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ABSTRACT

This paper deals with the enhancement of speech cor-
rupted by real additive noises in a car when two observa-
tions are available. As far as we know, no enhancement
system was capable of improving both the quality and
the intelligibility of the noisy signals. We propose an
enhancement method using thresholding, segmentation
and �ltering in subband domain. The main idea is to
expand in subband signals the two observation speech
signal and to exploit the spatial coherence of sound from
the subband expansion. Noise reduction is conducted
using two methods according to the degree of correla-
tion of the subbands of the two observations. The pro-
posed noise reduction approach is applied to realistic
situations like speech signals, which are corrupted by
non-stationary noises of diverse origins.

1 INTRODUCTION

This work addresses the problem of noise reduction in
the speech signals recorded in a car. Since the car is
a strongly noisy environment and the signal to noise
ratio may be as low as 0 dB perhaps even negative, it
is important to �nd a pertinent criterion to distinguish
the useful signal from the disturbing noises.
In this application, we have not any reference con-

cerning the noises. We have only two signals recorded
from two microphones, which are put in the sun visor.
Therefore, the two available observations contain noises
and speechs in the same time. Faucon and al [5] [6]
proposed several methods to resolve this problem when
one or two observation are available, using Short Time
FFT, spectral subtraction and coherence function. In
this work, in view of the non-stationary nature of the
corrupter noises, we propose to decompose �rst speech
signals into subband signals. This subband decomposi-
tion yields subband speech signal components corrupted
by the noise component in this subband. If the subband
larger is narrow enough, noise component can be consid-
ered stationary so traditional noise reduction method is
applicable in each subband. The other part of this work
is the exploitation of the noise power subband indicator.
In fact, there are two microphones, it is interesting to

look at the correlation or the non-correlation between
the two microphone subband signals. In a sense, hav-
ing multiple observations brings more robustness for the
noise reduction system in the non-stationary case in such
way that it exploits the spatial coherence of sound �elds
better.

The association of the subband decomposition and the
coherence function gives better results than using Short
Time FFT and coherence in the case of uncorrelated
noises. However when the two observations are strongly
correlated, it is the case when the two microphones are
close to each other, noise reduction using only the co-
herence function can induce an important alteration of
speech. Whatever the degree of �ltering, we can not
attenuate the noise without degraded the intelligibility.
So, we propose the division of the subbands into two
sets. The �rst one is the set of subbands where the
value of the coherence becomes signi�cative to perform
segmentation and �ltering. The second one is the set of
subbands where the two observations are too correlated
one each other. In this case, we prefer using a method
based on learning the power spectra of the noise in si-
lence parts of the signal such as spectral substration.
The remainder of the paper is organized as follows. The
second section addresses a brief review of the subband
decomposition. We present the analyzer/synthesizer �l-
ter bank structure, the polyphase implementation of the
�lters and the synthesis of the prototype �lter. In the
third section, we discuss the properties of the coherence
function obtained from the subband coe�cients of the
two noisy signals. The behavior of this function is very
helpful for determining the thresholds and the set of
subbands where we can apply the algorithms presented
in [8] for thresholding, segmentation and �ltering. The
second method presented here is the well-known spec-
tral subtraction, which uses only one observation and
needs a learning of noise characteristics in silence parts
of the signal. So we combine this method with the seg-
mentation algorithm based on the coherence issued from
the �rst set of subbands and apply it to the second set
of subbands. The subband speech enhancement scheme
is presented in the fourth section. Finally, we give a



comparison of the results issued from the subband and
full-band methods. Simulations are conducted on real
noisy speech signals recorded in a car.

2 SUBBAND DECOMPOSITION

FIR �lter banks are used in a wide range of speech, im-
age and other applications. The two familiar approaches
to M -channel system design are the perfect reconstruc-
tion banks and pseudo QMF banks [1]. Unlike in speech
coding, perfect reconstruction properties is not needed
in our application because the enhancement algorithm
modi�es the subband coe�cients and the output en-
hanced signal is very di�erent than the input noisy one.
So, we focus on the analysis aspects than perfect recon-
struction aspects.

The subband scheme consists on a �lter bank with one
common input x(n). This input is split by an analysis
�lter bank (H0(z):::HM�1(z)) and subsampled to yield
the M system subband signals (X0(z):::XM�1(z)).

For an e�cient implementation of this system, a
polyphase implementation is adopted [2]:
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The FIR �lter banks Hi(z) and Fi(z)can be obtained
by the modulation of a linear phase prototype [2]. In
this method, only the prototype �lter P0(z) (see below)
is designed.
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The frequency responses Hk(e
j!) are the uniformly

shifted versions of the prototype. We can calculate the
real coe�cients of the analysis and reconstruction �lter
banks by using the cosine modulation:
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where p0(n) is the impulse response of the prototype.

3 NOISE REDUCTION IN SUBBAND DO-

MAIN

The noise reduction system proposed here exploit two
techniques. The �rst one is applicable when two input
signals are available for processing and the second tech-
nique is applicable to the case where there is only one
degraded input. The �rst technique uses the coherence
function for segmentation, thresholding and �ltering op-
erations. The goal of the coherence is to cut the non-
correlated part and to keep the correlated part of the
signal. In the case of decorrelated or slightly correlated
noises, this function is a pertinent criterion to perform
these operations. The correlation between the noises
depends principally on the distance between the micro-
phones [5]. In subbands domain, it is known [6] that
the coherence becomes not a good criterion along all
the subbands. So, we propose to use this technique for
segmentation and �ltering only on the subbands where
the noises are not too correlated. Otherwise, we exploit
the segmentation issued from these subbands and com-
bine it with the spectral subtraction on the subbands
where the noises issued from the two observations are
correlated.

The magnitude of the coherence function varies be-
tween 0 and 1 and gives for each subband, the per-
centage of signal energy coming from the two correlated
sources. This value is close to one if we use only the
speech for computing it. In opposition, the magnitude of
the coherence function is close to zero when we use only
the noises as input signals. In subbands, this behavior
becomes not valid for all the subbands. The following
example illustrates the behavior of the coherence func-
tion of subband signals in one subband, i.e. frequency
bands of 250 Hz. Figures 3.1 and 3.2 represent the noisy
speech inputs obtained from the two microphones. Fig-
ure 3.3 is the plot of the value of the coherence calculated
up to 0.25 kHz of the two inputs. We can notice that
this value is close to one in both silence + noise and
speech + noise sequences. In the same way, in �gure
3.4, coherence calculated between 2 and 2.25 kHz., the
value of the coherence has a too bad behavior to be used
for cleaning the speech. In the other hand, in �gure 3.5,
coherence calculated between 0.25 and 0.5 kHz, we can
observe that the coherence has the needed behavior for
processing the enhancement. This subband re
ects, in
general, the main speech activity.

So, the crucial step of this method is the choice of the
subbands where we can exploit the coherence proper-
ties. This step must be achieved using a long training
sequence of noisy speech.

In the next section, we describe the procedure, which
for each subband, determines the appropriate method
to apply according to the degree of coherence of the
subband signals.



4 SUBBAND SPEECH ENHANCEMENT

SCHEME

The system splits each signal into M subbands. For
each subband we calculate the value of the coherence [4]
with the following expression:
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where f is the subband index and n is the index of
the current block of input data. x1 and x2are the in-
put signals and can be expressed as follows under the
assumption of speech and noise independences :

xi(t) = si(t) + bi(t)

si(t) is the speech and bi(t) is the additive car noise
recorder by the microphone i.
Gx

i
x
j
(f; n) is the power spectra density calculated

from the subbands coe�cients vectors Xi(f; n) and
Xj(f; n):

Gxixj (f; n) = E [Xi(f; n)Xj(f; n)]

The second step of this method is the partition of the
subbands into two sets. The �rst one is the set when
the coherence is signi�cative (i.e. when the noises are
not too correlated) and the second one is the remainder
of subbands. We use the coherence issued from the �rst
set of subbands to detect speech and pause sequences

in the current block with the algorithm proposed in [5].
After this segmentation, we use spectral subtraction to
clean the second set of subbands and use the algorithms
presented in [8] to �lter the �rst set of subbands. Fi-
nally, we use the synthesizer scheme to reconstruct the
enhanced signal.
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5 RESULTS AND CONCLUDING

REMARKS

Simulations were carried out with various real noisy
speech signals, which are recorded in car. We use signals
from the Matra Communications Database. Informal
listening tests, which are the best estimation of e�ciency
of the proposed method, indicate a distinctly improving
of the intelligibility and quality of the speech signals.
We note an appreciably attenuation of the noises. In
fact, the combination of the segmentation issued from
the coherence function and the spectral subtraction al-
lows a total elimination of the noise in the non-speech



parts of the signal. So there is no musical noise at the
output. In speech parts of the signal, the listening tests
indicates that the quality of the output remains good
even in the case of the low SNR inputs signals.
In our simulations, we use a 16-subband �lter bank

obtained from a 40 coe�cients low pass �lter prototype.
The two noisy original observations are depicted in �g-
ures 3.1 and 3.2. Figure 5.1 is the spectrogram of the
noisy free original signal (this signal is not used in our
experiments. We present it only to illustrate the e�-
ciency of our method) and �gure 5.2 represents a same
part of the tra�c noisy signal (Input SNR = 5.09 dB).
The following table summarizes the comparison between
the proposed composite subband methods scheme and
full-band methods.

Method SNR Listening

m1

�gure 5.3
9.3

no musical noise
speech distorsion

m2

�gure 5.4
9.7

musical noise
speech distorsion

m3

�gure 5.5
10.5

no musical noise
low speech distorsion

m1: full band spectral subtraction[5]
m2 : full band coherence [8]
m3: subband speech enhancement scheme
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