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ABSTRACT

In this paper we will comparedifferent combinationsof

a multi-channelnon-adaptie noise reductionunit (NRU)

andanacousticechocancellatiorunit (AEC) for a standard
single-channeloice transmission. The resultsshav that
theNRU andthe AEC-unitcanbeinterchangedavithoutin-

creasinghecomputationatompleity of thecombinedsys-
tem. Thelengthof an AEC’s adaptve filter canbe greatly
reduced,if a multi-channelAEC-unit in front of a multi-

channelNRU is used. Furthermore the control informa-
tion, like the step-sizeof the NLMS-algorithm, hasto be
computecbnly once.

1. INTRODUCTION

In a hands-freecommunicatiorsystemwe needtwo differ-

entdevicesto ensurea high quality of speechransmission.

A noisereductionunit (NRU) is neededespeciallyin ervi-
ronmentswith strongbackgroundhoise,e.g.in acar. The
otherdevice is the acousticechocancellerwhich compen-
sateghefarendspealer’s signal.

Severalauthors(e.g.[1, 2, 3]) have examinedthe com-
bination of the two devicesfor the single-channetaseus-
ing one microphone. Their resultsindicate that the AEC
hasto comefirst, asthe time-varying noisereductionfilter
would disturbthe adaptionof the AEC. However, it is pos-
sible to switch this arrangementif the AEC was adjusted
to the known noisereductionfilter. But this procedurewill
involve high computationatomplexity.

Thecombinationof multi-channeNRUs andAECsand
their possibleinteractionwas publishedby Kellermann[4]
as a theoreticalovervien. The setupof a multi-channel
AEC-unit precedingthe NRU was discussedandrejected,
sincethe calculationpower neededor one AEC is multi-
plied by the numberof microphones.

Martin [5] suggested combinedsystemwith two mi-
crophonesvherethe AEC- andthe NRU canbe switched.
He foundoutthatthelengthof the AEC’s compensatiofil-
terscanbereducedo the half, if thetwo AECsareplaced
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in front of the NRU. In additionto a NR post-filter heuses
asimpledelay-and-sunbeamformerWe will shav thathis
suggestioncan work well with a four-channelsetup,too.
Here, the length of the adaptve filters after each micro-
phonecanbereducedevenmore.

In section2 we introduceour combinedsystem. Be-
sidesthe mentionedeductionof thefilter lengthin a multi-
channelAEC-unit,we will shav morepossibilitiesto make
the usageof multi-channelechocancellationmore cornve-
nient. Section3 shows the simulation ervironment, fol-
lowed by thediscussiorof our resultsin section4.

2. COMBINED SYSTEM

Figurel andfigure 2 shov thetwo examinedarrangements
of amulti-channelAEC- andNR-unit. Asthefocusof this
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Figure1: A unit of four AECs (onefor eachmicrophone
channel)s followedby the multi-channelNRU (setup 1).

paperlies on the multi-channelAEC-unit, we have chosen
asimpledelay-and-sunbeamformeasthe NRU. Sincewe
needfractional delaysfor the delay-and-sunbeamformer
we implementedheNRU in thefrequeny domain.For the
AEC-unit we testedtwo differentalgorithmsto adaptthe
filters in the AEC to the accordingloudspeakr room mi-
crophongLRM) impulseresponseA simpletime-domain
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Figure2: OneAEC is positionedat the outputof the multi-
channelNRU (setup 2).

NLMS-algorithm works fine for a first experimentusing
white noise(see3.1). For the following simulationswith
speectsignalsan APA-algorithm [6] with a projectionor-
derof 10 (APA10) wasused.

In areal-world ervironmentwith double-talksituations
a reliable control of the AEC is needed7]. As anexam-
ple the step-sizeof the NLMS is one key-parameterfor a
sufficient adjustment. We have chosenthe suggestiorby
Antweiler [8] for theNLMS-algorithm.

3. SSMULATION

First, we wantto illustratethe spatialgeometryof our sim-
ulatedexperimentalsetup.Figure 3 givesa surwey overthe
positionof the sourcesandsensorsWe obtainedhetwelve
needed_RM-impulseresponsegeachsourceto eachsen-
sor) usingthe imagemethodby Allen andBerkley [9] im-
plementedn thefrequeny domainin orderto getfractional
delays. The reverberationtime is 740 = 200ms. Each
LRM-impulseresponséasgot alengthof 4096 taps.

3.1. Studieswith White Noise

In afirst experimentwe simulatedthe nearendandthefar-
end spealer as white noise sources,uncorrelatedo each
other This will shov an estimationof the behaiour of
the two setups. We usedthe linear arrayin endfiresteer
ing, sincetheresultsusingbroadsidesteeringdid not shav
distinct differences.We measuredhe echoreturnlossen-
hancemen{ERLE) for eachAEC betweenpoints1 and2.
The ERLE of the whole systemcan be obtainedusingthe
points1 and3 (seefigure 1 for setupl, for setup2 (fig. 2)
usepoints3 and2). TheERLE is givenby
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Figure 3: Placemenbf signal sourcesand sensorsn the
simulatedroom. Thelineararrangementf the sensorsare
shavn in bothendfireandbroadsidesteeringo thenearend
spealer. Thedistanceof adjacensensorss 5cm.
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3.2. Studieswith speech signals

The secondexperimentwasdoneusingspeechsourcesor
farendandnearendspealer aswell aswhite noisefor the
backgrounchoise. For all simulations,we chosea far-end
speectsignalto white noiseratio of 20dB. We still usedthe
endfire steeringof the microphonearray Figure 4 shows
the two speectsignals. The SNR of the nearendspealer
to the white noisewas setto 23dB. Thereforethe near
endspealer is 3dB louderthanthe far-endspealer, which
represents realisticdouble-talksituation.

4. RESULTS

Figure5 shavs the maximumERLE for a given SNR. The
SNR is definedasthe ratio betweenthe nearend andthe
farendspealer. Both sourcesverewhite noise. Therefore,
a negative SNR meansa strongerfar-end spealer. Figure
5ashows the maximumERLE at eachAEC, whenwe use
the samefilter lengthfor both setupl and2. We cansee
thatsetup2 alwaysleadsto aworseERLE. This behaiour
canbe explainedby the additionalreductionof the farend
spealer causedy the precedingNRU. In setupl theadap-
tion in eachAEC is improved by the better(i.e. smaller)
nearendto farendsignalratio. Increasingthe numberof
adaptve coeficientsfrom 1024 to 2048 will not increase
the ERLE significantly This resultholdsfor both setups.
Even at a SNR of —20dB the disturbing nearend signal
is strongerthantheresidualerrorcausedy thefilter length
beingtoo short(hotethatwe useLRM-impulseresponsesf
alengthof 4096taps).A theoreticalexplanationandanes-
timation of theresultingerror, if the numberof coeficients
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Figure 4: The upperplot shows the far-end spealer sig-

nal, the middle plot the nearend spealer signal. In the

lower plot we canseea completemicrophonesignal,which

includes the reverberatedfarend spealer, the nearend
spealerandthe backgrounchoise.

is too smallcanbefoundin [10].

In figure 5b we examinedthe ERLE of the whole com-
bined system. The differencesbetweensetupl and setup
2 becomesmaller asthe NRU additionally suppressethe
farendsignal. We canstill seea slight advantageof setup
1.

In figure 5¢c we have reducedhelengthof eachAEC in
setupl to a quartercomparedo the single AEC in setup
2. Now, thereareno distinct differenceshetweenthe two
setupsarymore,exceptfor onemeasuremenisingsetupl
with alengthof 256 for eachAEC. Here,theresidualerror
is to high, especiallyat SNRsbetween-20dB and—10d B.
For setupl usinga filter lengthof 512 we canseethatthe
filter length canbe greatlyreducedwithout decreasinghe
ERLE.

Finally, we examinedthe behaiour with speechsig-
nals. Figure 6 shavs the ERLE measureswhenwe use
the NLMS- or the APA10-algorithm. Again, thereareno
explicit differencesbetweensetupl andsetup2. We can
see thatthefour APA10 AECs(with alengthof 512 each)
in setupl convergeevenfasterthanthesingleAEC in setup
2.
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Figure 5. Maximum ERLE measuredat different SNR-
valuesusingwhite noise.

4.1. Step-size control

In orderto show thatthe computationakompleity is not
increasedy theusageof four AECswe examinedthelapse
of thestep-sizeontrolparameteé (k) atall four AECs(see
figure7). No distinctdifferencexanbe seenandtherefore,
only oneestimatorfor the step-sizecanbe usedto control

thewhole AEC-unit. We recommendo useoneof themid-

dle channelf thelineararrayto getthebestresults.

5. CONCLUSION

In this contribution we have presenteda study on multi-

channelAECs and NRUs andtheir interactionwhencom-
bining themin differentsetups. Our resultsindicate that
a precedingmulti-channelAEC will notincreasethe com-
putationalcomplexity asthe filter lengthscan be reduced
andonecontrolunitis sufiicient. Therefore pothsetupsare
comparablevhen non-adaptre multi-channelNRUs were
used. However, combining AECs with adaptve NRUs a
precedingAEC-unit is preferable sincea precedingadap-
tive multi-channeNRU will disturbthe AEC-unit,asin the
single-channetase.
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