic walls, with or without floors, and finally with an infinitely high wall model. The reduction is constant
for the buildings on the soil whereas a building on an elastic support has linearly decreasing amplitudes with
frequency. The variations of the soil, the mass of the building, and the number of storeys result in a shift of
amplitudes, a shift of frequencies or in very similar high-frequency amplitudes. The infinitely high wall seems
to be acceptable for high frequencies, more realistic than the strong reduction of a rigid building. At low
frequencies however, a rigid model yields good results. The combined rigid and high-building prediction
curves and a simple transfer formula from velocity to sound pressure allow a simple and fast prediction of
vibration and noise.
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Abstract
Prediction methods are required for designing buildings to protect inhabitants against ground-borne
(structure-borne) noise from railway lines or other ground vibration sources, according to national
regulations, guidelines or recommendation, but there is no European standard for such predictions yet.
However, other existing European standards present similarities with this subject: one predicts structureborne noise in buildings due to the service equipment (prEN 12354-5) and the other predicts airborne sound
due to outdoor sound (ISO EN 12354-3). The analysis of these two standards is presented and shows that
several power-based input and output quantities defined in these standards, the measuring methods
associated to these quantities and the SEA-based prediction method used could be applied to predicting
ground-borne sound due to outdoor ground vibration.
Keywords: ground-borne noise; prediction methods; European standards in building acoustics.

1

Introduction

Prediction methods are required for designing buildings to protect inhabitants against ground-borne
(structure-borne) noise from railway lines or other ground vibration sources, according to national
regulations, guidelines or recommendation. Ground-borne noise is noise generated by vibrating building
elements (floors, walls) in the room of interest excited by outdoor ground vibration. According to ISO
14837-31 [1], the frequency range of ground-borne noise is 16-250 Hz. There is no European standard for
predicting ground-borne noise. A task group linked to CEN TC126 WG2, which deals with prediction in
building acoustics, has just started to work on this subject. Other prediction methods exist in building
acoustics, are standardized (or about to be standardized) at European level in the EN 12354 series and two of
these standards present similarities with our subject: one (prEN 12354-5,[2]) predicts structure-borne noise
in buildings due to the service equipment (indoor sources) and the other (ISO EN 12354-3, [3]) predicts
airborne sound due to outdoor sound sources. This paper discusses if and how the input and output quantities
and the associated measurement methods defined in these two standards as well as the prediction methods
used, could be transposed to predicting ground-borne noise. More generally, what can be learned from these
two standards, that could be of interest for ground-borne noise? These two standards are successively
analysed in the two main sections of this paper.
The prediction method used in the EN 12354 series is based on Statistical Energy Analysis (SEA), developed
in the late sixties (see [4] for example). The word “statistical” means that some averaging is involved, as well
as some randomness in excitation (time and space) and in the frequency distribution of resonant modes. The
energy stored in rooms or in building elements (walls and floors) is characterized using both space and time
1
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averaged (rms) quantities expressed in rather broad frequency bands (usually 1/3 octave bands, sometimes
octave bands). Interactions between building elements and rooms are expressed as power flows using powerbased parameters. Diffuse field assumption is made, thus limiting the use of SEA usually down to 100Hz in
building acoustics.

2

Pr EN 12354-5

2.1

Frequency range

Draft standard prEN 12354-5, recently sent to CEN TC126 for enquiry and not published yet, deals with
predicting structure-borne noise in buildings due to the service equipment within a frequency range down to
50 Hz, because of the rather low frequency nature of such structure-borne noises. At low frequencies,
acoustic fields are no longer diffuse and show larger sound pressure level variations with position; they can
still be characterized by space and time averaged (rms) quantities, however the sound level standard
deviation SD in rooms becomes higher [5], following:

𝑆𝐷 𝑓 =

4,34

−0,22 + 1 + 0,139𝐵 𝑓 𝑛(𝑓)

(1)
where f is the center frequency of the 1/3 octave band considered in Hz, B(f) the filter bandwidth and n(f) the
room modal density.
Could the frequency range be extended down to 16 Hz for ground-borne noise? The answer depends on the
size of the room considered: the results presented in [6] show that the approach can be applied to frequencies
down to the room first resonant modes, which correspond in common dwellings with small rooms to a lower
limit around 40 Hz.
2.2

A power-based approach

Structure-borne sound due to the service equipment depends on the source and the building structures
involved in the transmission. In the standard, the quantity to express the source is the installed power
(vibrational power transmitted to the receiving building element, to which the equipment is connected) and
the transmission term defined as sound pressure level in the receiving room produced by a unit power source
connected to the building element considered in the source room. The transmission term is measurable, the
measurement method being defined in ISO 10848-1 [7] and the installed power can be calculated from the
following measurable quantities defined in EN 15657 [8]:

𝐿Ws ,𝑖 ≈ 10 lg

Re(𝑌R,eq ,𝑖 ). 𝑌0
𝑌S,eq

2

+ 𝑌R,eq ,𝑖

2

+ 𝐿𝑣f,eq − 60 dB
(2)

where

YS,eq is the equipment single equivalent mobility as defined in EN 15657,
YR,eq,i is the receiving element i single equivalent mobility as defined in EN 15657
Lvf,eq is the equipment single equivalent free velocity level in dB ref. 10-9 m/s as defined in EN
15657
Y0=1m/sN
The terms “single equivalent mobility” and “single equivalent free velocity level” are defined in EN 15657
and correspond to single quantities characterizing multi-contact source /receiver systems.

2
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Such a power-based approach has been applied to ground vibration immission to buildings in [9], where the
building foundation (building structures in contact with the surrounding ground) was considered as the
source and the upper-structure of the building as the receiver as depicted in 2D in Figure 1. This multiple
contact source / receiver system has allowed studying the performance of Building Base Isolation, which
consists of inserting isolators between building foundation and upper-structure (details in [9]).

Figure 1 – 2D ground-building system: a) whole system; b) source and receiver taken apart. The green arrow
indicates an outdoor ground vibration excitation.
The power transmitted to the upper-structure can be approximated by considering only vertical velocities and
obtained using Equation (2) from the free velocity and mobility of the source (embedded building
foundation) and the receiver mobility (upper-structure). Both the free velocity and mobility of the foundation
can be measured on site just before building the upper-structure, by measuring respectively the foundation
velocity when the ground is excited by the outdoor vibration source under investigation and the foundation
mobility using an instrumented hammer according to the procedures described in the ISO 7626 series [10].
The mobility of the upper-structure can be practically estimated numerically using any standard FEM model
of the building.
2.3

Dealing with non-stationary sources

Dealing with non-stationary sources is addressed in pr EN 12354-5 Annex D. Service equipment can be
stationary or time varying sources characterized respectively by equivalent sound pressure levels or
maximum levels. The power-based quantities used in the prediction method can within certain limits be
measured under “quasi-stationary” excitation, i.e. stationary within relatively short time intervals: as written
in the standard, “source and transmission quantities require integration times not shorter than the
reverberation time of the receiving elements or rooms, of the order of 0.5s for common structures at low
frequencies and 1s for rooms. It is reasonable to assume that sources which are stationary within 1s could be
measured and their in-situ sound pressure levels predicted using a SEA-based method without any
correction, both source power level and transmitted sound level being expressed in terms of maximum sound
levels and “Slow” time weighting (1s). For non-stationary sources that require descriptors using the “Fast”
time weighting (125ms), a recent research [11] shows that sources can be characterized using short Leq over
125 ms periods from which the highest value is identified for each 1/3 octave band; however, the
transmission term and corresponding predicted maximum sound pressure levels in the receiving room must
be corrected (empirical correction of 6 dB necessary)”.

3
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3
3.1

ISO EN 12354-3
Quantities expressing building insulation

3.1.1 Insulation against outdoor sound
ISO EN 12354-3 deals with predicting airborne sound in buildings due to outdoor sound. The building
airborne sound insulation against outdoor sound is expressed using the normalized sound level difference
D2m,n (value in dB referenced to a room absorption area A0 of 10 m2), quantity frequency dependent
measurable according to [12] using either an artificial source (loudspeaker) or the existing traffic noise, and
defined as difference between the outdoor sound pressure level at 2m in front of the façade and the (spaceaveraged) sound pressure level in the receiving room considered (see Figure 2). The building performance
quantity used in the prediction calculation is the apparent sound reduction index R’ of the façade, estimated
from the sound reduction indexes R of the elements composing the façade (ratio between the sound power
incident on the element to the sound power transmitted through the element). A relationship between D2m,n
and R’ is given in the calculation model and includes a frequency dependent “façade shape parameter” ΔLfs
taking into account the façade shape (more or less sound transmission due to balconies or other elements,
compared to a straight façade):
D2m,n = R’ + ΔLfs +10lg(A0/S)
(3)
where S is the total area of the façade seen from the inside.
The indoor sound level can then be predicted from D2m,n and the outdoor sound pressure level at 2m of the
façade. However, what is often measured and known is the sound pressure level of the incident sound
without the building. A relationship between the “free field” sound level and the sound level at 2m (with
building) is then required, taking into account the façade reflection; for example in the simple case of a plane
façade, 3 dB is added to the free field sound level, assuming incoming and reflected fields uncorrelated.

2m

Figure 2 – Measuring the sound level difference of a building façade.
3.1.2 Insulation against outdoor ground vibration
For ground-borne noise, the transmission paths from the incoming ground vibration field, through the
foundation and upper-structure and to the receiving room are often split into three frequency dependent
transfer functions as suggested in ISO 14837-31 Annex B:
- the first transfer function is called building coupling loss and defined as vertical vibration level difference
in dB between the ground surface in free field (without the building) and the building foundation,
- the second one is called building transmissibility and defined as vertical vibration level difference in dB
between the building foundation and the building floors,
- the third one corresponds to the sound radiated by the vibrating floors (and walls if relevant) and is
presented and discussed in ISO 14837-31 Annex A, which shows that the power-based parameter

4
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representing sound radiation (called radiation efficiency) is at low frequency situation dependent, depending
particularly on the room dimension (see also [6]).
Building coupling loss
A relationship similar to Equation (3) could be written between the building coupling loss and a transmission
loss, defined as the difference between the incident vibration power level and the vibration power level
transmitted to the building:
- the power transmitted could be simply the one mentioned in Section 2.2, approximated by considering only
vertical velocities and obtained from the foundation free velocity and mobility and the upper-structure
mobility.
- the building coupling loss defined from the foundation free velocity should be easily estimated from the
mobility of the ground (measured at the ground surface without building) and the building foundation
mobility. The knowledge of mobilities only is probably not sufficient to predict the foundation free velocity
from the ground free field velocity; a ground dependent foundation shape factor (similar to ΔLfs for traffic
noise) should also be defined/determined and taken into account.
Building transmissibility
- the vibrational power transmitted to the upper-structure can be estimated from the foundation free velocity
using Equation (2); the building transmissibility could then be replaced by a power-based transfer function,
equal to the difference between the (space-averaged) floor velocity level and the structural power level
transmitted to the building upper-structure, similar to the quantity used for transmission in pr EN 12354-5.
Table 1 summarizes the input quantities required to estimate these modified output quantities (building
coupling loss and transfer function from foundation to floor).
Table 1 – Input quantities required.
Measurement conditions
Ground without
Ground with building Ground with building
building
foundation only
Ground velocity
X (1)
X (3)
Ground mobility
X (2)
Foundation velocity
X (1)
Foundation free velocity
X (1)
Foundation mobility
X (2)
(1) Ground excited by the existing ground vibration source under investigation.
(2) Measurement performed using an instrumented hammer to measure the force applied according to
the ISO 7626 series.
(3) See Section 3.2.
Input quantities

It should be noted that the foundation velocity of the (complete) building is the contact velocity vc between
foundation and upper-structure, which can be approximated from the foundation free velocity vf and the
mobilities of the foundation (index S) and upper-structure (index R) using [13]:
2
𝑣𝑐,𝑒𝑞
,𝑟𝑚𝑠

2
𝑣𝑓,𝑒𝑞
,𝑟𝑚𝑠

≈

𝑌𝑅,𝑒𝑞

2

( 𝑌𝑆,𝑒𝑞

2

2

+ 𝑌𝑅,𝑒𝑞 )
(3)

3.2

Field measurements of vibration immission to buildings

Field measurements of vibration immission to buildings are often performed using ground measurements at
the ground surface relatively close to the building and therefore not in free field. A ground dependent and
5
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building foundation dependent relationship between the ground vibration level measured in free field
(without building) and the one measured close to building should be found, maybe empirically, maybe
theoretically/numerically for simple geometries, such as a Rayleigh wave reflected by a semi-infinite vertical
wall embedded in a homogeneous half-space ground.
There is another question: Could an artificial source be used to characterize vibration immission to
buildings? For traffic sound, a point source (loudspeaker) is used at a special angle of incidence (45°) leading
to a measured façade sound level difference very close to the one measured with traffic noise, which is a line
source assuming heavy traffic. Could a similar procedure be developed using an artificial point source
usually on the ground surface and near the building for practical reason? This question has not been
answered yet.

4

Concluding remarks,

In this paper, two existing European standards predicting the building performance in terms of structureborne sound levels due to service equipment and airborne sound insulation against outdoor sound have been
analysed. The analysis shows that the following input and output quantities and the measuring methods
associated to these quantities could be of interest for predicting ground-borne sound due to outdoor ground
vibration:
- the power-based method used can be applied to ground-borne noise, at least down to the first room modes,
which correspond in common dwellings with small rooms to a lower limit around 40 Hz,
- if the system ground + building foundation is considered as the source, the structural power transmitted to
the upper-structure can be estimated like for building equipment from the free velocity and mobility of the
building foundation, both measurable on site, and the mobility of the upper-structure,
- in the case of time varying ground vibration sources (like railway sources), maximum levels with Slow
time weighting (1s), preferred quantity in ISO 14837-31, can be used in prediction without correction,
- if the building coupling loss is defined from the free velocity of the building foundation, the power
transmitted to the building upper-structure can be simply approximated by considering vertical vibration only
and obtained from the foundation free velocity and mobility (both measurable), and the upper-structure
mobility.
- the building coupling loss could then be estimated from the mobility of the ground without building, the
building foundation mobility and probably a ground dependent foundation shape factor to be determined.
- the building transmissibility could then be replaced by a power-based transfer function, equal to the
difference between the (space-averaged) floor velocity level and the structural power level transmitted to the
building upper-structure, similar to the transfer function used for building equipment,
- concerning the in-situ evaluation of ground vibration immission to buildings, (i) a relationship between the
ground vibration level measured (for practical reason) close to buildings and the one measured in free field
should be found, (ii) the possibility of using an artificial source located (for practical reason) at the ground
surface and near the building should be studied.
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Abstract
Virtual Reality (VR) technologies allow to experience the effects of different design configurations with
strong immersion and are therefore also suitable to learn about different acoustic design configurations. The
Eindhoven Acoustic Virtual Reality (EAVR) platform is a Unity application designed to experiment with
different combinations of acoustic materials and room sizes while listening to these changes in real time. The
application can be used with the Head Mounted Display (HMD) or from a computer screen. The scene acoustic
properties can be edited and saved with observations on the current state, to be later recalled and compared
while being in the room. The application makes use of a modified version of Resonance Audio, edited to
make visible the absorption coefficients of the acoustic materials and the calculated reverberation time for
educational purposes. The paper illustrates the design process leading to the first version of the application,
and the main offered functionalities.
Keywords: room acoustics, immersive learning, virtual reality, spatial audio, built environment.

1

Introduction

Built environment students face high learning demands when starting university. Students are expected to learn
quickly and effectively, amongst others, construction systems, building physics, and architectural design theory
and practice. Poor room acoustic design yields a considerable impact on our daily life, and room acoustic
design should therefore be addressed from the first years of training. Current consumer Virtual Reality (VR)
systems support head and hand tracking, as well as room scale exploration. They allow the user to explore
spaces while potentially listening to virtual reproductions for existing or imagined environments. However,
there is shortage of technical solutions designed to facilitate the exploration of acoustic design principles in
VR.
In this paper, a novel educational resource is presented, providing a high degree of immersion through
VR while introducing the students to concepts related to acoustic design. For example speech intelligibility,
which is influenced by room acoustics, can impact several activities in a given space, including typical class
learning tasks like memorization and proofreading [1]. Speech intelligibility in an environment is mostly
influenced the reverberation time and the ratio between the speech level and the background noise level at the
listeners’ position [2]. The speech intelligibility between a speaker and listener can be quantitatively measured
or described through the speech transmission index (STI), where a value above 0.75 indicates excellent speech
intelligibility and a value below 0.3 indicates nearly unintelligible speech [3]. Therefore our goal is to let
students explore the audible differences of different room sizes and materials, and the related reverberation
time, with respect to a given simulated speech source and listener position. To achieve this task we started from
a simple shoe-box simulation, which is presented in this paper, and later introduced new features, such as the
capability to import user-generated geometrical models at run-time.
The paper is structured as follows: Section 2 covers VR technologies applied to the field Architecture,
Engineering, and Construction (AEC) for training and learning. Section 3 describes existing VR technologies
1
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designed with the intent to evaluate virtual acoustic environments, for research and education. Section 4
presents the design process for our solution, spanning from the design requirements to its development. Section
5 describes the main functionalities of the application developed, named Eindhoven Acoustic Virtual Reality
(EAVR). Section 6 proposes an evaluation strategy, Section 7 presents challenges and future steps, and Section
8 concludes the paper.

2

Virtual Reality for Education in Architecture Engineering and Construction

Education in Architecture Engineering and Construction (AEC) often partly relies on Project Based Learning
(PBL), situating exercises in plausible or real scenarios, created within the design studio paradigm. Virtual
reality technology for education in construction and architecture has been studied in [4], [5], [6], [7], and
[8]. Wang et al. [4] reviewed in detail 66 papers on the use of VR technologies for education and training,
identifying five main technology categories: desktop VR, immersive VR, 3D game-based VR, building
information modeling VR, and augmented reality. The authors found that VR applications are mostly used in
architectural visualization and design education, construction safety training, equipment and operational task
training, and structural analysis education. Following their review, the authors revealed five future directions
for VR-related education in construction engineering: (i) integrations with emerging education paradigms;
(ii) improvement of VR-related educational kits; (iii) VR-enhanced online education; (iv) hybrid visualization
approaches for ubiquitous learning activities, (v) rapid as-built scene generation for virtual training. Therefore,
the development strategy adopted for our tool should consider these promising directions.

3

Existing Acoustic VR Solutions

A growing number of systems allow to construct an acoustic scene with controlled conditions and reproduce
it to the listener for experimental observations with scientific and educational intents. Virtual Acoustics (VA)
by RTWH [9] is a real-time auralization framework that allows very fine control on spatial audio rendering
implementations. The code is in C++, primarily targeting Windows platforms, and it also offers a package
to use the C++ VA interfaces from the game engine Unity, through a series of C bindings that can be easily
attached to GameObjects, the base class for all entities in the Unity scene. The framework also offers the
opportunity to implement a custom real time auralization algorithm.
VA can in principle be used in partnership with the Sketchup plugin and C++ application RAVEN [10, 11],
also developed with educational intents by RTWH Aachen. Architectural design students are often asked to
become familiar with the Sketchup modelling software and therefore RAVEN represents a valid solution to
experiment with model design, assign materials, and generate in real time impulse responses that can be used
for auralization purposes. RAVEN as a standalone version belongs to the category of desktop VR according
to the categorization in [4], since direct use of HMD is not available. For the version currently available, only
one source at a time can be auralized in real time and using the application on an arbitrary machine requires to
obtain an educational license first. Furthermore, the auralization code is not modifiable by external parties.
EVERTims is an open-source framework for real-time auralization in architectural acoustics and virtual
reality [12]. Arbitrary geometries and materials can be changed in real time, as well as the position of the
source and the receiver. The Open Sound Control (OSC) protocol allows to broadcast in real time updates from
the Blender modelling software to the auralization engine, built using the audio framework JUCE. HMDs can
be used to navigate the scene in Blender. However, the solution was not available for Windows platform when
the project presented in this paper started.
The open-source project Resonance Audio allows creation and control on complex virtual acoustic
environments in real-time. The Resonance Audio Software Development Kit (SDK) [13] includes the C++
library, the MATLAB library for helper Digital Signal Processing (DSP) functions, and platform integrations
for game engines and audio / video editing software. Major platforms are supported, with attention to efficient
audio rendering; the techniques adopted include thread-safety, non-blocking APIs, minimum audio processing
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latency (no buffered processing of audio data, single-threaded audio processing pipeline) and a small binary
footprint [14]. The room acoustics spatialization method in the Resonance Audio core library works through
audio processing nodes in a graph, always updating when any change occurs, such as changing the listener
and source position. The reflection and reverb processing units are part of this graph, and can be switched on
and off together as a total “room effect”. The early reflections are built using directional delays (one for each
shoebox wall), attenuated according to the room materials, while the reverb, that is equipped with an onset
compensator, is generated using the Spectral Magnitude Decay method [15]. This method enables synthesis of
late reverberation based on the scene conditions, with controllable decay times as a function of frequency.

4

Design Process

This section explains the steps undertaken in the design of the Eindhoven Acoustic VR (EAVR) application,
detailing motivation, user analysis, goals, and design requirements.
4.1. Motivation
We aimed to develop EAVR to facilitate more intuitive learning based on listening experience rather than just
interpreting and applying calculation methods. Moreover, we wished to integrate existing teaching practices,
such as the design studio approach, in the application workflow.
4.2. User analysis
The first year Bachelor project course in the Bachelor programme of the Department of the Built Environment,
called BAU Studio, is an introduction to architectural design and construction. Students attending this course
have little knowledge of 3D modelling, architectural design, and building physics, including acoustics. Thus,
the tool should not require them to have existing technical experience in these field but rather introduce them
to topics that will be part of their future studies in the Built Environment department.
4.3. Project Goal
The aim of the application is to allow the students to reflect on the impact of design choices on the acoustics
of a place. The application should also help them learn about basic principles of room acoustic modelling and
related technical terms.
4.4. Design Requirements
Based on our use case and the suggestions from the existing studies on the use of VR in learning and training
for AEC, the following list of requirements was extracted.
Interactivity
Using Head Mounted Displays (HMDs) for VR in combination with head rotation tracking and headphones
allows the complete virtual replacement of the visual and aural scene. Researchers seem to agree that realism
and gamification can foster engagement and indirectly motivation, whilst cyber-sickness yields detrimental
effects. Locomotion systems enable the exploration of the virtual space. They are crucial tools for the
exploration of virtual architectures. Locomotion systems can be based on natural scale movement or movement
mapping devices such as the virtual treadmill, the joystick, or other kinds of controllers.
Accessibility and Creativity Support
Students who want to experiment with 3D modelling design and how this translates to a virtual acoustic
environment might find beneficial to quickly experience acoustic consequences of room size and material
properties. Adopting a screen-based desktop interaction can yield increased accessibility with respect to HMD-
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based VR. On the other hand, the higher degree of immersion provided by the HMD and controller might be
beneficial towards faster learning, while, in contrast, a more fatiguing experience.
Technical simplicity and coherence
The application should employ not too complex technical terms and introduce to the relationship between
architectural design and acoustics. Typical architectural elements such as room, materials, walls, ceiling, floor,
should be put in an intuitive perceivable connection with their acoustic properties. We aim to introduce the
relationship between room volume, surface areas, absorption coefficients, and reverberation time, in a selfexplanatory way, aiding the listening process with the display of the numerical data in the form of graphs or
numerical values.
EAVR FUNCTIONAL PANELS

MATERIAL LIST

SURFACE MATERIALS

REVERBERATION TIME

material appearance
absorption coefficients

surface ID
visual qualities
absorption coefficients

value for 9 frequency bands
(31.5 to 8000 Hz)

OBSERVATION

SOURCE

SIZE

type
score
notes

name
play
pause
stop
gain +/- 3dB

length (+- 1m)
height (+- 1m)
width (+- 1m)

SWITCH MODE (2D/VR)

QUIT

Save

Figure 1: Simplified description of the functional panels in the EAVR graphical user interface

5

Proposed Solution: Eindhoven Acoustic Virtual Reality (EAVR)

The application design is based on the idea of changing the acoustic properties of the room through an intuitive
interface available to the user both from a screen-based and HMD-based VR experience. The library Resonance
Audio was chosen for: (i) being open-source software, thus allowing changes to the source code; (ii) being
compatible with different platforms, including Windows, largely adopted in the Built Environment department;
(iii) for offering efficient and fast audible updates at the changing of the room properties. For first year students
approaching acoustics, the shoe-box approach implemented in Resonance Audio was considered suitable for
offering a simple cause-effect development and thus it was adopted in the development of EAVR.
The main functionalities of the application can be divided in six groups plus a Quit and Switch mode. The
six functional groups shown in Figure 1 represent all the controls that the user has on the virtual scene. In order
to use the application, the user needs a personal computer with windows for the screen-based version, and, for
the HMD-based version, a VR-enabled pc, the Oculus Touch Controller, and the Oculus Quest (+ link cable)
or Rift HMD.
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Figure 2: Appearance of the screen-based EAVR application
5.1. Workflow explanation
At startup the user can choose whether to use the application with the screen-based or HMD-based version.
Once this choice is made, a room appears in the scene with default dimensions (17.3m, 5.3m, 8m). These
dimensions, although slightly different because of architectural details, are based on the model of an existing
shoe-box lecture hall in Bologna (hall c, volume of 850 m3 ) acoustically measured and simulated, thus providing
ground for comparison between the existing data and hypothetical solutions [16]. The source is represented by
the avatar of a female speaker and is placed by default next to one of the narrow walls. When words from
the Harvard speech corpus are selected, a list of words will be played back from the position of the speaker’s
head, oriented towards the audience. The source directivity is set as fixed within the application with a cardioid
pattern based on voice directivity on the horizontal plane [17]. In the virtual room the user can interact with
the room properties, for example selecting a wall and replacing the acoustic material or changing the room
dimensions. This change might be more or less aurally perceivable, but still graphically visible. The new
reverberation time appears as an overlay on the old one, which fades away. The user can also navigate the
room through teleportation / thumbstick (HMD-based) or arrows (screen-based) and save own comments and
a numerical value going from 0 to 100 to give a score to intelligibility and reverberation. The underlying idea
is that perceived intelligibility score can be easily matched with STI quality ratings, for example mapping the
0-1 STI range to a 100-point scale to obtain the following scores: bad (<30); poor (>30, <45); fair (>45,<60);
good(>60,<75); excellent (>75) [3].
5.2. Acoustic Materials List
This dropdown menu currently includes a list of the acoustic materials belonging to the Resonance Audio
library. The original Resonance Audio library was edited to allow the retrieval of the absorption coefficients
of acoustic materials and the calculated reverberation time so that they could be displayed as graphical
information, and thus enhance the student’s learning process. Every material in this list holds absorption values
going from 0 to 1 for nine octave frequency bands (31.5 Hz to 8000 Hz). When the user selects the material,
the corresponding curve is shown in a dedicated panel. This panel works as a sort of property inspector,
showing also the last selected wall surface and its acoustic material (top left of Figure 2).
5.3. Surface Materials
This interface top area shows the 6 shoe-box material names and corresponding textures, and a graphic
representation of the absorption curve for each surface. The absorption curve is retrieved directly from the
walls of the Resonance Audio Room entity, thanks to a new function added in the original Resonance Audio
code that extracts the absorption coefficient values for the queried materials.
5
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5.4. Reverberation Time Display
This panel, visible on top-right in Figure 2, presents the reverberation time curve as calculated by the Resonance
Audio library, and extracted through a new custom function, which follows the Eyring calculation method
shown in the following equation
RT 60 f =

0.161V
−S ln(1 − ᾱ f ) + 4m f V

(1)

where RT 60 f represents the reverberation time for each octave frequency band (31.5 Hz to 8000 Hz), V
is the room volume (m3 ), S is the total room surface area (m2 ), ᾱ f is the average absorption coefficient for
the frequency band in consideration, and m f is the frequency dependent energy attenuation constant. With
respect to this calculation, it is interesting to note that the values for m f are derived from a table in [18] through
extrapolation for lower frequencies. The adoption of this simplified calculation can be considered appropriate
for the shoe-box case for a diffuse sound field in a relatively compact room.
5.5. Observation Panel
The observation panel (bottom left in Figure 2) allows the user to rate the scene numerically and through text
judgements, for both intelligibility and perceived reverberation. Once an observation is saved through a button,
it appears with the note details on the bottom left, available to be recalled at a later state just by clicking on
it. The observations are saved in a JSON file and can be shared across users. The saved observations are
accompanied by information that contains all the relevant data for the scene, such as the shoe-box dimension,
the materials chosen, the listener and source position, allowing direct perceptual comparison between different
scene states.
5.6. Source Control
This panel (bottom right in Figure 2) allows to select the input source from a series of predefined anechoic
samples, which can be extended by the user upon choice. The audio file should be provided as mono, with
any sampling rate allowed by Unity. The files are reproduced from a play button, overlaying sounds if this is
pressed before the sample ends. Next to this there are the pause button and the stop button. Two arrows allow
to increase or decrease the gain by 3dB.
5.7. Dimension Size
These controls (top right in Figure 2) allow to increase or decrease each room dimension by 1 meter
independently: length, height, width. The change is reflected in the update of the room visual appearance
and the Resonance Audio Room model, triggering the update for the reflections and reverb audio processing
nodes as explained in Section 3.
5.8. Switch ad Quit
These buttons allow to switch between screen-based and HMD VR and quit the application. A slider helps
setting the transparency of the functional panels with respect to the in-game scene. Current developments
include a button to switch the reflection and reverb node on and off, and a button to display an interactive
moving source.

6

Proposed Evaluation

A first round of testing has been conducted for the initial shoe-box prototype, which triggered some usability
improvements and suggestions already implemented. For example, the possibility to navigate through
teleportation in the HMD-based version to avoid motion sickness and the request for custom audio input. The
testing of the new version of the application with the built environment students will be conducted in the future
6
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Figure 3: Appearance of the HMD-based EAVR application, showing the interface controls on a virtual tablet
anchored on the left wrist.
months. The screen-based application should be launched by the students on their personal computer, while
the HMD-version requires access to an Oculus Quest with link cable or Rift, left and right Touch controllers,
and a VR-enabled laptop. Therefore, the evaluation with the VR hardware will be conducted in the laboratories
of the university which offer these facilities, or remotely if other interested parties have the gear available.
Collaboration among students can be fostered through the exchange of the data saved, allowing for group
comparison activity. A reflective questionnaire post experience can capture the technical challenge level,
while specific questions on presence and immersion can help compare the screen and HMD versions of the
educational tool and their potential role in aiding the learning process. Metrics aimed at capturing the student
performance should be decided in agreement with the teachers. Fruitful exercises should aim at creating
complex reasoning on the physics of sound in architectural spaces, even if digital: examples can be achieving a
better sounding geometrical solution for a given set of materials, finding the worst sounding position in a given
space and improve it, achieving the optimal reverberation time for a certain activity, and so on.
Finally, the application is based on the idea that changing the room model while observing audible and
visual changes can generate new knowledge. In Figure 4 this circularity between observations and interaction
is depicted: observing the current situation for the virtual environment might cause the will to change the
properties of the room to achieve better intelligibility or experience unknown design solutions. Changes in the
audible scene can be appreciated when changing head orientation, position in the room, or changing the room
properties such as materials and size. It would be beneficial to capture how each of these variables and how the
activity of storing and comparing room states impacts the learning process.

7

Challenges and Future Steps

Among the limitations of the simple shoe-box approach there is the problem that the reverberation time
calculation used by Resonance Audio does not consider the audience or chair absorption, which should also
be taken into account in the reverberation time estimation [19]. With this respect, a functionality which
fills the floor area available with a fitting number of seats has been designed to give a sense of perspective
and functionality to the virtual lecture room, otherwise very bare and looking empty. Future developments
should explore the possibility to add dedicated absorption properties to the area filled with the audience chairs.
Another limitation is that the Eyring calculation method should be applied when the absorbing power is almost
uniformly distributed over all the room surfaces and the sound field is diffuse in a way that the results stay
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Virtual Scene
current State (t0)
previous State (t-1)
previous State (t-2)

Observation

Interaction

change

environment
state

previous State (t-n)

comparison
previous Observations

Figure 4: The Observation - Interaction activity enabled by the EAVR application
almost independent of the room’s shape [19].
In the new version of the application, user defined models can be imported at runtime using the GL
Transmission Format (glTF) format, that allows for interoperability between Sketchup and Unity. The Eyring
formula can be easily applied to a number of surfaces higher than the standard six shoe-box surfaces. However,
it is yet to be defined how to go from the fixed number of six early reflections to a more generalizable case for
arbitrary geometries.
With respect to source directivities, Resonance Audio sources can be described with a value going from 0
(omni) to 1 (figure-of-eight) with additional control on directivity sharpness (1 to 10). According to the code
documentation, a value of 0.5 will produce a cardioid pattern. Our application started from the case of a speaker
in a lecture room, but in the future, different sound source types should be associated with their correspondent
directivities and possibly a matching avatar to support enhanced realism.

8

Conclusions

This paper presented a technical solution aimed to allow built environment students experience acoustics in
VR. Key aspects crucial to the development of virtual reality training for construction and engineering were
identified and addressed during the design process. The current version of the application allows users to edit
materials and size for a shoebox room and save their observations on intelligibility and reverberance. The
system presented hereby is the initial demonstrative version for a single shoe-box-shaped room, that students
can use to experience the impact of changes of materials and room size on its acoustics. Current development
efforts are targeting a version that would better fit the students: they will import the space they have designed
themselves and evaluate the acoustics in it. What is presented in this paper should thus be seen as a part of a
bigger toolset.

Acknowledgements
This project has been funded through the BOOST innovation in education programme by Eindhoven University
of Technology (boost.tue.nl).

8

1817

References
[1] Jikke Reinten, P Ella Braat-Eggen, Maarten Hornikx, Helianthe SM Kort, and Armin Kohlrausch. The
indoor sound environment and human task performance: A literature review on the role of room acoustics.
Building and Environment, 123:315–332, 2017.
[2] Tammo Houtgast, Herman JM Steeneken, and R Plomp. Predicting speech intelligibility in rooms from the
modulation transfer function. i. general room acoustics. Acta Acustica united with Acustica, 46(1):60–72,
1980.
[3] International Electrotechnical Commission (IEC) 60268-16:2020.
Objective rating of speech
intelligibility by speech transmission index, 2020.
[4] Peng Wang, Peng Wu, Jun Wang, Hung-Lin Chi, and Xiangyu Wang. A critical review of the use of
virtual reality in construction engineering education and training. International journal of environmental
research and public health, 15(6):1204, 2018.
[5] Samad ME Sepasgozar. Digital twin and web-based virtual gaming technologies for online education: A
case of construction management and engineering. Applied Sciences, 10(13):4678, 2020.
[6] Ahmad K Bashabsheh, Hussain H Alzoubi, and Mostafa Z Ali. The application of virtual reality
technology in architectural pedagogy for building constructions. Alexandria Engineering Journal,
58(2):713–723, 2019.
[7] Ricardo Eiris Pereira and Masoud Gheisari. Site visit application in construction education: a descriptive
study of faculty members. International journal of construction education and research, 15(2):83–99,
2019.
[8] Yifan Gao, Vicente A Gonzalez, and Tak Wing Yiu. The effectiveness of traditional tools and computeraided technologies for health and safety training in the construction sector: A systematic review.
Computers & Education, 138:101–115, 2019.
[9] Institute for Hearing Technology and Acoustics, RWTH Aachen University. Virtual Acoustics – A realtime auralization framework for scientific research. http://www.virtualacoustics.org/. Accessed
on 2021-08-12.
[10] Sönke Pelzer, Lukas Aspöck, Dirk Schröder, and Michael Vorländer. Integrating real-time room acoustics
simulation into a cad modeling software to enhance the architectural design process. Buildings, 4(2):113–
138, 2014.
[11] Josep Llorca, Ernest Redondo, and Michael Vorländer. Learning room acoustics by design: a projectbased experience. International Journal of Engineering Education, 35(1):1–7, 2019.
[12] David Poirier-Quinot, Brian Katz, and Markus Noisternig. Evertims: Open source framework for realtime auralization in architectural acoustics and virtual reality. In 20th International Conference on Digital
Audio Effects (DAFx-17), 2017.
[13] Google. Resonance Audio SDK Repository. https://github.com/resonance-audio. Accessed on
2021-08-12.
[14] Marcin Gorzel, Andrew Allen, Ian Kelly, Julius Kammerl, Alper Gungormusler, Hengchin Yeh, and
Francis Boland. Efficient encoding and decoding of binaural sound with resonance audio. In Audio
Engineering Society Conference: 2019 AES International Conference on Immersive and Interactive
Audio. Audio Engineering Society, 2019.
[15] Earl Vickers, Jian-Lung Larry Wu, Praveen Gobichettipalayam Krishnan, and Ravirala Narayana Karthik
Sadanandam. Frequency domain artificial reverberation using spectral magnitude decay. In Proceedings
of the 121th AES convention, volume 6926, 2006.
[16] Giulia Fratoni, Dario D’Orazio, Domenico De Salvio, and Massimo Garai. Predicting speech
intelligibility in university classrooms using geometrical acoustic simulations. In 2019 International
Building Performance Simulation Association Conference and Exhibition, pages 4305–4312. IBPSA,
2019.
9

1818

[17] Christoph Pörschmann and Johannes M Arend. Analyzing the directivity patterns of human speakers.
Proceedings of the 46th DAGA, pages 16–19, 2020.
[18] James A Moorer. About this reverberation business. Computer music journal, pages 13–28, 1979.
[19] Leo L Beranek. Analysis of sabine and eyring equations and their application to concert hall audience
and chair absorption. The Journal of the Acoustical Society of America, 120(3):1399–1410, 2006.

10

1819

Noise unmasks the masking effect of reverberation on early reflections
in the intelligibility of speech
Nicola Prodi1, Matteo Pellegatti2, Chiara Visentin3
1,2,3

Department of Engineering, University of Ferrara, Italy

1nicola.prodi@unife.it; 2matteo.pellegatti@unife.it; 3chiara.visentin@unife.it

Abstract
Changing the ratio between early and late reflections affects the clarity of speech and music and modulates
the spatial impression; this latter effect typically happens when the direction of arrival of reflections is varied
too. In this mechanism both the overall amount of energy and the correlation at the ears play a role, the latter
being crucial for spatial impressions. When noise is added on speech, it is unclear whether and how the
spatial characteristics of the source are altered, nor it is clear if this would affect speech intelligibility. In this
work impulse responses with specular or diffuse early reflections and two different reverberant tails are used
to create virtual sound fields with control of clarity and reverberation. It is shown that in some cases the
presence of noise restores spatial percepts of the speech source that are unavailable in the reverberation-only
(quiet) conditions. These cues are associated with an improvement in speech intelligibility.
Keywords: scattering, early reflections, spatial percepts, speech intelligibility

1

Introduction

The importance of early reflections has been underscored both for speech intelligibility and for the appraisal
of the spatial characteristics of a sound source. In the former case it has been demonstrated since long that
early reflections are beneficial for speech intelligibility because the auditory system can integrate them with
the direct sound [1]; the conventional limit between useful and detrimental reflections for speech has been
set to 50 ms. Based on this statement the acoustical parameters C50 and U50 [2] have come into use to assess
the suitability of a given impulse response to ensure speech perception. The way our auditory system
integrates early reflections has been investigated also in the recent works [3,4,5]. The temporal integration of
early reflections was deemed as a monaural process which was most effective if reflections were co-located
with the direct sound [3]. Anyway, some interaction of monaural and binaural processing was also found
when detrimental reflections with long delays should be suppressed [4]. Moreover, the phase relationships
between direct sound, reflections and noise appear to have a role too. Reflections with a phase congruent
with the direct sound are easily integrated but those with a phase congruent with the noise are harder to
integrate; when later reflections are dominant the information they convey can be used by the auditory
system [5]. As regards the spatial description of sound sources, and their size or width in particular, it is
mostly associated with the binaural processing which is often modeled as a cross-correlation of the signals at
the ears from which binaural quantities are derived [6]. The percept of distance seems less influenced by
binaural cues, at least in steady conditions [7]. Moreover, in the study of concert halls also the monaural
concept of lateral energy fraction was introduced as a way of emphasizing the role of lateral energy; the
spatial percept of source width could be related to early portions of the lateral sound relative to the overall
level, while the so-called envelopment was related to the later components. Both were dependent on their
1
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relative level and had mutual influence [8]. From the above it appears that the analysis of impulse responses
for predicting speech intelligibility and for describing the spatial characteristics of a sound source are two
almost distinct areas of research. In addition, there is a paucity of studies describing the alterations that the
auditory image of a speech source undergoes when noise is added, apart few specific studies involving
hearing impairment or processing for hearing aids. It is necessary to bridge the gap between the perceptual
appraisal of a speech source and its intelligibility, and to understand how the auditory image is built in quiet
as well as in noise and how this image is related to speech intelligibility. In this perspective paper [9]
investigated the spatial release from masking (SRM) in relation to the image size and found that SRM was
reduced and image size increased with the use of hearing-aids. The work [10] tested several sound
reproduction setups and focused on the relationship between image size (a more comprehensive definition of
width) and system’s energy spread. This quantity influenced speech intelligibility but not the image size. The
dissociation was motivated by the fact that the inter-aural cross-correlation (IACC), taken as a proxy of the
image size, did not change between conditions with different energy spread, while speech intelligibility did
since it was sensitive to talker-to-masker ratio and binaural interactions. Furthermore, the recent work [11]
showed that the auditory image of a speech source in quiet (no noise) was modulated by the type of a single
early reflection, either diffuse or specular. In particular with the diffuse reflection the sound source was
perceived closer (along with the percept of distance) and more focused (according to the percept of focus),
while its size (related to the percept of width) did not change from the specular to the diffuse reflection. This
finding added a concept to the previous literature, marking a first distinction between source width and
source focus and remarking that, even when source dimensions are perceived as constant, the source itself
can be perceived more or less blurred. When noise was added in the same experiment and speech
intelligibility was measured, better scores were obtained for the diffuse reflection; but the spatial percepts
were not evaluated in noisy conditions so the association between speech intelligibility and the perceptual
qualities of the sound image was only indirect. In a later incremental study the same authors [12] analysed
the cases with only three early specular or diffuse reflections and described the trends of the spatial percepts
distance, width and focus in quiet; however they did not perform speech intelligibility tests. The present
work is conceived as a further step forward in the analysis of spatial percepts in quiet, in noise and of their
relationship with speech intelligibility. In particular two reverberation levels are added to a selection of the
impulse responses used in [12] with three diffuse or specular early reflections, and the energetic balance
between the early reflections and the sound tail is modulated corresponding to two clarity C50 levels. The
research questions that the present work addresses are the following:
1) What is the relationship between the spatial percepts and some basic acoustical variables such as
clarity, reverberation and with the type of early reflection?
2) What is the distortion, if any, of the above relationship when noise is added and how do the spatial
percepts change between quiet and noisy conditions?
3) Is there as association between the spatial percepts and the speech intelligibility in noise?

2
2.1

Materials and methods
Measurement of the direct sound and of the early reflections

The speech stimuli for all the experiments were created by convolving anechoic speech material with headrelated impulse responses (HRIRs) which were obtained by mixing a direct sound and three early reflections
measured in an anechoic chamber with gaussian uncorrelated sound tails obtained numerically. The
measurements of the direct sound and of the single early reflections were conducted in two configurations
(specular and diffuse), by varying the surface placed on the floor of the large anechoic room. Plywood panels
were used for the specular configuration while one-dimensional quadratic residue diffusers (QRD) were used
for the diffuse configuration. Figure 1 shows the layout of source, receiver and surface providing the
reflection. The receiver was either positioned with its left ear oriented towards the test surface or upside
down. The former setup was designed to simulate the case of a single reflection reaching a listener’s left ear
from a side wall; the latter set up was designed to simulate a single reflection reaching the listener’s ears
2
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from the ceiling. The geometry was varied to obtain different reflection azimuths (αr). A sound source with
the directivity of a person talking (GRAS44AB) was placed close to the edge of the test surface. A B&K
type 4100 head-and-torso simulator was suspended over the test surface, aligned with and facing the sound
source.

Figure 1 – Schematics of the layouts providing (a) a lateral reflection (upper view), and (b) a ceiling
reflection (side view). S-R is the source-receiver distance, αr the angle of reflection, and d the distance from
the surface.
The HRIRs with the reflection coming from the right side of the listener were obtained by swapping the left
and the right channels of the measured HRIRs. A frontal HRIR (0° azimuth and elevation), including only
the direct sound, was measured in fully anechoic conditions and was taken as the reference direct sound for
all listening conditions. The measured HRIR were time windowed to retain only the reflection and its total
energy was set to -1.6 dB with respect to the direct sound. The early reflections included in the HRIRs used
for later convolutions are listed in Table 1. After the direct sound one finds a left reflection at 5 ms from 34°
incidence, a ceiling reflection at 8 ms with 34° incidence and a right reflection at 13 ms from 45° incidence.
One set was prepared with specular reflections and another set with diffuse reflections.
Table 1 – Direction, angle and timing of the three early reflections included in the HRIRs.
Left wall
Right wall
Ceiling
(Δt = 5 ms)
(Δt = 13 ms)
(Δt = 8 ms)
✓
✓
✓
(αr1 = 34°)
(αr3 = 45°)
(αr2 = 34°)
2.2

Acoustical conditions

Once the early reflections were available after direct measurement, the reverberant tails were achieved by
numerical simulation and mixed in the HRIRs. To do so, first a stereo file was created with incoherent
Gaussian noise in the left and right channels. Two types of energetic decays were modelled by simple
exponential functions to obtain reverberation times of 0.45 s and 0.85 s (average from 500 Hz to 4kHz).
Secondly, the two reverberant tails were mixed with the early reflections with a time delay of 50 ms from the
direct sound; the energy ratio between the early sound and the later tail was manipulated.
Table 2 – Measured values of acoustical indicators for the HRIRs used in the auralizations. Data are the
averages of left and right value. Rt is reverberation time T20, EDT is the early decay time, C50 is clarity for
speech, U50 is the useful-to-detrimental ratio and STI is the speech transmission index, IACCE3 is the interaural cross-correlation on 80ms averaged over 0.5 - 2kHz. Data for Rt, EDT, C50 are averages 0.5 – 4kHz,
U50 is from C50(500Hz-4kHz). Differences between left and right ear were below JND.

Rt1_C1
Rt1_C2
Rt2_C1
Rt2_C2

diffuse
Rt [s] EDT [s] C50 [dB] U50 [dB]
0.43 0.83
2.7
-8.2
0.48 0.87
8.6
-6.7
0.82 0.98
2.7
-8.2
0.86 0.98
8.7
-6.7

IACCE3
0.61
0.62
0.61
0.62

STI
0.25
0.28
0.24
0.28

specular
Rt [s] EDT [s] C50 [dB] U50 [dB]
0.43
0.86
2.5
-8.3
0.49
0.90
8.4
-6.7
0.82
1.01
2.6
-8.3
0.87
0.99
8.5
-6.7

IACCE3
0.54
0.54
0.54
0.54

STI
0.25
0.28
0.24
0.28
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This gave rise to two clarity (C50) values respectively close to 2.6 dB and 8.6 dB (average from 500 Hz to
4kHz). All in all, the acoustical conditions were four (2 Rt x 2 C50) for both specular and diffuse early
reflections. Finally, the HRIRs were convolved with anechoic target signals, and the auralized material was
presented against a steady state masker with the same spectrum of the target signal (SNR=-6 dB). By doing
so two values of U50 were obtained, respectively close to – 8.2 dB and -6.7 dB (average from 500 Hz to
4kHz). Table 2 reports the acoustical parameters for all of the acoustical conditions used in the subsequent
listening tests. The data are the average of the left and right ear value but the discrepancies were always less
than the respective JNDs. In Expt. 1 listeners were asked to rate a set of spatial percepts (see. Par. 2.3) in
quiet (no noise); in Expt. 2 the same spatial percepts were assessed in noisy conditions and in Expt. 3 speech
intelligibility scores were obtained in the same acoustical conditions as in Expt. 2.
2.3

Setup of the listening tests

The HRIRs were convolved with the anechoic stimuli of the Word Sequence Test, which consists of
sequences of four disyllabic words, preceded by a carrier phrase. For Expt. 1 and 2, five sequences were
randomly extracted from the test corpus, for a total duration of 18 s. For Expt. 3, eight test lists were used (2
Rt x 2 C50 x 2 early reflection types); each list was composed of 12 sequences (trials). All stimuli were
reproduced using a binaural rendering system installed in a silent room and surrounding the listener. The
listener used a touchscreen placed right in front of her/him to input the responses. The speech was presented
at a level of 57 dB(A), measured with reference to the participant’s left ear. Twenty-one participants took
part in Expt. 1, while twenty-five took part in Expt. 2 and 3 (same panel in both experiments). All
participants were native Italian speakers and were recruited from among the students and the academic staff
at the local university. None of them had extensive experience of listening tests. Prior to the experiment,
participants completed a self-administered hearing screening using the IOS device-based application. All
participants had test results in the “normal hearing” category (up to 25 dB HL) for the frequencies being
tested (0.5-8 kHz). For each trial in the Expt. 1 (quiet) and 2 (noise), participants listened to the playback of
the same speech signal. After the audio offset, four visual analog scales (VAS) appeared on the touchscreen
and participants were asked to assess the following spatial percepts:
(i) distance from the speaker (How far from you would you locate the speaker?). The response was given on
a VAS with the ends labelled as 1 m and 4 m. For ease of scoring, labels corresponding to 2 and 3 m were
also included, together with ticks in 0.2 m steps.
(ii) focus of the sound source (How focused would you rate the sound source?). The response was given on a
VAS with the ends labelled as “very little” and “very much”.
(iii) width of the sound source (How wide would you rate the sound source?). The response was given on a
VAS with the ends labelled as “very narrow” and “very wide”.
(iv) envelopment of the sound source (How would you rate the sense of immersion in the sound field?). The
response was given on a VAS with the ends labelled as “lower” and “higher”.
The percepts are referred to from now on as distance, focus, width and envelopment. They were carefully
explained to participants before starting the experiment, by means of written instructions. The raw ratings of
the spatial percepts underwent a Z-score transformation after pooling all the data, for all his/her tested
conditions, by participant. The transformation eliminated between-subject differences while preserving
between-condition ones. It hasto be remarked that, thanks to the experimental design and to this
normalization procedure, it was also possible to directly compare conditions across blocks. In Expts. 1 and 2
a linear regression model was run for each of the four dependent variables (distance, focus, width and
envelopment). For the statistical analyses, each model included the following fixed effects: reflection type
(diffuse, specular), reverberation (Rt1, Rt2), and in Exp. 1 clarity (C1,C2) while in Expt. 2 useful to
detrimental ration (U1, U2). The two- and three-way interactions were included as well. The Expt. 3 was a
speech intelligibility measure. One list was used for each condition and the order of lists was
counterbalanced across conditions and participants. The scoring was word-based: for each sequence of four
words, SI was defined as the proportion of words correctly recognized. In the data analysis of Expt. 3 a
generalized linear mixed model was used with the dependent variable speech intelligibility; the fixed effects
and interactions were reflection type (diffuse, specular), reverberation (Rt1, Rt2), useful to detrimental ratio
(U1, U2) and their two- and three-way interactions. All analyses were conducted with the R software, setting
4
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the statistical significance threshold at 0.05. Post-hoc tests and the calculation of the standardized effect sizes
(corresponding to Cohen’s d) were performed with the emmeans package. To control for the Type I errors in
the case of multiple comparisons, the p-values were adjusted using the False Discovery Rate procedure.

3

Results of Experiment 1: spatial percepts in quiet conditions

The results for the assessment of spatial percepts in the quiet conditions are reported in Figure 2.
When distance was analyzed the main effects of Rt [F(1,198)=26.80, p<0.001] and C50 [F(1,198)=39.71,
p<0.001] were significant. The effect of the type of reflection and all the interactions were non-significant.
The post-hoc comparisons revealed the perception of a farther distance of the source for longer Rt (Rt2 >
Rt1, p<0.001, t.ratio=5.16, d=0.719 – medium/large) and for lower C50 (C1 > C2, p<0.001 t.ratio=6.3,
d=0.878 - large).

Figure 2 – Perceptual assessment (Z-scores) in quiet by type of reflection, reverberation time and clarity.
Black squares are mean values and lines are the median values. Small circles are the single experimental
values. a) distance; b) focus; c) width; d) envelopment.
For focus only the effect of C50 was significant [F(1,200)=26.71, p<0.001]; no other main effects nor
interactions were found. Comparisons showed a more focused image as C50 was high (C2 > C1, p<0.001,
t.ratio=5.17, d=0.717 – medium/large). The analysis of width did not show any effect for the three factors
neither for interactions. Finally when envelopment was considered, Rt was a significant factor
[F(1,159)=12.58, p<0.001] and also C50 [F(1,159)=11.08, p=0.001]. The type of reflection and interactions
were not significant. Post-hoc analysis showed that Rt2 evoked a more enveloping sound source (Rt2 > Rt1,
p<0.001, t.ratio=3.56, d=0.55 - medium) as also lower C50 did (C1 > C2, p=0.001, t.ratio=3.35, d=0.518 medium).
5
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4

Results of Experiment 2: spatial percepts in noisy conditions

The results for the assessment of spatial percepts in the noisy conditions are reported in Figure 3.
For distance the effect of Rt was significant [F(1,238)=9.93, p=0.001], as that of U50 [F(1,238)=25.52,
p<0.001] and also that of the type of reflection [F(1,238)=23.71, p<0.002]. No other significant effects were
found across interaction. The post-hoc analysis revealed farther perception of the source for longer Rt (Rt2 >
Rt1, p=0.001, t.ratio=3.15, d=0.401 - small), lower U50 (U1 > U2, p<0.001, t.ratio=5.06, d=0.645 medium) or when a specular reflection occurred (Specular > Diffuse, p<0.001, t.ratio=4.87, d=0.621 medium). Analyzing focus the significant factors were Rt [F(1,236)=4.41, p=0.037], U50 [F(1,236)=9.35,
p=0.002], and type of reflection [F(1,236)=5.91, p=0.016], but there weren’t significant interactions. Posthoc comparisons revealed that the source was more focused with a short Rt (Rt1 > Rt2, p=0.038,
t.ratio=2.09, d=0.268 - small), an higher U50 (U2 > U1, p=0.003, t.ratio=3.04, d=0.389 - small), and with a
diffuse reflection (Diffuse > Specular, p=0.016, t.ratio=2.42, d=0.31 - small)

Figure 3 – Perceptual assessment (Z-scores) in noisy conditions by type of reflection, reverberation time and
useful to detrimental ratio. Black squares are mean values and lines are the median values. Small circles are
the single experimental values. a) distance; b) focus; c) width; d) envelopment.
The analysis of the width showed only the main effect of U50 [F(1,238)=10.13, p=0.002), but not that of
either Rt (p=0.43) or type of reflection (p=0.49). The interaction between U50 and Rt was significant
[F(1,238)=5.99, p=0.015], revealing a wider source perception for longer reverberation time when U50 was
high too (U2: Rt1 > Rt2, p=0.046, t.ratio=2.29, d=0.411 - small) and also for lower U50 when Rt was longer
(Rt2: U1 > U2, p<0.001, t.ratio=3.99, d=0.72 - large). As regards the envelopment, no significant effect was
found either for the three main factors or for the interactions (all ps > 0.09).
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5

Results of Experiment 3: speech intelligibility in noisy conditions

In Figure 4 the speech intelligibility data for the noisy conditions are shown. The effect of Rt was slightly
significant [χ2(1)=3.83, p=0.05], the effects of U50 [χ2(1)=37.17, p<0.001] and type of reflection
[χ2(1)=12.92, p<0.001] were both significant. In addition the interaction between U50 and Rt was significant
[χ2(1)=5.31, p=0.021]. Post-hoc run on the type of reflection showed higher intelligibility with diffuse early
reflections (Diffuse > Specular, p<0.001, z.ratio=3.57, d=0.169 - very small). Post-hoc comparisons for the
interaction showed that for lower U50 one has higher SI if Rt is low (U1: Rt1 > Rt2, p=0.007, z.ratio=2.93,
d=0.21 - small), and that one has a higher SI for higher U50 independently of Rt (Rt1: U2 > U1, p=0.009,
z.ratio=2.70, d=0.182 - very small; Rt2: U2 > U1, p<0.001, z.ratio=5.91, d=0.397 - small).

Figure 1 - Speech intelligibility in noisy conditions as a function of type of reflection, reverberation time and
useful to detrimental ratio.

6
6.1

Discussion
Dependency of the spatial percepts on the acoustical variables

The first aim of the present experiment was to test the effect of clarity, reverberation and type of reflection
on selected spatial percepts after manipulating HRIRs to obtain two clarity and two reverberation levels. The
second aim was to investigate how the spatial percepts depend on the same variables in noisy conditions and
whether the same percepts are distorted from quiet to noise. The third aim was to study if and how speech
intelligibility in noise depended on the variables above. The ranges of the reverberation times and clarities,
as well as the chosen SNR, are quite typical for mid-sized rooms for speech where acoustics has already been
optimized. So, it was implicitly assumed that there were no specific faults in the acoustical characteristics.
Furthermore, the presentation level was kept fixed to minimize level-related cues in the evaluations. As
expected, in quiet distance was sensitive to the ratio of direct to early and late sound and to the overall
amount of reverberation; interestingly the same trend was kept also with the presence of noise. But in the
noisy conditions also the main effect of type of reflection showed up, with the specular cases being perceived
as farther from the source. The evaluation of distance with noise has rather old, limited and contrasting
evidence [13] due to the type of target signal, masking noise and experimental details; thus, it is unclear if
noise increases or decreases the perceived source distance. Envelopment in quiet was partly explained by
factors reverberation and clarity. When analysing the sound field in halls for music (not for speech, though)
this quantity is traced back to the late (and possibly lateral [8]) energy reaching the listener; these are
quantities derived from the sound strength G. If one assumes that a similar mechanism would be applicable
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also to a speech source, the present results are consistent because the definition of the late sound strength GL
involves clarity. In other words, a lower clarity is paired with higher GL and with a longer Rt too: it is thus
easily understood how both trends cooperate in increasing envelopment. On the other hand, the C50 ad Rt
main effects disappear with noise since the evaluations of the construct did not differ between conditions.
This finding shows that information encoded into the late part of the HRIR cannot be entirely retrieved due
to the masking of noise. The width in the quiet conditions did not show any dependence from clarity,
reverberation and type of reflection. Although the judgement of the width for a speech source is not
straightforward, past studies have demonstrated that listeners could discriminate width from focus for a
speech source [11]. In the present case the variations of clarity were obtained by attenuating the reverberant
tail while the early part of the HRIR was not touched. As a consequence, the changes in clarity implied a
change in the overall HRIR energy and in the relative relationship between the early and the late sound, but
practically only the late one changed in absolute terms (almost - 6 dB). Knowledge from concert halls tells
us that width is usually predicted by the early sound (and by the lateral one in particular) [8] but can be
affected also by the late sound. In fact, a change in width caused by a 1 dB change in the early sound can be
obtained only with 6.8 dB change in the late sound [8]. So, it is quite plausible that the present change in the
late sound was not enough to be detected as a change in width. Interestingly, in the noisy conditions an
interaction between Rt and U50 showed up. This was unexpected as long as already in the quiet conditions it
was not possible to differentiate width. In the higher U50 and shorter Rt the source was perceived wider, and
in the longer Rt and lower U50 was still perceived wider. The former finding is consistent with the previous
view based on the importance of the early lateral and upward-arriving [14] energy for width1, while the latter
finding is not. So, it is unclear how this unmasking of width in noise is realized, and specific experiments
shall investigate the phenomenon in detail. In this respect it has also to be remarked that in the literature
there is no study that tackled the changes of width of a speech source in noise. The spatial percept of focus
was sensitive only to the clarity change in quiet so that a higher clarity was perceived as a more focused
sound image. As for the width, the addition of noise made focus much more easily detected because the main
effects of reverb and reflection type were reported. In these cases the sound source appears more focused for
high clarity, shorter reverb and with diffuse reflections. The perceptual basis of focus are under investigation
and a first qualitative hypothesis is that focus depends more on the nature of the early reflections, and not
only on their direction and energy like width [12]. As a matter of fact, noise unveils some of the features that
are necessary to decipher focus which were hindered by reverberation. The effect of reverberation itself
becomes evident and this may be due to the gained ability to judge even the first part of the sound decay
given that the later part is completely masked by noise. Strikingly, also the reflection type plays a role for
focus in noisy conditions whereas this did not happen in quiet. In a previous work [12] HRIRs were used
without reverberation (“dry” case) having only the three early reflections (either specular or diffuse) like in
the present work. When the two “dry” conditions (three specular vs. three diffuse early reflections) were
compared in that experiment it was shown that focus in quiet was significantly higher for the specular case.
The present experiment adds that with reverberation, but still in quiet, the cues induced by the type of
reflection are masked. When noise is added the type of reflection is again important but the effect goes in the
opposite direction (diffuse>specular). To be better understood, it is necessary to disentangle the effect of
noise and reverberation on focus by evaluating the percept in “dry” but noisy conditions. At present it will be
demonstrated in par. 6.2 that this behaviour is justified by the fact that noise hampers the focus more for
specular reflections than for diffuse ones.
6.2

Comparison of the spatial percepts in quiet and in noise

In order to directly compare the quiet and noisy conditions a set of t.test or Wilconxon tests (for not normal
distributions) was accomplished. For this analysis the raw scores were considered because the two panels’ zscore data were referred respectively to the quiet and the noisy conditions and could not be directly
compared. Tab. 3 reports the results of the comparisons over the eight conditions, quiet (Q) vs noise (N).
One can see that in none of the cases the sound image is either more or less distant, more focused, wider or
The term “image size” is used in [14] rather than width; the latter is assumed here to include the former in the
experiments because a specific evaluation of upward image spread was not pursued.
1
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more enveloping in noise than in quiet. In the case of distance there are no significant differences and it has
to be recalled that in both quiet and noise the sound levels were fixed (quiet: 57 dBA; noise 64 dBA i.e.
SNR= - 6dB) so that the loudness cue was minimized. The overall loudness was increased in noise (7.5 sone)
but with negligible discrepancies between conditions. In the envelopment only one condition shows Q > N,
while in half of the conditions for focus and width one has that the source appears either more focused or
wider, or both in one condition (last raw of Tab. 3).
Table 3 – Results of the t.test or Wilcoxon tests for the comparison of quiet (Q) and noisy (N) cases. The
conditions are marked for reverberation (Rt1, Rt2), clarity or useful-to-detrimental ratio (C1, C2 for both in
this case) and for the diffuse (D) or specular (S) early reflections. In bold the significant cases. Grey
background for S significant cases in focus, and green background for D significant cases in width.
Condition Distance
Focus
Width
Envelopment
Rt1_C1_D p = 0.57
p = 0.72
p = 0.049, t=2.01, Q > N
p = 0.80
Rt1_C1_S
p = 0.26
p = 0.38
p = 0.089
p = 0.66
Rt1_C2_D p = 0.86 p = 0.017, t=2.46, Q > N
p = 0.40
p = 0.42
Rt1_C2_S p = 0.12 p = 0.007, t=2.79, Q > N
p = 0.62
p = 0.66
Rt2_C1_D p = 0.41
p = 0.21
p = 0.043, W=513.5, Q >N
p = 0.56
Rt2_C1_S
p = 0.75 p = 0.009, t=2.72, Q > N
p =0.17
p =0.017, W=513.5,Q>N
Rt2_C2_D p = 0.95
p = 0.28
p = 0.001, W=513.5, Q >N
p = 0.22
Rt2_C2_S p = 0.94 p = 0.047, t=2.04, Q > N
p = 0.042, t=2.08, Q > N
p = 0.10
In particular 3 out of 4 conditions for focus are related to specular reflections and 3 out of 4 conditions for
width involve diffuse reflections. Although not complete, these findings allow to depict some features of the
distortions that the sound image undergoes when noise is added. Typically, if early reflections are specular
the focus is decreased (source blurring) while width is not much touched, whereas if early reflections are
diffuse width is decreased (source shrinking) whereas the focus is not changed much. In the “dry”
experiment of [12] recalled in par. 6.1 width did not depend on the reflection type, and the same happened in
the present reverberant quiet and noisy conditions when they are analysed separately. Noise hampers
preferable diffuse reflections in case of width but the source shrinking that occurred when comparing width
in quiet and noise is thus not sufficient to highlight a difference in width between specular and diffuse
reflections in noisy conditions.
6.3

Speech intelligibility and the sound image in noise

The speech intelligibility experiments were pursued only in noise because the quiet conditions would have
prevented to record any significant difference from ceiling. The results showed how speech intelligibility is
modulated by the amount of early reflections which are integrated into the direct sound [5] in particular up to
the time limit of 50 ms [1]. Moreover, Rt was also a significant factor; its interaction with U50 shows that
higher clarity in both reverberations, and shorter reverberation ensure better SI. All of this knowledge was
expected and adheres to the notion that our auditory system is capable of aggregating favorable contributions
while it is teased by longer sound tails even at fixed clarity values. But in the present experiment there was a
further manipulation that could not be traced either by U50 or Rt, that is the type of reflection. In fact, this
variable provided undistinguishable U50 and Rt data (see Tab. 2) because timing, amplitude and directions
of the two sets of reflections were the same. On the other hand, the binaural information was altered because
the phase relationships of diffuse rather than specular reflections were different at the ears. The SI results
favored the diffuse case. From the previous argument this finding appears to be a binaural effect which is not
tied to the ability of the auditory system to integrate early energy. Moreover, the analysis of spatial percepts
in quiet and in noise allowed to depict the sound source in both conditions and to compare how this picture
was affected by noise. In particular it is possible to drive an association between the present speech
intelligibility outputs and the description of the auditory image of the sound source. Compared to quiet, in
noise the sound source appears at unvaried distance, but it is perceived in most cases as less focused with
specular reflections, and less wide for diffuse ones. In both quiet and noise cases the dependency of the
9
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spatial percepts was analyzed separately and, interestingly, some of the acoustical indicators that were not
significant in quiet became important in noise. This means that when forming the speaker auditory image,
our auditory system in quiet seems not to make complete use of (or is not able to entirely parse) the fine
details of the early sound while in noise, being the later arriving contributions masked by noise and the
earlier consequently unmasked, it is able to grasp relevant details and to use them in order to extract the
signal from the noise. In particular this is the case for the type of reflection; focus and distance in noise
depended from the three variables as main factors whereas the type of reflection was not a factor in quiet. In
noise the diffuse reflections provide always a closer and more focused sound image compared to specular
ones: both cues of distance and focus can be hypothesized to provide a perceptual unmasking of the target
signal from diffuse noise that ensures a better SI. On the other hand, the dependence of width on the
acoustical variables in noisy conditions is less systematic and does not involve the type of reflection, so its
contribution does not seem as crucial (i.e. the type of reflection is a factor for SI but not for width). It can be
remarked that the behavior of width is also consistent with [10], where the distinction with focus was not
considered. Finally, envelopment is not sensitive to any acoustical variable or to the reflection type in noisy
conditions so its involvement into the formation of sound image that backs the SI performance is regarded of
a lesser importance.
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Abstract
Virtual acoustic environments paired with sound field synthesis methods enable the controlled auralization of
a wide range of sound scenes, from single sources to a busy environment. Most sound field synthesis methods
are mathematically accurate at the centre of a loudspeaker array, their reproduction errors increase as the
distance to the centre increases. For a perceptual evaluation of sound field reproduction methods, an analysis
of the resulting interaural cues is essential. Level errors in the sound field might be tolerable for evaluating
certain aspects of spatial perception as long as the interaural cues match those present in the target sound field.
This work evaluates simulated interaural cues in the centre and at off-centre positions in a square loudspeaker
array for a sound source auralized with Higher-Order Ambisonics. We show a clear decrease of the consistency
of the interaural cues as the distance to the centre increases, and different ILDs for the onset of the stimulus.
Keywords: interaural cues, sound field reproduction, auralization, Ambisonics.

1

Introduction

In this paper, we investigate the interaural cues that result from the playback of a virtual sound source with
Higher-Order Ambisonics (HOA) at different positions inside the loudspeaker array. While the sound field
reproduction methods are computed to be accurate in the centre of the array, their performance for off-centre
listening position is the subject of research. Assessing the reproduction errors that arise when listening
conditions are not optimal (e.g. when the listener is placed off-centre) is necessary for the verification of any
virtual environment used for research purposes.
Evaluations of sound field synthesis methods were mostly simulated and evaluated for simple sound scenes,
such as those generated by a plane wave or a point source, which is in the focus of this work as well. Numerical
evaluations of the characteristics of reproduced sound fields were carried out to compare different coding
strategies [1] or to validate a given setup [2, 3]. Perceptual evaluations of sound field synthesis measured
localization errors [4-6], distance perception [7], speech intelligibility [8], or timbre [9].
Some investigation of interaural level differences (ILDs) and interaural time differences (ITDs) can be found
in Daniel’s work [10, 11], where he showed that the magnitude of ILDs resulting from a HOA reproduction at
the centre of the loudspeaker array is smaller than that resulting from the equivalent real source in the freefield. The influence of listener placement on the resulting interaural cues is still a fairly open question.
Wierstorf [12] studied localisation performance at different listener positions using a localization model based
on the interaural phase difference, using ILDs to unwrap the phase differences. The interaural cues themselves
were not investigated further.
With Ambisonics, different frequencies have different sweet-spot sizes: the area of good sound field
reproduction shrinks with increasing frequency. This introduces a frequency and position dependent
reproduction error, which could introduce conflicting interaural cues across auditory filters. Furthermore, at
1
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eccentric listener positions, the distance differences between loudspeakers lead to a sound field build-up of a
couple milliseconds, until all loudspeaker signals have arrived at the listeners ears. During this onset time, the
interaural cues are also susceptible to carry different information about a sound source’s position than the cues
resulting in the steady-state part of the sound field reproduction. However, due to the precedence effect, there
is a particularly high perceptual weight on the onset [13]. This work investigates the distribution of interaural
cues across time frames and frequency bands for a single sound source auralized with HOA.

2

Methods

We simulated the 36 horizontally arranged loudspeakers (10° spacing) of the Simulated Open Field
Environment (SOFE, [14, 15]) installed in the anechoic chamber at the Technical University of Munich. The
loudspeakers are mounted on a custom 4.8 m × 4.8 m square holding frame at a height of 1.4 m. The
loudspeaker at 0°, in front of the listener, has a distance of 2.4 m to the centre of the loudspeaker array. The
loudspeakers were simulated as perfect point sources. They were virtually equalized by delaying and scaling
their playback signal to ensure equal time of arrivals (TOA) in the centre of the loudspeaker array. A grid of
11 × 11 evaluation positions was defined, spanning ±1.6 m from the loudspeaker array centre, two adjacent
evaluation positions being 32 cm apart. Figure 1 shows the evaluation area within the loudspeaker setup, to
scale. A sound source placed at φ = 13° and r = 4 m was simulated.
In order to maintain a good balance between onset and steady-state interaural cues, the stimulus used was a
sequence of five 50 ms bursts of uniformly exciting noise [16] between 100 Hz and 18 kHz, separated by
50 ms of silence.
2.1

Sound field synthesis method

In this work, we used the Ambisonics basic decoder. The sound source 𝑠(𝑡) is decomposed into a set of basis
functions (circular harmonics for a 2D representation of the sound field) to describe the directional information
in the sound field. For a single sound source 𝑠(𝑡), this results in the encoding vector
𝒚(𝜑𝑆 ) = [1, √2 cos(𝜑𝑆 ) , √2 sin(𝜑𝑆 ), … , √2cos(𝑁𝜑𝑆 ) , √2 sin(𝑁𝜑𝑆 )]

𝑇

(1)

where 𝜑𝑆 represents the source direction, as described by [10]. This format can be used to adapt the auralization
to various loudspeaker setups, which is done in a subsequent decoding stage. The basis functions are sampled
at the loudspeaker positions to derive the loudspeaker gains by multiplying the encoded sound source
𝝌(𝑡) = 𝒚(𝜑𝑆 ) × 𝑠(𝑡)

(2)

1
𝑇
[𝒚(𝜑𝐿𝑆,1 ), … , 𝒚(𝜑𝐿𝑆,𝐿 ) ] .
𝐿

(3)

with a decoding matrix
𝑫=

𝐿 represents the number of loudspeakers and 𝜑𝐿𝑆 their respective azimuth angle. Combining encoding and
decoding yields the loudspeaker signals
𝑺𝐿𝑆,𝑏𝑎𝑠𝑖𝑐 (𝑡) = 𝑫 × 𝝌(𝑡)

(4)

When auralizing a sound source from 13° and 4 m distance on the simulated loudspeaker array, the loudspeaker
with the highest level is at 10°, followed by the loudspeaker at 20°, 7 dB below, followed by the loudspeakers
at 0° and 30°, 14 dB below.
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2.2

Simulation of ear signals

The HRTF database used was generated by measuring the transfer function from an equalized Dynaudio
BM6A mkII loudspeaker (Dynaudio, Skanderborg) at a distance of 2.4 m, to the ears of an artificial head (HMS
II.3, Head Acoustics, Aachen) rotating in 0.5° steps. The HRTFs were normalized at the head centre. For
evaluating sound field synthesis, a virtual listener facing the 0° direction was assumed. The ear signals
computed for each evaluation position by scaling and delaying each loudspeaker signal to account for the
distance attenuation and the TOA. The individually scaled and delayed signals were then convolved with the
HRTF corresponding to the angle between the 0°-facing virtual listener and the loudspeakers. This procedure
considers the azimuthal effect of loudspeaker position on the ear signals, but it does not consider effect of
loudspeaker directionality.

2.4 m

position of auralized
sound source

r=4m

x
y

3.2 m

Figure 1 – Simulated loudspeaker array. The loudspeakers are placed on a 4.8 m × 4.8 m frame in 10°
azimuth steps and equalized in level, delay and phase. The shaded area indicates the 11 × 11 evaluation grid
around the array centre. The origin of the used Cartesian coordinate system is in the middle of the
loudspeaker array indicated by the two axes x and y.
2.3

Analysis of the ear signals

At every evaluation position, ear signals 𝑠𝐿 and 𝑠𝑅 were computed and analysed in Bark bands by filtering them
with a Gammatone filterbank. The signals in each critical band 𝑏 were then processed in time frames by
applying 12 ms Hann windows with 50% overlap to represent the short time evaluation ability of the auditory
system. The interaural cues were computed in each time frame 𝑛.
The interaural level difference (ILD) was computed by subtracting the level of the signal at the left ear from
that at the right ear. The interaural time difference (ITD) was computed as the lag of the maximum of the crosscorrelation function between both ear signals for Bark bands 1 to 11 (below 1.5 kHz). Positive ILDs and ITDs
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correspond to a sound source on the right side of the head. The interaural coherence (IC) was defined as the
maximum value of the cross-correlation function between the ear signals.
In each time frame, the interaural cues were computed only for the frequency bands where the level at both
ears was above the threshold in quiet. Hence, the interaural cues were not computed for the inaudible parts of
the signal since they are not relevant. To account for the weighting of interaural cues across frequencies, the
computed interaural cues were weighted according to the Raatgever frequency weighting, based on the
polynomial approximation derived in [17]. The interaural cues were then histogrammed over the length of the
signal, resulting in 88 histogram bins. In order to analyse the spread of the histograms, the data were fitted
with a Gaussian function by optimizing its amplitude, mean value and standard deviation with a least-squares
algorithm.

3

Results

We show here the interaural cues computed on a grid of 11 × 11 evaluation points in a simulated loudspeaker
array (Figure 1). The virtual sound source is placed at 13° and 4 m distance, or at the point (x = 3.9 m,
y = 0.9 m), which is why we expect a line of 0 dB ILD and 0 µs ITD to run along y = 0.9 m, where the sound
source would be directly in front of the listener.
3.1

Interaural level differences

The distribution of interaural level differences across time frames is shown in Figure 2, where each panel
corresponds to one evaluation position. While we observe ILDs between -20 dB and 20 dB, the majority of
ILD values lay between -5 dB and 10 dB. The high ILD values appear mostly at the sides of the evaluation
zone (e.g. panels 44, 45, 66). We observe that the distribution of ILDs becomes slightly larger with increasing
distance to the centre of the loudspeaker array. Note that the widened distribution does not stem from the
variation of ILDs across frequency since only one spectrally weighted ILD was histogrammed per time frame,
but from a change of the ILD over the signal’s duration. The 0 dB ILD line lies between y = 0.32 m and
y = 0.64 m.
3.2

Interaural time differences

The distribution of interaural time differences across time frames is shown in Figure 3, where each panel
corresponds to one evaluation position. We observe ITDs between -750 µs and 750 µs, with some outliers
indicating ITDs of more than 1 ms. These outliers appear more frequently at the sides of the evaluation zone.
The spectrally averaged ITDs around the centre are very consistent, until some secondary peaks appear further
away (e.g. panels 47, 92). On the right side of the evaluation zone, the ITDs are very inconsistent across the
signal’s duration and spread out over the whole range. In some cases (e.g. panels 44, 120), the outliers account
for more than half of the ITD bins. We observe an ITD of 0 µs around panel 62 (y = 0.32 m), which is in
accordance with the observed 0 dB ILD between y = 0.32 m and y = 0.62 m.
3.3

Interaural coherence

The distribution of interaural coherence across time frames is shown in Figure 4, where each panel corresponds
to one evaluation position. The IC around the centre is very high, as it would be for a single sound source in
the free field. As the distance to the centre increases, the IC decreases and the distribution becomes flatter as
more ICs move from 0.95 and above to low values. Interestingly, the spread in IC values is not as extreme as
the one seen for the ITDs, also indicating that ITDs fluctuate consistently over time, which, on a shorter time
scale, leads to reduced and somewhat constant IC.
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Figure 2 – Histogram of ILDs in dB across time frames. Each panel corresponds to one evaluation point, whose
coordinates are indicated on the large axes left and below the panels. The x-axis of each panel corresponds to
the ILD value grouped in bins of 1 dB between -15 dB and 15 dB. Outliers are added to the first and last bins.
The bin height indicates the number of occurrences of each ILD value in the whole signal. The sound source
is positioned at 13° and 4 m distance, or x = 3.9 m, y = 0.9 m.
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Figure 3 – Histogram of ITDs in µs across time frames. Each panel corresponds to one evaluation point, whose
coordinates are indicated on the large axes left and below the panels. The x-axis of each panel corresponds to
the ITD value grouped in bins of 50 µs, between -750 µs and 750 µs. Outliers are added to the first and last
bins. The bin height indicates the number of occurrences of each ITD value in the whole signal. The sound
source is positioned at 13° and 4 m distance, or x = 3.9 m, y = 0.9 m.
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Figure 4 – Histogram of ICs across time frames. Each panel corresponds to one evaluation point, whose
coordinates are indicated on the large axes left and below the panels. The x-axis of each panel corresponds to
the IC value grouped in bins of 0.05, between 0 and 1. The bin height indicates the number of occurrences of
each IC value in the whole signal. The sound source is positioned at 13° and 4 m distance, or x = 3.9 m,
y = 0.9 m.

4

Discussion

We simulated the ear signals of a virtual listener inside a loudspeaker array, when playing a noise burst signal
from a virtual source at 13° and 4 m distance from the centre using HOA.
The first finding is that the interaural cues are more widely distributed and less consistent across time frames
as the distance to the centre of the loudspeaker array increases, which is represented on Figure 2-4.
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Figure 5 – Distribution of interaural cues across the evaluation zone in the loudspeaker array. The centre of
each colored square represents the evaluation position; the loudspeakers are indicated as black dots. Top
row: The dotted line shows the expected position of 0 interaural cues.
We also observe a clear shift in parallax. The ILDs and ITDs are null at evaluation positions between
y = 0.32 m and y = 0.64 m, as shown in panels 1 and 2 of Figure 5, while the virtual source would have been
in front of the listener at y = 0.9 m. This is explained by looking at the position of the main loudspeaker, placed
at y = 0.42 m. Even though our virtual sound source is placed 4 m away, the physical sound source generating
the sound field is closer. This is a well-known issue with Ambisonics and its plane wave based sound field
model, where the distance of the virtual sound source and the distance of the loudspeakers are not considered.
To correct this, Daniel introduced Near-Field Compensated Higher-Order Ambisonics (NFC-HOA), including
distance information of the source and the loudspeakers [1]. Panel 4 of Figure 5 shows the standard deviation
of the fitted ITDs. While the mean value agree qualitatively with our expectations, pointing towards the main
loudspeaker, the standard deviation indicates that the mean value probably does not meaningfully represent
the ITD perception at those evaluation positions.
The outliers observed in the results occur at the onset of the signal. Figure 6 shows the frequency-weighted
ILD across time for all evaluation positions. It is clearly seen that the ILD magnitude at the onset of the stimulus
is much higher and settles after the first time frames. This is due to the difference in TOA between the
loudspeakers for off-centre evaluation positions. At the sides, this difference is large enough for the onsets of
8
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individual loudspeaker signals to fall into different time frames, resulting in strong onset cues. When
considering the strong perceptual onset weighting, this illustrates the high probability of mislocalisation and
split images perceived at the edges of the reproduction zone and corresponds qualitatively to the experimental
data from [18]. The lower interaural coherence found on the sides, shown in panel 3 of Figure 5, indicates that
the sound field will be perceived as more diffuse, with an increased apparent source width, which also impairs
localisation ability. Indicated by the consistently low IC over time, this likely stems from ongoing phase
fluctuations due to the non-ideal superposition of loudspeaker signals at off-centre positions.

Figure 6 – Variation of ILDs in dB across time frames and evaluation positions. The black lines indicate the
ILD at a every evaluation position. The red line shows the ear signals at every evaluation position, offset for
better readability.
An asymmetric behaviour of the IC becomes apparent, also seen in panel 3 of Figure 5, where the evaluation
points on the right side of the evaluation zone (y > 1.25 m) show lower IC values. This is probably due to the
proximity of loudspeakers playing at relatively high level, compared to the loudspeakers diametrically opposed
to the sound source direction (at the bottom left, around 225°). The main acoustic energy received covers a
wider azimuthal range for a listener placed at the right hand side than the bottom left corner of the evaluation
zone, decreasing the interaural coherence.
To compute the ear signals at the evaluation positions, a single set of far-field HRTFs was used, measured at
a distance of 2.4 m. As long as the distances between loudspeakers and the virtual listener do not deviate
substantially from this value, the resulting ear signals should be close to the real ones. When moving closer to
the loudspeaker, up to 0.80 m in our case, the far-field assumption becomes less valid. Close sound sources at
the sides introduce stronger ILDs than far-field sources at the same azimuth angle [19], which should increase
the ILD spread on the edge positions of the evaluation zone even further.

5

Conclusion

Ear signals resulting from a sound source played back via Ambisonics were simulated across an extended area
inside a loudspeaker array. A series of noise bursts was used as stimulus to balance the onset and steady-state
part of the sound field build-up. A time-frame and frequency band based analysis of the interaural cues was
carried out to visualise the repartition of the cues across time frames. We observed an increasing variance in
the cues over the duration of the signal with increasing distance from the centre of the loudspeaker array. The
ITD distribution becomes surprisingly wide and it is unclear whether the ITDs convey information that can be
used for localisation at those evaluation positions. Further work will compare the simulated interaural cues to
measured ones and relate the observed errors to more perceptual measures.
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Abstract
Atriums, with their large spans and superior voids, in modern life have changed their patterns of use from
being only circulation zones to multi-function gathering spaces. This paper aims to investigate the perception
and preference of reverberation in atriums of different contexts by their users. The methodology starts with
field tests within four atriums of different departments in Bilkent University. As a pilot study, acoustical
models of one of the atriums are tuned according to the field tests. Next, interior surface materials are
modified for obtaining different sound energy decay rates and auralizations are applied to be used in
subjective testing. Lastly, an online questionnaire is held over a sample group. The outcome of this study is
to be used in optimizing the acoustical criteria for atriums of different typologies, thus will guide the
acoustical design process of such contemporary spaces. Based on the analysis, the groups G2 (2.05 ≤T30≤
2.15) and G4 (0.96 ≤T30≤ 1.29) are mostly preferred by the participants with the highest scores in the
paired comparison tests. Also, a moderate correlation of male participants and their preference in shorter RT
is observed. Additionally, the longer T30s are ranked the highest in terms of their appropriateness in

this context.
Keywords: Atriums, Reverberation, Preference, Subjective Testing, Room Acoustics.

1

Introduction

As enclosed, daylit, and central spaces, atriums have been used for two thousand years and remain an
essential part of modern architecture [1]. They are an inseparable part of building design creating spatial
coherence, connecting different spaces and subspaces while bringing social and functional cohesiveness to
the whole building. Atriums are a particular form of courtyard from ancient Greek and Roman architecture.
By the 19th century and the era of iron and glass, atriums found their new form with longer spans and
superior voids, covering the courtyard and social space, controlling climate while benefiting from natural
light and sky [2]. The new atriums have become popular and are used at a large variety of building types
such as; public buildings, offices, hotels, shopping malls, and leisure spaces. However, the new form of
atriums resulted in uncontrolled acoustic factors and longer reverberation [3]. Due to the large volume,
unique shape, and the connection of main space to subspaces, the increase of reverberation time in relation to
source-receiver distance is suggested to be somewhat more complicated [4]. Hence, causing acoustic
discomfort for space’s habitants and requires more comprehensive studies [4, 5]. Furthermore, in recent
years, designing flexible and multifunctional spaces has become more desirable [5]. Atriums and the
activities taking place in them have changed as well; thus, they are no longer only used as circulation spaces
but also for social events, gatherings, receptions, exhibitions, or even speeches. As such, the acoustic
characteristics of large atriums have become the topic of studies in recent years.
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The studies in the field are mainly divided into two main subjects, the subjective and the objective
acoustical characteristics of atriums. The studies focusing on subjective perception emphasize on the
connection of noise annoyance with Leq variances and reverberation with acoustic comfort [6]. They refer to
discomfort due to the continuous reverberation [5] and identify human noise as the dominant factor. The
studies use soundscape methodology; sound-walk, measurements, and questionnaires [7] and have been
conducted in various enclosed public areas such as hospital and healthcare centers [8, 9], libraries [10, 11],
dining spaces [12], and shopping malls [3]. There are also a limited number of studies on preferred listening
conditions in sacred places [13, 14]. There have also been studies on the topic of objective acoustic
characteristics of atriums, measuring sound pressure level (SPL) and T30 [3, 7] and their relation to the
source-receiver distance both vertically and horizontally, suggesting non-diffuse characteristics and nonlinear decay curves [4]. Others consider early decay time (EDT) and evaluate the subjective perception of the
space, concluding the importance of EDT for communication comfort rather than RT at large atriums [3].
Zhao et al., analyzes the impacts of geometry on T30 and SPL of atriums; the study analyzed and predicted
the effects of length, height, l/w ratio, and skylight form and slope on objective parameters using computer
simulations [15].
Respectively, the studies have been focusing on both the subjective assessment of soundscape and
objective evaluation of atriums acoustics features such as; SPL, STI, RT, and EDT. Nevertheless, the number
of studies focusing on atriums’ subjective and objective features and the preferential listening conditions is
limited. According to Chen and Ma, large interior spaces such as atriums have complex acoustical features
resulting in a diverse perception for each individual [16] which necessitates a more comprehensive study of
atriums while considering different activity patterns. As such, this study focuses on the subjective perception
of reverberation within the context of atrium while evaluating the effects of duration of stay or activities
impacting individual’s perception to propose an appropriate T30 and EDT criteria regarding the volume and
function of these atriums for sustainable use and optimization of acoustical material applications in such
spaces. In the scope of this study, initially field tests are held in four different atriums in Bilkent University
Department buildings. This study focuses on one of the atriums as a pilot case. The selected atrium is
modeled and tuned according to field tests. Auralizations are applied for the present condition of the atrium
as well as for various EDT values, which is adjusted by increasing the amount absorption within the atrium.
Finally, an online questionnaire is conducted over a sample group of 17 participants, mostly acoustics
experts or graduate students, to identify the participants’ preference of T30 and EDT in relation to context.

2
2.1

Methodology
Field Measurements

The study is conducted at four atriums of Bilkent University, each being used as multifunctional spaces. The
first two atriums belong to the faculty of Fine Art; the atrium of FF building, a four-story height building,
which functions as a circulation space, an exhibition, and an open study area on the second floor. The next
atrium is FC which many students favor as a study and gathering space. The FC building houses a
commercial chain cafe resulting in many students and academicians visiting and spending time at this atrium,
particularly during the breaks. The other atrium belongs to the Science faculty and is used as an open study
area, seating, circulation, and is additionally used for various events such as the New Year Party. A glass
barrel vault covers the atrium with a small fountain in the middle of the atrium. The last atrium is located at
the Department of Economics, Administrative, and Social Sciences. Likewise, this atrium with a wide central
staircase serves as an open study area, circulation, café, and a platform for final juries and defenses. Table 1
summarizes the primary information of all four atriums, their geometries, typologies, and field-tested midfrequency reverberation times.
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Table 1 - General data of the atriums
Atriums Name of Faculties

Atrium typology

Volume (mᵌ)

L × W (m × m)

Heights (m)

T30 (s)

FC

Art, Design, and Architecture

Closed Atrium

3,585

28 × 10

12.8

2.96

FF

Art, Design, and Architecture

Linear Atrium

3,850

30 × 8

16

4.51

SA

Sciences

Linear Atrium

5,450

26 × 10

17.5

3.05

A

Economics, Administrative, and Social Sciences Closed Atrium

8,482

45 × 13

14.5

2.92

Acoustical measurements were carried out in unoccupied atrium spaces during the winter midsemester break with minimum background noise. Due to the pandemic conditions, a limited number of
students were within the campus; Figure 1 shows photos from each atrium during the field test. According to
the ISO 3382-1 [17] standards, the room impulse responses were collected using a dodecahedron Omnidirectional sound source set at 1.50 m height, a B&K (Type 2734-A) power amplifier, and the microphone at
1.2 m height. The DIRAC Room Acoustics Software Type 7841 v.4.1 is used to generate e-sweep noise
signals. A minimum of 2 sources and 7 receivers’ locations (see, Figure 2) is selected for each atrium to
collect impulse responses and later to estimate the fundamental acoustical parameter, particularly T30 and
EDT, to be utilized in this research. Both parameters are used for tuning the model in later stages. Figure 3
demonstrates the average values of reverberation times (T30) within each atrium.

Figure 1 – Photos from all four atrium spaces in the field tests: a) A, b) FF, c) FC, d) SA atrium

3

1842

Figure 2 – Sources (S) and receivers (R) locations for each atrium in the field tests: a) A, b) FF, c) FC, d) SA
building

Figure 3 - Average T30 values for SA, FF, FC, and A building’s atrium
4
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2.2

Room Acoustics Simulation

For this pilot study, a simplified model of one of the atriums, FC building, is modeled and exported to
ODEON Room Acoustics Software version 16. Surface materials are assigned based on site visual
observation and standard materials sound absorption coefficients present in the literature, such as ceramic tile
flooring, painted concrete, double pane of window glass, etc. Specifically, the paint over concrete and brick
surfaces are slightly tuned in reference to measured parameters T30 and EDT for measured source-receiver
configurations (Table 2). The difference between simulations and the field measurements for T30 at the same
source and receiver position is kept around 0.01s to 0.03s, smaller than the Just Noticeable Difference (JND),
making the tuned model adequate.
Table 2 - Material list and sound absorption coefficients over 1/1 octave bands in between 63 Hz to 1000 Hz
Material Location
Wall Surfaces
Ceiling Surfaces
Floor Surfaces
Coloums
Windows
Door
Stair
Tables
Painting

Name
Painted plaster on brick wall
Painted Conceret
Ceramic tiles
Painted plaster on masonry wall
Ordinary window glass
Solid timber door
Ceramic tiles
Wood
Canves covering

63
0.09
0.01
0.01
0.02
0.35
0.14
0.01
0.25
0.95

125
0.09
0.01
0.01
0.02
0.35
0.14
0.01
0.25
0.90

250
0.09
0.01
0.01
0.02
0.25
0.10
0.01
0.18
0.70

500
0.09
0.01
0.01
0.02
0.18
0.06
0.01
0.11
0.50

1000
0.10
0.01
0.02
0.02
0.12
0.08
0.02
0.08
0.35

For auralizations with additions to the measured positions, a total of 25 sources and 4 receivers are
located within the atrium in a way to present the typical usage of the atrium; people studying, seating and
chatting, cafe employees and customers, and people waiting in the line (See, Figure 4). Next, realistic crowd
auralisations are simulated using the multi-source signal auralisation option in ODEON. In the next step to
obtain different sound energy decay rates, the absorptive material treatment to ceiling surface is modified by
applying a fine finish sound absorptive panel in different percentages of the ceiling area 0% (base condition),
8%, 20%, 35%, 50%, and 100%. Auralization steps are followed for the base/present condition of the atrium
and for the adjusted absorption area, as shown in Table 3.

Figure 4 – Ray tracing model and positions of sources and receivers
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Table 3 - EDT(s) and T30(s) of eight different source-receiver combinations for different percentage of
absorptive material treatment to ceiling surface
Absorptive Material %

2.3

R5S17

R5S16

R2S12

R2S17

R3S2

R3S6

R4S9

R4S18

0%

EDT
T30

2.31
2.8

2.48
2.86

1.44
2.87

2.24
3.06

2.16
2.85

2.13
2.8

1.82
2.85

2.2
2.8

8%

EDT
T30

1.8
2.06

1.89
2.09

1.02
2.12

1.73
2.21

1.67
2.15

1.57
2.07

1.34
2.11

1.68
2.05

20%

EDT
T30

1.19
1.53

1.29
1.59

0.71
1.56

1.35
1.56

1.26
1.65

1.11
1.54

1
1.51

1.27
1.54

35%

EDT
T30

0.82
1.22

0.91
1.28

0.48
1.22

1.1
1.21

0.96
1.29

0.75
1.22

0.73
1.17

0.99
1.19

50%

EDT
T30

0.62
1.01

0.78
1.15

0.31
1.04

0.98
1.08

0.79
1.07

0.58
1.03

0.44
0.96

0.85
0.97

100%

EDT
T30

0.04
0.72

0.31
0.75

0.1
0.67

0.96
0.76

0.52
0.99

0.39
0.67

0.03
0.61

0.62
0.64

Listening Test

2.3.1 Participants
For this pilot study, a total of 17 people, with 82% experienced in the field of acoustics are asked to take the
survey. The age of participants varied within the range of 22 to 69 years old. Due to the complication
resulted from the pandemic, the subjective experiment is conducted using an online platform where the
instructions are given to the participants on how to take the survey. They are enquired to set the level of their
headsets/headphones to a comfortable level and are asked not to change it until the end of the survey. After
data collection, the participants with inconsistent or inadequate results are screened out for a more reliable
evaluation. A summary of participants’ general information can be seen in Table 4.
Table 4 – Summary of participants
Profession

Gender

Knowledge of Acoustics

Age

Master/ PhD: 10

Male: 6

YES: 14

> 30 years: 12

Instructor/ Professor: 1

Female: 11

NO: 3

≤ 30 years: 5

Consultant: 3
Other: 3

2.3.2 Questionnaire
For the subjective analysis, the audio clips have been classified into five different groups regarding their
average reverberation time value (T30), as shown in Table 5. The outliers from each group are eliminated,
leaving a total of 43 audio clips to be used for the questionnaire.
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Table 5 – Group divisions, their percentage of absorptive material treatment, and T30 (s) range
Groups Absorptive material %

T30 (s)

G1

0%

2.8 ≤T30≤ 2.87

G2

8%

2.05 ≤T30≤ 2.15

G3

20%

1.51 ≤T30≤ 1.59

G4

35%-50%

0.96 ≤T30≤ 1.29

G5

100%

0.61 ≤T30≤ 0.76

The survey method involves three sections: In the first section, which is a personal survey, the participants
are asked about their gender, age, profession, and whether they have any hearing loss. The main purpose of
this section is to assess the correlation between participant’s preference and their personal characteristics. For
section two, the paired comparisons, the survey uses 43 audio clips. This section consists of ten questions
comparing pairs of auralisation corresponding to the mentioned five different groups. Pairs are randomly
selected from 43 options, ensuring that audio clips from every group (1-5) are compared to each other, and
each group is presented as an option four times in a random order to increase the accuracy of the results.
Questions are once again randomly presented to participants to enable comparison of stimuli A and B to
indicate which recordings the participants prefer. To prevent participants from choosing aimlessly and being
forced to pick between A and B, they are also given a third option stating “stimuli A and B sound similar” if
they are unable to identify any differences. The last section of the survey is also composed of ten questions,
including two audio clips from each group in random order, and participants are asked to assess the
appropriateness (authenticity and/or naturalness) of the surrounding sound environment to the present
context (the educational atrium). The scale follows the five-point ordinal-category scale of ISO/TS 129132:2018 soundscape standards [18], providing the participants with options of “not at all”, “slightly”,
“moderately”, “very”, and “perfectly”. The background picture for each audio clip is assigned corresponding
to the actual location in the atrium. The overall listening test is estimated to take around 20 minutes to
complete.

3

Results

Due to the small sample size (below 30), the non-parametric Spearman correlation test is conducted in the
statistical analysis of the gathered data. For the Spearman correlation test, if the associated significance is
less than 0.05, the hypothesis must be rejected. In the case of significance, the correlation coefficient, which
ranges from –1 to +1, is analysed. When the value of the correlation coefficient gets closer to 1, it
demonstrates a stronger correlation.
First, the obtained results of the selection frequency of the participants are presented together with the
primary statistical analysis. According to the distribution of the frequencies of participants selecting one
stimuli within pairs as illustrated in Figure 5, when audio clips from groups G2 (2.05 ≤T30≤ 2.15) is paired
with G3 (1.51 ≤T30≤ 1.59) and G5 (0.61 ≤T30≤ 0.76) is paired with G1 (2.8 ≤T30≤ 2.87), the participants
have the highest rate of recognizing the different pairs. In comparison, the minor recognition takes place
when the group; G1 (2.8 ≤T30≤ 2.87) is paired with G2 (2.05 ≤T30≤ 2.15), where nearly 50% of the
participants are unable to differentiate the stimuli from one another (see, Figure 5)in this case the EDT of
each group respectively is 2.2s and 1.8s.
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Figure 5 – Frequency distribution: number of times each stimuli is selected by the partcipants.
The primary aim of the section 2 of the subjective perception questionnaire is to assess the
participants’ preference in relation to RT and the correlation of personal information on their preference. As
such after each paired comparison, the preferred stimuli received a +1 score, whereas the other not selected
stimuli are given a score of -1. In cases where participants could not differentiate between the pairs, both
stimuli are given a score of 0 [14]. For obtaining an overall score and rank of each group, the scores are
summed, and the results of each listening test are presented in a garph of preference matrix indicating how
many times each group (with different T30 ranges) is preferred by participants (see, Fig 6). The ranking of
each group varies between +4 and -4. Based on the matrix results, the T30 group G2 (2.05 ≤T30≤ 2.15) and
G4 (0.96 ≤T30≤ 1.29) are mostly preferred by the participants with the highest scores. The group G2
receives the highest range of prefered reverberance, that is when audios from G2 is presented to the
particpants as one of the pairs, it is selected as the prefered option except when paired with audios from G4.

Figure 6 – Average subjective prefernce for the five T30 groups (doted line demonstraets the zero value)
Lastly, by means of Spearman’s non-parametric correlation test, the preference of participants in
relation to their personal information, provided in the first part of the survey, is analyzed. Considering the
limited number of participants, it is found that the preference of RT is independent of the age of the
participants and their profession. The analysis also shows a moderate correlation at 0.01 level between the
male participants and their tendency to prefer stimuli from G4 (0.96 ≤T30≤ 1.29) with a correlation
coefficient of 0.632 and Sig. value of 0.007.
Grounded on ISO/TS 12913-3:2018 soundscape standards for the five-point ordinal-category scale
of the questionnaire, scale values of 1,2,3,4, and 5 are assigned respectively for “not at all”, “slightly”,
“moderately”, “very”, and “perfectly”. Using the numeric scale, the total score of each group’s
8
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appropriateness (authenticity and/or naturalness) per participant is calculated. The graph of the preference
matrix of the summed scores is presented in Fig 7. Accordingly, it is found that the longer the reverberation
time (respectively audios from G1 and G2), the more they are chosen as the most appropriate according to
the presented surrounding by the participants. Therefore, based on section 3 of the survey, when each audio
clip is presented and rated as an individual, T30 values between 2.05s and 2.87s are mostly preferred by the
participants. In addition, based on the wide distribution range of G1, G3, and G4 scores (from 1 to 4), it can
be concluded that the rating of appropriateness is less inconsistency when compared to G2 (from 2 to 4) and
G5 (from 1.5 to 3.5). The shortest T30 values, between 0.61 and 1.29, belonging to G4 and G5, have the
lowest rating scores and are least preferred by the participants.

Figure 7 – Average appropiateness of the stimulus for the five T30 groups.

4

Conclusions

In this research’s scope, field tests are initially held at four educational atriums of Bilkent University. The
field test results indicate that RT values in different atriums range between 2.92s to 4.51s at mid frequencies.
For this pilot study, the FC atrium with a T30 of 2.96s is investigated. Listening tests based on paired
comparison and five-point ordinal scaling have been employed to assess the subjective preference of
reverberation in this pilot multifunctional atrium. The statistical analysis revealed that the participants’
preference is independent of the age and profession of the participants, and moderate dependence on male
participants and their preference in T30 between 0.96s and 1.29s is observed. Based on the paired
comparison, it can be concluded that the recognition of different stimuli is greatest when comparing groups
with significant T30 differences like G1 in comparison to G5. However, the participants are also able to
identify the different audio clips with T30 of 1.55s and 2.10s but not when the pairs T30 are 2.10s and 2.85s.
According to the third part of the survey, the longer T30s are ranked the highest in terms of their
appropriateness in this context. Moreover, according to both paired comparison and five-point ordinal scale
part of the survey, T30s ranging from 2.05s to 2.15s (G2) with an 8% acoustical treatment application on
ceilings is mainly preferred and rated highest as the most appropriate by the participants.
As a pilot study, the limited number of participants (below 30 sample size) and the sample being
skewed towards a young female population below 30 years old may have affected the overall results. In the
larger scope of this on-going research, the survey will be held over a higher number of real users of the fieldtested four atriums. The Auralizations will be held in the rest of the three atriums, as well. The participants
will be divided into groups and presented with different surveys with the same pairs but different ordering
for more accurate results. Moreover, to better analyse the impacts of EDT on the subjective preference, the
grouping of the audio clips will be done based on their EDT, instead of T30 as used in this survey.
Additionally, questionnaires will be applied to students to support the listening tests and to understand better
the acoustical comfort in reference to different T30 and EDTs in different atriums.
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Abstract
This paper addresses the acoustic signature of the Vianna da Motta Auditorium in the Lisbon School of Music
of the Polytechnic Institute of Lisbon, in Portugal. The study undertaken envisages to correlate the measured
objective acoustical parameters with the subjective acoustic impressions of the music performances inside the
auditorium. The objective acoustical assessment resorted to the normalized ISO3382 procedures, but also to
binaural measurements with a dummy head, to spherical array measurements with a 64-channel acoustic
camera and to modelling in acoustical software.
Keywords: auditorium acoustics

1

Introduction

This paper focus on the acoustic assessment of the Vianna da Motta Auditorium in the Lisbon School of Music,
Polytechnic Institute of Lisbon. This assessment, that was done for the first time, was undertaken through a
combination of different acoustic characterisation methods: standard ISO 3382 measurements, spherical
beamforming measurements and acoustical software simulation.

Figure 1 – Photographs of the Vianna da Motta Auditorium. Left: view towards the stage. Right: view
towards the audience area.
The Vianna da Motta Auditorium has a volume of ca. 4650 m3 and a seating capacity for 448 persons,
distributed by 16 rows of 28 seats. The stage possesses a flat wooden floor on joists, the audience area is tilted
approximately 20º in relation to the horizontal plane and has two wooden flights of stairs in between the rows
of chairs. The walls surrounding the audience go continuously around the stage in a roughly trapezoidal shape
1
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and consist entirely of large-scale shape-optimised reflection phase grating diffusors. Figure 1 shows two
photographs of the Auditorium.
The Vianna da Motta Auditorium presents many similarities with the Théâtre Auditorium de Poitiers (TAP),
in France, both designed by a team with the same leading architect (Carrilho da Graça). Although TAP is a
larger room (10500 m3, 600 to 1100 seats), one can see numerous similarities especially when it comes to the
large-scale audience and stage diffusors, which are both built with massive wood in various dimensions to
optimize diffusion but also limiting absorption (that can be a problem in classical diffuser patterns) [1].
The venue has the purpose of hosting mostly classical music (symphonic orchestra, chamber orchestra and
brass orchestra), but sometimes also hosts contemporary music.
For some time now, there have been some complaints regarding some acoustic aspects of the Auditorium,
particularly from the musicians and sound engineers, concerning mainly the too high sound pressure levels in
fortissimo of some music pieces and a lack of clarity and sound source localization. As a mean of attempting
an acoustical improvement inside the auditorium, heavy fabric curtains are often placed along the corners of
the stage (see Fig 2). For testing this acoustical treatment, the determination of the metrics was done also
considering the presence of the mentioned curtains.

Figure 2 – View of the stage showing the heavy fabric curtains placed along its corners
In this work, the following room acoustic metrics were measured (according to the ISO 3382 standard) and
simulated: gain (G), reverberation time (T30), early decay time (EDT), clarity indexes (C50 and C80), definition
(D50), centre time (Ts), bass and treble ratios (BR, TR), early lateral fraction (JLF) and IACC.

2

Acoustical measurements

Acoustical measurements were done according to the ISO 3382 standard [2]. In addition, these tests were
complemented with measurements using an exact spherical beamforming technique implemented by the
authors and employing a rigid spheric acoustic camera [3].
For the standard ISO 3382 measurements, two different systems were used:
- 1 omnidirectional Earthworks M30 microphone and 1 figure-of-eight Schoeps Colette MK8
microphone arranged in a compact set, feeding their audio signals through a Behringer UMC404HD
USB audio interface to a computer with ARTA 1.9.3 software;
- 1 binaural microphone, Binaural Enthusiast dummy head, feeding the two-channel audio signals
through a M-Audio Fast Track Pro USB audio interface to a computer with Audacity 3.0.2 and GNU
Octave 6.2.0 programming software.
Both measurement systems were operated simultaneously, and “side by side”, using an exponential sine sweep
signal generated in the ARTA software and emitted from a Lookline DL303 dodecahedron speaker that was
2
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set up at a centred position of the stage. Nine different receiver positions in tandem across the audience and
three additional locations on the stage were considered. IACC values were determined with the binaural
microphone.

Figure 3 – Measurement points (in red) and source location (in blue)
For the spherical beamforming measurements, a VisiSonics 5/64 acoustic camera was used with its OEM
acquisition software. The “raw” audio signals were afterwards post-processed in the GNU Octave 6.2.0
programming environment. Details of this processing can be found in [3]. The JLF values were determined with
spherical beamforming and are reported in this paper.
Figure 4 shows some photographs of the measurement hardware used for the acoustical measurements, and
Figure 5 shows the 3D directional sound energy at measurement position H3 in function of distinct time
intervals recorded through the 64 channels of the spheric acoustic camera. From this figure, one can see that
the first early reflections from the audience’s left side wall, which is covered by the large-scale diffusor, are
rather weak, this fact being consentaneous with the obtained lateral fraction of only 0.21. It can also be seen
that the Auditorium portrays a very high degree of late energy diffuseness (Figure 5, right).

Figure 4 – Photographs of some of the measurement hardware. Left: omni and figure-of-eight mic set and
binaural microphone. Right: omni mic and spheric acoustic camera.
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Figure 5 –3D directional sound energy at measurement position H3 in function of the time intervals [0, 5],
[5, 10], [80, ∞], in ms. Colours represent SPLs in dB, following the visible spectrum (low values -> dark
blue, high values -> dark red). Higher SPL values correspond to larger dots.
As mentioned previously, measurements were carried out inside the Auditorium in the two conditions: without
and with the fabric curtains set up in the stage’s corners.
Table 1 shows the measured values for some of the different metrics considered, under the two absorption
conditions.
Table 1 – Measured room acoustic metrics in the Vianna da Motta Auditorium, without and with the heavy
fabric curtains
Frequency
octave bands [Hz]
T30 [s]
EDT [s]
G [dB]
C80 [dB]
D50 [%]
Ts [ms]
IACC
JLF

63

125

250

500

1000

2000

4000

8000

1.77
1.70
1.47
1.14
10.9
10.8
0.89
2.83
29.2
45.5
123.0
101.4
0.96
0.96
-

1.82
1.90
1.86
1.58
11.0
11.2
-2.48
1.06
17.6
41.0
155.5
121.8
0.96
0.96
0.43
0.42

2.00
1.89
1.83
1.66
11.4
11.2
-1.25
0.30
31.0
39.8
134.7
117.8
0.86
0.83
0.39
0.39

1.75
1.57
1.67
1.49
10.9
10.4
-0.83
1.51
33.4
46.2
122.9
98.0
0.49
0.49
0.18
0.17

1.80
1.60
1.77
1.50
11.0
10.5
-0.56
1.25
33.0
44.3
125.0
98.9
0.33
0.33
0.18
0.17

1.75
1.58
1.61
1.40
10.9
10.4
-0.43
1.61
33.8
47.2
118.2
93.0
0.44
0.38
0.21
0.22

1.43
1.34
1.31
1.25
10.0
9.7
1.00
2.84
39.6
52.8
95.3
76.5
0.63
0.50
0.24
0.23

1.03
1.00
0.82
0.74
8.6
8.4
5.03
7.12
58.9
72.3
58.3
43.2
0.82
0.66
0.24
0.24

without curtains
with curtains
without curtains
with curtains
without curtains
with curtains
without curtains
with curtains
without curtains
with curtains
without curtains
with curtains
without curtains
with curtains
without curtains
with curtains

1.09
1.19
0.90
0.92

without curtains
with curtains
without curtains
with curtains

BR
TR

Figure 6 shows the graphics concerning the reported metrics’ values, also for both conditions of the
Auditorium, without and with the stage corner’s heavy fabric curtains.
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-4.00
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Figure 6 – Vianna da Motta Auditorium acoustic parameters, measured without (blue) and with stage’s
corner heavy fabric curtains (orange)

3

Acoustical software simulations

The computer acoustical simulations were done using the software CATT acoustics (versions 9.1f and TUCT
v2). Figure 6 displays screenshots of the elaborated models, for both conditions of the Auditorium.
The two elaborated models were validated through comparison with the measured metrics’ values. The
materials employed in the Vianna da Motta Auditorium are typical for a room like this, and tabulated values
could be easily allocated to the different surfaces. The most difficult task consisted in the correct acoustic
characterisation of the large-scale phase grating diffusor present in the Auditorium, both from the absorption
and from the scattering point of view. The following values, based on tabulated data [4] and on the models’
calibration, were determined as the most correct ones:
Table 2 – Acoustic characteristics of the large-scale phase grating diffuser
f (Hz)
α
s

125
0.07
0.40

250
0.07
0.60

500
0.07
0.95

1k
0.06
0.90

2k
0.07
0.88

4k
0.07
0.91

8k
0.09
0.50

16k
0.10
0.80
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Figure 6 – CATT models of the Vianna da Motta Auditorium; left: without stage’s corner heavy fabric
curtains; right: with stage’s corner heavy fabric curtains
Figure 7 shows the validation of the two elaborated acoustic models for the case of the reverberation time T30
and the music clarity C80.
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Figure 7 – Measured (blue) and calculated (orange) values for two acoustic metrics; left: without stage’s
corner heavy fabric curtains; right: with stage’s corner heavy fabric curtains

4

Discussion and Conclusions

The following Table 3 shows the mid-frequency values (500 Hz to 2000 Hz averages) of some important
acoustical parameters measured in the Auditorium, under the two absorption conditions, compared to some
recommended values for unoccupied halls (adapted from [5]):
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Table 3 – Measured mid-frequency room acoustic metrics in the Vianna da Motta Auditorium, without and
with the heavy fabric curtains, compared to recommended values for unoccupied halls (adapted from [5])

metric
T30 [s]
EDT [s]
G [dB]
C80 [dB]
1-IACC
JLF

measured
without fabrics
1.77
1.68
10.9
-0.6
0.58
0.19

measured with
fabrics
1.58
1.46
10.4
1.5
0.60
0.19

recommended
orchestral music
1.80 - 2.00
1.80 - 2.20
3.0
-1.0
0.70
0.20 - 0.25

recommended
chamber/piano music
1.30 - 1.50
1.20 - 1.40
10.0
3.0
0.60
0.15 - 0.20

Analysing the results of the measurements, under the two absorption conditions, without and with the heavy
fabric curtains, one can clearly see that the values determined for the Auditorium “as it is” are more in line
with the ones recommended for orchestral music. However, a very large difference in the G values is observed,
which is certainly the reason for the complaints of musicians and sound engineers of too high sound pressure
levels with some musical programmes.
The introduction of the heavy fabric curtains at the stage’s corners accomplished various changes in the
acoustical parameters of the Auditorium. As expected, definition and clarity associated values, such as D50,
C80 and Ts have increased while reverberance associated values have decreased. When comparing the values
of the metrics obtained under this more absorbent acoustical condition to recommended values, one sees that
they are very more in line now with the optimal setting for chamber/piano music. The measured gain G is
similar under both absorption conditions (a difference of 0.5 dB is hardly noticeable), which means that the
curtains applied at this location are not totally effective in controlling this parameter, but the measured gain G
is consentaneous with the recommended value for this musical programme.
The 1-IACC and JLF values do not show a noticeable difference under the two absorption conditions, since
they are mainly influenced by the lateral walls reflections which are not covered by the added absorption, and
they are right in the desired scope of values for both orchestral music and chamber and piano music.
One can therefore conclude that the Vianna da Motta Auditorium “as it is”, seems more adequate for orchestral
music and the heavy fabric curtains solution improves on the acoustical characteristics of the venue for the
purpose of chamber and piano music. However, the very strong G parameter presented by the Auditorium is
very difficult to change due to the impossibility of altering the geometry of the room and the relation between
volume and number of seats. Therefore, substantial improvements on the location of sound absorption
materials will have to be made if one aims at numbers closer to the desired G values for orchestral music, and
this will be addressed in a future paper. Since this venue belongs to an educational facility and both orchestral
and chamber music are played in the Vianna da Motta Auditorium, all foreseen changes to be considered must
be able to accommodate both styles of music.
It is important to note that all the values discussed in this paper were obtained without the occupation of the
audience. Considering this occupation, an improvement of some metrics can be observed (according to the
computer simulation), but the gain G still maintains a very high value (ca. 9.5 dB) for orchestral music
programmes. However, since the venue is frequently used as a rehearsal space for the several orchestras present
in the Lisbon School of Music, these acoustical problems persist since the rehearsals are done without an
audience.
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Abstract
The blending between sound sources is an important attribute relevant in current acoustic
research disciplines such as evaluation of the sound field of an orchestra/ensemble in real or VR domains,
and adaptation of stage/room acoustics. Recent studies reveal that the room acoustic characteristics
significantly influence the blending impression. This paper investigates the relations between established
room acoustic parameters and the perceived degree of blending.
A set of Spatial Room Impulse Responses (SRIRs) for a wide variety of virtual rooms were
generated using geometry-based room acoustic simulation software. Perceptually rated dry recordings of two
violins were auralized using these SRIRs. A listening test with expert listeners (Tonmeisters & musicians)
was carried out to rate the blending between violins in these simulated environments. Potentially relevant
room acoustic parameters to the orchestral blending are evaluated and discussed. The results show that the
correlation of parameters such as EDT, T30, and C80 with blend rating is observed to be influenced by the
source-level blending.
Keywords: Orchestral blending, room acoustics, auralization, perceptual evaluation, virtual acoustics.

1

Introduction

While attending orchestra performances, listeners don’t necessarily hear the individual
instruments, instead they experience a fusion of individual sound sources that results in a blended orchestral
sound impression. ‘Blending’ refers to the perceptual fusion of two or more concurrent sounds by losing
their individual distinctiveness [1, 2, and 3] and it is often an end goal in joint musical performances. Hence,
investigation of blending between sources has high relevance in many areas such as music composing,
performance and recording, room/stage acoustic adaptations, orchestra sound field evaluation in real and VR,
etc [4, 5]. Blending is observed to be a multi-dimensional sonic phenomenon that is highly influenced by
many factors such as the music composition and performance-related attributes, the characteristics of music
performance space, the position and orientation of the sources and listeners, personal skill and experience of
the listener, etc.
In orchestral performance, each performer/listener experiences a different impression of
blending due to acoustic and musical factors. At the same time, the choice of the desired degree of blending
between sound sources is different for composers, conductors, musicians, recording engineers, and finally
the listeners depending upon their taste and requirements. Recent studies show that the acoustic features of
concert halls significantly influence the blending impression [6]. In the acoustic transfer path of the
1
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orchestra/ ensemble sound formation (shown in Figure 1), the influence of the feedback from the musical
instrument and the acoustic environment on the musician is observed to have a high impact on the resulting
sound field [7, 8]. Furthermore, to achieve a blended sound impression, it requires coordinated action and
joint strategies between two or more performers in a joint performance [9]. As a result, musicians try to
adjust different aspects of performance which in effect changes the overall sound field of the orchestra.

Figure 1 – Acoustic transfer path of ensemble sound formation.
Although the acoustic transfer path of the ensemble sound formation is a multi-level process,
the progress of blending impression can be resolved into a three-level process: formation of blending at the
source level, alteration of blending due to room acoustics, and perception of blending at listener’s level. At
the source level, blending is mainly influenced by the timbre of constituent instruments, and musical factors
in joint performances such as pitch similarity, synchronicity in note transients and micro-modulations,
formant matching, loudness adjustment, etc. The directivity of sound sources shows how the instrument
excites the acoustic environment. Finally, the room acoustic environment alters the sound field of the
orchestra spectrally (timbre coloration [10]) and temporally (early and late reflections [11, 12]) and thereby
influence the blending impression. In addition, the seating arrangement of string sections which correlates
with radiation characteristics of sound sources seems to have a high influence on the resultant blending
impression [11].
However, it is not completely sure that the presence of having a room acoustic environment
always improves the blending impression. In addition, the impact of room acoustics on the blending
impression for samples with different degrees of source-level blending is also unexplored. This paper
investigates the influence of acoustic environment and contribution of room acoustic parameters on the
impression of blending between two sources having different source-level blending.
Geometrical room acoustic modeling software is used to generate Spatial Room Impulse
Responses (SRIRs) for 25 different acoustic environments. This is used for auralizing two violins and
thereby determining the relationship between the blend rating and the acoustic parameters. Even though the
geometrical room acoustic simulations have limitations in dealing with complex wave phenomena and are
observed to have perceptual differences from real rooms [13], it possesses advantages that include estimation
of SRIR for directional sources, easiness in alteration of acoustic properties of materials and geometry of
rooms, lack of background noise and distortion, etc [14]. To check the impact of the acoustic environment on
samples with different levels of source-level blending, a separate perceptual test is conducted on sound
samples recorded with clip-on microphones attached on violins in a joint live performance, and as a result,
three stimuli having good, moderate, and poor source-level blending are obtained. Using these three stimuli
in the 25 simulated acoustic environments, the influence of room acoustics in the overall blending
impression and its impact on stimuli with different source-level blending are estimated and presented.
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2
2.1

Methodology
Simulation of SRIRs

Commercially used geometrical room acoustic modelling software, ODEON version 16 is used
to simulate different acoustic environments. ODEON uses a hybrid method of image sources and a modified
ray-tracing approach for the room acoustic simulation and also possesses the advantage of simulation of
diffraction [15]. Four rectangular shaped rooms with an approximate volume of 500 m3 (roughly having
length × width × height as 10×10×5 m), 5000 m3 (33×14×11 m), 10,000 m3 (36×20×14 m), and 15,000 m3
(36×29×14 m) respectively are simulated using ODEON. These rooms are named henceforth as ‘R1’, ‘R2’,
‘R3’, and ‘R4’ as in the above-given order. Three different variations for each particular room are generated
by changing the absorption coefficients of the surfaces which result in the ‘Dry’, ‘Normal’, and ‘Wet’
variants. The direction of the reflections, which is a function of the room geometry in geometrical acoustics,
remains the same in the three variants, but the strength of the reflections gets changed which eventually
resulted in different acoustic impressions. In addition to these 12 different room acoustic simulations (4
rooms × 3 variants), an anechoic chamber version is also simulated using R1 with 100% absorbing surfaces.
Table 1 – Wall absorption coefficients of dry, normal and wet variants for different frequency bands.
Condition
Dry
Normal
Wet

63 Hz
0,18
0,18
0,10

125 Hz
0,31
0,18
0,10

250 Hz
0,36
0,16
0,09

500 Hz
0,4
0,14
0,08

1000 Hz
0,42
0,13
0,07

2000 Hz
0,42
0,12
0,06

4000 Hz
0,43
0,11
0,05

8000 Hz
0,43
0,10
0,05

All rooms had a stage and an audience area proportional to the rooms’ size and representative
of realistic rooms. The stage height was 100 cm and the audience block height was 50 cm. The listener was
positioned at a height of 130 cm and pointing towards the sources as shown in Figure 2. The absorption and
scattering coefficients for the audience area were set as typical values for occupied rooms and these values
were kept constant for the different room conditions, with the exception of the anechoic room where the
audience was also set to 100% absorbing. The absorption coefficient for all other surfaces used for the
different conditions are presented in table 1.
In this paper, these acoustic environments are abbreviated in the given order: the room
geometry as ‘R1’, ‘R2’, ‘R3’, and ‘R4’ – room variants as ‘A’, ‘D’, ‘N’, ‘W’ (anechoic, dry, normal and
wet) – and the listener location as ‘c’, ‘f’ (close/near location, far location). An example: R2Wf represents
the far location in the wet variant of 5000 m3 room.

Figure 2– R1, R2, R3 and R4 Room acoustic models used in ODEON from left to right, location and
orientation of sources (red) and receivers (blue)
3
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In each simulated room, two virtual sound sources, i.e. the violins are placed slightly off-center
to avoid the unwanted acoustic effects due to room symmetry. The two sources are kept at a separation of a
distance of 1 meter and directed slightly towards the left side of the concert hall (see Figure 2) in all
simulated rooms. The built-in directivity pattern of violin in ODEON which is averaged over 1 octave band
is applied for the sound sources. Two receiver locations are chosen, one at the first row of the seating, i.e.
close location (where the direct sound from the music instruments dominates), and one in far-field location
of the simulated room (where the reverberant sound dominates). Similar to the sources, the listener locations
are also off-center to avoid unwanted room effects (see Figure 2) in all simulated rooms. The two listeners
are oriented towards the sources. The Spatial Room Impulse Responses (SRIRs) for the rooms are collected
as 3rd order Ambisonics in B-format from ODEON.
2.2

Selection of sound stimuli

As mentioned earlier, studies show that it requires coordinated action and joint strategies
between two or more performers to achieve a blended sound impression in a joint performance [9]. Room
acoustic feedback on musicians is also observed to have an impact on their performance and thereby
musicians try to adjust different aspects of performance [7]. Hence, by considering these factors into
account, the best possible way to obtain a realistic and well-blended sounding impression between
instruments is to record the instruments during a joint performance. But the challenge, in this case, would be
to minimize the contribution of room in the recordings and reduce the microphone cross-talk.
A string ensemble consisting of 9 violins is recorded at Detmold Concert House using
individual ‘DPA 4099 Core Violin’ clip-on microphones. From these recordings, audio samples consisting of
two violins in which the constituent violins don’t possess dominant cues for source segregation (such as
asynchronous transients, major pitch difference, etc) in the samples are selected. A set of 50 audio samples
having a length of 3 to 5 seconds are extracted and post-processed in REAPER (a Digital Audio
Workstation) by applying a smooth high pass filter centered around 200 Hz to reduce the breathing and
bowing noise from the player. In general, these samples had a minimal room acoustic contribution.
Monophonic audio files of the samples are rendered, and a listening test has been conducted with 15
participants that include Tonmeisters, and experienced musicians to rate the degree of blending in each
sample. The participants were asked to rate the blending between two violins in each sample on a scale from
1 to 10, in which a high value for a sample corresponds to a high blending impression. Since we don’t know
what the possible extremes in blending impression are, it was not possible to provide reference samples to
the listeners at the beginning of the test which could have helped them to form their own inner-scale of
blending rating.
Based on the results from the listening test, three audio samples having three different degrees
of blending are chosen: ‘Stimulus A’ with rating 7.9 ± 1.56 out of 10, ‘Stimulus B’ with rating 5.5 ± 2.1,
and ‘Stimulus C’ with rating 3.3 ± 1.87 to represent a good, moderate, and poor levels of blending. A
separate pilot test with ear-trained experts validated that these selected stimuli possess reduced crosstalk in
individual channels, and also the minimum level of room contribution in comparison with the other audio
samples. In addition to these three samples, four other samples were also chosen for the training phase of the
listening test (explained in the coming sections).
2.3

Creation of test samples

The convolution of the selected sound stimuli with the SRIRs in 3rd order (16 channel)
ambisonics format is performed in REAPER using MCFX convolver [16]. For a particular acoustic
environment, the two individual source signals are convolved with the two SRIRs obtained for the virtual
sound sources (violins). An attenuation factor obtained from the ODEON simulation is used to adjust the
gain of the individual tracks to preserve the realistic scaling between levels of different source-listening
combinations for the virtual acoustic environment. To change the 3D convolved audio file into a binaural
format, it is convolved with the far-field Head Related Transfer Function (HRTF) of Neumann KU 100 [17],
a common standard binaural head in the field of audio recording, using SPARTA AmbiBIN plugin [18].
4
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After rendering, the samples are cropped to avoid the reverberation tail at the end, and 0.5 second long fadein and fade-out filters were added at the starting and ending of samples.
2.4

Listening test process

18 participants (4 female, 14 male) that includes Tonmeisters and experienced musicians
participated in the listening test. Among the 18 participants, 16 of them had undergone ear-training and all of
the participants had prior experience in critical listening. The listeners were aware of the objective of the test.
The listening test was conducted under the platform SQUALA developed by Head Acoustics GmbH.
The Graphical User Interface (GUI) of the SQUALA platform is shown in Figure 3. A category
judgement test is performed to rate the blending impression of each sample in which a 10 point scale having
values from 1 to 10 represented using the categories ‘Intolerable’, ‘severe’, ‘very poor’.... ‘very good’,
‘excellent’ (see Figure 3). The test was conducted individually for each listener inside a quiet and dry room.
For all listeners, the binaural audio samples are played back in the test using Beyerdynamic DT 770 Pro
closed-back studio headphone connected to the laptop computer using RME Babyface Pro sound card.

Figure 3 – Graphical user interface used for the performance of listening test.
At the beginning of the test, the goal of the experiment, definition of blending, etc were
explained to the listeners to make them aware of the objective of the study. After that, the listeners had to
undergo a familiarization/training phase. In this phase, the listeners were asked to rate the blending of 20
audio samples which are auralized using 4 different test stimuli (as mentioned above) in 5 different acoustic
environments, to know the possible variations of acoustic environments. Since we don’t know the standard
examples of excellent and intolerable levels of blending (the possible extremes), the listeners used the
familiarization audio samples to form their internal scale of blending based upon the possible variations of
acoustic environments. As a result, this familiarisation phase helps the listeners to avoid the central biasing
tendency of rating. During the familiarisation phase, the listeners were allowed to change the sound volume
level according to their preference. But later, during the real test phase, the level was kept to be constant.
Once the listener completed the familiarisation phase, the real test consisting of 75 samples is
started. To avoid the direct comparisons due to memory retaining effects of the brain, the convolved audio
samples were randomized in a way that no two samples with the same stimulus come one after the other.
Also, the acoustic environments had significant changes in the consecutive samples to reduce the sequential
effects. The listeners had the choice to repeat the audio samples multiple times as they want. After each set
of 20 samples, listeners were asked to take a short break of 1 to 3 minutes (up to their choice) to reduce the
mental fatigue due to the test. Finally, at the end of the test, a discussion with participants about the overall
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impression of the test, subjective impression of blending, etc, is carried out. Altogether, the listeners took
around 40 minutes to 1 hour to complete the whole test.

3

Result and Discussion

3.1 Listening test reliability
To validate the inter-rater reliability or the internal consistency between listeners, Chronbach’s
alpha [19] value, a commonly used coefficient of reliability value, is calculated for the listeners’ ratings. The
inter-rater reliability refers to the degree of agreement between the independent listeners in the rating of
blending for each sample. The Chronbach’s alpha is calculated to be 0.901 which denotes high reliability
among the test participants on the rating of blending.
3.2 Variation of blending with room acoustic parameters
The acoustic parameters for individual RIR from a particular source with the directivity of
violin to the listener position are obtained from ODEON. For one particular acoustic environment, the value
of acoustic parameters is estimated by averaging the values obtained from the two RIRs for the frequency
bands 500 – 1000 Hz. As the source directivity was not omni directional, the values presented are not in
agreement with the ISO 3382-1 [20]. However, the parameters are still representative of the acoustic sound
field in the different environments and comparisons within this experiment are possible.
The parameters Early Decay Time (EDT), Reverberation Time (T20, T30), Clarity (C80),
Definition (D50), Strength (Gearly calculated for 0 to 80 ms, Glate for 80 ms onwards, and G5-80 for 5 to 80 ms
particularly meant for early reflections), Direct Sound Pressure Level (SPLdirect), and Lateral fraction (LF,
LFC) are estimated referring to ISO 3382-1. A correlation analysis between the mean values of ratings of
each stimulus in the 25 acoustic environments with its corresponding room acoustic parameters is carried
out, and the Pearson correlation coefficients are provided in Table 2. It is to be noted that the anechoic room
simulation is excluded from the 25 acoustic environments for the correlation with C80, G5-80 and Glate due to
the non-physical values of these parameters in the anechoic chamber.
Table 2 – Pearson correlation coefficients between mean value of blend ratings for three stimuli in different
acoustic environments and its corresponding room acoustic parameters (for 500- 1000 Hz octave bands)
Sound
Stimulus

EDT

T30

C80

Gearly

G5-80

Glate

SPLdirect

LF

Stimulus A

0.53**

0.56**

-0.41*

-0.48*

-0.51*

-0.15

-0.50*

0.00

Stimulus B

0.65**

0.69**

-0.70**

-0.42*

-0.30

0.13

-0.57**

0.36

Stimulus C

0.75**

0.79**

-0.78**

-0.53**

-0.42*

0.14

-0.56**

0.10

* Correlation is significant at p-value < 0.05 level
** Correlation is significant at p-value < 0.01 level
In general, the correlation analysis shows that the blending rating impression is significantly
correlated with room acoustic parameters such as EDT, T30, C80, Gearly, and SPLdirect. The Early Decay Time
(EDT) which better reflects the perception of reverberation [21] possesses a high correlation with T30
(0.982**) and C80 (-0.85**). Similarly, the Gearly and SPLdirect are also observed to have a high correlation
(0.80**) among themselves. For these simulated environments, the Lateral Fraction parameter which shows
the influence of early side reflections seems to have no correlation with the impression of blending for the
three different stimuli. A similar behaviour is also observed for Glate.
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Considering the influence of source-level blending into account, it is observed that, when the
source level blending gets poorer (from stimulus A to C), the correlation of the blending impression with
EDT, T30, and C80 increases whereas the correlation remains almost the same for Gearly, and SPLdirect. This
shows that although the above described room acoustic factors contribute to the blending impression, the
influence of EDT, T30, and C80 changes with the source level blending while the other parameters such as
Gearly, and SPLdirect do not exhibit such systematic changes.
The variation of blend rating with EDT is represented in Figure 4 (the acoustic environment
corresponding to the EDT value is represented on the upper x-axis). It shows that the order and relative
spacing between dry stimuli (7.8/10, 5.5/10, and 3.3/10 for the stimulus A, B, and C respectively) persists for
spatially distributed sources under anechoic condition (4.6/10, 3.3/10, and 2.0/10 for stimulus A, B, C). It is
to be noted that the perceptual scale of blending to rate the source level blending is developed on the basis of
dry recordings with minimal room contribution. This perceptual scale developed by the listeners is different
when it comes to the auralized samples in virtual rooms.

Figure 4 – Variation of blend rating with Early Decay Time (** on upper x-axis denotes closely spaced
samples, i.e. multiple acoustic environments with close EDT values).
The samples of three stimuli from anechoic environments are observed to have the lowest
possible blend ratings. Hence, the presence of having a room acoustic environment seems to improve the
blending impression. Interestingly “R3 Nf”, the far-field location in 10,000 m3 room with normal acoustics
(represented with yellow circle in Figure 4, 5, and 6), is observed to have the highest blend rating for the
three stimuli irrespective of the source-level blending. Although some exceptional acoustic environments
which degrade the blending are observed, the order of source-level blending for the stimuli persists in
general. The degrading of blending for some samples may likely be due to the influence of other room
acoustic parameters. In general, the Stimulus C seems to be linearly varying with the EDT up to roughly
around 2.2 s compared to the other two stimuli which do not exhibit such a strong behaviour. This variation
is reflected in the high correlation value for the Stimulus C with a poor source-level blending. This trend is
consistent for T20 and T30 plots as well.
Figure 5 shows the variation of blending with C80 (the anechoic condition is excluded due to the
infinite value of C80). The general trend shows that the blending rating decreases with an increase in C80. The
C80 variation plot likely seems to be an inverted version of EDT variation which is consistent with a high
negative correlation value between EDT and C80. Similar to the earlier case, Stimulus C reflects a linear
relationship with C80 in the range of -1 to 14 dB whereas this behaviour is not seen for the other stimuli. The
same trend is observed in plotting the Definition (D50) values as well.
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Figure 5 – Variation of blend rating with C80 (** on upper x-axis denotes closely spaced samples)
The variation of blend rating with Gearly is shown in Figure 6. Unlike the previous cases, the
three stimuli behave almost in a similar manner irrespective of their differences in source-level blending.
Considering Figure 6 and the correlation value between Gearly and blend rating, the contribution of Gearly to
the blending impression seems to be independent of the source level blending.

Figure 6 – Variation of blend rating with Gearly (** on upper x-axis denotes closely spaced samples)

4

Conclusion

The influence of room acoustic features on the impression of blending is analysed using
perceptually rated spot microphone recordings of two violins in different simulated room acoustic
environments. SRIRs of 25 different acoustic environments are generated using ODEON simulation software
and used to auralize three pairs of dry violins signals having good, moderate, and poor impression of sourcelevel blending. A perceptual test with 18 trained listeners is conducted to rate the blending in different
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acoustic environments using virtual acoustic methods, and the resultant ratings are correlated with
corresponding room acoustic parameters obtained from the simulation.
The results show that the simulated room acoustic environments generally contribute to the
improvement of the impression of blending, and the conventional room acoustic factors such as EDT, T30,
C80, Gearly, etc possess a high correlation with the blend ratings. Although the three stimuli had different
source-level blending characteristics, the maximum blending rating was reported for the same acoustic
environment in the three cases. The impact of parameters EDT, T30, and C80 on blend ratings seem to be
influenced by the source level blending while the other parameters such as Gearly, and SPLdirect do not exhibit
such systematic behaviour. The blending impression is observed to be a function of multiple inter-correlated
variables. Also, the geometry-based room acoustic simulations can have limitations on simulating more
complex wave phenomena. Hence, more studies using multivariate analysis which includes SRIRs measured
from real rooms with variable geometries would be needed to have a generalized solution showing the
individual contribution of room acoustic parameters on the blending impression.
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Abstract
In listening test design, the choice of the sound reproduction system is often one of the least regarded issues
and is guided dominantly by convenience, availability, or financial constraints. The influence of this choice
on the results of listening tests specific for room and building acoustics has been made the topic of broader
research. This paper presents the preliminary results of the study made within this framework on a listening
test based on loudness matching, designed for subjective evaluation of impact sound insulation. The listening
configurations considered in the study are: mono signal from four overhead speakers and a subwoofer; a 2nd
order Ambisonics system; mono signal on uncalibrated headphones; mono signal on calibrated headphones
with a flat frequency response; mono signal on a hybrid system using headphones and a subwoofer; a
binaural Ambisonics system. The listening test is performed on all configurations and the differences in the
obtained results are discussed.
Keywords: ambisonics, headphones, listening tests, impact noise, sound reproduction systems.

1

Introduction

Science and engineering use listening tests as a tool for getting information about the perception of different
auditive phenomenons, and while there are many well-studied practices and standards for many listening
tests [1], the influence of the choice of the sound reproduction system for perceptual evaluation of impact
sound insulation is still not encompassed in a standard. This article presents the methodology and results of a
preliminary listening test that tackles this question and is a continuation of the work presented in [2] and [3].

2

Methodology

Since the field of perceptual evaluation of impact sound insulation is still fairly young, its method is still
being developed and there is no standard that could be used. For the base experiment, the methodology of [3]
and [4] has been used with an added level of complexity by varying sound reproduction system used in the
test.
Recorded signals used in this test have been measured and recorded in laboratory conditions. Objective
impact noise parameters have been measured for each of the different floor constructions (Ln,w, Ln,w+CI,502500) as well as the recordings of a heel-walking person [5] for each of the floors. Floors (coded in the
analysis as CON1, BSP4, HBDS, HBD7) have been paired by matching their Ln,w+CI,50-2500 single number
quantity, and the listeners had to compare the perceived loudness of heal-walking noises for each floor.
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Additionally, each of the floor pairs has been played over a set of different sound reproduction systems, to
see how their choice influences the variability of the test results. In this experiment, six different sound
reproduction systems have been tested.

3

Setup

The listening test is separated into two segments with regards to the master sound reproduction system
(chosen randomly which one is first for each participant): one part is conducted via headphones (with 28
listening pairs), and another part is conducted via a 16.2 multi-channel loudspeaker system (14 listening
pairs).
During the part with 16.2 multi-channel loudspeaker system participants listened to:
1-1) mono signal from four overhead speakers or a subwoofer and
2-2) 2nd order Ambisonics system
During the headphones part of the test the participants listened to four different headphones setups:
3-3) mono signal on uncalibrated headphones
4-4) mono signal on calibrated headphones with a flat frequency response
5-5) mono signal on a hybrid system using headphones and a subwoofer
6-6) a binaural Ambisonics system
The listening test has been developed in Max 8 programming environment and the user interface can be seen
in figure 1. Participants were instructed to play the “Reference” walking stimuli and the “Sample” stimuli
and to match their loudness. They were able to change the level of the sound sample in 1dB or 3dB
increments. Once they matched the loudness they press “Next pair” button which sets a new pair of stimuli to
be tested. Each floor configuration has been tested one time as a reference, and another time as a sample, and
the second time with their places switched (eg. BSP4-HBDS and HBDS-BSP4). For analysis purposes, both
cases were merged by inverting half of the listening pair results.

Figure 1 – Graphical user interface of the listening test.
IEM plug-in suite is used for 1-1 and 6-6 sound reproduction system configurations [7]. StereoEncoder with
70° elevation and continuously changing azimuth from 0° to 360°, as well as AllRADecoder and
DistanceCompensator for decoding the ambisonics signal to 16.2 sound reproduction system, and
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BinauralDecoder for decoding the signal to headphone system. Sonarworks Reference 4 has been used for
frequency calibration of headphones.
Ten people participated in this preliminary test, 3 female and 7 male participants, with their ages ranging
from 24 to 59.

4

Results

The results are shown in figures 2.-10. and table 1. Each figure presents a frequency graph with answers in
1dB steps on x-axis. A test pair where the same floor configuration is the reference and the sample (CON1CON1) can be seen for each sound reproduction system in figures 2-8. Figures 9-11 show the same type of
sound reproduction system but for different floor listening pairs. Table 1. presents the overview of the results
in form of averages and standard deviations for all three listening pairs and all six different sound
reproduction systems.

Figure 2 – CON1-CON1; All systems.

Figure 3 – CON1-CON1; mono signal from four overhead speakers and a subwoofer.

Figure 4 – CON1-CON1; 2nd order Ambisonics system.
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Figure 5 – CON1-CON1; mono signal on uncalibrated headphones

Figure 6 – CON1-CON1; mono signal on calibrated headphones with a flat frequency response.

Figure 7 – CON1-CON1; mono signal on a hybrid system using headphones and a subwoofer.

Figure 8 – CON1-CON1; a binaural Ambisonics system.
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Figure 9 – CON1-CON1; mono signal on calibrated headphones with a flat frequency response.

Figure 10 – BSP4-HBDS; mono signal on calibrated headphones with a flat frequency response.

Figure 11 – CON1-HBD7; mono signal on calibrated headphones with a flat frequency response.
Table 1 – Overview of the results of the preliminary test.
Listening pair
Sound Reproduction System
mono signal from four overhead
speakers and a subwoofer
2nd order Ambisonics system
mono signal on uncalibrated
headphones
mono signal on calibrated headphones
with a flat frequency response
mono signal on a hybrid system using
headphones and a subwoofer
a binaural Ambisonics system

BSP4-HBDS
Avg
StDev
-0.8
3.82

CON1-CON1
Avg
StDev
0.7
2.21

CON1-HBD7
Avg
StDev
2.2
3.35

-1.9
-1.4

4.15
2.06

1.0
0.2

2.67
2.25

2.8
1.0

4.02
3.00

-4.3

3.48

0.4

2.37

1.2

2.66

-0.7

4.34

0.8

2.44

1.8

2.75

-2.3

3.05

0.0

3.62

2.3

3.06
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5

Discussion

Presented results show an interesting spread of uncertainty in a listening test for impact sound insulation. The
standard deviation of each of the different parts of the test is smallest when comparing two identical signals
(CON1-CON1), between 2dB and 4dB and is ~1dB greater for tests that compare two different sound
samples (BSP4-HBDS, CON1-HBD7). The value of the standard deviation coincides with the human barely
noticeable difference which is considered to be between 1dB and 3dB.
The overall average result for the comparison of the same signal (CON1-CON1) is +0.5dB, which means
that listeners set the loudness of the controlled sample a bit louder than it should be to match their actual
level.
Calibrated headphones should be considered as a reference to all the other measurements because the
response of that system has a completely flat frequency response. However, the preliminary results show an
unexpected tendency. The average result of this test is sticking out in some cases and the standard deviation
does not have the lowest value compared to other listening test systems. The system with the smallest
standard deviation should be considered as the most reliable sound reproduction source. Since the sample
size is fairly small, only ten participants, these tests should be taken with the grain of salt as they could be
within the possible error of the test.
The continuation of the work in this field will include a bigger sample pool of participants, with an
expansion of the test to the perception of localization as well. The bigger sample size could produce the
information about what would be the threshold for the number of participants in the listening test considering
impact sound insulation to get the reliable and stable result.
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Abstract
The use of highly directional sound sources in indoor spaces is of great interest for those cases in which a
focused acoustic field is desired. A good example of such scenarios are museums or art galleries, the major
problems of using classic loudspeaker systems being the reverberant sound and the background noise, which
may not only worsen the comfort but also the intelligibility when reproducing recorded speeches.
Alternatively, attendees are asked to use headphones to follow the exposition, the main drawback being the
difficulties that arise to simultaneously interact with a tour guide or other people. This work explores the
generation of audible sound from modulated ultrasound, also called “sound from ultrasound”, to achieve a
directive low-frequency sound source and overcome some of the above limitations thus improving the overall
experience in these spaces. For this purpose, a parametric array consisting of a set of ultrasonic transducers
was prepared and measured in laboratory facilities to analyze its frequency response and directivity
characteristics. Additionally, experiments in a museum were carried out to assess the in situ performance of
such devices when compared to conventional audio systems. Preliminary results show the great capabilities of
this technology and encourage exploring its use in many indoor applications.
Keywords: parametric speaker, nonlinear acoustics, high directivity, indoors audio systems, sound spotlight.

1

Introduction

Conventional speakers, mostly based on electrodynamic transducers, offer a directivity that depends on the
radiated wavelength and the source size. The device known as parametric speaker drives out this dependency
offering a constant directivity, even for low and middle frequencies where conventional speakers show an
omnidirectional radiation. Furthermore, these devices can focus the sound along a path, presenting a
radiation pattern with a narrow main lobe and almost no side lobes.
The theoretical foundations of the parametric speaker were explained in 1963 by Westervelt [1] for underwater
applications. It was Yoneyama [2] in 1983 who applied Westervelt’s theories to create a new loudspeaker
concept after the publication made by Blackstock and Bennet suggesting air radiation applications [3]. Since
the work of J. Pompei in [4] reducing the audible distortion of the parametric speaker, many practical
applications of parametric speakers have arisen such as those for audio spatialization in [5] and [6], bus
pedestrian warning systems in [7], mobile phones loudspeakers in [8] or even for active noise cancelling
applications as studied in [9]. Although there is an increasing number of publications suggesting PAL
applications in indoor spaces, we consider there is a lack of information regarding case studies that transform
suggestions into experiments, thus leading to the work presented here. This paper serves as an approach for
the evaluation of the behavior of a proof-of-concept parametric speaker implementation when placed indoors.
The high directivity shown by these devices suggests their application on information delivery audio systems
such as those used in museums or art galleries. They could even replace or complement traditional audio
information systems where headphones and electrodynamic speakers are widely used. As indoor sound
1
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involves a reverberant field, this project studies the influence of such reverberation in the general sound field
to assess the possible disturbance produced to other visitors when one sound source is used.

2

Sound field indoors

When a sound source is placed indoors, the emitted sound waves will reflect on the surfaces of the enclosure,
leading to the creation of a reverberant field. The characterization of rooms according to this reverberant sound
field is usually done through the reverberation time (RT), a measure of how much time is needed for a 60dB
reduction in sound pressure level once the sound emission is interrupted. Sabine proposed a simple expression
to calculate the RT assuming a diffuse field as
RT(𝑠) =

0.161𝑉
,
𝐴

(1)

where V is the room’s volume in m3, and A is the equivalent absorption area of the room’s surfaces in sabines.
Equation (1) illustrates the dependence of the RT on the surfaces’ sound absorption, reducing the RT as the
sound absorption increases.
The reverberant field can be decomposed, according to the room impulse response, into early reflections
and late reflections, the former being favorable for speech intelligibility as stated in [10] whilst the latter
worsens it. When a sound source is placed in an enclosure, there will be a distance where the energy of the
direct field will be equal to the energy of the reverberant field; the critical distance 𝑟𝑐 defined as
𝑟𝑐 = √

𝑄𝐴
,
16𝜋

(2)

where 𝑄 is the source’s directivity factor.
The intelligibility depends mainly on the reverberation time and the signal-to-noise ratio, the latter
depending on the source’s directivity factor. Thus, the intelligibility will increase whenever the listener is
placed within a circle of radius 𝑟𝑐 from the sound source, hence using high directive sources will improve
the signal-to-noise ratio and, in turn, the overall intelligibility.

3

Sound from ultrasound

Highly directional audible sound can be generated from ultrasound waves nonlinear interaction, leading to the
effect that parametric speakers take advantage of; the so-called autodemodulation process.
3.1

Generation of sound from ultrasound

Nonlinearities are responsible for multiple effects such as shock waves, audio distortion or intermodulation
phenomena. The latter produces new spectral components from the interaction of two or more different
frequency waves. The nonlinear by-product of intermodulation at the difference frequency of the interacting
primary waves is the one that the parametric speaker takes advantage from, resulting in audible sound
creation from the ultrasound interaction in air. H.O. Berktay in [11] developed an analytical approach for
the resultant audible pressure 𝑝2 as a function of some design parameters of the parametric speaker as
follows,
β 𝑃02 𝑎2 𝑑2 2
(3)
𝑝2 =
𝐸 (τ),
16ρ0 α 𝑐04 𝑟 𝑑τ2
2
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where 𝑃0 is the carrier wave pressure, 𝑎 is the transducer radius, β is the nonlinear parameter (1.2 in the
air), ρ0 is the medium density, 𝑐0 is the medium sound speed, α is the absorption coefficient at the carrier
frequency in Np/m, 𝑟 is the distance from the source and 𝐸(τ) is the envelope of the modulation. Equation
(3) can be understood as the transfer function of the parametric speaker, considering the radiating system as
well as the transmission channel, so it shows the main limitations of this phenomena: (i) the quadratic
component 𝐸 2 (τ) predicts an audible inherent distortion produced from the nonlinear interaction, (ii) the
second time derivative anticipates a high-pass filter effect in the frequency response of the parametric
speaker, and (iii) there is a strong dependency on the carrier’s sound pressure and the array size to obtain
high audible sound pressure levels.
The signal emitted by the parametric speaker must contain the spectral components that will interact
nonlinearly with each other in the air, producing the auto-demodulation phenomena. This can be done by
means of modulated signals where the amplitude, frequency, or phase of a carrier signal is changed
according to a modulating signal, thus leading to amplitude, frequency, or phase modulation respectively.
Some of these modulation schemes use the concept of preprocessing, where the modulating signal is
modified to reduce the harmonic distortion produced by the auto-demodulation process in (3). Here, we
evaluate the effect of some modulations in terms of frequency response and directivity. The simplest
amplitude modulation including sidebands at both sides of the carrier frequency is the Double Side-Band
Amplitude Modulation (DSBAM), having a carrier wave 𝑐(𝑡) of angular frequency 𝜔𝑐 , and amplitude 𝐴𝑐
being modulated by a signal of frequency 𝜔𝑠 and amplitude 𝐴𝑠 as follows
𝑦𝐷𝑆𝐵 (t) = [1 + mAs cos(ωs t)]Ac cos(ωc t) = [1 + ms(t)]c(t),

(4)

where 𝑚 is the modulation index. The signal’s envelope 𝐸(𝑡) = [1 + 𝑚𝑠(𝑡)] can be modified to compensate
the quadratic term predicted by Berktay in (3), leading to the Square Root Amplitude Modulation (SRAM)
𝑦𝑆𝑅𝐴𝑀 (𝑡) = √1 + 𝑚𝑠(𝑡) sin(ω𝑐 𝑡).

(5)

Here, we will be also considering the modulation proposed in [12] which also uses preprocessing techniques
to reduce distortion and considering the finite transducer bandwidth resulting in the Modified Amplitude
Modulations (MAM)
1
𝑦𝑀𝐴𝑀1 (𝑡) = [1 + 𝑚𝑠(𝑡)] sin(ω𝑐 𝑡) + [1 − 𝑚2 𝑠 2 (𝑡)] cos(ω𝑐 𝑡).
2

(6)

Regarding nonlinear modulations, frequency and phase modulation can also be used with parametric
speakers with
𝑦𝐹𝑀 = 𝐴𝑐 𝑐𝑜𝑠(2𝜋𝑓𝑐 𝑡 + 𝛽 sin(2𝜋𝑓𝑚 𝑡)),

(7)

for the frequency modulation, where 𝛽 is the frequency deviation, and
𝑦𝑃𝑀 (𝑡) = 𝐴𝑐 cos(𝜔𝑐𝑡 + 𝛿 𝑠(𝑡))

(8)

for phase modulation, where 𝛿 is the phase deviation.
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3.2

The parametric array loudspeaker

The parametric speaker benefits from the lowest 2 nd order intermodulation product produced when two
ultrasound waves at different frequencies interact nonlinearly with each other, thus being able to radiate
audible sound with the directivity properties of short-wavelength ultrasound waves. Safety regarding long
exposure to the high-pressure ultrasound waves emitted by these arrays has been study in [13] with the
HyperSound® model, declaring these devices as safe. The radiation pattern shown by such loudspeakers,
which avoids the omnidirectional propagation of sound, could prevent disturbing other listeners when used
as a PA system in indoor spaces. The easiest implementation of parametric speakers consists of a
piezoelectric ultrasound transducers plane array, although there are implementations with concentric
geometries or electrostatic films.
To assess the parametric speaker performance indoors as well as to compare this type of devices with
conventional speakers, we developed a proof-of-concept parametric array with 9 rows and 5 columns; 45
piezoelectric transducers (TCT40) welded in parallel on a PCB as shown in Figure 1.

Figure 1. Proof-of-concept parametric speaker with 45 piezoelectric transducers.

4

Results and discussion

In this section, the main characteristics of the parametric speaker will be assessed. Eventually, a case study is
shown to evaluate the performance of the parametric speaker when placed indoors.
4.1

General characterization

The frequency response of the proof-of-concept parametric speaker is shown in Figure 2.

Figure 2. Frequency response comparison between different modulations of the parametric speaker.
As predicted by (3), the low-frequency response of the parametric speaker is affected by a high-pass filter
effect. The parametric speaker shows a plain tendency for the middle frequency range, inviting for its
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application in voice delivery systems. For this purpose, it is interesting to assess the total harmonic distortion
levels of each modulation as well as its sensibility, thus leading to the plots in Figure 3 and Figure 4.
The THD was measured at 1 meter with a 1 kHz pure tone as modulating signal. Figure 3 shows the benefit of
pre-processing, having the SRAM the lowest THD value as expected, while the angular modulations exhibit
a high amount of THD.

Figure 3. Total harmonic distortion measured at 1 meter and 1 kHz with the parametric speaker. Amplitude
modulations have a modulation index of 1, frequency modulation has a frequency deviation of 1 kHz, and
phase modulation has a phase deviation of π.
Sensibility in Figure 4 was measured at the same conditions of THD with a reference carrier wave pressure of
100 dB at 40 kHz. The proof-of-concept implementation of the parametric speaker is able to reach a maximum
of 58 dB SPL with the nonlinear modulations, resulting in a compromise between THD and sensibility when
choosing the modulation scheme. Note that no acoustic filter has been used for the measurements as suggested
in [14] to prevent ultrasound disturbances in the microphone.

Figure 4. Sensibility of the parametric speaker measured at 1 meter and 1 kHz with a reference of 100 dB at
the carrier wave (40 kHz).
4.2

Directivity characteristics

Both, parametric and conventional sources’ directivity was measured by means of a turntable in a semianechoic environment with a DSB modulated MLS signal sampled at 96 kHz for a 180º angle range with a
step of 2.5º between measures. To observe the main advantage of parametric speakers, that is the high
directivity when compared to conventional electrodynamic speakers, Figure 5 shows a polar plot comparing
both devices at 1 kHz.
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Figure 5. Directivity comparison at 1 kHz and 1 meter of the proof-of-concept parametric speaker with a
DSB modulation (continuous line) and a conventional 5” electrodynamic speaker (dotted line) with an
equivalent effective surface.
Figure 6 illustrates the directivity results for different modulations at 1 kHz and 1 meter, showing that the
parametric speaker directivity isn’t much affected by the modulation scheme being used.

Figure 6. Directivity comparison of different modulation schemes radiated with the parametric speaker at 1
kHz and 1 meter.
In order to evaluate the directivity behaviour at a wider frequency range, Figure 7 and Figure 8 show a
frequency against azimuthal angle plot so the directivity behaviour of both devices can be assesed at once.

Figure 7. Directivity plot of the proof-of-concept parametric speaker (DSB modulation).
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Figure 8. Directivity plot of the conventional electrodynamic loudspeaker.
As Figure 7 shows, the proof-of-concept device drives out the dependency on the source size and the radiated
wavelength, showing a constant directivity tendency within frequency starting at 500 Hz.

4.3

Case study: in situ performance at Vilamuseu

To assess the performance of the parametric speaker when placed indoors, a straightforward experiment was
carried on at the Vilamuseu facilities in La Vila Joiosa, Alicante. The parametric speaker was placed on an
exhibition stand at 270cm height as shown in Figure 9, and seven listening points with a 1-meter separation
were evaluated with the distribution shown in Figure 10. The microphone in point 4 is placed along the axis
of the sound source, being this point the central measure with the highest received sound pressure level, thus
the SPL of the rest of the points will be normalized to the maximum at point 4. In this way, we can assess
the disturbance produced by both sound sources to the adjacent exhibition stands placed at points 1 and 7.
The sound source reproduced an MLS signal, ensuring an equal SPL at point 4 for both the conventional
and the parametric source.

Figure 9. Position of the sound source and microphone at the Vilamuseu exhibition stand.
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Figure 10. Measuring points scheme for the case study.
The distribution of the evaluation points in the museum facilities is shown in Figure 11.

Figure 11. Measuring points locations in Vilamuseu.
Figure 12 shows the results for the electrodynamic loudspeaker normalized to the axial measurement. It is
seen that the sound pressure level at exhibition stands points (points 1 and 7) at 3 meters from the central
point, has a decay of 8 dB, which means that this type of source can’t be used in focalized audio applications,
producing an undesired disturbance to the adjacent stands.

Figure 12. Normalized sound pressure level at the evaluation points when the conventional speaker is used as
the main sound source.
On the other hand, Figure 13 shows the results obtained when the parametric speaker is used as the main
sound source. Here, we can assess the great performance of this loudspeaker when compared with a
conventional one, as it shows a near 25 dB decay at points 1 and 7, where another exhibition stand would
be placed.
8

1882

Figure 13. Normalized sound pressure level at the evaluation points when the parametric speaker is used as
the main sound source.
Evaluation points 1 and 7 are placed at 62º from the central point, being the measured SPL at points 1 and 7 in
Figure 13 a contribution of the parametric speaker direct radiation, that is very low for 62º as shown in Figure
7, and the reflections produced in the enclosure’s walls creating a reverberant field. The influence of this
reverberant field should be considered if more than one parametric speakers are going to be working at the
same time or if the sound reflections of a single parametric speaker are high enough to disturb other visitors.
A final measure was taken where a narrow bandwidth recorded speech was reproduced leading to a 18 dB
reduction between exhibition stands (points 1 and 4) with the parametric speaker, and a 7 dB reduction for the
conventional one. Note that the reduction obtained with the parametric speaker can be negatively affected by
the noise floor and the real reduction can be higher.

5

Conclusions

The proof-of-concept parametric array implementation has been proven to achieve a high directivity when
compared to conventional sound sources. Its application in museum exhibit stands shows that it can deliver
sound in a focused way, preventing the disturbance between consecutive stands. Although these devices
offer a very narrow main lobe, the reflections from the enclosure’s walls can negatively affect other listening
positions as well as the overall sound field. This fact must be considered when applying these devices in
indoor sound applications by controlling the sound absorption at the main reflection points, which involves
a deep study of the indoor sound field created with the parametric speakers. Further work includes this deep
study of the reverberant field when one or more parametric speakers are used as the main sound sources as
well as the study of possible solutions to dimmish this effect leading to a feasible use of multiple parametric
speakers at once in the same enclosure.
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Abstract
The reduction of environmental noise in cities is essential to protect public health. Architectural design can
support the mitigation of environmental noise in cities, by means of a performance-aware design decisions.
Starting from a reference courtyard in Turin characterized with in-situ measurements, this study explores
through a parametric approach how the design of a double skin applied to the façades of the courtyard can
reduce the environmental noise levels within the courtyard. The proposed double skin façade is composed by
a pattern of protruding wedges whose geometry and material properties are varied parametrically. The sound
pressure level is predicted for the different geometric and material design options of the double skins in outdoor
spaces at the courtyard level and over the façade, and in indoor spaces with open windows to identify the most
beneficial design strategies. The results evidence the noise reduction potential of sound absorbing materials
applied to the double skin, and that the performances of the totally absorbing double skin are comparable to
those achieved with the sound absorbing material applied to the lower sides of the wedges.
Keywords: façade design, urban acoustics, performance-based design, courtyard, leisure noise

1

Introduction

Environmental noise pollution is a rising problem in worldwide cities. As evidenced by the World Health
Organization (WHO), the well-being of urban populations is threatened by the increased health risks due to
environmental noise pollution (e.g. cardiovascular disease, cognitive impairment in children, sleep
disturbance, tinnitus and annoyance) [1]. In order to protect the public health in cities, the WHO has suggested
thresholds of outdoor sound pressure levels not to be exceeded [1]. Low outdoor environmental noise levels
would allow dwellers to stay comfortably indoors with open windows and in private open spaces, such as
balconies and terraces. A further benefit of lower outdoor environmental noise is the energy saving resulting
from the ability of dwellers to use natural ventilation to achieve indoor thermal comfort in summertime,
reducing the use of air-conditioning. This has also been evidenced by the Acoustics, Ventilation and
Overheating Guide [2], which promotes an integrated design approach to combine acoustic requirements with
natural ventilation and thermal comfort in indoor spaces.
Environmental noise levels in cities are influenced by the morphologic and material properties of the
surrounding urban fabric. The compact layout of urban environment and the sound reflective properties of
common construction materials cause the environmental noise levels in cities to increase due to multiple
reflections. Therefore, performance-aware architectural design choices can provide an effective and longlasting contribution to the enhancement of acoustic comfort in urban settings [3]. However, despite the growing
awareness on the importance of addressing urban noise pollution, acoustic concerns are hardly considered
during design processes [4,5].
1
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Nowadays, retrofit interventions on existing buildings are commonly carried out to enhance the thermal
insulating properties of the building envelopes or to modify the functionality of the existing construction. Such
measures, if opportunely conceived, can also mitigate environmental noise pollution. Previous studies have
investigated the potential of the geometrical and material features of façades [6–11] as environmental noise
reduction strategies. A recent review article has collected the main findings of the studies related to façade
design features [12]. Based on previous works, sound absorbing materials applied to urban facets can lower
environmental noise levels by reducing the amount of sound reflections occurring in the urban environments.
Moreover, the geometry of the façade can help shielding the receivers from the incoming sounds, although this
contribution is generally limited compared to that obtained with sound absorbing strategies.
Although vehicular traffic noise is the most common noise source worldwide, in certain contexts leisure noise,
i.e. the noise generated by people talking, can be considered the major noise source [6,13]. Moreover, it must
be highlighted that the relevance of leisure noise has increased due to the restrictions of COVID-19 pandemic,
that have limited the ability of bar and restaurants to host clients indoors while promoting the use of outdoor
spaces. An example of scenario where leisure noise plays a crucial role is that of courtyards that host the
outdoor terraces of restaurants, that are surrounded by residential or office buildings. In such scenarios, the
noise generated by the clients within the courtyard may compromise the acoustic comfort of dwellers,
especially during nighttime.
1.1

Objectives

This contribution analyzes a case-study courtyard to be retrofitted with double skin façades to couple acoustic
performance and functional ones. The work aims to analyze the influence of different geometric and material
design options of the double skin façade on the environmental noise level perceived in outdoor positions over
the façades of the buildings and at the ground level. Some further estimation of sound pressure level (SPL) in
indoor spaces with open windows is also provided, based on the SPL difference measured in-situ. The work
presents an application of acoustic performance-based design approach for a retrofit intervention, and the
findings can provide guidance for similar design scenarios.

2

Method

This work takes into consideration an intervention of the façades of two buildings facing an existing courtyard,
which are meant to be retrofitted with a double skin façade.
Pachyderm Acoustics [14] is used to predict the variation of outdoor and indoor A-weighted SPL occurring
over the façades of the courtyard resulting from different design options of the double skin, regarding both the
geometric and material features of the structure. The double skin aims to combine the creation of new
functionalities with the reduction of environmental noise. It is composed by a pattern of protruding wedges,
that enables the creation of a series of balconies in place of the windows of the pre-existing building, providing
the users with small private open spaces. The material and geometric properties of the structure are tested in
different configurations to analyze the extent to which such design variations can reduce environmental noise
levels. While the main design concept of the double skin remains unaltered, the geometric variations inform
the inclination of the sides of the wedges and their depth; moreover, the application of sound absorbing
materials to different portions of the double skin was investigated.
2.1

The case-study

The case-study is an existing courtyard of the Politecnico di Torino in Turin, Italy; a picture of the courtyard
is presented in Figure 1a. The courtyard is 18.7 m wide and 29.7 m long and is located between 4 educational
buildings. The fronts on three sides are between 15.4 and 17.1 m high, while the remaining front is lined by a
small building (7.25 m high and 5 m deep), backed by a 7 stories building (about 25 m high). At the present
state, the buildings facing the courtyard host laboratories and offices of the university and no activity such as
2
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bar or restaurant is present, however, the scenario can be considered representative of a courtyard hosting the
open spaces of restaurants and bars located at the ground floor of residential or office buildings. The retrofit
proposal is the addition of a wedged double skin to the two opposite building on the longest sides of the
courtyard. The two buildings, shown at the two sides of Figure 1a, will be referred to as building A and building
B in the following. Figure 1b presents an example of double skin façade design option for the two buildings.
b
a
)

Building A

Building B

Figure 1 – a) Picture of the courtyard adopted as case-study, with the identification of buildings A and B and
the position of the double skin (red dashed line); b) parametric model of the double skin to be applied to the
side buildings (in red color).
The double skins are meant to reduce environmental noise while also creating a series of small balconies in
place of the windows. Some slight changes to the existing buildings were implemented to host the double
skins. The acoustic performance of the double skin, i.e. its ability to lower environmental noise level in outdoor
positions, are the focus of the present contribution.
2.2

The parametric model of the double skin

The double skins are applied to the buildings lining the longest sides of the courtyard. The base plane of the
structures is placed at a distance of 1 m from the existing façades, and the double skins are composed by a
series of protruding wedges with the inter-storey height and variable depth. While the wedges that covers an
opaque portion of the building are complete, those located in correspondence of the windows of the façade
present only the lower sides of the wedges, whose height is fixed at 1.1 m, while the upper portions are absent
to create balcony-like elements. The inclined sides of the wedges interact with the sound propagation within
the courtyard by redirecting the incident sound waves in different directions. In order to analyze how different
geometric configurations of the two double skins perform, a parametric model of the structures was created in
Grasshopper for Rhinoceros. Figure 2a shows reference configuration, i.e. a flat double skin with sound
reflective finish, and the geometric parameters of the wedges that were controlled by the parametric model,
i.e. the wedge depth and the relative tip height. Both variations result in different tilting of the wedges’ sides.
The depth of the wedges was varied in all the floors and was either set at 0.3 m, 0.6 m or 0.9 m, respectively
identified as d_03, d_06, d_0.9. Moreover, it was also varied according to an increasing/decreasing gradient,
i.e. 0.3 m at ground and first floor, 0.6 m at second floor, 0.9 m at third and fourth floor for the increasing
gradient option (d_incr), and vice-versa for the decreasing one (d_decr). Besides the depth, also the position
of the wedge tip was altered, as it was set at either 25% or 75% of the inter-storey height, identified in the
following as t_25% and t_75%, respectively. This variation results in either greater or smaller angles of
3
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inclination of the lower sides of the wedges, and vice-versa for the tilting of the upper sides. Moreover, it also
results in a variation of the area of the lower and upper sides of the wedges. It must be noted that the design
variations shown in Figure 2 are representative of the wedges located in front of an opaque portions of the
façade. Indeed, those located in front of the windows present only the lower wedge sides that work as the
balcony parapets; in these cases, the wedge tip position was fixed at 1.1 m, which corresponds to the height of
the balcony parapet, and only wedge depth is varied parametrically.
Besides the geometric variations, also material variations were tested, as shown in Figure 2b. The surfaces of
the double skin were treated with a sound reflective finish, i.e. glass, and with sound absorbing materials, i.e.
a commercial sound absorbing solution with a perforated metal finish suitable for outdoor applications. The
sound absorbing material was either used over all the surfaces of the double skin (i.e. totally absorbing), or
applied to the lower sides of the wedges, that are oriented downward, while the upper parts were sound
reflective (i.e. partially absorbing). This has been done in the attempt to absorb the sound coming from the
sound source located in the courtyard impinging on the lower sides of the wedges, while also promoting the
redirection of the incident sound towards the sky with the upward oriented sides of the wedges, to reduce sound
trapping. Moreover, this may also increase the durability of the sound absorbing panels, which are partially
shielded from the weather elements.

Figure 2 – a) section of the reference configuration and examples of geometric variation of the wedges,
considering wedge depth and tip position; b) material options tested, i.e. sound reflective, partially absorbing
and totally absorbing.
In total, 30 design configurations of the double skin were evaluated, resulting from 10 geometric variations,
each considered with the 3 different acoustic treatments. An option with a flat sound reflective double skin
façade was also tested as a reference condition.
2.3

Acoustic measurements and model calibration

The acoustic model of the courtyard was calibrated with respect to in-situ measurement of reverberation time
conducted in May, 2021. A measurement campaign was carried out in order to measure the reverberation time
(T20) in 8 different positions in the courtyard level and in outdoor positions at the 1st, 2nd and 3rd floor over the
façade of building B. The measurements were carried out with an omnidirectional sound source emitting a sine
sweep signal in the range 50-20000 Hz with a duration of 6 s, that was repeated three times for each soundreceiver position. The source was placed in a central position at a height of 1.5 m. During the measurements,
the equivalent sound pressure level of background noise was 60.5 dB while the equivalent sound pressure level
at 1 m distance from the source was 92.6 dB. Two calibrated Class 1 sound level meters (model NTI XL2)
were used to record the signals, while Audacity [15] in combination with Aurora plug-in [16] was used to
estimate the reverberation time (T20) from the impulse response.
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An acoustic model was set in order to reproduce the measurement conditions and the acoustic properties of the
materials applied to the surfaces of the courtyard. The sound absorbing and sound scattering coefficients of
the surfaces were initially set according to values collected from published databases and articles, such as those
in [17–19]. The mean octave-band values of the T20 measurements in the courtyard and over the façade was
used as reference for the model calibration. The calibration of the model was performed in order to ensure that
the difference between the mean measured and simulated T20 was smaller than 10%. The sound absorption and
sound scattering coefficients of the surfaces of the model were then weighted (up to ± 20%) in order to fit the
measured reverberation time as much as possible. After the model calibration, the difference between the mean
simulated reverberation time and the measured one at the courtyard level is less than 5%, i.e. the Just
Noticeable Difference (JND) for reverberation time [20], in the frequency range between 125 Hz and 500 Hz,
and less than 10% in the range 1000 to 4000 Hz. The difference between the mean simulated and measured
T20 over the façade is below 10% with the exception of the value at 2000 Hz, for which it is 14%.
During the measurement campaign, also the variation of SPL in different locations was evaluated.
Measurements were taken in different positions at the courtyard level and in outdoor positions (2 m distance
from the façade) and indoor positions at the 1st, 2nd and 3rd floors of building B (1 m distance from the façade,
with open windows) to assess the sound insulation provided by the façade.
2.4

Acoustic simulation set-up

The acoustic simulation was performed using the Grasshopper version of Pachyderm Acoustics (v 2.0.0.2)
[14]. The simulation procedure is based on geometric acoustic principles, and combines image source and raytracing. The acoustic simulations have been performed with transition order 2 (i.e. reflection order after which
ray-tracing is used to collect results in place of image-source method), and a cut-off time of 5000 ms. The
number of rays shot is determined by Pachyderm based on the convergence of the simulated results.
The acoustic parameter used to describe the variation of environmental noise perceived by the people located
in the courtyard and in the balconies is the A-weighted SPL, which accounts for the frequency-dependent
intensity perceived by the human ear. An omnidirectional sound source was positioned at the center of the
courtyard, at a height of 1.5 m from the ground. The source represents a group of people talking in the
courtyard: its frequency spectrum is based on the ICRA noise [21], and presents an overall Sound Power Level
of 80.0 dB. The octave-band and global sound power level [dB] of the source is reported in Table 1.
Table 1 - octave band sound power level of the omnidirectional sound source used to simulate the presence
of a group of people talking at the center of the courtyard

Sound Power Level

63
60.8

125
65.5

Octave-band center frequency (Hz)
250
500
1000
2000
76.6
76.6
64.8
58.1

4000
55.1

8000
46.3

global
80.0

The sound receivers were initially located in correspondence of the baricenter of the windows of the façade of
both buildings A and B, at a distance of 2 m from the base-plane of the double skin (i.e. 3 m from the existing
façade). Since the results obtained on the two façades were comparable on a floor basis, it was chosen to
consider only those of the receivers on building B, that are shown in Figure 3. It must be highlighted that even
though the results have been collected on building B only, the proposed design variations investigated are
applied to both buildings A and B. Three receivers were placed at each of the 5 floors of the design building.
The receivers located at the ground floor of the building are used to estimate the variation of A-weighted SPL
perceived by pedestrians in the courtyard, while that of those located from the 1st to the 4th floors are used to
estimate that of dwellers in the balconies.
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Figure 3 – virtual model of building B showing the position of sound receivers at the courtyard level and
over the façade and the position of the sound source
As regards material properties, the surfaces of the double skin are tested with three material configurations
presenting different acoustic properties (see Figure 2b). In the sound reflective configuration, all the surfaces
are made of glass, in the partial sound absorbing configuration, the inferior sides of the wedges are treated with
a commercial sound absorbing panel with a perforated metal finish, while in the sound absorbing configuration
all the surfaces are treated with the sound absorbing solution. The octave-band sound absorption and sound
scattering coefficients of the two cladding options are detailed in Table 2.
Table 2 - octave band sound absorption (a) and sound scattering (s) coefficients of the sound reflective and
sound absorbing materials used for the double skin façades

Perforated metal
(sound absorbing)
Glass (sound
reflective)

3

a
s
a
s

63
0.09
0.03
0.15
0.03

125
0.09
0.03
0.15
0.03

Octave-band center frequency (Hz)
250
500
1000
2000
0.14
0.38
0.67
0.85
0.05
0.05
0.06
0.07
0.05
0.03
0.03
0.02
0.05
0.05
0.06
0.07

4000
0.88
0.1
0.02
0.1

8000
0.88
0.15
0.02
0.15

Results

As previously evidenced, the variation of SPL resulting from the design variations of the double skin at the
different floors of building A and B was comparable. Therefore, for the sake of simplicity, the results reported
in the following refer to the receivers on building B, although the design variation are applied to both façades.
3.1

Variation in outdoor SPL

The A-weighted SPL results collected by the receivers located in outdoor positions over the façade of building
B for the different design configurations of the double skin are plotted in Figure 4, while the SPLs at the
courtyard levels are shown in Figure 5. The simulated A-weighted SPL values for the flat double skin option
with sound reflective finish are considered as reference. The sound reflective, partially absorbing and totally
absorbing material options are shown with a color gradient, from the lighter to the darker green respectively.
6
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The results collected by the receivers are reported using boxplots to provide the reader information on the
statistic distribution of the simulated A-weighted SPLs over the façade. Besides the quartile thresholds, the
arithmetic mean values for the façade and courtyard receivers are marked by a cross. The highest values
reached by the boxplot can be considered representative of the closest receivers to the sound source, i.e. 1 st
floor, while the lower values are those of the receivers located at the 4th floor of the building.

Figure 4 - Variation of A-weighted SPL over the façade of building B resulting from the different material and
geometric configurations tested, in comparison to the reference configuration (in red).
The variation of SPL over the façade due to the tested geometric variations of the double skin are limited. The
mean value is close to 50 dB(A) for all design options and for the reference configuration, i.e. flat double skin,
showing variations smaller than the JNDSPL (i.e. 1 dB). This highlights the minor influence of geometric
variation on the mean outdoor SPL. On the other hand, it must be noted that the lowest values, i.e. the value
perceived by the receivers at the 4th floor, vary more markedly based on the geometric configurations. The
SPLs of receivers at the last floor (i.e. lowest values) seem to decrease for increasing depth of the wedges.
Indeed, the configurations that reach the lowest values, i.e. around or inferior to 48 dB(A), are those presenting
a depth of 0.6 m or 0.9m and an increasing wedge depth at the highest floors, i.e. d_0.6+t_25%, d_0.9+t_25%,
d_0.9+t_75%, d_incr+t_25%., d_incr+t_75%. This is likely to be due to the more effective noise screening
shown by the deeper wedges. Conversely, the geometric solutions where the wedge depth decreases with
increasing floors present SPLs comparable to those obtained when settings all the wedges with a depth of 0.3
m. The wedge tip position does not have a noticeable contribution on the SPL in case of a sound reflective
treatment.
When the surfaces of the double skin are treated with sound absorbing materials, a noticeable decrease in the
mean SPL over the façade is reported, that is about 1.5 dB. This is coherent with the findings of other studies
[12]. When considering the minimum values reached by the SPLs, the geometric trends previously observed
for the reflective finish are confirmed. The lowest values obtained in case of the sound absorbing treatment are
around 46 dB.
With respect to the results obtained by the partially absorbing and totally absorbing configurations, it must be
highlighted that the mean, maximum and minimum results reported for the two solutions are comparable for
almost all configurations (i.e. differences smaller than the JNDSPL of 1 dB [20]). This trend is emphasized for
the solutions with the wedge tip at 75% of the height present mean SPLs values, probably due to the resulting
greater area of the inferior sides of the wedges treated with sound absorbing materials. Therefore, the treatment
of the lower sides of the wedges with sound absorbing materials is a viable solution as it maintain good
performances while allowing to reduce the intervention cost and increasing the durability of the sound
absorbing materials, that are more protected from the weather elements.
7
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Figure 5 - Variation of A-weighted SPL for courtyard receivers (i.e. at the ground level of building B)
resulting from the different material and geometric configurations tested.
The A-weighted SPL at the courtyard level is just marginally influenced by the geometric and material
variations of the double skin. The maximum, minimum and mean value show a negligible variation for the
geometric options tested (differences smaller than 1 dB), while a more marked variation occurs due to the
application of sound absorbing materials, that is in the order of 1 dB. As for the receivers over the façade, the
difference between the partially absorbing and totally absorbing options is negligible.
3.2

Variation in indoor SPL

Based on the results collected during the measurement campaign, the difference between the SPL in an outdoor
position at 2 m from the façade of building B and that measured in an indoor position at 1 m distance from the
façade with open windows is on average 8.3 dB. This information was used to estimate the mean SPL in indoor
positions for each design configuration; these results are shown in Table 3. In order to assess the SPL variation
with the double skin, the receivers were placed at a distance of 2 m from the double skin base-plane, i.e. at 3
m from the existing façade, while the measurements were taken at a distance of 2 m from the existing façade.
Therefore, the difference between the mean SPL for a receiver placed at 2 m and 3 m from the existing façade
was assessed without the double skin (existing scenario), finding negligible differences (around 0.1 dB).
Therefore, it was considered acceptable to estimate the mean indoor SPL based on the SPL predicted at 2 m
from the double skin, i.e. 3 m from the existing façade. It must be however noted that the estimation of the
indoor SPL does not take into consideration the contribution of the double skin to the insertion/transmission
loss, but only its influence on the outdoor SPLs.
Table 3 - mean A-weighted SPL in indoor spaces of building B for the different design configurations
analyzed
sound
reflective

Reference

d_0.3+
t_25%

d_0.3+
t_75%

d_0.6+
t_25%

d_0.6+
t_75%

d_0.9+
t_25%

d_0.9+
t_75%

41.8

41.6

41.3

41.6

41.6

41.6

41.6

d_incr+
t_25%

d_incr+
t_75%

d_decr+
t_25%

d_decr+
t_75%

41.4

41.5

41.7

41.6
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partially
absorbing
totally
absorbing

-

40.9

40.6

40.8

40.8

41.0

40.4

40.2

40.1

40.3

40.3

-

40.3

40.0

40.2

40.2

40.3

40.2

39.9

39.9

40.0

40.2

The results collected in Table 3 are coherent with those in outdoor settings over the façade: geometric
variations tend to have a negligible effect, while the application of sound absorbing materials result in a mean
reduction of about 2 dB, ranging from about 42 dB in case of the sound reflective double skin to 40 dB in case
of the totally absorbing solution.

4

Conclusions

This study analyses the effect of different design options for a double skin to be applied to two opposite façades
of a courtyard on environmental noise levels. The geometric and material properties of the double skin are
varied parametrically, and the variation of A-weighted sound pressure level is evaluated in outdoor positions
at the courtyard level and over the façade. Moreover, also the indoor noise levels are estimated for the different
design configurations. The results highlight that the tested geometric variations are generally associated to
negligible noise reduction difference, as regards the façade-mean values. However, the geometries with deeper
wedges they seem to have an influence on the SPLs predicted at the highest building floors with up to about 2
dB of reduction, that is likely due to the screening effect provided by the protruding elements. With respect to
the material variation, it was confirmed the noise reduction potential of the application of sound absorbing
materials to the surfaces of the double skin, that in this study lead to a mean SPL reduction over the façade up
to 1.5 dB. Moreover, such reduction results comparable between the case of an acoustic treatment applied to
all the surfaces of the double skin and that of its application on the downward oriented sides of the wedges.
The variation of SPLs at the courtyard level is limited, and is only sensitive to the different materials applied
to the building façade.
Further development of this work includes a systematic evaluation of the outdoor and indoor SPLs on a floor
basis, in order to evidence the extent to which the proposed solutions can benefit dwellers at the different
building levels. Moreover, the evaluation of the effect of the double skin applied to different façades of the
courtyard (e.g. single façade, all façades) may be considered. Finally, a more advanced estimation of the sound
insulation provided by the double skin can be implemented to present more reliable information of the indoor
SPL resulting from the tested design configurations.
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Abstract
The paper outlines a multi-scalar method for the design of acoustics surfaces combining absorption,
reflection, and diffusion properties, tailored for improving the acoustic comfort of existing spaces. A casestudy application referring to a semi-enclosed meeting room within an open-plan co-working space is
described. The approach is based on a computational process for the design of acoustic surfaces from woodcork composite, where the performance differentiation is achieved through modulating parametrically their
local and global geometry. Aided by an unsupervised learning algorithm, the properties defining the acoustic
performance of the wood-cork composites are correlated into a feature map. The material characterisation of
the acoustic surfaces, i.e. assigning the composites with the required acoustic properties is achieved thanks to
this map.
Keywords: room acoustics, computational performance-based design, eco-sustainable material system.

1

Introduction

Acoustics influences strongly our well-being in indoor environments which makes it a factor of crucial
importance for the built environment and our lives. Despite that, the design for sound is not addressed in the
current practice nor is properly integrated into the development of the architectural design. This leads to poor
acoustic comfort in general and makes the implementation of acoustic solutions very difficult, especially for
existing buildings. This lack of design integration is addressed in this paper, which outlines a method for the
design of acoustic surfaces with complex geometry combining absorption, reflection, and diffusion
properties, tailored to improve the acoustic comfort of existing spaces. A case study, a semi-enclosed
meeting room (MR3) within an open-plan co-working space with pronounced acoustic issues, TAG
Calabiana in Milan, Italy, is used for illustrating the proposed workflow (Figure 1).

Figure 1 - TAG Milano Calabiana - view of the “flexi” area (left) and Meeting Room 3 (right).
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2

Methodology

The methodology for the development of complex acoustic surfaces with properties tuned for specific
existing sound field conditions follows three main steps.
1) Analysis of the pre-existing state and definition of boundary conditions
The existing sound field is studied through an audio-visual survey performed following a workflow
previously developed by the author [1]. The data gathering provides two objective maps representing the
existing space: a) SPL levels expressed as LEQ values and b) time-averaged motion heatmap. The maps allow
the designer/architect to quarry several important characteristics and directly embed them in the performance
design of the acoustic surfaces:
- Differentiation of the acoustic treatments - Overlapping the LEQ and motion heatmaps, combined
with the evaluation of the basic acoustic parameters, such as reverberation time, speech intelligibility
etc., creates a panoramic overview of the existing sound field. Knowing that the different acoustic
treatments (absorption, reflection, diffusion) tackle specific sound field conditions, their amount and
distribution within the space are defined;
- Material characterisation - The ⅓ octave-frequency-band LEQ maps allow for the problematic bands
with insufficient or excessive SPL values to be easily individuated and the frequency-dependent
material composite characteristics of the absorptive, diffusive and hybrid surfaces to be decided;
- Geometric characterisation - Individuating the spatial location of “hot” activity zones through the
motion heatmaps allows for identifying the locations of sound sources and receivers and using them
as direct input for informing the global geometry of the surfaces. As such the spatial location and
orientation of the reflective, absorptive and diffusive surfaces within the space can be assigned.
2) Material characterisation
The material system for the acoustic surfaces uses two ecologically friendly materials, wood and cork joined
in a composite such as to ensure either absorptive, reflective, diffusive or hybrid properties. The composites
are coupled with the patented technological system, developed by the industrial partner of the research,
Wood-SkinⓇ, that allows three-dimensional surfaces to be produced from flat sheets. Milling both sides of
the sheets, the polymer mesh inside is revealed and a hinge is created permitting the rigid sheet to fold. The
absorptive coefficients of a large set (more than 150 samples) of different composites were characterized in
an impedance tube in previously developed research [2]. Each test sample was characterised with 23 values
defining their performance: a) the thicknesses of the top and bottom materials; b) the depth of the air cavity
behind the composite; c) the perforation ratio and d) the resulting absorption coefficients in ⅓ octave
frequency bands. To assign the most suitable wood-cork composite to the acoustic surfaces, in order to
render their properties frequency-specific, the contribution of each variable to the performance needed to be
understood. In order to extract the correlation data, the results were mapped and clustered using an
unsupervised learning algorithm, Self-Organising Map (SOM).
3) Multi-scalar approach for geometric characterization
During the preliminary studies preceding this paper, it was understood that geometry holds a significant role
in defining some of the acoustic performance characteristics. As a result, a multi-scalar approach is
introduced where the three-dimensionality defined in terms of global shape and local surface characterisation
is explored as a guiding element in the acoustic performance design.
By modifying the geometry on the global scale we can control:
1) Amount and distribution of acoustic surfaces;
2) Orientation of the surfaces for controlling first-order reflections or providing sound absorption closer
to the source (derived from the survey of the existing conditions);
3) Absorption and hybrid properties by controlling the air cavity depth behind the surfaces.
2
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Modifying the geometry in the local scale controls:
1) Absorption properties by defining the perforation patterns;
2) Diffusive and hybrid properties by introducing surface corrugations and determining the dimensions
of the depths and widths, responsible for the diffusive properties.

3

Analysis of pre-existing state and definition of boundary conditions

3.1 Acoustic measurements and room acoustics simulations
In-situ measurements of the reverberation time in the co-working space and acoustic simulations in Odeon
were performed in order to provide additional information about the sound field. According to the
International Standards [3] and various researches on open-office acoustic comfort, the resulting values are
way beyond the recommended for most activities Tr ≤ 1,0 s at 125 Hz. The in-situ measurements report an
average T20 at 125 Hz = 1,75 s. These values are confirmed also by the simulations, showing an average T20
at 125 Hz = 1,63 s.
Some other parameters are also analysed. The Early Decay Time (EDT) at 500 Hz is 2,00 s which confirms
the users’ perceptions of poor speech clarity in MR3. The average Speech Transmission Index (STI) value is
0.5 which means that the users inside MR3 are able to clearly understand the speech, meaning that the sound
privacy is relatively poor and might lead to distractions. Another important factor is the Speech Interference
Level (SIL) of 87,7 dB. The distance between the source and the receiver is approximately 10 m so this value
is extremely high. The SPL for all receivers is also the highest around 1000 Hz.
3.2 Audio-visual data gathering - SPL and user activities mapping

3
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Figure 2 - Sources and receivers positions resulting from the survey (top left); Contour map for LEQ at 400
Hz (top right), 1250 Hz (bottom left) and 6300 Hz (bottom right).
The results from the audio-visual data gathering focus on the sound pressure levels distribution and the
activities patterns of use of the space by the users. In all frequency bands, the peaks with the highest SPL
values are located between the sources, fluctuating in between them. The video observations evidence that
the “corridor” is a place with a high concentration of movements but not present for a prolonged amount of
time. It can be assumed that disturbing noises are less likely to be generated from there. The other two main
“hot” spots where the most movements/noise comes from are 1) the adjacent room and 2) the “flexi” area.
During the measurements, in the flexi area, there were two separate sources of noise. Due to the close
proximity, the adjacent room can be considered the primary source of disturbance (Figure 2 - top left).
3.3 Performance requirements and design boundary conditions
According to the analysis of the existing conditions, the surfaces needed for mitigating the sound coming
from outside MR3 should provide:
- Attenuation in the 500 - 4000 Hz range to treat the noises coming from the “flexi” area, the adjacent
office room as well as absorbing the first-order reflections from the boundary wall (Figure 2 - top
right; bottom left);
- Reflective surfaces to block and redirect as much as possible of the remaining sound preventing it
from entering the room.
The surfaces targeting the sound field inside MR3 instead should provide:
- Sound attenuation in the low range 250 - 1600 Hz reducing the peaks with high SPL in the room
(Figure 2 - bottom left);
- Diffusion for uniform sound distribution in the high speech frequency range 2000 - 4000 Hz and
partial attenuation of the remaining sound (Figure 2 - bottom right).

4

Global geometric characterisation
4.1 Early design morphogenesis

Figure 3 - Ray tracing simulation of several shape configurations
An independent suspended structure not covering the entire footprint of the meeting room was evaluated as
the most feasible solution in terms of fabrication, installation and lighting. Following these constraints, the
initial bounding box dimensions are set to 300 cm x 300 cm x 100 cm. The explored morphology tries to
maximize the surface area without increasing the footprint area. The global geometric studies initiated with a
diagrammatic approach, where several geometries formally synthesizing the design requirements were
evaluated performatively (Figure 3).
4
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The design envisioned four separate hyperbolic paraboloid surfaces each sharing two edges, thus maintaining
the structure suspended. The space enclosed between the surfaces serves as an air cavity varying in
thickness. Concave, double convex and flat surfaces are designed and coupled in different configurations,
and their acoustic performance is evaluated using ray tracing. Two sources for the rays are used, one
targeting the top surface for sound blocking, and one, inside the room, targeting the bottom surface for sound
diffusion.
The ray-tracing demonstrates that both the convex and concave surfaces redirect the sound away from the
room. However, the concave surface distributes the sound energy towards the high ceiling where it is
returned with less intensity (2,5,7). The flat surface is not as effective because the incident sound arrives at it
later compared to the other geometries, and is reflected specularly without significantly reducing the
intensity (3,4). Considering a sound source placed directly under the acoustic surfaces, the best diffusion is
achieved by the convex surface which distributes the rays rather uniformly at a wider angle (3,6,7). The
convex surface tends to focus the rays towards the focal point of the surface (4,5). From the analysed
geometric typologies, option 7 proves optimal in satisfying all the design requirements.
4.2 Multi-objective optimization process
A multi-objective optimization algorithm (Octopus plug-in Grasshopper) is used to performatively evaluate
and find the optimal design morphology combining sound reflection from the top surfaces with uniform
distribution inside the room, keeping the design footprint as small as possible. For these to be achieved three
main objectives are set:
1) Maximizing the rays hitting the top two surfaces, i.e. blocking and absorbing as much as possible
the incoming sound from the “flexi” area and the adjacent room. The number of rays hitting the top
two surfaces is found by finding the interactions between the first, second and third-order reflections
with the surfaces. The number is compared to a reference surface providing maximum sound
blocking, and the difference is proportionally expressed.
2) Maximising the reflection area off the two bottom surfaces, i.e. providing optimal diffusion.
Evaluating the diffusion is done first by finding the intersection points of the first-order reflections
with a hemisphere built at the barycentre of the surfaces. Then a surface is constructed encompassing
all the intersection points and its area measured.
3) Minimizing the side lengths of the surfaces thus minimizing the overall area maintaining the
fabrication constraints. The lengths of the surfaces of the initial input model are measured and
arithmetically averaged to provide for a single number input in the optimization algorithm.

Figure 4 - Optimization results: 1) Shortest side lengths; 2) Highest diffusion value; 3) Highest absorption
area; 4) Optimal negotiation between the values; 5) Selected candidate.
5
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The Pachyderm plug-in for Grasshopper is used for the acoustic evaluation of the design iterations.
Pachyderm is an open-source collection of geometrical simulation techniques employing ray-tracing and
image source methods.
The optimization is run for five generations with 100 samples. Sixteen candidates are selected from the
Pareto front first by picking the three dominating solutions for each objective and then choosing the best
solutions negotiating the three objectives. The results show that all candidates have an edge extending over
towards the source which ensures sound blocking and maximum absorption. As for the bottom surfaces, the
best results are achieved when they are parallel to the floor (Figure 4). The candidate offering the best
compromise between the first and the third objectives is selected. Further adjustments are done in order to
accommodate characteristics like the thickness of the backing material, eliminating sharp angles
incompatible with the fabrication constraints and other dimensional changes. The design chosen for the
bottom surfaces is not the most optimal, however, this is mitigated by introducing phase-grating diffusion
alongside the geometric sound dispersion, which provides additional absorption.

5

Material characterization and embedding material system properties in the
digital design

The material characterization of each surface is derived by the empirical tests of the absorption coefficient of
various wood-cork composites, combined with the performance requirements defined during the survey of
the existing conditions. In order to facilitate the material selection, the empirical findings are clustered in a
feature map using a Self-Organizing Mapping (SOM) algorithm.
5.1 Mapping of empirical findings
The composites are characterised in an impedance tube, where the sound is emitted at normal to the sample
incidence. In reality, the sound hits the surface in multiple random directions. The first step of the mapping
process is transforming all the alpha values from normal to random incidence. The Paris’ formula is used to
get approximate random incidence values for all the samples [4,5]. The Paris’ formula defined in the
literature is:
(1)
where αs is the random incidence absorption coefficient and α(θ) is the absorption coefficient
in the free field at an incident angle θ.
The 23 parameters characterizing the composites are organized in Excel and streamed in Grasshopper where
the values are normalized. They represent the 23 dimensions that the SOM algorithm has to cluster and map
on the basis of their topological relationship. The representation of the 23 dimensions in a three-dimensional
environment is very challenging. For facilitating the visual understanding, each composite and its
characteristics are represented as two stacked parallelepipeds. The top one represents the facing material,
while the bottom one is the backing material. The X dimension of the parallelepipeds is the arithmetically
averaged alpha in the low-mid frequency range, while the Y dimension is the average alpha in the mid-high
frequency range. The Z dimensions represent the thicknesses of the facing and backing materials in
proportion. The colour and transparency represent the thickness of the air gap (Figure 5 - left).
The data is mapped onto a two-dimensional 11 x 11 data grid. The SOM consists of this grid where all nodes
have the same dimensionality as the training data. During the training, the grid nodes try to approximate the
input data as close as possible, self-organizing until convergence is reached. Once the training is completed,
the multi-dimensional data is organized in a grid of rows and columns. The training data is then replaced by
the input absorption coefficient alpha diagrams, placed in the indices of rows and columns corresponding to
their position on the SOM grid (Figure 5 - right).
6
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Figure 5 - Feature map of the absorption coefficient and material properties data (left); The absorption
coefficient graphs clustered according to the feature map (right).
5.2 Assigning material composites
The most important feature of the SOM algorithm is in its capability to classify new incomplete data. In the
SOM grid, a new sample can be clustered by finding the closest node, done by comparing the Euclidean
distance of the new sample to every single node in the map and finding the closest one. This unit is known as
the Best Matching Unit (BMU) since its vector is most similar to the input vector [6]. The distance between
the input vector and the weights of the node is calculated by the Euclidean distance formula (2):
(2)
where V is the current input vector, and W is the node weight’s vector. When measuring the distances the
missing dimensions (the missing values characterizing the required composite) are ignored.

Figure 6 - Characteristics of the acoustic surfaces
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Following this workflow and given the required ranges for absorption known from the analysis of the
existing space, the composites for each surface are defined. The values characterizing the new data are the
approximated absorption coefficient values for each ⅓ octave frequency band and the thickness of the air
cavity behind the surface known because of the geometry. The suggested by the SOM algorithm composites
were compared to the actual impedance tube test results for the composite on the BMU and an agreement
between the suggested and actual behaviour was found. As such each of the acoustic surfaces is
performatively characterised (Figure 6).

6

Local geometric characterisation

In order to understand the distribution of absorptive, diffusive and hybrid treatments on the bottom surfaces,
a colour-coded map is created based on the intersection points of the first-order reflections with the
hemisphere, defined priorly (Figure 7 - left). The hemisphere is discretized in equal size elements and thus
populated with equidistant points. From this set of points, only those located in the areas without rays
intersections are selected. They represent the zone where the sound diffused from the surface should be
redirected to in order to achieve uniform sound distribution. This operation is done for two sound source
locations and both surfaces.

Figure 6 - Analysis of the uniformity of the reflections from the bottom surfaces (left); Finding the locations
on the surfaces of the target rays (right)
The mapping of the points back to the surfaces follows the simple geometric principle of reflection from flat
surfaces - the incident angle equals the reflection angle. Each point on the hemisphere is connected to the
source with a line. From the lines’ midpoints, a plane perpendicular to the line is generated. In this way, the
curve where the plane intersects the surface is found (Figure 8 - right). The point closest to the midpoint is
where the ray would hit the surface. Each point on the surface is then connected both to the source and the
points on the hemisphere. In order to check that the interaction points are correct, a plane centred at each
projected point on the surface is built perpendicular to the initially generated planes. Then a ray-tracing
algorithm is used to visualize the reflected rays and their intersection points with the hemisphere. From the
projected points a coloured map is generated showing in black the areas which should reflect the rays such as
to hit the target points (Figure 8 - left).
Besides denoting the location of reflecting surfaces, the map is also used for defining the locations of
absorptive and hybrid areas. The white spots on the map coincide with the areas focusing a part of the
reflected rays, thus creating a density of points onto the hemisphere. In order to mitigate this effect
potentially producing strong reflections in certain areas of the meeting room, absorption is provided. The
grey areas instead show the transitional zones with hybrid treatment. In this way, a smooth gradient of
performance is created ensuring uniformity of the reflected sound in the room.
8
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Figure 8 - Performance map (view from the bottom) for the bottom surfaces (left); pattern study and
distribution (right).

Figure 9 - Acoustic surfaces
Two of the most typical perforation patterns, holes and lines, are explored for the local surface treatment.
The goal was to look into the opportunities given by these rather simple geometric elements in differentiating
as much as possible a surface according to given performance boundary conditions. The lines and points are
thus distributed according to the colour map, defining the various performance zones. The holes start from
the centre white areas where absorption is needed. A Helmholtz type absorber is created allowing perforation
9
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of the cork in the back and focusing on the low frequencies. Instead, in the black areas where diffusion is
expected, lines are distributed providing geometric diffusion resulting from the surface irregularities. In these
areas, cork is not exposed. Finally, the grey areas are dedicated to phase-grating diffusion where the holes
are gradually transformed into elongated lines. In these areas cork, having different impedance than wood is
exposed in order to provide for phase-grating diffusion and respectively also absorption (Figure 7 - right).

7

Conclusions

The paper describes an approach for the design of acoustic surfaces with differentiated performances
answering to specific sound field conditions of existing spaces. The developments resulted in a digital design
workflow where existing interior sound field parameters and user activities were integrated with the material
system properties allowing the design, simulation and evaluation of acoustic surfaces that respond to the
programmatic, performance and user necessities. The workflow is applied in a real-life case study, a coworking space, TAG Milano Calabiana where acoustic issues of excessive noise, speech disturbance and
others are reported. The proposed multi-scalar approach serves as a design instrument that allows the
differentiation of performances within the same material system by means of geometric characterisation. The
application of neural networks for the classification of complex empirical data not only allows for complex
multi-dimensional information to be sorted and properly analysed by the designer but also allows for new
incomplete data to be clustered in the generated feature map by topological similarity. This can potentially be
used for mapping much more complex feature datasets of materials and composites providing an opportunity
for the extended use of new ecological materials for architectural acoustic applications. The next
developments include the finalization of the acoustic surfaces, i.e. production files preparation and
fabrication.
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Abstract
This paper evaluates a design procedure which is able to scale one-dimensional quadratic-residue diffusers, with
integrated Helmholtz resonators. These acoustic structures can be tuned to room modes while fitting within a
specified volume. An algorithmic solver is used to control geometric parameters in order to achieve a target
frequency. The effect of the diffuser on a room is estimated using Pachyderm. Values obtained with simplified
models, that make use of analytically derived coefficients, are compared with those obtained by simulating
the full geometry. The predictive power of the simplified modeling made it preferable over simulating the full
geometry in comparable scenarios. CFD simulations and measurements taken from a 1:1 scale prototype, are
used to evaluate the applicability of lumped mass models to predict resonance frequency and absorption of slit
Helmholtz resonators. Although the obtained results remain inconclusive, they indicate a higher inertial attached
length for semi-infinite slit resonators, than typically found in literature. If these results can be validated, then
the procedure should provide reliable designs.
Keywords: Helmholtz resonators, QRD, CFD, Pachyderm, parametric

1 Introduction
Small rooms provide unique challenges for any acoustic treatment, as each room is different in their acoustical
behaviour, and the space available for acoustic treatment is often limited. Computational design procedures
could be used to efficiently shape and evaluate customized retrofit solutions within relatively short time frames.
These design and automation principles are applied to a case study in an effort to evaluate the feasibility of
these notions. Figure 1 shows a small room used for music production which is used as a test case. A section
of the back wall is available for acoustical treatment, referred to as volume L. The acoustical treatment, used
in this study, is meant to solve two common problems in small room acoustics: low frequency room modes
and coloration due to specular reflections. The proposed treatments are one-dimensional quadratic-residue diffusers (QRDs) with integrated Helmholtz resonators tuned to specific room modes, as their characteristics are
well-known and quantifiable through semi-analytical models. This also enables the use of simplified geometries by applying derived coefficients to larger surfaces instead of requiring detailed and extensive acoustical
simulations. While volume L could theoretically be filled by a singular QRD, this would be relatively difficult
to manufacture due to potential size. Instead, the QRD is recommended to consist of multiple elements that can
be populated within volume L. The design procedure and the structure tailored for this test case are discussed
in section 2. Sections 3 and 5 detail the tuning of the QRDs and their effect on the room using Pachyderm
Acoustics (v2.0.0.2.), an acoustics simulation plugin for Rhinoceros 3D and Grasshopper. The modeling of the
1
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Figure 1: Testcase studio (5.15m × 4.36m × 2.97m), where L is available for treatment (2.56m × 1.98m × 0.30m).
integrated resonators by way of lumped mass models (LLM) is described in section 4. In an effort to evaluate
these methods a multitude of computational fluid dynamic (CFD) simulations have been carried out in addition
to acoustical experiments on a physical prototype in a reverberation chamber.

2 Design procedure
The proposed design procedure, as shown in figure 2, is able to scale a 1D QRD with two integrated slit
Helmholtz resonators according to various inputs. First, the dimensions of the room are given in order to obtain the target frequency for the Helmholtz resonators. It is assumed that low frequency room modes are to be
absorbed as they are a potential problem in small rooms. This is because the modal density in low frequencies
is much smaller [1]. For rectangular rooms, the modes can be approximated using equation 1,
√
an 2
tn 2
on 2
Fn = ( ) + ( ) + ( )
(1)
L
W
H
in which Fn is the resonant frequency, c is the constant of the speed of sound, an is the axial room mode
number, tn is the tangential room mode number, on is the oblique room mode number, and L, W and H are
room dimensions in meters. The second input selects which room mode is to be absorbed. For the test case,
its third axial mode of 100Hz, is selected as the target frequency. The third input defines the space, volume
L, that is available for the acoustic treatment and consequently the maximum dimensions of each QRD. The
prime number defines the amount of wells per QRD. The material thickness defines the width of the dividers,

Figure 2: Left: design procedure. Right: exploded view of resulting geometry, where a) is a N13 1D QRD, b)
are the slits of the Helmholtz resonators, c) are the cavities of the resonators, and d) is the top of diffuser. The
overall dimensions are 0.83m × 0.30m × 0.24m with a wall thickness of 8mm.
2
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the internal offset within the QRD which in turn creates the cavity of the Helmholtz resonators, and defines
their neck length. This leaves the neck width as the last input to be defined which can be accomplished via
algorithmic solvers by setting its target solving value, as a result of dividing the target frequency by the achieved
frequency, to ‘one’. The choice of the algorithmic solver is crucial as it can have significant impact on the results
obtained [2]. The design procedure has the final geometry as an output, as depicted in figure 2, with the relevant
corresponding scattering coefficients, absorption coefficients and resonant frequencies. Methods used to obtain
these parameters are discussed in section 3 and 4. Manufacturing instructions can be obtained by dividing the
geometry into different panels that could be milled or laser-cut. Alternatively, an inner curve can be generated
to be used as a trace curve for large scale 3D printing end effectors. As these instructions vary immensely per
production technique and even machine, they will not be further detailed within this paper. During this study,
the design procedure was defined as a Grasshopper script, utilizing the Galapagos solver.

3 Quadratic residue diffusers
The QRD is designed according to principles derived from Cox and D’ Antonio [3]. The thickness of the dividers
can be any as long as they are rigid and reasonably thin. The depth of each well is defined in accordance to
equation 2, which describes the relationship between the depth dn as a result of a quadratic residue sequence
Sn = n2 mod N, the wavelength of a frequency λn , and prime numbers N. The first well is divided in half with
one half placed on each side of the QRD in order to ensure symmetry.
dn =

Sn λn
2N

(2)

Given a maximum depth, it is possible to calculate the natural frequency (f0 ) using equation 3,
f0 =

cSmax
2Ndmax

(3)

in which c is the speed of sound and Smax the largest number in the quadratic residue sequence. An estimation
of the scattering coefficient can then be carried out in accordance to equation 4,
2

s′ = 1 − ∣

1 N −2jkdn
∣
∑e
N n=1

(4)

where the wave number k equals ω/c. Note that this model is not ISO compliant but it has proven to be surprisingly accurate and its numerical approach enables it to be integrated within the design procedure [3]. The
behavior of the scattering coefficient at different frequencies is shown in figure 3. A QRD can absorb sound by
virtue of their material, the presence of thermal and viscous boundary layers and other effects not discussed here.
Absorption coefficients can be approximated by accounting for the presence of thermal and viscous boundary
layers, while assuming smooth walls [4]. Equation 5 can be used to approximate the absorption coefficient.
α =1−∣

z−1 2
∣
z+1

(5)

This requires the determination of the dimensionless impedance, z, at the entrance of each well,
zn = −i {1 + (1 − i)

δv − (γ − 1)δh
} cot(kt dn )
2bn

(6)

where, γ is the impressibility
ratio of air.√The thicknesses of the viscous and thermal boundary layer can be
√
determined using δv = 2ν/ω and δh = 2χ/ω respectively. Here ω is the radial excitation frequency, ν and
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χ are the kinematic viscousity and thermal diffusivity of air and kt is the propagation number which can be
approximated with equation 7.
k
kt ≈ k +
(1 − i)[δv + (γ − 1)δh ]
(7)
2bn
Both the obtained and expected absorption of the QRD well are fairly small, due to the large well widths.
Below 8000Hz the estimated absorption coefficient remains below 0.01. The choice of well width is based on
minimal high frequency absorption and lower ray tracing requirements, as discussed in section 5. In reality,
these values are proven to be typically higher and depend on the material the QRD is constructed with and its
surface qualities [5]. Both of the aforementioned studies acknowledge that a more accurate analytical model
has yet to be developed. The obtained scattering coefficients and absorption spectra can be used to aid the ray
tracing simulations which is also discussed in the next section.
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Figure 3: Predicted scattering coefficients of the QRD

4 Helmholtz resonators
An accurate prediction of the resonant frequency of the integrated Helmholtz resonators is an essential component in the design procedure as it should target specific frequencies. The ability to predict the absorption
characteristics given a range of frequencies with some accuracy, is useful in evaluating the effectiveness of
the resonators and whether they are worth incorporating in any specific design. The geometry used for this
paper incorporates two slit resonators, with separate cavities in order to suppress lateral propagation. Both resonators feature an irregular shaped cavity defined by an internal offset of the outer geometry of QRD. The neck
and cross-sections are rectangular with a height equal to that of the cavity and a length equal to the material
thickness. No porous absorbent is applied. Modeling the natural frequency and absorption characteristics of a
Helmholtz resonators is typically performed with a linearized lumped mass model (LLM). These models are
varied, accounting for different geometric or physical effects. This study will use a model that should be able
to account for thermal and viscous (boundary layer) effects [6]. The model needed only a small adaption to account for the difference in topology as discussed later. The model equations have been rewritten in a compacted
form for the sake of brevity. The corrected natural frequency ω0k , in rad/s, can be obtained using equation 8,
¿
Á
S0
ω0k = cÁ
(8)
Á
À
v
V [l0 (1 + 2δ
)
+
l
]
a
d0
in which S0 is the cross-sectional area of the neck and V is the volume of the resonator. The term between square
brackets represents the effective length of the neck which is corrected for the presence of boundary layers. l0 is
the physical length and d0 is the width of the neck. la is the inertial attached length, or end correction. Given that
the geometry of the resonator used in this study contains a very high and narrow slit, the expression derived [7]
and used by Komkin [6] is not likely to yield accurate results as it applies to cylindrical resonators or rectangular
4
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resonators with similar cross-sectional areas. Numerous alternative expressions concerning the attached length
for orifices have been devised by either derivation, experiment or numerical simulations. These often build
upon the foundational works of Rayleigh [8] and Ingard [9]. After conducting a comprehensive survey of many
existing models a unification has been introduced by Jaouen et al. [10]. Reyleigh proposes that the inertial
attached length will be between πr/4 < la < 8r/(3π), where r is the radius of the orifice. Ingard also considered
rectangular neck topologies, however these seem not applicable to slots with very high neck heights. For a twodimensional or semi-infinite case, the attached length would keep increasing indefinitely with the square root
of the height of the neck. To the authors knowledge, there is no definitive source on inertial attached lengths for
slit resonators with semi-infinite heights. Eventually, Reyleigh’s la ≈ 0.82d0 , approximation was used based on
the work of Durá et al. [11], as their model reduces to that approximation given the current topology. A slight
reduction in frequency is likely due to the asymmetry of the cavity, however given the size of the cavity and
the local similarity of the topology, the shift in frequency should remain small [12]. In order to compare the
predictive power of the LLM model with the CFD simulations and experimental data, an absorption spectrum
will be constructed. The absorption coefficient can again be obtained using equation 5 and the dimensionless
impedance as shown below,
z=

l0
S0 Ss δh
cS ω
1
S
[2kδv ( + φ) +
]+i ( 2 − )
2
S0
d0
kV
V ω0k ω

(9)

where S is the cross-sectional area of the QRD and Ss is the surface area of the cavity. φ is an empirically derived
corrective factor that approximates the additional neck length as a result of the viscous losses that occur at the
edges of the neck. Appropriate values ranging between 1 and 1.13 can be used [6]. A value of 1.13 is used
throughout this study. Note that the equation above does not reflect the proper scaling due the presence of two
decoupled resonators. The resulting absorption spectrum is depicted in figure 6, where a second curve shows
the absorption characteristics without the correction for viscous and thermal effects.

5 QRD modeling using Pachyderm
In order to estimate the effect of the diffuser has on the room of the test case, three scenarios were simulated
using Pachyderm. First, the current room without the diffuser. Second, the diffuser modeled as volume L with
scattering- and absorption coefficients applied to its room facing surface. These coefficients are obtained as
discussed in section 3. Third, the diffuser fully modeled as the final geometry populated 24 times, in order to
fill volume L. A “smooth” material applied is applied in this last case. Though the analytical models assume
perfectly smooth walls, the smooth material in Pachyderm is given a scattering- and absorption coefficient of
0.01 across the frequency spectrum to prevent a ray from potentially bouncing between walls indefinitely. Other
material properties were assigned according to values derived from Cox & D’Antonio, as shown in figure 1. As
Pachyderm expects values for 62.5Hz and 8000Hz, the values used are the same as 125Hz and 4000Hz respectively. Note that Pachyderm is currently unable to simulate singular frequencies, so any potential effect of the
Helmholtz resonators is not accounted for in these simulations.
The simulations were carried out using the image source method set to one image order, combined with ray
tracing. The number of rays doubled per simulation, starting at 125 rays up to, and including, 8000 rays. A cutoff time of 2000ms was enforced. Environmental factors included an air temperature of 20°C, relative humidity
of 50%, and an air pressure of 1000 hPa. The ISO 9613-1 (Outdoor Attenuation) method was used. Within
the room two omnidirectional sources, representing loudspeakers, were placed at 1m from the back wall and
1m and 3m distance from the sidewall respectively. Both sources emit 120SWL across the frequency bands.
A receiver was placed centered within the room. The simulations were run on a system that utilizes an Intel
i7-6700HQ CPU which runs at 2.60GHz, and 31.8GB of RAM. Pachyderm can also be used within Grasshopper
during an iterative process where an algorithmic solver can be used to obtain a target value. This process would
require various cycles of calculations where a relationship between accuracy and computational time needs to
be established. The obtained results are discussed in section 8.
5
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6 Resonator modeling using CFD
Numerical investigation into the absorption behavior of the resonator-diffuser combination within the context
of the room was performed using rhoPimpleFoam, a transient, compressible finite volume solver. Changes in
density, temperature and enthalpy are accounted for using the energy equation. Air was assumed to be an ideal
gas at 296 Kelvin. Fluid turbulence was modeled using the LES WALE method. The computational domain
consisted of a two-dimensional slice of the studio, as shown in figure 1, using a square grid, with a total of
79.6⋅104 cells. Grid resolution ranged from 0.04 to 8mm, with 50 cells spanning the width of the resonator neck.
The average resolution within the cavity and at the diffuser walls were 1mm and 2mm respectively. The mesh
got progressively coarser with increasing distance from the resonator. A small grid convergence study has been
carried out to ensure that size limit of 8mm would not be too diffusive for the pressure waves. No noticeable
deviations in wave characteristics were observed at this resolution with respect to finer grids. The (subgrid)
turbulent viscosity ratios observed were below 10−5 , indicating sufficient grid resolution for the amount of
turbulence present in the system. y+ values in the neck remained below 0.25, which also indicates sufficient
resolution in the wall normal direction. In order to excite the resonator at a range of frequencies a ”chirp” sound
was ”played” which created an oscillating pressure boundary condition. The source of the pressure waves,
located at the far side of the studio, was modeled as a velocity inlet-outlet with a fluctuating pressure boundary
condition. This is not strictly physical, but sufficient for the scope of these simulations. The width of this
”speaker” equals that of the QRD geometry. The pressure would oscillate around 105 Pa, with a frequency of
40 + 20t Hz and an amplitude of 5.6Pa. Due to time constraints the simulation was halted after 4.5 seconds,
which means that the range of frequencies at the ”speaker” was 40 to 130Hz. However, higher frequency waves
were present at the resonator neck by virtue of wave interactions. In order to fill in the frequency spectrum
further, additional simulations have been carried out at 78, 100, 156, 221 and 312Hz. Their time span was
defined by a minimum of 20 periods and an additional 0.14 seconds. Marching through time was carried out
by utilizing implicit Crank-Nicolson time integration. The upper limit on the time step size was defined as
min(4 ⋅ 10−4 /(πωi ), 2 ⋅ 10−5 ), where ωi is the excitation frequency. This should allow enough resolution to
capture the pressure waves and any large eddies that might be present. The timestep was automatically reduced
if the Courant number exceeded 0.5. A maximum of 10 outer iterations was set for each time step. Almost all
time steps converged with 4, and sometimes 7 iterations to a relative tolerance of 10−3 or an absolute residual
below 10−6 for all fields. The described numerical setup is likely over-resolved, meaning that any discrepancies
with respect to the physical world will be mostly due to the two-dimensional reduction. This limits the accuracy
of the turbulence modeling and the choice of boundary conditions instead of discretization or modeling errors.

7 Prototype testing
A prototype of the design was made from 8 and 4mm thick medium-density fibreboard with individual panels cut
out by a laser cutter. The panels were joined together using glue. Internal borders were treated with a polymerbased sealant to prevent leaks. Only one significant deviation from the design to the tested geometry was found.
Close inspection revealed that one of the panels defining the neck of the second Helmholtz resonator shifted
by 0.7mm. This effective reduction in neck length could lead to a 12Hz increase (according to the corrected
LLM model) in resonance frequency for that specific resonator. This is likely the main cause of the difference
in resonant frequency between the measurements and CFD results as discussed in section 8. The prototype was
tested in a reverberation chamber. The chamber had a receiving volume of 220.8m3 , an internal temperature of
24°C, a relative humidity of 49%, and a pressure of 103.1kPa. Using an omnidirectional speaker, the room was
excited with 100dB white noise for eight seconds after which the reverberation time values per third octave bands
were measured. Five scenarios were considered, first the empty room, where three microphone positions and
nine impulses per position were used. Second, the room with the prototype, using nine encircling microphone
locations and three impulses per position. The individual resonators were tested by placing the microphone at
the necks of each resonator respectively. The fifth scenario has the microphone at 1m distance from the surface,
on the symmetry plane as shown in figure 4d. Nine impulses were used for each position.
6
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(a) Chamber.

(b) Near resonator 1.

(c) Near resonator 2.

(d) At 1m distance.

Figure 4: Impression of microphone placements within reverberation chamber.

8 Results
Ascertaining the effectiveness of Pachyderm and the use of simplified QRD models therein, has been attempted
by simulating three scenarios as discussed in section 5. Figure 5a shows the 15dB reduction reverberation times
for different frequency ranges. The inclusion of the QRD increases the T15 values frequency ranges below
1000Hz. This increase becomes more pronounced when approaching 500Hz due to an increase in both modeled
scattering coefficient and simulated scattering behavior for the simplified and full QRD scenarios. The sharp
decrease in reverberation time to just above that of the empty room, for frequency ranges above 500Hz, is due
to the absorption characteristic of the room. The difference between the results obtained for the simplified
and full QRD is because of an under-resolved ray field and a difference in modeling method. Unfortunately,
there is no visible result convergence for the full QRD scenario, as can be seen in figure 5b. It is therefore
not possible to quantify the difference in results due to the choice simplified modeling or simulating the full
QRD geometry. The high number of rays and computation time required to fully resolve the full QRD geometry
makes this method ill-suited for integration within the design procedure. The simplified model is on average 2.5
times faster (in this particular scenario) with the same number of rays. Given that the simplified QRD scenario
provides steady results with only a 1000 rays, makes this method the preferable for cases where a semi-analytical
model can be employed. Full integration of either QRD modeling method into an iterative design procedure
remains mostly a question of computation time (see figure 5c) and available resources.
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Figure 5: Simplified QRD geometry
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and the room without QRD

.

Both the CFD simulations and the acoustic measurements serve to evaluate the predictive power of the LLM
models. Unfortunately, both investigations remain unfortunately inconclusive. Figure 6 shows the absorption
curves obtained with the LLM methods. The model corrected for the presence of thermal and viscous boundary
layers (LLMc ) predict a maximum absorption coefficient near 100Hz. This will be corroborated by the acoustical
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measurements as shown later. The LLM prediction without correction (LLMi ) predicts peak absorption at a
higher frequency as is expected. The CFD results predict a peak near 88Hz. Assuming the deviation between
these predictions to be solely due to a under-prediction of the inertial attached length, a new curve can be fitted
to the CFD data. Assuming the attached length to be 2.3d0 produces the dotted curve shown in figure 6. The
assumption that the asymmetry of the cavity would have little to no impact on the frequency has proved hard to
validate. There is a very slight curvature to the temporally averaged air streams that enter the cavity, but this is
only slightly noticeable at multiple neck lengths away from the neck at very low velocity compared to the air
velocity in the neck.
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Figure 6: Obtained absorption curves.
The data obtained with the acoustical measurement could not be used to construct an absorption spectrum,
however the reverberation times do provide some insight into the resonant frequency of the absorber. Figure 7a
shows the relative T20 values, measured near one the of the resonator slits. Unfortunately, the first resonator
did not produce results that could be separated from the background data, while the resonator (whose results are
shown) had a geometrical deviation (as disscused in section 7). The T20 values are presented relative to those
of the empty test chamber as the T20 values of the empty chamber are not uniform across the frequency spec2
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(b) Mic located at 1m distance on symmetry plane.

Figure 7: Relative change in T20 with respect to empty room.
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trum. There is a small yet defined increase in relative T20 at 100Hz, this should correspond to some continued
oscillation of mass in the resonator neck after excitation. The opposite behavior is observed at 1m distance from
the resonator which would indicate the absorption of sound in that frequency range (see figure 7b). Note that
although both these results seem to corroborate the corrected LLM model using an inertial attached length of
0.82d0 , the fact that the these results are from the resonator with the construction deviation, means that these
values might be ≈ 12Hz above the expected frequency. This seems to agree with the aforementioned results obtained from the CFD simulations. Since the changes in relative T20 are fairly small, especially when compared
to the spread of the measurement data and the low resolution across the frequency spectrum, there is no way
to either corroborate any conclusion with certainty. It is also not possible to make any meaningful distinction
between the corrected and uncorrected model given the acoustical measurements.

9 Conclusions
The proposed design procedure enables the generation of scalable QRD’s with internal Helmholtz resonators
where an algorithmic solver can control geometry parameters in order to achieve a target resonance frequency.
An approximation of the effect of the QRD can be made using Pachyderm where results obtained indicate
that applying analytically derived coefficients to larger, simplified surfaces greatly reduces computational time
when compared to fully modeled geometry. Simulations using fully modeled geometry show greater deviations in results obtained. However, the similarities between values found using either method could indicate
a capability of roughly estimating the effect of other diffusing geometries when analytical models are absent.
The absorption spectrum obtained using computational fluid dynamics agrees well with the spectra obtained
using the LLM models, after adjusting the inertial attached length. The applicability of the obtained results to
other slit resonators remains unknown. The authors would recommend a comprehensive study into the inertial
attached lengths for semi-infinite slit resonators. A prototype was evaluated by measuring reverberation times
in a reverberation chamber. Data obtained can be interpreted as indicating that the resonance frequencies of the
Helmholtz resonators are in reasonable agreement with the predicted frequency. There seems to be disagreement between the resonant frequencies predicted by the CFD modeling and the measurements obtained in the
reverberation chamber. This is likely due to a small deviation from the design specifications. The expected
frequency shift from this deviation seems to match in magnitude with the disagreement between measurement
data and CFD results. Future research should include testing the resonance frequency and absorption coefficient
of the Helmholtz resonators using the impedance tube method. The effect of the diffuser and scattering coefficients obtained using Pachyderm should compared with empirical data. Extra effort can be made to investigate
the effect geometric deviations occurring in objects made using additive manufacturing on acoustic behavior in
comparison to smooth walled objects.
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Abstract
In acoustics, parametric design often means optimization. In this paper, FDTD simulations are evolved in
2D, reflective enclosures of equal area and varying shape, while the sound distribution is monitored using the
Kolmogorov-Smirnov statistical test. The shapes studied are varied geometrically, in an attempt to
understand the geometric properties of enclosures that determine the evolution of sound propagating within.
Results indicate that enclosures may exhibit three regions of behavior, corresponding to enclosures with flat
sides, concave interiors, and convex interiors. Early-stage architectural design decisions may benefit from
these results.
Keywords: enclosure, FDTD, shape, concave, convex

1

Introduction

This work aims to inform the architectural design process by gleaning insight into the relationship between
enclosure shape and the evolution of sound fields within. Sound is spatial and temporal, and the real and
virtual microphones used to study sound are spatially-limited. A diffuse field is usually assumed, so that
what is learned at a handful of locations generally applies to the room as a whole. An example is the
identification of a transition time, or mixing time, in an impulse response, beyond which the reflections can
be treated stochastically to save computing power [1] [2] [3]. However, microphones can obscure the initial
spatial development of a sound field, especially in spaces that prevent the development of diffuse fields.
In this work, finite-difference time domain (FDTD) simulations are used to study wave behavior in the time
domain. Room boundaries are treated as fully reflective, without absorption of any kind, since the behavior
of enclosure shape is the topic of interest. We intentionally do not attempt to reproduce realistic rooms, in
order to study the lossless effect of enclosure geometry. This work also recognizes the validity of parametric
approaches that differ from CAD sliders and optimization, as exemplified by equations such as Sabine's for
reverberation time, in which parameters such as room volume predict aspects of the acoustics of rooms. Our
goal is to use incrementally-shaped enclosures to gain insight into the process of room shapes dissipating
sound energy. The simulations produced are also excellent, easily readable, visual illustrations of the
acoustic character of spaces that alone could be used as training tools for architects.
As with all models and processes, those utilized here have limitations. Any conclusions drawn from the
FDTD method employed are limited by the accuracy of FDTD itself. The computational cost limits this
study to 2D, though general results are expected to extend to 3D. Ultimately, we hope this methodology
encourages architects and designers to begin with room shapes that are acoustically advantageous, rather
than unknowingly beginning with a shape that will require correction. This work aims for the initial moments
of the design process, as the architect, often without an expert in acoustics, first puts pencil to paper and sets
a geometric direction that will be difficult and expensive to undo.
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Much related work has been accomplished by others. The sphere, as an idealized and predictable enclosure,
has allowed exploration of less predictable properties, as Joyce did in a study of surface roughness [4]. Some
spaces develop stable reflection patterns that prevent ergodicity or mixing, and “non-ergodic rooms exhibit
varying reverberation” [1]. The separation between room geometry and wall admittance was described by
Bilbao and Hamilton [5] as a part of their effort to stabilize FDTD simulations. Those who look for mixing
times in impulse responses often use statistical analyses, with the premise that “the diffuse sound field is
assumed to be a Gaussian process”[6]. According to Mikio Tohyama, the histogram of an even energy
distribution is equal to an exponential distribution [7]. FDTD has been used in the field of acoustics since at
least 1994, when the method was described by Bottledooren [8], and adding frequency dependent boundary
conditions increases the complexity of simulation [9]. Over time, advances in this field of inquiry have
increased our ability to include and decipher ever more detailed information from FDTD simulations
[10][11]. The study of idealized enclosures with reflective walls and simple geometry finds precedent in
earlier acoustic studies, such as Bolt et al [12], conducted before computer processing made more realistic
acoustic simulations possible. The hypothesis that enclosure shape will determine mixing time is rooted in
billiard theory, and the chaotic behavior of acoustic rays in irregularly shaped enclosures [13][14]. The
methods used in this research were originally implemented in thesis work by Belanger [15], and were
evolved for the work presented here.

2
2.1

Methods
FDTD simulation method

The 2D shapes to be studied were generated in Rhinoceros modeling software. They were discretized using a
custom Grasshopper script, in Rhino, that overlays a variable-resolution grid of lines onto the shape, and
records the coordinates of intersection points between the two systems. Those points are then exported and
read into a custom Python FDTD simulation script. This system allows for any arbitrarily shaped geometries.
The simulation script uses a non-staggered 3D compact explicit scheme on a rectilinear grid - a specific
variant known as interpolated wideband [16]. The 3D wave equation for sound propagation in air is:

𝜕 2𝑝
𝜕 2𝑝 𝜕 2𝑝 𝜕 2𝑝
2
= 𝑐 ( 2 + 2 + 2)
𝜕𝑡 2
𝜕𝑥
𝜕𝑦
𝜕𝑧

(1)

where 𝑝 is pressure and 𝑐 is the speed of sound. Compact explicit schemes can approximate this equation as:
𝑛
𝑛
𝜕𝑡2 𝑝𝑙,𝑚,𝑖
= 𝜆2 [(𝜕𝑥2 + 𝜕𝑦2 + 𝜕𝑧2 ) + 𝑎(𝜕𝑥2 𝜕𝑦2 + 𝜕𝑦2 𝜕𝑧2 + 𝜕𝑥2 𝜕𝑧2 ) + 𝑏𝜕𝑥2 𝜕𝑦2 𝜕𝑧2 ]𝑝𝑙,𝑚,𝑖

(2)

where 𝑝 is the updated pressure, 𝑛 is the time step index, 𝑎 and 𝑏 are free numerical parameters, and 𝑙 , 𝑚
and 𝑖 are the spatial indexes. 𝜆 is the Courant number, and is defined as
𝜕𝑡
(3)
𝜕𝑥
which determines the timestep given the spatial resolution and Courant value, which is 1/√2 for the 2D
simulations in this work. The second-order derivative centered finite-difference operators are defined as
follows:
𝜆=𝑐∗

𝑛
𝑛+1
𝑛
𝑛−1
𝜕𝑡2 𝑝𝑙,𝑚,𝑖
≡ 𝑝𝑙,𝑚,𝑖
− 2𝑝𝑙,𝑚,𝑖
+ 𝑝𝑙,𝑚,𝑖
𝑛
𝑛
𝑛
𝑛
𝜕𝑥2 𝑝𝑙,𝑚,𝑖
≡ 𝑝𝑙+1,𝑚,𝑖
− 2𝑝𝑙,𝑚,𝑖
+ 𝑝𝑙−1,𝑚,𝑖

(4)

𝑛
𝑛
𝑛
𝑛
𝜕𝑦2 𝑝𝑙,𝑚,𝑖
≡ 𝑝𝑙+1,𝑚,𝑖
− 2𝑝𝑙,𝑚,𝑖
+ 𝑝𝑙,𝑚−1,𝑖
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𝑛
𝑛
𝑛
𝑛
𝜕𝑧2 𝑝𝑙,𝑚,𝑖
≡ 𝑝𝑙,𝑚,𝑖+1
− 2𝑝𝑙,𝑚,𝑖
+ 𝑝𝑙,𝑚,𝑖−1
𝑛
𝑝𝑙,𝑚,𝑖
≡ 𝑝(𝑥, 𝑦, 𝑧, 𝑡)|𝑥=𝑙𝑋,𝑦=𝑚𝑋,𝑡=𝑛𝑇

These operators can be applied to equation 2 to obtain the update equation for general compact schemes:
𝑛
𝑛
𝑛
𝑛
𝑛
𝑛
𝑛
𝑝𝑙,𝑚,𝑖
= 𝑑1 (𝑝𝑙+1,𝑚,𝑖
+ 𝑝𝑙−1,𝑚,𝑖
+ 𝑝𝑙,𝑚+1,𝑖
+ 𝑝𝑙,𝑚−1,𝑖
+ 𝑝𝑙,𝑚,𝑖+1
+ 𝑝𝑙,𝑚,𝑖−1
)
𝑛
𝑛
𝑛
𝑛
𝑛
+ 𝑑2 (𝑝𝑙+1,𝑚+1,𝑖
+ 𝑝𝑙+1,𝑚−1,𝑖
+ 𝑝𝑙+1,𝑚,𝑖+1
+ 𝑝𝑙+1,𝑚,𝑖−1
+ 𝑝𝑙,𝑚+1,𝑖+1
𝑛
𝑛
𝑛
𝑛
𝑛
+ 𝑝𝑙,𝑚+1,𝑖−1
+ 𝑝𝑙,𝑚−1,𝑖+1
+ 𝑝𝑙,𝑚−1,𝑖−1
+ 𝑝𝑙−1,𝑚+1,𝑖
+ 𝑝𝑙−1,𝑚−1,𝑖
𝑛
𝑛
+ 𝑝𝑙−1,𝑚,𝑖+1
+ 𝑝𝑙−1,𝑚,𝑖−1
)

(5)

𝑛
𝑛
𝑛
𝑛
+ 𝑑3 (𝑝𝑙+1,𝑚+1,𝑖+1
+ 𝑝𝑙+1,𝑚−1,𝑖+1
+ 𝑝𝑙+1,𝑚+1,𝑖−1
+ 𝑝𝑙+1,𝑚−1,𝑖−1
𝑛
𝑛
𝑛
𝑛
+ 𝑝𝑙−1,𝑚+1,𝑖+1
+ 𝑝𝑙−1,𝑚−1,𝑖+1
+ 𝑝𝑙−1,𝑚+1,𝑖−1
+ 𝑝𝑙−1,𝑚−1,𝑖−1
)
𝑛
𝑛−1
+ 𝑑4 (𝑝𝑙,𝑚,𝑖
− 𝑝𝑙,𝑚,𝑖
)

where the interpolated wideband variant requires 𝑑1 = 1/4, 𝑑2 = 1/8, 𝑑3 = 1/16, and 𝑑4 = −3/2. While
conformal methods exist that allow the use of curved boundaries, a stepped method with high spatial
resolution was chosen, the computing power for which remains reasonable in 2D. The resolution used for all
geometries is 1 centimeter, or 100 points per meter, which is adequate given the relative simplicity of all
forms and limited frequencies studied.
This simulation method uses pressure-release boundaries, where the pressure at points defining the enclosure
geometry are set to zero and therefore represent a completely reflective condition. This allows the study of
geometric influence, without material flex or locally absorptive surfaces. It can be assumed that any real
condition would be marked by increased absorption and would yield a quicker dissipation of acoustic energy.
2.2

Excitation pulse

The spatial resolution determines the temporal resolution, or sampling frequency, of the simulation. With a
fixed sound speed of 340.3 meters/second and 100 sample points per meter, the sampling frequency is
34,030 Hz. In all FDTD simulations, there is dispersion error, particularly in axial directions and at high
frequencies. This is reduced by the selection of a Courant number of 1/√2 (for 2D), and by the frequency
limits of the excitation pulse. The FDTD results are considered accurate only for frequencies up to 1/10 of
the sampling frequency [17]. In this case, the simulation should produce reliable results up to 3,403 Hz.
The sound source for the simulations is a Gaussian pulse:
𝑝 = 𝑒 𝑎(𝑥

2 +𝑦 2 )

(6)

where the pulse number 𝑎 determines the frequency content of the excitation pulse. The pulse is inserted into
the simulation at the zeroth time step. However, it can be evaluated in the time domain, as each physical
distance from the center can be converted into a time difference. We have determined that a pulse number of
-256 creates a frequency range that lies mostly below the 3,403 Hz cutoff, limiting the information to those
frequencies that show very little dispersion error. A Fourier transform converts this time-domain pulse into
the frequency domain for graphing.
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Figure 1: The frequency spectrum of the pulse used as a sound source for simulations
2.3

Statistical analysis

To analyze only the energy within the enclosure, the script sets all pressure values to zero, then initializes a
preliminary FDTD simulation. As this simulation progresses, the number of points with pressure equal to
zero is monitored as it decreases, as interior points are jostled. When the number of points equal to zero
stabilizes, it means the wavefront has reached every point within the enclosure. All points with pressure
levels other than zero are then marked as interior, the simulation is reset, and the main simulation is begun.
The simulation calculates sound pressure levels at every point in the enclosed space, which are squared to
represent sound energy. A histogram is then created of these energy levels and compared to an exponential
distribution at every timestep using the Kolmogorov-Smirnov (K-S) test, which is a non-parametric
comparison of two probability distributions. A value of 1 indicates an energy distribution that is not at all
exponential, and a value of 0 is a perfect exponential distribution. By calculating the K-S statistic at each
timestep and monitoring its evolution, the approach to a mixing condition can be characterized. This
definition of mixing as statistically equal energy distribution in a room is different from a diffuse sound field
in that mixing is an idealized concept that does not consider absorption, either in severity or distribution [18].

3

Results

Room shapes studied are grouped into five series, which are listed in Table 1. Internal area is held constant at
78.54 square meters - the area of a circle of diameter 10 meters. In each series, an aspect of enclosure shape
is parametrically altered, such as curving the boundary. All simulations were run for 500 milliseconds.

shape type
circle
rectangles
regular polygons
curved squares
curved triangles
3.1

Table 1 – Enclosure Shapes and Properties
number tested
property varied
1
n/a
10
proportion
11
number of sides
51
angle of vertices /
curve of sides
43
angle of vertices /
curve of sides

internal area
78.54 m2
78.54 m2
78.54 m2
78.54 m2
78.54 m2

The circle

Our exploration begins with a circle. In a reflective circle with a centralized, point sound source, sound will
never dissipate. The circular sound wave will expand to the borders, reflect, then contract to the center,
4
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repeatedly. In 3D, a spherical enclosure and central spherical source would behave in the same way. A plot
of the K-S test results reveals the expected repeated behavior of reflection at the boundary and concentration
at the center.

Figure 2 - Energy distribution over time in a circular enclosure
The simulation begins with an impulse in the center of the circle, and shows a K-S value of nearly one,
corresponding to a high concentration of energy. As the wave expands outward and the sound distribution
increases, the K-S value is reduced. When the wave encounters the enclosure, it reverses direction and
increases in concentration as it travels back toward the center of the circle. The regular increase and decrease
of K-S values in the plot corresponds to the inward and outward movement of the wavefront. The frequency
of this oscillation is determined by the speed of sound and the size of the enclosure. Also notable is the
wavefield degradation, or walking of the curve, over time; this is an artifact of the dispersion error discussed
in the Methods section above. This example, where the enclosure has a minimal perimeter, and is normal to
the direction of propagation, serves as a baseline for other shapes.
3.2

Rectangles

Many physical rooms are rectangular in plan, so a series of rectangles is relevant to the design process. The
first enclosure in the series is a square with an area of 78.54 square meters, matching the circle in the first
study. Subsequent rectangles maintain area but increase in ratio of length to width. The increment of change
between rectangles is constant, and is measured in circle defect, which is the ratio of perimeter to the
circumference of a circle of equal area. A series of 10 rectangles was studied, with the final rectangle in the
series exhibiting a circle defect equal to that of an equilateral triangle.

5

1920

Figure 3 – Energy distribution over time in 10 rectangular enclosures
The results show that the changes in length/width ratio made little difference in the rate of sound distribution
for rectangles. The K-S value curve shapes are nearly identical for all 10 rectangles studied.
3.3

Regular polygons

This series is a progression toward the idealized circular condition, inspired by the idea in calculus that a
circle can be approximated by regular polygons of increasing number of sides. The triangle is the coarsest
approximation, and the number of sides is increased until a dodecagon is reached. For reference, the previous
results of the circle have also been included.
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Figure 4 – Energy distribution over time in a circle and 10 regular polygons
The plot of the K-S values over time shows considerable mixing for all shapes in comparison with the circle,
along with some degree of oscillation, though significantly reduced in comparison with the circle. The
behavior is similar for all regular polygons, as all K-S curves have similar shape and lie roughly on each
other, though not as tightly as for the rectangular series. This may be unexpected, as the polygons with more
sides are more similar to the circle and could have been expected to mix significantly slower than the fewsided polygons. In fact, the triangle can be seen to have the slowest mixing of all.
3.4

Curved squares

As with the regular polygons, this series is conceived as an incremental departure from the circular
enclosure. Each ‘square’ has four curved sides. If one were to divide a circle into four equal semicircles and
add a vertex at the boundary between each semicircle, that would be the condition labeled a 180 degree
vertices, since each vertex has two curves that meet at a 180 degree angle. Using this condition as a starting
point, the angle at those vertices was incrementally changed, allowing the connecting curves to flex
appropriately, to produce shapes with concave and convex sides, and a square (90 degree vertices). The
expectation would be that, as the vertex angles decrease, and the shapes would become less circular, the
sound energy would distribute faster.
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Figure 5 – Energy distribution over time in four sided figures with curved sides
This plot of K-S values shows that this series yields no surprises, with a higher rate of sound distribution as
the shapes diverged from the circle. The plot shows 11 conditions in 20 degree increments, but simulations
were conducted at up to 2 degree increments, for 51 total conditions. The pattern seen in this plot, where K-S
values drop more quickly when the vertices are more acute, appears to be consistent and predictable
throughout the series.
3.5

Curved triangles

The curved triangles are similar to the curved squares, with vertices that range from 0 degrees to the 180
degree circle.

8

1923

Figure 6 – Energy distribution over time in three sided figures with curved sides
As seen with the curved squares, these 3-sided figures behave in a predictable manner, with the curvature of
the sides determining the rate of energy distribution inside the enclosure. 43 total conditions were tested,
though the plot is limited to 10 conditions for clarity.

4

Conclusions

In this work, we have described a method for assessing the distribution of simulated sound energy in 2D
spaces, and demonstrated, through parametrically varying room shapes, a potential relationship between
enclosure shape and the rate of distribution of sound within. Three apparent realms of acoustic behavior were
studied: simple convex polygons, curved enclosures with concave interiors, and curved enclosures with
convex interiors. While the potentially detrimental influence of concave surfaces - the domes and cylinders
of classic architecture - has been understood in architectural acoustics for a long time, this work places such
surfaces in the context of enclosure form as a whole, and in relationship to flat and convex forms. The curved
enclosures with concave interiors tend to impede the dissipation of sound, while those with convex interiors
tend to promote dissipation. Simple convex polygons, with flat sides, appear to be a benchmark which sits
between these other two realms, and which all seem to dissipate sound in a similar manner. We submit that
this work provides an intuitive basis for the choice of some room shapes at the very beginning of the design
process, that goes beyond the limited advice to "avoid focusing shapes" by providing a framework that
includes the whole enclosure and the range of enclosure types.
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Abstract
The implementation of parametric tools demands careful optimization to ensure that input parameters align
with design performance objectives. Two case studies are presented to demonstrate Threshold’s range of
uses. In one example, an architectural vision for a rectilinear flexible performance space called for a ceiling
reflector array of concentric spaced rings. In a three-dimensional computer model, parametrically generated
geometries were defined and used with raytracing and mapping techniques to tune array coverage while
directly adjusting its spatial characteristics. In another example, an aesthetic vision was translated into
geometric parameters used by a genetic algorithm to optimize acoustic diffusion performance. Finitedifference time-domain analysis was used to evaluate fitness of each design candidate within the genetic
algorithm.
Keywords: FDTD, Genetic Algorithm, Parametric Design, Ray Tracing, Architectural Acoustics

1

Introduction

One of the primary challenges of acoustic consulting is to evaluate the anticipated behavior of design
directions proposed by the architect, and offer constructive feedback to allow designs to advance as required
by the project schedule. Frequently, this requires the evaluation of multiple options or sequential iterations in
a short amount of time. While current computational acoustic analysis tools are quite powerful, the ability to
run many iterations quickly or simultaneously is not always possible without a substantial outlay of time to
setup analyses and to gather and collate results into a coherent data set. The advent of parametric modelling
tools and methods offers alternative possibilities for acoustic evaluation of larger sets of options in shorter
amounts of time. Here we discuss two case studies where parametric modelling and analysis were used to
respond to such needs.

2

Gonzaga

The Myrtle Woldson Performing Arts Center at Gonzaga University in Spokane, Washington, is a multivenue performing arts center that completed construction and opened in 2019. One of the venues, the Martin
and Edwidge Woldson Recital Hall, is a 168-seat recital hall that makes use of a set of deployable tiered
seating for end-stage recital configurations, which can be retracted to create a flat floor condition for large
ensemble and dance rehearsals. This combination of uses was established early in the design process as a
requirement for the successful function of the facility.
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A recital or other end-stage function in this room requires strong, consistent, and equitable distribution of
overhead reflections of performers to all members of the audience seated in the tiered seating as well as
across the performance area. Likewise, when used in a flat floor condition for rehearsals, equal distribution
of overhead reflections is important so that cross-ensemble hearing conditions are good. A typical approach
for accomplishing these goals is to locate an array of acoustic reflectors in the ceiling space a distance below
the structural lid. Typically the reflectors take rectilinear shapes, and the array is sized and spaced equally
and symmetrically to ensure the reflection behavior is not “biased” in one orientation as compared to any
other.
At Gonzaga, the architect sought a visual character for the reflector array that was not gridlike and
symmetrical, in part because the floor plan of the room was not symmetrical. Their vision was to use an
circular array consisting of a central circular reflector with a series of concentrically located larger rings,
with sufficient gaps between each successive ring to allow lighting, HVAC supply, AV device rigging, and
other building systems to be located. A rendering showing the design concept is seen in Figure 1 below.

Figure 1 – Rending of Gonzaga Recital Hall ceiling
Because of the sizes of gaps required in the array, the sectional profile of each reflector would need to be
radiused to spread sound reflections across a wider area and avoid the “striping” phenomenon seen with flat
reflectors. The result would be a central circular reflector with a spherical “bulge” and rings with a bulge in
the radial direction resulting in a truncated toroidal shape.
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Raytracing is a frequently used technique to determine the shaping of a curved reflector. However, in this
case, a simple two-dimensional raytrace would not be sufficient because of the complex three-dimensional
relationship between any source or receiver position and different portions of the reflector surfaces.
Additionally, the potential for unforeseen and unwanted overlap or focusing conditions would be high if only
analyzed in two dimensions. Therefore, a form of analysis that would allow three-dimensional raytracing as
well as evaluation of the relative intensity of the reflected sound field through the room would be necessary.
Threshold maintains a set of tools in the Rhinoceros modeling program and its accompanying Grasshopper
module (both available from McNeel and Associates) that enable raytracing in three dimensions.
Grasshopper offers modules for mathematical calculation as well as generation and truncation of threedimensional geometries that may accept calculation results as parameters. This allows surfaces and other
geometries to be defined directly by their geometric parameters (such as size, X,Y,Z coordinates within a
room, radius of a curved surface, angle of inclination, etc.). Additionally, the Pachyderm toolset, supported
by ORASE (Open Research in Acoustical Science and Education), offers a raytracing module that calculates
the angle of reflection of rays sent from a given source point off of an object under study. By linking all of
these modules together, it is possible to vary the geometric parameters of a reflector object and review the
resulting impact of coverage characteristics in near-real time. This workflow was determined to be the most
easily tunable and comprehensive way of analyzing the general behavior of a complex the reflector array.
The decided approach was to take user input of some array parameters – width of each reflector, width of
each gap, and “bulge” radius of each reflector – and construct the array in three dimensions with those
parameters. Simultaneously, rays were sent from a movable source location to all reflector surfaces, and the
first-order reflections off of the array would be mapped to a listener plane corresponding to either the flatfloor condition or the tiered seating condition. The ray density reaching each reflector was set to be equal, so
that any “clumping” or uneven distribution at any point in the listener plan would represent a “hot” spot
receiving more reflected energy than other locations.

Figure 2 – First-order reflection distribution from a single ring element
3

1928

As a result, the parameters of each reflector and the source position could be changed dynamically, and the
resulting reflection distribution would be updated at the listener plane. Parameters were tuned for as even
distribution as possible for a given source location and listener plane, and then the distribution checked for
evenness for another source position and/or listener plane. Array parameters were set as final when an
equally even distribution resulted for a widely varying set of anticipated source locations based on the
room’s intended functions.

Figure 3 – First-order reflection hits on audience plane from entire array; ray source location in soloist
position (left) compared to ray source location in far ensemble position (right)

3

Project T

Establishing the acoustic goals and subsequent design of the perimeter walls of theaters and concert halls
takes thought and consideration; doing so for a multipurpose space with multiple configurations requires
perhaps even more careful analysis. In this theater, reconfigurable multi-tiered seating towers and floor
seating will be used to create multiple stage types: proscenium, thrust, and in-the-round. In all of these
configurations, the acoustic goal is the same: provide true and strong early energy to all audience members,
while randomizing the later energy.
To accomplish this, two acoustic goals were set during design: surfaces that are closest to the audience (the
walls of the seating towers) and other critical first order reflection surfaces should be solidly backed and
reflect specular, coherent wavefronts, while perimeter wall surfaces should contribute diffuse energy to the
late portion of the room’s response while avoiding late specular returns to the stage. By nature of the
configuration, the perimeter walls would have airspace behind them, which presented an opportunity to
further increase their diffusive nature.
During the early portion of the design process, the architect had an aesthetic preference for a panelized
solution made up of a set number of fluted planks. There were a few fixed parameters: number of planks,
overall panel dimensions, the edge condition of the panel and planks (fixed offset from Unistrut, fixed radius
at edge so the planks would always match when grouped), etc. There were many variable parameters: plank
spacing, number of unique planks, ordering of unique planks, number of flutes, radius of flutes, position of
flutes, etc. The solution space was large.
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A traditional approach may have involved the creation and acoustic testing of scale mockups of a few of the
architecturally desirable solutions, with the final design chosen from one of those tested candidates.
However, in addition to the time and expense associated with the construction of scale mockups, this
approach would have severely constrained the exploration of the solution space. By utilizing finite-difference
time-domain (FDTD) analysis within a genetic algorithm, a larger than conventionally possible portion of the
solution space was able to be explored.
3.1

Implementation of FDTD

FDTD is a numerical technique that can be used to simulate the wave-based behavior of sound propagation
by calculating a discretized form of the wave equation. FDTD has its roots in simulating wave propagation
and scattering in electricity and magnetism, and has been utilized by the acoustic community to simulate
acoustic wave propagation, reflection, and scattering [1]. FDTD differs from most conventional acoustic
analysis tools, which use ray tracing to simulate the particle-like behavior of waves. Ray tracing is an
effective technique, especially at high frequencies, but does not accurately capture diffraction and scattering
behaviors of sound waves.
The advantage of FDTD’s ability to simulate sound propagation more accurately can come with a high
computational cost. While many researchers are exploring more advanced techniques that make the
possibility of simulating entire rooms in real-time a likely outcome, we implemented a simpler, 2D FDTD
scheme that allowed comparison of relative differences between simulated specimens. This 2D FDTD
scheme calculates the wave equation using a leap-frog scheme on standard-rectilinear (Cartesian) grids.
To mimic the evaluation procedure typically used in an anechoic chamber for physical mockups, the
geometry under evaluation required a simulation domain with free field behavior. This was accomplished by
bounding the simulation domain with Perfectly Matched Layers (PMLs) to absorb all incident energy at the
perimeter [2]. The geometry under evaluation was simulated as perfectly reflective; thus the result of
comparative analysis provided insight into the scattering behavior of the geometry alone, without the effects
of the substrate’s material properties. The simulation domain was treated as air at standard temperature and
pressure.
An impulse response was simulated by exciting the simulation domain with a 2D omnidirectional Gaussian
pulse at a predetermined source position and recording the resulting pressure response over time at specific,
pre-determined nodes. The simulation set up is shown in Figure 4. Discrete spatial and time steps were
chosen to stably resolve the highest frequency of interest by satisfying the Courant criteria. Because of the
computational cost of FDTD, the frequency range of interest was limited as much as reasonably possible to
lessen the nodal density required to satisfy the Courant criteria but was typically up to 11,000 Hz.
Additionally, GPUs were used to speed up calculation time. All analysis was conducted using MATLAB
(MathWorks, Natick, MA).
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Figure 4 – Sample of the FDTD simulation setup. The circle depicts the location of the source and the
squares depict receiver locations.
3.2

Genetic Algorithms

Genetic Algorithms (GAs) are an algorithmic technique used to search for an optimum configuration in a set
of parameters without the need to test all possible configurations by attempting to mimic the process of
biological evolution [3]. For this project, GAs were developed to optimize the panel profiles for the desired
acoustic diffusion characteristics while working within the aesthetic constraints set by the architect. The GA
was implemented by generating a set of governing parameters to encompass all possible acceptable
architectural configurations for an acoustically diffusive wall panel. Each parameter is said to represent a
“gene;” a given combination of genes comprises a “chromosome” that represents the traits of each panel.
Binary coding was utilized to represent the genes and chromosomes.
This GA started by generating a population of viable chromosome candidates. Each candidate was then
tested using FDTD. Next, the fitness of each candidate was calculated; that was then used to determine the
next generation of the population. The next generation retained the best performing candidates of the
previous generation and then used fitness proportional selection to determine which candidate would produce
offspring; offspring were produced using single-point crossover. Mutations were also introduced at a
specified rate to introduce variety into the genetic pool. The steps were repeated until the best candidate
persisted for a specified number of generations meaning that the solution had converged. This process is
depicted in Figure 5.
The fitness of each candidate was determined using a heuristic to evaluate diffusion. The fitness function was
written to minimize the differences between the slopes of the frequency responses of a tested panel and a
reference reflector (a flat panel) without penalizing for level differences as well as minimize the difference in
dynamic range of the tested panel compared to the specular reflection of the reference panel response.

6

1931

Figure 5 – Flow chart showing Genetic Algorithm process and crossover and mutation technique.

3.3

Discussion

In order to write the GA, all of the geometric parameters needed to be defined and translated into mathematic
expressions. Even before acoustic analysis took place, geometric parameters were refined to limit the size of
the solution space and meet the aesthetic goals of the architect. The refinement process took time. Once the
architectural team and the acoustic team were satisfied that the algorithm would only return candidates that
were aesthetically acceptable, we ran the genetic algorithm to optimize the acoustic performance. The entire
process took months, but the genetic algorithm coupled with acoustic simulation allowed us to evaluate
exponentially more panel candidates than would have been possible or reasonable with physical mockups.

4

Conclusion

The two given project examples demonstrate a use of computer-based methods to derive and evaluate
acoustically driven architectural designs. In both cases, the demands of iterative architectural vision required
quick action on the part of the acoustic designers to meet fast-paced project schedules. While every project
requires some adapting of methods to suit a specific application, some cases will require more effort and
time to meet a given architectural vision. The nuance, complexity, and number of iterations of an
architectural vision coupled with the constraints of tools, fee, and schedule all impact how detailed acoustic
analysis and feedback can be; thus, the capability of such computational methods to return relatively
comprehensive analyses in widely varying applications in a comparatively quick timeframe brings a dramatic
increase in the range of possibilities than can be evaluated. While there is more improvement to make, the
current abilities of these tools to fit within the consulting framework elevates the performance and visual
design potentials in each of these project examples.
It is within this context that intuition and calculation are held in close tension. If a tool is not readily
adaptable for a given application, or project timing does not allow for its use, a more intuitive approach may
be required. For example, while greater definition of grid response and analytical feedback would be useful
in the Gonzaga example, project timing would not have permitted such granular analysis, nor the
development or deployment of tools to accurately predict these metrics. In cases like these, value judgements
7
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are made based on experience and a keen knowledge of the limitations of the calculation method used to
evaluate the acoustic behavior. For projects like Project T, a more rigorous method of evaluation including
physical mockups can be conducted to verify the intuitive decisions made during the design process.
The success and value of the process deployed are often directly related with the ability of these methods to
quickly interface with the architectural design process. Tools such as Grasshopper exist within a realm
(Rhino 3D modeling) that the architectural design community are already adept at interacting with – the
sharing of models and geometric ideas can be passed between offices with ease. Other tools require
adaptation to meet the specific design function. These tools can serve an iterative design process well, once
the parameters of the architectural vision are well defined.
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Abstract
Architectural design is done entirely in computer-aided design (CAD) systems, and most CAD models are also
done in 3D. Beyond CAD, parametric design software is now both popular and accessible to architectural
students and practitioners. The most popular parametric system, Grasshopper (GH), is customizable and
supports a rich ecosystem of plugins including many types of building performance simulation, including
acoustic simulation. Architects often ignore sound and part of the reason for this is a complete lack of sound
in architectural design software. Parametric modelling presents an opportunity to integrate sound into
architectural design, and at earlier design stages. This opportunity addresses challenges of interoperability and
file exchange as modelling and simulation happen within one system. In this paper, we review recent research
utilizing parametric modelling combined with acoustic simulation and identify a way of working we call
“parametric acoustics”. We further identify nine techniques that can leverage capabilities of parametric
modelling and integrated acoustic simulation.
Keywords: Architectural acoustics, parametric modelling, room acoustic simulation, optimization,
performance-driven design

1

Introduction

In the past 30 years there has been a dramatic shift in contemporary architectural practice from design using
paper drawings to computer software. Now all buildings are designed using computer-aided design (CAD)
systems, and most today are modelled in 3D. With developments in CAD and building information modelling
(BIM) software most architects create virtual models of their buildings from early design stages. In the last 20
years we have also seen the development of parametric design software created specifically for architects. [1]
Grasshopper (GH) is probably the most popular of these parametric design systems and is widely used in
architectural education and practice. As it supports the creation of custom plug-ins, there now exists a rich
ecosystem of building performance simulation applications that run natively within this parametric design
environment. [2] One of these plug-ins, Pachyderm, computes room acoustic performance. [3]
While acoustic performance is a component to all architectural projects, it is most often calculated by acoustical
consultants, who are not involved in all projects. Acoustic consultants use specialized simulation software such
as Odeon and CATT, and these simulation software’s require geometry to be created natively or imported from
architect’s CAD files. This is an onerous design workflow, see Figure 1, as designs are created in many
different media, by different people, and files need to be translated to go from one person or media to another.
The time-consuming nature of this process, together with the fact that acoustical consultants are not always
brought onto the design team in early design stages means that acoustic design considerations do not have a
chance to influence early form investigations, and acoustic performance is often relegated to a remedial action
later in the design stage.
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Figure 1 – A standard architectural acoustics workflow
This research project begins with the proposition that there is an inherent opportunity that lies within new
parametric design and simulation software that enables acoustical performance to be brought in earlier in the
design process. We call this new way of designing for sound and space, “parametric acoustics.” In the
parametric acoustics workflow, designs do not need to be translated as design logic, modelling, and simulation
is done within the same environment – within the “parametric script”, see Figure 2. We believe that this revised
workflow makes it easier and faster to carry out acoustic simulation, and it will greatly increase the formal and
aural possibilities that designers will be able to explore.

Figure 2 – A parametric acoustics workflow

2

Background

In the early 2000’s, most architects still relied on their intuition and past experiences to begin the early
designing phases of a project, often through the fundamental method of trial and error to try and meet required
project requirements. In the case of acoustics, only when a clear design was established were other acousticians
consulted to analyze and help optimize performances metrics. This post-design consultation approach could
lead to cost increase and limit potential solutions due to installation challenges. [4]
However, this mentality started to slowly change in the 2000s, with the introduction of new parametric
software designed specifically for the building industry, and one of the first parametric programs was
GenerativeComponents (GC), developed by Robert Aish. [5] GC was developed and user-tested by members
of the Smartgeometry (SG) community, a computationally-adept group of architects and engineers who were
interested in integrating parametric modeling as part of their design workflows. [6]
In conventional modelling, parts of a model are easily added, modified, or erased, but these parts have no
relation to each other, and so changing designs is difficult which limits exploration and restricts design. [7] In
2
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parametric modelling, the designer establishes relationships and builds a design through this series of
relationships. As this requires more thought to develop the logic of the design, parametric design can take more
time initially, but it makes reworking designs very fast. [7] In architecture, parametric modeling often refers
to “propagation-based systems” [1] which is based on the idea of constraints where the user selects and
establishes the relationship between parts, which together build up into cohesive system that remains consistent
throughout changes. [7] By leveraging computational power, parametric modeling can quickly iterate through
different design changes within the defined constraints within the algorithm and remain consistent to the entire
framework. [7] Through parametric modelling, architects are now able to leverage complex mathematical
formulations to optimize building designs using simulations such as structural analysis and daylight studies.
These powerful new tools enable architects and engineers to integrate performance from early in the design
process. This performance-driven geometry approach has started to become the primary driver for design
explorations for architects and academics. [8] [9] [10]
David Rutten, a developer for McNeel’s Rhinoceros 3D CAD software began to develop a parametric visual
scripting plug-in, Explicit History, in 2007, which was the precursor for the now well-established GH
parametric design software. [11] For the building industry, GH has popularized parametric modeling more
than any other comparable platform due to its easy-to-use graphical user interface (GUI), and open
development environment. The advancements of parametric modeling rapidly led to the creations of many
popular GH plugins for structural (Karamba3D), daylight (DIVA, Ladybug) and energy (Honeybee) analysis
purposes.
In architecture, acoustic qualities can have direct impact on how people experience and perform in a space.
[12] The strategic placement of absorptive, diffusive, and reflective materials is utilized to tune the soundscape
of architectural spaces. [13] This is particularly important in auditoriums or concert venues where acoustic
performance is the primary programmatic function. However, sound is component to all architectural design,
and so all architecture should have some consideration of acoustic performance. In many cases, acoustic
solutions are often implemented as an addendum. Acoustic simulation tools that ran natively within CAD
software remained unknown until the introduction of Arthur van der Harten’s Pachyderm Acoustic Simulation,
which uses a standard raytracing (RT) algorithm. [3] Prior to Pachyderm, only few architects trained in
acoustics had the skillset to write custom computer programs in CAD that could carry out acoustic simulation.
The introduction of Pachyderm has introduced a new territory of design in architectural acoustics. Architects
and engineers are now able to both utilize acoustic simulation based on RT methods, and leverage the benefits
of parametric modelling, to design better sounding architecture.

3

Methods

Various design-minded acoustic engineers, and technically focused architects have begun to leverage the
abilities of parametric modelling combined with acoustic simulation to develop form-driven architecture. This
renewed interest by practitioners has presented an opportunity to investigate the state-of-the-art, [14] and report
on how building designers are integrating these tools in their design workflows. [15] A literature review was
conducted using a set list of keywords and searched both the University of Toronto database as well as
CUMINCAD, a resource of established architectural conferences and journals. We manually filtered to a final
list of 40 publications for review. In our analysis of these papers, we noted commonalities, differences, and
unique approaches the works, such as workflows, software, custom scripts, and acoustic simulation methods.
These findings were categorized into core strategies that we defined and discussed in further detail. This paper
builds off a comprehensive study of acoustic performance-based design carried out by Badino et al. [8]

3

1936

4

Results

We recognize that using a literature search of only academic papers, it is not possible to produce an exhaustive
list of all recent projects that combine parametric modelling and acoustic simulation; however, clear
observations about the state-of-the art can be made from the data. Table 1 summarizes the results of the
literature search, and a few key observations emerge from it: first, Rhino and GH are by far the most popular
modelling tools with which to carry out parametric acoustic explorations; second, while Odeon appears to be
the most widely used acoustic simulation software, it is almost always used to verify the results of the
parametric modelling approaches, and the most common simulation approach that is integrated with parametric
modelling is the development of custom acoustic performance calculators; third, the most common algorithmic
simulation approach is ray-tracing; fourth, projects seem relatively evenly split between music venues and
other program types; and fifth, that surprisingly few optimization software’s are used.
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Table 1 – Modelling and Simulation Tools and Methods
A closer reading of these projects was undertaken to discover common parametric acoustic techniques. Beyond
listing software or the mention of “custom” tools, many authors did not go into detail on the specifics of the
logics of their modelling and simulation techniques. So, to identify techniques we not only used the papers
summarized in Table 1, but added reflections upon our own practice [12] [17] [25] [21] [35] [36] to gain deeper
understanding of the design workflows. We have identified nine techniques that can be useful to designers
using a parametric acoustic workflow, see Table 2.
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ID

Classification

Description

Index

1

Reflection Mapping

Counting rays that are reflected

2

Complex Geometry
Generation

Complex Geometry Generation for Diffuse
Surfaces

3

Geometry Exchange

Preparing geometry export settings to be
imported in another program for validation, etc
odeon/comsol.

4

Material & Geometry
Mapping

Measuring and comparing reverberation time

5

Optimization

Using Genetic Algorithms / Machine Learning/
Deep Learning, etc…

6

Digital Fabrication

Exporting complex geometry for standard
fabrication tools. File to factory process. Enables
the fabrication of much more complex geometry
which could benefit acoustics

[23] [31] [29] [38] [20] [22]

7

Drawings & Visualization
of Sound

The graphical export options available within
programs

[9] [32] [30] [27] [39] [30]

8

Exploring Design Space

[9] [26] [22] [33] [25] [12]

9

Spatial Performance

Looking at multiple acoustic parameters in
relation to parametric geometry
Not only point solution, or room-level solutions
but gradient map of heterogeneous performance

[12] [16] [17] [18] [19] [20] [21] [25] [26]
[27] [28] [30] [31] [32] [33] [34]
[2] [12] [20] [23] [25] [29] [30] [37]
[17] [31] [23] [29] [31]

[36]
[24] [28] [19] [9]

[9] [40] [29] [38] [16] [18]

Table 2 – Nine Parametric Acoustic Techniques
4.1

Reflection Mapping

Reflection Mapping is one of the most popular methods used when combining parametric modelling and
acoustic performance considerations. Basically, this technique maps sound as a ray as it traverses a 3D
geometric model using a reflection model of angle of incidence equals the angle of reflection. This method can
be extended and developed into a full raytracing simulation or can be simply used to map acoustic reflections.
This method can visually output the path of sound from source to receiver, and different reflection orders can
be studied. Because of its simple geometric rules, fast calculation times, and easy visualization it is a popular
approach. Peters [25] describes a simple approach where first reflections from a parametric ceiling were
mapped onto an audience and so design options could be judged by how many reflections hit the audience and
how evenly distributed these were; Shtrepi et al., [34] used Iron Python to write a custom RT component inside
GH to output qualitative analysis data using Reflection Mapping and quantitative analysis through the visual
inspection of polar distribution from the reflected energy generated.
4.2

Complex Geometry Generation

A second common use of parametric modelling is the generation of complex surfaces that produce sound
scattering. In Peters [12] a complex surface was generated to diffuse sound in a small meeting room. This was
done to remove distinct flutter echoes and create a more even, diffuse sound field. Using geometric
relationships between size and frequency [2] different options were studied. Reinhardt et-al., [20] used
mathematical models to link form and materiality for sound scattering. A KUKA KR6 was used to fabricate
randomized approaches where 35 foam disc samples were robotically milled through a range of random nonpredictable patterns in GH with a focus on surface depth and frequency range.
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4.3

Geometry Exchange

While acoustic simulation can be carried out within a parametric acoustics workflow, often these models are
supported by acoustic simulations using specialized simulation packages such as Comsol, Odeon, and CATT.
Parametric acoustics can generate geometry in the correct format for easy export/import. In Alambeigi et-al.
[16] FabPod project, Odeon was used to study the effects speech privacy on the Fabpod geometry created in
GH. Through numerous simulations, they decided on using Speech Transmission Index (STI) and Speech
Clarity (C50) as the two key parameters to analyse for speech privacy. Reinhard et-al., [20] generated
geometrical models in GH and conducted acoustic simulation in Odeon to investigate the acoustic
consequences on performative structures. By working in both Rhino and Odeon, the team was able to exchange
ideas and knowledge with an interdisciplinary team of structural engineers, acoustic designers, and architects.
4.4

Material and Geometry Mapping

Wallace Sabine first defined the reverberation time as the relation between space, surface, and material. This
straightforward relationship can be encoded into a parametric model. If the absorption coefficients are known
and the parametric model is able to compute volume and area, the reverberation time (RT) as predicted by the
Sabine formula can be calculated. In 2011, Peters’ paper [36] computed the RT for classrooms in a school
using this method. In Bonwetsch et al., [38] a robotic arm was used to 3D print Polyurethan material into coil
shaped diffusion panels that resulted in noticeable in differences in acoustic performance as flutter echoes and
standing waves were eliminated.
4.5

Optimization

Parametric modelling is often used in combination with genetic algorithms (GA) methods to optimize complex
geometries for acoustic performance. It is important to note that optimization is not restricted to just GA’s but
can also refer to other methods such as Artificial Intelligence, Machine Learning or Deep Learning. In terms
of GA’s, Galapagos is an optimization solver in GH; there are other optimization plug-ins available for GH,
such as Octopus. In Foged et-al., [24] Galapagos was used to orient 200 reflector panels to maximize reflection
mapping and optimize manufacturing of these panels for laser cutting machines. In Giglio et-al. [19], a multiobjective evolutionary optimization solver, Octopus, was used to produce options that optimized acoustic
performance keeping the center point of panels in the Z-axis to 1 meter and limiting the number of tessellations
to four per surface. In Echenagucia et-al., [28] a multi-objective solver was used to inform the shape of a
concert hall. The authors discovered that due to the curved surfaces losing their accuracy when being converted
to meshes, the use of NURBS surfaces is better suited for RT studies in Rhino.
4.6

Digital Fabrication

Digital fabrication enables a file-to-factory process that enables the creation of highly precise and complexshaped geometry which could have benefit to acoustic performance as seen in Turco et al. [31] origami project.
Belanger et-al., [23] describe their project where parametrically-driven auxetic patterns were created, then
discretized and exported as a text file into a custom Matlab script for a wave-based finite different time domain
(FDTD) acoustic simulation. Well-performing auxetic patterns were chosen to be cut using a CNC waterjet
onto stretched pane of glass, which was then formed over a slumped mould. In Koren’s [29] paper about the
Elbphilharmonie Hamburg (EH), he described how Cox and D’Antonio [41] developed plug-in for Rhino,
consisting of 18,000 lines of Visual Basic code to create the NURBS surfaces of the EH’s interior acoustic
panels. Each of these 10,000 uniquely shaped panels had to be CNC-milled from gypsum fireboards, requiring
an additional 20,000 lines of code to automate the digital production process. [29]
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4.7

Drawing and Visualization of Sound

The visualization of simulation is essential to translate numerical results to meaningful information.
Commercially available acoustic simulation software has built-in capabilities to visualize results as tables,
charts, or coloured 2D and 3D drawings. However, with current parametric acoustics techniques, there are less
standard built-in capabilities, but there exists the potential to customize the output of simulation data. As seen
in the works of Lim, [32] Scelo, [30] Wulfrank et al., [27] and Gómez et al., [39] the drawing of sound as rays
is very effective at visually conveying the acoustical performance of a space in a still image, while FDTD
approaches can be utilized to create convincing animations of sound waves as seen in Peters et al. [12] and
Belanger et al. [23]
4.8

Exploring Design Space

One of the key benefits of parametric modelling is that it enables designers to explore many different design
options as seen in the works of Bassuet et al., [26] Peters [25] and Vomhof et al. [22] Once the parametric
model is constructed, design options can be quickly generated by changing parameters and studying the
resulting generated model. What parametric acoustics brings to this process is the inclusion of acoustic
performance metrics as part of this generated model, as seen in Lu et al. [33] auditorium work where a balance
of acoustic performance and design aesthetics is sought out through parametric modelling iterations. This
integrated analysis enables acoustic properties to be considered alongside other parameters during early design
stage explorations. This technique does require the selection of appropriate measures of acoustic performance
and clear and meaningful ways of communicating this performance.
4.9

Spatial Performance

A parametric acoustics design approach is inherently computational, and the calculation of a series of results
is trivial to set-up and it’s solving is simply a matter of computing time; therefore, parametric acoustics
encourages the calculation of multiple results as much as single results. Why calculate for a single position
when one can see the spatial distribution at all points in a room? This technique considers spatial differentiation
of acoustic qualities and makes it easier to identify problems and opportunities that this differentiation in
acoustic performance brings about. O’Keefe et al. [40] developed a custom ray tracer plug-in for Rhino that
could calculate reflections off NURBS surfaces as they realized the power of receiving immediate visual
feedback in contrast to computing for numeric parameters, which take much longer to calculate. They tested
their plugin on a case study for the orientation of acoustical panels in the Queen Elizabeth Theatre in Vancouver
and concluded that this new approach helped them overcome the challenges of dealing with a wide room.

5

Conclusion

With the introduction of parametric modelling software and integrated simulation to architectural education
and practice, we propose that there is an opportunity to include acoustic performance as a key design
consideration within the building design process, even from an early stage. We call this design workflow
“parametric acoustics.” A literature review was carried out that studied recent papers that utilize parametric
modelling and acoustic simulation. In this review we identify the most popular modelling and simulation
software. Additionally, we have identified nine techniques of parametric acoustics. This is not meant to be an
exhaustive list, but a step towards developing a dialog about the use of parametric modelling and about
integrating simulation with the digital architectural design environment. We hope that this knowledge will
used to help initiate the development of a toolkit that can used by architects to bring acoustic performance into
their designs and result in better sounding buildings.
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Abstract
This paper examines whether parametric design and rapid prototyping can be used to design and test sound
diffusive panels. Initially, the design and testing methods in Rhino and Grasshopper are presented, which
were established during the Creative Tools course in Lunds Tekniska Högskola. Emphasis is given to the
utilization of the Pachyderm plugin, which was used to simulate the panels’ performance. Secondly, the
acoustic measurements of the final products are explained, which are followed by the results of those
measurements. Finally, the outcomes and observations of the experiments are discussed, with an emphasis on
the collaboration between architects and acousticians, and options for alternative methods of fabrication and
collaboration between designers and other specialists.
Keywords: Rhino, Grasshopper, Pachyderm, Architectural Acoustics, Sound Diffusing Panels.

1

Introduction

Acoustics are an essential part of architecture. Many studies have proven that quality acoustic performance
within buildings can improve mental health, wellbeing, and productivity. A space that under-performs
acoustically can, on the contrary, inhibit one’s ability to concentrate, create frustration, impair healing and
recovery of patients and even lead to health issues in the future. Additionally, the sound performance we
expect within different spaces is specific to the activity and the people who are making use of the space.
The usage of rapid prototyping methods in architecture has been a much discussed and applied topic in
recent years. These new technologies are altering the way we design and think of architecture.
One notable example of additive manufacturing in architecture is 3D printed houses and the use of advanced
CNC machine tooling for wooden buildings. Those techniques are increasingly contributing to shortening
construction time and eliminating waste. [1] Another example would be using rapid prototyping in the design
of furniture, which saves time and resources, and allows for more daring and innovative designs. [2]
This paper is an attempt to verify whether there is substance in these deemed advantages, and whether these
methods could be applied to the design of acoustic panels, as well as explore and validate their impact.
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2

Method

The aim of this course was to use parametric design and rapid prototyping methods to design, test and
fabricate wall mounted diffusive panels. The focus was not only to create acceptable acoustic performance,
but also to fabricate functioning diffusive panels as architectural elements.
The course was a collaboration between university and industry, where Ecophon brought the know-how in
terms of acoustics while the students got to use their design abilities and their insights in robotic
manufacturing technique to unite function with form.
A File to Factory approach was used to rapidly iterate and test the design of the diffusive panels, focusing on
their performance in room acoustics.
The design of the diffusive panels was developed using 3D modeling software and parametric design tools
(McNeel’s Rhinoceros and Grasshopper). The acoustic performance of the diffusive panels was measured
and simulated by utilizing Pachyderm, a free and source-available plugin for Grasshopper. Finally,
fabrication of the diffusive panels was achieved through extruded polystyrene foam-carving using a ABB
IRB 2400 robot arm outfitted with a custom-made foam wire cutting tool.
The process was divided into two parts. In the beginning of the course, the students worked individually,
each designing and testing a single diffusive panel, familiarizing themselves with the software and its
capabilities.
The design procedure was introduced to the students via a series of video tutorials. A 200x600 mm box (the
‘initial stock’) was ‘carved’ in the desired shape using Grasshopper. [3]

Figure 1 – ‘Carving’ of the panels in Grasshopper
Afterwards, the Robots plugin for Grasshopper was utilized to simulate and instruct the robot arm on how to
move along the cutting surface.

Figure 2 – The robot arm performing the cuts in the simulation.
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Problem areas were identified and the direction and shape of the cuts was adjusted in order for them to be
feasible without damaging the tool or the robot. [4]
The simulation for the acoustic performance of the diffusive panels in Pachyderm followed. The process of
setting up a script for this simulation was also provided in video tutorials.
An 8 x 6 m room, with a height of 3 m, was used. The walls and floor were made of plywood, and the ceiling
was fully sound absorbing. The absorption and scattering coefficients for these surfaces were set through
Pachyderm.
The first simulation was a visual one. A source was set within the room, from which sound, represented as
rays, was transmitted. The number of rays was determined using a Grasshopper component from the plugin
‘Pufferfish’. The number of bounces of the rays off the walls was determined using Pachyderm. Thus it was
possible to visualize how the diffusive panels diffuse and direct sound. [5]

Figure 3 – Sound diffusion simulation. To the left: room with absorbing ceiling and reflective walls. To the
right: room with absorbing ceiling and diffusive panels on two adjacent walls.
In the second simulation the reverberation time of the room was calculated, for 7 sound frequency ranges. A
higher number of rays, or ‘samples’, was used this time: 5000. [6]

Figure 4 – To the left: simulation testing setup. To the right: room reverberation time of one of the final
diffusive panel designs.
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Figure 5 - Grasshopper canvas displaying components and relations for the calculation and simulation of
room acoustics through the Pachyderm plugin.
In both cases, the simulation was run twice: once for an empty room, and a second time for a room where
two adjacent walls were outfitted with diffusive panels. In all cases the rooms had a fully sound absorbing
ceiling. This way, it was possible to evaluate the performance of the diffusive panels on many levels.
It was determined that the numbers for mid-to-high frequencies were accurate, but the accuracy in the lower
frequencies left something to be desired.
The students had a few meetings to go over their individual design approaches. Initially, there were many
similarities between designs. However, as the students became more comfortable they started pushing the
capabilities of the design and wire cutting methods.
After individual feedback was provided by the course teachers and industry supervisors, and the individual
designs were crystallized, the students formed teams of 3-4 people in order to prepare the final diffusive
panels designs. The formation of the teams was a rapid process, guided by the teacher, although ultimately
the decisions were taken by the students.
The outcome of this part of the course was three distinct diffusive panel libraries, one for each group. Those
were the result of a very dynamic dialogue where students sculpted visually interesting forms, and Ecophon
guided how to get the best acoustic performance from each design.
The first group worked on a diffusive panel concept inspired by Helmholz resonators. Their design (‘Alpha’)
incorporated cavities where the sound waves would enter and become trapped, thus eliminating certain
frequencies.
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Figure 6 – Diffusive panel design Alpha. Upper left: object rendering. Upper right: interior scene rendering.
Bottom: finished product photo
The second group’s diffusive panels would direct sound towards a sound absorbing ceiling. Their diffusive
panel library (‘Beta’) consisted of three designs that could be arranged into various patterns. These designs
incorporated horizontal ‘hills’ and grooves.

Figure 7 – Diffusive panel design Beta. To the left: interior scene rendering. To the right: finished product
photo.
The third group focused on sound diffusion. Their diffusive panels (‘Gamma’) could be arranged into
different seamless patterns with grooves that would diffuse and eliminate standing waves.
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Figure 8 – Diffusive panel design Gamma. Upper left: object rendering. Upper right: interior scene
rendering. Bottom: finished product photo.
At the end of the course, a single diffusive panel was produced from the individual designs in order to test
the robotic wire cutting technique. The group designed diffusive panels were then produced en masse,
resulting in 9 panels for each diffusive panel or diffusive panel library design. The robot arm was operated by
the course teachers, due to Covid-19 restrictions.
When the cutting process started, some changes had to be made in order to avoid the robot from hitting itself.
This was achieved quite easily through changes in placement of the initial stock in Grasshopper, and with
adjusting tolerance.
Afterwards the groups covered the diffusive panels with concrete for a more refined surface. For the final
presentations the groups were asked to show the possibilities of the diffusive panels as design elements,
experimenting with visualisations of scenes where the diffusive panels might be used.
Since the whole process took place during the coronavirus pandemic, meetings would take place online
through Microsoft Teams, where students would show the designs and simulations directly from Rhino. This
way, real time data was provided to the experts, who in turn gave instrumental advice on how to develop the
designs further.

3

Measurements

Each group diffusive panel design was tested in real life in Ecophon’s laboratories.
The diffusive panels were measured in a reverberant room with a suspended sound absorbing ceiling
installed, see Figure 9.

Figure 9 – Reverberant room. Upper left: without ceiling treatment (only grid system). Upper right: with
sound absorbing ceiling. Bottom left: with vertically oriented diffusive panels. Bottom right: with
horizontally oriented diffusive panels.
The diffusive panels were rotated 90 degrees to investigate directional effects of the diffusors, see Figure 9
bottom left and bottom right. Figure 10 below shows the reverberation chamber with the actual diffusive
panels in vertical shaped orientation and horizontal shaped orientation, respectively.
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Figure 10 – Diffusive panels ‘Beta’. To the left: vertical shaped orientation. To the right: horizontal shaped
orientation.
The room acoustic parameters reverberation time T20 and speech clarity C50 were measured for the
diffusive panels in vertical and horizontal orientation. T20 and C50 are defined in the standards ISO 3382-2
and ISO 3382-1, respectively.
T20 is a derivative of the parameter T60, the amount of time required for the sound energy in a room to drop
60 dB. If T60 were to be visualized by a decay curve, T20 could be derived by evaluating the -5 to -25 dB
part of it. [7] [8]
Speech clarity C50 is related to the time required for the sound reflections to reach the listener after the direct
sound is created. It is the ratio between the sound energy reaching the listener in the first 50 ms after the
direct sound was emitted, and the sound that arrives afterwards. [8]
Generally, lower values of T20 lead to increased damping in the room, and higher values of C50 to better
speech intelligibility in the room.
The purpose of the measurements was to investigate how the different orientations of the diffusive panels
relative to the sound absorbing ceiling affect the room acoustic parameters T20 and C50.

4

Results

Positions\Diffusive
panel libraries

Diffusive Panels
Alpha

Diffusive Panels
Beta

Horizontal
orientation
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Vertical orientation

Table 1 – Orientations of the diffusors tested.

Figure 11 – Diffusive panels ‘Alpha’. Green - horizontal orientation, red - vertical orientation.
For the diffusive panels ‘Alpha’, one can observe low values of C50 and high T20 at lower frequencies, and
higher values of C50 and low T20 at high frequencies. The difference of the effects between the two
positions tested are not that pronounced. The irregularities in the ‘Alpha’ diffusive panels are small as well as
the directional characteristics when rotated 90 degrees relative to the ceiling. Consequently, the two different
orientations give more or less the same values of the room acoustics parameters as shown in Figure 11.

Figure 12 - Diffusive panels ‘Beta’. Blue - horizontal orientation. Pink - vertical orientation
The ‘Beta’ diffusive panel, which was designed to direct sound waves towards an absorbent ceiling, behaves
quite differently. When used as intended, in horizontal orientation, the speech clarity is significantly higher
for the frequencies 2kHz and 4 kHz compared to vertical orientation, see Figure 10. The differences are
8
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larger than JND (Just Noticeable Difference) according to ISO 3382-1. The frequency region above 1 kHz is
important for the perception of speech. The difference is less pronounced for the reverberation times.
The ‘Beta’ diffusive panel was further tested, due to its design intention, to further understand how the sound
is spread around it. The directional characteristics were measured in a semi-anechoic chamber. The reflected
sound was measured in a quarter of a circle around the diffuser.

Figure 13 – Testing setup for diffusive panel ‘Beta’.

Figure 14 – Directional characteristic of ‘Beta’ diffusive panel measured in a semi-anechoic chamber. Both
horizontal (grey) and vertical (blue) orientation were measured.
When placed with in horizontal orientation, there is a somewhat even distribution of sound pressure around
it, in all frequencies measured. Contrary to that, when it is tested in vertical orientation, there is a spike in
sound pressure at a 70 and 110-degree angle, especially at 2000 - 4000 Hz. Thus, depending on the diffusive
panel’s orientation relative to the sound absorbing ceiling, more or less of the sound energy can be redirected
9
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towards the ceiling. This property of the diffusive panel makes it an efficient product to “fine tune” the
room's acoustical parameters and in particular the speech clarity.

5

Discussion

There were numerous outcomes and observations derived from this initiative.
Firstly, through experimenting with form and function, a variety of distinctive panel shapes emerged. Many
could also be considered decorative and useful as elements of interior design. It became apparent that there
are many approaches that could lead to visually compelling outcomes and acceptable acoustic performance.
However, the design workflow used, as well as the method of wire cutting, has certain limitations that can
influence the design direction. Incorporating sharp angles into a design is difficult, which leads mostly to
organic shapes, curved edges and simplified cuts. Given other variables, tools and different sized panels, we
could see further progression of the designs and tackle more of the limitations.
Another issue often encountered was the slight misalignments between the digital, ‘perfect’ design, and the
one produced in reality. Also, technical difficulties with the robot would occasionally lead to ‘flawed’ panels
being produced.
One solution to these problems could be using a combination of 3d-printers and CNC machines to provide
alternative ways of manufacturing acoustic panels. That could bypass the restrictions mentioned above, and
lead to even more daring and creative designs.
Secondly, there are multiple observations concerning the pedagogical setup of the course. The students
enhanced their knowledge of acoustics and abilities within different softwares, as well as learning how to
incorporate the feedback of experts into their designs. Also, having the experts present continually
throughout the design process lead to a higher quality design experience. That may not have been so if
feedback would have been provided only at the end of the course.
Thirdly, it was proven that this dialog between architects and acousticians, along with a file-to-factory
method of design and production can lead to a great number of well-performing diffusive panel designs in a
short amount of time, with designs catered for specific spaces.
These digital designs can easily be both mass-produced and mass-customized, as well as their performance
simulated with software. This opens up the possibility to produce designs adapted to different contexts, but
using the same foundation. Throughout the process, it became apparent that parametric design, with change
just a click away, was enormously useful when responding to continuous feedback.
Conclusions
The iterative process of professionals providing expertise to the design students, using a file-to-factory
approach and continual feedback proved to be an effective way of learning and producing prototypes fast and
with high quality. This way of cooperation could be translated into other fields where expert knowledge is
also of great importance and where there is a demand for fast results.
The method explored in this course could be a way to further strengthen the interaction between architects
and designers on one side, and acousticians and other specialists on the other. As a matter of fact, our
presence at Euronoise is one contribution to bridging the two fields.
This could even be a global process, since the course proved that great results could be achieved even if the
only interactions between students and professionals are online. With that noted, the actual testing of
acoustics is necessarily done in real life.
The aim of the course was to combine sufficient acoustics with pleasing and functioning aesthetics, and
determine whether parametric design and rapid prototyping methods could be applied to the design of
acoustic panels. While it would be difficult to answer this question definitively, we believe that this
experiment is a significant attempt at exploring this new and promising field.
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Abstract
Overheard conversations are recognised as one of the most annoying sources of noise in the popular open
plan layouts, which ends up in a lack of speech privacy and distraction. For addressing this problem, add-on
market solutions are primarily reflectors and canopies installed in enclosed meeting pods or above fully open
meeting furniture which are heavily relied on acoustical properties of materials. Through developing assorted
matrices parametrically, this research identifies the governing geometric features of the canopies and
reflectors in semi-enclosed meeting pods that impact speech privacy. Each solution was studied in an
individual matrix and simulations were run in ODEON to examine each variable separately. The collective
outcome offers preliminary design suggestions for improving speech privacy and implies that geometric
design decisions can remarkably contribute to the auditory performance of the open interiors if considered
and integrated into the design at the preliminary stages of the workflow.
Keywords: Parametric modelling, sound simulation, performance-driven design, speech privacy, integrated
design

1

Introduction

Quite after the emergence of open plan working spaces, acoustical requirements were studied and defined to
sustain employees’ well-being and organisational efficiency, and productivity. Multiple standards were
developed to establish a set of guidelines and methods to achieve the targets. However, in practice most
likely the architectural design and the acoustical design are not integrated into a single workflow. Instead,
with little to no exchange of information [1], acoustic experts are involved in most cases in the late stages of
the design, or at the operational phase of the project [2]. In both scenarios, it is unlikely to modify the
geometry substantially [3]. Thus, minor changes in the design features primarily in the form of appending
new elements with different materials are proposed which are costly and less effective [4,5]. Acknowledging
the size, form, and materiality as the three influential architectural design principles reveals the strong mutual
connection between architecture and acoustics [6]. This implies that the soundscape is being formed from the
onset of the design concept and it is deeply rooted in every design decision.
The need for transformative steps to integrate architectural intervention in the acoustic design of working
spaces is now marked with greater reasons. End-user research and empirical studies in recent years show
growing attention to the aesthetics of the working environments and furniture and demand for visually
appealing design with adequate visual connection and a sense of privacy [7,17]. In addition, the recent
movement of performative architecture [8,9,10], supported by the advancement in CAD modelling and the
emergence of parametric design, raised the question of how sound performance can become a form generator
at the conceptual stage. Parametric modelling and generative design with real-time simulation, analysis, and
feedback can countervail the shortfall of know-how knowledge of acoustics in architecture. However, despite
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this recent interest, still, the application of acoustic performance-based design is limited in practice [3,11].
The use of sound absorption materials remains the popular solution to the acoustic problems of open plan
offices [12], despite its failure in meeting the conflicting acoustic requirements of having speech
intelligibility within a space and maintaining speech privacy between the spaces [6,13,14]. Applying a single
method of sound-absorbing surfaces seems insufficient to calibrate the acoustic performance. In the meeting
spaces, absorbent materials decrease the reverberation time and increase the speech intelligibility within the
space, more often beyond necessity. Given the inverse relationship of speech intelligibility and speech
privacy [15,16], a crystal-clear conversation is more exposed to the risk of overhearing between the spaces.
In small meeting rooms, since the major contributor to speech intelligibility is the direct sound [26], speech
privacy should become the priority of the design [13,17]. Therefore, an alternative to absorption has to be
considered, that is to control the sound propagation by capturing the sound inside the space for a longer
period until it is exhausted. Market-oriented cubic pods or furniture designed fully enclosed or widely open
with acoustic materials to absorb the sound fall short of taking this approach into account. Besides the pods,
a wide range of clouds, canopies, baffles, and panels were also introduced by well-known industries such as
Hermann Miller Inc. Haworth, Steelcase, buzzispace, etc. including sound performative light pendants and
floating clouds and panels in various patterns such as pleated, gridded or 3D patterned and in multiple shapes
with or without holes. These products are mostly studied in literature and applied in practice for their
influence on the reverberation time of the open working environments and reducing the noise level while
their effect on speech privacy has not been fully addressed.

2

Objectives

While in practice the acoustic design of the open plan workplaces is primarily leaning towards the sound
properties of the materials [12], the present paper proposes a new approach to control sound propagation
with the help of the geometry of the boundaries. Taking advantage of parametric modelling in producing a
heterogeneous collection of iterations, this paper sheds light on the efficiency of a performance-driven
architectural design that improves the speech privacy of a meeting pod in addition to the material
consideration.
A semi-enclosed meeting pod with high partitions is studied as an appropriate solution to offset the
drawbacks of both extreme ends: low-partition pods or open meeting furniture that offer little to no privacy
as opposed to the go-to default enclosed cocooning solutions that defy the open plan layout concept.
While this paper is a continuum of series of investigations into the topic [13,18], it aims to analyse canopies
and reflectors in an integrated design as the two most sought-after approaches in the market for designing
and retrofitting the open plan offices and meeting rooms.

3
3.1

Methodology
Analysis parameter and modelling technique

Speech Transmission Index (STI), introduced in 1980 [19], is an objective indicator of the quality of the
speech transferred to the listener that can be applied to predict and measure speech intelligibility and speech
privacy [20]. Among all parameters of assessing speech privacy, STI, for its A-weighted filtering, is believed
to be tied strongly to the human perception of speech privacy [21]. Therefore, it is selected as an objective
speech privacy metric in this paper.
The methodology developed for this study is a comparative analysis. Since sound performance is highly
dependent on numerous interactive macro and micro spatial parameters, any trivial changes in the building
environment including materiality, geometry, structure, furniture, occupancy, temperature, and humidity, etc.
can cause a dramatic change. Therefore, in the interest of achieving some general conclusions in each matrix
of study all parameters including materiality were kept constant. Iterations were generated with a parametric
tool to ensure consistency in 3D modelling and to have absolute control over geometrical attributes such as
2
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volume, length, and angle which would be otherwise hard to govern. In addition, parametric tools can push
beyond the limitations of the number of iterations that can be generated by traditional 3D modelling
software.
All iterations were modelled in the Grasshopper, a parametric tool for the Rhinoceros 3D. A symmetrical
cubic shape geometry was selected as the basis for the open plan office. The finished floor-to-ceiling height
is 3.3 metres with a total area of 900 square metres in the plan. The semi-enclosed pod is placed in the centre
with the consistent 50 cubic metres volume and the average volume-to-surface-area ratio of 1 metre. The
partitions of the pod are extended up to 0.3 metres below the finished ceiling, allowing a 0.3 metres gap
between the finished ceiling and the pod’s top edges. The pod in all simulations is hexagonal in plan, but
with three overall variations of convex, concave and flat surfaces. The symmetry in the pod and the open
plan office was maintained in all iterations to minimise the effects of the mutual interaction of the pod and
open working environment on the acoustic performance of both spaces. However, the reciprocal relationship
between materiality and overall geometry was investigated, and more details on this can be found in previous
studies [13,18].
3.2

Sound simulation setup

Few widely applied geometrical acoustic simulation tools are available including CATT-Acoustic, EASE,
Pachyderm, Ansys, I-simpa, SoundPlan, etc. However, in this study, ODEON, a hybrid commercial room
acoustic software is selected as one of the most reliable and widely reviewed software in literature [22,23].
Surfaces were assigned identical absorption coefficient values in all simulations as presented in Table 1. The
value of 0.05 was also given as a scattering coefficient to all surfaces.
Table 1– Absorption coefficients of the pod and office surfaces
Frequency (Hz)

63

125

250

500

1000

2000

4000

8000

α(w)

Ceiling

0.30

0.30

1.00

1.00

1.00

1.00

0.97

0.97

1.00

Floor

0.04

0.04

0.04

0.08

0.12

0.10

0.10

0.10

0.10

wall

0.10

0.10

0.05

0.06

0.07

0.09

0.08

0.08

0.10

Pod

0.2

0.2

0.2

0.2

0.2

0.2

0.2

0.2

0.2

The sound source was set in the centre of the pod at the average height of a seated person, 1.2 metres above
the floor. The SPL values of the sound source applied in this study are listed in Table 2.
ISO 3382-3 [20] recommendation for having an omnidirectional sound source was adopted in this study.
However, since speech is inherently directional, a comparative simulation was performed to explore the
outcome differences if the real environment was about to be simulated.
Figure 1 presents the STI maps with omnidirectional versus directional sound sources. It is observed that
except for the rear-facing positions which benefitted from more speech privacy, there is little to no difference
in the speech privacy of the listening areas facing the speaker.

Figure 1– STI maps with directional vs.
omnidirectional sound source
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Table 2 – Omnidirectional sound source level applied in this study

3.3

Frequency (Hz)

125

250

500

1000

2000

4000

8000

SPL (dB)

60.9

65.3

69

63

55.8

49.8

44.5

Total power

Total SPL at 10 m

71.8 dB

40.8 dB

68.4 dBA

37.4 dBA

Results interpretation

ISO 3382-3 [20] suggests STI as the primary measure to evaluate speech privacy. However, there are slight
disagreements on the thresholds and definitions of speech privacy over the entire range from 0 to 1. ISO
3382-3 [20] defines the privacy zone when STI drops below 0.2 and the distraction zone when STI is below
0.5, whereas, in ISO 60268-16 [24], with STI above 0.75, there is no privacy and with STI below 0.6
reasonable speech privacy is provided. The normal speech privacy in this standard is ranged from 0.3 to 0.45
with excellent privacy in areas with STI below 0.3. In an experiment for exploring the human perception of
privacy in a real environment, the threshold of 0.6 STI corresponded more to the subjective analysis of the
non-distracting areas with an acceptable level of privacy [25]. Therefore, in this study STI of 0.6 is
considered the borderline of having an acceptable level of speech privacy.

4
4.1

Results and Discussion
Matrix A: Suspended ceiling with partial coverage

Overhead canopies are extensively applied in open plan offices to create micro soundscapes in areas where
conversations are likely to happen. They come in various shapes and patterns and they can function as both
sound absorbers and light pendants. They are mostly applied to absorb the sound and decrease the RT value.
However, for semi-enclosed meeting pods with high partitions, further study is required to investigate the
impact of suspended canopies on improving speech privacy. Two types of canopies are simulated in this
study (Figure 2) each in combination with three pods varied in section: Flat, convex, and concave pods.

Figure 2 – Two approaches for
partially covering the ceiling, donut
style and suspended central canopy
In Figure 3, expectedly, it is illustrated that as the size of the suspended central canopy gets smaller and the
gap between canopy and pod widens the STI increases in all three types of the pod. However, interestingly
the matrix indicates that the impact of a central canopy on both concave and flat pod counters the significant
STI improvement that the central canopy brings to the convex pod. This implies the effectiveness of adopting
a central canopy just over a convex pod. While in a convex pod with no overhead canopy only 0.5% of the
office area has STI below 0.6, this figure soars to 41% when the void between the pod’s top edges and
canopy’s edge is 50 cm. When the canopy shrinks and the gap starts to open up the percentage of areas with
STI under 0.6 falls quickly to 17% with only a 20 centimetres increase in the gap. With a metre distance
between the edges of the canopy and pod, this value drops to only 8% which is 16 times better than a convex
pod with no canopy and 5 times less effective than a convex pod with a larger overhead canopy. Therefore, it
4
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Figure 3 – Matrix A-1, Exploring STI maps of three types of the pods
with suspended central canopy of various sizes
can be concluded that integrating a suspended central canopy would be more beneficial to pods with an
overall convex shape when there is no architectural alternative to change the geometry. The size of the
canopy must be reasonably large to allow a minimum gap and maximum advantage that outweighs the cost.
If acoustic performance drives the design at early stages, then the convex form should be avoided most. That
being the case the central canopies over the high-partitioned semi-enclosed flat and concave pods would not
further enrich speech privacy.
Going over and above that, an increase in the STI of the open plan office can be observed when adding a
central canopy with a sound absorption coefficient equal to or less than the absorption coefficient of the
ceiling. This rather contradictory finding might be interpreted as being the result of expanding the edges,
where the diffraction happens, without adding absorption value. The more edge diffraction happens, the
earlier sound releases in the open plan office. Edge diffraction can interrupt the regular reflections in the pod
and fewer sound rays would reflect back to the pod. Limiting the edges of the design and thus reducing
diffraction would help to control the sound reflection paths and to trap the sound waves inside the pod for a
more extended time.
Modifying the partial ceiling design from a central canopy to a donut-shaped that wraps around the top edges
can resolve the problem caused by the increased length of edges. It also gives an advantage of covering the
areas where according to the 3D animated investigative ray tracing in ODEON most sound waves are
observed to escape. As illustrated in Figure 4 the value of STI has dropped in all three types of the overall
geometries when a donut-shaped partial ceiling is added. This implies that generally, STI improvement in
this form of coverage exceeds the speech privacy that canopy-style ceiling offers.

Figure 4 – Matrix A-2, Exploring STI maps of three types of the pods with wraparound donut-shape canopy
of various sizes
5
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It should be stressed that the simulation set up in this study is compatible with the acoustic standards of the
open plan offices and the requirement for having an absorbent ceiling. Changing the context to an old
fashion working space with little to no sound absorptivity in the ceiling would dramatically affect the results.
A gradual increase in the size of the donut-shaped ceiling leads to a rapid decrease in STI. It levels out when
the partial ceiling spans half a metre. The value of adding donut-shaped coverage around the top, up to 50 cm
in length, is substantiated by 13%, 75%, and 23% increases in the areas with STI below 0.6 in the concave,
convex and flat pods respectively. By adding a 50 cm partial ceiling around the edges still, the improvement
in speech privacy is achievable but to a smaller extent. 10%, 8.5%, and 1% more office areas will be placed
in a non-distractive zone when adding wraparound coverage to concave, convex, and flat pods respectively.
These results suggest solutions when there are no alternatives to the overall design geometry. For instance,
with only 50cm coverage around the edges on the top, the convex pod can acoustically function very close to
the concave pod, if not equal. It can be observed from the matrices that the convex pod benefits most from
both types of partial ceiling add-ons. However, overall, the wraparound donut-shape ceiling performs
distinctly better than the suspended central canopy ceiling, which is more common in practice. A summary
of figures from CDF graphs is presented in Table 3.
Table 3 – Summary of the CDF graphs for STI for both types of partial ceiling
No
canopy

50

70

80

100

Concave

69

60

53

53

52

Convex

0.5

41

17

12.5

8

No curve

51

55

51

48

40

Concave

2.5

0.78

0.2

0

0

Convex

0

0.55

0.2

0

0

No curve

0.2

0.2

0.1

0

0

size of donut-shape coverage in cm

0

40

50

60

100

Concave

69

72

82

77.6

77.7

Convex

0.5

66

75

75.2

75

No curve

51

62

75

72

70

Concave

2.5

12.5

12.5

14.6

22.6

Convex

0

8.5

8.5

8

8.5

No curve

0.2

0.2

0.8

0.6

0.5

Percentage of STI (CDF
graph)

Percentage of STI (CDF
graph)

Size of the gap between the central canopy
and pod in cm

4.2

STI<=0.6

STI<=0.5

STI<=0.6

STI<=0.5

Matrix B: Alteration in the angle of incidence (reflectors)

Excluding the direct sound, first-order reflections are the most significant contributors to speech
intelligibility [16,27,28]. The angle of incidence when the sound first strikes the pod and the first reflection
happens is critical according to the raytracing technique. Therefore, another matrix is developed to
investigate the early reflections’ path by studying the angle of incidence as an influential parameter.
Two possible approaches to change the angle of incidence are studied in this matrix: global modification to
the pod’s geometry or appending wraparound reflectors to a portion of the pod that corresponds to the height
of the sound source. The bottom row of the matrix in Figure 5 illustrates changes in the angle of incidence
6
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Figure 5 – Matrix B, Exploring the influence of angle of incidence on STI in three variations
from 70 degrees to 110 at the approximate height of a sitting person (120 cm), by transforming curvature
gradually from convex to a concave shape. In the second row, the all-embracing curvature of the first row is
downscaled to only cover one-third of a simple square pod’s surface at the height of the sound source. The
angle of incidence was changed from 70 to 110 degrees through the change of the reflector’s curvature.
In the last top row of the matrix, the angle of incidence is changed by rotating a flat reflector from 70 to 110
degrees. The flat reflectors, similar to the curved reflectors in the second row, cover one-third of the pod’s
height in the middle.
Broadly speaking, this matrix confirmed the previous findings that the convex shape is ineffectual in
providing an acceptable level of speech privacy in the open plan office. In the bottom row, the STI
dramatically decreased when the angle of incidence reached 90 degrees in a flat pod and dropped the most
when the angle of incidence was increased to 95 degrees in a concave pod. A similar peak in speech privacy
can be observed when the angle of incidence reached 95 degrees in a simple flat square pod with curved
reflectors in the second row of the matrix. Comparing the first two rows interestingly reveals that
downscaling the convex geometry from the overall shape to reflector significantly improves the speech
privacy of the open plan office in the second row. This result suggests that the flat surfaces of the pod can
partially compensate for the scattering characteristics of the convex reflectors and hold the sound inside for a
greater period compared to the pod that is globally shaped with convex curvature.
In the third row, improvement in speech privacy when the angle increases from 70 to 90 degrees are still
apparent. However, there is a reverse trend when the reflector creates an angle of incidence of more than 90
degrees. STI begins to increase when the angle of incidence rises from 90 to 110 degrees. This pattern was
anticipated, since with a flat reflector unlike the curved one there is no reversible barrier element to change
the reflection path back to the pod when it is directed outside with an obtuse angle. Alternatively stated, flat
reflector lacks the embracing characteristic of the concave reflector. Instead, it tends to accelerate the sound
release when the angle is obtuse.
By designing an appropriate geometry that responds to the effects of angle of incidence, the STI can be
dramatically decreased from 0.7 in a convex pod to 0.45 in a pod with either an overall concave shape or
partially covered by concave reflectors with 95 degrees angle of incidence.
In further developing the investigation, a combination of flat reflectors with concave and convex pods has
also been studied. A wraparound flat reflector with a right angle of incidence was added to both concave and
convex pods and was compared to each other in Figure 6. Consistent with the previous results, the concave
pod with no reflector outperforms all three other options. However, the speech privacy of convex geometry
7
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Figure 6 – The impact of flat reflectors
on STI of concave and convex pod
can be noticeably improved by appending wrap-around flat reflectors. The reflector can disrupt the
continuous reflections inside a concave pod while it can assist in holding the sound inside a convex pod for
an extended period before releasing it into the open plan office.
In practice restrictions such as cost, limited space, design specifications, and fabrication process may limit
the alternatives. Therefore, it becomes significant for designers to be aware of the counterbalanced solutions
like proper reflectors and/or partial ceilings to offer an acceptable level of performance in an integrated
design. An example of such a workflow can be found in previous studies where the design of a semienclosed meeting pod was calibrated to accommodate fabrication limitations and a partial ceiling was
considered in an integrated double-skin design early at the design stage [29,30].
Since the findings are based on the ray-tracing simulation results can be varied with any trivial changes in
the context, geometry, size, volume, and materiality. The conclusions from such analyses therefore should be
interpreted with the utmost caution. The findings should be considered as an informative guideline and the
comparison methodology introduced in this research can be applied to offer proper solutions for any design
scenario.

5

Conclusions

This paper presented an architectural investigation on improving the speech privacy of semi-enclosed
meeting pods through developing parametric matrices of iterations in a coherent approach.
The common acoustic strategy in practice is the application of sound absorption materials to achieve a
defined standard reverberation time. Low reverberation time increases speech intelligibility. While high
speech intelligibility is desirable for employees’ health, comfort, and productivity, in open plan offices with
open meeting areas or semi-enclosed meeting pods it eases unintended and effortless eavesdropping and puts
the meeting privacy at risk. For addressing this conflict, it is suggested to create a micro soundscape within
an open plan office with the higher reverberation time, less speech intelligibility but more speech privacy.
While low reverberation is ideal for open working spaces, a micro-auditory environment with higher
reverberation is more required in the meeting pods. This can happen through an integrated architectural
design and reconsideration of the choice of materiality, from the pure absorbent to a combination of
reflective and absorptive surfaces. The reflective micro soundscape of the meeting pod decreases the speech
intelligibility inside the pod, yet offers more speech privacy, which is the priority for a small meeting space.
Broadly speaking, in the design of a semi-enclosed meeting pod with the focus on achieving the highest
possible speech privacy, the proposed geometry of the pod should be capable of holding the sound inside,
instead of expediting sound release and propagation in open layout space.
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In this paper, two market-favoured approaches for designing and retrofitting meeting spaces in open plan
offices were studied: canopies and reflectors. While both strategies are widely applied in practice for
reducing RT and noise and increasing speech intelligibility, in this research they were examined for their
efficiency in improving speech privacy. The wraparound donut-shape ceiling was almost twice as efficient as
the suspended central canopy of the same size in producing speech privacy in convex pods. It also helps to
decrease the STI in the concave and flat pods but with a much lower rate compared to the convex pod. The
same results were observed when appending or integrating reflectors in three different pods with concave,
convex, and flat surfaces. A maximum of 0.25 reduction in STI was reported in a convex pod when the angle
of incidence reached 95 degrees. The results were quite similar in two methods of changing the angle of
incidence: gradually modifying the overall geometry from convex to concave to achieve 95 degrees of angle
of incidence or placing a reflector with that specific angle inside the pod. A significant observation is that if
the pod’s overall geometry happens to be more enfolding than the shape of the add-on reflector, the
reflection pattern can be interrupted and the sound would be released in the open plan office much quicker.
With geometrical solutions, a convex pod can perform quite as efficiently as a concave pod, when the design
options are limited. This offers much flexibility and creativity in designing ground-breaking and aesthetically
pleasing performance-driven prototypes of meeting pods in the future.
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Abstract
Parametric environmental simulators, such as Ladybug, Honeybee, DragonFly, and Butterfly, are
algorithmic tools that enable designers to visualise and simulate weather conditions, daylighting,
urban heat island effects and wind paths in relation to 3D design geometries. These tools are readily
used in design processes in architectural education and the profession. By contrast the integrated
visualization and analysis of acoustic parameters in 3D modelling environments is less widely
practiced by designers and students of design, despite the availability of reputedly algorithmically
robust acoustic analysis and simulation plugins. Drawing on a 3rd year undergraduate
computational design studio that introduces students to architectural acoustics as part of multiparameter optimization workflows, this paper reflects on the barriers and opportunities of engaging
with parametricised sound in early-stage design. This paper further contributes perspectives on the
wider significance of information design for computational tools, and relatedly, how designers
prepare themselves to make ‘informed’ decisions based on complex environmental data.

Keywords: architectural acoustics, acoustic design, computational design, parametric design,
information design, Pachyderm.

1

Introduction

Architects and designers often draw on heuristics and assumptions, informed by education and
professional experience—in knowing and often unknowing ways—to help make decisions as they
design [1-3]. The term heuristics is defined here as a practice of ‘educated guesswork’ that typically
derives from prior experience and draws on common knowledge and values. Donald Schön has
famously described how design knowledge is also a form of “knowing in action”, that is “mainly
tacit” [2] (p.3). He argues that “designers know more than they can say…tend to give inaccurate
descriptions of what they know…and can best…gain access to their knowledge in action” [2] (p.3).
In other words, it is through modes of ‘doing’ design, or designing, that design knowledge is both
1

1965

created, reshaped, and called upon to inform design decisions. Heuristic methods also form the
basis for how many computational design decision-support and optimisations tools operate [4]. And
when architects and designers engage with computational tools in the design process in the form of
‘decision support’, heuristics and tacit knowledge can influence how designers in turn interpret the
outputs of a tool. Perhaps not surprisingly, a designer’s familiarity with a topic can impact how well
the tool can help them meet their desired goals. But can this explain for example, why architects
and design students alike have readily adopted open-source parametric environmental simulators for
daylighting, radiant heat, temperature, and wind conditions, but not necessarily the phenomena of
sound? Afterall, there are now a range of acoustic computational analysis and simulation tools that
are reputedly algorithmically robust and capable of generating reliable data. This paper considers
why such tools are not yet as commonly used by professional designers or design students. It does
so by reflecting on the experience and outcomes of a 3rd year undergraduate Digital Collaboration
design studio that introduced students to architectural acoustics and engaged with the open-source
acoustic analysis plugin Pachyderm [14] within the Grasshopper/Rhinoceros 3D modelling
environment. The paper draws on the notion of a hermeneutic gap, defined here as the distance
between computational tool data output and its capacity to be usefully interpreted and applied in
design practice. Accordingly, the following sections of this paper explore the hermeneutical
challenges of ‘parametricising sound’ in early-stage design. The paper concludes by reflecting on
lessons learned and future directions and argues for the significance of information design and user
experience principles in the design of digital tools and computational workflows.

2

Environmental simulation tools and hermeneutic relations

When interpreting the results of computational analysis and simulation tools designers may connect
more intuitively with output in data formats that is familiar to them. For example, in the case of
simulations reporting air or surface (radiant) temperature, a designer might draw on their own
experience of comfort associated to a temperature range to inform a design decision. Equally, the
units of measurement and heat-maps used for representing radiant heat and thermal comfort
temperatures that employ the traffic light RGB range are typically familiar to designers and the
public more generally. What this points to are the ways understandings of temperature, humidity,
and even wind form part of an everyday lexicon. Put another way, understanding climatic
phenomena— or the weather— forms part of people’s everyday lives as it carries significant
implications for how they go about their lives. This is exampled by regular communications about
weather status to the public through television, newspapers, online reporting, and dedicated weather
apps for smart devices. People’s day-to-day decisions, from what clothes to wear, what form of
travel to take, to how much energy their house will consume are often highly contingent on weather
forecasts. But, while the phenomenon of sound is an everyday and significant experience, the
reporting of sound levels or conditions is not as ingrained in everyday discourse and decisionmaking. Most people, not even designers, are likely aware of the recommended loudness for an
office, library, performing arts theatre, restaurant, or highway. Nor would they necessarily be
familiar with the unit of measurement for sound and that it is expressed in decibels (dB) along a
logarithmic scale, the various evaluation indexes for sound, or the ways that spatial and material
design decisions can have a bearing on sound quality. What this suggests is that designers or
students who want to engage with the phenomena of sound through computational acoustic
simulation tools may need more support within the tool itself to understand acoustic principles in
the context of design requirements and to make sense of performance metrics outputs. But to what
2
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extent can, and perhaps should, a computational acoustic tool, that is primarily designed to
automate and visualise acoustic analysis, also assume the role of informing designers about acoustic
principles?

3

From Digitalising to Parametricising Sound

There is significant creative, economic, and environmental value to be realised by reconceptualising
sound as a design driver or parameter, as opposed to an issue to be engineered out in design
development or addressed remedially during construction or post-occupancy stages [5-9]. With
access to suitable custom software tools designers and students can engage more creatively with the
principles of sound diffusion and scattering in early-stage design. As the case example in this paper
demonstrates, computational acoustic simulation tools offer significant ways for designers and
students to explore how local scale, complex surface geometries can influence the distribution of
sound and sound quality towards meeting identified and relevant targets [8]. Still, developing
acoustic analysis and simulations tools for use in early-stage design and education contexts presents
complex challenges that entangle the technical with the informational.
The scientific principles and methods for analysing the acoustic performance of architectural spaces
are well established. But for much of the 20th century, predicting and designing acoustic
performance in spatial environments relied heavily on the use of physical scale modelling and on
known sound absorption properties of materials. In the previous two decades, a wider range of
software programs have been developed to translate the scientific principles of acoustics into
algorithms to automate processes of acoustic analysis and simulation. Now, acoustic simulation
software can crunch data to communicate acoustic performance as heatmaps overlaid onto 2D and
3D models views (Figure 1), as ray tracing in 3D models (Figure 2), as sound energy propagation
simulations (Figure 3) and in the form of auralisation. In this way, the acoustic performance of
proposed or existing spaces can be calculated, and even heard or experienced in relation to their
volumetric, geometric, and material characteristics [10, 11]. These methods afford new ways for
designers to incorporate acoustic considerations into far earlier stages of design work to open-up
creative potential and to reposition sound as a significant design driver. Engaging with the
phenomena of sound in early-stage design can in turn avoid costly re-do work in buildings where
acoustics are found to perform poorly following construction and/or post-occupancy.

Figure 1 – SPL heatmap (Image courtesy of Ebony Pritchard)
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Figure 2 – Ray Tracing in 3D model iterations (Image courtesy of Billy Park

Figure 3 – Sound source propagation simulations for 4 iterations (Image courtesy of Eddie Azzi)
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In 2019 researchers Milo and Reiss [11] reviewed the technical features of a range of acoustic
simulation tools, including expensive, specialist, and typology-specific software such as ODEON,
to more recently released and accessible options geared towards creative exploration such as the
RAVEN plugin for SketchUp. Milo [10] notes that Pachyderm developed by Arthur van der Harten
in 2013 while at Foster + Posters remains the only open-source acoustic simulation plugin for use in
the Rhinocerous/Grasshopper 3D modelling environment. The following sections of this paper
describe the use of Pachyderm in a 3rd year Digital Collaboration design studio.

4

Digital Collaboration Studio

The Digital Collaboration Studio is one of the penultimate 3rd year courses in the School of Built
Environment, Faculty of Arts, Design, and Architecture, at the University of New South Wales,
Sydney, Australia. It is a course that interprets the notion of ‘digital collaboration’ from two key
perspectives. Firstly, it conceptualises ‘digital collaboration’ as an ecological design method that
brings into relationship allied computational methods and digital technologies to frame design
problems and iteratively work towards their resolution. Secondly, it involves students working
collaboratively to assemble computational workflows to simulate, analyse and evaluate multiple
design iterations, and create a design prototype. In 2020 course students were tasked with designing
a small music performance pavilion to be situated on the Sydney Opera House forecourt. The
design brief called for an adaptive pavilion in dialog with a range of environmental phenomena. As
such, design teams were required to facilitate and demonstrate this dialog by constructing
computational workflows and using environmental simulator plugins for Grasshopper such as
Ladybug, Honeybee, DragonFly, Butterfly, and Pachyderm, as well as structural analysis using
Karamba, to test and calibrate the design model geometry. In 2021, and based on the experiences of
the previous year, the design brief was revised in scale and scope. In 2021 the focus shifted to the
design of kinetic acoustic panels for an office environment that could be rescaled using soft robotics
techniques to accommodate different functions, such as small meeting, lecture/presentation, and
quiet work.
As 3rd students enrolled in a Bachelor of Computational Design each class came to the Digital
Collaboration design studio with significant experience using the visual programming language
interface Grasshopper within the Rhinocerous 3D modelling environment, as well as text-based
programming such as Python. In the 2020 class, where teams explored a wide range of
environmental phenomena most of the students had prior experience using climate data plugins
such as Ladybug, but limited experience with wind analysis. Across each year group none of the
students had prior experience with Pachyderm and few were familiar with the principles of
architectural acoustics. Overall, in 2020 the students successfully conducted a range of
environmental simulations for their site and design (Figure 4). The wind analysis required some
debugging and technical wizardry, but the acoustic analysis proved most challenging for the 2020
class who were expected to optimise their designs based on multiple parameters. The open sidedsided nature of the pavilion designs presented further challenges for the 2020 class who soon
realised the Pachyderm simulation required a closed geometry or bounding box. For the 2021 class
the design site was an internal office and thus inherently more aligned for use within the acoustic
plugin tool.
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Figure 4 – Pavilion Solar Analysis 2020 (Image courtesy of Monica Ooi, 2020)
In attempting to undertake acoustic analysis, students across both years encountered a combination
of technical and hermeneutic challenges. This included software version compatibility,
interoperability, model preparation issues, and output interpretation issues. In terms of the technical
issues, for analysis to run, the Rhino model had to be prepared as rhino baked objects in layers, in
the correct scale (metres) and with specified materials and absorbency. In 2021, students were
specifically exploring soft robotics and silicone as a material for acoustic panels and were not
necessarily able to assign this material from the options provided in the plugin. In general, students
felt that the material options in the plugin were limited. Additionally, some students reported
difficulties in running simulations depending on computing power and the complexity of the design.
The excessive drain on computer processing power meant long run-times, including one student
reporting more than 1 hour to render a ray tracing. For some students, these technical challenges
made the exploration of multiple design iterations unfeasible.
Beyond the aforementioned technical demands, and although students were equipped with a basic
introduction to the principles of architectural acoustics and resources, they confronted a
hermeneutical gap. The time spent setting up the simulations meant that while captivating
visualisations of sound energy propagation were produced, less time was spent on interrogating
their significance. The simulations in this way became seen as an end goal, rather than the
production of data to be analysed to reinform further design iterations. Overall, the short teaching
term length of 10 weeks placed limits on the opportunity for iterative cycles of simulation, feedback
into design and further simulation (Figure 5).

Figure 5. Sound energy distribution simulation comparing 3 different panel designs, in states of
deflation and inflation (Images courtesy of Nicole Hua, 2021).
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Discussion

It would be tempting to dismiss the technical issues related to computer processing power
encountered by the students during the Digital Collaboration Studio as trivial, as the individual’s
responsibility, or not within the scope of the developer. But these issues are entirely relevant when
the problem in question concerns encouraging more designers and design students to purposefully
engage with the phenomena of sound as a design parameter. Systems and tools that necessitate an
excessive drain on computer processing power and feature complex user interfaces can rapidly deter
the wider uptake and diffusion of digital tools and undermine their value. In the Digital
Collaboration Studio, working in teams offered a short-term workaround to computer processing
power issues, as students had a range of laptop specs. Following Moore’s Law, it could be
optimistically assumed that the continued increased in the speed and capability of computers will
simply remove this issue, but equally, designing open-source tools that require high-end computer
processing power is an incongruous approach.
The challenges identified and discussed briefly here are situated, shaped by the design project,
teaching conditions, computer power, internet speeds, and a pandemic that meant students and staff
were in lockdown and collaborated online. But equally the challenges and opportunities faced echo
wider issues in digital and computational research more generally. Much architectural computing
research has focused on testing and validating the technical feasibility of digital tools and their
potential applications, but few studies have explored the challenges of practical implementation,
user experience, and broader adoption issues in industry. The consequences of this as Zboinska [12]
argues, are that many designers are put off by the tools proposed by academic research contexts that
they perceive to be too abstract and tedious to use. And for many designers who do take up the
tools, as Bernal et al [1] highlights, there can be a “significant cognitive cost” as they “…spend a
considerable amount of time attempting to interface their work rather than focusing on the design
itself” (p.165). But most digital and computational tools demand more upfront time to run
simulations and analysis. In the context of acoustic design, for established and advanced nonintegrated acoustic engineering simulation software based on geometric acoustic (GA) principles
and algorithms, 3D models must be simplified for translation. Other acoustic analysis software
requires a re-organisation of 3D geometry data (architectural models) layer-separated by material
[7]. This onerous preparation work to ‘clean’ and duplicate 3D models is one of numerous
identified problems that spurred Pachyderm developer Arthur van der Harten to create and release
an open-source and integrated acoustic simulator to begin with [14]. But preparation time to set up
these valuable tools needs to also be understood as part of new ways that humans and machines can
design together. It is, more broadly, necessary for designers and educators to appreciate this shift
and for clients to understand that ‘time-taken’ in the short-term is always far easy to measure than
‘time-saved’ in the longer-term that will likely render more extensible value. Equally, while data
exchange issues and wrangling model files into compatible formats can be difficult tasks for first
time users this becomes less arduous with continued use.
Significantly, the notion of ‘interfacing the work’ as merely a cognitive cost is misleading and
overlooks the value of the knowledge that is generated through human-machine interaction. Setting
up a software system to run a simulation to extend a designer’s exploration of the design space is
not apart from the design process, it is rather now firmly rooted in it. In the Digital Collaboration
Studio student learning was activated through their interfacing with the technology. The necessity
to rigorously organise their 3D models to run simulations forced students to connect between 3D
7
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spatial configurations, material choices, acoustic principles, and sound quality indexes. In short,
their awareness and knowledge of architectural acoustics was shaped by and mediated through
Pachyderm. Nonetheless, going forward, the Digital Collaboration studio must also find ways to
bridge the hermeneutic gap between data and interpretation. More time could be allocated for
students to research and find precedents for sound quality to inform their design goals and then
evaluate their simulations against. This could be informed by connecting embodied experience to
indices and data in the form of “aural awareness” as described by Milo [10]. Involving ‘listening
experiences’ in design education could bridge between experience and abstract representations of
sound and complex sound quality indices and data. The aim here would be to develop a similar
level of intuitive connection that students may have for other environmental phenomena such as
thermal comfort and temperature. Put another way, such methods could facilitate a more intuitive
understanding of the implications of an office environment registering loudness at 50dB or a
classroom environment with 0.5sec reverberation time (RT). Milo writes that future designers could
develop a “sound-based vocabulary” from listening and documenting “sonic environments in
combination with design tasks [10] p.105. Equally, and from a computational design perspective,
collecting sound data in environments could be used to add additional machine learning features to
plugins such as Pachyderm. For example, using historic sound data measured by acoustic engineers
from existing buildings as a training set in combination with spatial data, could provide
opportunities for transfer learning to generate faster, yet less computationally heavy acoustic
simulations.

6

Conclusion

Open-source computational design tools afford distinctly new, adaptable, and integrated ways to
augment design intelligence and make codifiable, specialist knowledge and analysis methods more
accessible to designers at all stages of the design process. In the context of architectural acoustics,
more accessible computational tools such as Pachyderm offer ways for designers and students to
explore sound as a design driver rather than a condition to be mitigated during late-stage design
development, or worse, remediated during construction or post-occupancy. That the phenomenon of
sound should be afforded as much consideration in early-stage design as other measurable
environmental conditions, is a position that has underpinned the design studio experiences
discussed in this paper. Computational design thinking and methods offer significant opportunities
to further support design students and professionals alike in the design of environments for sound.
But to navigate the hermeneutic gap between data and interpretation, computational acoustic
analysis and simulation tools should develop approaches to connect between the embodied
experience of sound and its abstraction as particle propagation and ray tracing visualisations, and
sound quality indices and data.

.
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Abstract
Traditional Machine Learning (ML) algorithms shape geometries such as an acoustical reflector inside a rectilinear
six-sided box, often referred to as a Bounding-Box. The space available for acoustical reflectors in a performing arts
venue rarely takes the form of a rectilinear box. Designers must either limit the ML optimisation to a box that is
smaller than desired or risk the result of a reflector that interferes with sight or lighting lines. A series of geometric
algorithms has been developed that are being referred to as Bounding-Breps. These have been applied to two different
buildings: a 175 seat multi-purpose “Black-box” theatre and a 670 seat proscenium arch theatre. Reflectors in the
rooms have been optimised with a multi-objective Fitness Function that has been developed to distribute laterally
reflected sound as uniformly as possible on a receiving surface. Pareto-Optimal sets of reflector design options suggest
improvements in Lateral Energy Fractions of one or, depending on initial conditions, several Just Noticeable Differences.

Keywords: Room Acoustics; Multi-Objective Optimization (MOO); Genetic Algorithms(GA); Pareto Set;
Epsilon-Constraint Method

1

Introduction

The techniques of Machine Learning (ML) are making their presence felt in the world of acoustics research.
A very thorough summary is presented in [1], noting the application of ML in areas such as audiology, speech
recognition, underwater acoustics and more. For architectural acoustics, though, there is an unfortunate paucity of publications. The one notable exception being Sato et al.’s work in 2002 [2]. Pioneering work by
Kathirchelvan [3] encouraged the author to explore the field further. A series of what might be called “geometric algorithms” was developed in [4] that allows a computer to build and iteratively modify acoustic reflecting panels or solid reflecting objects. As opposed to the rectilinear Bounding-Boxes used in traditional
geometric optimisation, these methods are based on Non-uniform Rational B-Splines (Nurbs) and Boundary
Representations (Breps). The result is what might be called, not a Bounding-Box but, rather, a Bounding-Brep
(or B-Brep). In that same study, the author posited that Genetic Algorithms (GA) might be more appropriate
for architectural acoustics design, rather than the Simulated Annealing algorithm [5] used by Kathirchelvan.
Most Simulated Annealing algorithms are better suited to single objective optimisation and, as such, render a
single “optimal” design. Design for architectural acoustics – and architecture in general – is a multi-faceted
challenge that is best met with algorithms that can deal with multi-objective optimisation. The Genetic Algorithm [6] is one such routine, the most popular version being the Non-dominated Sorting Genetic Algorithm
(NSGA-II) developed by Deb, et al. [7]. The goal of this paper is to experiment with some practical applications of the concepts developed by the author in [4] using NSGA-II.
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Objective Function

An Objective Function, used to guide the GA through the optimisation process, has been proposed in [4]. It
shall be briefly described here. First, it is important to ensure a uniform distribution of reflection intersections
on the receiver surface. Otherwise, the GA could end up concentrating the reflections in one corner or along
one edge of the receiver surface. A grid is constructed on top of the receiver surface and the reflection intersections are attracted to its nodes or vertices. The spacing of the vertices (dMEAN) is based on the optimum
packing of circles on a surface.
𝑑!"#$ = #
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The “lateralness” of a given reflection is quantified using a method developed by Protheroe and Day [8], which
will be referred to here as the Single Reflection Lateral Fraction (sLF). Ref. [8] has found a reasonable correlation between the sLF and the more familiar Lateral Fraction [9]. The assumption is made that, as the iteration
process evolves, the distances between the received reflection points and the grid vertices will form a normal
distribution. Likewise the sLFs at the points of intersection are assumed to be normally distributed with respect
to the desired value of sLFGOAL. The two dimensional Object Function is thus:
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where: Ngrid is the number of grid points
dNN is distance from the ith grid point to its nearest neighbour (NN)
tdist is the convergence coefficient associated with distance
and:
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where: DsLF is the difference between the sLF at the NN and sLFgoal
tsLF is the convergence coefficient associated with associated with sLF
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3.1

NSGA-II
Brief Description

The Non-dominated Sorted Genetic Algorithm (NSGA-II) [7] has
proved very useful in solving multi-objective problems. It is based
on the concept of non-dominated Pareto-Optimal Fronts and
Crowding Distance. A Pareto Front is the set of optimum solutions
(in our case, a set of reflector design iterations) where one of the
two Objective Functions cannot be improved without reducing the
other Objective Function, and vice versa. In Figure 1, we see that,
after 50 generations, the NSGA-II routine has found three Pareto
Fronts. When one has to decide which solutions to propagate the
next generation, it is best to encourage diversity. So, for example,
in Figure 1, the two solutions in the middle of the third front (at

Figure 1 Pareto Fronts for the Nia ceiling
reflector, optimised with the Uniform
Cartesian Grid method. sLF values are
shown for solutions on the 1st Front.
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0.94, 0.85) are close to each other. One of them might
be useful to the next generation but not both. Their
properties are too much alike.

3.2

0.8
dMean Fitness

Thus, the way to interpret a representation of the data as
shown in Figure 1 is; because we are trying to minimize
the functions, the better solutions are the ones closer to
the origin., i.e. the ones on the first front. Along that
front any improvement in sLF will mean a compromise
in the uniformity of the sLF on the receiver surface.
That may be true of any point on the graph but this is the
set where one will find the best compromises. Crowding Distance (i.e. two solutions close together) is not a
factor in the decision making. It is a very useful component of the algorithm as it progresses towards better
solutions but is not helpful in the eventual selection of a
good reflector design.

1.0

0.6
0.4
0.2
0.0
0.0
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0.8

1.0
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Figure 2. The estimated Pareto Front for the
model shown in Figure 4, found by the Epsilon-Constraint method (e = 0.04).

Pareto-Optimal Front Identification

In the current study, we are trying to minimise two fitness functions simultaneously towards the ultimate Pareto-Optimal Front. The problem is, we don’t know where that front lies beforehand. One way to identify the
Pareto Front is with the so-called Epsilon-Constraint method [10]. In this method, the Genetic Algorithm
iteratively minimises one of the fitness functions whilst the second is constricted. Then the second fitness is
minimised while the first is constricted. Figure 2 shows the results when the search of the fitness functions is
spanned across their entire range, i.e. from 0.0 to 1.0. This was done with the e increment set at 0.04, resulting
in something that looks more like a bundle than a front. A further “fine-grain” study was performed around
this region, this time with the e increment set at 0.014. The results were similar. It should be stressed that
what has been found here is only an estimate of an unknown Pareto-Optimal Front. These searches are computationally expensive, taking several hours for each fitness function. It was decided that the estimate shown
in Figure 2 and its “finer grain” partner were probably accurate enough. This was confirmed in the subsequent
experiments, to be described in the following sections.
3.3

Parameter Settings for Experiments

For the Epsilon-Constraint method Pareto Front search shown in Figure 2 and for all the other studies quoted
in this paper, the Genetic Algorithm (GA) and Ray Tracer routines were configured as shown in Table 1.
Table 1 – Experimental Parameter Settings
Tool
Parameter
Value
Ray Tracer
# of Rays
19,700
Reflector Grid
U-V-W Counts
6-6-20
GA
# of Generations
50
GA
Population
25
GA
Mutation Rate
1.5%
GA
Elitism
0
Object Function
dMEAN
Eqn.(2)
Object Function
sLFGOAL
0.35
Object Function
0.05
tsLF
Object Function
500
tdMean
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4.1

Project Examples
Nia Centre Project Description

The Nia Centre for the Arts is a multi-disciplinary arts institution serving the Afro-Canadian diaspora in Toronto, Canada. The newly renovated building will include, among other facilities, a 175 seat flexible theatre
space. One of the acoustic design goals was to keep the room as lively as possible, without compromising
Speech Intelligibility or musical Clarity. For good speech intelligibility, the early reflected sound must be
stronger than the late reflected sound. As outlined in the ISO 3382-1 standard [9], the accepted threshold
between early and late sound is 50 ms. The traditional approach in these so-called Black-Box theatres is to
provide the appropriate early to late balance by absorbing the late energy with adjustable acoustic curtains.
This can, and often does, create an acoustically “dead” room. An acoustically claustrophobic space that lacks
room Presence, as described by Marshall [11]. The design of the Nia Centre’s acoustics represents a reversal
of the traditional approach to the early to late energy balance problem. Rather than attenuate the late energy,
the goal has been to encourage the early energy as much as possible and, in so doing, reduce the need to absorb
the later reflected sound. Indeed, when the building opens it will not have any acoustic curtains. Although,
curtain tracks will be provided if and when an acoustically dead space might thought to be theatrically or
otherwise appropriate.
An early version of the acoustic model for the Nia Centre’s main auditorium is shown in Figure 3. It was
found that, like most other rooms, only small areas of the walls provide the early reflected sound required for
good Speech Intelligibility or musical Clarity. Figure 3 shows the room in its End-Stage format but similar
studies show similar results in a Centre-Stage configuration. For a sound source at the front of the room, the
yellow trapezoids indicate the very limited zones of the side and upstage walls that cast 1st order reflections to
the receiving surface. With a limited budget and the multi-purpose realities that a room like this must satisfy,
a complicated geometry of side wall reflectors was thought inappropriate. Rather, it was decided to slope the
upper reaches of the walls down such that they form a tilted connection to the ceiling above. A version very
close to the final design of those reflectors is seen in Figure 3.
This design was not arrived at using the Machine Learning methods that are the subject of this paper but,
rather, by the author’s manual manipulation of the computer model using Method of Images sources to cast
reflections towards the receiving surface(s). For each of the eight reflector components that make up the tilted
ceiling/wall, a virtual image source was created and then the
reflector was manually tilted or rotated. The computer
model and its manipulation were done using C# programs
developed in the Rhino/Grasshopper Version 6 software environment, as were the subsequent GA optimisations. Having committed this design to construction, it was later decided to use it as a test-bed for the Machine Learning methods developed in [4].
4.2

Optimisation – Cartesian Grid Methods

Two of the seven geometric algorithms developed in [4]
were employed in this first experiment with the Nia Centre;
the Uniform Cartesian Grid method and the Shaped Cartesian method. In both methods a panel-like reflector is created from a 3-dimensional grid of control points. The control points are perturbed randomly along the gridlines

Figure 3 Nia Centre computer model showing the effective (yellow) reflection zones
on the walls and the ceiling tilted down
around its perimeter.
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created by either one of the two methods. In the NSGA-II genetic algorithm, this grid is used in concert with
a Simulated Binary Crossover [12] to create each generation’s progeny.
The grid-line structure used by the computer for the two experiments with the Nia auditorium is shown in
Figure 4a. The black oval-like curves are the 2-dimensional Bounding Nurb curves (CBN) that have been
projected on to 20 planes located on and perpendicular to the Spinal curve that surrounds the top perimeter of
the room. There are 6 pairs of U-V gridlines, shown with the white dashed lines. The U-V gridline sets are
also projected on to the 20 perpendicular planes. The white dashed lines between the 20 gridline bundles are
the W-lines. A further explanation of this geometric structure is given in [4].
The initiating reflector mesh for the Genetic Algorithm is seen in the white lines near the top of Figure 4b. It
is a flat surface, a triangular mesh parallel to the X-Y plane of the room’s ceiling. The vertices of this mesh
are perturbed along the grid lines and a Nurb based Boundary Representation (or Brep) is formed. In this and
the following figures it is seen as the semi-transparent undulating grey surface. The pink sphere at the front
of the room is the sound source and the sloped brown rectangle is the receiver surface. The small white spheres
on the receiving surface are the vertices of the receiver grid used in the Objective Function, described in Section
2. One of the goals of the Objective Function is to get the reflections to arrive as close as possible to these
grid points. The other goal is to have those reflections arrive from a lateral direction. The yellow arrows on
top of the receiver surface indicate three things: the base of the arrow is the location where the reflection has
intersected the receiver surface, the direction of the arrow indicates where it came from, and the length of the
arrow indicates the sLF value associated with it.
4.3

Uniform Cartesian Grid Method Results

After 50 generations of optimisation searching, the NSGA-II algorithm has selected and sorted our population
of reflector geometries, as shown in the graph originally presented in Figure 1. There are 25 reflector designs
in the population, each of which is on its way to optimisation. The ones on the first Pareto Front are closest to
that. There is no single “best” reflector design but, rather, a collection of good designs that have been optimised. From these, we can select the most appropriate.
Figure 1 can be read as follows. The “better” designs are found on the first Pareto Front, indicated by the solid
circles. To the left of the first front, there is a series of numbers, stating the sLF value for the adjacent solution.

Figure 4b The initiating mesh, seen as the flat surface
Figure 4a Gridline structure used by the computer for
parallel to the ceiling and a Brep generated from a perreflector optimization of the Nia Centre ceiling.
turbation of this mesh, shown in transparent grey.
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Figure 6 Objective Function study for the
Nia Centre reflectors using the Shaped
Cartesian
grid method.
Figure 5a Representation of the reflection field for Figure 5b Same
as Figure
5a for a 2nd Pareto Front
st
solution from Figure 1. The sLF is slightly lower
a 1 Pareto Front solution from Figure 1.
than in Figure 5a but the reflector casts more and
better distributed reflections to the receiver surface.
We might point out here that the predicted sLF values should not be confused with the sLF Fitness. The sLF
value gives an indication of what a listener might hear in the room, correlating as it does with the Lateral
Fraction. It is, in a sense, the thing that the acoustical designer is most interested in. The sLF Fitness is merely
a construct for the Genetic Algorithm (GA), it is a part of the Objective Function study – a tool used to guide
the GA towards the optimum solutions.
The software developed for this study allows the user to scroll through a solution chart, such as the one shown
in Figure 1, to review other aspects of a given solution. So, to demonstrate, we have chosen two points from
the solutions in Figure 1. One on the first Pareto Front and the other on the second. The black arrows in Figure
1 point towards the two solutions. The solution on the first Pareto Front has an sLF value of 0.18. A representation of its reflection field is shown in Figure 5a. The solution on the second front has an sLF of 0.14. Its
representation is shown in Figure 5b. We shall consider the differences between the two examples.
Insofar as Spatial Impression is concerned, the difference in sLF values is 0.04, slightly less than a Just Noticeable Difference (JND) for the Lateral Fraction [13] (which is a correlate of sLF). But a visual comparison
of the two images clearly indicates that the reflector generating the higher sLF (Figure 5a) delivers fewer total
reflections than the solution delivering the lower sLF (Figure 5b). In Figure 5a, the solution with the higher
sLF, there is a noticeable “dead zone” in the middle of the receiving surface. One way to quantify the difference between these reflection count efficiencies is with a measure we have called Optimisation Gain. It is a
simple logarithmic ratio of the Gain of the optimised reflector to the Gain of the original or initiating reflector.
𝑂𝑝𝑡𝑖𝑚𝑖𝑠𝑎𝑡𝑖𝑜𝑛 𝐺𝑎𝑖𝑛 = 𝐺𝑎𝑖𝑛(>3,!,4"? - 𝐺𝑎𝑖𝑛(&,.,$#@
where: 𝐺𝑎𝑖𝑛 = 20𝑙𝑜𝑔 ∑7
,

(4)

*")@"+3,($ 2#3A ="$.3A#
B,&"+3 2#3A ="$.3A#

N = # of successful reflections cast by the reflector
The difference between the Optimisation Gains for the two examples on the first and second Pareto Fronts (i.e.
Figures 5a and 5b) is 3.2 dB. The reflector with the lower sLF is the one that will encourage a higher overall
acoustic Strength (G) [9]. The JND for Strength (G) is generally taken to be 1.0 dB. While it should be clear
that the 3.2 dB difference in Optimisation Gain is for individual panels and the JND of 1.0 dB is for an entire
6
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room of reflecting surfaces, the difference is worth noting. A detailed study of the two reflectors inside a
complete computer model of the room is warranted.
Perhaps the most cogent question is, however, did the optimisation exercise actually produce better acoustical
results? It has, indeed. But that is due in good part to the initial conditions. The panel started out as a flat
surface, parallel to the X-Y plane, generating a space averaged sLF of 0.00. Optimised sLF values on Figure
1’s first Pareto Front range from 0.13 to 0.21. This represents an improvement of three to four JNDs, which,
of course, would be a clearly audible improvement.
4.4

Shaped Cartesian Grid Method Results

The exercise described in Section 4.3, using the Uniform Cartesian Grid method, was repeated using the
Shaped Cartesian method. The difference between the two methods is that, in the latter, the gridlines used to
govern the movement of the B-Brep’s control points are based on the shape of the initiating panel as drawn by
the designer. In the former, the Uniform Cartesian method, the gridlines are uniformly distributed inside the
search space and the initiating panel starts out flat and parallel to the X-Y plane. The Shaped Cartesian Grid
benefits from the designer’s initial input but may not always explore the full extents of the search space. The
Uniform method explores the search space better but may not converge as efficiently.
In this experiment, using a Shaped Cartesian Grid, the initiating reflector was slightly curved and tilted at an
angle of 22.5° down and in towards the centre of the room. Not unlike the original reflector design shown in
Figure 3. After a optimisation run of 50 generations, and as shown in Figure 6, the population of 25 panel
designs have lined up well and are distributed evenly along only two Pareto Fronts. Of the 25 potential solutions only one is not on one of these first two fronts and most are on the first front. This is the hallmark of the
NSGA-II algorithm. It converges quickly, in part because it avoids the “crowding” of solutions along a given
Pareto Front. Less crowding means more diversity in the gene pool as the algorithm moves from one generation to the next.
It is also clear, at least in these experiments, that the Shaped Cartesian Grid method is providing better results
than the Uniform Grid. Both in terms of Fitness scores and, more importantly, the sLF values that have been
achieved.
As mentioned above, one of the advantages of a Pareto set of optimised solutions, as opposed to a single
optimum solution that a Simulated Annealing algorithm might provide, is that one can study and perhaps
question the solutions proposed by the computer. This time, we’ll consider the two extremes of the first Pareto
Front shown in Figure 6. At one extreme we have a solution with
an sLF of 0.20. An image of the reflection field for this solution is
shown in Figure 7a. At the other end of the first Pareto Front the
solution has an sLF of 0.27, shown in Figure 7b. Note the difference
in the number and distribution of the yellow arrows indicating the
incident reflections. The difference between the Optimisation
Gains at the two extremes of the first Pareto Front (i.e. Figures 7a
and 7b) is 3.7 dB. Again, this is higher than the JND for a normal
acoustic Strength (G) measurement but, as noted, our Optimisation
Gain parameter and an ISO 3382-1 Strength (G) measurement are
not the same thing. The 3.7 dB difference is worth noting but further study is required.
Finally, we return to the question of acoustically audible improvements. Has the optimisation of the reflector improved the acoustics?
In the previous experiment it was easy to make an improvement

Figure 6. Pareto Fronts for the Nia Centre
using the Shaped Cartesian method.
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Figure 7a. Representation of the reflection
field for the (0.70,0.96) point in Figure 6.

Figure 7b. Same as Figure 7a, for the
(0.85,0.67) point in Figure 6.

because the initiating reflector wasn’t generating any lateral reflections at all. In this experiment, the original
reflector design was indeed generating lateral reflections and had an initial average sLF of 0.17. In Figure 6
we see that on the first Pareto Front, the NSGA-II optimisation has found solutions with sLFs in the range of
0.24 and as high as 0.27. This represents an improvement of slightly more than one Just Noticeable Difference
(JND). Does this small improvement justify the fabrication of such a complicated geometry? Probably not.
Further discussion will follow.
4.5

Polar Grid Project Description and Results

The Playhouse Theatre is a 670 seat room, part of the Queen Elizabeth Theatre complex in Vancouver, Canada.
Originally opened in 1960, it now faces either renovation or demolition. As part of a proposal for a feasibility
study, the author prepared a computer model of the room. This will serve as the second test-bed for the geometric algorithms developed in [4], this time using the Polar Grid method. Similar to many rooms built in its
era, the Playhouse is very wide, fan shaped at the front, and lacks laterally reflected sound. The author conceived the idea of a central annulus installed above the stalls seating. The open
centre of the annulus might be used for
lighting positions while its perimeter ring
could act as an acoustic reflector providing lateral reflections. Objective Function and Pareto Front studies similar to
those described above were carried out.
The initiating ring reflector was circular
in cross-section. An image of one of the
optimisation designs developed by the
Genetic Algorithm is shown in Figure 8.
Without the annulus in place, the sound
headed in its direction would hit the flat
ceiling, generating only frontal reflections and an sLF of 0.00. Adding the (initiating) circular annulus generated space
averaged sLFs in the range of 0.10. The
GA optimised reflector produced sLFs in
the range of 0.11 to 0.15 on the first

Figure 8 Playhouse Theatre, Vancouver, showing an optimised
circular reflector and the reflection arrival vectors. Arrows indicate reflection point of reception, direction of arrival and sLF
value. Original reflector in blue, this iteration in yellow.
8
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Pareto Front. This suggests a Lateral Fraction improvement of 2 Just Noticeable Differences (JNDs) just for
the installation of the cylindrical annulus and a further single JND when it has been optimised by the computer.
We might note here, that is often difficult to improve on the scattering created by circular or cylindrical object
such as the initiating annulus, yet the NSGA-II algorithm has managed to do so.

5

Discussion

The first thing to point in this discussion, of course, is that some of the reflector designs developed by the
Machine Learning algorithms are not entirely practical insofar as economic constructability or theatrical practicalities are concerned. Nor were they intended to be. The intention of this study has been to apply the
algorithms in theoretical rooms to discover how they might be refined for more practical application in the real
world.
The complicated curvaceous geometry generated for the Nia reflectors led to sLFs in the range of 0.20 to 0.27.
The average of the solutions on the first Pareto Front was sLF = 0.233. The Nia reflectors that will actually
be built are simply 8 flat surfaces of gypsum board, tilted down towards the centre of the room. Their predicted
sLF is 0.165. The difference between the two is only slightly beyond a single JND. This would hardly justify
the more complicated construction. The designs for the Playhouse Theatre, however, are more practical and
may be worth consideration. For example, at the Nia Centre, the reflectors are above the lighting grid and
cannot be seen. For the Playhouse Theatre, the open centre of the reflector offers the opportunity for theatrical
lighting positions. The reflector itself could be easily fabricated off-site from glass fibre reinforced gypsum
(GRG) to be installed as an artistic feature of the room’s ceiling.
Secondly, it’s worth comparing the first two methods we have applied. The Uniform Cartesian Grid method
is better at exploring the search space but, in a sense, relies more on the computer to find the best solution.
The Shaped Cartesian method benefits from the designer’s knowledge, initiating with what might already be
a better solution. In this and other experiments the Shaped Cartesian method – the one that relies more on the
designer – produces better acoustic results.
Finally, Figure 9 shows a closer view of one of the solutions generated by the Shaped Cartesian experiment
described in Section 4.4. The yellow arrows on the brown receiving surface indicate the direction of arrival
for each reflection. Note how the arrows are not all pointing in the same direction. This is a good result but it
is not always the case. Some solutions, ones which have reasonably high average sLFs, receive most of their
lateral energy from one side of the room, i.e. most of the yellow
arrows point in the same direction. This might suggest a potential image shift or, at the very least, a slightly peculiar spatial
image. The diversity of incidence directionality, as seen in Figure 9, is desirable and perhaps might be considered as an addition to the Objective Function. As might Optimisation Gain.
The NSGA-II algorithm however is best suited to no more than
3 optimisation dimensions.

6

Conclusion

Traditional optimisation of geometric objects has been done inside rectilinear Bounding-Boxes. This is a limitation because
the space available for an acoustical reflector inside a theatre or
concert hall rarely takes the form of a six-side rectilinear box.
A series of geometric algorithms based on Nurb curves has

Figure 9. Nia Centre reflection field
showing equally distributed directions of
arrival.
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been developed in [4]. These produce Bounding-Breps (or B-Breps) inside which a computer can perturb and
optimise the shape of a reflector. The current study has applied three of these geometric algorithms to real
world challenges. The results suggest optimisations that would be audible, i.e. beyond Just Noticeable Differences. The constructability of some of the solutions is questionable. Some, though, may have merit. Judicious
application is encouraged.
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Abstract
Children need clear auditory signals and low background noise to learn. When classroom acoustics are poor,
teachers often compensate by raising their voices. Long-term vocal overuse is the primary cause (60%) of the
high prevalence of voice problems. Speech intelligibility tests were performed in primary schools with normal
hearing students using words produced with a normal voice and simulating a dysphonic voice. Artificial noise
and classrooms with different reverberation times were used to obtain a range of Speech Transmission Index
from 0.2 to 0.7 (from bad to good). Results showed a statistically significant decrease in intelligibility for
dysphonic voices with a maximum of 15% intelligibility loss. This study provides important insights into the
enormous variability in speech intelligibility in classrooms by characterizing intelligibility when students
receive degraded auditory input which results from the intersection of classroom acoustics and poor teacher
voice quality.

Keywords: speech intelligibility, classroom acoustics, dysphonia, primary schools.

1

Introduction

Classroom settings require a very high level of acoustical quality to optimize learning outcomes. Generally,
when the teacher is speaking, the students should be able to hear everything the teacher says, but noise and
poor acoustic conditions may interfere with the communication. Among the noise sources present in a
classroom, the noise generated by the students themselves is the dominant one [1,2]. Several studies have
analyzed the effect of noise and poor classroom acoustics on the learning process and academic achievement
of students, such as reduced student long-term attention, auditory discrimination and speech perception, and
reading ability [3-6]. The teachers are often forced to increase their vocal effort in order to compensate for the
acoustic complexity of a classroom [7-8]. This compensation, in addition to other occupational pressures (e.g.,
high speaking load), are contributors to the high prevalence of voice problems among teachers (about 60% of
school teachers)[9].
Voice problems among teachers directly affect speech transmission in the classroom by decreasing the
teacher’s voice quality, which is the primary source of instruction. Voice quality plays an important role in
determining the reactions of listeners to talkers [10]. Several studies have shown that students are less able to
pay attention to teachers with poor voice quality, making students more susceptible to other acoustic
disruptions in the classroom and influencing the degree of information acquired [11-15]
Although a high level of acoustical quality is extremely important to optimize learning outcomes, classrooms
are often characterized by less than ideal acoustic conditions (e.g., noisy rooms, echo, poor sound insulation).
The main goal of research in classroom acoustics is to find the acoustical features that increase speech
intelligibility. To pursue this goal several studies have analyzed the relationship between subjective indices of
intelligibility and objective acoustics indices that quantify the quality of a communication path. The principal
1
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way to subjectively quantify the quality of speech communication is the Intelligibility Score, defined as the
percentage of a message understood correctly [16].
Because this index may fail to capture the perceptual effort of listening (such as listening to a hoarse voice or
unfamiliar accent), the Listening Difficulty rating was introduced to quantify this perceptual component
[17,18]. Among the objective acoustic indices, the Speech Transmission Index (STI) [19,20] is the most
complex. It quantifies the quality of the communication transmission in a room, considering the decrease in
amplitude modulation of the speech due to noise and reverberation. A second, simpler way to objectively
quantify the speech transmission quality of a communication path is the Speech- to-Noise Ratio (SNR), which
is the ratio between the speech and the noise levels. Most classroom-based studies have focused on classroom
acoustics (reverberation time and clarity) and noise present in the classroom. In 1981, Houtgast [21]
administered intelligibility tests in Canadian classrooms with a variety of road traffic noise conditions and with
a reverberation time (RT) in the 0.7–1.5 s range. In 1986, Bradley [22] determined the combined effects of
SNR and RT (varying from 0.4 s to 1.2 s) on speech intelligibility for 12- to 13-year-old students in their
classrooms, using the Word Intelligibility by Picture Identification (WIPI) test. In a study by Bradley and Sato
[23], the mean intelligibility scores were significantly related to SNR and the grade of the students. They tested
students in grades 1, 3, and 6 in classrooms with RT equal to 0.4 s, which is the current RT value suggested
by the American standard on classroom design.
Such studies have been the basis for current national and international standards for classroom design.
However, none of them considered the possibility of teachers with voice problems and the complications that
dysphonic voices would introduce in the communication.
This research is significant because it extends an important pairing of problems related to student learning:
classroom acoustics and teachers with voice disorders. It will provide important insights into the enormous
variability in speech intelligibility in classrooms by characterizing students’ abilities in terms of spoken word
recognition when students receive degraded auditory input. The degraded auditory input results from the
intersection of classroom acoustics and poor teacher voice quality. This research contributed to gain a better
understanding of the communication conditions needed by students, particularly young children in the early
grades, to understand their teacher even with degraded voice quality.

2
2.1

Methods
Stimuli

The stimuli used consisted of the words from The Word Intelligibility by Picture Identification (WIPI) test.
The words were recorded in a single-wall soundproof room. A female actress pronounced the words with
normal voice quality and repeated the recording simulating a dysphonic voice.
2.2

Case study

Tests were conducted in four classrooms at two schools across the United States. The first school is located in
the university campus area. Both classrooms selected for measurements are located on the ground floor. The
first classroom has an area of 39 m2, an average height of 2.7 m, and a volume of 106 m3. Sound absorbing
panels are present in the ceiling and windows are located in the upper part of the back wall. The second
classroom has an area of 61 m2, an average height of 3.15 m, and a volume of 191 m3. Again, the windows are
located in the upper part of the back wall of the classroom. The reverberation times in the occupied condition
are 0.34 s and 0.71 s for the first and second classrooms respectively.
The second school is located in a residential area. The first classroom, located on the second floor, has an area
of 58 m2, an average height of 2.7 m, and a volume of 156 m3. Sound absorbing panels are located in the ceiling
and two windows in the sidewall. The second classroom, located on the ground floor of the building, has an
area of 72.4 m2, an average height of 3.0 m, and a volume of about 216 m3. The ceiling is made of sound2
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absorbing panels and there are two windows in one of the side walls. The reverberation times for the first and
second classrooms, in the occupied condition, are 0.29 s and 0.39 s, respectively. The four classrooms
accommodated 55 students, equally distributed between males and females, with normal hearing and ages
ranging from 7 to 11 years old.
2.3

Intelligibility test

The questionnaire administered to the children consisted of 8 tests that evaluated the following conditions: 2
voice qualities (normal speech and dysphonic speech) and 4 noise conditions (no noise with SNR from 5.6 to
22.6 dB, low noise from 1.4 to 11.3 SNR, medium noise from -5.8 to -8.8 dB SNR, and high noise from -12.9
to -7.4 dB SNR). In each test consisted of 8 words. Upon hearing the cue word, the children had to choose
among 6 pictures the one they heard and assess the difficulty in hearing the word.
The speech stimuli were played in the classroom using the Head and Torso Simulator (HATS, 45BC KEMAR,
GRAS, Holte, Denmark) with a signal level of 66 dBA at one meter of distance, measured under anechoic
conditions. Children's babble noise was played to simulate a real school environment. The noise was
reproduced through 4 JBL Flip 5 Bluetooth speakers placed in different spots in the classroom. During the test,
6 Tascam DR 40 X recorders, each with a Behringer ECM 8000 microphone, were located around the
classroom to record noise levels and STI. The intelligibility scores obtained by the children were correlated
with the objective acoustic parameters measured by the nearest microphone.

3
3.1

Results
Acoustic measurements

A generalized linear mixed model (GLMM) fitted by maximum likelihood with a binomial distribution
(Laplace approximation) was used to analyze speech intelligibility and listening difficulty. The results of the
relationship between speech intelligibility and STI, are shown in Figure 1. The graph shows a statistically
significant difference between dysphonic and normal speech. This difference is present for STI values greater
than 0.37.

Figure 1 - Regression lines of speech intelligibility (%) for normal and dysphonic voices in relation to STI
3
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The relationship between listening difficulty and STI is shown in Figure 2. The results showed a statistically
significant difference for STI values greater than 0.36 between the two regression lines.

Figure 2 - Regression lines of listening difficulty (%) for normal and dysphonic voices, on a scale of
1(highest difficulty) to 0 (no difficulty)
Figure 3 shows the relationship between speech intelligibility e SNR. The graphs highlight a statistically
significant difference between the two voice conditions for values greater than 4 dB.

Figure 3 - Regression lines of the relationship between speech intelligibility (%) and SNR for normal and
dysphonic voices.
4
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The relationship between listening difficulty and SNR is shown in Figure 4. The difference between normal
and dysphonic voices is statistically significant for values between 2 dB and 22 dB.

Figure 4 - Regression lines of the relationship between listening difficulty (%) and SNR for normal and
dysphonic voices.

4

Conclusions

The objective of this project is to evaluate the acoustic conditions that allow optimal intelligibility, in primary
school classrooms, even when the teacher suffers from voice disorders and in the presence of typical classroom
noise. The main conclusions are: (1) dysphonic speakers are less intelligible than speakers with normal voice
quality and more difficult to listen to for STI values greater than 0.4, (2) Under conditions of poor acoustics,
the two voice types were not statistically different, (3) the SNR showed that in conditions of optimal classroom
acoustics, (e.g. greater than 22 dB), students do not perceive difficulty in discriminating normal and dysphonic
voices. However, intelligibility scores show a significant difference between the two conditions, demonstrating
that dysphonic voices are less intelligible despite good acoustics. The information obtained in this research can
be used to outline pragmatic guidelines for giving children the best chance for academic success, even when
their teachers suffer from voice impairment.
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Abstract
The theoretical framework of Ease of Language Understanding suggests that individual characteristics, both
cognitive and personality-related, might modulate the effects of listening condition on the children’s
performance in complex tasks.
In this study we investigate the effect of competing speakers on children’s accuracy and effort in a task
combining sentence comprehension and word recall, and how children’s performance relates to their
cognitive functioning and noise sensitivity. A total of 95 children (aged 10 to 12 years) with normal hearing
participated in the experiment. They completed the task in three listening conditions: quiet, two competing
speakers, and four competing speakers. The signal-to-noise ratio was fixed at +5 dB. Children also
performed tasks that gauged their executive functions and completed questionnaires to assess their noise
sensitivity.
The outcomes of accuracy, perceived effort and motivation are used in the investigation. Cognitive and
sensitivity measures are also included in the statistical modeling to evaluate if they can predict individual
differences in children’s performance.
Keywords: classroom acoustics, comprehension, recall, listening effort.

1

Introduction

School-age children spend almost 90% of their time at school listening to speech in the presence of
background noise [1]. The ability to comprehend and recall complex auditory information in adverse
listening conditions is crucial for children to achieve academic success and it is therefore important to
understand how this ability is influenced either by extrinsic (i.e., listening condition) and intrinsic factors
(i.e., individual characteristics).
Processing speech relies on general cognitive mechanisms and individual differences in cognitive abilities
account for a significant portion of the variance in performance on speech tasks [2]. The theoretical
framework of Ease of Language Understanding (ELU [3]) suggests that individual characteristics such as
knowledge of language and cognitive skills (e.g., working memory and attention) might modulate the effects
of listening condition on the performance in listening tasks. Research indicated that children with better
working memory and language skills often have better speech recognition in noise than children with poorer
working memory and language [4]. However, in [5] no association between speech perception in noise and
working memory capacity was found for children with normal hearing. Studies with adults suggested that
selective attention mediates the effect of noise on serial recall [6] and reading comprehension [7], and
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children with low selective attention skills were found to be especially vulnerable to the effects of noise
when performing a creativity task [8].
Another aspect that might influence children’s speech processing and perceived effort in noise is their noise
sensitivity (self-rated by questionnaires). Individuals with high noise sensitivity are believed to have a lower
perceptual threshold and might be particularly impaired by the presence of background noise. In recent
studies in open-plan study environments, noise sensitivity was found to be related to the disturbance of
students by the background noise [9] and to mediate the effect of noise in a writing task [10]. However, to
date, no studies have explored the association for school-age children.
This study aimed to explore two specific aspects, namely, whether and how (i) self-reported noise sensitivity
and (ii) executive functions (i.e., selective attention and working memory) modulated the impact of listening
condition on a complex speech processing task, independently or in conjunction with age. To the scope, we
choose a task that was highly representative of the activities that children performed during lessons, namely
comprehending the oral message and memorize (a part of) it.

2
2.1

Materials and methods
Participants

A total of 101 children from three different schools (five classes) in Ferrara (Italy) participated in the
experiment. Six children diagnosed with intellectual disabilities were subsequently excluded. The final
sample included 95 children, which were split in two age groups according to the grade: grade 5 (n=32; age:
M=10.2, SD = 0.5 yrs; 16 female) and grade 7 (n=63; age: M=12.6, SD = 0.7; 28 female).
The study was approved by the school management; written information consent was obtained from the
parents of each child involved in the experiment.
2.2

Measures

2.2.1 Executive functions: selective attention
Selective attention represents resistance to external distractors. It is an aspect of inhibitory control, that, as
stated by Diamond [11] “involves being able to control one’s attention […] to override a strong internal
predisposition or external lure, and instead do what’s more appropriate and needed”. At the perceptual level,
the inhibitory control enables to selectively attend a target, focusing on it and suppressing attention to other
salient stimuli that attract the attention whether we want it to or not (e.g., a loud noise, a movement).
Selective attention was tested using child-friendly Simon and Flanker tasks. Both were programmed with
PsyToolkit and presented in quiet via tablet.
In the Simon task, participants were presented with two visual stimuli and a simple rule: for stimulus A press
on the left, for stimulus B press on the right. Only one stimulus appeared at a time; either stimulus could
appear on the right or the left. There were 150 trials (50% congruent). Trials terminated after 4000 ms. In the
Simon task location of the stimulus is irrelevant, but people tend to respond more slowly when the stimulus
appears on the side opposite its associated response, as the tendency to respond on the same side of the
stimulus has to be inhibited; this is termed as the Simon effect.
In the Flanker task the children saw a row of five letters and were asked to attend the centrally presented one
(either pressing on the left or the right depending on the letter), ignoring the flanking stimuli surrounding it.
There were 120 trials. Trials terminated after 3000 ms. In this task people tend to respond more slowly when
there is a mismatch between the flanking letters response and the response required by the central letter
(incongruent condition), due to the need to exercise top-down control.
For both the Simon and the Flanker tasks, RTs under 150 ms were excluded from the analysis (being too
short to allow perception of the stimulus). Additionally, the Median Absolute Deviation criterion (MAD
[12]) with a deviation of 2.5 units was used to detect and remove outliers. The difference between the
average RTs in incompatible trials and the average RTs in compatible trials was used as a performance
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measure. Participants were then sorted in two groups (“low” and “high”) based on the median score of the
sample for each test.
2.2.2 Executive functions: working memory
In this study verbal working memory (WM) was tested using a 2-back task. The 2-back task is a continuous
recognition task in which participants must decide whether a stimulus was previously presented or not. A
sequence of four different letters (A–D) was shown and for each item children must determine whether the
letter shown was identical to the stimulus presented 2 trials back. Participants had to tap on the tablet
whether the response to the trial was “yes”. There were 60 trials (30% were correct) which were presented in
random order. The task was programmed with PsyToolkit and presented to the children collectively in quiet.
Task performance was assessed using the discrimination index d’ [13], which is a composite index calculated
from hits (i.e., participant correctly touch the device in response to a target) and false alarms (i.e., participant
incorrectly touch the device in response to non-targets). The better the participant maximize hits (and thus
minimizes misses) and minimizes false alarms (and thus maximizes correct rejections) the better the
discrimination index, and the better the participant is able to discriminate target from non-target when
performing a task. Participants were then sorted in two groups (“low” and “high” WM) based on the median
score of the sample.
2.2.3 Noise sensitivity
Noise sensitivity was assessed using a reduced Italian version of the Weinstein Noise Sensitivity Scale
(WNSS [14]). The children had to indicate their agreement on five statements related to their sensitivity to
noise. For each statement, the level of agreement could be chosen on a 5-point scale (from 1 “not at all” to 5
“very much”). The noise sensitivity questions were part of a broader questionnaire, implemented in Google
Forms and presented to the students one week after the experimental task.
To derive a single “Noise Sensitivity Scale” (NSS) score, the score of the last statement was flipped to match
the direction of the others (i.e., higher scores imply a higher sensitivity to noise) and the average of the
scores over the five statements was calculated. Participants were then sorted in two groups (“low” and “high”
noise sensitivity) based on the median score of the sample.
2.2.4 Comprehension and recall task
The experimental task assesses both the listener’s ability to comprehend a sentence in noise and his/her
ability to memorize and recall the words previously heard.
For each listening condition, 15 sentences were aurally presented to the participants. The sentences were split
in three blocks, in which the sentences were counterbalanced by syntactic complexity. For each trial,
participants listened to the playback of a sentence. Then, at the audio offset, two images appeared on their
tablet and they had to select the image that best matched the sentence content (Figure 1a). After a block (five
comprehension trials), children were asked to perform a recall task, selecting the three words previously
heard among a set of six alternatives displayed on the tablet (Figure 1b). The recall task was time-limited to
20 seconds and always performed in quiet.
Accuracy and RTs (defined as the time elapsing between the end of the audio playback and the moment an
answer was selected) were recorded for each sentence in the comprehension task. Recall performance was
measured as the number of words correctly recalled of the nine presented in a listening condition.

3

1994

Figure 1 – (a) Example of a set of images in the comprehension task. The target sentence was “Point to the
cat that bite the dog”. (b) Example of six words presented for the recall task.
2.2.5 Self-ratings
The self-ratings of effort and motivation were measured following the completion of the experimental task in
a given listening condition. The following questions were formulated:
- How hard did you have to work to understand the previous sentences?
- How hard did you have to work to recall the words?
- How important was it to you to perform well in the task?
Visual analog scales were used to collect the responses. Participants responded to the questions in the same
order, using a slider bar with values ranging from 0 to 100 in increments of 1. The slider was initially
positioned on the midpoint of the scale. Verbal anchors (“Not at all”, “Extremely”) were positioned at each
endpoint of the slider bar.
2.3

Listening conditions

The experimental task was presented in three listening conditions: quiet, two competing talkers, and four
competing talkers.
In quiet, no background noise was played back and the speech signal was presented in anechoic conditions
(frontal talker).
To obtain the conditions with competing talkers, three girls and a boy (aged 7 to 11 years) were recorded
individually in an anechoic chamber while reading aloud passages from different age-appropriate books. The
individual anechoic recordings were normalized and convolved with the BRIRs simulated in a virtual
classroom. The classroom had a volume of 256 m3, a reverberation time at the medium frequencies equal to
0.73 s and as simulated in the room acoustic modelling program ODEON. In the classroom, the receiver was
positioned in the centre of the area where students usually sit, and the competing talkers surrounded it, at
nearly 1.5 m of distance (Figure 2). The anechoic recordings of the children were then convolved with the
BRIRs in positions S1 and S3 to obtain the condition with two competing talkers, and with the four BRIRs to
obtain the condition with four competing talkers. The anechoic recording of a female speaker reading the
target material of the comprehension task were convolved with the BRIR simulated at the teacher position,
close to the end of the classroom.
In all conditions the speech level was set to 60 dB(A). The background noise level was set to 55 dB(A), so as
to obtain a signal-to-noise ratio (SNR) of +5 dB. This SNR is representative of the acoustic conditions in
actual classrooms and guarantees an uncompromised speech signal audibility.
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St

Figure 2– Virtual model of the classroom with the positions of the talker (St), the receiver (R), and the two
(S1 and S3) and four (S1–S4) competing talkers.
2.4

Procedures and data analysis

A repeated-measures design was used in the study, with all children performing the comprehension and
recall task in the three listening conditions. Children took part in the experiment as a whole class, and the
tasks were administered collectively in the classroom in which they usually have lessons. They completed
the experimental task in one session, and the FE tasks and the noise sensitivity questionnaire in a second
session, one week later. All tasks were completed using tablets; noise and signals were delivered via
headphones (Sony MDR-ZX310).
Generalized linear mixed-effects models (GLMMs) were used for the statistical analysis, using the R
software and the lme4 package. In the models listening condition (quiet, two talkers, four talkers), grade
(grade 5, grade 7), Simon and Flanker performance, working memory and noise sensitivity were included as
fixed effects. The participant and item variables were included as random intercept; moreover, the listening
condition was included as a random slope allowing for the possibility that the effect of the acoustic
conditions could affect differently each participant.

3
3.1

Results
Sentence comprehension performance

In Figure 3 the percentage of correct responses for the sentence comprehension task is reported. The analysis
revealed a significant interaction between listening condition and selective attention as assessed by the
Simon task (χ2(2)=11.82, p = 0.003), a significant interaction between grade and selective attention, as
assessed by the Flanker task (χ2(1)=6.99, p = 0.008) and a significant three-way interaction between listening
condition, grade and selective attention, as assessed by the Flanker task (χ2(2)=6.66, p = 0.036).
Pairwise comparisons for the interaction between listening condition and selective attention as assessed by
the Simon task revealed that children with low selective attention control had a worst performance in the
two-talker condition than in quiet or in the four-talker condition (two-talkers < quiet: z=-3.31, p = 0.008;
two-talkers < four talkers: z=-2.78, p=0.022); no difference was found between the quiet and the four-talkers
conditions. In other words, children who were sensitive to incongruent distractors at the Simon task were
also impaired by the presence of an intelligible background noise in the comprehension task. In contrast,
there was no significant difference in performance between the listening condition for children with high
selective attention.
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Pairwise comparisons for the three-way interaction revealed a significant drop in the comprehension
performance for the children with a low score in the Flanker task compared to the children with a high score
(low < high: z=-2.87, p=0.048), but only for the students of grade 5 in the quiet condition.

Figure 3 – Percentage correct responses by listening condition and grade, for the sentence comprehension
task.
3.2

Word recall performance

The number of words correctly recalled by listening condition and grade is shown in Figure 4. The analysis
revealed a significant effect of the working memory, as measured by the 2-back task (χ2(1)=3.82, p = 0.048).
The result indicates that children with a low working memory capacity recalled significantly less words than
children with a high working memory capacity (mean difference: 0.45). No significant effects of either
listening condition and grade, or the other cognitive variables were found.

Figure 4 – Number of words correctly recalled (out of nine) by listening condition and grade.
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3.3

Self-ratings of effort and motivation

The self-ratings of effort are displayed in Figure 5 for the two tasks of sentence comprehension and word
recall. Regarding the former task, the analysis revealed a significant main effect of the listening condition
(χ2(2)=11.16, p = 0.004) and the grade (χ2(1)=7.33, p = 0.007). Pairwise comparisons indicated that younger
children tended to report a higher perceived effort then children of grade 7, in all listening conditions (mean
difference = 14.8). Moreover, when results were averaged over grade, pairwise comparisons indicated that
children reported higher effort in the two-talkers condition than in quiet (p=0.007; mean difference: 15.5).
No difference was found between the two noisy conditions (p=0.07).
Regarding the word recall task, no significant effect of the explanatory variables was found on the effort
ratings.
Figure 6 displays the self-ratings of motivation. The analysis revealed a significant interaction between the
listening condition and the working memory (χ2(2)=10.59, p = 0.005). Pairwise comparison revealed that
children with a low working memory self-reported a higher motivation in the quiet and the four-talkers
condition compared with the two-talkers condition (quiet > two-talkers: z=3.19, p=0.013; four-talkers > twotalkers: z=3.03, p=0.013). No difference in motivation between the listening conditions was found instead for
the children with high working memory capacity.

Figure 5 – Self-ratings of effort by listening condition and grade: (left) sentence comprehension task, and
(right) word recall task
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Figure 6 – Self-ratings of motivation in performing the task, by listening condition and grade
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Discussion

In this study, children of grade 5 and 7 completed a sentence comprehension and recall task in quiet and two
noisy conditions. A behavioural assessment of both working memory and selective attention was performed,
and questionnaires on noise sensitivity were completed by the children. These individual characteristics were
included in the data analysis to understand whether and how they might modulate the effect of background
noise on the task performance and self-reported effort and motivation.
Similarly to the results with adults in [7] and with children in [8], in our sentence comprehension task
selective attention but not working memory mediated the effect of noise. Children experiencing more
interference in the Simon task had a poorer performance in the listening condition with more informative
masking (i.e., two-talker condition) compared with quiet and the four-talker condition. Differently, for
children with better selective attention there was no difference between the three listening condition,
suggesting that the individual ability to resist external distractors mediates the comprehension of the aurally
presented message in a noisy context such as the classroom.
It is worth noticing that no mediation effect of the cognitive abilities on listening conditions was found for
the recall task, either for performance or self-ratings of effort. Given the near-ceiling performance of the
children in the task, which was independent on the listening condition and the grade, it might be
hypothesized that the task was easy enough for all of them to prevent observing an effect of the individual
abilities.
Interestingly, a significant interaction was found between listening condition and working memory in the
self-rating of motivation. This subjective assessment was included in the study as the listener’s motivation is
thought to modulate the listening effort. That is, the stronger a listener’s motivation, the more willing he/she
will be to put effort into the task, irrespective of its demands. Our results reveal that children with low
working memory might be less motivated in performing a task in more challenging listening conditions (i.e,
two concomitant talkers) compared to quiet or a background noise condition with a less informative
masking. Differently, children with high working memory do not report any difference in the motivation
related to the listening condition. Exploring the motivation dimension in the classrooms is important in the
view of setting up appropriate acoustic design and teaching strategies. An appropriate design and/or teaching
8
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methodology can increase the listener’s motivation to continue listening, even in the presence of a high
acoustic challenge, thus helping to maintain the effort and avoiding disengagement from the task [15,16].
Finally, no significant influence of the noise sensitivity of children was found on their task performance or
self-ratings. Other studies with adults found no correlation between cognitive performance and noise
sensitivity (e.g. [17]), and the reason was attributed to task engagement and difficulty which would shield
performance from the effect of background noise. An alternative explanation was formulated in [18], in
which noise sensitivity was found to modulate the effect of background speech on cognitive performance. In
particular, the Authors hypothesized that the WSNN scale (the one used also in the present study) was not
specific enough to be substantially related to measures of performance, suggesting instead the use of more
specific questionnaires to assess noise sensitivity. More research is warranted to understand whether the
absence of mediation effects observed in the present study for school-age children is related to the scale
chosen for the assessment of noise sensitivity or to the task (type and difficulty).

5

Conclusions

In this study we explored the mediation effect of individual characteristics (noise sensitivity and cognitive
abilities) on the impact of listening conditions on a comprehension and recall task, for school-age children.
Consistent with the ELU model, our results revealed that children with lower cognitive abilities might be
especially vulnerable to the effect of an informative noise, even though it is presented at a favourable SNR.
The effect was apparent on both the performance in the sentence comprehension task and the self-ratings of
motivation to perform the task. Differently, no effect of the self-rated noise sensitivity was found for all the
outcomes considered.
The present findings add to the existing literature showing that cognitive abilities (and selective attention in
particular) improve performance on complex listening tasks. Moreover, this is one of the first studies
exploring the dimensions of motivation in relation to complex listening task, with reference to the school-age
population. Futures studies might help shed light on the mechanisms underling this dimension, which could
be crucial to avoid disengagement of children from the attended lessons.
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Abstract
The classroom is a common workplace integrating teaching staff and students. Both research and media
report on the hampering effects of poor sound environments. Previous research show that it is not enough to
treat the room acoustics. Optimized acoustics should be combined with other evidence-based preventive
measures for to support teachers’ vocal health, well-being; students’ performance and study-environment.
An intervention program for teachers was designed targeting classroom communication in different acoustic
environments. Teachers (n=25) participated. The teachers worked at different schools and at different levels.
The overarching aim with this present paper was to investigate the effects of this intervention in teachers’
classroom communication and explore the effects on internal (vocal health and well-being) and external
(acoustical characteristics in the classroom) factors influencing teachers’ communication and interaction with
their students. Assessments were done pre/post intervention, at 5-weeks and 3-months follow-up. Selfassessments of vocal health, stress, burnout and self-efficacy were made. The classrooms’ acoustics were
measured. The results showed significant improvement of teachers’ vocal health and self-efficacy; while
their perception of stress and burnout significantly decreased. Correlations to the sound environment were
found in that that in classrooms with higher ventilation noise teachers reported higher degree of burnout and
more voice symptoms. We may conclude that the intervention, albeit its shortness, proved to be effective and
can ideally be delivered by a speech-language pathologist, active in the school setting.
Keywords: teachers, interaction, classroom sound environment, vocal health, well being

1

Introduction

Classroom communication is key in creating relationships and support learning [1][2]. A core feature for a
classroom supportive of communication is a high quality of the interactions between the teacher and the
students [3]. Teachers’ communication is important, in terms of the impact their communication has on their
students, and for their own well-being and work-ability [4]. The effect of teachers’ communication on the
students’ language learning has been shown in previous research, indicating that the teacher’s mode of
communication, i.e. speech rate and voice quality [5] [6] affect 8-year old students’ comprehension [7].
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Teachers’ communication in the classroom is affected by a number of internal (e.g self-efficacy; vocal
health; awareness of room acoustics etc.) and external factors (room acoustics; the students’ perception of
the teacher; back-ground noise; ambient air quality etc.). The room acoustics from the aspect of speakers’
comfort has attracted increased research interest [8], [9]. However, as suggested by Pelegrín-García, to treat
the room acoustics is not enough, also teachers’ behavior needs to be brought into focus [10]. Also, extensive
research has led to the conclusion that teachers present with more voice problems compared to other
occupational groups e.g [11], [12]. Also, teachers’ voice problems have been established as a factor that
affects teachers’ capacity to work [13].
Teachers’ exposure to noise affects the voice in terms of more vocal symptoms and increased SPL [14], and
increased SPL also correlates with more cognitive fatigue at the end of the workday[15]. Stress symptoms
also have a significant association with vocal symptoms[16].
In her thesis, Karjalainen states [4]: “The act of classroom communication, i. e. how teachers speak and use
other aspects of body communication in their interactions with the students, has not been given much
attention, at least not in the area of research. In Sweden, classroom communication seems to be somewhat
out of sight, since there seem to be no courses offered on communication skills during teacher education or
in professional development as in-service training”.
Hence, an intervention program was designed to target teachers’ classroom communication in different
acoustic environments, training teachers’ awareness and, use of voice quality, vocal intensity, speech rate
and speech intelligibility as well as other aspects of non-verbal communication: use of gaze, mimics,
gestures, positions and movements in the classroom. The overarching aim of the study was to investigate
internal (vocal health and well-being) and external (acoustical characteristics in the classroom) factors
influencing teachers’ communication in the classroom. The further aim was to investigate the effects of the
intervention on teachers’ classroom communication. The present paper is a summary of the articles included
in Karjalainen’s doctoral dissertation [17], [18] and [19].

2

Methods

2.1

Participants

The research team was contacted from the school authority in a municipality in Southern Sweden, where
lightning and acoustics were treated in a large number of schools. The headmasters at seven schools
approved their schools participation. Thirty-two teachers working in grades 3-5 (students’ age 9-11 yrs).
were willing to participate. The teachers were given oral and written information. Four teachers declined to
participate after receiving information. Three teachers were not included since they were working in grade 2.
Two teachers were working in grade 6, but were included. In the end, 25 teachers (23 F/2M) participated in
the in-service training.
Table 1. Distribution of the 25 participating teachers’ as per teaching grade, teaching experience, number of certified teachers (teachers that
completed their education) and age.
Teachers teaching in
Teachers teaching in
Teachers teaching in
Teachers teaching in
grade 3
grade 4
grade 5
grade 6
11

10

0-T

2

2

6-19

5

5

>20

4

3

Certified

10

Age, mean (range)

43.5 (34-63)

N

2

2

2

2

9

2

2

44.6 (27-57)

44.0 (41-47)

41.5 (36-47)

Years of teaching

2

2003

2.2

Procedure, the in-service training

The in-service training was performed in group sessions to four groups with 4-8 participants during fall 2016
and spring 2017. The sessions consisted of five modules and took place at two of the schools after class.
They lasted 90 minutes and were given for five consecutive weeks. The process of the training and also the
measuring points where the teachers were assessed, emerge from Figure 1.

Figure 1. The time-line of the study showing the process of training and testing in two training groups of
teachers.
The in-service training aimed to increase teachers’ knowledge and practical skills in classroom
communication. The content of the training program was evidence-based on knowledge from previous
studies and clinical work/teaching, and also on The Communication Supporting Classrooms Observation
Tool (CSCOT) which contains evidence-based techniques for interactions [20]. The content was presented
through a mix of mini-lectures and work-shop practices with frequent feedback on the teachers’ actions.
Subjects for the sessions were: voice use and voice ergonomics; room acoustics; non-verbal communication
and language-supporting strategies.
2.3

Tests and assessments

2.3.1 Room acoustical measures
Acoustical measurements were made for all classrooms. The classrooms were measured for RT (T 20), clarity
(C50) and ventilation system noise (VSN). All measurements were made in unoccupied classrooms,
according to the standards. RT (T20) was measured in accordance with ISO 3382-2 and analyzed in octave
bands 125 Hz and 250-4000 Hz. C50 was measured according to ISO 3382-1. The equipment used were
ElectroVoice 120 + Dodekaeder loudspeakers, a Room Capture system with a Roland UA-55 Quad-Capture
sound card, a Crown XLS 1500 amplifier and a BSWA MP281 microphone connected to a Gras amplifier.
Two different loudspeaker positions were used, one to the left and one to the right, with the centre of the
loudspeaker measured 1.5 meter above the floor and the six recording microphones were positioned in the
two last rows of the classrooms with a distance > 5 meters from the loudspeakers. Twelve measurements
were made in each classroom. The measurements of VSN were performed in accordance with ISO 10052
(ref), meaning that equivalent sound levels are given in both dBA (LA, eq) and dBC (LC, eq) filters and
recorded for 30 seconds using a Brüel and Kjaer 2250 sound level meter [4].
2.3.2 Questionnaires
Questionnaires were chosen to be able to make repeated measures of the wide spread of factors regarding
teachers’ vocal health (Voice Handicap Index-11, VHI-11 [21]), stress (Perceived Stress Questionnaire, PSQ
[22]; Well-being [23]; burn-out related to aspects of the workplace [24]. Also self-efficacy was tested since
there is a well-known relationship between burnout and self-efficacy in teachers (e.g. Brown, 2012)
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Teachers’ Sense of Efficacy Scale: Classroom Management Subscale (TSES) was found and it had been
translated into Swedish and additionally, had already been used together with questionnaires for stress and
burnout [25]. All the questionnaires were presented in Swedish and had previously been validated in either in
the original language or in the original language and in Swedish. The questionnaires were filled out using
paper and pen. Scorings and calculations were made in accordance with the test manuals.
2.3.3 Focus group interviews
For one of the studies data on the teachers’ own view on their classroom communication was collected in
focus group interviews. The focus groups were held 6 months post in-service training. The interviews
focused on whether the teachers experienced that they had made any changes in their teaching practices
related to the in-service training. Five focus groups were held six months post in-service training and they
lasted between 17 to 33 minutes and were audio recorded with a digital Zoom Handy Recorder H2 (Zoom
Corporation, Tokyo, Japan) [4].

3

Results

The primary objective of this study was to explore the relationship between teachers’ well-being and the
acoustic characteristics in the classrooms they were working in, either refurbished or non-refurbished. The
only significant differences regarding both teachers’ well-being and classroom acoustics due to
refurbishment were on two acoustical measures, namely RT 250-4000 Hz and C50. RT 250-4000 Hz was
significantly shorter in the refurbished classrooms and C50 was significantly higher in the refurbished
classrooms, meaning the differences were in favor for of the refurbished classrooms. Since RT 250-4000 Hz
and C50 were the only measures that differed significantly between refurbished and non-refurbished
classrooms, the correlations were made on the pooled data of all classrooms in order to retain more statistical
power.
There was a low significant positive correlation between higher degree of burnout and higher ventilation
system noise (VSN) dBA. Voice symptoms had a moderate positive correlation with higher VSN dBA. After
corrections for multiple testing were made, no previously significant correlations remained significant.
Teachers working in lower grades reported more voice symptoms than those working in higher grades.
3.1

Relationship between teachers’ well-being and the classroom acoustics

The only significant differences regarding both teachers’ well-being and classroom acoustics were on two
acoustical measures, RT 250-4000 Hz and C50. RT 250-4000 Hz was significantly shorter in the refurbished
classrooms and C50 was significantly higher in the refurbished classrooms, showing that the differences were
in favor for the refurbished classrooms. Since RT 250-4000 Hz and C50 were the only measures that differed
significantly between refurbished and non-refurbished classrooms, correlations were made on the pooled
data of all classrooms in order to retain more statistical power.
There was a low significant positive correlation between higher degree of burnout and higher ventilation
system noise (VSN) dBA. Voice symptoms had a moderate positive correlation with higher VSN dBA. After
corrections for multiple testing were made, no previously significant correlations remained significant.
Teachers working in lower grades reported more voice symptoms than those working in higher grades.
3.2

Effects of the in-service training on teachers’ vocal health, self-efficacy and well-being.

The main results were significant decrease in voice problems at the 3-months follow-up and significant
decrease of both stress and degree of burnout at 5-weeks follow-up. Self-efficacy score had increased
4
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significantly at 5-week follow-up. As for voice problems reported with VHI-sum there was a decrease postintervention and the decrease was significant at 3-month follow-up. Also PSQ index had decreased postintervention, with a significant decrease at 5-week follow-up. For CBI there was also a significant decrease
at 5-week follow-up, and although the result was similar at 3-month follow-up it was not significant. For
QPS only small and non-significant changes were seen. Figure 2.

Figure 2. Data from the teachers participating in the study with mean values and regression confidence
intervals. The dotted line through the first measure point (Pre-training) indicates the baseline
3.3

Teachers’ experience and understanding of classroom communication after in-service training.

“Three overarching themes emerged from the thematic analyses, namely awareness of voice use, the use of
body communication and setting the stage for learning. The teachers talked about voice use from different
perspectives, ranging from voice use in relation to being heard to vocal health. The teachers gave examples
of trying out new kinds of voice use in order to put less strain on the voice. They also mentioned thinking
about posture and abdominal breathing while speaking. There was also a more explicit awareness of the
importance of the voice as a working tool. The following example describes how a teacher talks about the
importance of voice in teaching and that a loss of voice would make it impossible to keep working as a
teacher: “But what you think about more, probably, is that the voice is an incredibly good, important
instrument. It’s mostly that [which] all teaching is based on – that you can speak. Lose your voice and that’s
it really. If you get so hoarse that you can’t speak, you can’t do anything here, that’s just the way it is.”
(Participant 4)
As for the use of body communication, there were examples of moving around more in the classroom while
teaching. This is exemplified in one teacher’s description of moving around more and fully using the room
from different angles: “I move more in the classroom and stop and talk from different angles, not just from
the front. I might stand towards the back of the room. Or in the corner or by the window. Yes, I move about
much more.” (Participant 7)

This teacher’s description of how she stops and talks shows she is also using positioning in the classroom.
Further, teachers reported using more body communication than before and that body communication
sometimes can be used instead of words. However, the teachers also mentioned standing still in front of the
class and silently waiting to gain the students attention, and that this had gotten the students’ attention.
Silently awaiting the students, as opposed to raising the voice also constitutes an ease on the voice, and is
one of the approaches brought up in the in-service training. Articulation was brought up by some teachers
inasmuch as they were more aware after the in-service training of the need to talk more slowly and articulate
more deliberately.
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Setting the stage for learning relates to the classroom environment. The teachers talked about sound and that
they were more aware of the impact of the sound environment after the in-service training and were more
focused on noise and sounds in the classroom. One teacher reflected on her awareness of sounds and how to
control them and she talked about the impact of high noise levels and how her awareness of the environment
had changed. “Yes, I would say more focus on sound, things that make noises, all those small things. You
think more about where they come from. How they start and it doesn’t take much to stop them so they don’t
get to be too much, you stop it in time so you can keep the noise level down. And it’s not just we teachers
who suffer from the noise, it’s the students too of course. It’s their working environment as well as ours.”
(Participant 13)
The teachers also expressed that they were more active in checking that the students could hear them across
the room. It was mentioned that classes vary in this context, which in turn affected what was brought to
attention in the classroom. For example in a more noisy class the teacher needs to make the students aware of
the sound levels they are generating. The teachers also reported thinking more about the physical, acoustic
environment regarding furniture, especially bookshelves” [4].

4

Discussion and Conclusions

Teachers’ reported higher degree of burnout and more voice symptoms if working in classrooms with higher
noise levels from the ventilation, showing an indication of external factors (acoustical characteristics)
affecting internal factors (well-being). In the current sample both teachers’ well-being and the acoustical
properties of the classrooms were favourable. In another sample, more associations between teachers’ wellbeing and classroom acoustics can be expected. Teachers working in lower grades reported more voice
symptoms than those working in higher grades. Voice use is connected to which grade the teacher is working
in.
Specific effects of the in-service training program:
Teachers’ vocal health and well-being improved and long-term effects were inferred. The teachers increased
their knowledge and awareness of voice use, body communication as well as the prerequisites for successful
classroom communication and implemented these new practices in their classroom communication.
Finally, these studies show that a rather short intervention aiming at increasing teachers’ awareness of voice
use and classroom acoustics has good effects. This type of in-service training is recommended for teachers
and could preferably be led by a Speech Language Pathologist.
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Abstract
Concentrating to perform cognitive tasks in a noisy environment requires to re-allocate mental resources to
overcome the interference of noise. This process and the resulting fatigue, i.e., cognitive effort, can be
detrimental to hearing children’s cognitive performance and ultimately to their learning. However, we know
little of how background noise affects the cognitive performance of children with hearing loss. In a pilot trial,
we addressed this research question. Eight cochlear implanted (CI) children and 5 age-matched normally
hearing children (NH) (7-12 years) carried out an auditory attention task and a digit span task in quiet and
babble noise. Behavioral (accuracy), self-report, and psychophysiological (pupil dilation) measures were
used to assess children’s cognitive performance and cognitive effort. CI children performed worse than NH
children in both acoustic conditions. However, no significant effects of acoustic condition (quiet/noise) were
observed. Although CI children efficiently compensated for noise in performing the cognitive tasks, their
pupil dilation revealed greater cognitive effort in noise than in quiet.

Keywords: noise, cognitive effort, working memory, cochlear implants, children.

1

Introduction

Most of children’s everyday activities, including learning in a classroom, occur in noisy and reverberating
environments. Children’s ability to compensate for the interference of noise and stay focused on task
represents thus a foundational skill for their cognitive development and learning attainments [1, 2, 3, 4, 5].
Surprisingly, we know very little of how children can adapt their cognitive performance to these noisy
environments [3]. Understanding how noise interferes with the cognitive functioning of a child is important,
particularly when children with developmental vulnerabilities or sensory deficits (like hearing loss) are
concerned [6, 7].
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Concentrating to perform cognitive tasks in a noisy environment requires to re-allocate mental resources to
overcome the interference of noise. This re-allocation process and the resulting fatigue (cognitive effort)
experienced during tasks in noise can be especially detrimental to the cognitive performance of children who
already face greater cognitive and perception difficulties, with consequences also for their learning.
Unfortunately, the studies conducted with these special populations are still scarce. As a result, also our
understanding of the compensatory mechanisms of these children is limited. To address this literature gap, in
this study we explored how compensating for background noise during a memory task affects the cognitive
effort and memory performance of children with congenital hearing loss (HL).
Noise in learning environments such as classrooms can be the effect of external environmental sources (e.g.,
traffic or aircraft noise) or indoor sources (classroom noise, including background speech). However,
background speech seems generally more impactful on children’s speech perception [8] and learning
performance [9] than environmental (e.g., traffic) noise, because more strongly influenced by informational
masking mechanisms. Informational masking occurs when the masking input is meaningful or intrinsically
relevant for the individual, and hence competes for the limited attentional resources of the listener [10]. The
interference generated by informational masking seems strong especially for verbal learning tasks involving
vebal working memory processes, such as spelling and reading [9], and occurs also when the mask is
unintelligible (like with unintelligible background babbling) [11].
The disruptive mechanisms of irrelevant speech on speech perception or cognitive performance are also
referred to as the irrelevant-speech-effect (ISE) and have been documented both in adults and children,
especially with regard to serial recall tasks [12]. Verbal short-term/working memory and the serial recall
mechanisms of these memory systems are foundational cognitive processes, with a broad impact on
children’s cognition [13], language development [14], and learning [15]. Investigating the ISE on children’s
verbal short-term/working memory represents thus an important target of cognitive and hearing science alike
[12]. However, attempts to study this phenomenon with children with HL have been rare so far.
Working memory (WM) is a limited capacity system used when individuals need to retain information for
later recall while they are also engaged in additional processing of that (or other) information [16]. The
storage and processing of information within WM share the same mental resources, thus individuals are
worse at encoding and storing information in WM when extra mental resources are required for processing
the material (i.e., try to recall one or more words in a sentence while processing the next one in a text). One
of the most widely used tests to assess verbal short-term and WM with children with HL is digit span [15,
17]. The test consists of two subtest conditions: forward digit span, based on immediate recall of a sequence
of auditory presented digits, and backward digit span, based on immediate recall of a sequence of auditory
presented digits in reverse order (i.e., backward). While the first subtest condition provides a measure of
verbal rehearsal skills, that is, the ability to temporarily maintain a series of items in verbal WM through
subvocal repetition [17, 18, 19], the second taps executive control processes, or the ability to allocate mental
resources between cognitive tasks, such asactively maintaining a sequence of items in memory (storage)
while operating on them (processing).
In verbal memory tasks, the ISE seems to occur because of an automatic intrusion of the irrelevant speech
fragments into the phonological short-term memory store,or phonological loop, used to record and recall
serial information through verbal rehearsal [20, 21]. Individuals with better WM abilities are typically better
at exerting cognitive control over their performance and (re)allocate cognitive resources, and these abilities
should also lead to better control of interference of irrelevant stimuli on WM [22, 23]. However, several
studies have reported no association between adult and children’s WM and the magnitude of the ISE [20,
24], and in few cases even evidence of an opposite relationship, finding that adults and children with higher
WM skills demonstrate in fact larger ISEs, or susceptibility to the speech interference, in comparison to
individuals with lower WM [12]. This seemingly counterintuitive finding could be explained by the highWM individuals’ larger use of verbal rehearsal strategies to perform serial recall tasks . Rehearsal is indeed a
highly efficient strategy for enhancing serial recall, but a mostly inefficient strategy when the goal is to recall
lists of stimuli in the presence of speech interference [12].
Children with congenital hearing loss (HL) typically show poorer verbal WM and poorer use of verbal
rehearsal strategies in comparison to their hearing peers [15, 17], although it is unclear whether they simply
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make less use of subvocal rehearsal than hearing children or are rather unable to use rehearsal processes
efficiently [25]. In both cases, if the origin of the ISE is an interference at the level of verbal rehearsal [12],
we should expect a smaller ISE in these children than in normally-hearing children. In the present study, we
tested this hypothesis by comparing children’s performance in forward digit span and backward digit span
tasks in quiet and noise (multi-talker babbling) conditions. Differently from previous studies [7], we not only
examined how CI children’s performance varied with noise but also assessed their cognitive effort in quiet
and noise by recording their pupil dilation, a psychophysiological measure of cognitive fatigue. Pupillometry
has become increasingly popular in hearing and psycholinguistic research as a measure of real-time fatigue
associated with the cognitive workload in a task [26]. In the present study, it was used to account for the
cognitive overload experienced by children performing WM tasks in noise.

2

The Study

The study tested the effect of background speech (multi-talker babbling) on the verbal WM performance
(digit span forward and digit span backward) of eight children with cochlear implants, compared to a control
group of five age-matched normally hearing peers. Behavioral, selef-report and pupil dilation measures were
used to explore differences in the ISE between the two groups.
2.1

Participants

Thirteen children, 8 cochlear implant (CI) users (7 boys and 1 girl) with a congenital hearing loss, and five
normally hearing (NH) controls (2 boys and 3 girls) participated in the study. The two groups were matched
on age (CI children’s mean age = 9.63, SD = 1.60 and NH children’s mean age = 9.40,SD = 1.14; age range
7-12 years). Participants’ characteristics are reported in Table 1. All CI users had a diagnosis of
sensorineural profound hearing loss. Most of them received an early compensation (≤18 months of life) and
their first implant before the age of three years. Five children were fitted with bilateral implants. No
disabilities or behavioral problems were reported for the CI users or the NH children, although three CI users
performed below age norms on the digit span (see age-corrected scaled scores in Table 1).
Table 1. Participants’ characteristics (digit span scores below age norms in bold)
Age at
CPM
CI
Digit span
Age Sex Etiology
CI (side) (percentile
fitting
age-corrected
Group
score)
(years)
scaled scores
CI
11
M
CMV
7 (BIL hearing aids)
3.5
R
74
4
12
M Unknown
Unknown
2;7
SEQ BIL
63
7
11
M
CX26
18 (BIL hearing aids)
2;3
SEQ BIL
42
12
7
F
CX26
Unknown
1.5
SIM BIL
76
8
9
M Unknown 36 (BIL hearing aids)
5
L
82
9
9
M
CX26
3 (BIL hearing aids)
1;2
SEQ BIL
66
3
9
M
CX26
8 (BIL hearing aids)
2;4
SEQ BIL
32
6
9
M
EVA
18 (L hearing aid)
2
R
39
5
NH
9
M
100
14
10
M
88
6
11
F
46
9
10
F
82
10
9
F
88
11
Note: BIL= Bilateral; SEQ BIL = sequential bilateral; CPM = Coloured progressive matrices; CMV =
Cytomegalovirus; CX26 = connexin 26; EVA = Enlarged Vestibular Aqueduct; BIL = bilateral; SEQ =
sequential; SIM = simultaneous; R = right; L = left
Age at first
compensation
(months)
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2.2

Methods

All participants performed the following tasks:
-

-

-

-

-

2.2.1

Coloured Progressive Matrices test [27, 28]. The test, designed for use with children, provides a
measure of non-verbal intelligence. Children are asked to choose the missing element from six
options to complete a pattern of drawings. The score is the total number of correct answers,
percentile scores are computed based on children’s age.
Italian Matrix Sentence Test [29]. This adaptive assessment test was used to estimate the SNR at
which speech in background noise was correctly perceived 60% of the times. SNR was measured in
free field and a fixed noise condition (noise presented at 65 dB SPL). The test was performed at the
beginning of the experimental protocol.
Auditory attention subtest (Batteria di Valutazione Neuropsicologica - BVN 5-11) [30]. This test was
used to assess children’s sustained and selective attention. Children are asked to listen carefully to a
three-minute audio consisting of a word list and tap on the table only when they detect a target word
(i.e. sole/sun).
Auditory Digit span (Wechsler Intelligence Scale for Children – Fourth Edition - WISC-IV) [31]. It
was used to assess children’s verbal WM. Both the digit forward and digit backward tasks were
administered to children. In the digit forward task children have to repeat sequences of digits of
increasing length in the same order as they are produced by a speaker. The final score, corresponding
to the number of sequences correctly recalled, is considered an indicator of the child’s verbal
rehearsal skills [15]. In the backward digit span task, children are asked to repeat sequences of digits
backward. The length of the digit sequence increases progressively as the child progresses through
the task. Performance on the backward digit span is considered a measure of the executive
component of verbal working memory [19, 32]. All items were presented auditorily through a
speaker.
Fatigue scale [33]. This self-report questionnaire was used to assess children’s perceived fatigue in
quiet and noise. Children rate on a 5-point scale their perceived fatigue and distress during the task.
Anamnestic questionnaire [15]. The questionnaire was administered to parents to obtain information
about the etiology of the child’s HL, age at implantation, type of implantation, additional disabilities,
and the child’s home linguistic environment.
Procedure

Parental informed consent was collected for all participants. All tests, except the CPM, were performed in a
soundproof cabin. Children’s pupil dilation was recorded by the Pupil Core binocular headset (i.e., eyeglasses) from Pupil Labs [34]. Calibration was performed first. Subsequently, baseline pupil dilation
measures were collected. For each participant, the dynamic range of the pupil diameter was determined by
recording the maximum and minimum diameter of the pupil in quiet, before any experimental task [35].
Baseline pupil dilation was recorded at around 110 lumens, as measured by a lux meter. Luminosity was
controlled during each session and remained approximately the same for all participants.
Task order was fixed, so that all participants performed the tasks in the same order, with the only exception
of the digit span task, which was performed twice. in quiet and noise, in counterbalanced order across
participants. Tasks were administered in the following order:
1. Matrix Test (in noise)
2. Digit Span forward and backward (in quiet or noise)
3. Auditory Attention Test (in quiet)
4. Digit Span forward and Backward (in noise or quiet, opposite to the condition in 2.)
6. Self-report cognitive fatigue (in quiet)
7. Raven matrices (in quiet)
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This research protocol was approved by the Ethical Committee for the Psychological Research of
the University of Padova on the 5th of November 2019.

3

Results

Separate analyses were run on the behavioural/self-report and psychophysiological measures. Results
are thus reported in two sections.
3.1

Behavioral measures
Means and standard deviations for the CI and NH participants’ performance are presented in Table 2.
Table 2. Participants’ performance scores: range scores, means (standard deviations in parentheses).
Tests Administered

Group
Minimum
Maximum
Mean (SD)
CI
4
10
6.50 (1.77)
Digit Span Forward - Quiet
NH
6
10
7.60 (1.52)
CI
4
11
6.50 (2.204)
Digit Span Forward - Noise
NH
6
9
7.60 (1.14)
CI
4
8
5.38 (1.41)
Digit Span Backward - Quiet
NH
5
9
7.00 (2.00)
CI
4
8
5.50 (1.31)
Digit Span Backward - Noise
NH
4
9
6.00 (2.00)
CI
9
18
11.88 (2.85)
Digit Span Total - Quiet
NH
11
17
14.60 (2.30)
CI
9
19
12.00 (3.30)
Digit Span Total - Noise
NH
10
17
13.60 (2.88)
CI
23
45
32.63 (6.68)
Auditory Attention Test
NH
33
37
34.80 (1.64)
CI
23
32
27.75 (3.28)
CPM
NH
28
35
31.80 (2.49)
CI
1.50
3.17
2.23 (0.64)
Fatigue Scale Score (range 1-5)
NH
1.60
2.50
2.02 (0.34)
Note: CI = with cochlear Implant; NH = Normally hearing; CPM = Coloured progressive matrices
Non-parametric analyses were performed to test differences between groups (CI/NH) and conditions
(quiet/noise). Differences between groups were tested first. Non-verbal intelligence, auditory attention
scores, and verbal WM (digit span, total score) were entered as dependent variables in the analyses. MannWhitney U tests revealed that the two groups did not differ on the auditory attention measure (U =
13.00, p =.290) or the verbal WM measure (U = 8.00, p =.080). However, a statistically significant
difference was found in nonverbal intelligence (CPM, U = 5.50, p =.030), with higher scores obtained by the
NH children.
Subsequent Mann-Whitney U tests tested differences between the two groups in the forward and
backward digit span performance in quiet and noise. These further analyses did not reveal statistically
significant differences between NH and CI children in the forward digit span in quiet (U = 11.50, p =.200) or
in noise (U = 10.50, p =.160), as well as in backward digit span in quiet (U = 10.00, p =.140) or in noise (U =
18.00, p =.760). Moreoer, the two groups did not differ on their fatigue scores (U = 17.50, p =.72).
Lastly, Wilcoxon signed-rank tests were run to test the effects of the experimental condition
(quiet/noise) separately for each group (NH/CI users). The results did not show statistically significant
differences in children’s forward or backward digit span scores between conditions (quiet and noise, see also
5
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Table 2). NH children performed equally well in quiet and noise both on the forward digit span, Z = .00, p =
1.00, and backward digit span, Z = -1.63, p = .10. Similar results were obtained for the CI group: Z = -.11, p
= .91, for the forward digit span task, and Z = -.32, p = .75, for the backward digit span.
Following prior studies [12] we also computed a delta score, corresponding to the difference in
children’s performance between the quiet and noise condition. This was computed by subtracting children’s
digit span performance in noise to that in quiet. Spearman correlational analyses did not reveal any
significant correlation between this score and the fatigue score in the NH group, but a statistically significant
correlation between the digit backward delta score (e.g. the magnitude of the ISE effect in the backward
condition) and the fatigue score in the CI group: ρ = .72, p < .05.
3.2

Psychophysiological measures: Pupil dilation

Due to a technical problem with the eye-tracking apparatus, pupil data were missed for all the five NH
participants, who were assessed the same afternoon. We could thus run analyses only on the CI children’s
pupil data.
Data preparation. All pupil data have been pre-processed, removing artifacts like blinks and unrealistic
pupil size values [35]. Moreover, to control for the high inter-individual variability in pupil size, corrected
pupil dilations were computed [36] by subtracting the child’s baseline pupil diameter from the pupil diameter
recorded during the digit span tasks (corrected pupil dilation = on task pupil diameter– baseline pupil
diameter). Corrected pupil dilation data were obtained for each digit span item in forward and backward
condition. As a measure of children’s maximum cognitive effort, we decided to consider only the time
interval corresponding to the last correctly recalled digit string (i.e., maximum span) during the forward and
backward digit span conditions.
Differences in pupil dilation between the quiet and noise digit span conditions were tested by Wilcoxon
signed-rank tests. CI children’s corrected pupil dilation on each task (forward digit span/backward digit
span) and acoustic conditions (quiet/noise) were entered as dependent variables in these analyses. The results
revealed no significant statistical differences in pupil dilation between conditions (quiet/noise) for the
forward digit span task (Z = -.63, p =.528). However, in the backward digit span task the difference between
the two acoustic conditions approached statistical significance (Z = -1.89, p =.058) (see Figure 1).
This latter result was further explored by a mass-univariate approach that tested the effects of the
experimental condition on pupil dilation time series. The correction for multiple comparisons was achieved
through cluster-based permutational methods. These statistical techniques have proven to be effective in
detecting subtle differences across biological time series characterized by a massive number of time points
[37]. The analysis was restricted to a time window of interest defined as 3 seconds after the last correctly
remembered digit string. After selecting a-priori the time fragment of interest, the cluster-based permutation
test highlighted a significant difference between the quiet and noise conditions (p<0.05 cluster corrected) in
the backward digit span task.

6

2015

Figure 1 – CI children’s pupil dilation in quiet and noise for the forward and backward digit span tasks.

4

Conclusions

This study moved from prior research [12] showing that in serial recall tasks individuals with better verbal
WM abilities show greater ISE than individuals with poorer verbal WM. It has been speculated that high
span individuals could be more vulnerable to the ISE because the irrelevant sounds interrupt their reshearsal
processes. Low span individuals, who rely less on verbal rehearsal, would show lower susceptibility to the
ISE. We tested this hypothesis by comparing the ISE on the verbal digit span performance of a group of CI
users with congenital sensorineural HL and a control group of NH children. Numerous studies show that CI
users suffer from a verbal WM deficit, which seems directly related to their less efficient or poorer use of
verbal rehearsal (see [25]). Thus, in line with [12], these children should show a smaller ISE than NH
children, who have more efficient rehearsal strategies and rely more on them.
The CI participants in this study were a highly selected and high performing group. Most had received an
early auditory compensation and five were fitted with bilateral implants. None of them presented additional
disabilities. Three of the CI users scored below age norms on the digit span task, and in general the digit span
scores of this group were lower than those of their NH controls. However, the differences between the two
groups were statistically non-significant.
Contrary to our expectations, the non-parametric analyses did not reveal differences between the WM
performance (forward and backward) of the two groups, nor between the two performance conditions (quiet
and noise). Both groups resulted to be little sensitive to the ISE. In line with Elliott and Cowan [12], a lack of
significant ISE on children’s performance could be explained by reduced reliance on verbal rehearsal
strategies. However, this hypothesis seems unlikely as the participants in this study were sufficiently old to
make significant use of subvocal rehearsal [19]. An alternative interpretation is that both groups were
sufficiently able to exert cognitive control over their performance and thus were able to efficiently
(re)allocate their mental resources, compensating well for the interference generated by the irrelevant speech
signals [22, 23]. As noted earlier, the CI participants in this preliminary study represented a high-performing
group. It is important to remind that the majority (five) of the CI children were fitted with bilateral implants.
Others [38] have demonstrated that bilateral implant users are better than monolateral implant users at
compensating for the interference of noise in speech perception tasks. Likely, this ability extends also to
other cognitive tasks.
Other findings of this study suggest, however, that these children experienced a greater cognitive effort in
noise than in quiet, and this was most apparent in the backward digit span task, i.e. the task involving the
7
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greater executive control demands. The backward digit delta score (e.g., the difference between the
backward digit span performance in quiet and noise) correlated significantly with children’s self-reported
fatigue. The analyses run on children’s pupil dilation, a physiological marker of cognitive effort,
corroborated this finding, revealing significant differences in CI children’s corrected pupil dilation between
the quiet and noise backward digit span conditions. These converging findings suggest the need to integrate
behavioural measures with physiological measures of cognitive effort in studies exploring the ISE on
cognitive performance. Psychophysiological measures may indeed appear more sensitive to children’s
perceived fatigue, which may not emerge when behavioural measures alone are considered.
The finding that ISE affected more the backward digit span than forward digit span performance was not
expected nor was entirely consistent with prior studies that have documented ISE on verbal short-term
memory or serial recall tasks [20, 21]. Our findings suggest that for high-performing CI users, the ISE
emerges only when individuals have insufficient executive control to contrast it. This happens for instance
when extra executive control resources have been already recruited for other cognitive/memory tasks (as in
the backward digit span condition). Many learning situations in a classroom involve a large deployment of
executive control resources [39]. In these situations, children can be most vulnerable to the ISE, with
consequences not only for their performance but also for their perceived fatigue and general well-being [40].
These very preliminary findings suggest thus that for high-performing CI users the locus of the ISE is at the
level of the central executive more than at the level of the phonological loop (or verbal rehearsal processes).
At the moment, however, this hypothesis remains open, as the low number of participants in this study
makes it difficult to draw any robust conclusion from these findings. To test this hypothesis further, we plan
to extend the study to a larger sample of CI users, including monolateral CI users and children with lower
verbal WM.
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Abstract
In classrooms, children are mostly exposed to a significant amount of noise daily. Noise effects are typically
discussed regarding aural effects (e.g., hearing impairments) but can also be expressed in a cognitive (e.g.,
auditory attention and memory) and physiological manner (e.g., stress-related bodily reactions). There is little
information on how these latter two types of noise effects are linked and to what extent these might affect
children’s learning and development. It is, therefore, desirable to integrate both types in a combined assessment
within controlled listening experiments to determine these correlating factors. This work explores the
requirements of child-appropriate experiments to assess both cognitive and physiological parameters in a
virtual acoustic environment. In combination with a child-appropriate paradigm on auditory selective attention,
the suitability of heart rate variability parameters is discussed based on results from a pilot study conducted
with adults.
Keywords: auditory selective attention, noise effects, spatial sound environments, heart rate variability, childappropriate paradigm.

1

Introduction

Noise effect assessment in terms of children’s development has been focused more and more over the last
years. Noise does not only affect children’s cognitive processes, e.g., attention control [1] and memory [2], but
can also lead to bodily reactions due to noise-induced stress, e.g., increased heart rate [3]. Recent research has,
therefore, brought up to focus on correlating factors between cognitive and physiological effects. There is a
need to integrate a combined assessment of cognitive parameters and physiological parameters into listening
experiments to examine noise effects.
To appropriately test children’s hearing in realistic sound environments, the first steps have been taken to bring
cognitive experiments into acoustic virtual environments. A dichotic paradigm on intentional switching of
auditory selective attention [4] was transferred into a spatial paradigm [5] by transferring the paradigm into
spatial acoustic virtual environments, including spatially distributed virtual sound sources. Furthermore,
plausible sound reproductions methods, taking differences in anthropometric sizes between adults and children
into account, were integrated to address children’s natural hearing [6]. With this, it is possible to examine the
auditory cognitive processes in controlled acoustic environments where the complexity of the acoustic
environment can be adjusted step-by-step.
1
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To meet higher ecological validity in listening experiments, especially in terms of children, influences caused
by the experimental setup should be minimized. The usage of unobtrusive measurement methods for
physiological parameters, which do not constrain participant movement during the experiment, is undeniable.
There is a wide range of commercial products to measure heart rate available for everyday usage with minimal
intrusion into everyday activities. Thus, it is essential to choose one of these methods to integrate into listening
experiments.
This study aims to present a method to assess vital parameters using an unobtrusive measurement method in
combination with a child-appropriate experiment on auditory selective attention in virtual acoustic
environments. In a first step, this method is validated with young adult participants.

2
2.1

Method
Participants

Twenty-seven young adults (age: 20 – 26 years; M = 23 years, SD = 2 years, 12 female) were recruited for the
experiment. Inclusion criteria were German language proficiency and normal hearing abilities (within 25
dB[HL]) [7]. An ascending-pure-tone-audiometry procedure screened all participants for frequencies between
125 Hz and 8 kHz using a diagnostic audiometer. All listeners were considered non-expert listeners since they
never participated in an auditory selective attention experiment before. Furthermore, informed consent was
obtained from all participants before testing.
2.2

Room setup and binaural reproduction

The experiment took place in the hearing booth at the Institute for Hearing Technology and Acoustics (IHTA)
at RWTH Aachen University. The hearing booth (𝑙𝑙 × 𝑤𝑤 × ℎ = 2.3m3 × 2.3m3 × 1.98m3 ) ensured a quiet
environment during the listening experiment.

A virtual acoustic environment was created using the Virtual Acoustics (VA) integration for MATLAB [8]
with a static sound reproduction not taking head movements into account. The sounds were provided binaurally
via headphones using individualized head-related transfer functions by adjusting the inter-aural time difference
to the head measures of the participant [9]. Additionally, individual headphone transfer function equalization
was done following Masiero and Fels [10].

2.3

Stimulus material

The stimuli consisted of eight German animal names that could be categorized either as “not flying” (de / en:
Katze / cat, Ratte / rat, Schlange / snake, Robbe / seal) or “flying” (de / en: Biene / bee, Ente / duck, Taube /
pigeon, Eule / owl). All words were phonetically dissimilar words and comprised two syllables each. The
speech material was spoken by a male child aging five years old and a female adult aging 24 years old. Both
were native German speakers.
2.4

Cognitive task and experimental design

A newly developed paradigm to assess the intentional switch of auditory selective attention in children was
extended [6]. The basic paradigm comprised the simultaneous presentation of two stimuli. The participant was
asked to focus on the target (T) stimulus, which had previously been indicated using a visual cue. At the same
time, the participant had to ignore the co-present distractor (D) stimulus. The task was to categorize the animal
of the target to either the category “flying” or “not flying” in combination with “big” or “small”, leading to
four possible answers. The paradigm was gamified by adding colorful pictures and process elements to keep
2
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children’s motivation at a sufficient level. A feedback system was also added to reflect the performance of a
participant immediately. In Figure 1, a representative trial is shown.

Figure 1. An example of a trial including all interval durations.
In this paradigm, reaction time and error rate were measured as the primary dependent variables to reflect
cognitive performance in a spatial hearing situation. With this, the following independent variables allow to
draw conclusions on the cognitive performances:
Attention transition (AT) is represented in the switch or repetition of the target’s position in two subsequent
trials (Figure 2). In case of a “switch”, the participant had to reorientate attention in space which required more
time to react and might make more mistakes.

a)

b)
Figure 2. Visual representation of attention transition in a) switch and b) repetition condition.

Congruency (C) reflects the categorical matching of target and distractor. The difference in responses to target
and distractor of the same, or of different categories in one trial, represents the congruency effect. Congruency
effects can serve as an index of the ability to suppress irrelevant information. Especially by interpreting the
impact in the error rate, it is possible to derive whether participants could suppress the irrelevant information
provided by the distractor. There are three possibilities since one stimulus consists of two words:
3
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•
•
•

Congruent - all words from target and distractor are from the same category (Figure 3 left):
Semi-Incongruent - either the first or the second part of the stimuli presented by target and distractor
are from different categories (Figure 3 center).
Incongruent - all words from target and distractor are from different categories (Figure 3 right):

The complexity of correctly suppressing irrelevant information is expected to increase from congruent trials
over semi-incongruent trials to incongruent trials where the lowest performance in error rate and reaction time
is expected.

Figure 3. Visual representation of congruent, semi-congruent and incongruent trials (from left to right).
Target-distractor-position combination (TD-C) describes the spatial combination of the target and distractor
sound sources in one trial. They could be either presented in four possible positions: front (F), back (B), left
(L), or right (R). Thus, possible position combinations were left-right (LR), neighboring (Next), or front-back
(FB) (Figure 4 from left to right).

a)

b)

c)

Figure 4. Target-distractor-position combination: a) left-right, b) neighboring, and c) front-back.
Noise was presented to examine the effect of background distraction. Stationary noise with children’s speech
frequency spectrum was chosen. Three conditions were tested: one without noise to set the baseline and two
conditions with a signal-to-noise ratio (SNR) of 0 dB and -5 dB.
2.5

Heart rate variability measurement

Cardiac signals to extract heart rate variability (HRV) parameters were recorded using a Polar H7 chest strap,
a commercial product commonly used in athletic activities. The internal sampling rate for the
electrocardiography (ECG) was fs = 1000 Hz.
The HRV parameters were calculated for each trial (between two responses) and were treated as individual
dependent variables in the analyses. To gain first insights, the following HRV parameters were chosen and
computed using the MATLAB toolbox provided by [11]:
•
•
1

meanHR [bpm]: average heart rate (heart beats per examined interval).
meanNN 1 [ms]: average of NN intervals within the observed interval.

NN describes the interval between two peaks of normal heart beats.
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SDHR [bpm]: standard deviation of the heart rate representing the total variability in the heart rate.
SDNN [ms]: standard deviation of NN intervals and represents the total variability in the heart rate.
SD1 [ms] derived from the Poincaré-plot reflecting fast changes in the HRV.
SD2 [ms] also derived from the Poincaré-plot representing slow changes in the resting heart rate.

•
•
•
•

3
3.1

Results
Reaction time and error rate

For the analyses of reaction time (RT) and error rate (ER), the first trial of each block and trials following an
error were removed from the data. RTs were Z-transformed for each participant and values exceeding +2 SD
were excluded from analyses as outliers. Error trials were discarded for reaction time analyses.
A repeated-measures ANOVA with the within-subject variables of noise (N), attention transition (AT),
congruency (C), and target-distractor-position combination (TD-C) was conducted. For a complete overview
of the ANOVA results for reaction time and error rate, please refer to Table 1.
Table 1. Repeated-measures ANOVA results for reaction time (RT) and error rate (ER).
RT

ER
2

F

p

η2p

2.134

0.129

0.076

0.149

3.146

0.088

0.108

0.001

0.228

340.936

0.000

0.929

98.015

0.000

0.790

734.165

0.000

0.966

G.G.c.

N x AT

1.655

0.201

0.060

0.108

0.845

0.004

G.G.c.

NxC

0.816

0.518

0.030

0.465

0.699

0.018

G.G.c.

AT x C

3.024

0.057

0.104

0.594

0.514

0.022

G.G.c.

N x AT x C

1.298

0.282

0.048

G.G.c.

2.272

0.066

0.080

N x TD-C

1.213

0.308

0.045

G.G.c.

0.648

0.574

0.024

G.G.c.

AT x TD-C

2.009

0.144

0.072

0.961

0.373

0.036

G.G.c.

N x AT x TD-C

0.695

0.539

0.026

G.G.c.

0.284

0.805

0.011

G.G.c.

C x TD-C

4.329

0.006

0.143

G.G.c.

239.922

0.000

0.902

G.G.c.

N x C x TD-C

1.523

0.187

0.055

G.G.c.

0.482

0.762

0.018

G.G.c.

AT x C x TD-C

0.062

0.993

0.002

0.864

0.425

0.032

G.G.c.

N x AT x C x TD-C

0.609

0.705

0.023

1.155

0.335

0.043

G.G.c.

η

F

p

N

4.508

0.025

0.148

AT

4.552

0.042

C

7.697

TD-C

p

G.G.c.

G.G.c.

G.G.c.

Significant effects are indicated in bold.
G.G.c.: Greenhouse-Geisser correction applied due to violation of assumption.
N = Noise, AT = Attention transition, C = Congruency, TD-C = Target-distractor-position combination.
As expected, significant main effects in reaction time were found for all independent variables: noise, attention
transition, congruency, and target-distractor-position combination. However, the post-hoc t-test for noise
5
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revealed no significant effects between the three noise conditions (all p > .05; no noise: 2540 ms, 0 dB: 2497
ms, and -5 dB: 2478 ms). In attention transition, the switch trials yielded higher reaction times (2521 ms) than
the repetition trials (2488 ms). In congruency, significant differences (both p < .05) were found between
incongruent trials (2476) and both congruent (2517 ms) and semi-congruent trials (2521 ms), while the
difference between congruent and semi-congruent was not significant (p >.05). It is noticeable that the
participants yielded lower reaction times in incongruent trials than congruent and semi-congruent trials. In
target-distractor-position combination, the post-hoc analyses revealed significant differences between all three
types (all p < .001; Left-Right: 2280 ms, Next: 2451 ms, and Front-Back: 2784 ms).
For error rate, the only significant main effects were yielded for congruency and target-distractor-position
combination. The post-hoc analyses in terms of congruency revealed significant differences between all levels
(all p < .01; congruent: 2.2%, semi-congruent: 18.7%, and incongruent: 18.5%). Regarding target-distractorposition combination, all levels were significant different to each other, all p < .01 (Left-Right: 2.5%, Next:
5.8%, and Front-Back: 31.1%).
Most interaction effects were non-significant for both reaction time and error rate. Interestingly, only the
interaction effect between congruency and target-distractor-position combination was significant for both
reaction time and error rate (Figure 5). The results showed significantly worse performance for reaction times
and error rates in terms of the front-back configurations.

Figure 5. Interaction effect between congruency and target-distractor-position combination.
LR = left-right, Next = neighboring, and FB = front-back.
The reaction time and the error rates results show that the presented paradigm can reflect the cognitive
flexibility in intentional switching of auditory selective attention within a spatial auditory setup. Especially,
the benefit of spatial information regarding irrelevant information suppression was reflected in the interaction
effect between congruency and target-distractor-position combination. Spatial configuration with higher
complexity to resolve (e.g., positioning in front-back configurations) yielded worse performance.
However, the effect of noise was not clear, which might explain that adults were not affected by the low SNRs
presented. SNRs were chosen to be suitable for experiments to examine children’s cognitive abilities and the
corresponding literature [12]. However, those SNRs do not affect adults though they might lead to worse
performances in children.
6
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3.2

Heart rate variability

For the analyses of the HRV parameters, the first trial of each block and trials following an error were removed
from the data. Outliers regarding reaction times were excluded from the analyses.
A repeated-measures ANOVA with the within-subject variables of noise (N), attention transition (AT),
congruency (C), and target-distractor-position combination (TD-C) was conducted. The overview of the
ANOVA results for the average heart and NN interval can be found in Table 2, for the total variability reflected
in SDHR and SDNN in Table 3, and for SD1 and SD2 in Table 4.
Table 2. Repeated-measures ANOVA results for average heart rate (meanHR) and NN intervals (meanNN).
meanHR
F

p

η2p

N

1.231

0.292

0.047

AT

1.534

0.227

C

0.070

TD-C

meanNN
F

p

η2p

0.20

0.752

0.008

0.058

0.37

0.548

0.015

0.932

0.003

1.56

0.220

0.059

0.815

0.396

0.032

G.G.c.

0.16

0.738

0.006

N x AT

1.311

0.275

0.050

G.G.c.

1.18

0.315

0.045

NxC

0.147

0.964

0.006

0.82

0.513

0.032

AT x C

0.780

0.411

0.030

G.G.c.

1.89

0.180

0.070

G.G.c.

N x AT x C

0.637

0.538

0.025

G.G.c.

1.09

0.356

0.042

G.G.c.

N x TD-C

0.683

0.553

0.027

G.G.c.

0.06

0.993

0.002

AT x TD-C

1.850

0.177

0.069

G.G.c.

2.11

0.143

0.078

G.G.c.

N x AT x TD-C

0.301

0.761

0.012

G.G.c.

1.41

0.250

0.053

G.G.c.

C x TD-C

0.673

0.491

0.026

G.G.c.

0.21

0.758

0.008

G.G.c.

N x C x TD-C

1.578

0.202

0.059

G.G.c.

1.42

0.238

0.054

G.G.c.

AT x C x TD-C

2.396

0.093

0.087

G.G.c.

1.12

0.340

0.043

G.G.c.

N x AT x C x TD-C

1.123

0.347

0.043

G.G.c.

1.54

0.205

0.058

G.G.c.

G.G.c.

G.G.c.

G.G.c.

Significant effects are indicated in bold.
G.G.c.: Greenhouse-Geisser correction applied due to violation of assumption.
N = Noise, AT = Attention transition, C = Congruency, TD-C = Target-distractor-position combination.
Table 3. Repeated-measures ANOVA results for the total variability (SDHR and SDNN).
SDHR

SDNN

F

p

η2p

F

p

η2p

N

0.094

0.911

0.004

0.410

0.666

0.016

AT

2.017

0.168

0.075

0.959

0.337

0.037

C

1.232

0.287

0.047

G.G.c.

1.741

0.198

0.065

TD-C

0.113

0.795

0.005

G.G.c.

0.764

0.471

0.030

N x AT

0.771

0.420

0.030

G.G.c.

0.781

0.464

0.030

G.G.c.
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NxC

1.259

0.291

0.048

AT x C

0.691

0.506

0.027

N x AT x C

1.574

0.222

0.059

N x TD-C

1.322

0.269

AT x TD-C

2.057

N x AT x TD-C

G.G.c.

2.172

0.129

0.080

G.G.c.

1.595

0.219

0.060

G.G.c.

G.G.c.

1.507

0.232

0.057

G.G.c.

0.050

G.G.c.

0.565

0.621

0.022

G.G.c.

0.161

0.076

G.G.c.

0.746

0.439

0.029

G.G.c.

2.359

0.125

0.086

G.G.c.

1.563

0.221

0.059

G.G.c.

C x TD-C

1.622

0.199

0.061

G.G.c.

2.106

0.086

0.078

N x C x TD-C

0.869

0.442

0.034

G.G.c.

1.201

0.314

0.046

G.G.c.

AT x C x TD-C

0.909

0.399

0.035

G.G.c.

0.564

0.610

0.022

G.G.c.

N x AT x C x TD-C

1.568

0.218

0.059

G.G.c.

2.105

0.107

0.078

G.G.c.

Significant effects are indicated in bold.
G.G.c.: Greenhouse-Geisser correction applied due to violation of assumption.
N = Noise, AT = Attention transition, C = Congruency, TD-C = Target-distractor-position combination.
Table 4. Repeated-measures ANOVA results for SD1 and SD2.
SD1

SD2
F

p

η2p

0.060

0.615

0.545

0.025

0.540

0.016

0.011

0.916

0.000

0.855

0.406

0.034

1.951

0.170

0.075

TD-C

1.447

0.245

0.057

7.345

0.002

0.234

N x AT

1.442

0.247

0.057

G.G.c.

0.600

0.553

0.024

NxC

2.357

0.122

0.089

G.G.c.

2.560

0.080

0.096

G.G.c.

AT x C

2.279

0.134

0.087

G.G.c.

2.936

0.081

0.109

G.G.c.

N x AT x C

0.750

0.448

0.030

G.G.c.

0.895

0.438

0.036

G.G.c.

N x TD-C

1.272

0.286

0.050

G.G.c.

0.087

0.930

0.004

G.G.c.

AT x TD-C

0.718

0.435

0.029

G.G.c.

0.900

0.380

0.036

G.G.c.

N x AT x TD-C

0.943

0.372

0.038

G.G.c.

0.526

0.717

0.021

C x TD-C

1.770

0.169

0.069

G.G.c.

0.795

0.487

0.032

G.G.c.

N x C x TD-C

1.580

0.214

0.062

G.G.c.

1.648

0.186

0.064

G.G.c.

AT x C x TD-C

0.961

0.397

0.039

G.G.c.

0.577

0.606

0.023

G.G.c.

N x AT x C x TD-C

1.165

0.321

0.046

G.G.c.

1.069

0.379

0.043

G.G.c.

F

p

N

1.524

0.228

AT

0.386

C

2

η

p

G.G.c.

G.G.c.

Significant effects are indicated in bold.
G.G.c.: Greenhouse-Geisser correction applied due to violation of assumption.
N = Noise, AT = Attention transition, C = Congruency, TD-C = Target-distractor-position combination.
Interestingly, no significant main and interaction effects were found for the HRV parameters meanHR,
meanNN, SDHR, SDNN, and SD1. Noteworthy, is the significant main effect in target-distractor-position
8
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combination in terms of the HRV parameter SD2, representing the slow changes in the resting heart rate. A
post-hoc analysis yielded a significant difference between front-back (3.4%) and left-right (3.1%), p < .01.
However, no other significant differences were found (left-right vs. next and front-back vs. next, both p > .05).
As a first insight, these results show that the chosen HRV parameters cannot reflect the cognitive flexibility
when evaluated using the standard methods as conducted for reaction time and error rate. However, the main
effect in target-distractor-position combination in terms of SD2 should be further examined since the resting
heart rate seems to change when there is a significant rise in complexity in the spatial as given between the
left-right vs. the front-back configuration.
3.3

Correlation analysis

To test the interchangeability of the parameters, a correlation analysis was conducted. The Pearson’s
correlation coefficient was computed for all HRV parameters, reaction time, and error rate. Results are shown
in Table 5.
The results revealed that all HRV parameters positively correlated with each other (all p < .05), except of mean
heart rate (meanHR) and SD2 (p > .05). Additionally, the reaction time was correlated with all HRV parameters
(all p < .05), except of meanHR with p > .05, though the correlation coefficients were quite low (less than 0.4).
However, in terms of the error rate, no significant correlations towards the HRV parameters were yielded (p >
.05), leading to the assumption that the error rate cannot be exchanged with the HRV parameters. Still, reaction
time and error rate are significant correlated (p > .05).
Table 5. Pearson’s correlation of reaction time and error rate with HRV parameters.
rp

RT

ER

meanHR

meanNN

SDHR

SDNN

SD1

RT

1

ER

0.307

1

meanHR

-0.017

0.001

1

meanNN

0.134

-0.012

0.109

1

SDHR

0.173

0.007

0.203

0.227

1

SDNN

0.261

0.011

-0.112

0.571

0.718

1

SD1

0.288

-0.012

-0.155

0.538

0.618

0.937

1

SD2

0.241

0.015

-0.042

0.541

0.710

0.909

0.756

SD2

1

Significant effects are indicated in bold.

4

Summary

This study was designed to examine cognitive flexibility in intentional switching of auditory selective attention
together with heart rate variability to achieve a combined assessment of physiological and cognitive effects in
complex hearing environments. This study revealed that the standard methods used so far to evaluate the
dependent variables in the paradigm, i.e., reaction time and error rates, cannot be simply transferred to the
chosen heart rate variability parameters, meanHR, meanNN, SDHR, SDNN, SD1, and SD2. The analysis of
the cognitive effects of attention transition and suppression of irrelevant information suppression as
represented in the independent variables could not be found in the heart rate variability parameters though they
were present in the reaction time and error rates. However, a correlation analysis showed that the chosen heart
rate variability parameters are related to the reaction time. This must be studied in further work to specifically
9
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define the relation and what this means to the assessment of heart rate variability parameters in terms of
cognitive effects.
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Abstract
This work answer the question on what are the optimal acoustic conditions for speech communication and
learning in classroom. In order to do this, a simple protocol to carry out measurements to characterize
classroom acoustics is provided and the thresholds of the main parameters to guarantee an adequate sound
environment for educational facilities have been identified. In 29 first-grade classrooms, background noise
level in silence and during group activities, reverberation time also in unoccupied conditions, speech clarity,
ratio of useful to detrimental energy and speech signal were acquired along the main axis. Correlation
analyses allowed for the selection of reverberation time or speech clarity in the central position as the
essential parameters to evaluate the acoustical quality of classrooms, which were clustered either in bad or
good acoustic group based on the cluster analysis. The thresholds for the reverberation time and speech
clarity in the central position are 0.8 s and 2.6 dB, respectively. Further investigations were performed on the
early, late and total components of the sound strength parameter.
Keywords: good classroom acoustics, acoustic measurements, speech intelligibility, learning.

1

Introduction

A listener is particularly challenged in the discrimination of useful sounds by long reverberation times and
excessive noise. Children aged up to eight years are maximally influenced by the acoustic quality of the
environment in which they are immersed for most of the time, i.e., their classrooms, as it affects both the
speaking and the listening tasks [1–5]. On talkers’ side it is mandatory to reduce teachers’ vocal effort and
load, in order to prevent vocal disorders and to preserve their vocal health [3]. Classroom acoustics also has
consequences on students’ and teachers’ well-being, influencing their perceptions, their feelings of joy,
comfort and discomfort, as well as their functioning and relationships [15, 21-28].
National and international standards are not met by a huge number of the existing classrooms. In USA
around 30% of all schools resulted to be excessively noisy [29]. In Europe the reported acoustic quality
resulted to be unsatisfactory, with excessive internal noise levels and insufficient protection against outdoor
noise [21, 30].
Starting from the 80’s, many studies have been conducted aiming at identifying the preferred acoustical
criteria that best enhance students’ performance in educational facilities. In order to reach this goal,
parameters related to reverberation, speech intelligibility and noise have been investigated by several
researchers. On one side, there are many scientific studies that have proven the negative effect of noise and
reverberation on speech intelligibility and academic performance [6, 7]; on the other side only a small
number of studies consider other parameters directly related to speech intelligibility as signal-to-noise ratio
(S/N), early-to-late ratio (C) and useful-to-detrimental ratio (U) [7–9[10]]. If the majority of the studies
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present results in terms of noise levels and reverberation time, their acquisition procedures change from one
reference to another.
So far, this work stems from the need of having comfortable teaching and learning environments and
represents an attempt to identify the minimum number of parameters to best characterize the acoustics of the
classroom. Acoustical parameters along the main axis of 29 primary school classrooms have been measured
and statistical analyses have been carried out on the collected data. The analyses cover correlations between
the obtained quantities as average values across positions or as single point values or values related to the
whole classroom. From such amount of data a cluster model allowed to group bad and good acoustic
conditions and to draw reference values for a list of parameters in both cases. Finally, the relationship
between occupied and unoccupied setting have been investigated from the measurements. These steps led to
the creation of the simplified protocol, that can be universally applied when performing acoustic
measurements in classrooms and that can effectively guide any intervention or project.

2

Materials and methods

Measurement campaign were carried out in 29 classes of 13 primary schools located in Torino, where about
550 pupils aged from 6 to 7 years participated in this study during the scholastic year from 2016 to 2019.
2.1

Schools and classrooms

The 29 classrooms involved in the present study are scattered in the metropolitan area of Turin. They differ
in terms of construction time, location, geometry and orientation. Most of the classrooms have a rectangular
shape, with a volume ranging from 120 m3 to 290 m3 and their height from 3.0 m to 5.3 m. The ceiling can be
flat or vaulted, while the floor´s finishes are mainly made of venetian tiles. The furniture consists in student´s
desks and chairs, bookshelves and blackboards. In all the classrooms there was a traditional distribution of
the seating area for the pupils, so desks were positioned over 3 or 4 rows and sometimes they were coupled,
while the teacher’s desk was parallel to one of the shorter sides of the room. Measurements were carried out
under occupied and unoccupied conditions, with 18 children on average.
2.2

Acoustic measurements

Measurements were carried out with a calibrated NTi XL2 sound level meter, a NTi Audio TalkBox source
and a clapperboard. Figure 1 shows the standard measurement setup used in each classroom. Measurements
have been performed for one source positions (S1). A fixed reference position, REF, that has placed at 1 m
from the source mouth, at the same height, was common across all the classrooms, then a maximum of 6
microphone positions were selected case-by-case.

Figure 1 - Measurement setup in a typical classroom.
2
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Room impulse responses were acquired from exponential sine sweep signals emitted by the TalkBox and
recorded by the SLM in positions REF, 1, 2, 3, and 4.
Reverberation time (T20, s) was averaged in the range 0.25–2 kHz and speech clarity (C50, dB) in the range
0.5–1 kHz. An optimal occupied T20 was set between 0.5 and 0.8 s, according to a number of recent studies
[3, 13–16]. An optimal value of C50 should be greater than around 3 dB, as given in [7].
Reverberation time was also measured under empty classroom conditions (T20_e), without the presence of
pupils and teachers. According to [12], a wooden clapper, i.e. two wooden boards hinged together, was used
as described in [3]. Reverberation time values in unoccupied classroom were averaged between 0.5-1 kHz
according to [11].
Background noise level (LN, dBA) was considered in terms of indoor A-weighted equivalent sound pressure
level. 3-min acquisition measurements [17] were carried out with children in silence, L N_sil, and with the
children performing group activities, LN_gr. According to [6, 18] the LN_sil recommended value must be less
than or equal to 35 dBA.
For the measurement of the speech signal (LS, dBA) the TalkBox was positioned in S and emitted a voice
signal to 60 dBA at 1 m in anechoic conditions. The speech signals were acquired in positions REF, 1, 2, 3,
and 4.
The ratio of useful to detrimental energy (U50, dB) was obtained for each position in the range of 0.5-1kHz
and, as given in [19], an optimal value should be greater than 1 dB.
Overall, the acoustic parameters that are distance dependent (i.e., C50, LS, and U50) were measured point by
point and then processed to have single values. In particular, C50 and U50 values were averaged to have a
spatial mean (C50_M, U50_M). Furthermore, LS values were associated to obtain their slope per double
distance (mLS) [1]. Sound Strength (G) was examined in terms of slope per double distance too. G has been
measured according to the ISO 3382-1 [31] and it represents the logarithmic ratio of the sound energy of the
measured impulse response to that of the response measured in a free field at a distance of 10 m from the
sound source. In particular its components G50, Glate and Gtot have been investigated, being, respectively, the
first 50 ms of sound energy, the sound tail after 50 ms, and the sound energy globally considered [8].
2.3

Statistical Analysis

The statistical analysis was carried out with SPSS (IBM Statistics 20, IBM, Armonk, NY, United States).
Before starting any analysis, Cook’s distance was used in regression analysis between the reverberation time
in occupied condition (T20) and each variable, i.e. acoustic parameter, to find influential outliers. This
method allowed to identify the points (classrooms) that did show anomalous tendencies based on the
expected relationship with reverberation time (T20), so these cases have been considered outliers and thus
cancelled from the database. For every parameter, observations with a Cook’s distance of more than 3 times
the mean was considered an outlier and less than 15% of the data was deleted.
Once checked the normality of the distribution for each acoustic parameter, their relationships were
investigated through the nonparametric and non-linear correlation estimator Spearman’s rho [20].
Correlations with a significant coefficient minor than 0.01 were considered significant. They have been
further analysed through linear regression techniques.
After standardizing the variables, classrooms have been divided in two groups through a 2-means cluster
analysis. Its attempt was double: in one hand the objective was to classify the cases based on their acoustic
quality considering all the selected parameters; in the other hand the cluster analysis pointed to obtain
thresholds for each parameter. The signiﬁcance of the diﬀerences between the mean values of the acoustic
parameters in good and bad classroom acoustics was assessed with the Mann–Whitney U Test (MWU), used
for two groups of independent observations.

3

Results

Table 1 shows the measured values of the acoustic parameters for each individual classroom, i.e. A1, A2,
A3, and so on. Comparing the measured values with the thresholds from the literature, the acoustics
3
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measured in this study results to be poor and insufficient for half of the classrooms, from A1 to O1. Better
conditions are shown for cases from A3 to H4, with the exclusion of the values related to LN_sil, LN_gr, LS_REF,
mLS.
Table 1 – Acoustic parameters. T20 is the reverberation time while children in classroom, while T20_e refers
to empty conditions. LN_sil is the noise acquired with students in silence, LN_gr is the noise acquired while
students were performing group activities. The speech level was recorded at 1 m from the source, LS_ref , then
in other positions and its slope per double distance, mLS, was evaluated. The mean distribution of a
parameter in the classroom is referred to with “M” (e.g. C50_M); the value of a parameter measured in the
center of the classroom is referred to with “ctr” (e.g. U50_ctr). Standard deviations are indicated in
parentheses when available. Bold is used when the values meet the standards. n.a. is for not available.
ID
A1
A2
D1
D2
E1
E2
F1
F2
G1
I1
I2
L1
L2
L3
M1
N1
O1
A3
A4
A5
B1
B2
C1
G2
G3
H1
H2
H3
H4

T20 [s]
0.9 (0.1)
0.9 (0.2)
1.2 (0.1)
1.3 (0.2)
1.2 (0.1)
1 (0.1)
1.2 (0.1)
1.4 (0.3)
0.9 (0.1
1.4 (0.1)
1.2 (0.4)
1.0 (0.1)
1.1 (0.1)
1.0 (0.1)
0.9 (0.1)
1.3 (0.9)
1.0 (0.1)
0.8 (0.1)
0.7 (0.1)
0.7 (0.1)
0.5 (0.1)
0.5 (0.1)
0.8 (0.1)
0.6 (0.1)
0.7 (0.1)
0.8 (0.2)
0.6 (0.1)
0.7 (0.1)
0.7 (0.1)

T20_e [s]
0.9 (0.1)
0.8 (0.1)
1.4 (0.1)
1.4 (0.1)
1.3 (0.1)
1.0 (0.2)
1.5 (0.1)
1.7 (0.1)
1.2 (0.1)
1.3 (0.1)
1.3 (0.1)
n.a.
1.2 (0.1)
1.3 (0.1)
1.1 (0.1)
1.1 (0.1)
1.1 (0.1)
0.8 (0.1)
0.7 (0.1)
0.8 (0.1)
0.6 (0.1)
0.5 (0.1)
0.9 (0.1)
0.9 (0.1)
0.8 (0.1)
0.8 (0.1)
0.9 (0.1)
1.0 (0.1)
0.8 (0.1)

LN_sil [dB] LN_gr [dB] Ls_REF [dB] mLS [dB/dd] C50_M [dB] C50_ctr [dB]
51.7
n.a.
61.3
-1.9
1.3 (1.2)
1.0
49.0
64.7
61.2
-2.4
2.2 (1.8)
0.0
51.2
68.0
63.0
-1.8
0 (0.9)
-0.6
52.0
n.a.
62.7
-2.1
-0.3 (1.1)
0.0
54.0
66.6
62.1
-1.4
1.1 (0.9)
0.7
54.3
73.7
61.5
-1.9
2.7 (1)
3.8
52.0
75.1
62.1
-1.7
-0.3 (1.8)
1.1
52.0
73.8
62.9
-1.8
-0.1 (1.2)
-1.1
51.5
72.2
62.3
-2.1
2.6 (1)
3.3
45.7
59.9
61.9
-1.6
-2.2 (0.2)
-2.2
42.3
71.1
63.3
-2.3
0 (0.9)
-0.3
47.9
67.4
61.1
-1.9
1.6 (1)
1.2
46.0
71.6
62.0
-2.2
0.5 (2)
0.6
43.0
81.3
62.6
-2.3
1.4 (1.7)
0.7
52.0
81.9
63.0
-1.7
2.1 (1.3)
2.3
54.3
76.1
63.9
-1.4
1.4 (0.7)
0.9
49.6
76.7
62.3
-1.9
2.3 (1.1)
2.4
38.4
61.8
60.3
-2.0
4.1 (0.9)
5.1
47.1
69.2
61.3
-1.6
4.7 (1.4)
4.4
46.3
78.4
61.0
-2.3
5.4 (0.4)
4.8
49.3
66.3
60.8
-2.1
7.6 (1.5)
7.3
39.9
66.3
61.7
-2.6
7.0 (1)
8.1
49.3
62.2
62.8
-1.6
3.3 (0.8)
2.8
51.9
65.3
60.7
-0.8
2.9 (0.9)
3.5
52.5
63.5
n.a.
0.0
4.4 (0.3)
4.7
51.6
71.9
61.5
-1.1
3.6 (0.2)
3.8
55.9
68.1
62.4
-2.2
5.3 (0.3)
5.4
45.5
63.9
62.9
-1.8
3.8 (0.3)
3.8
53.1
65.5
62.9
-2.1
4.1 (0.6)
3.5

U50_M [dB] U50_ctr [dB]
-1.2 (1)
-1.1
0.2 (1.1)
-1.3
-1.5 (1)
-2.1
-1.8 (1.4)
-1.6
-1.2 (0.6)
-1.5
-0.9 (0.8)
0.0
-2.2 (1.6)
-0.9
-1.8 (1.3)
-2.7
0.9 (0.9)
1.3
-2.6 (0.2)
-2.6
-0.2 (0.9)
-0.5
0.4 (1.1)
0.0
-0.2 (2.1)
-0.1
1.1 (1.7)
0.3
0.4 (0.9)
0.5
-1.0 (1)
-1.4
0.6 (1.2)
0.7
3.8 (0.9)
4.8
3.4 (1.4)
3.4
3.9 (0.6)
3.5
4 (1.9)
2.9
6.5 (0.9)
7.3
2.2 (0.6)
1.9
0.8 (0.7)
1.4
n.a.
n.a.
1.5 (0.2)
1.4
-0.8 (0.5)
-1.0
3.2 (0.3)
3.0
0.6 (0.6)
-0.1

Table 2 returns the results in terms of mean value for each parameter. Here the standards are not met by any
parameter.
Table 2 – Descriptive statistics excluding the outliers from the original
dataset. Standard deviations are indicated in parentheses.
Parameter
T20 [s]
T20_e [s]
LN_sil [dB]
LN_gr [dB]
LS_REF [dB]
mLs [dB/dd]
C50_M [dB]
C50_ctr [dB]

Average
0.9 (0.3)
1.0 (0.3)
50.3 (3.2)
70.1 (5.7)
62 (0.9)
-1.9 (0.3)
2.4 (2.2)
2.1 (2.1)
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U50_M [dB]
U50_ctr [dB]

0.5 (2.0)
0.4 (2.0)

Table 3 shows that the majority of the acoustic parameters are very well correlated. A very tight connection
is shown the reverberation time in occupied conditions and the speech intelligibility indexes C50 and U50.
the positive and significant correlations between T20 in occupied and unoccupied conditions, and between
C50 and U50 parameters suggest the use of only one quantity instead of two to represent respectively
reverberation time and speech intelligibility. to a similar conclusion bring the very tight connection between
central and mean values of both the quantities C50 and U50, indicating that only one measurement in the
center of the room can well describe the behaviour of the whole classroom in terms of speech intelligibility.
Table 3 – Correlation matrix of the acoustic parameters. Spearman
correlation coefficients with p-value less than 0.01 are shown.
T20
T20
T20_e
C50_M
C50_ctr

T20_e
.842**

LS_REF
.604**

C50_M
-.950**
-.865**

C50_ctr
-.864**
-.701**
.920**

U50_M
-.837**
-.724**
.886**
.811**

U50_M

U50_ctr
-.836**
-.657**
.849**
.906**
.939**

Starting from the correlations, significant regressions were found. The regression analyses between C50_M
and C50_ctr, U50_ctr and C50_ctr with R2 of 0.9 and of 0.8, respectively, suggested the use of only one quantity
instead of two to represent speech intelligibility. Finally, the parameters LS_REF is positively related to T20_e.
Table 4 shows that cases from A1 to O1 belong to the group of bad acoustics (BA), while cases from A3 to
H4 were attributed to the group of good acoustics (GA). The subdivision was determinate considering all the
selected parameters and confirmed the results already obtained in [21], where the criteria for the division was
based only on the T20 value of each classroom, respectively over or under 0.8 s. Furthermore, the division
aimed to obtain new thresholds for each parameter on the basis of which easily attribute a specific classroom
to the group of BA or GA and to be compared with the literature ones. Table 4 returns the new thresholds
obtained which were identified halving the sum between the 25th and the 75th percentile of the worse (higher)
and better (lower) group data, respectively, in the case of reverberation time (T20, T20_e) and noise level
during group activities (LN_gr), and halving the sum between the 75th and the 25th percentile of the worse
(lower) and better (higher) group data, respectively, in the case of the speech intelligibility indexes Clarity
(C50) and Useful-to-detrimental ratio (U50). In such a way classrooms with T20 in occupied conditions
higher than 0.8 s, T20 in empty conditions higher than 0.9 s and noise level during group activities higher
than 68 dBA have been included in the BA group, which also correspond to classrooms with average C50
lower than 3 dB and with average U50 lower than 0.9 dB, or with central C50 lower than 2.6 dB and with
central U50 lower than 0.7 dB.
Table 4 – Descriptive statistics of the acoustical parameters considering the division in BA and
GA. Standard deviations are indicated in parentheses, while n.a. is for “not available”.
T20
[s]
T20_e [s]
LN_sil
[dB]
LN_gr
[dB]
LS_REF

BA
GA
BA
GA
BA
GA
BA
GA
BA

Average
1.1 (0.19)
0.7 (0.09)
1.2 (0.21)
0.8 (0.13)
50.4 (3.28)
50.2 (3.32)
72.9 (5.18)
66.9 (4.65)
62.2 (0.71)

Threshold

p-value

0.8

0.000

0.9

0.000

n.a.

0.833

68

0.005

n.a.

0.125
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[dB]
mLS
[dB/dd]
C50_M
[dB]
C50_ctr
[dB]
U50_M
[dB]
U50_ctr
[dB]

GA
BA
GA
BA
GA
BA
GA
BA
GA
BA
GA

61.7 (0.95)
-1.9 (0.3)
-1.9 (0.38)
1 (1.38)
4.6 (1.09)
0.8 (1.58)
4.2 (0.82)
-0.6 (1.13)
2.6 (1.34)
-0.8 (1.18)
2.5 (1.46)

n.a.

0.978

3.0

0.000

2.6

0.000

0.9

0.000

0.7

0.000

Figure 2 shows through regression that the slope per double distance of the signal level in BA and GA is
around -2 dB/dd.

Figure 2 – Regression lines of the propagation of the measured signal level LS in
BA (gray square and solid line) and GA classrooms (white squares and dashed
line). The regressions are obtained considering the mean values of BA and GA
cases in position ref, 1, 2, and 3.
Figure 3 shows that to further investigate if any differences occur in the early and late reflections slopes
per double distance in BA and GA, the Sound Strength Gtot, G50 and Glate have been represented along the
main axis of the classrooms. The same slope per double distance of -2.7 dB/dd has been obtained for G50 in
BA and GA, as expected, while Glate showed -0.6 dB/dd and -0.9 dB/dd, and Gtot showed -2.0 dB/dd and -2.2
dB/dd in BA and GA, respectively. The slope per double distance of Gtot is around -2.0 dB/dd as mLs.

Figure 3 – Regression lines of the propagation of the calculated Gtot (solid line), G50
(round dot line) and Glate (dashed line) levels in BA (values are grey circles and
regression lines are black) and GA (values are white triangles and regression lines are
light grey) classrooms. The regressions are obtained considering the mean values of
6
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BA and GA cases in positions ref, 1, 2 and 3.

4

Discussion

Sato and Bradley Error! Reference source not found. illustrate an approach to the acoustical design of
classroom aiming to focus on the difference between G50 and Glate at the more distant listening location from
the teacher. They also suggest to use a design approach that selects the optimum reverberation time as the
one that maximizes U50 values, since they combine the detrimental effects of late-arriving speech and
ambient noise relative to the useful direct and early reflected speech sounds. Figure 4 shows the relationship
between reverberation time in occupied conditions and Gtot, G50 and Glate levels, and U50. The figure
identifies the optimal reverberation time based on Glate difference from G50 at a 6 m distance from the
teacher. In particular, it has been assumed that Glate should be 3 to 6 dB lower than G50 in any position inside
the classroom, especially at the more distant listening location from the speech source. Considering these
differences between Glate and G50, optimal conditions can be achieved over quite a broad range of
reverberation time values from 0.6 to 0.9 s. Following the indications of Bradley et al. Error! Reference
source not found., for which the U50 must be at least 1 dB, then the optimal reverberation time must be
equal to or lower than 0.75 s.

Figure 4 – Relationship between reverberation time in occupied conditions and Gtot (solid line and squares),
G50 (round dot line and circles) and Glate (dashed line and triangles) levels, and U50. The shaded
area indicates the range of optimal reverberation times and of distances between Glate and G50. The
vertical line highlight the optimal reverberation time of 0.75 s identified based on U50 of 1 dB.

5

Conclusions

The present work answered the question on what are the optimal acoustic conditions for speech
communication and learning in classroom. In order to do this a useful protocol for acoustics measurements in
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classrooms has been provided. The measurement protocol was based on a minimum number of parameters
and positions which allow for smooth and fast classroom acoustic characterization.
The present study involved 29 primary school classrooms in Turin. Half of the classrooms were
characterized by an insufficient sound quality compared to the optimal reference values. The intelligibility is
good in classrooms with good acoustics, while it is mainly insufficient in the other classrooms. For both
good and bad acoustics environments were recorded values of noise level beyond the limit, both in silence
and during group activities.
Results show that most of the parameters are strictly correlated. Reverberation time T20 and speech
clarity in the central point C50_ctr, both in occupied conditions, can be chosen as the most representative
parameters to characterize classroom acoustics, and particularly the speech intelligibility conditions. Based
on T20 and C50_ctr it is then possible to estimate the useful-to-detrimental ratio U50, which best relates to
speech intelligibility accounting for both noise and room acoustics. The noise level in silence LN_sil, the slope
per double distance of the speech signal mLS and the speech level in the reference point (@ 1 m from the
source) LS_ref , do not emerged as primary parameters to characterize classroom acoustics. In conclusion,
classroom acoustics can be fully characterized from a single measure, that can be alternatively T20 or C50_ctr.
In order to reduce the measurement points to a minimum number, it is advised to first characterize
classrooms by means of speech clarity in the central position, C50_ctr. This position is also effective for
estimated parameters, such as the useful-to-detrimental ratio in the central point U50_ctr. As far as T20 is
concerned, a spatial average is needed to the aim.
Only reverberation time was measured in both occupied and unoccupied conditions, which resulted to be
positively and significantly correlated. T20_e was also significantly correlated with C50 and U50 parameters,
although they have been measured only in occupied conditions. Based on this, measurements can be
performed in unoccupied conditions, getting smoother and faster, and the related parameters can be
estimated indirectly.
References given by literature have been updated and new thresholds between bad and good acoustics
are proposed based on clusters analysis. In particular, the thresholds are:
• for reverberation time 0.8 s and 0.9 s in occupied and unoccupied conditions, respectively;
• for noise level during group activities 68 dBA;
• for speech clarity 3 dB and 2.6 dB when considered as a spatial average or a single value in central
position, respectively;
• for useful-to-detrimental ratio 0.9 dB and 0.7 dB when considered as a spatial average or a single
value in central position, respectively;
LN_sil, mLS and LS_ref remain excluded from the threshold identification as they did not differ
significantly in BA and GA.
As far as reverberation time is concerned, the inspection of the early component G50 and the late
component Glate of sound strength allowed for the identification of GA with an optimal reverberation time in
the range 0.6÷0.9 s, which also guarantees optimal speech intelligibility at the most distant position from the
source. An optimal reverberation time lower or equal to 0.75 s also guarantees an optimal U50 equal to or
greater than 1 dB. This reverberation time also best support the voice of teachers in classroom.
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Abstract
It is largely known that student activity (SA) - i.e. the noise generated by students during lessons - deeply
affects the learning performance. Moreover, teachers’ speech level (SL) may depend on vocal support, the
latter being due in large rooms both to acoustic properties of the room and PA system. Previous work showed
that clustering techniques can be a useful tool to measure SA and SL through long-term monitoring of active
classrooms. In the present work, SA and SL measured in two historical university lecture halls are compared
before and after renovation works. Restoration included both acoustic treatments and PA re-design. It is worth
noting that measurements were carried out in a pre-COVID19 scenario. Two unsupervised machine learning
algorithms were used, respectively Gaussian Mixture Model and K-means clustering. Outcomes have been
compared with equivalent and percentile levels, usually used in this field of analysis. Results show lower mean
levels of both SA and SL and lower signal-to-noise ratios, suggesting the achieving of quieter environments.
Furthermore, the decrease of the Lombard slope hints at better control of the vocal effort by the teachers.
Keywords: speech intelligibility, student activity, speech level, Gaussian Mixture model, K-means clustering.

1

Introduction

The quality of the learning process is strictly dependent on intelligibility. The latter is outlined as a function
of the acoustic characteristics of the room and the amount of background noise [1]. The first factors can be
precisely measured by objective metrics, such as the reverberation time, the early-to-late index, and the Speech
Transmission Index.
However, the background noise is not well-defined when the dynamical context of a lecture is considered.
Noise during lessons comes from human activity, either in the neighbouring areas of the lecture halls or by
the students attending lectures. The latter is called student activity [2]. Both factors, acoustic criteria and
background noise within the space, can give rise to the Lombard effect, the psychoacoustic mechanism that
leads the speakers to increase their voice levels [3]. Thus, it brings higher vocal efforts [4].
As a consequence of what outlined so far, occupancy and public address can play a key role in this dynamic
context. The first changes the equivalent absorption area as a function of the number of students and their
placement [5]; the second allows the speakers to reach high signal-to-noise ratios without strain the voice [6].
Active classrooms can be measured, besides the classical percentile and continuous equivalent levels,
through the post-processing of the recording of a sound level meter via clustering techniques, such as Gaussian
Mixture Model or K-means clustering [2, 7, 8].
The present work compares active classrooms measurements carried out in two historical lecture halls
before and after acoustic treatments. The aim is to investigate a possible change in behaviour of both students
and teachers in treated spaces and the chance to use these methods as a tool to assess the effects of the
renovation works.
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2

Method

The assessment of renovation works carried out in two historical lecture halls (see Fig. 1) has been made
through monitoring of the student activity and speech levels before and after the treatments. The two lecture
halls are very similar, with a rectangular plan and seats made of wood with an amphitheater shape. The main
difference concerns an extra volume of about 100 m3 in the rear part of Hall I. As a consequence, Hall I contains
250 students, whereas Hall II has 200.

(a) Lecture hall I
Figure 1:

(b) Lecture hall II

Inner view of the two lecture halls under study before the treatments.

Renovation works concerned two interventions: the acoustic treatment of the surfaces, and the redesign
of the PA. Regarding the first, slat absorbers wooden panels have been placed in the rear walls and on the
overhanging beams of both rooms. The PA has been replaced with two systems: a main line array on the back
of the teacher on either side of the blackboard, and a pair of fillers in the middle of the room to broader the
coverage homogeneously over the audience area.
Objective parameters, according to ISO 3382, were measured in both lecture halls in unoccupied conditions
using the same source-receiver pairs for both before and after treatments state. The comparison focuses on the
reverberation time T30 , the early-to-late index C50 , and the Speech Transmission Index STI. Table 1 shows the
impact of the treatments besides the general and geometrical characteristics of the halls.
Table 1: General and acoustic data of the halls under study before and after the restoration, respectively
indicated as “ante” and “post”. Besides the shape of the inner space, it is shown the volume “V”, the
maximum occupancy “N”, the reverberation time in unoccupied state “T”, the early-to-late index “C50 ”, the
Speech Transmission Index STI and the equivalent absorption area A0 of the lecture halls in unoccupied state.
The subscript “M” states a value averaged over all the receivers in the octave bands of 500 − 1000 Hz, whereas
“3” over the octave bands of 500 − 2000 Hz.

Volume (m3 )

Occupancy

TM (s)

C50,3 (dB)

A0 (m2 )

STI

Hall

Shape

V

N

Ante

Post

Ante

Post

Ante

Post

Ante

Post

I

Amphitheater

1000

250

1.70

1.37

-2.8

-1.4

0.49

0.52

94

117

II

Amphitheater

900

200

1.72

1.38

-2.4

-1.0

0.47

0.54

84

105

2
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2.1. Student activity and speech levels method
Basing on previous works, student activity SA and speech levels SL were measured through two sound level
meters placed on either side in the middle of the audience area, far enough from reflective surfaces. Monitoring
regarded 9 lessons before and after the renovation works. The method previously described in [7] was used.
The sound level meters recorded equivalent continuous levels with an acquisition time of 0.1 s to ensure the
recording of the pauses within the speech’s streaming [9].
·10−2
measured data
occurrences curve

Density

6

4

2

0
40

50
60
70
A-weighted SPL (dBA)

80

Example of the occurrences curve obtained by a recorded lesson. The histogram shows the normalized
bin count of the A-weighted recorded SPLs, whereas the curve indicates the probability distribution function
to process via clustering techniques.

Figure 2:

In post-processing, time histories were cut to analyze and process only the lecture time. Then, two
unsupervised algorithms, i.e. Gaussian Mixture Model GMM and K-means clustering KM, found patterns
among the recorded SPLs and gathered them into different clusters.
Briefly, the GMM is a model-based clustering algorithm that splits the occurrences distribution of the SPLs
as a sum of Gaussian curves according to statistical hypotheses. Each cluster - thus, each sound source - is
represented by a Gaussian curve, and the corresponding mean is assumed as the SPL of the sound source. KM
is a distance-based clustering algorithm that splits the recorded SPLs minimizing and optimizing the distance
among data. Each cluster - associated with each sound source, as seen for GM - is represented by a bunch of
SPLs with a corresponding “centroid”, i.e. the centre of gravity of the cluster, which is assumed as the SPL of
the sound source.
Being the acoustic environment compounded by two sound sources, the number of clusters to run the
algorithms was set equal to 2. Then, the lower means or centroids of clusters were assigned to SA and the
higher values to SL.

3

Results and discussions

The analysis concerns a total of 18 lessons, 9 recorded before the acoustic treatments of the halls and 9 after.
Table 2 shows the outcomes of the clustering process. Besides the SPLs obtained for SA and SL, other data
are the corresponding hall, the occupancy, the equivalent absorption area in the occupied state, and the 90th
percentile and the continuous equivalent level. Brackets contain the standard deviations between the two sound
level meters.
3
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250 (125%)

160 (80%)

I (Ante)

I (Ante)

I (Ante)

II (Ante)

II (Ante)

II (Ante)

B

C

D

E

F

G

185 (75%)

130 (50%)

II (Ante)

Ante

I (Post)

I (Post)

I

Mean

J

K

II (Post)

Post

R

Mean

125 (65%)

II (Post)

II (Post)

P

II (Post)

O

Q

110 (55%)

I (Post)

N

129

95 (50%)

120 (60%)

190 (75%)

80 (30%)

I (Post)

I (Post)

L

M

130 (50%)

164

200 (100%)

II (Ante)

H

150 (75%)

120 (60%)

150 (60%)

100 (50%)

200 (80%)

145 (60%)

I (Ante)

A

Occupancy (%)

Hall

Lesson

174

161

173

175

168

197

151

172

195

172

162

188

164

135

152

190

158

137

179

156

Aocc (m2 )

50.8 (1.0)

52.1 (1.8)

48.8 (0.3)

51.4 (0.8)

53.9 (3.1)

52.7 (0.4)

49.9 (0.4)

47.2 (0.5)

49.9 (0.4)

51.3 (1.1)

52.1 (1.0)

53.4 (0.0)

55.3 (0.1)

61.0 (0.6)

50.3 (1.5)

48.4 (0.3)

51.2 (2.0)

53.3 (1.8)

47.5 (1.5)

48.2 (1.2)

SA (s.d.)

65.6 (0.8)

64.9 (1.9)

66.4 (1.1)

60.8 (1.3)

72.1 (1.1)

68.9 (0.1)

59.0 (0.3)

64.6 (0.5)

69.6 (0.4)

64.6 (0.7)

68.3 (2.6)

68.0 (1.0)

75.3 (0.8)

75.5 (1.4)

66.5 (1.5)

67.5 (1.5)

67.2 (4.5)

66.3 (4.1)

63.3 (4.6)

65.0 (4.0)

SL (s.d.)

GMM

51.7 (0.8)

54.4 (1.5)

49.7 (0.9)

50.4 (0.9)

54.1 (1.3)

51.0 (0.2)

51.0 (0.4)

50.9 (0.6)

50.9 (0.4)

52.7 (0.7)

53.3 (0.8)

56.5 (0.3)

55.8 (0.0)

55.7 (0.7)

53.1 (0.2)

49.1 (0.1)

52.7 (1.9)

55.8 (1.9)

48.8 (1.3)

52.2 (1.2)

SA (s.d.)

SL (s.d.)

67.6 (1.1)

67.0 (2.1)

69.8 (2.1)

62.0 (2.1)

72.7 (2.0)

69.0 (0.1)

61.2 (0.2)

70.2 (0.5)

70.2 (0.3)

66.1 (0.5)

69.6 (2.5)

69.7 (0.8)

76.0 (0.8)

74.9 (1.4)

68.5 (1.0)

68.0 (1.6)

68.4 (4.4)

68.4 (3.9)

64.2 (4.5)

68.3 (4.0)

KM

50.0 (0.7)

51.4 (1.1)

58.4 (0.5)

46.7 (0.7)

53.3 (1.0)

48.8 (0.5)

48.3 (0.5)

45.9 (0.4)

48.1 (0.5)

49.7 (0.8)

53.1 (4.4)

58.8 (5.9)

56.4 (7.0)

61.6 (5.4)

55.0 (8.1)

52.1 (9.5)

47.6 (1.3)

53.0 (1.7)

45.8 (0.6)

48.0 (0.5)

(s.d.)

L90

67.8 (1.1)

67.5 (2.3)

71.6 (3.0)

62.0 (1.3)

74.4 (2.4)

70.3 (0.1)

61.1 (0.0)

65.8 (0.4)

71.5 (0.1)

66.5 (0.4)

72.2 (4.7)

74.6 (3.7)

79.2 (3.6)

78.6 (5.3)

71.9 (4.0)

72.3 (7.1)

69.7 (4.6)

68.9 (4.5)

64.8 (4.9)

69.9 (4.8)

(s.d.)

Leq

Table 2: Overview of the recorded lessons. For each lesson, the corresponding room, the number of people, the percentage of occupancy, and the equivalent
absorption area taking into account the contribution of the people are shown. Measured A-weighted values of student activity SA, received speech level SL
extracted through, Gaussian Mixture Model GMM, K-means clustering KM, equivalent continuous Leq and percentile levels L90 are reported. Values are
averaged over the two receiver positions. All values of SA and SL are in dBA.

The measured A-weighted SA and SL values before the treatments lie respectively in the range of 47.5 – 61
dB and 63.3 – 75.5 dB for GMM, 48.8 – 56.5 dB and 64.2 – 76 dB for KM, 45.8 – 61.6 dB and 64.8 – 79.2
for percentile and equivalent levels. The measured SA and SL levels after the treatments lie respectively in the
ranges 47.2 – 53.9 dB and 59 – 72.1 dB for GMM, 49.7 – 54.1 dB and 61.2 – 72.7 dB for KM, 45.9 – 53.3 dB
and 61.1 – 74.4 dB for percentile and equivalent levels. Before the restoration work, the standard deviations
between the two receivers, respectively for SA and SL, lie in the ranges 0 – 2 and 0.8 – 4.6 dB for GMM, 0
– 1.9 and 0.8 – 4.5 dB for KM, 0.5 – 9.5 and 3.6 – 7.1 dB for percentile and equivalent levels. Concerning
the measured s.d. of SA and SL after the treatments, values lie respectively in the ranges 0.3 – 3.1 and 0.1
– 1.9 dB for GMM, 0.2 – 1.5 and 0.1 – 2.1 dB for KM, 0.4 – 1.1 and 0 – 3 dB for percentile and equivalent
levels. The measured A-weighted mean values of SA and SL and their standard deviations in brackets before
the treatments are respectively 52.1 (1.0) and 68.3 (2.6) dB for GMM, 53.3 (0.8) and 69.6 (2.5) dB for KM, 53.1
(4.4) and 72.2 (4.7) dB for percentile and equivalent levels. The same parameters measured after the treatments
are respectively 50.8 (1.0) and 65.6 (0.8) dB for GMM, 51.7 (0.8) and 67.6 (1.1) dB for KM, 50 (0.7) and 67.8
(1.1) for percentile and equivalent levels.
3.1. SA, SL and algorithms
The first analysis concerns the comparison of SA and SL obtained before (lessons A - I) and after (lessons
J - R) the treatments. Means and standard deviations are lower for all techniques and all parameters; thus, it
could mean that the lecture halls have quieter and more diffused sound environments. The greatest decrease of
both metrics, i.e. means and s.d., concerns the percentile and equivalent levels.
According to the results of previous work [7], KM has the higher values of SA in the greater part of the
lectures and the 90th percentile the lowest. Concerning SL, equivalent levels are the highest measured values
and the GMM the lowest in all lectures.
Other issues concerning GMM and KM are about the heteroscedasticity and the initial hypotheses of the two
techniques. Heteroscedasticity is the difference of variance among data. The greater the variance, the greater
the difference between GMM and KM [10]. The initial hypotheses regard the difference between hard and soft
clustering. GMM is a soft clustering algorithm since it allows the data to belong to one or more clusters with an
assigned probability. By contrast, KM is a hard clustering algorithm and each data point is assigned only to one
cluster [11]. Other applications of these methods pointed out the difference concerning the initial hypotheses
between these two algorithms [12].
3.2. Signal-to-noise ratio and Lombard effect
In the present work, the signal-to-noise ratio is defined as the difference between SL, the signal, and SA, the
noise. As seen in the previous section and reported in Table 2, SNRs are slightly lower of an average of about 1
dB after the treatments. Figure 3 plots the relationship between SA and SL before (black marks and lines) and
after (red marks and lines) the treatments. Here, the slopes of the regressions show changes in the Lombard
effect. That is because the decrease of SA and SL is not proportional. The decrease of the relationship between
SA and SL could mean that the vocal effort of teachers is less affected by the babble of the students and the
Lombard effect is differently triggered.
3.3. The role of the occupancy
In university lecture halls, the occupancy is not constant during the day but changes every lesson. Thus,
the acoustic characteristics of the halls change dynamically basing on the students attending lessons. In the
prediction model built up by Hodgson, the equivalent absorption area of the room in occupied condition is one
of the main parameters [2]. Figure 4 shows the relationship between occupancy and SNR, SA, and SL. Black
and red lines represent respectively the relationship before and after the restoration in all plots. In the left part,
the relationship between occupancy and the SNR is shown. The enhancement of the acoustic conditions of the
halls seems to make the correlation more sensitive. SNR increases linearly with the occupancy, indeed. This
could mean that the bigger the audience, the quieter the environment.
5
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SL (dBA)

75

70

65
GMMante
GMMpost
GMMante
GMMpost

60

45

Figure 3:

50

55
SA (dBA)

KMante
KMpost
KMante
KMpost

60

65

Relationship between SA and SL measured values via GMM and KM. Black and red markers indicate
respectively before and after the acoustic treatments. Each marker refers to a whole lesson.

An occupancy of about 120 students seems to be a kind of threshold according to the relationship with the
SNR. When audiences are greater than 120 people seem to keep an SNR equal or higher of 15 dB, whereas
lectures attended by less than 120 students were carried out with an SNR lower than 15 dB, down to 9 dB.
Considering the size of large lecture halls, a PA seems to be necessary to achieve good intelligibility without
affecting the vocal effort of teachers.
Being the SNR depending on SA and SL, it is worth analyzing how these two factors are related to the
occupancy. Thus the middle and the right plots in Figure 4 seem to suggest how treatments change the behaviour
of both students and teachers. SA seems to be independent of the occupancy after the renovation works.
Regression lines are almost constant for both algorithms, indeed. Concerning SL, regression lines change
slopes, making the vocal intensity of teachers more sensitive to the occupancy after the treatments.
GMMante
GMMante

25

65

20

60

KMante
KMante

GMMpost
GMMpost

KMpost
KMpost

15
10

SL (dBA)

SA (dBA)

SNR (dBA)

75
55

70
65

50
60

5

45
50

100 150 200 250
Occupancy (N)

50

100 150 200 250
Occupancy (N)

50

100 150 200 250
Occupancy (N)

Relationship between Occupancy and SNR, SA and SL measured values via GMM and KM. Black
and red markers indicate respectively before and after acoustic treatments. Each marker refers to a whole
lesson.

Figure 4:
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3.4. Spectral analysis
The investigation of the spectra obtained via GMM and KM may provide further evidence about the
reliability of clustering techniques. Being both sound sources are developed by speech signals, it is expected
to obtain two speech shapes. Spectral analyses were made applying GMM and KM on the recorded SPLs in
the octave band from 125 to 4000 Hz. Figure 5 shows the results for both before and after the treatments,
respectively in Figures 5a and 5b. Relative spectra are plotted setting the 1 kHz octave band equal to 0
averaging over all measured lectures.
The shapes obtained are attributable to speech sources. This is quite clear for SL before treatments, whereas
SA has flatter shapes being more diffuse through space. Different results concern the state after treatments
where similar spectra were obtained from low frequencies up to 1 kHz octave band. The highest frequencies
show weakness in separating the two sound sources. The 2 and 4 kHz octave bands seem to be influenced by
the new PA which emphasizes the SL mid-high frequencies. SA can not be affected by the properties of the
PA. Thus, clustering seems to be less reliable after the treatments. Reasons can be assumed on multiple sides.
Concerning the algorithms, it should be noted that the more visible are the peaks of the occurrences curve,
the easier is the detection of different clusters. Moreover, treatments regarded especially mid-high frequencies,
hence sound energy of formants’ speech is weaker within the room and less detectable. Finally, according to the
outcomes shown in previous sections, the hypothesis of achieving quieter environments seems to be confirmed.

10
8
6
4
2
0
−2
−4
−6
−8
−10
−12

SL - GMM

Lp (dB)

Lp (dB)

SA - GMM

125 250 500 1k 2k
Frequency (Hz)

4k

(a) Ante - relative spectra of SA and SL

SA - KM

10
8
6
4
2
0
−2
−4
−6
−8
−10
−12

SL - KM

125 250 500 1k 2k
Frequency (Hz)

4k

(b) Post - relative spectra of SA and SL

Average relative spectra of student activity SA and speech levels SL obtained via GMM and KM. On
the left SA and SL obtained before the acoustic treatments of the halls are shown, on the right the after state.
Values are averaged over all measured lectures.

Figure 5:

3.5. Monitoring SA and SL during lessons
Data population of each lecture were divided in 15 minutes samples to investigate the temporal fluctuations
of SA and SL during lessons. Figure 6 shows the measured tendencies for both before and after treatments
and both algorithms. Differences in this kind of analysis are strictly related to the shape of the occurrences
curve and the consequent variance of data. Results are quite coherent between the two algorithms, however
KM seems to be more robust and less affected by fluctuations. The increase or decrease of SA during time
could concern the listening effort of the students and the consequent concentration. The up and down tendency
is particular evident in lesson H recorded before the renovation works.
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Ante
B - SA
B -SL

C - SA
C - SL

D - SA
D - SL
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E - SL
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75

A-weighted SPL (dBA)

A-weighted SPL (dBA)

A - SA
A - SL
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2

(a) GMM

3
4
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(b) KM
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(c) GMM
Figure 6:
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2
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4
15-min samples

5

(d) KM

15-minutes samples of SA and SL for each lecture before and after the acoustic treatments of the halls.
SA and SL are indicated respectively with dashed and solid lines.
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4

Conclusions

Good acoustic conditions of environments affect the behaviour of teachers and students within lecture halls.
Measurements of student activity and speech levels were carried out during 18 lessons to test the effectiveness of
acoustic treatments and audio redesign of two university lecture halls. Eighteen lessons were recorded through
two sound level meters and analyzed via clustering techniques: Gaussian Mixture Model and K-means. Results
show decreases in mean values of student activity and teachers’ speech levels besides standard deviations
between the two sound level meters. Thus, it is conceivable that treatments led to quieter and more diffused
sound environments. Drops of Lombard effect slopes show how speech levels are less affected by student
activity. Treatments influenced the behaviour of students and teachers investigating the relationships among
occupancy, signal-to-noise ratio, student activity, and speech levels. After the renovation works, speech levels
seem to be more sensitive to occupancy, whereas student activity is less dependent on the number of people
attending lectures. The spectral analysis confirmed the reliability of clustering techniques. However, it showed
weaknesses when the peaks of the occurrences curves are not clear. A further analysis concerned the chance
to use clustering algorithms to monitor student activity and speech levels during lectures. Thus, 15-minutes
samples were analyzed via Gaussian Mixture Model and K-means to assess the vocal effort of teachers and the
concentration of students. Results show how student activity and speech levels fluctuate during lecture time,
highlighting possible listening efforts by students. The assessment of the effectiveness of renovation works
made through clustering techniques confirms the reliability of these algorithms. Further works should aim to
dig into quantitative analyses and make the use of these unsupervised approaches more robust.
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Abstract
The regulation of speech level is affected by the perception of the communication environment and auditory
feedback. We examined the effects of room acoustics in an artificial setting on voice production in terms of
sound pressure level and the relationship with the perceived vocal comfort and vocal control. Three
independent room acoustic parameters were considered: gain (alteration of the sidetone or playback of one's
own voice), reverberation time, and background noise. An increase in the sidetone led to a decrease in vocal
sound pressure levels, thus increasing vocal comfort and vocal control. This effect was consistent in the
different reverberation times considered. Mid-range reverberation times led to a decrease in vocal sound
pressure level along with an increase in vocal comfort and vocal control, however, the effect of the
reverberation time was smaller than the effect of the gain. The presence of noise amplified the aforementioned
effects.
Keywords: room acoustics, gain, speech level, vocal comfort, vocal control.

1

Introduction

Vocal communication involves multiple physiologic (oral and aural) and cognitive systems. From the
perspective of production, the regulation of speech level is primarily affected by physiological features of the
speaker such as vocal tract size, vocal fold length, and lung capacity [1]. This production regulation is affected
by perceived communication demands, such as communication partners or communication environment, sense
of vocal comfort, and applied vocal effort. For example, speech level and speech style can be partner-specific
such as speaking to a child [2] or to someone with a perceived hearing loss [3]. Another example was presented
by [4] where aspects of auditory feedback such as background noise, altered sidetone (amplified playback of
one's own voice), hearing loss, and room acoustics were described. The alteration in auditory feedback can
modify vocal parameters, such as Sound Pressure Level (SPL), and can modify the talker’s perception of vocal
comfort and vocal control [5][6]. These parameters may be modified by the implementation of artificial
settings delivered by headphones with the goal of increasing vocal comfort and control while decreasing vocal
effort in occupational voice users such as teachers and call centre operators. All of these are affected by the
relationship between voice production and hearing sensitivity [7] and how the auditory system and auditory
feedback play a fundamental role in voice production including the perception of effort and comfort.
The alteration in auditory feedback can also modify the perception of a communication scenario, thus affecting
voice production, vocal comfort, and the perception of vocal control. Vocal control can be defined as the
capacity to self-regulate vocal production, e.g., SPL, fundamental frequency, and resonance. The sensation of
control relates to the ability to adjust the voice consciously. In a communication environment, in general,
speakers try to control their voice production in order to increase speech intelligibility. When talking in a noisy
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environment, people tend to raise the level of their voice in order to maintain understandable communication
[8]. The maximization of intelligibility, clarity, vocal comfort and control, and the minimization of vocal effort
and fatigue, should be the priority of any professional talker [9].
Growing evidence suggests that there is an association between vocal production level and external auditory
feedback. External auditory feedback consists of the external path between mouth and ears and is strongly
influenced by the acoustics of the environment where the speaker is speaking. Such environmental effects are
room noise, vocal amplification of one’s own voice, and, room reverberation.
A commonly experienced external auditory effect that directly affects vocal production level is that of elevated
room noise, or the Lombard Reflex or Effect [10], [8]. For example, [11] recorded a monologue passage for
twenty-four vocally healthy young adults (12 men and 12 women, aged 19–22 years) using an Ambulatory
Phonation Monitor (APM model 3200) under three natural environment conditions in a randomized order.
These conditions were: a quiet room (clinic room, mean 35.5 dBA, ranged from 34 to 37 dBA), a room with
moderate noise level (clinic corridor, mean 54.5 dBA, ranged from 53 to 56 dBA), and a room with high noise
(a pantry room with a noisy exhaust fan, mean 67.5 dBA, ranged from 66 to 69 dBA). The results showed
significant increases in mean voice level and self-reported vocal effort in the high-noise environment than in
the other two conditions.
Vocal level was shown to be affected by the reverberation time of the room [12], and by the level at which a
speaker perceived his/her own voice, as well as the level of the background noise [13]. More recently, studies
have added further details to these and other factors such as speaker-listener distance and acoustic
characteristics of the room and/or of the communication channel [12], [5] [14] [15][16][17]]. Pelegrín-García
et al. [17] found that voice level decreased as reverberation time increased; while Black [12] reported that
greater vocal intensity was found in less reverberant rooms than in more reverberant rooms. This is common
even in extreme reverberation conditions [18].
Furthermore, external auditory feedback can be artificially altered by modifying the playback of one's own
voice (i.e. sidetone alteration). In a study of the effect of sidetone alteration on voice levels by increasing the
sidetone gain of 20 dB, Siegel and Pick [13] found a ratio of change in the voice level of 0.15 dB/dB. This
ratio increased to 0.21 dB/dB, 0.30 dB/dB and 0.34 dB/dB when speech-spectrum noise was added during the
experiment at 60 dB, 70 dB and 80 dB, respectively.
Recent investigations on speech adjustments were related to an increase of external auditory feedback [5] and
to reverberation times [19]. The above mentioned showed that the effect of reflective panels, placed close to
the speaker, had a decrease of about 1 dB in voice level, which was observable in rooms with different
reverberation times and in different speech styles.
In summary, previous research suggests that voice level, vocal comfort, and vocal control vary (1) when the
gain level of external auditory feedback increases and (2) under different reverberant conditions. These
variations could be also affected by the presence of noise. The perceived vocal comfort was lower in rooms
with very low or very high reverberation time. Nevertheless, to better understand how speech adjusts to room
acoustics, it is necessary to have control of the acoustical parameters. This can be facilitated by creating virtual
acoustics scenarios.
To explore this topic, the current study examined the effects of room acoustics in a virtual setting on vocal
SPL, and self-reported vocal comfort and control. Three independent room acoustic parameters were
considered: gain (alteration of the sidetone), reverberation time (T30), and background noise. This relationship
was stated to better understand how these independent and dependent variables relate to each other in simulated
scenarios. As we have mentioned, previous studies have been performed in real scenarios, which are not
malleable nor changeable, but fixed. By having simulated scenarios, this study proposes a wide range of
possibilities that could be infinitely modified, in a simple way, on its initial parameters for independent
variables. The main research questions of this study were based on the following statements regarding
relationships between:
(1) Voice level variations and participant’s gain level of external auditory feedback (sidetone or selfamplification).
(2) Vocal comfort (and control) responses and participant’s gain level of external auditory feedback (sidetone
or self-amplification).
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(3) Voice level variations and different simulated T30 of rooms where participants are speaking.
(4) Vocal comfort (and control) response and different simulated T30 of rooms where participants are
speaking.
(5) Finally, if there are such effects:
(5a) Voice level variations and the presence or absence of noise.
(5b) Vocal comfort (and control) and the presence or absence of noise.
Hence, the present work is aimed to provide contributions on how acoustical environments affect voice
production in terms of objective measurements such as SPL, but also in terms of perceptual measurements
such as self-reported vocal comfort and vocal control.

2

Materials and Methods

The speech of 30 talkers was recorded in fourteen different virtual acoustical scenarios of external auditory
feedback, including three gain levels and three T30, each of them with and without the presence of speechshaped noise. The participants' speech was recorded with a microphone placed at a fixed distance of 15 cm
from the mouth. A preliminary calibration procedure of the microphone was performed at the beginning of the
recording session per participant. The calibration level was set to 94 dB at 1kHz. The recordings were
performed in a soundproof double-walled Whisper Room (interior dimensions: 226 × 287 cm and h = 203 cm).
T30 was measured for mid-frequencies to be 0.07 s in the soundproof room and background noise equal to 25
dB(A). The speech signals were processed to calculate SPL.
2.1

Participants and instructions

This study was conducted with approval from and in accordance with the policies of the Office of Protection
of Research Subject at the University of Illinois at Urbana Champaign (IRB 18179). Thirty participants (17
females and 13 males) participated in this experiment. All the participants were Native American Englishspeaking young adults (age 19 to 32 years old; mean age 23 years), with self-reported normal speech and
hearing, and no reported or observable upper respiratory infection on the day of the recording. In general, none
of them reported hearing conditions. 26 participants reported that their primary ethnicity was “Caucasian”, two
were “Asian”, and two “Hispanic-Latino”. Four of them reported being eventual smokers. Five reported voice
training in the past, such as singing lessons, and four reported a history of speech or language therapy in their
childhood. The participants were instructed to read aloud a standardized text in English under fourteen different
virtually simulated acoustic conditions. Each task had a duration of about 27 seconds of reading. Before the
measurements, each participant was presented with the printed passage to familiarize themselves with it. The
fourteen virtually simulated acoustic conditions were: a reference condition (no gain, no reverberation) and
the result of all possible combinations of two gain levels of the external auditory feedback (+5 dB and +10 dB)
and three different T30. The six aforementioned conditions were presented with and without speech-shaped
noise added. The order of administration of the fourteen scenarios was randomized to provide an equal
distribution of any (short-term) vocal discomfort across all the tasks, as well as to control for any unknown
confounding variables relating to the task order.
2.2

Equipment

The speech material was recorded by a frequency response Class 1 microphone placed at a fixed distance of
15 cm from the mouth (M2211, NTi Audio, Tigard, OR, USA). The microphone was calibrated at the
beginning of the recording session per participant using a Class 1 Sound Calibrator NTi Audio (Tigard, OR,
USA) with automatic atmospheric pressure compensation (ref: 94 dB ± 0.2 dB at 1 kHz ± 1%). The microphone
output was split into two lines: the first for direct recording and the second for creating the virtual acoustic
environment. The direct digital recording sampled at 44.1 kHz was recorded using an external soundboard
(UH-7000 TASCAM, Teac Corporation, Montebello, CA, USA) connected to a personal computer (PC)
running Audacity 2.0.5 (SourceForge, La Jolla, CA). For the virtual environment, the direct microphone output
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was combined, in half of the conditions, with speech-shaped noise using a digital mixer (MultiMix 8 USB FX
8, Alesis, Cumberland, RI, USA). The voice signal was digitally processed to add reverberation using a realtime effect processor of the digital mixer and played back to the participant using open headphones (HD600,
Sennheiser, Wedemark, Germany). The delay between the uttered voice and its transmission through the
processing loop (i.e. Alesis digital mixer) and back to the participant’s headphones was measured to be lower
than 5 ms. This value is below the range between 16 and 26 ms threshold which is considered a noticeable
echo (Lezzoum et al., 2016).
2.3

Room acoustic parameters

Room acoustic T30 conditions (ISO 3382-2, 2008) of the virtual scenarios were obtained from impulse
responses (IRs) calculated with the convolution method. An exponential sweep signal was emitted by the
mouth of a Head and Torso Simulator (HATS, GRAS 45BB KEMAR). The sweep was captured by the
microphone, real-time processed, played back with open headphones, and finally recorded by the ears of the
HATS. The recorded sweep was deconvolved with the emitted sweep inverted on the time axes, obtaining the
IR, as exposed in the appendix by Pelegrín-García and Brunskog [6].
The average T30 for combined 500 Hz and 1 kHz octave bands, were determined for the Whisper Room and
each of the 3 simulated environments (ISO 3382-2, 2008). It was 0.07 s in Whisper Room T30 condition, 1.13
s in Low T30 condition, 1.39 s in Medium T30 condition, and 1.90 s in High T30 condition. The measured
values of T30 for the Whisper Room and the three simulated conditions between 125 and 8k Hz are given in
Table 1. To manipulate the level of external auditory feedback, three different gain factors were introduced in
the real-time processor. These gain factors were chosen with the goal of obtaining a difference between the
voice level measured at the ears in the air (with no sidetone modification) and the voice level measured at the
ears position after the real-time processor, equal to 0 dB, 5 dB, and 10 dB.
In 7 out of the 14 tasks performed by each participant, speech-shaped noise was added to the real-time
processor with the same power. The power level was set to obtain an A-weighted equivalent level averaging
both ears of about LAeq = 70 dB(A) at the ears of the talker (measured with the HATS). This level was chosen
among the one used by Siegel and Pick (1974) to stimulate the variation in the voice level with the sidetone
alteration without excessive noise exposure for the participants. The values per octave band for background
noise conditions, with and without speech-shaped noise, are reported in Table 1.
Table 1 – T30 measured in Whisper Room conditions and 3 simulated environments (Low, Medium, and
High) per octave band. Background noise conditions with and without speech-shaped noise spectrum per
octave band. The measurements were performed with the HATS.

T30 Whisper Room (s)
T30 Low (s)
T30 Medium (s)
T30 High (s)
Background noise (dB)
Speech-Shaped Noise (dB)

2.4

125 Hz
0.164
0.512
1.318
1.763
34.0
59.8

250 Hz
0.129
0.821
1.279
1.721
26.7
62.0

500 Hz
0.079
1.071
1.383
1.965
16.0
66.6

1 KHz
0.061
1.191
1.403
1.835
14.8
60.3

2 KHz
0.064
0.922
1.351
1.371
13.4
64.2

4 KHz
0.054
0.799
1.270
1.163
15.5
59.7

8 KHz
0.048
0.016
1.161
0.884
16.4
55.4

Voice processing and statistical analysis

Analysis of the speech parameters was performed with Matlab R2017a (MathWorks, Natick, MA, USA). For
each of the 14 tasks, a time history of A-weighted SPL was obtained from recorded speech. The time
information associated with time histories (which typically ranged from 0 to 30 seconds within a task) was be
retained for inclusion in the statistical analysis.
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Statistical analysis was conducted using R Studio (version 1.2.5033). Linear Mixed-Effects (LME) models
were fitted by restricted maximum likelihood (REML). Random effects terms were chosen based on variance
explained. Models were selected based on the Akaike information criterion and the results of likelihood ratio
tests. Tukey's post-hoc pair-wise comparisons (Multiple Comparisons of Means: Tukey Contrasts) were
performed to examine the differences between all levels of the fixed factors of interest. These are pair-wise z
tests, where the z statistic represents the difference between an observed statistic and its hypothesized
population parameter in units of the standard deviation. The LME output includes the estimates of the fixed
effects coefficients, the standard error associated with the estimate, the degrees of freedom (df), the test statistic
(t), and the p-value. The Satterthwaite method is used to approximate degrees of freedom and calculate pvalues.

3

Results

Six Linear Mixed Effects (LME) models were run, two LME for each of the three different response variables:
SPL, vocal comfort, and vocal control. The first of the two sets of LME models focused on gain as a fixed
effect, while the second on T30. Both of them considered the effect of noise and gender as a fixed factor. The
results section is divided into two subsections: (1) effects of gain and noise on SPL, vocal comfort, and vocal
control, and (2) effects of T30 and noise on SPL, vocal comfort, and vocal control.
3.1

Effect of gain

A Linear Mixed Effects (LME) model was run with the response variable SPL (in dB(A)). This model, reported
in Table 2, has the following fixed factors (1) gain, (2) noise, (3) gender, and (4) the interaction of gain and
noise. The random effects were (1) T30, (2) chronological task order, (3) time (where time was measured in
ms for each participant overall assessment), and (4) identification number of each participant. The reference
levels used in the models were: 0 dB for gain, background without speech-shaped noise (No Noise) for noise
condition, and female for gender. The estimates of standard deviation for time as a random effect was 1.26
dB(A), for participant identification number was 2.78 dB(A), for order was 0.20 dB(A), and for T30 was 0.07,
whereas the residual standard deviation was 6.49 dB(A). The mean variation in SPL from 0 dB to 5 dB of gain
for no noise added condition, was -0.31 dB(A), while it was -1.41 dB(A) from 0 dB to 10 dB. When the speechshaped noise is added, overall, the voice SPL increases 3.49 dB(A). When noise was added, the differences
from 5 dB and 10 dB to the reference level (0 dB), were -0.78 dB(A) and -2.65 dB(A), respectively. Post-hoc
comparisons were made considering the effect of gain and its interaction with noise. These comparisons
confirmed that, overall, SPL measured in 0 dB of gain condition was higher than both, that in the condition
with 5 dB of gain (-0.54 dB(A), SE=0.09, z = -5.87, p<0.001) and in 10 dB of gain condition (-2.03 dB(A),
SE=0.09, z = -21.95, p <0.001), whereas the difference between 5 dB and 10 dB gain conditions was -1.49
dB(A) (SE=0.03, z = -46.98, p<0.001).
One LME model was run with the response variable self-reported vocal comfort in % (0 = ‘not at all
comfortable’, 100 = ‘extremely comfortable’) and the fixed factors (1) gain, (2) noise, (3) gender, and (4) the
interaction between gain and noise. The random effects were (1) T30, (2) chronological task order, and (3)
participant. The output of this model is reported in Table 3. The estimate of standard deviation for participant
as a random effect was 14.58%, for order was 2.56% and for T30 was 0.00 %, whereas the residual standard
deviation was 14.74%. The mean increase in self-reported vocal comfort from 0 dB to 5 dB of gain was 3.55%,
while it was 0.27% from 0 dB to 10 dB; in the conditions without noise added. The vocal comfort decreased
by -25.31% when the speech-shaped noise was added. For these conditions, when the noise was added, the
mean increase in self-reported vocal comfort from 0 dB to 5 dB of gain was 13.43%, while it was 20.77% from
0 dB to 10 dB. Post-hoc comparisons confirmed that, overall, the vocal comfort measured in the condition with
0 dB of gain was lower than that in both the condition with 5 dB of gain (8.50%, SE=2.26, z = 3.76, p<0.001),
and the condition with 10 dB of gain (10.52%, SE=2.26, z = 4.66, p<0.001). Furthermore, the vocal comfort
reported in the condition with 10 dB of gain was 2.02% higher than that in the condition with 5 dB of gain
(SE=1.59, z =1.27, p =0.406).
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The analysis of vocal control was similar to vocal comfort. One LME model was run with the response variable
self-reported vocal control in % (0 = ‘not at all controlled’, 100 = ‘extremely controlled’) and the fixed factors
(1) gain, (2) noise, (3) gender, and (4) the interaction between gain and noise. The random effects were (1)
T30, (2) chronological task order, and (3) participant. The output of the model is reported in Table 4. The
estimate of standard deviation for participants as a random effect was 13.47%, for order was 2.71%, and 0.00%
for T30, whereas the residual standard deviation was 13.20%. The mean decrease in self-reported vocal control
from 0 dB to 5 dB of gain was 0.45%, while it was 3.01%, from 0 dB to 10 dB; in the conditions without noise
added. The vocal control decreased by 24.19% when the speech-shaped noise was added. For these conditions,
when the noise was added, the mean increase in self-reported vocal control from 0 dB to 5 dB of gain was
13.28%, while it was 18.87% from 0 dB to 10 dB. Post-hoc comparisons regarding the interactions between
gain and noise confirmed that, overall, the vocal control measured in the condition with 0 dB of gain was lower
than that in both the conditions with 5 dB of gain (6.42%, SE=2.03, z = 3.17, p=0.004) and the condition with
10 dB of gain (7.93%, SE=2.02, z = 3.92, p<0.001). Furthermore, the vocal control reported in the condition
with 10 dB of gain was 1.51% higher than that in the condition with 5 dB of gain (SE=1.43, z =1.06, p =0.533).
Table 2 – LME models fit by REML for the response variable SPL and the fixed factors (1) gain, (2) noise,
(3) gender, and the interaction between gain and noise.
Estimate Std. Error df
t value
p-value
(Intercept)
71.76
0.68
31.7
104.89
<0.001
***
Gain 5
-0.31
0.10
5.9
-3.00
0.024
*
Gain 10
-1.41
0.10
5.9
-13.66
<0.001
***
Noise Speech-Shaped
3.49
0.08
176742.7 45.12
<0.001
***
Gender Male
2.93
1.02
30.0
2.86
0.008
**
Gain 5: Noise Speech-Shaped
-0.47
0.09
184158.1 -5.23
<0.001
***
Gain 10: Noise Speech-Shaped
-1.24
0.09
186146.1 -13.93
<0.001
***
Table 3 – LME models fit by REML for the response variable self-reported comfort and the fixed factors (1)
gain, (2) noise, (3) gender, and (4) the interaction between gain and noise.

(Intercept)
Gain 5
Gain 10
Noise Speech-Shaped
Gender Male
Gain 5: Noise Speech-Shaped
Gain 10: Noise Speech-Shaped

Estimate
80.40
3.55
0.27
-25.32
-1.75
9.88
20.50

Std. Error
4.67
3.18
3.18
3.91
5.64
4.51
4.50

df
61.2
367.4
367.1
369.4
27.0
368.7
367.4

t value
17.23
1.12
0.08
-6.48
-0.31
2.19
4.55

p-value
<0.001
0.265
0.993
<0.001
0.759
0.029
<0.001

***

***
*
***

Table 4 – LME models fit by REML for the response variable Control and the fixed factors (1) gain, (2)
noise, (3) gender, (4) the interaction between gain and noise.
Estimate Std. Error df
t value
p-value
(Intercept)
86.39
4.28
59.9
20.19
<0.001
***
Gain 5
-0.45
2.85
366.3
-0.16
0.874
Gain 10
-3.01
2.85
366.1
-1.06
0.291
Noise Speech-Shaped
-24.19
3.51
368.4
-6.90
<0.001
***
Gender Male
-1.19
5.20
27.0
-0.23
0.821
Gain 5: Noise Speech-Shaped
13.73
4.04
367.6
3.40
<0.001
***
Gain 10: Noise Speech-Shaped
21.88
4.04
366.3
5.42
<0.001
***
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3.2

Effects of reverberation time (T30)

One LME model was run with the response variable SPL (in dB(A)). This model has (1) T30, (2) noise, (3)
gender, and (4) the interaction between T30 and noise as fixed factors, as reported in Table 5. The random
effects were (1) gain, (2) chronological task order, (3) time (where time was measured in ms for each
participant overall assessment), and (4) identification number of each participant. The reference levels used in
this model were: Low T30, background without speech-shaped noise (No Noise) for noise conditions, and
female for gender. The differences among T30 conditions were more pronounced in the noise added conditions.
The estimates of standard deviation for time as a random effect was 1.25 dB(A), for participant was 2.82
dB(A), for order was 0.26 dB(A), and for gain was 0.85 dB(A), whereas the residual standard deviation was
6.43 dB(A). The mean variation in SPL from the Low T30 to Medium T30 was -0.08 dB(A), and a variation
of -0.01 dB(A) from Low T30 to High T30, without noise added. When artificial speech-shaped noise was
present, voice SPL increases 2.80 dB(A). For noise added conditions, the differences were -0.25 dB(A) and 0.23 dB(A) for Low T30 versus Medium T30 and Low T30 versus High T30, respectively. Generically, males
were louder than females by 2.93 dB(A). Post-hoc comparisons including interaction between T30 and noise
confirmed that, overall, SPL measured in Low T30 condition was higher than that in the condition with
Medium T30 (-0.17 dB(A), SE=0.04, z = -4.28, p<0.001) and in the condition with High T30 (-0.12 dB(A),
SE=0.04, z = -3.01, p=0.007), whereas the difference between the condition with Medium T30 and High T30
was 0.05 dB(A) (SE=0.04, z = 1.22, p=0.443).
To analyse the effects of T30 on vocal comfort, another LME model was run with the response variable selfreported vocal comfort (in %) and the fixed factors (1) T30, (2) noise,(3) gender, and (4) the interaction
between T30 and noise. The random effects were (1) gain, (2) chronological task order, and (3) participant.
The output of this model is reported in Table 6. The estimate of standard deviation for participant as a random
effect was 15.08%, for order was 2.66%, and for gain was 0.85%, whereas the residual standard deviation was
14.05%. The mean decrease in self-reported vocal comfort, without noise added, from Low T30 to Medium
T30 was 3.47%, while it was 1.15% from Low T30 to High T30. When the artificial speech-shaped noise was
present, the vocal comfort decreased by 16.01%. For noise added conditions, there was an increase of comfort
when T30 factors were higher than Low T30, 7.67% for Medium T30, and 5.48% for High T30. Generically,
males’ comfort was lower than females by 2.78%, with no statistical significance. Post-hoc comparisons
regarding interaction between T30 and noise confirmed that, overall, the vocal comfort measured in Low T30
condition was lower than that in Medium T30 condition (2.10%, SE=1.86, z = 1.13, p=0.498) and High T30
condition (2.16%, SE=1.88, z = 1.15, p=0.483), whereas the difference between Medium T30 and High T30
was 0.06 % (SE=1.86, z = 0.03, p=0.999). None of these comparisons were statically significant.
To analyse the effects of T30 on vocal control, a final LME model was run with the response variable selfreported vocal control in % (0 = ‘not at all controlled’, 100 = ‘extremely controlled’) and the fixed factors (1)
T30, (2) noise, (3) gender and (4) the interaction between T30 and noise. The random effects were (1) gain,
(2) chronological task order, and (3) participant. The output of this model is reported in Table 7. The estimate
of standard deviation for participant as a random effect was 13.83%, for order was 2.54%, and for gain was
0.00%, whereas the residual standard deviation was 12.79%. The mean decrease in self-reported vocal control,
without noise added, was 0.16% from Low T30 to Medium T30, while it was 0.56% from Low T30 to High
T30. When the artificial speech-shaped noise was present, the vocal comfort decreased by 9.17%. For noise
added conditions, there was an increase of control when T30 factors were higher than Low T30, 4.37% for
Medium T30, and 3.07% for High T30. Generically, males’ control was lower than females by 2.06%, with no
statistical significance. Post-hoc comparisons regarding interaction between T30 and noise confirmed that,
overall, the vocal control measured in the condition Low T30 was lower than that in Medium T30 condition
(2.10%, SE=1.70, z = 1.24, p=0.430) and High T30 condition (1.25%, SE=1.71, z = 0.73, p=0.745), whereas
the control was 0.85% lower in High T30 than Medium T30 (SE=1.69, z = -0.50, p=0.871). None of these
comparisons were statically significant.
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Table 5 – LME models fit by REML for the response variable SPL and the fixed factors (1) T30, (2) noise,
(3) gender, and (4) the interaction between T30 and noise.
Std.
Estimate
df
t value
p-value
Error
(Intercept)
70.96
0.92
8.6
77.20
<0.001
***
T30 Medium
-0.08
0.06
147858.3 -1.40
0.162
T30 High
-0.01
0.06
141383.0 -0.11
0.911
Noise Speech-Shaped
2.80
0.06
165453.1 50.77
<0.001
***
Gender Male
2.93
1.04
29.6
2.82
0.008
**
T30 Medium: Noise Speech-Shaped -0.17
0.08
148129.7 -2.21
0.026
*
T30 High: Noise Speech-Shaped
-0.22
0.08
161267.1 -2.89
0.004
**
Table 6 – LME models fit by REML for the response variable self-reported vocal comfort and the fixed
factors (1) T30, (2) noise, (3) gender, and (4) the interaction between T30 and noise.
Std.
Estimate
df
t value
p-value
Error
(Intercept)
84.24
4.36
37.7
19.31
<0.001
***
T30 Medium
-3.47
2.65
311.7
-1.31
0.191
T30 High
-1.15
2.66
311.9
-0.43
0.666
Noise Speech-Shaped
-16.01
2.64
308.5
-6.05
<0.001
***
Gender Male
-2.78
5.83
27.0
-0.48
0.637
T30 Medium: Noise Speech-Shaped 11.13
3.75
311.7
2.97
0.003
**
T30 High: Noise Speech-Shaped
6.62
3.73
308.8
1.77
0.077
.
Table 7 – LME models fit by REML for the response variable self-reported vocal control and the fixed
factors (1) T30, (2) noise, (3) gender, and (4) the interaction between T30 and noise.
Std.
Estimate
df
t value
p-value
Error
(Intercept)
85.32
3.96
40.1
21.53
<0.001
***
T30 Medium
-0.16
2.41
312.6
-0.07
0.946
T30 High
-0.56
2.43
312.9
-0.23
0.816
Noise Speech-Shaped
-9.18
2.41
309.5
-3.81
<0.001
***
Gender Male
-2.07
5.35
27.0
-0.39
0.702
T30 Medium: Noise Speech-Shaped 4.53
3.42
312.5
1.32
0.186
T30 High: Noise Speech-Shaped
3.63
3.40
309.8
1.07
0.285

4

Conclusions

The aim of this study was to evaluate the effect of external auditory feedback, such as reverberation time,
altered sidetone (i.e. gain level), and background noise. The external auditory feedback was modified by
changing the sidetone with three levels of gain (0 dB, 5 dB, and 10 dB); these changes showed that an increase
in the sidetone led to a decrease of SPL and an increase in self-perception of voice comfort and control. This
information is important because it can guide vocal health promotion actions helping to decrease the
occurrence of voice disorders and improve speakers´ voice-related quality of life. For instance, among
occupational voice users, such as teachers and call centre operators, considering their high risk of developing
voice disorders associated with their working conditions [20][14][15] [9][21][6], it is determinant to identify
specific elements that can help to improve “healthy” occupational voice use. Therefore, knowing that sidetone
may help to decrease SPL and increase self-perceived voice comfort and control, speech and language
pathologists at the workplaces may train occupational voice users using sidetone to strengthen voice comfort
8
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and control and reduce occupational voice misuse. In addition, results on Medium T30 being associated with
the highest voice comfort and control (along with lowest SPL), when speech-shaped noise was added are also
interesting. At the workplaces, professionals from Safe and Health at Work may consider these results for
designing “safe” workplaces (classrooms, call centre rooms, schools) for “healthy” occupational voice use. In
this way, the intervention actions would start in the environment and not in the workers, which is suggested in
the hierarchy of controls. Finally, all the experiments conducted in this study were based on simulated
acoustical environments, which represents a great step forward in the development of alternative techniques
to performs research on voice production and sound propagation.
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Abstract
Acoustically retroreflective surfaces can reflect the sound of a person’s voice back to them, thereby increasing
voice support and potentially influencing the talker to reduce their speaking level (the ‘room effect’). This
paper gives an overview of experiments with acoustically retroreflective surfaces: existing building façades,
fabricated arrays of several corner cube retroreflectors, a retroreflective dome, and a retroreflective room.
Results from physical acoustic measurements and numerical acoustic simulations are described. In general,
results indicate that a high level of voice support can be achieved in the high frequency range (2 kHz octave
band and above). An experimental conversation elicitation task was used to examine the effect of frequencylimited autophonic support on speaking level, confirming that voice support limited to high frequencies has a
similar room effect on speaking level to broadband support.
Keywords: voice support, room acoustics, reflection, room effect.

1

Introduction

The acoustic environment influences how people talk. The Lombard effect is a widely known voice regulation
phenomenon, whereby talkers instinctively increase their vocal output to compensate for the noise in their
environment, typically at 0.5-0.7 dB/dB [1,2]. By contrast, in sufficiently quiet environments, acoustic support
from room reflections can influence talkers to reduce their vocal output. Depending on the context, this voice
regulation phenomenon is referred to as sidetone compensation [3] or the room effect [4]. It can be quantified
in a variety of ways, most notably in relation to room gain (GRG) or voice support (STV) [5,6]. Furthermore,
the extent of voice regulation depends on the communicative value of the speech (e.g., reading aloud to oneself
has less communicative value than conversing with another person). High levels of voice support can be
provided in many ways, e.g., through a room’s diffuse field (for small reverberant rooms), directed reflections,
local reflections, focussing, or using electroacoustics. The present paper outlines a series of projects that
examine how high levels of voice support might be achieved through acoustically retroreflective surfaces.
A retroreflector reflects back to the source, regardless of where the source is, within limits. Acoustic
retroreflectors can be made in various ways, such as: through a mirror-lens combination (analogous to an
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optical cat’s eye reflector) [7]; corner cube reflectors [8]; the van Atta reflector (spatial reversal of a flat
reflector, which can be achieved using a pipe network or electroacoustically) [9]; and time-reversal acoustics
processing [10]. The simplest of these is the corner cube reflector, which is the main approach taken in the
projects described here. Note that, with the exception of time-reversal acoustics processing, the retroreflector
may be considered to be equivalent to a flat mirror facing the source. For the corner cube reflector, the
equivalent flat mirror intersects the corner cube’s nadir. The size of this equivalent mirror limits the
effectiveness of retroreflection to the upper part of the spectrum, with a 6 dB/octave diffraction loss slope
expected below 0.5cr/d2 (c is speed of sound; r is distance from source to reflector; d is reflector diameter)
[11].
Intentional use of acoustic retroreflection in architectural design is uncommon, but is seen from time to time
in auditoria to enhance acoustic stage support for performers [12,13]. However, while such treatment can be
well-received by musicians [14], it can sometimes result in reflections deemed to have too much high
frequency emphasis for music [15].
Voice support (STV) is a way of objectively quantifying the amount of reflected energy returned to a talker’s
ears relative to the direct sound from mouth to ears. It is measured using a head and torso simulator (HATS)
in octave bands, and an overall value is derived from the 125-4000 Hz bands, which can be speech-weighted
[16]. In typical room conditions, STV values are usually in the range -20 to -5 dB [6,16]. While a high STV
value may indicate high vocal comfort conditions for a talker, it may also be associated with difficult conditions
for speech transmission (e.g., due to excessive reverberation) or noise build-up (e.g., Lombard-influenced
babble). A potential benefit of acoustic retroreflection is that it can provide a high level of voice support
without relying on reverberation or a strong diffuse field throughout the room. Furthermore, for the multitalker scenario, the concept is that retroreflected sound is returned to where it is needed, rather than contributing
to speech babble build-up or potential distraction.
A single retroreflector might not provide much by way of voice support, but an array of retroreflectors yields
combined reflections back to the source, which may sum to yield substantial voice support. Usually the
retroreflections will arrive at different times, so their summed contribution is largely incoherent. A theoretical
sum of reflections from an array to the source can be made from the individual total path lengths, diffraction
loss, absorption coefficient etc. [11]. Such theory, together with the physical measurements and numerical
simulations of cases described in this paper, indicate that the energy returned to a source from an array can be
considerable if the reflectors are sufficiently large, close, and numerous. This introduces a trade-off in the
design of such treatment between the number of retroreflectors and their size for a given architectural scenario:
many small reflectors (as opposed to fewer large reflectors) should increase the retroreflected energy in the
high frequency range while trading off a raised high-pass cut-off frequency from diffraction loss. It should
also be borne in mind that corner cube reflectors are not ideal retroreflectors, having a limited angular range
of effectiveness and variable efficiency over their angular range. Hence numerous issues may need to be
balanced in optimum practical design.

2

Retroreflective building façades

Certain building façades provide an opportunity to observe acoustic retroreflection on a large scale. The
requirement for a retroreflective array is a large number of concave 90° trihedral corners that are
simultaneously visible, with non-absorptive building surfaces. This idea was proposed by Crawford [17], who
described retroreflection from two buildings at the University of California Berkeley as a physics educational
demonstration. While most building façades are not substantially retroreflective, retroreflective façades on
large buildings can almost certainly be found in any city. Other examples identified and studied by the authors
include the Ainsworth building in Sydney, and the Murray building in Hong Kong [11]. A further instance –
the Ports 1961 Flagship Store in Shanghai – provides a very distinctive case, with 255 corner cube reflectors
overhanging its main entrance [18] (Figure 1).
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Figure 1 – Photograph of the Ports 1961 Flagship Store building façade in Shanghai (left); a visualisation of
octave-band measured impulse response for a collocated source-receiver near the façade, grey shading
identifies the retroreflection cluster time-period (middle); and a rendering of the building entrance and head
and torso simulator model used for FDTD acoustic simulation (right).
Impulse response measurements using a collocated source-receiver made at locations near these buildings are
usually characterised by a dense cluster of early reflections due to retroreflection [11,18]. However, the energy
of this cluster is mostly at high frequencies: cases studied show the effect is most pronounced in the 2-8 kHz
octave bands, with little or no noticeable effect below 1 kHz. This is confirmed in finite-difference timedomain (FDTD) simulation of reflection from certain retroreflective façades, which also provides detailed data
to model the spatial decay of reflected energy level.
For logistical reasons we did not measure STV directly at the Ports 1961 building, but a limited estimate was
made from analogous laboratory measurements [18]. More recently we have simulated oral-binaural impulse
responses using FDTD, allowing an estimate of STV that more extensively represents nearby reflective
surfaces, yielding a speech-weighted STV of -13.4 dB at the position illustrated in Figure 1 (right). As noted in
[18], STV is within the expected range for a large room, despite being an outdoor environment with negligible
reverberant energy. The most important contribution to voice support is in the upper octave bands (-9.2 dB at
2 kHz and -6.3 dB at 4 kHz).

Figure 2 – Photograph of the Ainsworth building façade at the University of New South Wales (Sydney),
including a head and torso simulator (HATS) used to measure STV, with a visualisation of octave-band
measured impulse response for a collocated source-receiver 8 m from the façade, grey shading identifies the
retroreflection cluster time-period. The HATS is 8 m from the façade in the photograph.
3
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There is considerably less voice support at the Ainsworth Building: for example, at a position 8 m from the
Ainsworth Building façade with a view of all of the corner cube reflectors (as per Figure 2), the measured
speech-weighted STV is -21.7 dB. Again, the octave band voice support does increase with frequency at a faster
rate than would be expected for a non-retroreflective environment, with the most important contribution to
voice support in the upper octave bands (-18.3 dB at 2 kHz and -15.7 dB at 4 kHz). However, even though the
voice support is aurally noticeable and measurably affected by the façade, the amount of voice support is much
less than has been found to have a voice regulation effect in experimental studies.
So what can we learn from these retroreflective façades? The most important contribution that they make is to
provide a real and accessible demonstration of retroreflector array sound propagation phenomena, which can
be experienced by a person on site. Another potentially useful benefit is that they can be compared with
theoretical calculations and numerical simulations [11], giving a sense of the extent to which modelling
translates to realistic building finishes and environmental conditions. It may also be worth considering that
ceilings (e.g., in open-plan offices) are large planar surfaces, and so building façades might provide useful
ideas for and demonstrations of possible retroreflective ceiling treatment.

3

Experiments with small arrays of retroreflectors

Over the past few years various prototype retroreflective arrays have been fabricated for testing. Figure 3
shows some of these, all of which were made as part of student research projects. The smallest main edge
length used in the prototypes was generally 300 mm, and the first prototypes made were regular square trihedra
and regular triangular trihedra [18,19]. In one project, a hybrid van Atta / corner cube reflector was made, the
idea being that low frequency retroreflection would be provided by the van Atta (spatial reversal) network,
while high frequency retroreflection would be provided by the corner cube array. While that prototype
appeared to be successful in terms of acoustic performance, it was spatially inefficient. Other corner cube array
designs were also prototyped, such as the irregular array and the floor array illustrated in Figure 3. The irregular
array (A and F) was conceived of as a possible wall or ceiling treatment for a multi-talker space. The floor
array (C and G) was intended to support singers or talkers in outdoor environments.

Figure 3 – Photographs of various acoustic retroreflector arrays designed/built by students doing research
projects at the University of Sydney. A and F: irregular pentagonal/triangular trihedral corner cube reflector
array (Adam Hannouch). B: hybrid van Atta and triangular trihedral corner cube array (Yingda Zhang). C
and G: four 500 mm edge length square trihedral corner cube reflectors (Ross Ferraro). D and H: regular 300
mm square trihedral corner cube array, and E: regular 300 mm triangular trihedral corner cube array (Hugo
Caldwell). Five photographs illustrate measurement of voice support using a head and torso simulator; D and
E show measurement of reflection patterns using a hemispherical array of 196 loudspeakers.
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All prototypes produce clearly audible reflections for one’s own voice in otherwise anechoic conditions. Most
produce audible reflections for one’s own voice in normal room environments, although these effects are
sometimes subtle. The array of ten 300 mm edge square trihedral corner cubes has been in various rooms for
some years, and reliably produces distinctly audible high frequency reflection for a person within 3 m or so.
More recently we have put acrylic mirrors on its surfaces as an educational demonstration with analogous
optical retroreflection.
The pentagonal/triangular trihedral treatment (A and F) was tested as both a wall and ceiling treatment, yielding
STV values of -18.7 dB at 2 m as a ceiling, or -15.3 dB as a wall [19]. Although these values are not high, it
should be borne in mind that the prototype only has three large corner cube reflectors (and six small ones), and
extending the treatment over a larger area would provide more support. Initial experiments with the four 500
mm edge-length square trihedral floor reflectors (C and G) found speech-weighted STV of -12.8 dB in an
anechoic room at 1 m distance, and -14.4 dB at 2 m horizontally from the line of front reflectors’ front corners.
An obvious limitation with corner cube reflectors is that the reflected sound from a compact source continues
to diverge due to geometric dispersion. Hence 6 dB is lost as the sound returns to the source simply from
geometric dispersion. Another way of thinking about this is that a corner cube reflector has an infinite focal
length and is best-suited to plane waves rather than spherical waves. However, in room acoustics contexts
sources are usually not distant from room surfaces and so it may be beneficial to reduce this geometric
dispersion loss by optimising the corner cube surface. Rather than strictly focusing the retroreflector onto a
point, our approach is to optimise the retroreflection over a target area or volume. This was first applied to the
redesign of the four retroreflectors from Figure 3 (C and G) – see Figure 4. Optimisation in this way only
affects STV at high frequencies (2 kHz octave band and above). Overall, the speech-weighted STV improvement
from optimisation is 1.2-1.7 dB at positions 2 m from the array.

Figure 4 – Left: photograph of the fabricated optimised 500 mm edge-length retroreflectors (the contour
patterns in the vertical panels are from CNC milling of 50 mm plywood). Right: reflected broadband sound
energy (FDTD simulation) around the head over a plane at ear height, with the head 2 m from the front
corners of the reflector (on the axis of symmetry, and 1 m off-axis). Values are relative to the maximum.
Figure 4 (right) highlights the interesting issue that retroreflection of sound from a mouth concentrates at the
mouth, especially when the reflectors are optimised to reduce geometric dispersion. Nevertheless, the reflected
sound is also strong at the ears in all cases, and optimisation increases the sound reflected to the ears. Another
issue that might be relevant to the perception of retroreflected sound fields is that the 8 kHz octave band sees
even greater increases in reflected sound energy than the 4 kHz band, but is not included in the speech-weighted
value. In this sense, the speech-weighted STV may not be an ideal way of representing the effect of these
retroreflector arrays, at least in terms of their sound quality. Overall, the experiments with small arrays of
retroreflectors demonstrate that they can noticeably increase voice support, and presumably could provide
more if extended to treat larger areas.

5

2065

4

A retroreflective dome

Voice support is not necessarily for speech, and the retroreflective dome project aimed to provide a highly
acoustically supportive environment for singing – designed, built, and used by Mary Rapp (Figure 5). The
dome was constructed in the remote Burragorang Valley (Australia) for use in a singing experiment developed
from traditional Korean singing, p’ansori, training practices. P’ansori is a story-singing tradition from premodern Korea that is characterised by a tonal aesthetic preference for a highly resonant and hard-pressed or
attacked voice [20]. Traditionally, to achieve this vocal aesthetic a p’ansori student undertakes a dokgong
practice; years of solitary training by a waterfall deep in the mountains to polish and enhance one’s voice, with
the goal of also cultivating their deuteum, that is, one’s unique personal tone [21]. The retroreflective dome is
used in an in-situ practice-led singing experiment as an alternative and opposing training space to a waterfall.
The dome has a geodesic hemispherical frame (1 m radius) that supports 40 triangular trihedral corner cube
reflectors made from galvanised steel. The speech-weighted STV in the dome, measured in an anechoic room,
is about 0 dB, regardless of whether the HATS is in the dome’s centre or not. On site, the singer experiences
almost no autophonic support (because of masking) at a nearby waterfall, inducing highly resonant and
textured singing. By contrast, the retroreflective dome offers extreme autophonic support, inducing quiet
singing and providing the opportunity for in-practice detailed self-analysis in an almost pristine soundscape.

Figure 5 – Photograph of the retroreflective dome situated in the Burragorang Valley.
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5

A retroreflective room

Retroreflective treatment aiming at reducing talking levels in multi-talker environments would ideally be
applied in large multi-talker rooms, such as open-plan offices, cafeterias, etc. However so far, our most
extensive physical treatment has been of a small room, which is used as a private office. The aim of this
treatment was to examine and experience the acoustic characteristics of a real habitable room which was
largely covered with retroreflective surfaces. Part of this has been to characterise the voice support of the
treated room.
The room has dimensions 5.34 × 3.65 × 2.81 m (54.8 m3), and 50% of its simplified surface area is accounted
for by square trihedral corner cube reflectors with 350 mm edge lengths. Much of the surface area of the four
walls and the ceiling is treated with corner cube arrays, while the floor is hard and flat (Figure 6). A large
amount of porous sound absorptive material is used on the ceiling (above the corner cube array) and two walls
(behind and above the corner cube arrays) to minimise reverberant energy, yielding a reverberation time of
0.3 s in the 1 kHz octave band, and 0.4 s in the 2-8 kHz octave bands for which retroreflection is strong.

Figure 6 – Photograph of the retroreflective room (left). The orange steel boxes function as both acoustic
retroreflectors and storage furniture. Right: example of measured octave-band reflected sound energy level in
the room from a compact omnidirectional source to a horizontal plane of microphone positions, illustrating
the concentration of high frequency reflected energy on the source position. Values are relative to the free
field energy level of the source at 1 m radius, and colormaps have a 10 dB range from maximum. The dotted
line in the scatterplots represents the direct sound energy level.
An interesting observation from both simulations and measurements is that focusing on the source from
retroreflection is not only evident for first-order reflection, but also at higher orders (albeit restricted to high
frequency bands). Analysis of measured impulse responses from a compact omnidirectional source to an array
of 202×188=37976 microphone positions over a horizontal plane (1 cm grid interval) shows considerable focus
of reflected energy to the source position in the upper octave bands (2 kHz and higher). The example results
in Figure 6 are for a source position near the middle of the room (1.5 m height) – with higher frequency bands
exhibiting greater reflected sound levels (especially at the source), greater spatial decay rate, and shorter critical
distance.
The measured speech-weighted STV is -4.1 dB (spatially averaged for various positions, orientations and
seated/standing heights, spanning a range from -5.5 dB to -2.8 dB). This is 5.3 dB greater than the theoretical
value calculated using diffuse field room acoustics assumptions according to Pelegrín-García et al. [16]. This
excess voice support is greatest at high frequencies (+8.5 dB excess in the 4 kHz octave band).
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Subjective experience of this room is that it has a strongly supportive and noticeably ‘crisp’ sound for one’s
own speech. High frequency phonemes such as /s/, /sh/, /ch/, /k/, and /t/ have particular autophonic emphasis.
Comments by visitors to the room reflect diverse experience – some visitors notice the acoustic effect strongly,
while others appear not to notice it at all. Personal experience from working in the room for many months is
that the acoustic quality is pleasant (the reflections are not disturbing, and the impression is of an unusually
‘intimate’ acoustic space), and the room is comfortable to talk in. The room does not seem reverberant, and
may be well-described as ‘dry’. Formal experiments on autophonic sound quality and voice regulation in the
room have not been conducted at the time of writing.
In addition to experiments with the real room, FDTD simulations have been conducted using a model of the
room, along with models of ideal rooms of the same dimensions and reverberation time: e.g., a room maximally
treated with corner cube reflectors, a simple rectangular room, and a room maximally treated with quadratic
residue diffusors (QRDs). Furthermore, in one model we have tried to maximise the retroreflected sound
energy for the 1.2-1.5 m height range by curving and orienting the reflectors using an optimisation process
(Figure 7). Particulars of these investigations will be presented elsewhere, but they demonstrate a large increase
in reflected sound concentration at the source position for the retroreflective treatments at high frequencies
(compared to the specular and QRD cases), as well as additional increases with maximal and optimised
retroreflective treatments.

Figure 7– Model of a rectangular room (same dimensions as the real room) with optimised retroreflectors on
walls and ceiling (left). Right: FDTD-simulated reflected sound energy levels returned to the source for: a
model of the real room, a maximally treated corner cube room, a maximally treated QRD room, and a
specular room – all with the same volume, general shape, and reverberation time as the real room. Results for
the optimised room are not shown. Values are relative to free field sound energy from the omnidirectional
source at 1 m radius.

6

Voice regulation experiment

Although retroreflective arrays can provide strong voice support, typically this is mainly in the high frequency
range. Studies of the room effect have mostly not investigated the role of different parts of the spectrum in
voice regulation. Hence, a conversation elicitation experiment in which autophonic feedback was provided
electroacoustically was conducted to answer the question: Does voice support that is restricted to the high
frequency range have a similar voice regulation effect as broadband voice support?
In the experiment, pairs of participants were seated 4 m apart in an anechoic room. Their task was to solve
puzzles together, which required them to converse [22]. Each participant’s active talking level was measured
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by an omnidirectional microphone halfway between them. They wore a headset microphone and open
headphones (AKG K1000) – to provide voice support electroacoustically via real-time convolution with
synthetic room impulse responses [23]. Three levels of voice support (indicatively -10, -5 and -2 dB) were
used, as well as three filter conditions (all-pass, high-pass at 1 kHz, low-pass at 1 kHz). There was also an
experiment condition with no electroacoustic support. Participants conversed for 5 minutes in each of the ten
experiment conditions.
Details of this experiment method, results and analysis are provided elsewhere [24]. However, the answer to
the question is: yes, voice support restricted to the high frequency range has a similar voice regulation effect
as broadband voice support. The overall voice regulation slope in this experiment was -0.22 dB/dB of speechweighted STV; and -0.27 dB/dB for high-passed autophonic support only. A further observation from the
experiment was that ‘loud’ and ‘quiet’ talkers are similarly influenced by the voice support conditions.

7

Conclusion

Although acoustic retroreflection is an uncommon acoustic surface treatment in room acoustics, it has
significant potential for voice support applications. It has the advantage of providing support over a wide area,
whereas treatments using directed reflections and focusing can provide strong support at fixed locations. Rather
than a single coherent reflection, a retroreflective array typically provides many reflections that arrive in a
cluster. Retroreflective treatments create a crisp sound for one’s own voice, emphasising phonemes that have
substantial high-frequency energy. Experimental work has shown that strong voice support restricted to the
high-frequency range yields voice regulation effects similar to those of broadband voice support, which points
to a potential benefit of retroreflective acoustic treatment.
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Abstract
Indoor Environmental Quality (IEQ) expresses the combined effect of thermal, acoustic, lighting conditions
and indoor air quality, for its impact on comfort perception in workplaces. The importance assigned to the
four IEQ domains is not equal in the main Building Performance Certification Programs (LEED, WELL,
BREEAM). Acoustic comfort is one of the less accounted despite it significantly affects occupants’ global
comfort, health, well-being and work productivity, due to noise disturbance. Furthermore, acoustic comfort
perception is influenced by occupants’ behavior and related to the concepts of anthropic noise, speech
privacy and discretion.
This study analyses the different weight of IEQ domains on global comfort and defines parameters functional
to occupants’ comfort assessment. To this aim, acoustic parameters have been analyzed and selected among
the ones defined by standards and Building Performance Certification Programs, to additionally ascertain
that defined values ensure comfort conditions.
Keywords: acoustic comfort, indoor environmental quality, office, protocol, standard

1

Introduction

Acoustic comfort, thermal comfort, visual comfort and indoor air quality (IAQ) are the main concerns of
environmental comfort, that deals with the perception that people have about the environment nearby
themselves. According to the European Commission assessment [1], people spend about 90% of their time in
closed spaces, thus indoor conditions strongly affect occupants' comfort, well-being, health and work
productivity [2–6]. The measure of the conditions that characterize a specific environment, from thermal,
acoustic, lighting and IAQ point of view is addressed in the Indoor Environmental Quality field.
Acoustic comfort represents a physical condition where a person, in a specific environment, experiences a
sense of well-being related to the hearing conditions. It is affected by the levels and the nature of the sound
experienced in a space; thus, well-being or dissatisfaction, from an acoustic point of view, is not only
determined by the level of noise. For this reason, silence is not necessarily associated to a real sense of
comfort.
Indoor Environmental Quality in workplaces has been investigated for several decades and is an ongoing
research [7]. In particular, acoustic comfort has been one of the most challenging aspects to deal with.
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Providing acoustic comfort in offices consists in minimizing intruding noise and in guaranteeing satisfaction
with the workspace, avoiding discomfort, stress and tiredness.
Standards, such as ISO 3382-3 [8], NF S31-080 [10] and ISO 22955 [9], define indexes for acoustic comfort
assessment: noise levels, reverberation time, sound insulation, spatial decay and distraction distance are the
indexes evaluated for acoustic environmental quality in offices.
Nevertheless, people's perception of comfort indoors can also be influenced by non-physical variables, not
considered in standards [11–14], such as personal variables (psychological, social, economic, etc.) and
contextual variables (building, office and work characteristics, etc.).
Methods for building and environmental assessment were established to define the quality of a building and
the surrounding environment. Building Performance Certification Programs, such as LEED, WELL and
BREEAM, refer to the entire life cycle of a building, evaluating the impact on the environment and on
people's health throughout all its phases. Despite the high influence of acoustic comfort on global comfort, it
is the less accounted domain in all these protocols, compared to the other domains (visual comfort, IAQ,
thermal comfort). In recent years, to best detect the reference values based on subjects’ perception, research
moved towards desk monitoring systems of IEQ factors, that collect occupants’ feedbacks.
This paper shows the results of the analysis of a literature review on indoor environmental factors and their
effects on occupants’ comfort, well-being, health and work productivity in offices, considering the influence
of personal and contextual variables and highlighting the need to develop new methods for assessing the
interactions between IEQ domains and those variables, to set new comfort thresholds, implement regulations
and define design guidelines. In particular, the following paragraphs include the Building Performance
Certification Programs which are applied to certify IEQ, the standards that codify the IEQ indexes and their
reference values, the identification of other variables beyond the IEQ indexes which affect global comfort,
the monitoring of indoor environmental parameters and the representation of results. Finally, the definition
of new comfort ranges, able to guarantee global comfort in workplaces and based on the reference values
included in the standards and protocols and on personal and contextual variables, is proposed.

2

Building Performance Certification Programs

In recent years, researchers demonstrated a growing interest in Building Performance Certification Programs,
which assign specific scores to the different comfort domains. Figure 1 shows the weights given to the four
comfort domains by the main Building Performance Certification Programs: LEED sets 47% of credits for
IAQ and 35% for lighting environment, whereas BREEAM, DGNB, ITACA, LiderA (the result of an
European research on the definition of a framework for sustainable buildings), CASBEE and HQE assign to
each domain similar credits: 25-33% for IAQ, 17-33% for thermal environment, 17-33% for lighting
environment and 17-22% for acoustic. On the other side, the WELL protocol is organised in seven concepts
that influence the quality of indoor environment. Concerning this protocol, the weight percentages for the
four environmental factors were rescaled with respect to their original values since they represent only four
out of seven influencing aspects. Nevertheless, recently also LEED and BREEAM have expanded their
credit structure, considering social and economic well-being, safety and security.
Despite it has not been widely considered, acoustic comfort strongly affects occupants’ global comfort. It has
an important role during the design phase of workplaces and particularly of open spaces, due to their layout.
They are affected by many drawbacks to users from acoustic point of view, such as noise and distraction,
lack of privacy, stress, greater risk of illness.

2

2073

Figure 1 – Weights given to the four comfort domains by the main Building Performance Certification
Programs. Concerning the WELL protocol, the weight percentages for the four environmental factors were
rescaled with respect to their original values, so that their sum is equal to 100%.
The main acoustic indexes, codified in protocols, are listed in Table 1, that shows the differences between
indexes values in the analysed rating systems. ITACA and LEED divide indexes in performance levels,
giving specific information to optimize the results, whereas other protocols define only one range.
Table 1 – Acoustic indexes defined by protocols.
PROTOCOLS

BREEAM
CASACLIMA
CASBEE
DNGB
HQE
ITACA
WELL

Impact noise

Insulation from
internal airborne
noise

Reverberation time

L’nTw

DnT,A

Tr

[dBA]

[dB]
≥ 35 ÷ 55

[s]
≤ 0.8

≥ 32 ÷ 38
≥ 45 ÷ 50

≤ 0.8 1.5
≤ 0.4
≤ 0.4 0.8
≤ 1.2

≥ 35 ÷ 55

≤ 0.6

≤ 55
≤ 46 ÷ 53

Insulation from
external noise
Dm,nT,w
[dB]

Equipment noise

≥ 42

≤ 32

LAeq
[dBA]

≤ 38
38 base performance
43 high performance

≤ 32 base performance
≤ 28 high performance
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≥ 43 (Lev. I)
≥ 40 (Lev. II)
≥ 37 (Lev. III)
≥ 37 (Lev. IV)

LEED

3

≤ 25 (Lev. I)
≤ 28 (Lev. II)
≤ 32 (Lev. III)
≤ 37 (Lev. IV)

Acoustic comfort indexes

International standards define threshold values of acoustic comfort indexes set for the assessment of indoor
acoustic conditions in workplaces. Standards analysis shows that acoustic regulations are organised in
different ways. Standards ISO 22955 [9] and ISO 3382-3 [8] provide information to achieve acoustic quality
in open space offices, whereas EN 16798 [15] is concerned with all the fours domains: thermal, acoustic,
visual and IAQ.
Open spaces present more unfavourable conditions than other office typologies due to their dimensions and
to the influence of occupants’ behaviour: indeed, the perception of comfort is strongly related to the concepts
of anthropic noise, speech privacy and discretion. Irrelevant speech noise (anthropic noise generated from
conversations between colleagues, telephone calls and laughter) represents the main source of annoyance in
open spaces [16]. Nevertheless, also other office layouts report other problems in acoustic comfort
perception, therefore French acoustics standard NF S 31-080 [10], more accurate, sets indexes for three
different office typologies: single office, shared office (from two to five people) and open space.
Furthermore, NF S 31-080 defines acoustic values for three different ranges of performance, overcoming the
concept of comfort linked to a definition of well-being as risk avoidance, to guarantee different flexible
ranges of comfort (starting from the satisfaction of minimum requirements). The “standard” level is the
minimum threshold, that does not guarantee acoustic comfort, the “efficient” level ensures good and
comfortable working conditions, the “highly efficient” level regards the maximum acoustic performance
level, related to wellness and comfort. It is a qualitative notion related to office activity and use, in relation to
the different typologies of tasks and workplaces.

4

Contextual and personal variables with influence on acoustic comfort
perception

The process began with the analysis of papers (selected through “Preferred Reporting Items for Systematic
Reviews and Meta-Analyses” PRISMA method on Scopus search engine) on IEQ and environmental
comfort perception in offices. Through this overview it was possible to select accurately articles on acoustic
comfort and to investigate the relation between acoustic comfort and contextual and personal variables.
The result shows that occupants’ perception of their workplace is due to measurable physical factors
(regulated by standards and protocols) and influenced by contextual and personal variables.
Contextual variables, listed in Table 2, are encompassed in the categories: office characteristics, work
characteristics and occupants’ control on building systems and environment.
Personal variables, listed in Table 3, affecting acoustic comfort perception can be physiological,
psychological, related to location, social status and work-related variables.
Both contextual and personal variables have a great influence on occupants’ acoustic comfort perception,
thus acoustic indexes are not sufficient to ensure comfort.
To analyse these non-IEQ variables, Post Occupancy Evaluation surveys are used [13][17–20]. They require
different data (building properties, users’ feedback and IEQ parameters) that are collected through interviews
and on-site IEQ measurements [18–19]. Nevertheless, the reliability of subjective feedbacks collected
through this instrument has been investigated, because it is based on occupants’ responses about personal
comfort perception [20–23].
4
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New methods for assessing the interactions between IEQ factors and contextual and personal variables may
be useful to implement regulations [23] and provide new design guidelines.
An optimal design of indoor conditions could ensure occupants’ health, comfort and well-being. Particularly,
a proper sound design of workplace allows to improve concentration and productivity, enabling a better
communication and blocking unwanted noise.
Table 2 – Main contextual variables that influence acoustic comfort perception.
Category

Variable

Reference

Building characteristics

Building typology

[11]

Office type

[13,24,25]

Office layout

[26]

Workspace location

[5,25,27]

Proximity from a window

[27]

Lack of privacy

[25]

Work task

[25]

Occupancy hours

[13]

Building automation

[26]

Ease of use and knowledge of how
to operate

[12]

Noise management

[28]

Office characteristics

Work characteristics

Occupants’ control on building
systems and environment

Table 3 – Main personal variables that influence acoustic comfort perception.
Category

Variable

Reference

Physiological

Age

[11,12,24,29,3
0]

Context of growth

[25]

Country of residence

[13]

Interaction with others

[13]

Social conditions

[13,30]

Personal culture

[13]

Lifestyle

[30]

Tenure (number of years in the
workplace building)

[13,30]

Hours per week spent in the
workplace

[30]

Work position

[13]

Location

Social status

Work-related variables
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5

Monitoring of indoor environmental conditions and representation of results

Monitoring systems of IEQ that combine multiple sensors in only one tool, can be used for this purpose,
through an extensive assessment of the conditions that cause harmful effects on health and affect occupants’
comfort and well-being [2].
Findings from the literature analysis highlight the scarcity of models assessing dynamically tracked
parameters and employees’ comfort perception, not providing the possibility to change the building settings
[31–34]. In the research field, interfaces and apps on the monitoring of the combined effect of IEQ factors,
able to provide information through the representation of global comfort perception, are rather used as a
support tool [35–37]. Nevertheless, it is difficult to guarantee the improvement of acoustic conditions as
response of a negative feedback, because often the noise is due to external noises, activities that take place in
the office and occupants’ behaviour. The process shown in Figure 2 foresees the use of interfaces to collect
occupants’ feedback regarding indoor environmental quality, combined with a sensor that constantly and
simultaneously monitors comfort parameters, to guarantee global comfort in the workplace, increasing the
productivity of employees and achieving energy savings. New measuring tools and devices able to
communicate through graphic representation of global comfort measurements and perception, considering
the dependence of comfort perception on personal variables, may be helpful for the definition of new
performance levels of standards.

Figure 2 – Outcomes of the process related to IEQ assessment based on objective monitoring, occupants’
feedback, data collection and interaction with the environmental conditions.

6

Standards as minimum performance level for risk avoidance

Since it has been demonstrated the influence on global comfort of these contextual and personal variables, it
becomes now necessary to evaluate comfort not only by verifying the compliance with threshold values
established by law, but also considering the influence of these variables. Standards define threshold values
below which there is the certainty of achieving a discomfort condition, but above which comfort is not
guaranteed.
Figure 3 shows the new thresholds and ranges defined by the authors after the analysis of the standards,
protocols and literature. The first threshold separates the “discomfort” range from the “habitability” range
and is defined by values of indexes set by standards. The “discomfort” range is determined by the failure to
reach the minimum values required by law. The “habitability” range is determined by the reaching of the
threshold values. When habitability threshold is reached, it is possible to overcome it to reach the “comfort”
range. Thus, a new threshold is defined, that separates “habitability” range from “comfort” range, which can
6
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be divided into two sub ranges: minor than 80% of occupants satisfied, and major than 80% of occupants
satisfied. The ability to overcome this last threshold is due to the contribution of other factors, identified
through the analysis of literature, that can improve comfort perception.
Hence, environmental settings defined by current regulations permit to avoid discomfort and ensure
functional indoor conditions [38]. Protocols and standards were set to evaluate physical conditions of the
indoor environment, not considering occupants’ perception, owing to the great influence of demographic and
contextual factors, that cannot be objectively quantified [11–12]. However, in recent years, Building
Performance Certification Programs have given specific attention to comfort perception through scores
assignment to each domain [18,39].
With these different comfort ranges, it may be possible to guarantee indoor environmental conditions in
relation to occupants’ needs and office tasks.

Figure 3 – Occupants’ experience of IEQ in workplaces (adapted from [38]).

7

Conclusion

The analysis of acoustic comfort in relation to the overall comfort highlighted the great influence of this
domain on occupants’ indoor environmental perception.
Research results demonstrate that protocols don’t give acoustics the proper importance. On the other side,
standards define indexes values that allow to reach a minimum performance level.
The aforementioned comfort ranges, defined considering contextual and personal variables, may be used to
better assess acoustic indoor conditions and acoustic comfort in relation to occupants’ needs and office tasks,
thus satisfying customer requests through different design solutions.
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Abstract
It is not exceptional that the new design is focused on sustainability in the process of restoration of
historic buildings. Economics is often the reason why architects and investors are encouraged to
transform exterior atriums into covered interiors in many cases of historical building renovations.
Such space is valuable just because of possibility to acquire new unique function. The principles of
monument protection do not allow the use of other atrium coverings than the structural glass roofs
in most of the cases. Such spaces are characterized by a long reverberation times and, in connection
with impulse sounds, the unpleasant background noise is generated as well as unwanted acoustical
phenomena occurs. These problems also concerns the restoration of the manor house in the village
of Halič, situated in the southern Slovakia. To determine the acoustic properties of the covered
atrium, a series of measurements were performed, and an extremely clear phenomenon of flutter
echo was observed. It is interesting since there are no mutually parallel structures in the atrium. That
is usually a typical reason of flutter echo occurrence. Detailed analysis of measured data was
performed, and the phenomenon of multiple reflections was investigated.
Keywords: background noise, flutter echo, rules, covered atrium, large volume space

1

Introduction

In the process of designing of buildings and their interiors, it is important to be able to predict the future
characteristics of the spaces and to know how to use them. In architectural design, it is very beneficial to
know how building interior environment can help to improve the quality of activity performed. Just like
thermal and light comfort are standardly assessed in various types of buildings, the acoustic comfort needs to
be taken into account as well.
In classrooms, offices, theatres and other monofunctional spaces it is rather straight forward to decide about
acoustic solutions, since the location and characteristics of sound source as well as position of receivers can
be quite accurately defined. In case of large shopping malls and atria the situation is rather different. The
rooms are large and position of sources and receivers varies over time [1. In the case of existing spaces, we
can measure the noise using a sonometer and subsequently statistically analyse it. However, this cannot be
on one hand applied in the stage of design process when using predictions and simulations. On the other
hand, a computational algorithm possibilities, allow us to create auralized sound, which can be further
analysed as if it was recorded [2]. During the measurements of the manor house in southern Slovakia, which
we performed for the needs of calibration of the virtual model, we encountered several acoustic problems
associated with changing the purpose of the space.
1
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A large-volume covered space was created from the former exterior space, which was designed as a public
space for cultural events.
The main problem in large halls are not only high noise levels, but also their duration, defined as a quasiconstant background noise [3]. This phenomenon occurs mainly in large-volume spaces or in areas with a
high proportion of reflective surfaces due to long reverberation time [4]. As an example of such spaces we
could mention various covered atriums, shopping centre corridors, or covered shopping arcades.
Nowadays, it is already a common practice to cover even whole streets and shopping arcades, or other transit
and public spaces, by roof structures on different material basis [5]. The most common types of roofs are
pneumatic structures or structural skins on ETFE, tensioned, flexible and textile structures [6][7][8]. When
acoustically hard materials are used, such as glass a multiple reflections of sound waves might cause an
unpleasant quasi continuous background noise. It is known that long-term exposure to such noise can result
in hormonal and cardiovascular problems as well as a wide range of other health complications [9][10].
Background noise is typically caused by presence of people in interior space. If they move, the friction of
their clothes, sound from steps (walking) and breathing produce sounds which contribute to unwanted sound,
especially in spaces with long reverberation time. In the atrium, described below, an unusually significant
acoustic phenomenon, called flutter echo, was identified. It could be clearly perceived after impulse sounds
played inside of the atrium.

2

Description of case study and experiment

Figure 1 – Diagram of distribution of measured positions and arrangement of sound sources S01, S02, S03
and S04
As a case study, we chose the manor house in the village of Halič in southern Slovakia, which includes
a public space covered with a structural skin based on glass. One of parts of the renovation of this space was
also replacement of the floor covering with a marble floor as well as cladding of columns with stone
cladding, and thus newly created room became a highly reverberant space.
The atrium is approximately symmetrical along the longitudinal axis. Its length in the longitudinal
direction is 35.2 meters and in the transverse direction, at the widest point it is 18.7 meters wide. The roof
structure is constructed as a glass dome, with a height at the highest point of 13.5 meters. The total volume of
the atrium, including the corridor behind the pillar, which is also part of it, is 8767 m 3.
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Measurements were performed using an integrated impulse response according to the ISO 3382 [11]
methodology using a sweep signal. The measurement set up consisted of omnidirectional sound source
(Qohm) connected with amplifier (Qam – DSP Controlled Signal Generator measurement Amplifier) vie
sound card to computer. As a sound receiver a pair of microphones Behringer ECM8000 were used. The
height of sound source and receiver was identically 1.5 meters above floor. Altogether, we performed
measurements in 3 positions of sound source and 40 positions of the receiver. The measurement mesh is
shown in the Figure 1. Red dots (S01 – S04) represent the sound source positions and blue dots represent
receiver positions.
During the mentioned measurements, the presence of an unusually strong flutter echo was observed
in the middle part of the atrium. For the needs of a more detailed analysis of this phenomenon, we performed
another measurement using an omnidirectional sound source and a pair of receivers. We placed them to
follow the floor plan of the atrium in which we observed the most pronounced presence of flutter echo, i.e. to
follow the longitudinal and transverse axis of the atrium and the source was placed in their crossing. The
measured positions for receiver S04 are shown in figure 1 and represented by yellow dots. The flutter echo is
also obvious after looking at one of the measured impulse responses in the longitudinal axis of the atrium
(Figure 2).

Figure 2 – Impulse response measured in the longitudinal axis with visible flutter echo effect.

13.5 metres

Figure 3 – Diagram showing the curvature of the roof structure and its height offset.
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An interesting fact is that there are no parallel structures in measured space of the atrium, which are the most
common reason for the presence of such an acoustic phenomenon as flutter echo is. After inducing a short
impulse sound (clap or foot tap), we located the most pronounced presence of flutter echo in the area where
the glass roof structure reaches its maximum height. The mentioned roof structure is curved in 3 directions
(Figure 3) and creates a dome above the atrium with the highest part above the position where we placed the
sound source and where we also observed the most pronounced fluttering echo.

3

Results and discussion

The analysis of reverberation times in measured at receiver positions for sound sources S01, S02 and
S03 does not differ significantly from each other (Figure 4). Solid lines represent reverberation time values
measured from sound sources S01, S02 and S03. Dashed line is the average value from all of these sound
source positions. The difference is most visible especially at low frequencies, where during the measurement,
due to the shape, size and number of reflective surfaces, it was most problematic to achieve a suitable signalto noise ratio necessary for the determination of T30.

Figure 4– Graph showing reverberation times in the measured positions for sound sources S01, S02 and S03
(left) and for sound sources S01, S02, S03 and S04 (right) together with average values.
After taking into account the measurements at the position of sound source S04, which showed the most
pronounced signs of the presence of flutter echo, the graph shows that this echo occurs mainly in the low and
mid low frequency bands from 125 Hz to approximately 300 Hz and its presence significantly increases the
reverberation time of the entire space by 0.5 s (Figure 4 right). Therefore, it is necessary to measure similar
spaces with more detailed mesh of receivers as well as to increase number of sound sources for the purpose
of correct calibration of virtual model.
To investigate the distribution of sound pressure level over the atrium, the decrease of sound pressure level
with distance is compared and shown in Figure 5. The graphs compare the sound pressure level decrease
from sound sources S02 (blue squares) and S04 (red squares). For better presentation of data, the measured
values are expressed with logarithmic trend lines. All together 6 graphs are presented, each of them for
particular frequency octave band in range of 125 Hz to 4000 Hz.
4
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Figure 5– Charts describing the comparison of the decrease of the sound pressure level with the distance
from the sound source for the positions of the source S02 and S04
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As we can see the effect of flutter echo is visible also in the distribution of sound pressure level over the
entire space. The decrease trend is very similar for both sound source positions. But comparing the values we
can see that the present flutter echo increases the sound pressure level values from source S04 for 250 Hz by
3 dB. For other frequency bands is the increase not significant. This confirms the reverberation time
measurements where the largest increase of values was also in 250 Hz frequency band. Interestingly, for
1000 Hz and more, this trend is reversed and the levels from source S02 are higher in comparison with S04.

4

Conclusions

Measurements of impulse responses in atrium of the manor house in the village Halič were performed. The
results show us that for the purpose of further correct calibration of virtual model of such complex space and
to get real picture about acoustic comfort space with large volume, it is necessary to measure more position
of sound source which could possibly reveal all unwanted acoustic phenomena such as flutter echo. Without
considering all of the properties of the room, further calibration of virtual model could be inaccurate for the
purpose of research. We can also conclude that before refurbishing of such special space with large volume,
consideration of acoustic comfort is necessary. With reasonably distributed sound absorption (e.g.
represented by different material of roof structure) we could avoid unwanted acoustical artefacts such flutter
echo.
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Abstract
In this paper the soundscape of the Sant’Ignazio di Loyola was reconstructed to investigate the impact of
different configurations on the speech intelligibility of Jesuit preachers. Using state-of-the-art geometrical
acoustics simulation software, the acoustics of the church were simulated. The virtual model was calibrated
using impulse response measurements performed in different parts of the church. This calibrated model was
consequently used to check the influence of a pulpit and the possible addition of a dome to the church. The
speech intelligibility of these different configurations was assessed using modern parameters such as C50, D50
and STI. The speech modulation frequency of Christian preachers’ speech is often lower than normal speech,
indicating that the widely used STI parameter might underestimate speech intelligibility in churches.
Auralisations were performed to subjectively test this hypothesis with different configurations.
Keywords: speech intelligibility, sacral architecture, pulpit, soundscape, auralisation

1

Introduction

The church of Sant’Ignazio di Loyola is a church of the Society of Jesus, a religious order of the catholic
church. The Society of Jesus is a progressive movement that was born in the days of the Council of Trent and
the Counter Reformation. This Counter Reformation was the start of an immense change in the use, liturgy,
architecture and music of the churches. Intelligibility of speech was an important quality of the new
churches, since preaching in a vernacular language became a standard practice in church. The pulpit
increased in popularity during that time [1, 2].
The focus of the acoustical analysis was on the speech intelligibility inside the church since preaching in a
vernacular language was the main and most important practice of the Jesuits. Different cases are interesting
to investigate and compare. Firstly, it is interesting, architectural speaking, to test if the completion of the
large dome would have made a significant difference on the acoustical parameters of the church. The same
can be said for the possible addition of tapestries all over the church, since this could change the absorption
coefficient of the church drastically. Finally and most important, it is checked what effect the pulpit had on
the intelligibility of speech of the priest preaching from it.
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2

The church of Sant’Ignazio di Loyola

The Jesuits had a general architect for all of their buildings around the world: Giovanni Tristano. The most
important thing was the practicality of the buildings. They did not talk about form or style, but of
functionality. The buildings had to fit the purpose for which they were built. Tristano produced a certain
‘standardized’ type of church that could be found in Rome and other countries. The church is a place where
the liturgy and the speech can be practiced and heard by a big public. It is a big open space with a shallow
apsis in the east. There are no more side aisles, only side chapels. A short Latin cross [3, 4].
The church of Sant’Ignazio di Loyola embodies an incredible spaciousness and grandeur with all its shapes,
marbles and colours. It was designed by Orazio Grassi and built between 1626 and 1685. It was planned to
build a large dome on top of the crossing. Due to technical and financial problems in 1677 the dome could
not be completed. Instead, a canvas picture, on which there is a perspective painted by Andrea Pozzo, is used
to close the dome opening in 1685 [5]. There surely used to be a pulpit present in the church, since preaching
was the most important practice of the Jesuits. Nowadays there is no pulpit present. The pulpit would
probably have resembled the one that is still present in the mother church, the church of Gesù. The church of
Sant’Ignazio was based on this church. This pulpit is constructed against a pillar of the nave. Another source,
a picture of 1930 shows a more modern pulpit [6]. This pulpit was freestanding more to the front of the
church, in the crossing. Later this pulpit was also removed. Several sources prove that the church used to be
decorated with tapestries all over the nave, crossing and choir during large religious or civil celebrations.
One tapestry is still present in the church. Many hooks and rings present in the church suggest the use of
tapestries.

3

Model of the church

A 3D model of the church is necessary to calculate and simulate different acoustic characteristics of the
church and to make an auralisation. The model is made in SketchUp because it is compatible with Odeon.
Odeon is a software used for simulating and measuring room acoustics. When a 3D model and surface
properties are imported into Odeon, it is possible to predict, illustrate and listen to the acoustics. The model
has to be watertight and it is important that details smaller than 10 cm are not drawn. These small details
could lead to false results and long computation times. Moreover, very detailed models don’t show
improvements in accuracy. Rich decorated elements should be drawn as flat planes and can later be
simulated correctly in Odeon with the proper absorption and scattering coefficients. The goal is to create an
acoustically accurate model, not an architecturally accurate one [7, 8].

Figure 1 – The model of the church with dome
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4

Calibration of the model

Acoustical measurements done in the church were used to rightly calibrate the model. Prof. em. Dr. J. P.
Fricke and Tonmeister W. Voigt of the University of Cologne performed room acoustic impulse
measurements in ten churches in Rome in 1976 [9]. The church of Sant’Ignazio di Loyola was one of them.
The impulse response was measured by making use of gunshots. Several combinations were made with the
different sources and receivers. The tests were performed in an empty church. The same conditions were
applied to a model of the church. The results of the simulations in Odeon were compared with the results of
the measurements in 1976. The EDT was compared. The absorption coefficients of the materials with the
largest surfaces were adjusted per octave band to get as close as possible to the values of the measurements
of 1976. This is an iterative process. A result was considered satisfying when the difference between the
EDT of the simulation and the EDT of the measurements of 1976 is less than half a second. This tolerance is
acceptable given the very long decay in the large volume.

5
5.1

Simulations
The effect of the dome

To test the influence of the dome on the speech intelligibility in the church, it is most important to look at the
difference in reverberation time (T30). The completion of the dome would have changed the volume of the
church and the absorption coefficient. The volume would have increased by six percent.
Volume of the church without dome = 59.901 m²; Volume of the church with dome = 63.859 m².
It is assumed that the dome would have been made out of marble and plaster. These two materials have much
lower absorption coefficients than the oil on canvas painting now covering the opening of the dome. It is
expected that the addition of the dome would make the reverberation time longer. The dome would have
been made out of hard materials compared to the painting covering the dome opening. The T30 of a model
without dome is compared with a model with dome. On the graph the just noticeable difference (JND)
relative to the results of the model without dome is also displayed.

Figure 2 – T30 of the model with or without dome
There is a small difference in T30, but this will not be noticeable. The reverberation time is slightly longer for
the church with dome, as expected. For the other parameters, C50, D50 and STI, there is as good as no
difference visible. The completion of the dome would not have had any influence on the speech intelligibility
of a priest preaching to a large audience from the nave or the crossing.
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5.2

The influence of the tapestries

The addition of tapestries all over the nave, transept and choir will change the absorption coefficient of the
church. The absorption coefficient of the tapestries is a lot higher than marble. It is expected that this will
lower the reverberation time. To check the difference it is useful to compare the difference in T30 of the
model without tapestries with one with tapestries. The influence of the tapestries might be small because the
surface of these tapestries is small in comparison to the large church.
Total surface of the church = 18.279 m²
Surface of the tapestries = 204,3 m²
Percentage of the surface of the tapestries compared to the total surface of the church = 1,1%

Figure 3 – T30 of the model with or without tapestries
As expected the reverberation time of the church with the tapestries is slightly lower. Nevertheless, the
difference will not be noticeable. It can be concluded that the addition of tapestries at the observed positions
had no perceivable effect on the reverberation time. Many more tapestries and soft materials should be
present in the church for there to be a noticeable effect.
5.3

The influence of the pulpit

5.3.1 The influence of the location of the pulpit
In the history of the church there are several sources that give us information about the pulpit of the church.
The first pulpit would probably have been located at one of the sides of the nave, as it is done in the mother
church of the Jesuits, the church of Gesù. Later the pulpit was replaced with a more modern pulpit and
moved to one of the sides of the crossing. To test what difference the location of the pulpit makes, the grid
response of three cases is compared; the priest preaching from the nave without a pulpit (NP); the priest
preaching from a pulpit in the nave (N); the priest preaching from a pulpit in the crossing (C). The
reverberation time will be the same for all three cases, it is more useful to look at the differences in C50, D50
and STI. On all the graphs the JND relative to the results of the model without a pulpit are displayed.
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Figure 4 – Locations of the pulpit

Figure 5 – C50 of the model without the pulpit, with the pulpit in the nave and with the pulpit in the crossing
The average values of all the parameters of the model with the pulpit in the nave and the model with the
pulpit in the crossing are similar. Both cases perform better than the case without pulpit. The use of the pulpit
will make a noticeable difference. If there is a pulpit used, it doesn’t matter where this pulpit is located in the
church, since the average values for the case with the pulpit in the nave are similar to the average values of
the case with the pulpit in the crossing.

5

2091

5.3.2 The influence of the location of the receivers
The pulpit is provided with a soundboard on top. This will ensure that more sound waves are reflected in the
direction of the audience listening to the preacher in front of the pulpit. It is visible on the grid response that
a larger area of the church will have good values for the acoustical parameters for speech intelligibility. It is
interesting to evaluate how far the effect of the pulpit reaches and what difference the distance relative to the
preacher makes. Five different receivers in the nave are compared in the model with the pulpit (P) and the
model without the pulpit (NP).

Figure 6 – Positions of the five receivers in the nave
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Figure 7 – C50 of the five receivers of the model without and with the pulpit in the nave

Figure 8 – C50 [dB] of the five receivers of the model without (left) and with the pulpit in the nave (right)
7
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Figure 9 – STI of the five receivers of the model the without (left) and with the pulpit in the nave (right)
Looking at the average values, the case with the pulpit will be more advantageous for the speech
intelligibility overall. When looking at different receivers at certain positions relative to the preacher, some
other conclusions can be made. It is remarkable that the speech intelligibility at position 1 is better when the
priest is not preaching from the pulpit. A bit further at position 2, the speech intelligibility will be similar in
both cases when looking at the average values, but at the octave bands of 500 Hz and 1000 Hz there is a peak
of the curves of the case with the pulpit. These are important frequencies for speech intelligibility. Therefore,
the introduction of the pulpit will have a positive impact on the speech intelligibility of the preacher. This
might be explained by the height at which the priest is located. When the priest is preaching from the pulpit,
he is about three meters higher than the receivers. The other receivers at positions 3, 4 and 5 show similar
results. There the pulpit does make a positive difference. The priest will be more intelligible preaching from
the pulpit when the receivers stand at a certain distance or not in the direction in which the priest is
preaching.

6

Auralisation

It is possible to listen to an audio file played in an acoustical simulated space. This can be an orchestra,
speech or any other audio file of a sound. This way it is possible to get an idea of how this sound would be
perceived in this acoustical simulated space. This is called “an auralisation”.
An anechoic audio file is played in a room with a measured or simulated impulse response. An anechoic
audio file is an audio file that is recorded in a fully absorbing chamber, an anechoic chamber. This way there
is no reflection of the recorded sound, meaning the reverberation time is close to zero. When this audio file is
afterwards played in the simulated room, it is possible to hear how the sound of the audio file will be
reflected in the room, depending on the volume, shape and materials of the room [10].
In this case it is interesting to listen how the priest would have been perceived in the different cases and at
the different locations. This auralisation makes it possible to hear how big of a difference the pulpit really
makes and how much the distance from the preacher matters. It is hard to notice a difference in the
introduction of the pulpit at positions 3, 4 and 5. At positions 1 and 2 this is much easier. The distance from
the preacher is also very noticeable.
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7

Conclusions

After correctly calibrating the model of the church in Odeon, it was possible to simulate and compare
different relevant cases. For this subject, the church of Sant’Ignazio di Loyola, the speech intelligibility
played a huge role in the usage of the church. This was therefore the main focus of this research.
An important historical event was the fact that the dome could not be built due to financial and technical
problems. A model with and without the dome was acoustically analysed. A surprising result was obtained.
Since the dome would have changed the volume and the absorption coefficients of the church significantly, it
was expected that the reverberation time of the church would be longer if the dome were to be built. This
was not the case. The dome had no noticeable influence on the relevant parameters for speech intelligibility.
This can be explained by the fact that the church has such a large and high volume. The distance between the
preacher and the dome is about 30 meters. The influence of the dome does not reach that far.
A similar conclusion can be made for the addition of tapestries to the nave, transept and choir. The surface
area of the tapestries is so small in comparison to the total surface area of the church, that this barely has an
influence on the acoustical parameters. Many more tapestries and soft materials should be present in the
church for there to be a noticeable effect.
A relatively small element like the pulpit on the other hand, does have a significant influence on the speech
intelligibility. This is because the pulpit has a direct influence on the sound waves emitted by the preacher.
The pulpit makes sure that more sound waves are reflected in the direction of the receiver and this is
noticeable in the results of the simulations. The effect of the pulpit is more significant the closer a receiver is
located to the pulpit. At the closest position near the pulpit the influence will not be positive since the priest
preaching from the pulpit is located at a higher position than the receiver. The acoustical parameters show
that it did not matter where the pulpit was located in the church. Thanks to the acoustic software and the
simulations it is also possible to define the influence of the distance in between the receivers and the
preacher.
The auralisation confirms the conclusions that were made after the simulations. The influence of the pulpit
can be clearly heard at the positions closer to the preacher. Further away from the pulpit it is more difficult to
hear a difference. The values of the acoustical parameters at these positions only show a small noticeable
difference.
To conclude, this research has proven that speech intelligibility was not influenced by the decision to not
built the dome or the presumable addition of tapestries during festivities. The pulpit however has a positive
effect on the speech intelligibility. The priest could reach a larger crowd inside the church.
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Abstract
In this paper, the influence of mask wearing on the speech intelligibility in classrooms was
investigated. The covid-19 pandemic required thousands of teachers to wear various types of masks all around
the world. The impact on speech intelligibility in this context has not been widely studied. The measured
transfer function of various types of masks (incl. surgical masks, N-95, etc.) was used as input for a geometrical
model in Odeon. Different types of classrooms with various amounts of average sound absorption coefficients
were compared in terms of reverberation time and other speech intelligibility parameters such as D50, U50
and STI. It was found that classrooms that were not acoustically treated to meet DIN18041 standards were less
suited for teaching with masks than classrooms that did not comply with this widely acknowledged standard.
A higher background noise exacerbated this difference.
Keywords: room acoustics, architecture, COVID-19, pandemic, mask, classroom, atrium, school, ETFE.

1

Introduction

For classrooms or atria in schools, acoustic comfort plays a vital role in not only the students’ health,
but also their speech intelligibility needs. According to Bradley and Sato [1], a signal-to-noise ratio (SNR) of
up to 20 dB is recommended for speech intelligibility. However, a common practice, confirmed by a study in
41 schools [2], is that the SNR during teaching is usually around 11 dB (background noise sound pressure
level ca. 49 dB).
Moreover, considerable attention has been paid to acoustic comfort in educational spaces due to the
newly emerging covid-19 pandemic. Covid-19 is a highly transmittable and pathogenic viral infection caused
by severe acute respiratory syndrome (SARS-CoV-2), resulting in a dramatic loss of human life worldwide
[3]. In recent experimental work by Asadi et al. [4], they concluded that both aerosol and fomite transmission
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of SARS-CoV-2 is plausible, since the virus can remain viable and infectious in aerosols for hours and on
surfaces up to several days.
To reduce aerosol transmission to the utmost degree, many authorities demand the wearing of a face
mask. However, it can be difficult to understand speech when the talker is wearing a mask, especially for
listeners with hearing loss that partially rely on lip-reading to compensate for reverberation and noise [5][6].
Some governments also suggest moving classes to larger gathering halls, like atria, in order to increase the
distance between people. Speech intelligibility in classrooms and atria has become even more important in this
context.
In recent years, buildings with ethylene tetrafluoroethylene (ETFE) foils have attracted attention due
to their excellent material properties, good architectural and structural performance compared to glass
structures [7]. It has the potential to affect larger spaces positively, such as atria in schools.
Based on the context above, in the thesis on which this article is based we aim to investigate how
masks can influence the speech intelligibility of teachers in a small classroom, big classroom, and an atrium
with both a glass and ETFE roof, by comparing their T30, D50, U50 and STI values in acoustically optimized
and unoptimized conditions. Previous work has shown that different types of masks can affect the sound and
the speech signal to various degrees, depending on the talker and the level of background noise [8]. Based on
this premise, we have simulated 3 types of masks for every model with 3 different levels of background noise
in order to find out how the speech intelligibility of the teacher is affected by the different masks under the
different levels of background noise. It is worth noting that we focus specifically on teachers talking one-sided
to pupils and not on interactive learning situations.

2

Case study

Typical small classroom: 10m x 6m x 2.8m (L x W x H) with 10 people inside (9 students and 1 teacher
speaking in front of the blackboard) to simulate the space during the pandemic (Fig. 2.1). The classroom
consists of concrete and timber cladding walls, a blackboard in front, two windows, a polished concrete floor,
and a ceiling. No other absorption was added.

Fig. 2.1 Small classroom - Spatial acoustic model created in Sketchup, simulated in Odeon
Typical big classroom: 12m x 9m x 2.8m (L x W x H) with a similar interior like the small classroom
(concrete and timber cladding walls, a blackboard, windows, polished concrete floor, and ceiling). In the
context of COVID-19, there will be 12 students and a teacher sharing this big classroom (Fig. 2.2).

Fig. 2.2 Big classroom - Spatial acoustic model created in Sketchup, simulated in Odeon
The third simulated space was the atrium. The total area of the interior surfaces of this atrium (Fig.
2.3) is around 800 m2 and the volume of the atrium is about 6500 m3. Covered with an 8-meter high ETFE
roof and glazed facade, it allows extensive natural daylighting to penetrate into this large courtyard. The whole
2
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space is surrounded by historical facades made of red clay bricks combined with modern plaster works, while
the floor is refurbished with PVC tile flooring. Considering the teaching situation during the COVID-19
pandemic, if the number of students per class is the same as before, schools would usually suggest having the
class in a larger space in order to maintain social distancing. In this case, the atrium can be used by two classes
on different sides of the staircase at the same time, with 25 students and a teacher per class.

Fig. 2.3 Atrium - Spatial acoustic model created in Sketchup, simulated in Odeon
Ethylene tetrafluoroethylene (ETFE) foils have become popular in the last few years for large-scale
buildings, such as for atria, stadia, and greenhouses, because of their excellent architectural performance,
material properties and structural behavior compared to glass structures [7]. Recent research [32] has also
confirmed that the use of ETFE can enhance the room’s acoustic comfort due to its acoustic properties. A room
covered by ETFE has a shorter reverberation time at low and middle frequencies, which indicates a depression
of the noise level in the space and better speech intelligibility.
To further distinguish the differences in speech intelligibility caused by ETFE and glass roofing, 4
various acoustic conditions in this gathering place (used as teaching space in our scenario) will be simulated
and discussed. First of all, the atrium with existing materials on the interior surfaces and ETFE roofing.
Secondly, the optimized atrium with certain acoustic treatment to reach the German technical requirements for
room acoustics. Thirdly, the untreated atrium would be covered by a glass roof and eventually, the optimized
atrium with a glass roof.
Every model is put in the simulation under two conditions, the first one is to simulate a teacher talking
to students in an environment without background noise; while the second situation is to simulate a teacher
talking to students when there is background noise. 3 different ranges of background noise - 40, 45, 50 dB –
are considered in the second situation.
A teacher both with and without a mask is simulated in both situations. In every case, a certain type of
mask - N95 was simulated to see if there is a noticeable difference on STI. If the difference is noticeable, the
simulations of other types of masks were further carried out; if not, other parameters were examined, such as
D50 and U50.
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3

Results

The average STI in the treated small classroom is generally greater than in the untreated small
classroom; a shield mask has the greatest impact on STI compared to other masks and no mask. (see Fig. 3.1)
We can see the negative effect of increasing background noise on speech intelligibility in every situation.

Fig. 3.1 STI average in the untreated/treated small classroom
BGN: 40, 45, 50 dB
Generally speaking, the average STI in the treated big classroom is higher than the STI in the untreated
classroom; a shield mask has the greatest impact on STI in all 4 situations. (see Fig. 3.2) We can see that STI
decreases as the background noise level increases from 40, 45 to 50 dB.

Fig. 3.2 STI average in the untreated/treated big classroom
BGN: 40, 45, 50 dB
The average STI (Fig. 3.3; 3.4) in the treated atrium is higher than the STI in the untreated
environment, regardless of the material of the roof. A shield mask has the greatest impact on STI across the 4
4
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situations. We can see that STI decreases when background noise increases in all 4 models. However, in
general the STI values are relatively low for teaching purposes. For teaching purposes, an STI value of 0.75
and up is required [37].

Fig. 3.3 STI average in the untreated/treated atrium, Glass roof
BGN: 40, 45, 50 dB

Fig. 3.4 STI average in the untreated/treated atrium, ETFE roof
BGN: 40, 45, 50 dB
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4

Conclusions

Simulations have shown that teaching a class with or without a mask in quiet spaces (without
background noise) will not affect D50, U50 and STI, which verifies the conclusion of recent research (C.
Toscano and M. Toscano, 2021), stating that face masks have only small effects compared to speech produced
without a mask in areas with low levels of background noise. In the case of classrooms without background
noise, the examined parameters (D50, STI, U50, T30) in the treated environment show significant improvements
compared to the untreated classroom due to the application of wood-wool on the ceiling and the panels with
mineral wool on the back wall. The same result can be found in atria without background noise. However,
background levels of 35 dB and up are not uncommon in classrooms (Knecht et al., 2002).
When background noise is present, simulations of classrooms have shown that STI can be greatly
affected by the teacher wearing various types of masks (Fig. 4.1). Most of these variations are more than or
equal to 1 JND (JND of STI is 0.03) (Fig. 4.1), which means they are non-negligible. While in the treated glass
atrium and the untreated ETFE atrium, JND of surgical masks is lower than 1 under background levels of 50
dB (Fig. 4.1). In general, the worst impact is caused by a shield and the smallest impact is caused by a surgical
mask. The changing of the average STI between mask and no-mask conditions has no regular pattern regardless
of the types of masks and the level of background noise.
In case of atria with background noise, both untreated and treated models with a glass roof show
worse STI in comparison with the ETFE atria (Fig. 3.3 - 3.4). In particular, simulations have shown that the
difference of STI between glass and ETFE atria (Fig. 4.2) is higher in untreated acoustical environments
compared to treated spaces; and the disparity will reduce as the level of background noise increases.
Furthermore, the STI difference of wearing a shield in glass and ETFE atria will exceed no-mask conditions
with 50 dB of background noise (Fig. 4.2).
Therefore, we can conclude that the replacement of the glass roof with ETFE will have a greater impact
in an untreated atrium compared to an acoustically treated atrium. In terms of practical applications, if there is
a large gathering hall with a glass roof, that has inferior speech intelligibility because of poor acoustical
treatment, the installation of a sufficiently large area of ETFE will likely have a beneficial impact on the
quality of speech. However, if the area is already acoustically treated but still disturbed by high levels of
background noise, retrofitting an ETFE roof will not help much.
It is important to note that this research only focuses on the classic teaching situation, which is when
a teacher speaks to his/her students and does not include the active learning (multiple students talk to each
other and the teacher). The results have confirmed that wearing the shield has the worst impact on speech
intelligibility under the different levels of background noise. However, the effect of visual cues is not taken
into consideration in this thesis. According to Sumby and Pollack (1954), the absolute visual contribution must,
necessarily, be small at high speech-to-noise ratios, because intelligibility is high under conditions of auditory
presentation alone. It might be interesting to do more research about the effect of talking with a shield to speech
intelligibility relative to its audiovisual benefits over a type of mask that hides the lower part of a face.
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Fig. 4.1 Difference of STI / JDN of STI between Masked & No mask
BGN: 40, 45, 50 dB
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Fig. 4.2 Difference of STI between Masked & No mask
BGN: 40, 45, 50 dB
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Abstract
In this paper, the acoustic quality of long multi-level atria covered with transparent materials is assessed. A
parametric simulation study was carried out with a diversity of variables such as the shape of the roof, the
presence of balconies, the outline of the plan, and the skylight material, which in the latter, the effect of ETFE
cushions on the room acoustics is evaluated. In total 124 halls were compared in terms of different room
acoustic parameters (EDT, T15, T30, D50). The parameters were simulated with the Odeon software and the
relationship between the variants and the acoustic parameters was analyzed and compared. General
recommendations for better room acoustic properties of these spaces were extracted from this comparison.
Finally, the observed influential factors were applied to an existing project (Lloyd passage, Bremen) to test
their effectiveness.

Keywords: atria, architecture, room acoustics, reverberation time
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Introduction
Architecture is a multidisciplinary practice that involves many factors in the project. Involving different
participants in the project as soon as possible reduces the risk of a false decision in the early stage of the project
and leads to the reduction of the cost and the time of the project and improve the final quality. In many cases,
acoustical engineers are not involved in the architectural practices until the end of the project or only if a
problem occurs, this is mainly true for spaces that are not designed specifically for music or speech. In public
buildings like large corridors, shopping malls, plazas, swimming pools, etc. there is little information for
architects to deal with the acoustic comfort of their design while this factor plays an important role in human
wellbeing [1] [2]. Acousticians often have to apply acoustic remediation solutions to create a better sonic
environment which potentially ruins the design value and increases the project cost.
Previous Research
A few studies have been conducted on the relation between architecture and sound in atria. Mei and Kang[3]
have studied the effect of source-receiver distance on sound pressure level and reverberation time in multilevel large atria. Iannace et al.[4] represent the acoustic deficiency of large atriums in shopping malls in order
to be used as a public music hall. Zhao et al.[5] demonstrated the Effects of geometry on the sound field in
atria. Wang et al[6] represented that the total energy’s exponential decrease in extra-large spaces is not only
because of the direct sound, but also the reverberant energy. Additionally, to show the effect of balconies,
Samodra F X T B [7] proposes an optimized location of electroacoustic loudspeakers for the interior
mezzanines by simulating the balconies and sound field of vertical buildings. Furthermore, Nowicka[8]
proposed a method for rapid acoustical assessment of the commercial spaces and buildings based on volume,
shape, sound-absorbing objects, and sound-scattering architectural elements.
To present the advantages of the ETFE in acoustic comfort, Urbán et al.[9] investigated the acoustic conditions
of three large atria covered by glass and foil in Bratislava. Rychtáriková et al.[10] compared acoustic
conditions in an atrium covered by ETFE with a digital simulation in which the roof is realized by the glass.
They concluded, Compared to glass or a hard surface such as concrete, a clear reduction in reverberation time
is achieved in the middle and low frequencies in cases with ETFE systems. In another research by Rychtáriková
et al.[11], they analyzed the impact of typical glass and ETFE cushion systems on sound reverberation and on
noise levels when covering wide shopping streets by performing simulation on software Odeon.
Methodology
The method in this work was based on comparing the room acoustics parameters of the hall with the aid of
parametric design, simulation, and conventional formulas. The first step was to produce a deliberated range of
architectural halls including some geometrical variables, formal variables, and interior elements. The modeling
process was carried out with the aid of parametric design that facilitates the production process and therefore
the total number of simulations was increased which led to more reliable results.
The next step was performing the room acoustic simulation, each option was simulated separately. The
simulations were performed in the Odeon room acoustics software version 16. Odeon is a Room Acoustic
Software that uses the image-source method combined with a modified ray tracing algorithm for simulating
the room acoustics of buildings.[12]
After that, the effect of each architectural element on the acoustic field was investigated with the help of
statistics and charts. These charts were based on the architecture variables, certain acoustic parameters, e.g.,
T30, T15, EDT, D50, etc, and at different frequencies. Then each chart was investigated individually and in
comparison with other charts. Finally, as a conclusion, these explorations were applied and examined in an
existing case study.

2

2108

Configuration
In the first series of alternatives, the variables were the length, width, and height of the hall. Three different
lengths of 30 meters, 60 meters, and 90 meters combined with two different widths of 8 meters and 16 meters,
and then two different heights -3 level hall and 5 level hall which each level had 5 meters height-were added
to these variables. Furthermore, for the material of the transparent roof two materials were used and compared:
The conventional material versus ETFE cushions. Additionally, two different forms of the roof -arched versus
inclined- were compared in every mentioned models. In total 124 models were compared in terms of four
different room acoustic parameters (EDT, T15, T30, D50) that some of the results are presented in this paper.
Materials
To simulate and compare the results, the same materials were applied to all the halls. The only variable material
is the transparent roof which in this case was a glass roof (double glazing glass 2-3mm glass-10mm gap)
compared to ETFE cushions. The case study presented in this paper was the Mediacité shopping mall in Liege
so the absorption coefficient value(α) for the ETFE cushions and average of the α value for a storefront in the
atria is based on in situ research and simulation validation by Yannick Sluyts (2020). Figure 1 shows the
comparison of α values between mentioned materials at all frequencies.
In the previous studies, acoustic comfort in large atria is studied based on the fact that the floor is covered by
hard and polished materials that are acoustically reflective [3] [5] [9], while in practice, the presence of people
has a significant influence on the absorption coefficient(α (-)) value of the floor. In this study, the atria
considered as a fully crowded space to investigate the opposite viewpoint. Therefore, the floor was simulated
as ceramic tiles with the presence of many people standing [13] which is visible in Table 1. furthermore, in
this paper the focus is on low to middle frequencies, therefore the high frequencies values are omitted in this
table.

Figure 1 – Sound Absorption Coefficient (𝞪(-)) of the ETFE and glass
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Table 1 – Sound Absorption Coefficient (𝞪 (-)) of all materials
𝞪(-)

Material
f(Hz)

250

1000

MediaCite Storefront

0.07

0.07

MediaCite ETFE

0.7

0.3

Double glazing glass 2-3 mm glass-10mm gap

0.07

0.03

Artificial 5% absorptive

0.05

0.05

Ceramic tiles with the presence of people

0.44

0.79

Plaster

0.1

0.04

Results

Material comparison
The acoustics in halls covered by ETFE is different in low, mid, and high frequencies. Figure 2 compares T30
between atria covered by ETFE with the similar atria covered by glass panels at 250Hz. In general, it shows at
250Hz, the average T30 of all 7 receivers is shorter in the atria covered by ETFE than the ones covered by glass.
This figure also illustrates at this frequency the standard deviations are less in the models covered by the glass
than the models covered by ETFE. Therefore, we might have a more homogenous sound field at low
frequencies in the halls covered by the glass than in the halls covered by ETFE. There is no significant
difference in reverberation time between the skylights made of ETFE and glass at the middle to high
frequencies.
Similarly, comparing D50 shows that changing the material of the skylight from glass to ETFE often improves
the clarity of the atrium at low frequencies, especially in wide halls without a balcony.
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Figure 2 – Material Comparison T30 (250Hz)
Geometry Comparison
Figure 3 presents the length comparison of the T30 parameter between all the 48 models with ETFE at 1000Hz.
The figure shows longer reverberation time in the models with 90 meters length but in general, there is no
notable relationship between the T30 and the length of the atria since in long atria, by increasing the length of
the hall, the ratio between the volume of the geometry and the area of surfaces remains almost intact.
In a long hall, the reflections from the end walls come back to the receivers much later than the reflections
from the closer storefronts. Therefore, by increasing the length of the atria, the percentage of the early to late
wave ratio grows which often leads to an increase in D50 value as is shown in Figure 3.
Results also show typically the increment in width of atria leads to longer reverberation time and less clarity.
In general, results demonstrate if architects want to design wide atria, they should simultaneously add more
surfaces or more absorptive materials to their design. For instance, we can see in the models with the presence
of balconies, the increase of T30 is less high.
Results also indicate in general that by increasing the height from 15 meters to 25 meters, the T30 and EDT rise
accordingly. Therefore, we might presume that we would have much better clarity in the options with less
height, especially in the models without the presence of balconies. However, the D50 value is just slightly
higher in tall halls. In the other words, although the increasing of the height often significantly increases EDT
value. The height reduction does not contribute significantly to the improvement of clarity based on
configurations of this study.
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Figure 3 – Length comparison for T30 and D50 at 1000Hz

Shape of Skylight
Zhao et al. [5] examined the effect of skylight form on T30 by performing a simulation for different ceiling
forms including flat, single pitched, double-pitched, and arched. They concluded the reverberation time is
highest in flat roofs and lowest in pitched roofs either single pitched or double pitched. Looking at Figure 4
illustrates that generally at medium frequencies, the results correspond to the Zhao et al.[5] studies and shows
inclined roofs have shorter T30 while the results show no noticeable relationship between the shape of skylight
and clarity,

Presence of Balconies
Figure 4 illustrates at the frequency of 1000Hz, the presence of balconies in the atrium usually leads to shorter
T30. Results at 250Hz also show the same thing but the value of reduction is often more intense at low
frequencies. Furthermore, results illustrate the presence of balconies sometimes increases the D50 for more
than 10 percent from 50-55% to more than 65% which significantly improves the speech intelligibility of place
to be more understandable.
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Figure 4 – Effect of Balconies in T30 at 1000Hz

In general, the presence of balconies has a positive effect on the sound
acoustic parameters in the multi-levels atria. Figure 5 visually compares
the Lp in the section between the models with balcony and without
balcony at 1000Hz. It shows balconies acting like “acoustic baffles” but
in a vertical direction. However, the effect on the upper levels is not in the
scope of this research and needs more investigation.

Case Study: Lloyd Passage, Bremen, Germany

Figure 5 – Section of Sound Pressure
level(SPL) comparison at 1000Hz

As a real-world case study, we modeled Lloyd Passage in Bremen that
matches our data set very well to demonstrate how design choices
affect acoustic comfort drastically. The original roof was made out of glass and metal frames. In this study, we
only modeled the first 90 meters of the western part of the hall which includes the widest part of the corridor
and the octagon dome that is the highest point of the project.
The optimization was started from the most effective adjustments, therefore in the first step, the material of
the skylight was changed from glass to ETFE. Additionally, balconies can notably improve the acoustic quality
of the ground floor, in the second optimization, some balconies were added because most of the receivers that
are impacted by the acoustic quality of this walking street are on ground level.
Figure 6 shows the comparison between T30between the passage in the current situation with the glass skylight
and with these optimizations. It shows the reverberation time reduces significantly when we change the glass
roof to ETFE especially at low frequencies. It also illustrates the second optimization (adding balconies)
significantly reduces the reverberation time. Both the first and second optimization improves clarity and speech
intelligibility. The influence of changing the glass to ETFE is more significant at low frequencies while at
middle to high frequencies, the effect of balconies is more pronounced and can increase the D50 value by more
than 10 percent which indicates that speech intelligibility is positively affected by this intervention.
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Figure 6 – T30 comparison between current situation and optimizations at 6 octave bands

Conclusion
Initially, the variability of results showed the consequence of early design stages to the acoustic comfort of
atria in order to attract architects' attention to this issue. In terms of skylight material results indicated generally
at low frequencies using the ETFE material rather than glass makes T30 shorter and increases D50. However,
the introduction of glass resulted in more homogenous results across all positions. In terms of geometry
comparison, this study did not find any significant relationship between acoustic comfort and the length of a
long hall with the chosen absorption properties, while a difference of the width or the height of the hall often
made T30 longer and declined the clarity.
In addition, results demonstrated generally an inclined skylight with an angle of 22 degrees has a
shorter T30 value rather than an arched roof, with the same material of ETFE, but this improvement did not
necessarily lead to an increase in clarity for the halls with an inclined roof. This study also investigated the
presence of balconies has a strong positive effect both on the reverberation time and clarity in ground
floors. Therefore, if architects want to design a multi-level atrium that the ground floor is more crowded than
the upper floors and they do not need communication to happen between the levels, they should not hesitate
to use exposed balconies in order to decrease the sound transmission between levels.
Finally, the observed influential factors were applied to an existing project (Lloyd passage, Bremen) to test
their effectiveness. The results illustrated that by changing the material of the skylight from glass to ETFE and
adding some balconies to this shopping street, the acoustic comfort of the space could be significantly
improved.

8

2114

References
[1] Stansfeld, S.A. Matheson, M.P. (2003) ‘Noise pollution: non-auditory effects on health’ British
Medical Bulletin, 68(1):243-257
[2] Babisch, W. (2011) ‘Cardiovascular effects of noise.’ Noise Health, 13(52):201-204
[3] Mei, H. and Kang, J.(2012), ‘An experimental study of the sound field in a large atrium’. Building
and Environment, 58:91-102
[4] Iannace, G. Ianniello, C. and Ianniello, E.(2015) ‘Music in an Atrium of a Shopping Center’.
Acoustics Australia, 43:191–198
[5] Zhao, W. Kang, J. and Jin, H. (2017) ‘Effects of geometry on the sound field in atria’. Build Simul,
10:25-39
[6] Wang, C. Ma, H. Wu, Y. and Kang, J. (2018) ‘Characteristics and prediction of sound level in
extra-large spaces’. Applied Acoustics, 134:1-7
[7] Samodra, F.T.B.(2018) ‘Optimization of architectural electroacoustics design for the interior
mezzanines of vertical buildings’. International Journal of Technology, 9(2):246-256
[8] Nowicka, E. (2020) ‘The acoustical assessment of the commercial spaces and buildings’. Applied
Acoustics, 169,107491
[9] Urbán, D. Zrneková, J. Zat’ko, P. Maywald, C. and Rychtáriková, M. (2016) ‘Acoustic comfort in
atria covered by novel structural skins’. Procedia Engineering, 155:361–368.
[10] Rychtáriková, M. Urbán, D. Maywald, C. Zelem, L. Kaššáková, M. and Glorieux, C. (2017)
‘Advantages of ETFE in terms of acoustic comfort in atria and large halls’. Proceedings of Advanced Building
Skins, 646-654
[11] Rychtáriková, M., Šimek, R., Húsenicová, J., & Chmelík, V. (2020). Prediction of noise levels in
large shopping streets covered by glass and ETFE. Architectural Engineering and Design Management, 1–8.
[12] Odeon Room Acoustics Software. 2021. User Manual - Odeon Room Acoustics Software.
[online] Available at: <https://odeon.dk/downloads/user-manual/> [Accessed 31 March 2021].
[13] Kuttruff, H. (2017) Room Acoustics. Sixth Edition. Boca Raton: CRC Press.

9

2115

