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experimental results obtained by simulations and a
ABSTRACT comparison between the two methods are given and

This paper addresses the problem of speech enhamtendiscussed in section 5.

in a moving car through a blind source se_paratuBSS) 2 MIXING MODEL

scheme involving two closely spaced microphones. We

propose two frequency domain methods to reduce thi&e mixing model that we consider is described im IF

distortion caused by the forward BSS structure,civlis  [4]. This model involves two convolutive mixture$ two

most important when microphones are closely spaBeth uncorrelated point sources, defined as:

methods aim at estimating post-filters to compendat p(n) =hy, *s(n) + h,, * b{n) + () )

the distortion by equalization. The first methodésed on 5,(0) =, * b{r) + hyy * ) + ny(n)

an open-loop estimation. The second one uses @&alos 2 v

loop adaptive algorithm to make the estimation reiuely. One of the two point sources is speech (the usaguial),

Simulation results show that the second methoddgem and the second one can represent either the caneeng

efficient than the first one, and both of them wllto noise or far-end speech that we want to canbg|. and

correct the signal distortion caused by the BSSvéod h,, represent the impulse responses of each channel
structure. :
separately, andy, and hy; represent the cross-coupling
1.INTRODUCTION effects between the channels; and n, represent non-

The quality of signal enhancement systems, based ooherent part of the diffuse acoustic (backgroura}e in
adaptive filtering, is highly dependent on the gyadf the the vicinity of the microphoneg. represents convolution.
“noise reference”. It is well known that any amowft In this work, h;; and h,, are assumed to be identity; this
signal leakage into the noise reference resultsigmal a55umption does not impact the practical usefulnésise
distortion and poor noise cancellation [Ij.the literature, odel as noted in [4].
we find two proposed structures, conceptually sempl
These structures allow to carry out the reductibmase le(”)
by sources separation. They are respectively called s(n) + p.(n)
Backward [2] and Forward structures [3]The Forward
structure can be regarded as an extension of tk&e ba hiz
structure of the ANC (Adaptive Noise Canceller).[Lhis
structure presents the disadvantage of distortiegoutput
signals. It was shown theoretically that the cdfoecof the
distortions is possible thanks to the equalizatainthe b(n) (n)
output signals by post-filtering8]. We have also shown in /?"'\/ P2
nz2(n)

[4], that the distortion becomes more important mitlee

inputs are recorded with closely spaced microphomnbe Fig. 1. Mixing model

work presented herein is an extension of [4] whibie

focus was put on the adaptation of the separatioctsire. 3. FORWARD BSS STRUCTURE

We concentrate here on the postfilters implem@ntaia  The considered BSS structure is the Forward onesshio
problem for which, to our knowledge, no satisfagtor rig.2. The evident theoretical solution of the peab is
solution in practice was proposed, especially e¢hse of gjven by settingw,; = h,; and wy, = hy, [3]. The Least

closely spaced microphones. : I N
In this paper, we propose two efficient methodegttmate Square_s golutlon of the prolilem IS given by miningzhe
a priori errors  uy(n)=py(n)- po(n)* wpy(n)  and

the post-filters in the frequency domain. We coesithe .
idealized case of BSS as in [4] (number of souetpsal to uz(n)= p2(n)- pi(n)* wyo(n) or equivalently:
number of observations). In section 2 we presest th

mixing model; the Forward BSS structure is detailed () = s* 5 - i 3 wo )]+ 1y (n) - rp()* wo {n)

section 3. In section 4, we describe the proposethoas T . . @
for the computation of the equalizing post-filteFnally, () =bln) [5(n)'V\i2(n) hZ]]+n2(n)-rh(n) vidn
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The filters wy, and w,qare obtained by using adaptive
algorithms.
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Fig. 2 : Forward BSS based system scheme

Fig. 3: Scheme with open-loop post-filter

For each framek, the calculation of the frequency gain
The two post-filters PF1 and PF2 are estimated Hey tG(m k) is carried out by the following equation:
proposed methods described in section 4. In n@salase

(np =ny, =0), to retrieve the original signals from and ek = Vel _ |Ma P1F,1(a4k)-ypl‘p1-(wzk),ol (6)
u,, we should have : “ Vo, (@ K Vo (@K)
_1 .
s(n) = uy (n)* [5(n)_h12* W21(n)] 3) whereyp1Pl (k) and Tuy (w k) are respectively theSD

of pi(n) and uy(n). Ysslwk) is computed in the Voice

Activity periods (VAP) by subtracting thBSD of noise
Tp R (@ k), which is estimated in the non VAP, from the

b(n) = up (n)* [5(”)— hoq* W12(”)] °

Therefore, the two post-filters PF1 and PF2 aralige
given by:

PFl= [6 hyo* w21(n] * 4 PSDof the mixture signalp, (n) . Therefore, we exploit the

_ intermittence of the speech signal to estimatehalPSDs
PFZI[F’(”)_th* ""12(”)] of this structure. To reconstruct the output, we @
overlap-save method. We point out that the correct
adjustment of the delay is very important for the correct
the theoretical solutions i.@vy; =hyy andw, = hyy, operation of this structure. This parameter mustabger
the two post-filters PF1 and PF2 will have the sideal than the group-delay of the produgt, * hy; .

solution:

PFI = PF2 = [a(n)—m* h21]_1 (5)

4. DESCRIPTION OF THE PROPOSED METHODS This new method shown by Figig based on the use of a

FOR THE COMPUTATION OE THE POST-EILTER frequency domain adaptive algorithm to update the
coefficients of the correcting ga@(o),k). We have used

As we are interested in the reduction of the speethe frequency domain LMS algorithm (FLMS) [5].
distortion, we focus our interest on the outgyfn) which
corresponds to the denoised speech signal. The two
proposed methods are based on a frequency domain
implementation of the equalizing post-filter. Y0

L

When the two adaptive filterwlz(n) and w,,(n) tend to

4.2, Closed-loop estimation of the post-filter

(W)

4.1. Open-loop estimation of the post-filter

The first new method is shown in Fig.3. In this
implementation, the frequency gaiG(w k) is used to

correct the outputy (n) of the BSS structure by amplitude

equalization. The equalizer gain is computed uding
signals: the distorted speech signgn) and the signal

mixture p;(n). We aim at restoring for each frequency bin
of the output signal the same amplitude of the cpeeFor each framé, we propagate the following equations:
signal contained in the mixtufg(n). The power spectral G(m,k):G(m,k—1)+p(m,k)E* (KUK . (7)

densities (PSD) of the signals;(n) and p;(n) are

estimated by means of first order recursive equatigsing
the FFT computation of each signal.

Fig. 4 : Scheme with closed-loop post-filter

where E(w k) is the filtering error given by:
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E(w k) = P (0 .k)-Glo kU, (0 .k) (8) with average speech spectrum (USASI noise). The SNR
) (speech-to-noise ratio) at the inputs of the fodastructure
where R(wk) et Uj(wk) represent respectively, thejszqg we note that the length of the adaptiverl (LMS
frequency components of the mixture signal andotitput  algorithms) le(n) and WZl(n) are equal toL. The

of the forward BSS structure without post-filtering. frequency-domain processing uses frames of sizev2ft
Practically in our implementation, the error is quted in 5o, overlap

the time domain according to [5]. In order to desi . . _ _
robust denoising system, the adaptation stepsf@ek) is  5.1. Simulations with loosely spaced microphones

made dependent on the signal to noise r&fitRin each  One can see from inspection of Fig.6 that the firsposed
frequency bin ofp, (@ k). In this paper we have used themethod (open-loop post-filter, see Fig.3), perforwe:

following step size equation: the speech signal is completely denoised and ttertibn
appears corrected.
nlo K) = _SNRo k) (9)
1+ SNRo k)

To estimate thiSNR we have used the priori estimation .
combined with the two step noise reduction techmigr =
described in [7],. The resulting speech spectrum
estimated as follows:

Si(o k) = Glo kU1 (@ k), (10)

We have used the overlap-save method as descrnl&gi i
to reconstruct the speech signal at the ougpn— D).

5. ANALYSISOF SIMULATION RESULTS

To represent appropriately the effect of the distan
between the two microphones on the characterisfithe
signals, we have used the specific model proposdd]i
We have done two kinds of experiments with this elod
according to the microphones spacing (experimerits w
widely or closely spaced microphones). U

samples ¥ 104

4 | | | | 1 | | 1 | |

The simulated impulse responses have been cotesiras Fig. 6. Source signal (top), mixture (middle) and noisecedler
. . . outputs (bottom) obtained with the open-loop method.
follows: hy, = (n)+hy, and hy, = §(n)+hy,, Wheres(n) is

a unit pulse localized at the beginning of the itepu W€ have compared the averaged cepstral distanoeeet
response which represents the direct acoustic fath  the original speech signal and those obtained ctispéy,
each source to the cross-coupled microphdneis an at the input and the output of the equalizer fileo k) -
exponentially weighted tail representing the rooffe@ We have obtained14.25dB without the equalizer and
[4]. Fig.5 shows examples of such impulse respoises -18.58 dB with the equalizer filter as shown in Fig@n
(Fig.5, (a)) and the post-filted(n)-hy*h,; (Fig.5, (b)), this figure, each point corresponds to a smootlohg56
which correspond to closely spaced microphonesh wit consecutive frames.

sampling period Tg=125us, the corresponding

reverberation time is 30.8 ms. The size of the ilspu

responses ik=100. For the spaced microphones . '\ , )

configuration, we have used the impulse responises gn IRVAW A

4 ) I:: II"_f'IIf . II\
* o SN i i T,

3:I

N 1 ’

Fig.7. Comparison of the CD for the two methods with

0 E 0 EY ) 1w i E 00 150

sanpes samplos “ spaced microphones
Fig. 5_. Simulated impulse responses in closely spaced \yjith the second proposed method, we have obtaihdea
microphones cas€a): 1, (b): 6(n) — hz* hy output of the adaptive filte3(w k) similar waveforms as

All the simulations have been performed at the $8MP <o shown on Fig.6The main difference between the
frequencyfs = 8 kHz The speech signal is a sentence thv

. . . . ; o methods is on the cepstral distance (CD) values
about 4s and the point-source noise signal isostaty
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(Fig.7). In this experiment, we have obtained, eetipely,
-18.08 dB and -21.56 dB, respectively for the firsgtthod
and the second one. This result clearly shows that
spectral distortion of the basic forward structuie

corrected when using the two proposed frequencyaitom

methods and we note also the superior performahteeo
second method, which was confirmed by informakhstg
tests.

5.2. Simulations with closely spaced microphones

The original speech signal, the output signal & BSS
structureu, at the input of the equalizeB(w k) and the
output of the open-loop post-filter are given by.Bi

amplitude

amplitude

i 05 1 15 2 25 3 35 1 45 5 55

samples it

Fig.8. Source signal (top), Outpug (middle) and noise
canceller outpus; (bottom) obtained with the open-loop
method

In this experiment, the two adaptive filterg, and w,; are
close tod(n) . One can observe that the signgik strongly

attenuated. For the outpsy, we see that the attenuation is

compensated and that the original speech sigmaktsred.
Similar behaviour has been observed with the cldsed
post-filter. In this critical situation (closely aped
microphones), we have evaluated the CD criteriatiier
two methods (see Fig.9).

% 16§
3 pan-lnop mathads

Bloe of 256 fram

Fig. 9. Comparison of the CD of the two methods with
closely spaced microphones
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We have obtained -17.67 dB for the first method and
-20.57 dB with the second one. We have confirmesl th
good behaviour of the second method through infbrma
listening tests.

6. CONCLUSION

We have proposed two new frequency domain methmds t
compute the post-filters to compensate for the tsplec
distortion caused by the forward BSS structure. Tirss
method is based on an open-loop amplitude equimlizat
structure. The second one uses a frequency domain
adaptive filter to estimate recursively the pokRefi In this
second method, we have introduced a variable d&p s
dependent on the SNR to cope with the various tbius:
that can be encountered in practice. Hence, thiw ne
modification permits robust convergence of the &gap
equalizer even in critical situations. All the silations
have shown the good behaviour of the two proposed
methods with superior performance of the second. one
Note that even more striking improvement of thestep
distance with the two methods has been obtainel weity
short impulse responses in the mixing model (10hsdi
which produce a very high spectral distortion & tlutput

of the separation structure. Note that we have tdsted
successfully the two proposed methods with reahadi)
recorded in a car. As mentioned in the conclusibfdh

we note that the amplification of the non-cohermsrise by
the post-filters (not discussed here) may be mntiigeoy
the fact that the uncorrelated noise is generallyer in
case of closely spaced microphones. Further wolllkdeal
with this problem.
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