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A FLEXIBLE SPEECH DISTORTION WEIGHTED MULTI-CHANNEL WIENE R FILTER
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ABSTRACT indeed be continously present, the speech signal typicalifains

In this paper, a multi-channel noise reduction algorithprissented
based on a Speech Distortion Weighted Multi-channel Wi&ilezr
(SDW-MWF) approach that incorporates a flexible weightiactér.

A typical SDW-MWF uses a fixed weighting factor to trade-o#-b
tween noise reduction and speech distortion without takipgech
presence or speech absence into account. Consequentlyn-the
provement in noise reduction comes at the cost of a highescépe
distortion since the speech dominant segments and the doise
inant segments are weighted equally. Based on a two-statzkp
model with a noise-only and a speech+noise state, a soligtion
troduced that allows for a more flexible trade-off betweersaae-
duction and speech distortion. Experimental results wétiring aid
scenarios demonstrate that the proposed SDW-MWF incdipgra
the flexible weighting factor improves the signal-to-neiaéo with
lower speech distortion compared to a typical SDW-MWF aral th
SDW-MWF incorporating the conditional speech presencéaind-

frequencies even during speech segments. It has been shown i
single-channel noise reduction algorithms that by incaapog the
conditional SPP in the gain function or in the noise spectegtima-
tion a better performance can be achieved compared toitaalit
methods [4][5]. A typical SDW-MWF uses a fixed weighting farct

to trade-off between noise reduction and speech distortitimout
taking speech presence or speech absence into accounmé&aits
that the speech dominant segments and the noise dominamne sy
are weighted equally in the noise reduction process. Coresely,

the improvement in noise reduction comes at the cost of aehigh
speech distortion. In [6][7] an SDW-MWF approach that inpor
rates the conditional SPP in the trade-off between noisactezh
and speech distortion has been introduced. In speech domina
segments it is then desirable to have less noise reductiandiol
speech distortion, while in noise dominant segments it &rdble

to have as much noise reduction as possible.

ity (SPP). ] ) ] ] ) This paper presents an SDW-MWF approach that incorporates a
~ Index Terms— Multi-channel Wiener filter, noise reduction, fiexible weighting factor based on a two-state speech moitalav
distortion, speech presence probability, hearing aids. noise-only and a speech+noise state. The flexible weiglféicipr
is introduced to allow for a more flexible trade-off betweeise re-
1. INTRODUCTION duction and speech distortion. Experimental results withrimg aid

Background noise (from competing speakers, traffic etcd $6g-  Scenarios demonstrate that the proposed SDW-MWF incaipgra

nificant problem for hearing impaired people who indeed lravee @ flexible weighting factor improves the signal-to-noisgie with

difficulty understanding speech in noise and so in generatie lower speech distortion compared to a typical SDW-MWF arel th

higher signal-to-noise-ratio (SNR) than people with ndrivearing ~ SPW-MWEF incorporating the conditional SPP.

[1]. The objective of these noise reduction algorithms isriaxi- The paper is organised as follows. Section 2 describes tie ge

mally reduce the noise while minimizing speech distortiommost  eral set-up and the multi-channel Wiener filter. Section Bl&krs

scenarios, the desired speaker and the noise sources aiegilyy the concept behind introducing the flexible weighting factothe

located at different positions. Multi-channel noise reércalgo-  SDW-MWF. In Section 4 experimental results are presentede T

rithms can then exploit both spectral and spatial charmttes of ~ work is summarized in Section 5.

the speech and the noise. Another known multi-channel reise

duction algorithm is the Speech Distortion Weighted MWF YD

MWF) that provides an MMSE estimate of the speech compoment i 2. MULTI-CHANNEL WIENER FILTER

one of the input signals [2][3]. Let Xi(@,l),i =1, ..., M denote theV/ frequency-domain micro-
Traditionally, these multi-channel noise reduction aions ~ Phone signals

adopt a (short-time) fixed filtering under the implicit hypesis

that the speech is present at all time. However, while theencan Xi(k, 1) = X5 (k, 1) + X7 (k, 1) 1)

This research work was carried out at the ESAT Laboratory ofwherek is the frequency bin index, aridhe frame index of a short-
Katholieke Universiteit Leuven, in the frame of the EST-SId. Marie- time Fourier transform (STFT), and the superscripgmdn are used

Curie Fellowship program (http://est-signal.i3s.urfigeunder contract No. - I .
MEST-CT-2005-021175, the Concerted Research Action GCNBt, Bel- to refer to the speech and the noise contribution in a sigaspec-

; Mx1 :
gian Programme on Interuniversity Attraction Poles inéiby the Belgian  tively. LetX(k, 1) € C ** be defined as the stacked vector
Federal Science Policy Office IUAP P6/04 (DYSCO, ‘Dynamisgtems,
control and optimization’, 2007-2011, and the K.U.Leuvers&arch Coun- X(k, 1) = [X1(k, 1) X2(k,1) ... Xne(k, l)]T )
cil CoE EF/05/006 Optimization in Engineering (OPTEC). Hueentific re- s n 3
sponsibility is assumed by its authors. = X*(k, 1) + X" (k,1) 3)

many pauses. Furthermore, the speech may not be preseiit at al



where the superscrifff denotes the transpose. The MWF optimally

estimates the speech signal, based on a Minimum Mean Squared

Error (MMSE) criterion, i.e.,
Waise(k, 1) = argmin e{|X7 (k,1) = W X(k, D"} (4)

wheree{} denotes the expectation operatéf,denotes Hermitian
transpose and the desired signal in this case is the (unkrspeech
componentX? (k, 1) in the first microphone signal. The MWF has
been extended to the SDW-MV)Rhat allows for a trade-off be-
tween noise reduction and speech distortion using a weiglfdictor

1 [2][3]. If the speech and the noise signals are statistigatlepen-
dent the design criterion of the SDW-MWHs given by

Wy (k, 1) = argmin e{|X7 (k,1) = WX (k, D"} +

I
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pe{ WX (k, 1)[*}. )
The SDW-MWE, is then given by whereg(k,1) 2 P(Ho(k,1)) is the a priori speech absence probabil-
. . -1 ity (SAP), u(k, 1) £ HEDEEL. such that (k, 1) andy(k, 1) denote
W, (k1) = [R (k1) + pR™(k,0)|  R*(k,l)es (6)  the a priori SNR and the a posteriori SNR, respectively. Detn
where thel x 1 vectore; equals the first canonical vector defined as Egiisélgiﬂgqﬁ[;?[z]SAp’ the apriori SNR and the a poste3iiR
i T h . . .
e=[1 0 0]" and the correlation matrices can be estimated For the sake of conciseness the frequency bin irkderd frame
as index! are omitted from now on iX(k, 1), X*(k,1), X" (k,1) and
Ho(k.1) R™(k,1) = anRn(k, 1) + (1 — )X (k, DX (K, 1) X3 (k,1).
olk, L) : -
R*(k,1) = Ra(k, 1) 2.2. Derivation of SDW-MWFspp
© o © _ H The conditional SPP in (9) and the two-state model in (8) peesh
Hi (k1) : {Rn(k’l B aflR (k1) + (1 = )X (k, )X (K, 1) events can be incorporated into the optimization criterdérthe
R"(k, 1) = R"(k, 1) SDW-MWFy, leading to a weighted average where the first term

@)

where Ho(k,1) and H; (k, ) represent speech absence and speec
presence events in frequency lirand framel, respectively. The
second-order statistics of the noise are assumed to bet-teinir)
stationary which means thRt*(k, ) can be estimated & (k, 1) =
R®(k,1) — R™(k,1). Looking at (7) it is clear thaR.(k,!) and

R~ (k,1) are updated at different time instant basedHy(k, ) and

Hq(k,1). Furthermore, an averaging time window of 2-3s (defined

by a, ande;) is typically used to achieve a reliable estimate. An-
other aspect is thg in (6) which is a fixed value for each frame
and each frequency. This puts a limitation of the trackingatdli-
ties since speech and noise are non-stationary and can bieemd
stationary only in a short time window, e.g., 8-20ms [1].

2.1. SDW-MWEF incorporating the conditional Speech Presere
probability (SDW-MWF spp)

A two-state model for speech events can be expressed given tw

hypothesed1y(k, ) and H1(k,1) which represent speech absence
and speech presence in frequency biand framel, respectively,
i.e.,

Hi(k, 1) : X (k1) = X2 (ky 1) + 1- X35 (k, 1), ®)

where thei-th microphone signal is used as a reference (in our cas
the first microphone signaX (k, ) is used). The inclusion of the
second term in the definition dffy will be explained in Section 3.
The conditional SPR(k, 1) £ P(H:(k,1)|X;:(k,1)) can be written
as [5]

1+ q(k,1)

p(k’”:{ 1= q(k, 1)

(1+£(k,l))exp(—v(kvl))}i ©)

corresponds td7; and is weighted by the probability that speech is
resent, while the second term correspondégftoand is weighted
y the probability that speech is absent, i.e.,

Wsee(k, 1) = argmin p(k, e{| X7 — W X|*|H1}
+ (1= p(k, 1)e{|W " X|?| Ho} (10)

wherep(k, 1) is the conditional probability that speech is present and
(1—p(k, 1)) is the conditional probability that speech is absent. The
solution is then given by

Wepe(k, 1) = [RS(k,l) n (,)(%z)) R"(k7l)]71RS(I<:,l)e1. 11)

The SDW-MWHFspp offers more noise reduction whemn(k, 1) is
small, i.e., for noise dominant segments, and less noisectied
whenp(k, 1) is large, i.e., for speech dominant segments making the
SDW-MWFsppchange with a faster dynamic [6].

In [6] a combined solution SDW-MWgmbined Was also pro-
posed, which in one extreme case corresponds to the SDW-WF
and in the other extreme case corresponds to the SDW-MVBE-

: T - 1
sically the term-— is replaced with §SEReE ) where a

is a trade-off factor between SDW-MWFand SDW-MWFkpr The
(weighting factor) ! i.e. a(%) + (1 — a)p(k, 1) is shown in Fig. 1
for different configurations. This clearly shows that thentined
golution corresponds to a smoothing of the conditional Sfte
the variations between the speech dominant segments anoide
dominant segments are reduced, the distortion is also eeduc

@

3. SDW-MWF INCORPORATING A FLEXIBLE
WEIGHTING FACTOR (SDW-MWF  gex)
First, it is clear that the noise reduction in thg state and thd1,
state have a different interpretation, i.e.,
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Fig. 2. lllustration of P (1) for a given speech segment. Weiex(k, 1) = arg min
T W

1 s H~/ |12
e Reducing the noise in thE, state can be related to increasing P [max(p(k’ D, QHy Je{I X0 = WX Hu}

listening comfort, since speech is not present inkhestate, _ 1 Hy|2 ]
which means that a greater attenuation can be applied. + (1= max(p(k, 1), Hy De{|WEX | Ho} |+
¢ Reducing the noise in thH, state is a more challenging task (1—=P()) [ﬁsﬂX{‘ — WX} + 5{|WHxn|2}]

since this relates to speech intelligibility and hence theesh ) 0

distortion weighted concept truly only makes sense infihe = argimin

state.

L . . P(l k1), —1- 1—P1L}

Secondly, as described in Section 2, the speech correlatatnix [ (1) max(p(k, 1) OHy )+ ( ))'U'HU
R?(k, 1) and the noise correlation mati* (k, [) are estimated dur- e{| X5 — WHxS|2} + 5{|WHx"|2} (13)

ing H1 and Ho, respectively. This means that, in theory the SDW-

MWEF could be an all zero vector during noise-only periodsein The solution is given by

thenR’(k,l) = 0. In practiceR*(k,!) is "frozen” during noise-

only periods wherdR™(k, ) is updated. In fact this is in line with Weiex(k, 1) = [Rs F(k l)Rn] 71Rse1 (14)
the definition of Hy in (8), where the "0” indicate, that the speech ’ ’

X; can have a non-ze®*(k, 1) in Ho, but is not transmitted into
X,. We then suggest, that if thE, state and the?; state can be
properly detected a more flexible trade-off between noigsecton -1
and speech distortion can be achieved. To this aim, the gdeam v(k,1) = [P(l)maX(p(k’JL ﬁ) +(1- P(l))wl,o]
P(1) is introduced, which is a binary decision, obtained by agera

with the weighting factor defined as

ing the conditional SPP(k, 1) over all frequency bing = [P(l)min(mﬂm) +(1- P(l))ﬂHo]- (15)
1 K
pay=4 1T 2o p(D) = atame 12) 4 EXPERIMENTALRESULTS
k=1 In this section, experimental results for the proposed SIAWFgjex
0 otherwise are presented and compared to SDW-MyMFand SDW-MWF,.

whereP(l) = 1 means theé{, state is detected anfd(l) = Omeans 4.1, Experimental set-up and performance measures

the Ho state is detected, angkame is @ detection threshold. This Simulations have been performed with a 2-microphone bettiad
P(1) will be used in the operation of SDW-MWkx. In Fig. 2P(l)  ear hearing aid mounted on a CORTEX MK2 manikin. The loud-
is plotted for a given speech segment which shows that evéfiin  speakers (FOSTEX 6301B) are positioned at 1 meter from thiece
state there are some frames/samples where the conditi®lisS  of the head. The reverberation tirfig,=0.21s. The speech is lo-
low. Notice that in this case the noise correlation matredept  cated ab® and the two multi-talker babble noise sources are located
fixed whereap(k, 1) and P(l) are continously updated. The two at120° and180°. The speech signal consists of male sentences from
key ingredients of the proposed SDW-M\W are now as follows:  Hearing in Noise Test (HINT) for the measurement of speechpe

e A weighting factoru g, is introduced, which is a function of tion thresholds in quiet and in noise and the noise signasistsof

p(k, 1), that defines the amount of noise reduction that can bé& multi-talker babble from Auditory Tests (Revised), Cortdaisc,
applied in theH; state. Auditec. The signals are sampled at 16kHz. An FFT length &f 12

- L B with 50% overlap was used. The parameters for estimating the con-
A weighting factor is introduced, which is a constant .. o :
® ghting HHo ' ditional SPP are similiar as in [6].

weighting factor, that defines the amount of noise reduction . : N
that can be applied in thé, state. .To assess the noise reQuctlon performance thg |nt§!llg1bll
o o o _ weighted signal-to-noise ratio (SNR) [8] is used which iirted
The SDW-MWHeex weighting strategy is illustrated in Fig. 3 which gg
shows the weighting factor as a functionydf, [). Notice thatum,
is defined here amin(m,am), i.e., a function of the condi- ASNRntelig = Zfz‘(SNR@,out — SNR; i) (16)

tional SPPP(; 77 and a lower thresholdvs, which is introduced
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Fig. 4. SNR improvement forvy, =1,2 and 3 with variablgg,
compared to SDW-MWFE and SDW-MW/Fspn

wherel; is the band importance function defined in ANSI S3.5-1997
[9] and where SNR,.: and SNR ;,, represent the output SNR and
the input SNR (in dB) of thé-th band, respectively. For measuring
the signal distortion a frequency-weighted log-specigial distor-
tion (SD) is used defined as

K Fu P3
SD = % kzzl \//fl wERB(f) (10[0g10 %)2 df (17)

where K is the number of framesP;,, ,.(f) is the output power
spectrum of thesth frame, Py, ;. (f) is the input power spectrum of
kth frame andf is the frequency index. The SD measure is cal-
culated with a frequency-weighting factarzrz(f) giving equal
weight for each auditory critical band, as defined by the eajant
rectangular bandwidth (ERB) of the auditory filter [10]. et that
the intelligibility-weighted SNR and the spectral distort are only

computed during frames of speech+noise.

4.2. Results

In this experiment, for the SDW-MWHgy, the a g, is fixed to 1,2
and 3,5, is increased from 1 to 20 and the conditional SRR, 1)

is estimated according to (9). For SDW-MWF. is increased from
1to 20. The SNR improvement is shown in Fig. 4 and the speec
distortion is shown Fig. 5. This shows, that the SDW-MMF
outperforms the SDW-MWE and SDW-MW/Fsppboth in SNR im-
provement and in terms of speech distortion, when the wigight
factor uq, is increased. Increasing, does show a further im-
provement in SNR using SDW-MW#y with a small increase in
speech distortion.

5. CONCLUSION

In this paper a noise reduction procedure SDW-M\MFhas been
presented that incorporates a flexible weighting factorraoe-off
between noise reduction and speech distortion, which isxan e
tension of the SDW-MW4Epp incorporating the conditional SPP.
Based on a two-state speech model, with a noise-0Hly) and a
speech+noiséH,) state, the goal of the SDW-MWf, is to apply
an equal amount of noise reduction as in a typical SDW-MVif
the Hy state, while in thed; state, the goal is to preserve the speech
by exploiting the conditional SPP. The SDW-M\Aik is found to
significantly improve the SNR while the speech distortiorképt
low compared to SDW-MWE and SDW-MW/Fspp
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Fig. 5. Speech distortion fat 7, =1,2 and 3 with variable r, com-
pared to SDW-MWE and SDW-MWkspr
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