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ABSTRACT 

Auralization of sound insulation has become a valuable tool to assess the perceptual 

aspects of sound transmission in built environments. One advanced goal is to 

appropriately describe the influence of noise disturbance on human cognitive 

performance in the built environment. Methods for auralization of sound insulation 

are available with several simplifications that are implicit in the formulation of ISO 

12354. There, the transfer functions from source to receiver room are only valid for 

diffuse-field assumptions, i.e. for arbitrary point to point transmission. One further 

simplification is that the sound is apparently radiated from one point representing 

the whole bending wave pattern on the wall. In this paper, we introduce a new 

technique for computing sound insulation filters for virtual acoustic scenes in 

buildings with respect to more complex sound propagation effects. At first, we 

consider the source room reverberation and the source directivity. Secondly, the 

transfer functions from source to receiver rooms are calculated for extended walls 

by using a distribution of secondary sound sources. The receiving room acoustics is 

implemented in a way that it encompasses the reverberation based on room 

geometry, absorption and binaural transfer functions between the radiating walls 

and the receiver. 
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1. INTRODUCTION 

In this paper, we present an extended approach to construct filters for binaural 

sound transmission between rooms separated by building elements. This approach is 

based on ISO 12354 for airborne sound transmission in order to build up an auralization 

tool for psychoacoustic sound insulation assessment. We take into consideration the 

spatial variation of the sound field inside the rooms that enables us to experience binaural 

sound from arbitrarily positioned sound sources inside the source room. Moreover, we 

consider the synthesis of the room impulse response (RIR) from one-third octave band 

values of the reverberation time based on ISO standards. In this way, the proposed 

approach increases interaction with virtual environments, making a more realistic and 

immersive scene and leads toward an accurate subjective evaluations of building 

performance. 
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Several simplifications exist in our previously developed building acoustic 

auralization framework [1-3] and in the formulation of ISO 12354 on which it is based 

on. At first, it is assumed that the incident sound intensity on the building elements is 

equal for all transmission paths. In other words, the same incident sound intensity 

impinges all elements independent of the source position, its directivity and room 

geometries. Secondly, the transfer functions calculated from source room to receiver 

room are only valid for point to point transmission [4], however, extended walls are 

always present in real situations. In the receiving room, the simplification is made that 

the sound is apparently radiated from one point representing the whole (bending) wave 

pattern on the wall [5]. 

In our new approach, the focus is on addressing these challenges for more accurate 

filter construction and representation of physically correct building acoustics auralization. 

To achieve this, in first place, we take into consideration the source room reverberation 

depending on the room characteristics and the sound source directivity. Secondly, the 

transfer functions from source to receiver rooms are calculated for extended walls by 

using concept of dividing the individual building element into a multitude of secondary 

sound sources with non-uniform energy distribution. Thirdly, the receiver room acoustics 

is implemented in a way that it includes the receiving room reverberation based on room 

geometry, absorption and binaural transfer functions between radiating walls and the 

receiver. 

 

2. ESTABLISHED METHODS 

In building acoustics, the first application of auralization of airborne sound 

insulation was introduced by Vorländer and Thaden [6]. Based on the prediction method 

ISO 12354, they developed a framework that made it possible to auralize the sound 

insulation through binaural technology. Later, Vorländer and Imran [5, 6] implemented 

real-time insulation auralization and extended it as a Virtual Reality application for 

subjective evaluation of sound insulation in built environments. As a result, extended 

work by Imran et al. [4] is implemented in the sound insulation software, developed in 

Unity 3D environment for integration of audio cues into virtual reality environments. 

Some improvements have been made to the sound insulation calculation for the 

reverberant sound field to include the synthesized RIR based on one-third octave band 

values of the reverberation time computed from ISO standards [7]. 

The standardised sound level difference, 𝐷𝑛𝑇, expressed by the transmission 

coefficients 𝜏𝑖𝑗 = 10
−0.1𝑅𝑖𝑗 of all transmission paths between two rooms is given in [7] 

(Equation 1). Here, 𝑉 is the volume of the receiving room and 𝑆𝐷 the area of the separating 

(direct) element. 

𝐷𝑛𝑇 = −10 log∑𝜏𝑖𝑗
∀𝑖𝑗

+ 10 log
0.32𝑉

𝑆𝐷
 (1) 

 

The average sound pressure level in the receiver room is given by Equation 2, and 

in its energy formulation in Equation 3. Here, 𝑝𝑅
2 and 𝑝𝑆

2 are mean squared pressures in 

the receiving and source room, respectively. 
 

𝐿𝑅 = 𝐿𝑆 + 10 log∑𝜏𝑖𝑗
∀𝑖𝑗

+ 10 log (
𝑆𝐷
0.32𝑉

𝑇

0.5
) (2) 

 

𝑝𝑅
2 = 𝑝𝑆

2
𝑆𝐷
0.32𝑉

𝑇

0.5
∑𝜏𝑖𝑗
∀𝑖𝑗

 (3) 



 

 

The radiating elements are approximated as point sources on the walls, and the 

balance between direct and reverberant sound field is computed through the ratio of 

energies given by 
𝐸𝑟𝑒𝑣

𝐸𝑑𝑖𝑟
=
16𝜋𝑟2

𝐴
, with 𝐸𝑑𝑖𝑟 and 𝐸𝑟𝑒𝑣 as the energies of direct and 

reverberant sound field at a distance 𝑟 from the sound source [5]. 𝐴 is the equivalent 

absorption area of the receiving room. For uncorrelated direct and reverberant sound 

fields, the contribution of the transmission path 𝑖𝑗 to the mean squared pressure in terms 

of the reverberant and the direct field can be written as 𝑝𝑅,𝑖𝑗
2 = 𝑝𝑅,𝑖𝑗,𝑑𝑖𝑟

2 + 𝑝𝑅,𝑖𝑗,𝑟𝑒𝑣
2 . 

In order to introduce the reverberation of the receiving room, its impulse response, 

ℎ(𝑡), is simulated or measured. At first, the direct sound is removed from that impulse 

response as it is already included in the transmission path calculation in its binaural form 

𝑯𝑹𝑰𝑹 (t −
𝑟𝑗

𝑐
, 𝜃𝑗 , 𝜑𝑗). Subsequently, it is approximately equalised to white spectrum and 

normalised in energy. The time domain representation of the binaural signal from source 

to receiver of the transmission path 𝑖𝑗 is given in Equation 4. 

 

𝑝𝑅,𝑖𝑗(𝑡) = √
𝑆𝐷
0.32𝑉

 
𝑇

0.5
 

𝜏𝑖𝑗

16𝜋𝑟𝑖𝑗
2 + 𝐴

 𝒑𝒔(𝒕) ∗ [√𝐴 𝑯𝑹𝑰𝑹 (t −
𝑟𝑗

𝑐
, 𝜃𝑗 , 𝜑𝑗) + √16𝜋𝑟𝑖𝑗

2  𝒉(𝒕)] (4) 

 

All binaural contributions from the radiating elements are summed up to get final 

signal. 

 

3. IMPROVED METHOD 

This section describes a new approach for sound insulation filter construction, still 

based on ISO 12354 [7] and our previous work [3-5]. But now, simplifications are 

addressed which exist in our previously developed real-time building acoustic 

auralization framework [4]. In this new approach, the incident sound field varies for all 

transmission paths depending on the sound pressure hitting the corresponding building 

elements, due to source position and source directivity. Secondly, the influence of the 

reverberation and the balance between direct and reverberant energies inside the source 

room and receiving room are considered for the transfer function construction process. 

These transfer functions are developed for extended radiating walls treated as multiple 

point sources (secondary sources) rather than considering these walls as single point 

sources in the receiving room. 

The direct sound field can be assumed to propagate as in free-field conditions, 

whilst the reverberant field is uniformly distributed in the rooms [8, 9]. This phenomenon 

is shown through the classical sound field theory for sound propagation in rooms from 

Equation 5. 

 

𝐿𝑆 = 𝐿𝑊 + 10 log (
𝑄𝑆
4𝜋𝑟2

+
4

𝐴𝑆
) (5) 

 

Equation 5 inherently incorporates the influence of the room reverberation, the 

directivity of the source, and the same balance between direct and reverberant energy as 

considered in approach [4]. Here, 𝐿𝑆 is the sound pressure level, 𝐿𝑊 is the sound power 

level, 𝑄𝑆 is source directivity normalised to 1 for the omnidirectional case, and 𝐴𝑆 is 

equivalent absorption area of the source room. The mean squared sound pressure at a 

point inside the source room in energetic notations is given by Equation 6, with 𝑃𝑎 = 

10−1210−0.1𝐿𝑊 (source acoustic power in Watts). 

 



 

 

𝑝𝑆
2 = 𝜌𝑐 𝑃𝑎 (

𝑄𝑆
4𝜋𝑟2

+
4

𝐴𝑆
) (6) 

 

The typical source and receiver rooms are shown in the Figure 1. Here, the sound 

source (example: vibrating back-baffled piston) is selected to analyse the influence of the 

directivity of the source, i.e. the different incident sound power impinges different 

elements, depending on the source directivity and position. 

 

 
Figure 1: Typical adjacent source and receiver rooms 

 

The incident sound power on any element 𝑖 with an area 𝑆𝑖 in the source room is 

a combination of the direct sound and the reverberant sound fields. Under diffuse sound 

field conditions, the reverberant part of the incident sound power, 𝑊𝑆,𝑟𝑒𝑣, is given by 

Equation 7. 

 

𝑊𝑆,𝑟𝑒𝑣 =
𝑝𝑆,𝑟𝑒𝑣
2

4𝜌𝑐
𝑆𝑖 = 𝑃𝑎

𝑆𝑖
𝐴𝑆

 (7) 

 

Under free-field conditions, the direct incident sound power 𝑊𝑆,𝑑𝑖𝑟 is given in Equation 

8. 

 

𝑊𝑆,𝑑𝑖𝑟 =
𝑃𝑎
4𝜋
∫

𝑄𝑆
4𝜋𝑟2

|cos 𝜃|𝑑𝑆
𝑆

 (8) 

 

 𝑟 is the distance from the source to the surface element 𝑑𝑆, 𝜃 is incidence angle from the 

source point to the element 𝑑𝑆. 𝑄𝑆, 𝑟 and 𝜃 depend on the room geometries. Let the 

integral inside Equation 8 be represented by 𝐹𝑖 = ∫
𝑄𝑆

4𝜋𝑟2
|cos 𝜃|𝑑𝑆

𝑆
. By combining 

Equation 7 and Equation 8, the incident sound power on the element 𝑖 can be calculated 

by using Equation 9. 

 

𝑊𝑆,𝑖 = 𝑃𝑎 (
𝐹𝑖
4𝜋
+
𝑆𝑖
𝐴𝑆
) (9) 

 

The sound power transmitted from 𝑖𝑡ℎ element of the source room to 𝑗𝑡ℎ element 

of the receiver room for direct as well as flanking paths is defined by Equation 10, which 

is the final sound power of any radiating element 𝑗 in the receiver room. 

 

𝑊𝑅,𝑖𝑗 =
𝑃𝑎 ∙ 𝜏𝑖𝑗 ∙ 𝑆𝐷

𝑆𝑖
(
𝐹𝑖
4𝜋
+
𝑆𝑖
𝐴𝑆
) (10) 



 

 

Therefore, the mean squared sound pressure for path 𝑖𝑗 in the receiving room can be 

computed by Equation 11. 

𝑝𝑅,𝑖𝑗
2 = 𝜌𝑐 ∙ 𝑊𝑅,𝑖𝑗 (

𝑄𝑗

4𝜋𝑟𝑗
2 +

4

𝐴𝑅
) (11) 

 

𝑄𝑗 represents the directivity of the radiating element 𝑗 of the receiving room with an 

equivalent absorption area 𝐴𝑅, and 𝑟𝑗 represents the distance between the acoustic centre 

of the radiating element 𝑗 to the evaluation point (position of the receiver). 

 

4.  FILTER CONSTRUCTION 

 

4.1 Sound source directivity 

The source directivity 𝑄𝑆 in this example is computed by the formula of a cardioid 

source. The directivity is normalised to guarantee that ∫ 𝑄𝑆(𝜃, φ)𝑆
= 4𝜋 for 𝜃 = [0, 𝜋] 

and φ = [0,2𝜋]. 
 

4.2 Room impulse response synthesis 

We have adopted a procedure to synthesize ℎ(𝑡) from the reverberation time, 

𝑇, to include the effects of absorption of room boundaries as well as to simulate an 

equivalent real room. The approximated ℎ(𝑡) is obtained through a linear 

combination of filtered exponential decay signals. Consider the signal, 𝑔(𝑡, 𝑇) as 

given in Equation 12, with 𝑛(𝑡) as a normally distributed random variable having 

zero mean and unit standard deviation. The signal 𝑔(𝑡, 𝑇) decays 60 dB for each 𝑇 

seconds for all frequency bands. 

 

𝑔(𝑡, 𝑇) = √
2 𝑙𝑛103

𝑇
∙ 𝑒−𝑙𝑛10

3 𝑡
𝑇 ∙ 𝑛(𝑡) (12) 

 

The factor √
2 𝑙𝑛103

𝑇
 in Equation 12 normalizes 𝑔(𝑡, 𝑇) in energy. From the linear 

combinations of filtered signals, 𝑔(𝑡, 𝑇), the impulse response ℎ(𝑡) is synthesized, 

which then decays at different rates for each frequency band (Equation 13). 

 

ℎ(𝑡) =∑𝛼𝑘 ∙ 𝑔(𝑡, 𝑇𝑘) ∗ 𝐹(𝑡, 𝑘)

∀𝑘

 (13) 

 

Here, 𝑇𝑘 is reverberation time and the function 𝐹𝑘(𝑡, 𝑘) is a set of band-pass filters 

in time domain for each 𝑘𝑡ℎ one-third octave band. The function 𝑔(𝑡, 𝑇) tends to a 

white spectrum because of a convolution of the Fourier transform of 𝑒−𝑙𝑛10
3 𝑡

𝑇 and a 

white spectrum of 𝑛(𝑡). However, there appear slight variations in the spectrum of 

ℎ(𝑡) due to the statistical nature of 𝑛(𝑡), that must be compensated by 𝛼𝑘 given in 

Equation 14. 

 

𝛼𝑘 =
√𝑓𝑘 (2

1
6 − 2−

1
6)

√∫ (𝑔(𝑡, 𝑇𝑘) ∗ 𝐹𝑘(𝑡, 𝑘))
2
𝑑𝑡

∞

−∞

 (14) 

 



 

 

4.3 Source room sound pressure level at boundaries 

The synthesis of source room impulse responses to the surface elements is 

necessary to include the effects of absorption of room boundaries as well as to simulate 

the cases where an equivalent real room is not present (for outdoor sources). In the source 

room, the time-domain representation of the energetic form of Equation 6 is given in 

Equation 15, from which the sound pressure inside the source room at any point and on 

its walls is calculated. 𝑠(𝑡) is source signal normalized in power and ℎ𝑆,𝑖(𝑡) is 

energetically normalised impulse response of the source room [9]. 

 

𝑝𝑆(𝑡) = √𝜌𝑐√𝑃𝑎 ∙ 𝑠(𝑡) ∗ (√
𝑄𝑆

4𝜋𝑟𝑖
2 ∙ 𝛿 (𝑡 −

𝑟𝑖
𝑐
) + √

4

𝐴𝑆
∙ ℎ𝑆,𝑖(𝑡)) (15) 

 

As the integral inside Equation 8 is represented by 𝐹𝑖 can be approximated 

numerically, for not very large elements and in not very close positions to the walls. This 

integral is obtained by assuming that 𝑄𝑆, 𝑟 and 𝜃 do not vary significantly along 𝑆𝑖, 
therefore these factors are taken out of the integral in Equation 16. 

 

𝐹𝑖 ≈
𝑆𝑖𝑄𝑆,𝑖

4𝜋𝑅𝑖
2
|cos 𝜃𝑖| (16) 

 

The vector 𝑅𝑖 is the distance from the source to the centre of element 𝑖, with an incidence 

angle 𝜃𝑖 and 𝑄𝑆,𝑖 denotes mean directivity value for 𝜃𝑖. In this method, the integral 𝐹𝑖 is 

numerically calculated by the adaptive Simpson’s integration method. The incident power 

on the element 𝑖, given in Equation 9, is represented by its corresponding instantaneous 

incident sound power in time domain in Equation 17. 

 

𝑊𝑆,𝑖(𝑡) = √𝑃𝑎 ∙ 𝑠(𝑡) ∗ (√
𝐹𝑖
4𝜋
∙ 𝛿 (𝑡 −

𝑟𝑖
𝑐
) + √

𝑆𝑖
𝐴𝑆
∙ ℎ𝑆,𝑖) (17) 

 

4.4 Sound field in the receiving room 

In [3, 4], the radiating elements in the receiving room are represented by single 

point sources. In the improved model, each radiating element 𝑗 is represented by a set 

of evenly distributed point sources on its surface. The acoustic power of the radiating 

element 𝑗 is distributed homogeneously among point sources by a factor 
2

𝑁𝑗
, [9]. After 

calculating ℎ𝑅,𝑗(𝑡) as an energetically normalized impulse response of the receiving 

room for a radiating element 𝑗, the contribution of the transmission path 𝑖𝑗 to the 

instantaneous sound pressure is computed by Equation 18. 

 

𝑝𝑅,𝑖𝑗(𝑡) = √
𝑃𝑎𝜏𝑖𝑗𝑆𝐷𝜌𝑐𝑜

𝑆𝑖
∙ 𝑠(𝑡) ∗

(

 
 
 √

𝑄𝑗 ∙ 𝐹𝑖

16𝜋2𝑟𝑗
2 ∙ 𝑯𝑹𝑰𝑹(𝜽𝒋, 𝝋𝒋) + √

𝑄𝑗 ∙ 𝑆𝑖

4𝜋𝑟𝑗
2𝐴𝑆

∙ 𝒉𝑺,𝒊 (𝒕 −
𝒓𝒋

𝒄
) +

√
𝐹𝑖
𝜋𝐴𝑅

∙ 𝒉𝑹,𝒋 (𝒕 −
𝒓𝒊
𝒄
) + √

4𝑆𝑖
𝐴𝑆𝐴𝑅

∙ (𝒉𝑺,𝒊(𝒕) ∗ 𝒉𝑹,𝒋(𝒕))
)

 
 
 

 (18) 

 

Here, all ℎ(𝑡) are statistically valid for all points inside both the source and 

the receiving rooms that is why ℎ(𝑡) can be synthesized before implementing the 



 

 

auralization filter chain. However, as it can be assumed that ℎ(𝑡) does not vary 

significantly for different source/receiver positions, hence, ℎ𝑅,𝑗(𝑡) and ℎ𝑆,𝑖(𝑡) can be 

computed independently to avoid coherent interferences in the reverberant field 

coming from different radiating elements [6]. 

 

5. PERFORMANCE OF ALGORITHM 

The real-time algorithmic processes for auralization are evaluated in terms of 

computational costs for each step involved. The processing time is calculated for 

main algorithm that are involved in real-time computations. All computations are 

performed on desktop personal computer featuring an Intel Core i7-7700 CPU @ 

3.60 GHz multi-core with 16GB RAM, Windows 7 (64-bit) operating system. 

Figure 2 shows plots for the latencies calculated for two main real-time 

processes. The first process includes computation of energies hitting at the surfaces 

of the each element 𝑖 of source room that varies with the change in position and 

orientation of the source in real time and updating source room impulse responses 

for each element 𝑖. The second process involves the receiver room updates including 

receiver room impulse responses updating, handling of multiple secondary sources 

with HRTF updates due to receiver movements. In Figure 2a, the latencies of second 

process (real-time receiver room updates) are plotted. The computational cost 

increase exponentially with increase in the number of secondary on each element 𝑗. 
Figure 2b show the real-time computational cost for source room. 

 

 
Figure 2: Filter updated for a) secondary sources in the receiving room b) surface elements in 

the source room 

 

 

6. RESULTS 

 

6.1 Visualization of direct irradiation 

To visualize the sound pressure level in receiving room, it is selected a plane 

at 1.5 m above the floor inside the source and the receiver rooms for two positions 

and orientations of the sound source. First, the direct part of the final room impulse 

response is taken into account and the reverberation of the source as well as for the 

receiving rooms is excluded. Figure 3 and Figure 4 describe the spatial variation of 

the sound field inside the source room and the receiving room and provides a more 

detailed description of the sound transmission between the two rooms. 

In Figure 3 the sound source is placed at the centre of the source room and 



 

 

facing directly towards the separating element (main partition) of two rooms. 

 

 
Figure 3: Sound pressure level at 𝑧 = 1.5𝑚 height in source and receiving room for the 

direct part of sound field. 

 

In Figure 4, the sound source is placed near the left wall and facing towards 

it. The receiving room sound pressure level, 𝑆𝑃𝐿, for all paths clearly shows the 

effect of orientation and position of the source in receiver room. Here the 

contribution of the 𝐷𝑑 path is small as compared to the contribution of 𝐷𝑑 path in 

Figure 3. The difference between average SPL on the partition between both cases 

in 4.2dB. 

 

 
Figure 4: Sound pressure level at z = 1.5 m height in source and receiving rooms for the 

direct part of sound field. 

 

6.2 Visualization of total SPL (direct and diffuse part) 

Similarly, the reverberation of the source room and the receiving room are 

included in the sound pressure level calculations. The same procedure for 

visualization is applied for both source and receiving room as mentioned in the 

previous section. 



 

 

 
Figure 5: Sound pressure level at 𝑧 = 1.5 m height in source and receiving room for 

direct and reverberation part of sound field. 

 

In contrast to the results presented in Figure 3 and Figure 4, where the sound 

source is place at the same position and just in different orientation, Figure 5 and 

Figure 6 show the effects of source orientation and position. The energy for all 

transmission paths is added and compared. Here we can conclude that in this case 

the diffuse part of the sound field smoothens the distribution of the SPL, so that the 

difference between average SPL on the partition between both cases is just 0.5dB. 

 

 
Figure 6: Sound pressure level at 𝑧 = 1.5 m height in source and receiver room for direct 

and reverb part of sound field. 

 

6.3 Verification of the standardized level difference (𝑫𝒏𝑻) 

The validation of proposed method in compliance with the ISO 12354 

prediction model is shown by computing the 𝐷𝑛𝑇 from the simulated sound pressure 

values obtained for five different source and receiver positions, and by determining 

the reverberation time of receiving room (according to ISO 140). In Figure 7, the 

computed 𝐷𝑛𝑇 are shown for five random source positions and five random receiver 

positions. The mean value of the “simulated measurement” of 𝐷𝑛𝑇 obtained from 



 

 

this approach agrees well with the input data of 𝐷𝑛𝑇. Moreover, the 𝐷𝑛𝑇 values for 

the walls when considered as point sources are also computed and compared. 

 

 
Figure 7: Level difference between source and receiver room for all paths 

 

7.  CONCLUSIONS 

In this paper, we introduced an extended approach for auralization of sound 

insulation taking into account the source as well as receiving room acoustics and 

more detailed source information. The results of spatial variation of sound pressure 

on the building elements are presented using the knowledge of sound propagation 

theory in closed spaces. Room impulse responses for source and receiver rooms are 

synthesized from one-third octave band values to incorporate the reverberation 

effects in accordance with the absorption and geometries of the rooms. Therefore, 

this approach enables us to experience more realistic loudness, coloration and 

binaural impression of the sound transmission at the receiver by updating the sound 

source directivities and source and receiver positions in real-time. In addition, 

considering building elements as many secondary sources may help to include a 

more realistic directional cue of sound incidences. The results of real-time 

performance of algorithm in terms of latencies make it possible to render the sound 

insulation by taking into account the reasonable number of multiple point sources. 

Furthermore, in our ongoing research it is intended to address the challenges of 

bending wave patterns on the surfaces of walls and take into consideration outdoor 

moving sources in order to represent a complete building acoustics auralization 

framework integrated with virtual reality using audio-visual technology. The final 

goal is to provide a systems for psychoacoustic assessment of the impact of noise in 

buildings on humans in an ecologically valid manner. 
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