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ABSTRACT
In ISO 3382 omni-directional sound sources with a restricted frequency range is demanded to
measure room-acoustical parameters. To record room impulse responses (RIR) for auralisation
purposes, an extended frequency range is required which is not covered by commercial omnidirectional sound sources like building acoustics dodecahedron loudspeakers. To obtain this
target, a dodecahedron loudspeaker with dedicated sources for low, mid, and high frequencies
was designed, providing a smooth omni-directionality up to 5 kHz and an usable frequency
range from 40 Hz up to 20 kHz. However, sources like musical instruments have individual and
sometimes pronounced directivities. For a more realistic auralisation these directivities should
be included [1]. To cover the directivity of different instruments during the measurement
procedure, a sound source with adjustable directivity is required. Loudspeakers with equally
distributed transducers on a spherical cabinet can be used if the transducers are driven
individually. To achieve the desired directivity, the input signals must be filtered individually for
each driver with respect to the target directivity [2]. There are several disadvantages connected
to this method, mainly the impracticability of measuring different directivities at once. Moreover,
the process of adjusting the directivity holds several uncertainties and hence is imprecise.
INTRODUCTION
Rooms, especially concert halls, have a decisive influence on the sound of voices and
instruments. The reasons for this are the reflections of the sound waves at the room’s
boundaries. In consequence, the room impulse response (RIR) and, moreover, the binaural RIR
characterising the transfer path between the source and the receiver is based on a complicated
three-dimensional process. Using omni-directional sources like the mentioned ISO 3382
sources may be adequate to derive physical parameters but is questionable with respect to
auralisation since natural sources have individual and pronounced directivities (see Figure 1).
For a true comparison of different concert halls, the
consideration of the room acoustical parameters just
mentioned, and here above all the reverberation
time, clarity, degree of lateral sound, and sound
intensity measure, is usual. Apart from the
reverberation time, which will presumably still serve
as a discernible criterion for normal concert visitors,
all the other parameters are only comprehensible
and interpretable by room acousticians. However,
plausible and for almost everybody comprehensible
is a direct comparison of acoustics through listening
in a concert hall. It is just unfortunate that it is hardly
Figure 1: Sound radiation characteristics of a possible to be in two places at the same time and
violin player at mid frequencies.
that coincidentally the same musicians are
performing the same music in the same quality. It is
due to this problem that ambitious plans for an objectified subjective comparison of concert halls
failed in the past. The comparison becomes substantially simpler when only the impulse
responses of the rooms are recorded and then convoluted in a laboratory with suitable test
signals (e.g. sounds of instruments, short presentations of orchestras, etc.) recorded without

any reverberation. If a stereophonic dummy-head microphone is used during the measurement
of the impulse response, then a listener equipped with headphones will virtually be able to put
him or herself in the very position in the concert hall where the impulse response was recorded.
Switching between different positions in a hall or between different halls is then easily possible.
Since musical instruments do not radiate their sound omni-directionally, the impulse response
measured from an omni-directional source is not a perfect representation of the acoustics,
because the orientation of the instrument in the room would not be captured by this
measurement. This becomes especially important when the hall is arranged in such a way that
the listeners may be seated around the stage. The directivity of a violin, as shown in Figure 1,
demonstrates that the people sitting behind the musician are at a disadvantage.
In auralisation the use of binaural RIR is quite common and the computation technique provides
any desired directivity of the source easily. To include directionality of the source is,
nevertheless, seldom found mainly due to the lack of multi-channel anechoic recordings that
provide directional information of each instrument. Rindel et al. showed [1], that it is worth to
include the directivity of instruments and that the perceived sound is more natural due to this
effort. Rindel proposed his method for the simulation of room acoustics with computer models. It
is obvious that the findings also hold for comparisons of real rooms and that it is an important
issue to include the source characteristics during the measurement procedure for the RIR. The
main question is how to perform these measurements most efficiently.
THE SOUND SOURCE
Sound source for auralisation purpose
As mentioned before the very common building acoustics loudspeakers (mostly of
dodecahedron type and originally constructed to provide a maximum of output power in the
frequency range of building acoustics, say 100 Hz – 5000 Hz) do not meet the requirements for
measuring RIR for auralisation. The frequency response would be difficult to equalize and the
deviation from the spherical radiation increases very fast above 1.5 kHz [3].To cover a wider
frequency range and to maintain a smoother spherical radiation a 3-way design - shown in
Figure 2 - was proposed [4].
Unfortunately, for the measurement
of a particular RIR for an instrument,
the omni-directionality is nothing that
qualifies this kind of sound source.
However, the question arises, if the
design of a multi-source loudspeaker
which is already available cannot be
used for the aimed directivity by
individually driving the transducers in
the cabinets. This question was
already discussed by Warusfel et al.
Figure 2: Three-way measuring loudspeaker with spherical
[2]. The paper describes the
sound radiation (up to 6 kHz).
theoretical and practical approach to
A subwoofer is used to radiate frequencies from about 40 to
create a directivity of a musical
200 Hz, the larger dodecahedron cabinet can be used in the
instrument by using four subsets of
range from 100 Hz up to 2000 Hz, and the small sphere
three transducers out of 12 that are
operates in the range from 1000 Hz up to 20 kHz (up to 5 kHz individually driven by four amplifiers.
with good spherical radiation).
The frequency dependent weighting
is accomplished by FIR filtering. With
this method the source can be modelled by the independent superposition of 1 monopole and 3
dipole sources. The target directivity is decomposed into spherical harmonics up to 2nd order
which can be used to adjust the weighting factors of the four sets of transducers. However, this
method based on the assumption that the radiation and that the directional patterns of the
different drivers are independent from each other which in general is a doubtful presumption.
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The source directivity as a result of interference of individual transducers
To achieve directivity with non-spherical characteristics using a dodecahedron loudspeaker is
possible if each driver is fed by an individual amplifier with independently adjusted amplitude
and phase. At first glance this seems to be a simple solution and the calculation as well seems
to be straight forward since it is allowed to simply superimpose the directivities of each single
driver to yield the total radiation. The directivity of a single driver could be measured or even
more simple approximated mathematically for low frequencies with a piston source at a certain
location on the spherically adopted cabinet. Unfortunately, things are not that simple.
Several problems must be addressed if each transducer within the dodecahedron shall be
driven individually. For the mid-range dodecahedron the cabinet volume is shared between all
12 drivers and it is due to this, that each transducer virtually can use 1/12 of the volume as its
parallel compliance. The resonance frequency is typically raised to twice the open air resonance
or even more. But, this is only true if all transducers are driven in common movement. If half of
the transducers, for instance, move in the opposite direction, the entire cabinet compliance is
compensated and consequently the resonance frequency of the system is shifted back towards
the open air resonance. For other combinations any state in between can be achieved. The
consequence is an unpredictable frequency response due to mechanical loading of the
transducers by their own interaction in the cabinet. For the high frequency sphere this problem
is not present since all drivers use individually sealed cabinets. Now then, why not seal the midrange transducers from each other? First of all the mechanical effort is quite a bit since 30 walls
are needed which, in addition, annihilate some of the precious cabinet volume. Moreover, this
would not help for the second problem that exists for the tweeter unit as well. The loading
between adjacent drivers is a complicated matter which causes the radiation impedance of each
one to vary frequency dependent.
At low frequencies the radiation of each transducer is very close to spherical and the distance
between adjacent transducers is small compared to wavelength. Under these conditions the
radiation impedance can be calculated rather easily for certain situations. For identical
movement of the membranes each driver can be considered to radiate into 1/12th of the entire
solid angle of 4R and therefore the radiation impedance is equal to that into an equivalent
conical horn of infinite length. This assumption, unfortunately, only holds at the very low end of
the frequency range whereas at higher frequencies the distance between the drivers and the
directivity of a single membrane reduces the effect of mutual coupling. It is due to this that the
real radiation impedance of the source is difficult to predict. Corrections, most likely of empirical
type, would be needed to equalize the total output power or the main axis sound pressure level.
It is quite doubtful, that it will be an easy mathematical attempt to derive analytical corrections.
The method of spherical harmonics and the different approaches that are proposed by several
authors [2][7][8][9] all rely on the knowledge of the membrane velocity, which is not a direct
adjustable parameter with dynamic transducers. Both input values, either voltage or current, do
not directly lead to a known velocity in our application since the mechanical and acoustical load
conditions are not well defined. For
r r transducers the current is directly connected to the
r dynamic
force driving the membrane ( F = I ⋅ l × B ) hence the velocity is dependent upon the load
condition which is the addition of mechanical and acoustical load impedance:

r
v=

r r
I ⋅l × B
Z mech + Z acoust

Proposed method to achieve a directional sound source
The above mentioned considerations in combination with the required technical effort (12channel amplifier, specially modified dodecahedron loudspeakers etc.) lead to a method that
differs from the attempt measuring the RIR for one single instrument at a single blow. This
method is conceived mainly due to the described uncertainties, but, the method proposed is
more flexible, less expensive and even more precise. Each loudspeaker in the dodecahedron is
used as a single source (the rest should be short circuited) and all sources are driven one after
the other: first the mid-range unit, second the high-frequency unit in place of the mid-range unit
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to ensure an identical centre position. Each dodecahedron is mechanically adjusted to point into
a well-defined reference orientation. Finally all 12 transducers (times two for two frequency
bands) are driven in turn with the test signal to create a partial RIR consisting finally of 25
channels (12 high, 12 mid, 1 sub), each channel representing 1/25 of the entire RIR.
Several advantages emerge from this representation: First of all, the problems addressed above
are eliminated; since it is allowed to superimpose these measurements without any restrictions
if the directivities of the different transducers are know from measurements. Second, the
directivity of the instrument is calculated at the laboratory and this allows implementing any
desired directivity on the basis of a single measurement. Additionally, a dynamic adaptation of
the directional radiation during the auralisation would be possible. This includes the possibility to
rotate the source or to follow the movement of the player. The remaining question is: would it be
possible to model the directivity of any instrument satisfactorily with this loudspeaker setup.
THE TARGET DIRECTIVITY
Directivity of musical instruments

Figure 3: 3d-plots of the directivity of the trumpet (upper) and the singer (lower),
measured with the method as described in [6] and interpolated for 5° spatial resolution

The measurement of directional characteristics of instruments has been performed more than
once in the past and in different publications the results can be found. One in particular gives a
comprehensive overview of most instruments used in western style orchestras [5], but,
unfortunately the data are not available for numerical applications. A simple method using
simultaneous recordings of 24 channels is proposed [6]. The player has to generate wide band
signals with the instrument that are analysed with respect to a reference direction. The data are
interpolated and can be processed to provide spatial resolution to any demand (see Figure 3).
For the moment six different instruments (trumpet, clarinet, oboe, violin, viola, and flute) and the human
singer are available.
HOW TO CALCULATE FOR THE OPTIMUM DIRECTIVITY
The calculation of the desired directivity started with measurements of the directivities of the
loudspeakers with individually driving each single transducer and short circuiting the rest.
Hereby a set of 2*12 individual directivity data sets have been stored representing the source.
Different methods to combine the directivities to match seven measured directivities of
instruments have been studied and will be discussed below (the results are shown in Figure 5).
C Direct derivation of the driver coefficients using optimisation
The left column shows results that are derived with a straight forward optimisation method.
Starting at the lowest frequency (about 100 Hz) the coefficients for the 12 transducers initially
are identical (+1) and the target directivity is very smooth and almost spherical. The optimiser
aim for to minimize the overall error between measured directivity (at one frequency) by
adjusting the 12 coefficients (in the range between -1 to 1) of the source. The resulting source
directivity is calculated as the complex sum of the sound pressure of the 12 transducers. The
optimisation at the next higher frequency then starts with the coefficients from the frequency
below. This is reasonable since the directivity is only gradually changing when the frequency is
raised. In Figure 5 the red curves are for the large mid-frequency dodecahedron source and the
blue curves for the small one. At the crossover frequency at about 1400 Hz the error of the midrange unit starts to surge and the high frequency unit is required which allows good results up to
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almost 5000 Hz. However instruments with very pronounced directivities into a particular
direction (like wind-instruments) are difficult to match.
D

Idealised multi pole synthesis based on spherical harmonics decomposition
The measured directivities have been analysed
by spherical harmonics decomposition up to
high order numbers. However, with a dodecahedron source a synthesis only up to order 2 is
possible. Therefore the results up to order 2
have been used to synthesise an ideal, not
existing source. The centre column of Figure 5
shows the results for the 7 instruments as
dotted green lines. It is remarkable that the error
is quite low, even at high frequencies. UnfortuFigure 4: Spherical harmonics up to 2nd order: 1
nately this result cannot be applied to a real
monopole, 3 dipoles, and 5 quadri-poles
source since it neglects the real radiation, but
(Universidad de Oviedo, Departamento de
assumes the ideal directivity of the multi poles
Química Física y Analítica)
(see Figure 4) as frequency independent.
E Calculation of the dodecahedron coefficients from the multi pole coefficients
When the 9 coefficients for the multi poles are known it is possible to derive the coefficients for
the transducers in the dodecahedron system [7]. When the coefficients are applied and the
resulting source directivity based on measured single source directivities is calculated, the
resulting error becomes much higher, as can be seen in the centre column of Figure 5 where
the red and the blue curves are the squared mean error of the level for the real source. It is
obvious that this result is far worse than the result derived with direct optimisation (left column).
F Combined strategy (multi-pole synthesis with subsequent optimisation)
A subsequent optimisation starting with the results from the spherical harmonics synthesis as
described before yields the errors plotted in the right column of Figure 5. The only difference to
the method described in C) is that the coefficients derived in E) have been used as starting
values for each frequency. It is interesting that the error at low frequencies in general is lower
than in C) but it is surprising that this was achieved with starting conditions (method E) that are
as good or bad as those found in C). Moreover, the ‘noisy’ curves of the error show that it
seems to be meaningful to take the result from the frequency below as a starting condition.
CONCLUSIONS
Dodecahedron loudspeakers are adequate to simulate the directivity for most musical
instruments except those with very pronounced directional radiation like wind instruments where
the very high directivity is difficult to match. The proposed method to measure a multi source
RIR allows calculating the specific RIR for each instrument after the measurements are taken
which reduces the effort on location and offers a lot of flexibility. A spherical harmonics analysis
does not seem to improve the results that can be achieved by direct optimisation with measured
single source directivities. Further investigations will be needed to verify that the time variance
in large concert halls does not constitute limitations on the sequential measuring procedure.
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Figure 5: Squared mean error in dB (ordinate axis) over frequency for the radiated sound pressure
adopted with different approaches for the coefficient generation. Left column: C) direct optimisation with
measured single source radiation. Centre column: spherical harmonics synthesis up to 2nd order with D)
ideal radiation conditions (dotted green) and E) conversion into loudspeaker coefficients (red and blue).
Right column: F) Subsequent optimisation starting with coefficients from E)
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