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Estimating Direct-to-reverberant Energy Ratio
Using D/R Spatial Correlation Matrix Model

Yusuke Hioka, Member, IEEE, Kenta Niwa, Member, IEEE, Sumitaka Sakauchi, Nonmember,
Ken’ichi Furuya, Senior Member, IEEE, and Yoichi Haneda, Senior Member, IEEE

Abstract—We present a method for estimating the direct-
to-reverberant energy ratio (DRR) that uses a direct and re-
verberant sound spatial correlation matrix model (Hereafter
referred to as the spatial correlation model). This model expresses
the spatial correlation matrix of an array input signal as two
spatial correlation matrices, one for direct sound and one for
reverberation. The direct sound propagates from the direction
of the sound source but the reverberation arrives from every
direction uniformly. The DRR is calculated from the power
spectra of the direct sound and reverberation that are estimated
from the spatial correlation matrix of the measured signal
using the spatial correlation model. The results of experiment
and simulation confirm that the proposed method gives mostly
correct DRR estimates unless the sound source is far from the
microphone array, in which circumstance the direct sound picked
up by the microphone array is very small. The method was also
evaluated using various scales in simulated and actual acoustical
environments, and its limitations revealed. We estimated the
sound source distance using a small microphone array, which
is an example of application of the proposed DRR estimation
method.

Index Terms—Direct-to-reverberation energy ratio, D/R spa-
tial correlation matrix model, microphone array, sound source
distance.

I. INTRODUCTION

N analyzing characteristics of a reverberant environment,

estimating the direct-to-reverberant energy ratio (DRR) is
quite helpful because various acoustic parameters, such as
reverberation time, diffuseness, etc., can be calculated from it
[2]. Several methods are available for estimating DRR. The
most primitive way is to calculate DRR directly from the
impulse response. However, this requires measurement of the
room impulse response. Larsen et al. proposed a method for
estimating DRR from simply the short beginning part of the
impulse response [3], but it still necessitates prior processing
to identify the initial part of the impulse response. Falk et al.
[4] proposed a method that focuses on the long-term temporal
dynamics of speech signals. This method performs very well,
but it requires an a priori calculation of the relation between
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DRR and the overall reverberation-to-speech modulation en-
ergy ratio (ORSMR), which was proposed by the authors in
the paper. Obtaining this prior information might be laborious
because it changes depending on the acoustic environment.

DRR also has an important aspect relating to human hear-
ing. In the last few decades, many researchers have studied
the human auditory perception of the distance to a sound
source [5]-[9]. A recent summary paper on human hearing
has concluded that DRR may provide absolute distance in-
formation especially in reverberant environments, whereas the
direct sound can only provide relative distance information
[10]. Conventional instruments for measuring the sound source
distance include ultrasonic sensors and microphone arrays
[11]. Ultrasonic sensors are often used for measuring the
distance to a target; however, the reflected ultrasonic waves
used in the measurement can be scattered or reflected away
from the receiver’s (or ultrasonic sensor’s) direction if the
target has a round or uneven surface [12]. On the other hand,
although the use of a microphone array is not influenced by
the shape of the surface of the target, conventional methods
[13], [14] fail to correctly estimate the distance when the
environment has strong reverberation. This is because the
methods assume a model of input signal that do not take into
account the effect of reverberation explicitly.

As in the case of human auditory perception, the DRR may
be a cue to estimate the absolute sound source distance. In
fact, a few attempts exploiting the DRR to estimate sound
source distance have been reported. Lu et al. recently proposed
a procedure to derive DRR [15] in order to estimate the
sound source distance. They first estimated the energy of the
reverberant component by eliminating the direct component
through an equalization-cancellation (EC) technique. To elim-
inate the direct sound, the EC technique exploits the fact that
a large difference between the direct sound and reverberation
exists in the inter-channel (or spatial) correlation of the binary
input signal. Vesa proposed another method [16], [17] that
utilises the magnitude-squared coherence (MSC) instead of
DRR. Although these methods do not require one to perform
an impulse response measurement, they are only appropriate
for binaural input signals, which are strongly affected by the
human head related impulse response (HRIR). That is, they
have limited applicability to microphone array signals, which
consist from more than two microphones and have no effect
of HRIR. To the best of our knowledge, no DRR estimation
method using a microphone array has been reported.

The novelty of this paper is the proposal of DRR estimation
method that is the first attempts to use signals measured by



HIOKA et al.: ESTIMATING DIRECT-TO-REVERBERANT ENERGY RATIO USING D/R SPATIAL CORRELATION MATRIX MODEL 3

a general microphone array. It uses the direct and reverberant
sound (D/R) spatial correlation matrix model (called the spatial
correlation model hereafter). The spatial correlation model
assumes that the direct sound propagates from the direction
of the sound source but that the reverberation arrives from
all directions. Then, we calculate the DRR from the power
spectra of both components. These components are estimated
from the correlation matrix of the measured signals using the
spatial correlation model. We can utilise the estimated DRR
to calculate the sound source distance because DRR keeps its
one-to-one relation for a range of distances where the effect
of model error in the spatial correlation model is small.

This paper is organised as follows. In Sec. II, we intro-
duce the spatial correlation model and present a method for
estimating DRR based on the model. In Sec. III, we evaluate
the performance of the proposed method by measuring the
accuracy of the estimated DRR. In Sec. IV, we investigate the
influence of the physical environment on the performance of
the proposed method. Finally, in Sec. V, we show the results
of estimating the sound source distance by using the estimated
DRR. Comments on the outcome of this study and future work
conclude this paper.

II. DRR ESTIMATION BASED ON SPATIAL CORRELATION
MODEL

A. Direct and reverberant sound spatial correlation matrix
model

First, we decompose the impulse response between the
sound source and a microphone H(w) into two components:
the direct component Hp(w) and reverberant component
Hpg(w), as illustrated in Fig. 1. For the sake of simplicity,
we describe the impulse responses in the form of frequency
transfer functions where w denotes the frequency. Note that the
early reflections of the impulse response are also included in
Hpg (w). If we have an M-sensor microphone array, the input
signal of the m-th microphone expressed in the time-frequency
domain is given by

X, 1) = (BE @) + B @) S, 0

where ¢ denotes the temporal frame index and S(w,t) is the
short-time Fourier transform of the sound source. According
to this expression, the cross correlation between the p-th and
g-th microphones can be derived as

E[X(p)(w,t)X(q)*(w’t)]
=F [|S(w;t)|2 {H](Dp) (w)H[()Q)*(w) + HP({p) (W)H}({q)*(w)

+HP @) (@) + HY @) HYP" @) }] @)

where E[-] and % denote the expectation and complex con-
jugate, respectively. Now we put the following assumptions
on the input signal: the aperture size of the microphone array
is sufficiently small for recognizing the direct component as a
plane wave; the reverberant component is diffuse; and the cross
correlation between the direct and reverberant components
(the third and fourth terms on the right side of Eq. (2))
is sufficiently small. Under these assumptions, the spatial

H(w) Hp () Hr (®)
~—Direct sound
Early reflection
+
| Reverberatlon | |
| [|THINTI T | 1 >
Time Time Time

Fig. 1. Decomposition of impulse response.

correlation matrix [18] of the microphone array R(w) can be
approximated by two matrices, given by

R(w) = BE[X(w,t)X"(w,1)]
1 dy iy
v 1 v
~ Pp(w) ?1 . M
df\)/n dl]T42 T 1
1 T12 T1IM
T21 1 ToM
+Pr(w) ,(3)
rmMi Tm2 1
where
X(w) t) = [X(l)(wv t) X(Q) (wa t) T X(M) (wa t)]T (4)
dy, = exp (jk" - (r, —1,)), 5)
Tpg = sinc (wiﬂl‘p —rq||> , (6)
c

rm, ¢, and f are the coordinates of the m-th microphone,
the speed of sound, and the Hermitian transform, respec-
tively, and || - || is Euclidean distance. Furthermore, k in
Eq. (5) denotes the wave number vector [19] for the sound
source in the direction of (6, ¢) defined in Fig. 2, i.e. k =
¢ [sin @ cos ¢, cos 0 cos ¢, sin @] .

The first term on the right side of Eq. (3) expresses the
spatial correlation of the direct component. As there exists a
time difference of arrival between microphones in the cross
correlation of direct sound, the spatial correlation is expressed
by a simple phase difference. In the modelling of the second
term, we utilised the feature that the spatial correlation of
diffuse sound can be expressed by a sinc function [20]. In
Eq. (3), Pp(w) and Pg(w) are defined by

Pow) = E[S(w,t)]*[Hp(w)f],
Pr(w) = E[S(w,t)]’[Hr(w)f].

Because of the plane wave assumption, the magnitudes of
the transfer function for each microphone can be considered
to be identical, ie., |HP (W)[|HY (w)| = |Hp(w)? and
|HP) (w)||H? (w)| = |Hr(w)|?. Tn the rest of this paper, the
modelling of the spatial correlation matrix given in Eq. (3)
will be called the “spatial correlation model”.

B. DRR estimation using power spectra of direct and rever-
berant components
Since the microphone array configuration is initially known

and the direction of the sound source can be estimated by using
one of the conventional methods [11], we can calculate dgq
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and rp, in Eq. (3). We can then estimate the unknown power
spectra of the direct and reverberant components, Pp(w) and
Pr(w), by solving the simultaneous equations in Eq. (7),
which were derived by reformulating Eq. (3).

[ 1 1 1 [ R11 ((JJ) 1
dlf2 12 R12 (w)
dlfM rim PD (w) — RIM (UJ) (7)
dzpl 21 PR (w) R21 (w)
~——
1 1 P(w) RQQ'(W)
L 1 1 1 _RMM (w)_
—_———— —_————
F(w) R(w)

Here, R,q(w) in R(w) denotes the p-th row and g-th column
components of R(w), which can be calculated from the
observed measured signals. The estimated power spectra of
the direct and reverberant components are obtained by solving
Eq. (7) using the least-squares method:

P(w) = F*(w)R(w), @®)

where + and 7 are the Moore-Penrose pseudo inverse and

estimated value, respectively.
Finally, the estimated DRR is calculated from the estimated

power spectra f’]\g(w) and f’;{(w):

>, Po(w)

DRRestimate = 10 10g10 - = _ > )
o Pr(w)
where
Blw) = | oW (10)
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TABLE I
DEFAULT CONDITIONS AND PARAMETERS IN COMPUTER SIMULATION.

F's: Sampling frequency [Hz] 16,000
M: Number of microphones 8
Microphone arrangement circular
Diameter of array [cm] 12

a: absorption coefficient 0.15
Corresponding reverberation time [ms] | 0.55
Frame length [samples] 512
Frame shift [samples] 256
Window Hamming
SNR [dB] 00

Note that the estimation of the power spectra (Eq. (7)) uses
a lot of redundant equations. One possible solution to temper
the redundancy is to reduce the number of microphones, but
this affects the estimation accuracy, as discussed later in Sec.
III-C. Another possible way is to use only the upper or lower
triangle of the spatial correlation matrix because the triangle
consists of the conjugate values of the other. However, it
is not appropriate because using only the triangle results in
non-vanishing imaginary components which is not a realistic
estimate for a power spectrum.

1II. EVALUATION OF BASIC PERFORMANCE
A. Simulation settings and evaluation criteria

To evaluate the proposed DRR estimation, we performed
simulations of reverberant environments. Table I and Fig. 3
show the default parameters and physical positions of the
microphone array and loudspeaker used in the simulation.
The sound source was 3-s long Gaussian white noise, unless
otherwise stated, and the input signals of the microphone array
were prepared by convolving the simulated impulse response
generated by the image method [21]. The input signals in
the time-frequency domain X (™) (w,t) were calculated by
performing windowed short-time Fourier transform. The DRR
was estimated from a 3-s long multiple channel input signal.
Simulations were performed for 100 different Gaussian white
noise signals. oo for the SNR in Tab. I means the input
signal was noise-free; i.e., no noise signal was added to
the input signal, and all surfaces of the room had the same
absorption coefficient a.. The corresponding reverberation time
was calculated from the reverberation curve [22] of the given
impulse response.

The DRR itself is a ratio between two values; so it is
reasonable to evaluate the proportion of the estimate to the
correct value. Due to DRR is defined in units of decibels in
Eq. (9), the proportion between the estimated DRR and correct
DRR corresponds to the difference between DRRestimate and
DRRactual- Thus, as an evaluation criterion, we calculated the
DRR difference defined by

€EDRR = |DRRestimate - DRRactua1|; (1 1)

where the actual DRR is directly calculated from the impulse
response defined by

X, |HD<w>|2> w

PR = 010 (2
w
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Fig. 4.  Comparison of estimated and actual DRR in simulated room.

Lines with circles and squares in the upper graph show DRRestimate and
DRR,ctual, respectively. The remaining line shows the theoretical DRR in
a diffuse sound field, in order to show the difference between it and the
actual reverberations. The log DRR difference between DRRestimate and
DRRctual is shown in the lower graph.
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Fig. 5. Comparison of estimated (circles) and actual (triangles) power spectra
of direct sound and reverberation.

When the DRRestimate is identical to DRR a¢tuar, the proposed
method is considered to be completely successful in estimating
DRR, and the DRR difference eprg should be 0 dB. Further-
more, we also calculated the DRR according to established
diffuse sound field theory (DRR¢heory) [20], as

Aa
DRRtheory = 10 logw <W> . (13)
This value is used to show how the actual reverberation
differs from a completely diffuse field. Here, A and a, are
respectively the surface area of the walls and the average
absorption coefficient.

B. DRR estimation with default parameter settings

Figure 4 shows the results of DRR estimation performed
with the default parameter settings. The upper graph shows the
average of the estimated DRRs, while the lower graph shows
the DRR difference. The error bars in the upper graph show
the standard deviations of the DRR difference over 100 trials.
The error increases when the source is very near or far from
the microphone array. This trend is in line with the regression

analysis of the DRR differences at short (10 — 30 cm) and
long (100 — 400 cm) distances shown in Tab. II and Tab. III,
respectively. Note that the correlation in the left side table
is described in its absolute value. The small p-values imply
that the data is statistically significant. The slope is negative
(= —0.45) at short distances, which means the DRR error
decreases as the distance increases. On the other hand, the
slope is positive (= 0.02) at long distances, which means the
DRR error increases with distance.

Figure 5 shows the actual and estimated power of the
direct sound and reverberation used to calculate the DRRs
in Fig. 4. These results show that the estimation error at short
distances is caused by the estimation error of the direct sound
and reverberation power, whereas the error at long distances
is mainly caused by the error in the estimated power of the
direct sound.

The estimation error at long distances is model error. That
is, the model ignores the correlation between the direct and
reverberant components, i.e., the third and fourth terms of Eq.
(2). The maximum error resulting from this omission should
be 2|Hp(w)||Hgr(w)|. As the distance to the source from the
microphone array increases, the direct component decreases
but the reverberation stays the same. Therefore, the ratio of
the error to the power of the direct component |Hp|?, which
is ﬁ%‘ , becomes inversely proportional to the DRR; i.e., the
error increases as the DRR decreases. Thus, the model error
more prominently affects the estimation of direct component
at long distances where DRR decreases.

The error at shorter distances, on the other hand, could
be due to the discrepancy between the modelled and the
actual spatial correlation of the direct component. The plane
wave assumption of the received sound is only valid for
sound sources located in the far-field defined by d > DTZ
[23], where D is the array aperture size. For the octagonal
microphone array used in this simulation (D = 12 cm), the
boundary distance between the far-field and near-field was
approximately 33 cm at 8 kHz. This boundary is near the point
at which the estimation error started to rapidly increase (d less
than 30 cm). It seems that the proposed spectrum estimation
(Eq. (8)) tried to compensate the modelling error of the direct
component by fitting the reverberation component because it
works on a least square error basis.

As support for the above hypothesis, Fig. 6 is the DRR
difference of the estimated DRR when we used a spherical
wave model for the direct sound component. In other words,
we used dgq defined by Eq. (14) instead of dgq in Eq. (5) for
the matrix F(w) in Eq.(7).

lIrs — 1o|I?
[lrs = xp[[||rs — x|

exp (5= (s = xpll = llrs = x|D) . (14)

S —
dpq -

Here, rg denotes the coordinates of the sound source’s po-
sition, which is initially known, and r, is the coordinates of
reference microphone. Derivation of dgq is explained in the
Appendix. Each line shows the results for a different sound
source position. Notice that the DRR difference for very short
distances decreases when the sound source position is set



TABLE II
RESULTS OF REGRESSION ANALYSIS OF DRR DIFFERENCES AT SHORT DISTANCES (10 — 30 CM).
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Regression statistics Coefficient Standard error | t-statistic | p-value Lower 95% Upper 95%
Correlation 0.93 Intercept 13.21 0.23 58.51 < 0.01 12.76 13.65
Determination | 0.86 Distance to sound source | —4.51 x 10~ | 1.04 x 10~2 —43.15 | <0.01 | —4.71 x 10~ | —4.30 x 10~1!

TABLE III
RESULTS OF REGRESSION ANALYSIS OF DRR DIFFERENCES AT LONG DISTANCES (100 —400 CM).

Regression statistics Coefficient Standard error | ¢-statistic | p-value Lower 95% Upper 95%
Correlation 0.92 Intercept —1.60 0.11 —13.65 < 0.01 —1.84 —1.37
Determination | 0.84 Distance to sound source | 2.29 x 1072 | 0.04 x 1072 56.20 <0.01 | 2.21 x 1072 | 2.37 x 102
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Fig. 6. Log DRR difference when spatial correlation of direct sound is Fig. 7. Average DRR differences and their standard deviation calculated for

modelled under a spherical wave assumption. Each line shows the measured
DRR difference for various sound source positions. For comparison, the
line with upward-pointing triangles shows the DRR difference of the DRR
estimated with a plane wave assumption.

appropriately, e.g. r° = (1.8,10.2) [cm] for d = 10 cm. This
proves the above hypothesis: the plane wave assumption for
the direct sound caused the estimation error at short distances.
Despite the good performance at very short distances, the
spherical wave assumption does not show a big improvement
from the result for plane wave assumption in the middle
and long distances. As proof, the difference of dgq from dqu
gets very small when r® is far from the microphone array.
Therefore, we can conclude that the modelling of the direct
sound based on the plane wave assumption is effective for
most ranges.

C. Evaluation of different sizes of microphone arrays

We evaluated the proposed method while varying the aper-
ture size and the number of microphones. Figure 7 shows
the average and standard deviation of DRR differences for
different aperture sizes. In this experiment, we only changed
the aperture size of the octagonal microphone array from 6 cm
to 24 cm. From the results, we can see that the large aperture
size (D = 24) suffered from estimation error even at 30 cm
while the smaller aperture sizes gave a much better estimation.
As we mentioned in the previous section, the aperture size of
the microphone array determines the range of distances where

different aperture sizes. The bar graph shows the average of DRR differences
and the error bar is the standard deviation calculated over 100 trials using
different input signals.

the plane wave assumption does not hold. On the other hand,
the difference was small at longer distances. These results
mean that the microphone array does not need large aperture
size.

Figure 8 shows the effect of varying the number of mi-
crophones. The microphones were equally arranged on a
circle with a diameter of 12 cm. More microphones increases
spatial resolution, and 16 microphones gave the best estimation
accuracy at every distance. However, the difference was slight
at the middle distances (30 cm or 100 cm) where the proposed
method works well; thus, it seems that a smaller number of
microphones could be an adequate compromise between the
estimation accuracy and calculation load.

D. Influence of errors in the given direction of the target
source

Although we assumed that the direction of sound source
6@ was known in advance, as there are various conventional
methods for estimating the direction of arrival (DOA) [11],
in practice, we need to estimate the DOA beforehand. In
fact, DOA estimates sometimes show small errors especially
when the room is highly reverberant. To know the influence
of such errors in the DOA information, we observed the
DRR differences while adding to the DOA an error value df
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Fig. 8. Average DRR differences and their standard deviation calculated for
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Fig. 9. Average DRR differences and their standard deviation calculated
when the given direction to the source has an error.

that followed a zero mean normal distribution with standard
deviation o. df was varied in 100 trials. The average DRR
difference and standard deviation are shown in Fig. 9. The
average DRR difference varies slightly with o, but these
variations are very small, often smaller than the deviation. On
the other hand, a larger ¢ has more of an effect to the deviation
especially at short distances. Because the errors in the given
DOA information only influence the direct component of the
spatial correlation model, the DRR estimate is more affected
at short distances where more of the direct component exists.

E. Performance of method in real acoustic environment

To confirm the effectiveness of the proposed method in an
actual acoustic environment, we performed an experiment in
a reverberant chamber. The room size and position of the
microphone array used in this experiment were the same as
those in Fig. 3, except that the loudspeaker was located in
the direction of § = 30°. Every wall and the ceiling of
the room were reflecting planes. The flooring was covered
by carpet, and thus it might have absorbed more sound
energy than the walls and ceiling. We used omni-directional
condenser microphones (SONY ECM-C10) and a monitor

-~ DRRestimate
2 | = DRRuca

'
o
=}

DRR

difference

_  wm m m H m N IJ
50 100 150 200 250 300 350 400
Distance to sound source from microphone array (cm)

(dB)
S wn o

Fig. 10. DRR estimation in actual reverberant room (Tg9 ~ 1.8 s). DRR is
overestimated at longer distances.

speaker (AURATONE C5 Sound Cube). The reverberation
time of the room was approximately 1.8 s. Figure 10 shows
the estimated DRR and DRR ,.¢ya1, and Fig. 11 shows the
estimated power of each direct sound and reverberation. Note
that we used signals prepared by convolving the sound source
signal and impulse response preliminarily measured in the real
acoustic environment in order to have the correct DRR, i.e.,
DRRactual-

The DRR curve in Fig. 10 indicates that the proposed
method overestimates DRR for longer distances. We can see
that this trend is significant from the regression analysis of
the DRR error in Tab. IV. The slope of the regression line is
positive with significance, which means the overestimation er-
ror increases when the distance to the sound source increases.
Although this is similar to the trend found in the results for
the simulated environment in Fig. 4, the error in the actual
acoustic environment is mainly caused by underestimation of
reverberation, not by the overestimation of the direct sound
(see Fig. 11). One of the reasons is that the environment was
not completely diffuse because the flooring of the room was
carpet, which absorbs the sound more than the other reflective
walls and ceiling. In such case, the sinc function for the
spatial correlation does not hold because the reverberation no
longer arrives truly from all directions, thus the method will
underestimate the amount of reverberation. On the other hand,
the error in the direct component will be less if the reverberant
component is smaller, as mentioned in Sec. III-B.

Finally, Fig. 12 shows the estimated DRR in less reverberant
environment (the approximate reverberation time was 0.7 s).
We can still find the similar trend (the method overestimates
DRR for longer distance) in this result.

IV. INVESTIGATING INFLUENCE OF ENVIRONMENT
ACOUSTICS

To see how the physical characteristics of the environment
affect the proposed method, we performed simulations of dif-
ferent environmental conditions. We investigated the influence
of reverberation time, early reflections, and room size. We
examined not only the trend of the DRR difference depending
on these characteristics but also the results of the analysis of
variance (ANOVA) [5] that quantitatively tests for significant
differences among multiple parameters.
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TABLE IV
RESULTS OF REGRESSION ANALYSIS OF DRR DIFFERENCES IN THE EXPERIMENTAL RESULTS OF FIG. 10.

Regression statistics Coefficient Standard error | ¢-statistic | p-value Lower 95% Upper 95%
Correlation 0.95 Intercept 0.29 0.04 6.78 < 0.01 0.21 0.38
Determination | 0.91 Distance to sound source | 1.52 x 1072 | 0.02 x 102 88.69 <0.01 | 1.49 x 102 | 1.55 x 102

TABLE V
RESULTS OF TWO-WAY ANOVA TESTING FOR SIGNIFICANT DIFFERENCES IN THE DATA FOR DIFFERENT REVERBERATIONS AND DISTANCES TO SOUND
SOURCE.
Source of variation SS df MS F p-value
Absorption coefficient 979.76 5 195.95 661.67 < 0.01
Distance to sound source | 51056.17 4 12764.04 | 43100.00 | < 0.01
Interaction 1270662 20 635.33 2145.29 | < 0.01
Within 879.56 2970 0.30
-© Direct (Estimated) 20 -
105 ‘@ Direct (Actual) © 10cm Nearer distance
. . 18 50 cm =
. 4 Reverberation (Estimated) & 100 em
\ -A Reverberation (Actual) 16H-< 250 em .,
6100 . 4 400 cm Farther distance
FU:’ —mé 14 Distance to sound source
5] = from microphone arra;
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‘ o \4\
E g = ) 26
b Te— o 4
80 2 o
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50 100 150 200 250 300 350 400 0
Distance to sound source from microphone array (cm) 0.05 0.1 0.15 0.25 0.35 0.45
(1.45) (0.88) (0.55) (0.30) (0.20) (0.15)
Fig. 11. Comparison of estimated and actual power spectra of direct sound Absorption coefficient
and reverberation in actual acoustic environment. (Corresponding reverberation time)
20 Fig. 13. Log DRR difference measured for different reverberation times.
= DRRestmae Each line shows DRR difference measured at a particular distance to the
25 | = DRRactual sound source from the microphone array. Values in parentheses on the x-
20 axis show approximate reverberation times corresponding to each absorption
15 coefficient.
@10
! —_
% R . . .
a0 p—— because the amount of reverberation, which obscures the direct
)\a\g\g\ . .
-5 g sound and causes the error, as stated in Sec. III-B, will be
-10 small. For medium and shorter distances, the performance was
-15 . .

0 mostly independent of the reverberation except at very short
o~ E“lol ‘ ‘ , ‘ ‘ ‘ ‘ ‘ distances, i.e., 10 cm, where more reverberation resulted in
S m . . . .

& hS) (S)I = - - 2. 2. 3. 3. 4.1 higher performance. In this case, the less reverberant situation
ks 50 100 150 00 50 00 50 00 :

Distance to sound source from microphone array (cm) gave the worst result because the reverberant component will

Fig. 12. DRR estimation in actual reverberant room (Tso & 0.7 s). be incorrectly estimated if the diffuseness assumption does not

A. Influence of reverberation time

Figure 13 shows the DRR differences measured in environ-
ments with different absorption coefficients (or reverberation
time). Note that the environment gets less reverberant as the
absorption coefficient increases. The approximate reverbera-
tion time measured from a given impulse response is also
indicated in parentheses.

There are different trends in the error curve depending on
the distance to the sound source. For longer distances, the error
increases as the room gets more reverberant. When the room
is unreverberant, it would be easy to measure the direct sound

hold.

Table V shows the results of a two-way ANOVA where
the factors are the absorption coefficients and the distance to
the sound source from the microphone array. The p-values
are smaller than 0.01, which means the data has significant
differences among the reverberation times and among the
distances to the sound source.

B. Influence of early reflections

As we stated using Fig. 1, the impulse response between
the sound source and microphone can be classified into three
components: direct sound, early reflections, and reverberation.
However, the spatial correlation model accounts for the direct
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TABLE VI
RESULTS OF TWO-WAY ANOVA TESTING FOR SIGNIFICANT DIFFERENCES IN DATA MEASURED AT DIFFERENT MICROPHONE ARRAY POSITIONS AND
DIFFERENT ABSORPTION COEFFICIENTS.

Source of variation SS df MS F p-value
Position of microphone array 58.40 1 58.40 3.24 0.07
Absorption coefficient 1730.88 5 346.18 | 19.23 | < 0.01
Interaction 13.84 5 2.77 0.15 0.98
Within 107798.93 | 5988 18.00
20
a a a ‘ 0.5m 18*2 ;8 32 ' Nearer distance
70777,‘ 7777777777777777777777777 = 100 cm
Tt 0=10 1611 250
Q 1\@\ S & Z00em Farther distance -
Qg 6 cm Lo-___ ~14H i
! ) - gg Distance to sound source —
] 1 \ 12 from microphone array
| (5]
4m Im 1 d i Loudspeaker E /@/
Microphone array (height: 1.5 m) g 10
(height: 1.5 m) 8
a6 ))\
Room height: 2.7 m 4
Sampling frequency: 16 kHz SR N
2 3—53/%73’///27\;
s
6m 0 7
) B ) ) 005 01 015 025 035 0.45
Fig. 14. Position of microphone array and sound source at edge of room in (1.45) (0.88) (0.55) (0.30) (0.20) (0.15)
simulation to evaluate the effect of early reflections. The microphone array Absorption coefficient
and speaker are positioned parallel from the default positions shown in Fig. (Corresponding reverberation time)
3 Fig. 15. Log DRR difference measured near a wall of the room. Each

sound and the reverberation, but not the early reflections. As
the early reflections are mainly sound reflected by the ceiling,
floor, and walls, their amount is larger near the walls than
at the centre of a room. Thus, we evaluated the influence of
early reflections by comparing the DRRs estimated at the edge
and centre of a room. Figure 14 shows the locations of the
microphone array and sound source for the simulation.

Figure 15 shows the DRR differences when the microphone
array was located near a wall. The DRR differences were not
much different from those measured at the room centre (Fig.
13). We can be convinced about this fact by looking at Tab. VI,
which shows the results of two-way ANOVA whose factors are
the microphone array position and the absorption coefficient.
From this result, we cannot find a significant difference for
different positions of the microphone array because the p-value
is larger than 0.01. Thus, we can say that the early reflections
have less influence on the DRR estimation accuracy compared
with other factors such as ignoring the correlation between the
direct and reverberant components, which we discussed in Sec.
I11-B.

C. Influence of room size

We investigated the influence of the room size because the
volume of a room is an important factor that determines the
room’s acoustics. We simulated a larger room, 3 x 5 x 2.7 (D
x W x H [m]). and a smaller room, 6 x 9 x 2.7, than the
default room. The microphone array was located at the centre
between the top and bottom walls, and 1 m away from the left
wall as in the default settings described in Fig. 3. The other
parameters were set to the default values.

Figure 16 and Fig. 17 show the estimated DRRs for the

line shows DRR difference measured at a particular distance to the sound
source from the microphone array. Values in parentheses on the x-axis show
approximate reverberation times corresponding to each absorption coefficient.

30

- DRRestimate
25 = DRRactual
20 — DRRiheory
15
I il
a0 R
5 =19
10 T % 5 3 4 3
- =
%
-15 Qb
g -20
mgAzol\\\\\\\\\\ .
E827, IJ
a % 2 OI_.A. [ A R . m [ | . .
= 20 40 60 80 100 150 200 250 300 350 400
Distance to sound source from microphone array (cm)
Fig. 16. Comparison of estimated and actual DRR for small room.

small and large rooms. Basically, the same trend as we saw in
Fig. 4 appears in these results as well; however, the estimates
for the small room were a bit more accurate than those for
the large room at middle distances (30 — 150 cm). The results
of the ANOVA (Tab. VII) validate this trend; the p-value is
smaller than 0.01. A cause of this trend would be that the
diffusion assumption of the spatial correlation model is less
valid for a larger room; the environment becomes close to
being anechoic when the size of room increases to that of a
free field.

V. USING DRR IN SOUND SOURCE DISTANCE ESTIMATION

Finally, as an example of application of the DRR calculated
by the proposed method, we show the results of estimating
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TABLE VII
RESULTS FOR DIFFERENT ROOM SIZES. SHOWN ARE THE RELATIONS BETWEEN THREE DIFFERENT ROOM SIZES. ALL 16 DISTANCES TO THE SOUND
SOURCE WERE MEASURED.

df MS F p-value

2 65.58 | 7.09
4797 | 9.25

0.001

Source of variation SS
Between groups 131.16
Within groups 44374.35
30
25 -o- DRRestimate
-& DRRuctual
20 — DRRuheory
15
o 10
g 0=y
~ 5
% 0 S S
5 Qi\zi\
\
-10 )\ﬂ§ S
-15 I
o 20
2 20T T T T T T T T
% 5a
2 598 10
822 0 ] | H|
< 20 40 60 80 100 150 200 250 300 350 40
Distance to sound source from microphone array (cm)
Fig. 17. Comparison of estimated and actual DRR for large room.

sound source distances. Note that the method stated below is
only an example; the user is free to employ other DRR-based
distance estimation methods.

The distance is directly calculated from the estimated DRR
by using the following equation. Equation (15) is derived from
the theoretical relation between distance and DRR, i.e., Eq.
(13). Note that the surface area of the walls A and the average
absorption coefficient & have to be known preliminarily.
ﬂlo*(DRRcslimmc/20) (15)

destimate =

In the simulation, we used the default settings (as in Sec.
IITI-B) except for the absorption coefficient, which was set
as @ = 0.05 (or Tgo =~ 1.45 sec). Because the distance
estimation would normally be performed for more realistic
signals than white noise, we also did simulations with speech
signals (five male and five female voices, stating both English
and Japanese sentences). Due to the nonstationarity of the
speech signal, the frames without speech could degrade the
DRR estimation accuracy. Therefore, we applied voice activity
detection (VAD) in order to omit the frames without speech
before the calculation of the covariance matrix. For the VAD,
we simply determined the frames that satisfied the following
condition as speech frames. The threshold v was set as 0.1.

XpU(t)>v Itnea?)‘({XP )} (16)

subject to
XM = 17
p (®): (17)

where 7 is the set of all frames.
Figures 18 shows the results of the distance estimation for
white noise. We had mostly correct results up to about 100

N
=3
=

(9%
W
(=

o8]
(=3
S

N
193
=

@
<]
.
!
.
f

=
3

i TF
E

%
S
b

Estimated sound sourece distance (cm)
%3
f=3
=)

=]
(=)

50 100 150 200 250 300 350
Distance to sound source from microphone array (cm)

400

Fig. 18. Results of estimating distance of white noise sound source from
microphone array. Each “x” shows the average of the estimated distances with
the standard deviation denoted by error bars, and the dashed line shows the
correct value.

cm, but the errors suddenly increased beyond 150 cm. This
trend can also be seen in the regression analyses shown in
Tab. VIII. We see the slope of the regression line keeps 1.00
with large values for the coefficient of determination up to 80
cm; nonetheless, it includes a small bias given by the non-zero
intercept. This implies the proposed DRR estimation cannot
be used if the source is far away. A similar trend can also be
seen in the results for the speech signals (Fig. 19).

In conclusion, the proposed DRR estimation method can be
utilised to measure the sound source distances for a restricted
range of distances. This restriction depends on the distances
at which the proposed method correctly estimates DRR. It is
interesting that the human auditory system shows a very sim-
ilar trend regarding distance perception; there is a maximum
distance at which a human can distinguish the source distance,
called the “auditory horizon effect” [6], [7]. Investigating this
analogy to the auditory distance perception may lead to a way
to improve the accuracy of DRR estimation at longer distances.
There are some recent works for sound source localisation that
may outperform the proposed methodology. However, it is still
interesting that the source distance can be calculated through
DRR, which is estimated by using microphone array that has
relatively short aperture size.

VI. CONCLUDING REMARKS

We have presented a new DRR estimation method using a
microphone array. The method is based on a “spatial correla-
tion” model wherein the direct sound is a plane wave arriving
from the direction of the sound source while reverberation
arrives from every direction uniformly, i.e. diffuse sound.
The proposed method is able to estimate the energy of the
direct sound and reverberation directly from the microphone
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TABLE VIII
REGRESSION ANALYSES OF DIFFERENT DISTANCE RANGES.

Range of distances [cm] | 10-30 | 10-80 | 10-100 | 10-150 | 10-200
Correlation 0.96 0.97 0.97 0.95 0.92
Determination 0.92 0.95 0.94 0.91 0.85
Intercept 6.79 7.37 9.64 17.15 26.17
Slope 1.00 1.00 0.94 0.78 0.60
400 . . . .
_ component of p-th microphone input signal under the spherical
530 wave model [24]
€ 300
‘2 X(p)(wal) = S(wal) :
=l
lies 2 2ll s {92 g =y = lles —xal) b 18)
£ 200 llrs — rpl| ¢ : ’ ’
=
=} .
z 150 where rg, r,, and r, denote the coordinates of sound source,
2100 - . T T T - p-th microphone, and reference microphone, respectively.
£ 5 JEZLEN) i t Then the spatial correlation between microphone p and ¢ is
= = derived by
% 50 100 150 200 250 300 350 400

Distance to sound source from microphone array (cm)

Fig. 19. Results of estimating the distance of ten different speech signals
from microphone array. Each “x” is the average estimated distance with the
standard deviation denoted by error bars, and the dashed line shows the correct
value.

array’s measurements, and it does not require preliminary
measurement of the impulse response.

The simulation results confirmed that the proposed method
is effective especially in reverberant environments. At the same
time, we found that the distance range over which the proposed
method is able to estimate DRR accurately is restricted. The
lower bound of this range is determined by the aperture size
of the microphone array because the modelling of the spatial
correlation that is based on the plane wave assumption does
not hold for sound sources located at short distances from
the array. On the other hand, the upper bound of the range
is determined by the ratio of the direct component to the
reverberant components, which is DRR itself. We investigated
the performance of the proposed method in various physical
environments and estimated sound source distances based on
the estimated DRR.

In the future, we will try to extend the range of distances
over which the proposed method correctly estimates DRR
and devise measures against various interfering noises. This
includes further investigation into the cause of DRR estimation
errors that were seen at the long distances. Moreover, it is
interesting that the human auditory system shows a similar
trend in its distance perception. Investigating the analogy to
auditory distance perception may be a way to improve the
accuracy of the distance estimation using DRR.

APPENDIX
DERIVATION OF d3,

The derivation of components in the spatial correlation

matrix under the spherical wave model dgq, which was intro-

duced in Eq. (14), is explained. Let us first define the direct

E[X(p) (w’l)X(Q)*(w’l)] _ PD(w) .

Ies — Sl (52 (s — vl = lies = rolD)}
Ies —rplllles =] 0 Ve ’ o
(19)
Thus d3, is given by
||I'S_r0||2

dS
H |lrs —rpllllrs — x|

exp {37 (Iles =yl = llrs —xl) . 20)
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