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ABSTRACT

We evaluate the accuracy of direct-to-reverberation energy ratio (DRR) estimation that uses the direct sound to reverbera-
tion spatial correlation matrix model (DRSC model). The DRSC model, which expresses the spatial correlation matrix
with two different matrices of direct sound and reverberation, assumes that the direct sound propagates only from the
direction of the sound source but that the reverberation arrives from every direction uniformly. The DRR is calculated
from the power spectra of both the direct sound and reverberation that are estimated from the spatial correlation matrix of
the observed signal. The method was evaluated using various scales in both simulated and actual acoustical environments.
The evaluation results confirmed the effectiveness of DRR estimation using the DRSC model and also revealed its
limitations.

INTRODUCTION

Estimating the direct-to-reverberant energy ratio (DRR) is help-
ful for determining the features of a reverberant environment
because various acoustic parameters, such as reverberation time,
diffuseness, etc., can be calculated from DRR (Jo and Koyasu
1975). There is also another important aspect in DRR relating
to human hearing. Recent research on human hearing has con-
cluded that DRR may provide absolute distance information,
especially in reverberant environments (Zahorik et al. 2005).
There are several conventional instruments to measure the dis-
tance to the sound source. For example, an ultrasonic sensor is
a well-known tool for distance measurement, but it costs more
than passive methods that use only microphones, not transmit-
ters. There are also some works on estimating source distance
by using a microphone array(Asano and H. Asoh 2000, Yu and
Silverman 2004). Although the microphone array techniques
require only microphones, they fail to correctly estimate the
distance when the environment is highly reverberant. This is
because the time and sound level differences of the arrival of
direct sound between microphones, which are exploited as keys
to determining the sound source positions, becomes ambiguous
due to the existence of reverberation. Even in such an envi-
ronment, we can still estimate distance from the DRR because
DRR keeps its one-to-one relation with the source distance in a
reverberant environment.

Several methods are available for estimating DRR. The most
primitive way is to calculate DRR directly from the impulse
response. However, this is a complicated process because mea-
surement of the impulse response is required. Larsen et al.
proposed a method for estimating DRR from simply the short
beginning part of the impulse response (Larsen et al. 2003), but
it still necessitates prior processing to identify that part. Lu et
al. also proposed a procedure to estimate DRR (Lu and Cooke
2008). They utilized a binaural input signal and estimated the
energy of the reverberant component by eliminating the direct
component using an equalization-cancellation (EC) technique.
To eliminate direct sound, the EC technique exploits the large
difference between the direct sound and reverberation that exists
in the inter-channel (or spatial) correlation of the binary input

signal. However, the EC technique loses its DRR estimation
accuracy in highly reverberant environments because it is based
on a model in which no reverberation component propagates
from the same direction as the sound source.

We have proposed a DRR estimation method using the direct
sound to reverberation (D/R) spatial correlation matrix model
(called "DRSC model" hereafter), which consists of the spatial
correlation matrices of direct sound and reverberation (Hioka
et al. 2010). The DRSC model assumes that the direct sound
propagates only from the direction of the sound source but that
the reverberation arrives from every direction uniformly. Then,
we calculate DRR from the power spectra of both components,
which are estimated from the correlation matrix of the observed
signals. In the previous report, the discussion on the effective-
ness of the method was limited to a particular condition, so its
limitations and advantages in comparison to the conventional
method were not investigated. Therefore, in this contribution,
we evaluate the performance of the proposed method under
various conditions and then reveal its limitations. Furthermore,
we compare the results of DRR estimation with those of the
conventional method based on the EC technique(Lu and Cooke
2008).

This paper is organized as follows. We first introduce the DRSC
model and then propose a method for estimating DRR based on
the model. Then, we evaluate the DRSC model by measuring
the accuracy of the estimated DRR from various viewpoints.
We also discuss the influence of parameters set by users to in-
vestigate the appropriate values for each parameter. Finally, the
evaluation results that were obtained in actual environments are
shown, and then we conclude this paper with some comments.

DRR ESTIMATION BASED ON DRSC MODEL

Modelling of spatial correlation matrix

First, we decompose the transfer function H(ω) between a
sound source and a microphone into two components, the di-
rect component HD(ω) and reverberant component HR(ω), as
described in Fig. 1. Note that the early reflection of the im-

ICA 2010 1



23–27 August 2010, Sydney, Australia Proceedings of 20th International Congress on Acoustics, ICA 2010

Time

Direct sound
Early reflection

Reverberation

Time Time

H(ω) HD (ω) HR (ω)

Figure 1: Decomposition of transfer function.

pulse response is also included in HR(ω). When we have an
M-sensors microphone array, the input signal of the m-th mi-
crophone expressed in the time-frequency domain is given by

X (m)(ω, t) =
(

H(m)
D (ω)+H(m)

R (ω)
)

S(ω, t), (1)

where t denotes the temporal frame index. By this expression,
the cross correlation between the p-th and q-th microphones is
derived as

E[X (p)(ω, t)X (q)∗(ω, t)]

= E
[
|S(ω, t)|2

{
H(p)

D (ω)H(q)∗
D (ω)+H(p)

R (ω)H(q)∗
R (ω)

+H(p)
D (ω)H(q)∗

R (ω)+H(p)
R (ω)H(q)∗

D (ω)
}]

, (2)

where E[·] and ∗ denote the expectation and complex conjugate,
respectively. Now, under the assumption that the reverberant
component is diffuse and the cross-correlation between the di-
rect and reverberant components (the third and fourth terms on
the right side of Eq. (2)) is sufficiently small, the spatial correla-
tion matrix of the microphone array R(ω) can be approximated
by two matrices given by

R(ω) = E[X(ω, t)XH(ω, t)]

' PD(ω)


1 d12 · · · d1M

d21 1 · · · d2M
...

...
. . .

...
dM1 dM2 · · · 1



+PR(ω)


1 r12 · · · r1M

r21 1 · · · r2M
...

...
. . .

...
rM1 rM2 · · · 1

 ,(3)

where

X(ω, t) =
[
X (1)(ω, t) X (2)(ω, t) · · · X (M)(ω, t)

]T
, (4)

dpq = exp
(

jω
(rp− rq) ·a(θ)

c

)
, (5)

rpq = sinc
(

ω
||rp− rq||

c

)
, (6)

and rm, c, and H are the coordinates of the m-th microphone,
sound speed, and Hermitian transformation, respectively, and || ·
|| is the Euclidean distance. Furthermore, a(θ) = [sinθ ,cosθ ]T

is the look-direction unit vector of sound that propagates from
θ when the y-axis is set to 0 deg as described in Fig. 2.

On the right side of Eq. (3), the first term expresses the spatial
correlation of the direct component. As there is a time difference
of arrival between microphones in the cross-correlation of the
direct sound, the spatial correlation is expressed by simple phase
difference. In the modelling of the second term, we utilized
the feature that the spatial correlation of diffuse sound can be
expressed by a sinc function (Tohyama 1995). In Eq. (3), PD(ω)
and PR(ω) are defined by

PD(ω) = E[|S(ω, t)|2|HD(ω)|2],
PR(ω) = E[|S(ω, t)|2|HR(ω)|2].
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Figure 2: Modelling of observed signal.
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Figure 3: Positions of microphone array and speaker in simu-
lated reverberant room.

Note that in the derivation of Eq. (3), the aperture size of the
microphone array is assumed to be sufficiently small. This
means that the array recognizes the received sound as a plain
wave and that the magnitude of the transfer function for each
microphone can be considered as identical, i.e.,

|H(p)
D (ω)||H(q)

D (ω)|= |HD(ω)|2

and
|H(p)

R (ω)||H(q)
R (ω)|= |HR(ω)|2.

However, if we assume the received sound is a spherical wave,
the spatial correlation between microphones, which is modelled
as

dpq =
||rS− rq||
||rS− rp||

exp
(

j
ω

c

(
||rS− rp||− ||rS− rq||

))
, (7)

is used instead of Eq. (5). Here, rS denotes the coordinates
of a sound source position preliminarily assumed (called the
“focusing position” hereafter).

DRR estimation using power spectra of direct and re-
verberant components

As the microphone array configuration is generally known a
priori, and the direction of the sound source can be estimated
by various conventional methods (Brandstein and Ward 2001),
dpq and rpq in Eq. (3) can be specified. Thus, we estimate the
unknown power spectra of both direct and reverberant compo-
nents, PD(ω) and PR(ω), by solving the simultaneous equation
given by Eq. (8), which is derived by reformulating Eq. (3).

1 1
d12 r12

...
...

d1M r1M
d21 r12
1 1
...

...
1 1


︸ ︷︷ ︸

F(ω)

[
PD(ω)
PR(ω)

]
︸ ︷︷ ︸

P(ω)

=



R11(ω)
R12(ω)

...
R1M(ω)
R21(ω)
R22(ω)

...
RMM(ω)


︸ ︷︷ ︸

R̃(ω)

(8)
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Table 1: Basic settings of conditions and parameters set in
computer simulation.

Fs: Sampling frequency [Hz] 16,000
M: Number of microphones 8
Microphone arrangement circular
Radial size of array [cm] 6
ᾱ: absorption coefficient 0.15
Frame length [samples] 512
SNR [dB] ∞

Table 2: Relation between average absorption coefficient and
reverberation time.

ᾱ 0.05 0.10 0.15 0.25 0.35 0.45
T60[sec] 1.45 0.88 0.55 0.30 0.20 0.15

Here, Rpq(ω) in R̃(ω) denotes the p-th row and q-th column
components of R(ω), which can be calculated from observed
signals. The estimated power spectra of direct and reverberant
components are given by solving Eq. (8) using the least-square
method given by

P̂(ω) = F+(ω)R̃(ω), (9)

where + and ̂ are the Moore-Penrose pseudo inverse and
estimated value, respectively.
Finally, the estimated DRR is given by using the estimated
power spectra P̂D(ω) and P̂R(ω) in the following Eq. (10).

DRRestimate = 10log10

(
∑ω P̂D(ω)

∑ω P̂R(ω)

)
(10)

EVALUATION BY COMPUTER SIMULATION

Simulation settings and evaluation criteria

To evaluate the performance of the proposed DRR estimation
using the DRSC model, we performed experiments in simulated
reverberant environments. The basic settings of the assumed
conditions and parameters used in the simulation are described
in Tab. 1 and Fig. 3. In Tab. 1, ∞ in SNR means the input signal
is noise-free, i.e., no noise signal is added to the input signal.
The sound source was 3-s long Gaussian white noise unless
otherwise stated, and the input signals of a microphone array
were prepared by convolving the simulated impulse response
generated by the image method (Allen and Berkley 1979). For
each condition, we applied the DRR estimation for 100 trials.

As an evaluation criterion, we calculated the log DRR difference
in the estimated DRR, defined by

εDRR = |DRRestimate−DRRactual|. (11)

The actual DRR was directly calculated from the impulse re-
sponse, defined by

DRRactual = 10log10

(
∑ω |HD(ω)|2

∑ω |HR(ω)|2

)
. (12)

As DRR varies depending on the distance from the microphones,
evaluating the ratio of the estimated DRR to the actual DRR is
more reasonable than evaluating the difference of DRRs. When
the DRRestimate is identical to DRRactual, the proposed method
is considered to be completely successful in estimating DRR
and the log DRR difference should be 0 dB. Furthermore, for
several results shown below, we also calculated principle-based
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Figure 4: Comparison between estimated and actual DRR in
simulated room. In upper graph, lines with circles and squares
show DRRestimate and DRRactual, respectively. Other line shows
principle-based DRR in diffuse sound field, which helps to
determine distance of actual reverberation from completely
diffuse field. Log DRR difference between DRRestimate and
DRRactual is shown in lower graph.
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Figure 5: Comparison between estimated and actual power
spectra of direct sound and reverberation, which are denoted by
circular and triangular markers, respectively.

DRR in a diffuse sound field (DRRdiffuse)(Tohyama 1995),
given by

DRRdiffuse = 10log10

(
Sᾱ

16πd2

)
. (13)

This value helps to determine the distance of the actual reverber-
ation from the completely diffuse field. Here, S and ᾱ are the
surface area of the walls and the average absorption coefficient,
respectively. As a reference for how reverberant the environ-
ment is, the approximate values of reverberation time, which
are calculated from a given impulse response, for each ᾱ are
shown in Tab. 2.

DRR estimation with basic parameter settings

Figure 4 shows the results of DRR estimation performed with
the basic condition and parameter settings. The upper graph
shows the average of estimated DRRs with their standard de-
viations, while the lower graph shows the log DRR difference.
These results reveal a trend of the error increasing in both very
near and far distances. To discover the cause of these errors,
both the actual and estimated power of the direct sound and
reverberation were calculated (Fig. 5). The results show that the
estimation error in nearer distances is caused by the estimation
error of both the direct sound and reverberation power, but that
the error in farther distances is mainly caused by the error in
the estimated power of the direct sound.
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Figure 6: Log DRR difference calculated when spatial correla-
tion of direct sound is modelled by assuming spherical wave.
Each line shows log DRR difference measured for changed
focusing positions. For comparison, line with upward triangles
shows log DRR difference of estimated DRR using plane wave
assumption.

For nearer distances, the discrepancy between the modelled
and actual spatial correlation of the direct component could be
conceived as the cause of the error. This is because the plane
wave assumption of the received sound is only valid for the
sound sources located in the far-field defined by d > D2

λ
(Doclo

and Moonen 2003), where D is the array aperture size. For the
octagonal microphone array used in this simulation (D = 12
cm), the boundary distance between far-field and near-field was
approximately 33 cm at 8 kHz. This is supported by the results
obtained where the estimation error started to rapidly increase
when d became smaller than 30 cm. To prove this assumption,
we performed a simulation by assuming the received sound
was a spherical wave using Eq. (7) for dpq. Figure 6 shows the
log DRR difference of the estimated DRR when the focusing
position was changed. The log DRR difference of very near
distances, i.e., d = 10 cm, decreased when the focusing position
was set appropriately. In other words, the proposed method was
able to correctly estimate DRR in nearer distances if it applied
the assumption of a spherical wave in its modelling of direct
sound. However, its good performance was achieved only in a
specific range of distances. As proof, the difference was very
small at other focusing positions, compared to the result when
the plane wave assumption was applied. Therefore, we can
conclude that the modelling of direct sound based on plane
wave assumption is reasonable for most cases.

The estimation error found in the farther distances is conceived
as the result of the power of the direct component being too
small to be accurately detected from the observed signal, which
mostly consists of reverberant components. This consideration
can be proved from the fact that the estimation accuracy was
improved by increasing the number of microphones, which is
stated later. Thus, there is an upper limit of the distance for
which the method is able to estimate DRR correctly using this
particular microphone array configuration.

Evaluation for influence of reverberation time

To determine the influence of room reverberation, the perfor-
mance of the proposed method in different reverberation condi-
tions was evaluated. Figure 7 shows the log DRR differences
measured in an environment with different absorption coef-
ficients. From the results, we can see a trend of the error in
farther distances increasing as the room becomes more rever-
berant, while the error in nearer distances increases as the room
becomes less reverberant. Such a trend can also be explained
by the effects of modelling errors in the spatial correlation of
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Figure 7: Log DRR difference measured for different rever-
beration times. Each line shows log DRR difference measured
at particular distance to sound source from microphone array.
Parenthetic values in x-axis show approximate reverberation
time corresponding to each absorption coefficient.
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Figure 8: Position of microphone and sound source applied to
evaluate influence of early reflection. Both microphone array
and speaker are parallel shifted from basic position shown in
Fig. 3.

direct sound for nearer distances, and of low power direct sound
for farther distances.

When the room is unreverberant, it is easier to measure the direct
sound because the amount of reverberation, which obscures the
direct sound, is reduced. This means the direct sound power
spectrum will be measured more correctly. Thus the results
for farther distances are better when the room is unreverberant.
For the nearer distances, except for the specific nearer distance
of 10 cm, the estimation accuracy is a little improved as the
condition gets closer to the diffuse sound field. This is natural
because the DRSC model assumes a fully diffuse sound for the
reverberation.

Evaluation for influence of early reflection

As we stated using Fig. 1, the impulse response between the
sound source and microphone can be classified into three com-
ponents: direct sound, early reflection, and reverberation. How-
ever, in the definition of the DRSC model mentioned above, we
took account of the direct sound and the reverberation, but not
the early reflection. As the early reflection is mainly developed
by the sound reflection from the ceiling, floor, and walls, the
amount of early reflection is larger at the edge than the centre of
a room. Thus, here we evaluate the influence of early reflection
by comparing the DRRs estimated at the edge and centre of a
room. In the simulation, the microphone array and sound source
were located as described in Fig. 8.

Figure 9 shows the log DRR differences when the microphone
array was located at the edge of a room. In comparison with the
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Figure 10: Influence of spatially uncorrelated noise for esti-
mated DRR. Each line shows log DRR difference measured at
particular distance to sound source from microphone array.

results measured at the centre of a room shown in Fig. 7, the
log DRR difference increased at the distances of 50 and 100
cm. As these distances are in the range at which the proposed
method works best, the early reflection may adversely affect
the estimation accuracy of the DRR. In contrast, the log DRR
differences at nearer and farther distances did not differ much
from the result of the log DRR difference measured at the room
centre. Thus, we suppose that other factors that cause the log
DRR difference growth, such as modelling errors and low power
direct sound, affect the result more than early reflection does.

Evaluation for influence of spatially uncorrelated noise

In a practical environment, generally some amount of elec-
tric noise is added to the sound received by each microphone.
Basically, as such noise is dependent on the property of each
microphone, there is no correlation between the noise of each
microphone. To investigate how such spatially uncorrelated
noise affects the performance of DRR estimation, we examined
the log DRR difference for different input SNR. As Fig. 10
shows, the method basically works better as the input SNR in-
creases, but the SNR has a larger impact on the errors of nearer
distances than on the errors of farther distances. As conceived
above, we considered that the estimation accuracy in farther
distances declined because the direct sound component was
completely obscured by the reverberation. In the low SNR con-
dition, the situation is quite similar to the conditions for direct
sound from farther distances. Therefore, the noise did not have
large impact on the estimation accuracy at farther distances.
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Figure 11: Evaluation of DRR estimation compared to conven-
tional method (highly reverberant condition).
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Figure 12: Evaluation of DRR estimation compared to conven-
tional method (little reverberation condition).

Comparison to conventional DRR estimation method

Finally, we compare the accuracy of the DRR estimation to
that of the conventional method(Lu and Cooke 2008). Figures
11 and 12 show the DRRs estimated at the basic parameter
settings except for the absorption coefficients set at ᾱ = 0.15
and ᾱ = 0.45 respectively. As the conventional method works
under the binaural signal, we used only a pair of microphones
in the octagonal microphone array (microphones #3 and #7 in
Fig. 3), separated by 12 cm.

From Fig. 11, we can see that the conventional method almost
failed to estimate DRR correctly in highly reverberant condi-
tions except at very near distances. This is because the method
is based on a model in which no reverberation propagates from
the same direction as the sound source. As this assumption does
not hold in highly reverberant conditions, the method did not
work correctly. Furthermore, the effect of this modelling error
can also be seen in the unreverberant case in Fig. 12. In the
results, there is a difference between the actual DRR and the
DRR estimated by the conventional method, which is almost
constant at every distance. On the other hand, the proposed
method worked well, especially in highly reverberant condi-
tions, because it is based on the DRSC model, which is a more
realistic model than that assumed in the conventional method.

DISCUSSION ON INFLUENCE OF PARAMETER
SETTINGS

To discover the appropriate values for each of the parameters
that are basically set by the users, we investigated the relation
between the parameters and DRR estimation accuracy. Here,
we discuss the impact of two major parameters: the number of
microphones and the frame length.
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Evaluation for influence of number of microphones

Generally, the number of microphones impinges on the spa-
tial resolution of the microphone array. Here, the influence of
that number was investigated by applying the proposed method
for a linear equi-spaced microphone array with different num-
bers of microphones. The inter-microphone distance was set
at 4 cm, which does not cause spatial aliasing in the whole
frequency band, and we changed the number of microphones
from between two to eight.

The results of the examinations are shown in Fig. 13. The log
DRR difference increased as more microphones were used in
nearer distances, but it decreased in farther distances. As we
stated above, the region where the plane wave assumption holds
enlarges depending on the array aperture size D. Hence, in
the nearer distances, the log DRR difference increased with
the number of microphones. For example, when M is 2, the
boundary of regions that we assume are far-field and near-field
is approximately 4 cm. Therefore, the proposed method mostly
estimated DRR correctly even though the sound source was
located at 10 cm. On the other hand, for a larger number of
microphones, more accurate estimation of DRR was achieved
in the farther distances. Generally, the more microphones we
use, the better the performance of the array. In the same manner,
it is conceived that the method could extract the direct sound
obscured by the reverberation more accurately as the number
of microphones increased.

Evaluation for influence of frame length

The impact of frame length, which determines the time-frequency
resolution of short-time Fourier transform (STFT) calculated
in Eq. (2), was investigated. When the frame length is very
short, the latter part of reverberation is not included in the same
frame. Therefore, the estimation accuracy could be degraded as
the frame length becomes much shorter than the length of the
impulse response between the sound source and microphone
array. When the frame length is longer, on the other hand, the
amount of reverberation included in each frame increases. In
other words, again the reverberation could obscure the direct
sound component, and this may result in increase of the log
DRR difference.

Figure 14 shows the results of experiments where frame length
was changed. For every sound source distance except for 10
cm, a longer frame length caused a small increase in the log
DRR difference, but the effect on the estimation accuracy was
small. When the sound source is located very near to the mi-
crophone, the reverberation arrives much later than the direct
sound reaches the microphone. In contrast, the difference in the
arrival time of direct sound and reverberation becomes small
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Figure 14: Effect of frame length on calculation for estimated
DRR. Each line shows log DRR difference measured at particu-
lar distance to sound source from microphone array.
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Figure 15: Results of DRR estimation in actual reverberant
room.

when the sound source is located farther away. Thus, the shorter
frame size affected the estimation accuracy in only the 10-cm
case.

RESULTS OF EXPERIMENTS IN REAL ACOUS-
TIC ENVIRONMENT

To confirm the effectiveness of our method in an actual envi-
ronment, we also performed an experiment in a real reverberant
room. The room size and position of the microphone array used
in this experiment were the same as those given in Fig. 3, ex-
cept that the loudspeaker was located in the direction of θ = 0◦.
The reverberation time of the room was approximately 400 ms.
The estimated DRR and DRRactual calculated from the mea-
sured impulse response are shown in Fig. 15. The results prove
that the proposed method is still effective in actual reverberant
environments.

CONCLUDING REMARKS

In this paper, we have evaluated from various viewpoints a
method for estimating DRR based on our DRSC model. The
proposed method is able to estimate DRR directly from the re-
ceived sound, and it does not require preliminary measurement
of the impulse response.

From the simulation results, we found that a range of distance
where the proposed method is able to estimate DRR correctly
exists. The lower bound of this range is determined by the
aperture size of the microphone array because the modelling of
spatial correlation that is based on the plane wave assumption
does not hold for the sound sources located at nearer distances.
The upper bound of the range is determined by the number of
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microphones because the estimation errors in farther distances
are caused by the power of the direct sound being too small to
be detected. This is natural, as the gain of a microphone array
is improved by increasing the number of microphones.

We also evaluated the proposed method in various simulation
conditions. Basically, the obtained results were logical, and we
could explain most of them by the existence of a range where the
method correctly estimates DRR, as mentioned above. Further-
more, in a comparison with the conventional DRR estimation
method, the proposed method showed much better performance
in DRR estimation accuracy.

Improvement of the method for various types of noise, including
not only spatial uncorrelated noise but also other interfering
sounds that exist in most general environments, is an important
future subject of investigation.
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