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ABSTRACT

The propriety of spatial decorrelation of late reverbera-
tion has often been used in binaural systems of derever-
beration [1] [2]. However, the use of a small array of two
microphones limits the performance of such systems, es-
pecially at low frequencies. We present in this paper a
new algorithm, derived from the classical method pro-
posed by Bloom et al. [2][3] . Both methods are as-
sessed in terms of gain in signal to noise ratio (SNR),
noise reduction, distortion and improvement in perfor-
mances of automatic speech recognition. The proposed
method leads to better noise reduction and consistent
improvement in speech recognition scores.
Keywords : Speech dereverberation, front end for hear-
ing aids, Short Time Fourier Transform.

1 INTRODUCTION

Reverberation is an acoustical phenomenon of which
a normal listener, in most situations, is barely aware.
However, for hearing impaired listeners, it can reduce
speech intelligibility (eg. [4]). Moreover, automatic
speech processing algorithms are often not very robust
to reverberation. A dereverberation algorithmwould be
of bene�t as a front end to a speech recognition system
or a sophisticated hearing aid. Many signal process-
ing approaches have been proposed in the past to sup-
press reverberation. We concentrate here on one type
of algorithm, exploiting through binaural processing the
spatial decorrelation of late reverberation. At low fre-
quencies, where an important part of the speech infor-
mation is concentrated, the e�ciency of such algorithms
is limited by the use of closely spaced microphones. We
present here a new method, based on the theoretical
study of the physical problem. We will then describe
the assessment protocol used, and results of the compar-
ative study of the performances of the di�erent methods
will be outlined.

2 DEREVERBERATION ALGORITHM

2.1 Principle

The principle of the algorithm is represented in Fig. 1.

Late reverberation can be modelled as a di�use noise,
that is spatially decorrelated. In the algorithm, the left
and right input signals are decomposed into a Short
Time Fourier Transform (STFT) �lter bank after suit-
able zero padding. In each sub band k, a gain is esti-
mated from the short time spectra as the absolute value
of the coherence function [2] of the inputs. Since the
speech signal and the reverberation are non stationary,
the gain is estimated adaptively:

Gk(n) =
j�xy(n)jp

�xx(n)�yy(n)
(1)

with:

�xy(n) = E[XY �] = ��xy(n� 1) + (1� �)X(n)Y �(n)
(2)

where X and Y are the short time Fourier transforms
of the inputs at each microphone. Gk is then applied
as a multiplicative modi�cation to kth coe�cient of the
STFT arising from one channel.
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Figure 1: Dereverberation system [2]

Therefore, when the spatial coherence is low in one
frequency band, re
ecting a strong presence of rever-
beration, the signal is strongly attenuated. When it is
high, the direct signal is dominant, and little or no at-
tenuation is applied. An estimate of the dereverberated
signal is then obtained by overlap-and-add reconstruc-
tion from this modi�ed spectrum.



2.2 Problem Linked to the Use of Closely

Spaced Microphones

Late reverberation can be modelled as a di�use noise.
For two closely spaced microphones (distance d), the
theoretical coherence function for di�use noise and a
propagative signal is given by 
(f) ([7]) :

j
(f)j = j
R(f) + sinc(2�fd

c
)

1 + R(f)
j (3)

where R(f) is the propagative to di�use energy ratio.
In Fig. 2 the theoretical value of 
(f) is plotted for dif-
ferent values of the propagative to di�use energy ratio,
R : R = 0 and R = 1.
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Figure 2: Theoretical coherence function 
 for R = 0
and R = 1

At high frequencies the sinc(2�fd
c

) term becomes neg-
ligible, and j
(f)j ' R=(1 + R). For low frequencies
however, up to about 800Hz, the values of the coher-
ence function remain fairly high, even if there is only
reverberation. Therefore the attenuation applied to the
signal will not suppress as much reverberation as ex-
pected in this frequency range, where an important part
of the energy and information of a speech signal, corre-
sponding to the �rst formant, is concentrated.

3 PROPOSED ALGORITHM

We propose the use of a new gain, ~
(f) derived by trans-
formation of the coherence function, in order to correct
the behaviour of the cross-correlation gain at low fre-
quencies (up to 800Hz) : if the measured coherence is
less than its theoretical value 
0(f) for reverberation
only (when R = 0), then the gain is set to 0. If it is
greater, then the gain is set to an intermediary value so
that the interval [
0(f) � 1] is mapped into the interval
[0�1]. Di�erent mapping functions have been tried, and
a linear one has been selected that requires little extra
computation. This is

~
(f) = a(f)
(f) + b(f); for f � 800 Hz (4)

with:

a(f) =
1

1� sinc(2�fd
c

)

b(f) =
�sinc(2�fd

c
)

1� sinc(2�fd
c

)

For the considered frequencies, the resulting theoret-
ical gain is then equal to:

~
(f) =
R(f)

1 +R(f)
(5)

This now provides an attenuation at all frequencies
that re
ects the proportion of di�use and propagative
energy in the signal.

4 ASSESSEMENT

4.1 Measurements

The reverberated speech signals used were obtained by
convolution of anechoic phrases by real room impulses
(RIRs), measured at two closely spaced omnidirectional
microphones on a dummy head. Two di�erent RIRs
were used, of respective reverberation times 1.1 s (RIR1)
and 1.7 s (RIR2). To assess the e�ciency of the trans-
formation we have used four types of objective measure-
ment:

Input to Output SNR gain [5] : We used a time
varying method proposed in [5]. The reverberated
signal is decomposed into a sum of a direct signal
sin and a reverberant part rin, obtained by con-
volving the anechoic signal with the �rst 5 ms of
the RIR, and the RIR less its �rst 5 ms. While
the complete reverberated signal is being processed,
the time varying, signal-dependent gain is recorded.
The recorded gain is then applied separately to the
direct signal and reverberant part, giving respec-
tively sout and rout. The SNR gain is then de�ned
as:

GSNR = 10 log
10
(

P
Frame

s2out
P

Frame
r2inP

Frame
s2in
P

Frame
r2out

) (6)

It is calculated either globally or in four equal sub-
bands, over the periods of speech activity.

Noise Reduction : When no speech energy is present
in a frame, the noise reduction is calculated in the
same way by:

NR = 10 log
10
(

P
Frame

r2inP
Frame

r2out
) (7)

The separation between speech and silence zones
has been made through manual segmentation.



Distortion : A cepstral distance [6] between the in-
put and the output direct signal is used as a mea-
sure of distortion. Only the 8 �rst cepstral coe�-
cients, wich are linked to the �rst LPC coe�cient,
are taken into account. The distance used there-
fore re
ects the dissimilarity in term of the formant
structure of the two signals.

Speech Recognition Scores:

An isolated word recognition was used. The recog-
nizer was �rst trained to 99% recognition on a set of
250 english anechoic words, pronounced by a male
speaker. Recognition scores were then measured for
the longuest RIR, both on the reverberated words
and the reverberated word processed respectively
by the classical method and the proposed method.

4.2 Results

The results are displayed in Tables 1 and 2 for the two
RIRs considered.

RIR1 Gain=
 Modi�ed Gain

Noise Reduct. 5dB 7.5dB
SNR Gain 0.6dB 0.4dB
Distortion 0.03 0.06

Table 1: Performances for RIR1

RIR2 Gain=
 Modi�ed Gain

Noise Reduct. 6.6dB 9.5dB
SNR Gain 0.8dB 0.8dB
Distortion 0.06 0.07

Table 2: Performances for RIR2

The proposed algorithm yields higher noise reduction
than the classical one. For both RIRs, additional im-
provements of about 3dB are obtained. In periods of
silence, only the reverberated energy reaches the two
microphones. Because of the di�use nature of reverber-
ation, the spatial coherence function has high values at
low frequencies, and therefore little attenuation is ap-
plied. Stronger attenuation is provided by the modi�ed
gain.
It was judged by informal listening that the resid-

ual reverberation presented a high pitched spectral col-
oration. This can be explained by the fact that the mod-
i�ed gain is applied only to low frequencies, whereas the
unmodi�ed coherence function is used as a multiplica-
tive gain at high frequencies. In cases where there is
only reverberation, the modi�ed gain yields strong at-
tenuation. However, even if the theoretical value of the
coherence function at high frequencies is low, the esti-
mated gain lies around 0.2. This is due to the bias and

variance of estimation, whose estimates by simulation
are displayed on Fig 3. For low values of the coherence
function (top �gure), the bias can be as high as 0.2.
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Figure 3: Bias and variance of estimation, ploted versus
the true value of the coherence function

Therefore, the remaining energy after processing lies
mainly above 800Hz, hence the coloration of the residual
reverberation.

The modi�ed gain yields slightly higher signal dis-
tortion, due to the unwanted attenuation of some low-
energy speech at low frequencies. Over speech periods,
little or no improvement in SNR gain is obtained. How-
ever, signi�cant improvements were obtained on speech
recognition scores : they are displayed, together with the
90% con�dence interval, in Table 3 below.

Method Recognition score

Reverberated 36.5% [31.6 - 41.7]%

Gain=
 37.3% [32.2 - 42.2]%

Modi�ed Gain 42% [36.9 - 47.1]%

Table 3: Speech recognition scores using RIR2

4.3 Discussion

The method proposed relies heavily on the validity of
the physical model of di�use noise. Fig. 4 plots the
measured coherence function estimated for a white noise
process convolved by the late part of the second set of
two room impulse responses used (RIR2), together with
a dotted line showing the theoretical sinc function. It
can be seen that in this case, there is good agreement be-
tween the theoretical coherence function and the model.
However, this is no longer true for shorter RIRs, for
which the method would be less e�cient.
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for RIR2

5 CONCLUSION

Based on a theoretical study of the physics of the prob-
lem, we have proposed a new method derived from a
classical binaural algorithm of late dereverberation. The
performances of both the algorithms are assessed in
terms of four di�erent criteria. The new algorithmyields
similar speech distortion but reduces noise and gives a
signi�cant improvement in automatic speech recognition
performance at little computational cost.
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