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ABSTRACT ing Wiener filter developed in the wavelet domain [7, 8]. Good
performances are obtained with this algorithm thanks to the multi-
resolution induced by the wavelet transform and represented by
§he sub-band filters of various lengths. In addition, computational
&oad is reduced.

In this paper, we extend our approach by including a different
processing based on a coherence function. A wavelet transform

analysis. This contribution shows that the coherence function, cal-based coherence function is introduced to estimate the degree of

culated between the beamforming output signal and the reference |m|tlre11r|t)f/ bettween;wc;] S|gna|s| in the ttlmteh fr?:(?:tfrertl)cy d(;)makl]n Us-
microphone output signal using wavelet transform, provides a rev- Ing IS function which IS analogous 1o the ased conerence

elant and exploitable information for further noise suppression. functlpn we cl_evelop_ a nonllnc_ear flltgr to improve th_e noise sup-
Thus, a nonlinear coherence filtering and a linear Wiener filter- pression obtained W'th. the Wiener filter alone. Un!lke the FFT
ing are combined in the wavelet transform domain to improve the baseq coheren_ce function calculated between two mlc_rophone out-
performance of the Wiener filter based postfilter, especially dur- put signals as in [1, 2], the pr(_)posed cohe_rence function is calcu-
ing pauses. Evaluations of the new algorithm confirm that speechl""Fe‘:}I between the b_eamfprmlng output 5'9“"’?' and the reference
quality is indeed improved with significantly reduced distortions. microphone output signal in the wavelet domain.
Finally, the results of the objective measures are presented.

Wiener filter based postfiltering has shown its usefulness in micro-
phone array speech enhancement systems. In our earlier work, w
developed a postfilter in the wavelet domain where better perfor-
mance has been obtained compared to the algorithms develope
in the Fourier domain. Furthermore, considerable computational
savings are provided thanks to the multi-resolution and multi-rate

2. PROBLEM STATEMENT
1. INTRODUCTION _ o N

The idea of the proposed system consists in the decomposition of a
Most of the hands-free voice communication systems are intendednon-symmetric logarithmic microphone array into sub-arrays and
to work in real conditions where interfering sources like noise and in the beamforming operation performed in sub-bands [6]. As de-
reverberation effects are often present. This leads to an impor-tailed in [7], wavelet transform is very suitable for the proposed
tant decrease in performance of such systems. To provide a goodlecomposition. Furthermore, the advantage of its use is the com-
quality of communication, many speech enhancement algorithmsputational saving achieved by the multi-resolution multi-rate pro-
have been proposed. Microphone array speech enhancement h&&gssing represented by the critical sub-sampling. The process-
shown its superiority over the techniques based on one channel
thanks to its independence from the nature of the interfering sig- e Deay Microphone

Compensation 'Sub-bends

nals. Furthermore, microphone arrays are very suitable for situa- DT X (n) _ @(n)
tions involving a moving source since they can alter their direction £ | Beamlarming
of reception automatically. >g(n) . Wavelet | 0 podifiltering ) Wavelet

One of the commonly used microphone array speech enhance-l " L] e Desired
ment methods is conventional delay-and-sum beamforming WlthHH Transform | ; postfiltering o) Transfofmﬂsgnaj
an additional postfiltering, as proposed in [5, 10, 9]. This method } FX g Bej:?fn%@ng : h Edimate
has proved its efficiency for noise reduction. However, important Analysis | : postitering ¢ | Synthesis
distortions are introduced by the postfilter, particularly because ofO - X(n) [Beamierming|*3(7)
the inaccurate speech and noise power spectral densities estimates. podtfiltering
On the other hand, poor performance is noticed at low frequencies ] ] ] ) )
which exhibit a high spatial coherence between noises in the mi-  Figure 1:Block diagram of the noise reduction technique.
crophone output signals. This is due to the small spacing required
between the microphones. ing is applied in the time-frequency domain where both sub-array

To overcome these problems, a number of improvements, in- based beamforming operation and postfiltering are performed us-
cluding smoothing techniques for power spectral densities esti- ing wavelet transform (Fig. 1).
mates, have been proposed [4]. We have proposed a postfilter us-  Let z(n) be the noisy signal samples wherén) = s(n) +



n(n). The clean speech signgn) and the additive noise(n) are

whereI'x, x,,(n) and'x, x,,/(n) are the wavelet auto-power

assumed to be independent. The wavelet transform, represented bgnd cross-power spectra of thh frame respectively. This quanti-

a transform matrixA is performed on the corrupted input vector,
x, yielding

X=A x=A-s+A-n=S+N,

whereS, N and X are the wavelet transform coefficients of the
desired speech, noise and corrupted vectors respectively.

The input vector to the noise reduction procedure, which con-
sists of the wavelet transform coefficients of the time delay com-
pensated microphone signals and which corresponds tetitae
sub-bandg =1, - -, L, is expressed as:

X4(n) = [X1,4(n), -, Xig(n), - Xarg(m)]", (1)
whereM is the number of microphones. The components of this
vector are summed and averaged formiig(n). Then, we pass
X,4(n) through a postfilter to obtain a sub-band signal estimate
S‘¢ (n). Generally, an adaptive Wiener filter is used as postfilter to
provide this estimate [10, 9].

3. WAVELET TRANSFORM BASED WIENER FILTER

In our earlier paper [7], we developed a Wiener filléy, in the

ties are calculated as follows:
inxj,l(n) = ﬂ-l"xl.xj,l_l(n)+X1(n)X2(n) 1,7 =12 (6)

wheres € [0.1,0.25] is a forgetting factor.

Let G, be the averaged coherence function over the whole
sub-band. It provides one value per sub-band for each frame. If
we consider the model (4) and if we assume fNatrn) and - (n)
are the uncorrelated noises that affect the clean si§j(al, G4,
provides a significant information about the speech presence or ab-
sence. IfG; is close to zero, it means that thth frame contains
only noise (pause) and can be removed using a nonlinear filter.
Otherwise, the frame is kept untreated.

Unfortunately, a coherence function calculated between two
microphone signals as done in [1] is far from being exploitable
in noise suppression since noises at two microphones are strongly
correlated because of the small microphone spacing.

The basic idea of the coherence based noise reduction algo-
rithm proposed in this paper consists in exploiting the change in
the additive noise structure as a result of the conventional beam-
forming. In other terms, if the time delay is compensated for all the
microphone signals according to the desired source direction and
the beamforming operation is performed, the noise components

wavelet transform domain. We showed that it is provided by the \yjj| aiso be added and averaged. However, they are still unphased

same formula as in the Fourier domain. Under the assumption of

the diagonality of the wavelet covariance matrices of the desired
signal and noise, the scalar Wiener filter is expressed as:

_ B{s*}
v E{X?Y

@)

where the quantitie€£{S?} and E{X*} are the wavelet power

since the interfering sources are coming from directions other than
the one of the desired source. This results in a different noise in
the beamforming signal compared to the initial noise at the mi-

crophone output signal while the same desired signal is present in
these two signals under an ideal time delay compensation. Con-
sequently, the model described by (4) is verified. Thus, the coher-
ence function is calculated between the beamforming output sig-
nal X, (n) and the microphone reference output sigial, (n).

spectra of the desired and the noisy speech signals, respectivelyrig. 2 presents the block diagram of the coherence based noise re-

The wavelet transform Wiener filtéd,, applied in sub-band can
be described by the following expression:

2
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4. WAVELET TRANSFORM BASED
COHERENCE FILTER

duction procedure. We observed that the averaged coherence func-

processing ofthe ©" sub-bend
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The well-known coherence function is usually used to measure the Figure 2: Wavelet transform based coherence sub-band filter.

similarity between two signals [3]. This function can also be cal-
culated on the wavelet transform coefficiefis(n) and X» (n) of
any two signalsei (n) andzz(n). For the purpose of this work,
these two signals are modelled as follows:

{

where« is the attenuation factor. By analogy to the magnitude

X1 (TL)
Xg(n)

(n) + Ni(n)

(n) + Na(n), @

=aS
=al

tion G4 ; for each frame generally exhibits a significant change of
value when the speech energy is absent (see Fig. 3). This impor-
tant property, that confirms our idea, leads to coherence coeffi-
cients which are small during pauses and close to one when the
speech signal is present. Thus, the coherence function is exploited
in a nonlinear postfiltef « to enhance each sub-band beamformer
output. The sub-band estimate of the desired signal using the co-
herence method is:

squared method, the wavelet coherence function takes the follow-

ing form:

T'x, x5,1(n)?

" Ty x,. ()T X xp0(n)

(®)

Cx,x2.1(n) = px, x4.1(n)’

Ss(n) = Ho(X4(n)). )

The enhancement is achieved using noise reduction rules which
are derived by observing the averaged coherence function in the
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- Figure 5: Combined Wiener and coherence filters applied in
oW w we w0 mow  me o mw  mw  ww wavelet transform domain for noise reduction technique.

Figure 3: Example of the wavelet coherence method in sub-bands. 44 noncoherent noise. The problem of poor performance at low
B=[500Hz,1000Hz] frequencies encountered with the Wiener filter is overcome by the
use of the coherence based noise reduction procedure.

different sub-bands. Thus, the noise reduction rules are expressed
by the following equations: 6. PERFORMANCE EVALUATION
S { X;b(”) _if G¢_’J >T (8) The proposed algorithm was tested with a simulated non-symmetric
Gy Xo(n) if Goy <T logarithmic array with 6 microphones. The smallest spacing be-
tween the microphones was,;, = 5¢cm and the sampling fre-
quency for the speech enhancement part is 8kHz. In this work,
different real noise signals with different SNRs are used and a
3rd order Daubechies’ prototype filter is adopted for the wavelet
transform. This order is found sufficient. For the performance

S (n) =

An appropriate threshold is constant and chosen equal to 0.7 for
all sub-bands. It results from the observations of the behaviour
of G4, and from listening judgementsy is chosen equal to 25.
Fig. 4 shows that noise is removed during pauses while in the
speech parts, which havg; ; exceeding the thresholH and are

not treated, some noise is still present. We note that the perfor-
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Figure 4:Evaluation of the performance of coherence based noiseFigure 6:Resulting speech signals from the noise reduction system

reduction procedure in terms BIN R,., (White noise). (a) clean signal, (b) reference microphone output signal(SNR=4.5
[dB), (c) wavelet transform based Wiener filter algorithm and

mance of the coherence based noise reduction procedure is poofd) new algorithm (white noise, input SNR = 4.5 [dB]).

in the energetic parts of the speech signal compared to the noise

reduction algorithm based on Wiener filter (see Fig. 4). evaluation, we have chosen two measures: the segmental SNR
SNR,., and the Log Area Ratio (LAR). The first measure per-
5. COMBINED WIENER AND COHERENCE FILTERING mits to show the achieved noise reduction factor for the different
IN THE WAVELET DOMAIN parts of the speech signal while the second one exhibits a high cor-

relation with the human auditory process. Computer simulation
To increase the performance of the postfilter, we propose to com-results and informal listening tests showed that the new algorithm
bine the coherence nonlinear filter proposed in Sec. 5 with theyields a significant improvement of speech quality, especially in
Wiener filter presented in Sec. 3. The block diagram of the com- pauses where noise is well removed. The results of the new al-
bined method is shown in Fig. 5. This procedure is represented bygorithm are shown in Figures 6 and 7. Furthermore, unlike the
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Figure 7:Resulting speech signals from the noise reduction systemFigure 9: LAR improvement of the proposed combined Wiener
(a) clean signal, (b) reference microphone output signal (SNR=6 and coherence filter procedure (white noise).
[dB), (c) wavelet transform based Wiener filter and (d) new algo-
rithm (real factory noise)
provides a significant noise suppression with less distortions. This
is confirmed by the objective measures and the informal listening
already proposed noise reduction methods based on FFT cohertests. The proposed method is thus suitable for an efficient speech
ence function [1], the resulting signal sounds natural and no dis- €nhancement system with a minimum computational complexity.
continuities are noticed. This is confirmed by the listening tests
and LAR improvements shown in Fig. 9. It should be noted that 8. REFERENCES
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