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Abstract

It has been reported that Direction-of-Arrival (DoA) distribution of reflected
sounds is not isotropic in late reverberation. However, it is not clear how room
characteristics contribute to the anisotropic DoA distribution. In this paper,
the relation between DoA distribution in late reverberation and room charac-
teristics is analyzed by using geometrical acoustic simulation and plane wave
decomposition. The computational results showed that the DoA distribution in
late reverberation is biased depending on the arrangement of absorptive surfaces
and the shape of the room while the source position does not have prominent
effects.

Keywords: Direction-of-Arrival, late reverberation, plane wave

decomposition, decay cancellation

1. Introduction

In auditory perception in room acoustics, Direction-of-Arrivals (DoA) of
reflected sounds is one of the important factors because it has prominent effects
on spatial impression of sound sources and an acoustic field, such as auditory
source width (ASW) [1] and listener envelopment (LEV) [2, 3]. However, for late
reverberation, diffuse sound field is often assumed. Actually, classical theories
of reverberation [4, 5] assume perfectly diffuse field, in which DoA of reflected
sound is assumed to be isotropic at any position in the sound field. However,

actual sound field can never be perfectly diffuse.
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Recent studies have reported that DoA distribution of late reverberation
is not isotropic in real measurements using C-C method [6, 7] or plane wave
decomposition [8, 9]. In late reverberation, many sound waves arrive simul-
taneously or at very close intervals. While a lot of microphones are required
for plane wave decomposition, it is able to estimate the DoAs of multiple soud
waves that arrive simultaneously from different directions. The authors also
have proposed a method for DoA distribution using plane wave decomposition
and decay cancellation [10]. In [10], real measurements were performed in a
multipurpose hall, and the DoA analysis showed that DoA distribution of late
reverberation is anisotropic at any frequency and any receiver position, which
is more prominent as time passes.

However, it is not clear how anisotropic DoA distribution in late reverbera-
tion is characterized by physical properties including shape of a room, absorptive
surface in a room, source position, and receiver position, while the real measure-
ment and DoA analysis performed in [10] implies that the DoA distributions in
late reverberation is affected by the acoustic absorption of the room.

In order to further explore what and how acoustic characteristics of the room
and positions of source and receiver have an impact on the DoA distribution in
late reverberation, this paper performs geometrical acoustic simulation which
replicates the real measurement in the authors’ previous study [10] and enables
a parametric study with various absorption coefficients of surfaces in the room.

Section 2 describes a method for analyzing DoA distribution from spherical
microphone array response based on the plane wave decomposition and decay
cancellation. Section 3 briefly introduces the analysis result of the DoA distri-
bution from the real measurements performed in a multipurpose hall. Section 4
demonstrates analysis results from geometrical acoustics simulation applied to a
simplified model of the hall examined in Section 3. Sections 5 and 6 respectively

discusses and concludes the results obtained in the current study.
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2. Method

2.1. Plane wave decomposition

Plane wave decomposition is a method to represent the sound field as a
superposition of plane waves, which is used to estimate DoA [11, 12, 13, 14]. In
the following, plane wave decomposition is introduced according to [11].

Consider the sound pressure of a unit-amplitude plane wave which arrives
from the direction (6}, ¢;) with the wave number k. The sound pressure observed

at (0, ¢,r) is given by

pl(9,¢77") = Z Z bn(kT>YT:n(9,¢)YTZn*(91’¢l), (1)

n=0m=-n
where Y,7*(¢, 0) is spherical harmonics function with the degree n and order m,

and for an open spherical array, b, (kr) is
b (kr) = 47" ji (kr), (2)

where i = v/—1, and j, is the n-th order spherical Bessel function.
Assuming that the sound field is composed by an infinite number of plane

waves, the sound pressure observed at (6, ¢) can be written as

(0, 6,7) = /Q (0,67} 3)
1€82

where wy is the plane wave coefficients. The spherical harmonics decomposition

of p(0, ¢,r) can be written as

p(e, ¢7T) = Z Z pannm(97 ¢) (4)

n=0m=—n
Using Egs. (1), (4), and the spherical harmonics decomposition of w;, w; can

be written as
n

w=3 3 Y66 (5)

n=0m=-—n

Here, w; represents the amplitude and phase of the plane wave arriving from
the direction (6;,¢;). Therefore, the DoA distribution can be estimated from

this equation.
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2.1.1. Truncation order

In most practical situations, w; is calculated from the following formula:

n=0m=-—n

Pnm  rm
bn(k"l") Yn (9l7 le)a (6)

where N is the truncation order. In case that the microphones are distributed
equally, to ensure a truncation of spherical harmonics decompositions to N, it

is necessary to use M microphones, where [15]:

M > (N +1)? (7)
and the spatial resolution g [rad] is given by

2tp >~ 27 /N (8)

The radial function b,,, Eq. (2), are plotted in Fig. 1, demonstrating that the
amplitude approaches to zero as the order of b, (kr) increases when kr is small.
To prevent divergence of 1/b,(kr) in Eq. (6), b, > 0 is required. Moreover, in
order to avoid the spatial aliasing, the upper frequency is limited by kr < N.

From the reasons mentioned above, the upper and lower limits of frequency
and the truncation order N are restricted due to the number of microphone M

and the radius of the microphone array 7.

2.2. Decay cancellation

In this paper, we take an average of amplitudes of the plane waves in each
direction over time for a period of interest, such as from 80 ms to 160 ms after the
direct sound arrives, in order to analyze DoA distribution in late reverberation.
However, the results would be affected more by earlier part in the time windows
because the amplitude generally attenuates as time passes. Then we introduce
decay cancellation [16].

Consider the decay cancellation of the impulse response p(t). The decay

curve E(t) of p(t) is given by

E.(t) = / " p(r)dr. (9)
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Figure 1: Amplitude of b, (kr)
Then the decay-cancelled impulse response ¢(t) is defined as
p(t)
g(t) = (10)

E(t)
3. Measurement analysis

In this section, the results of the analysis from real measurements in a mul-

tipurpose hall [10] is introduced.

3.1. Measurement set

A spherical rigid microphone array, with 64 omnidirectional microphones
arranged equally on a sphere based on Fibonacci-spiral [17] and 50 mm radius,
was used in this measurement. Impulse response was measured in a multi-
purpose hall, Hardy Hall in Doshisha University, Japan. The positions of the
loudspeaker (Genelec, 1037C) and the microphone array are arranged, which
are shown as S1 and R, respectively, in the simplified hall model, illustrated in

Fig. 2. The samping frequency was 48,000 Hz.
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3.2. Procedure

In the first step, the impulse responses measured using a spherical mi-
crophone array were converted to time-frequency domain by using short time
Fourier transform (STFT). Here, 256-samples Hanning window with 50-samples
overlapping was applied. Next, plane wave decomposition was applied to the
signals. Third, the distance decay was canceled by using decay cancellation.
In the decay cancellation, the decay curve in Eq. (10) was calculated by us-
ing the omnidirectional component of the signals obtained in the previous step.
Finally, the signals were extracted for a period of interest and then averaged.
The results are shown in color maps using Mollweide projection, where latitude
and longitude correspond to elevation and azimuth, respectively; a direction of
0-degrees azimuth and 0-degrees elevation corresponds to frontal direction; the
mark x represents the source direction. The results show the time transition of

the DoA distributions with 80 ms time windows.

3.3. Measurement results

Figure 3 depicts the DoA distributions analyzed in the octave band with
center frequency 4,000 Hz and truncation order N = 4. It can be found that
the distributions are biased toward the frontal hemicircle in the horizontal plane
with 0 degrees elevation after a certain period of time. The anisotropic DoA

distribution is more prominent as time passes.

4. Simulation

Geometrical acoustic simulation was performed using CATT-Acoustic (9.1b,
TUCT v2.0a). Figure 2 shows the model including the positions of the sound
sources (S1, S2, and S3) and the receiver (R). A spherical open microphone
array, with 64 omnidirectional microphones arranged equally on a sphere of
50 mm radius based on Fibonacci-spiral [17], was assumed in this simulation.
Omnidirectional sound sources were arranged at S1, S2, and S3, whose relative

positions from the receiver were (13.0, -1.25, 0.0), (-3.25, -6.25, 2.0), (0.75, 1.25,
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Figure 2: Computer model used for the geometrical acoustic simulation

0.0) m, with z axis corresponding to the front and y axis corresponding to the
left. The sampling frequency was 48,000 Hz. The acoustic absorption coefficient
of each surface was set according to Table 1, and was constant regardless of
frequency. The scattering coefficient of each surface was 0 at all conditions, and
the calculation was performed with Algorithm 1 [18].

The calculated impulse responses were analyzed in the same way as the mea-
sured impulse responses in Section 3. For the reasons mentioned in Sec. 2.1.1,
we analyze the DoA distributions in the octave band with center frequencies

1,000, 2,000, and 4,000 Hz and truncation order N = 2, 2, and 4, respectively.

5. Results

Figures 4 - 10 depict the simulation results. The DoA distribution is analyzed
in the octave band with center frequency of 4,000 Hz and truncation order
N = 4. The truncation order N = 4 was set to prevent divergence of 1/b,,(kr)

in Eq. (6). The scale of the colormap is normalized to the mean value.

5.1. Inhomogeneous absorption
Figure 4 demonstrates that in condition A in which the acoustic absorption

coefficient of the floor is high (0.8), the DoA distribution in late reverberation
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Figure 3: Measurement results (4,000 Hz)

is biased toward 0 degrees elevation.

Figure 5 illustrates that in condition B in which the acoustic absorption
coefficient of the ceiling is high (0.8), the DoA distribution is also biased to-
ward 0 degrees; however, the direction in which the energy of reverberation is
concentrated is slightly higher than case A

Figure 6 shows that in condition C in which the left wall has a high acoustic
absorption coefficient (0.8), the DoA distribution is biased toward the front of

the median plane.

5.2. Homogeneous absorption

Figure 7 shows that the DoA distribution is biased toward 0 degrees elevation
in condition D in which the acoustic absorption coefficients of all surfaces are
0.2. Compared to conditions A and B, the bias is weak.

Figure 8 shows that the DoA distribution is almost isotropic in condition E

in which the acoustic absorption coefficients of all surfaces are 0.
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Condition Floor Ceiling Left wall Right wall Source
A 0.8 0.2 0.2 0.2 S1
B 0.2 0.8 0.2 0.2 S1
C 0.2 0.2 0.8 0.2 S1
D 0.2 0.2 0.2 0.2 S1
E 0 0 0 0 S1
F 0.8 0.2 0.2 0.2 S2
G 0.8 0.2 0.2 0.2 S3

Table 1: Acoustic absorption coefficient in the simulation

5.8. Effect of sound source position

From Figs. 9 and 10, it can be seen that the DoA distribution in late
reverberation basically does not change when the sound source position changes.
The DoA distribution is still biased toward 0 degrees elevation. Even when the

sound source is close to the receiver, the DoA distribution hardly changed.

6. Discussion

6.1. Comparison between measurement and simulation

There are upholstered seats which have high absorption coefficient on the
floor in the hall; that is, the acoustic absorption coefficients of condition A is
similar to those in the real measurement. Comparing Figs. 3 and 4, it can be
found that the DoA distribution of condition A in the late reverberation are
similar to that of the real measurement, suggesting that the current simulation
is valid.

The DoA distribution in late reverberation is biased when the acoustic ab-
sorption coefficient for a surface is higher than the others. On the other hand,
the DoA distribution in late reverberation is almost isotropic when the acous-
tic sound coefficients for all surfaces are 0. In other words, the sound field is
almost diffused when all surfaces do not absorb sound. These results suggest

that reflections in late reverberation arrive almost equally from all directions,
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Figure 4: Condition A (Acoustic coefficient for the floor surface: 0.8, and that for the other

surface: 0.2, Sound source position: S1)

but each reflection has different energy because of the acoustic absorption at
each surface.

However, the DoA distribution is biased when the acoustic absorption coef-
ficients for all surfaces are 0.2. This result implies that the shape of the room
also affects the DoA distribution in late reverberation. The distance between
the ceiling and the floor is shorter than the distance between the back wall of
the stage and the rear wall of the hall (See Fig. 2). It is supposed that the
sounds which are reflected repetedly among the ceiling and the floor are ab-
sorbed more than those in other propagation paths, and they attenuate faster
than the others.

The comparison among source positions reveals that the source position does
not lead to prominent variation in the DoA distributions. This implies that the
DoA distribution in late reverberation does not depend on the sound source
position.

The results suggest that the DoA distribution in late reverberation might

10
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Figure 5: Condition B (Acoustic coefficient for the ceiling surface: 0.8, and that for the other

surface: 0.2, Sound source position: S1)

be useful for analyzing acoustic characteristics of a room. By analyzing DoA
distribution in late reverberation, it may be possible to roughly estimate acoustic

characteristics of a room with one or several measurements.

6.2. Frequency dependence

Figures 11 and 12 show the DoA distribution for Condition A analized in
the octave bands with center frequency of 1,000 and 2,000 Hz. The truncation
order is 2 for both of them. The DoA distributions analized at 1,000 and 2,000
Hz are also biased towards O degrees elevation. Compared with Fig. 4 for
the center frequency of 4,000 Hz, the DoA distributions of late reverberation
are almost same even when analyzed at different frequencies. The cause of
the slight difference between them is the directivity pattern varying with the
truncation order.

For this simulation, the absorption coefficient was constant regardless of fre-
quency. Therefore, it can be considered that DoA distribution in late reverber-

ation does not depend on the frequency. It should be noted that the absorption

11
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Figure 6: Condition C (Acoustic coefficient for the left wall surface: 0.8, and that for the

other surface: 0.2, Sound source position: S1)

coefficients in actual environments are variable depending on frequencies, which

lead to frequency-dependent DoA distribution.

6.3. Effect of decay cancellation

Figure 13 shows the results with and without decay cancellation for a case
of 800-ms time window. Figure 13 depicts the DoA distribution for Condition
A analized in the octave band with center frequency of 4,000 Hz without decay
cancellation. Comparing Figs. 4 and 13, the analysis results are almost same.
In this simulation, the time window length was 80-ms. The length of the time
window is relatively short, thus, the effect of decay cancellation is limited.

Figure 14 demonstrates that, for 800-ms time window, the DoA distribution
varies between the results with and without the decay cancellation; the influence
of decay cancellation is more prominent in earlier time windows. This indicates
that, in the room currently examined, the DoA distribution is more variable in
the earlier part, which thereby yielding greater deviations between the results

with and without the decay cancellation in earlier time windows.

12



220

225

230

0~80ms 80 ~ 160 ms 160 ~, 240 ms 240 ~ 320 ms

Amplitude [dB]

Figure 7: Condition D (Acoustic coefficient for all surface: 0.2, Sound source position: S1)

Therefore, decay cancellation would be useful for analyses with relatively
long time window depending on purposes of the study. While its effect is limited
in the current study employing 80 ms time window, the authors included the
decay cancellation to the analysis method for enhancing its general versatility.

Furthremore, it should be noted that the decay cancellation is applicable
only to impulse responses, which is the case in this study. For source signals
that have a certain temporal duration, multiple direct and reflected sounds
having different propagation delays are superimposed in room response signals.
In such a case, therefore, the decay cancellation as in [7] and current study is

not applicable.

7. Conclusion

In this paper, the relation between the DoA distribution in late reverberation
and the properties of a room has been analyzed. The analysis from geometrical
acoustic simulations was conducted. The results showed that the DoA distri-

bution of late reverberation is biased toward a direction related to the acoustic

13
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Figure 8: Condition E (Acoustic coefficient for all surface: 0, Sound source position: S1)

absorption and the shape of the room while sound source position does not affect
the DoA distribution in late reverberation largely. Moreover, the results implies
that the DoA distribution in late reverberation might be useful for analyzing

acoustic characteristics of a room.
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Figure 9: Condition F (Acoustic coefficient for the floor surface: 0.8, and that for the other

surface: 0.2, Sound source position: S2)
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Figure 10: Condition G (Acoustic coefficient for the floor surface: 0.8, and that for the other

surface: 0.2, Sound source position: S3)
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Figure 11: Condition A analized in 1,000 Hz octave band
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Figure 12: Condition A analized in 2,000 Hz octave band
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Figure 13: Condition A analized without decay cancellation (80 ms time window)
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