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Abstract

The presentedalgorithm detectschanges of the loud-
spealer enclosue microphone(LEM) systenin an acous-
tic echo cancellationsetupundernon-stationarynoisecon-
ditions. Changesof the LEM systenmentail a mismatt of
the cancellationfilter, consequentlynakingthe befoehand
cancelledechosaudible again. Thenew algorithm avoids
the reductionof the adaptationspeedafter thesechanges.
Systenthangesare detectedy monitoringthedifferentbe-
havior of two coheences:Thesechangeshaveonly a small
impacton the coheencebetweerthe microphoneand the
loudspeakr signal,wheeasthey significantlyinfluencethe
coheencebetweerthe microphonesignalandthe outputof
thecancellatiorfilter.

1. Intr oduction

In mary countriesthe useof amobile phonewhile driv-
ing acaris alreadyprohibitedby law. Thereforehands-free
communicatiorwill soonbe afeatureof moderntelephone
systemghatis takenfor grantedby the customer Though,
thelimitations of hands-fredelephonesystemsn a caren-
vironmentarevery challengingdueto the non-stationarity
of theervironment,the high noiselevel and,becausef the
longdistancebetweeroudspeakrandmicrophonetheap-
pearancef acousticechos. For thatreasonthe combina-
tion of noiseandechocancellatiorsystemss still thetopic
of muchactie researchl1][2].

Themostpopularconcepfor echocancellatioris based
on adaptve filtering. Here,the loudspeakr enclosuremi-
crophongLEM) systenis estimatediia the correlationbe-
tweenthe loudspeakr signal and the microphonesignal.
Dueto thefactthatnoisecancellatiorsystemsaisuallywork
in thefrequeny domain,afrequeny domainechocancella-
tion algorithmsuchasthe onebasedn thefastleast-mean-
square(FLMS) algorithmis preferablefor combinedecho
and noise cancellation(Fig. 1). Unfortunately additive
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noisesuchaservironmentalnoiseanddouble-talkseserely
affectthe corvergenceof the adaptve filter. Double-talkis
definedasthe situationwhereboththeremoteandthelocal
speakrareactive. Thereforethestep-sizeof theadaptation
algorithmhasto be adjusteddependingon the noiselevel.
Several step-sizecontrol algorithmshave beenproposedn
thepast[3]- [7].
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Figure 1. Basic frequenc y domain echo can-
cellation system

Changesf the LEM systemareparticularlydifficult to
handlefor mostof thesealgorithms. This resultsfrom the
factthatboththe changeof the LEM systemanda sudden
increaseof the noiselevel leadto an increaseof the error
signal. Theincreasingerror signalthenentailsa reduction
of the step-size.Hence,insteadof quickly adaptingto the
changed_.EM systemandtherebycompensatinghe echo
again theadaptatiorslovsdown andtheechogeappearTo
circumentthisbehaior, thedetectiorof systenchangess
indispensable.

We proposea methodfor controlling the step-sizeof
an FLMS echocancellerthatincorporateghe detectionof
LEM systemchangesThe step-sizds setaccordingto the
coherencéetweerthemicrophonesignalandthe outputof
the compensatiofiilter andthe coherencéetweerthe mi-
crophoneandtheloudspeakrsignal.



The next sectionintroducesbriefly the basicconceptof
frequeng-selectve step-sizecontrol basedon the coher
encefunction. In Section3, the conceptis extendedby the
specialtreatmenof thebeginningof the adaptatiorandthe
detectionof LEM systemchanges.Section4 presentshe
simulationsanddiscussetheresults.A conclusioris given
in Section5.

Definitions The power ratio x betweenthe echosignal
y(k) andthe local speechsignalis definedsimilar to the
signal-to-noiseatio (SNR):
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The definition of the systemdistanceD(k) betweenthe
LEM systemg(k) andtheadaptvefilter h(k) is:

|g(k) — h(k)”
|&(k)?

2. Frequency-selectie step-sizecontrol

D(k) = (@)

In echo cancellationsystems,the coeficients of the
adaptve filter h(k) are adjustedaccordingto the cross-
correlationbetweertheinputsignalz(k) andthe errorsig-
nale(k) [8]. Additive noisethatis not correlatedwith the
inputsignaldoesnot disturbtheadaptationDueto thelim-
ited lengthof the obsenationintenval in real-timeapplica-
tions,thisassumptiomloesgenerallynotholdandacorrela-
tion of the additive noisewith the input signalis obsened.
Hence,additive noisecanleadto misadjustmenandeven
divergenceof theadaptatioralgorithm.As aresult,thestep-
sizea(k) needgo be controlleddependingn the power of
theadditive local signals(compareFig. 1).

As the noisesignaln(k) is not available separatelywe
evaluatethecoherence/?, (n) betweerthemicrophonesig-
nalr(k)

r(k) = g(k) x z(k) + n(k) =y(k) +n(k) Q)

andtheloudspeakr signalz (k):
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to estimatethe noiselevel in eachfrequeng bin [7]. "x”
denoteghecorvolution. Previously, thecoherencéunction
hasbeenusedto detectdouble-talksituationg9].

The coherencéetweentwo signalsz(k) andr(k) is de-
finedasthenormalizedcross-spectralensitybetweenc:(k)
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Figure 2. Averaged and smoothed coher-
ences in comparison to the improving system
distance (infinite SNR)

andr(k) [10]. Therefore,it dependson both the cross-
correlationbetweenthe loudspeakr signal and the noise
andthe noisepower. Thus,the coherencdunctioncanbe
usedto controlthe step-sizeof theadaptatioralgorithmde-
pendingon the level of the additive noise[7]. For low co-
herencevalues,the power of the noisesignaln (k) is high
andthe step-sizen(k) needsto be setto alow value. The
sameis truevice versa.

Dueto the shortobsenationintervalsandthe compara-
tively longimpulseresponsef theLEM systemthecoher
encebetweenthe loudspeakr signal z(k) andthe micro-
phonesignalr(k), althoughfully correlatedn a noise-free
ervironment,shavs a significantinfluenceof the LEM sys-
temanddoesnotreachthetheoreticalimit of 2, = 1.

In orderto reducethe effect of the LEM system,in our
case,the coherencads evaluatedbetweenthe microphone
signalr(k) andthe outputg(k) of the compensatioffilter
h(k):

§(k) = h(k) * z(k) . ()

This implies the assumptiorthat h(k) and g(k) are simi-
lar, which is true after a few adaptatiorsteps.Assuminga
systemdistanceof at least—10 db, the signalsare affected
by very similarfilters g(k) andh(k) resultingin a negligi-
bleinfluenceof thesdfilters onthecoherencdetweerthese
two signals.Thisbehaior of thetwo coherencesanbeob-
senedin Fig. 2. Notethatthe block index k& corresponds
totheblocksprocessethy theFLMS algorithm.Thecoher
encesy;,(n) andv};(n), in factfrequeng-domainfunc-
tions, have beenaveragedover all frequeng binsn to ob-
tainonecoherencealueperblock k. v2,. andﬂyf@ have also
beensmoothedver someblocks.

By applyingthe coherencdunction, the noiselevel can
be evaluatedin independenfrequeng bins. Thus,the co-



herencefunction enablesus to control the step-sizeinde-
pendentlyfor eachfrequeng bin. As boththeloudspeakr
andthe noisesignal, especiallyin the caseof double-talk,
arenot spectrallyflat, frequeng-selectve step-sizecontrol
improves not only the speedof corvergencebut also the
quality of the processedpeech:in frequeng bins where
adaptatiorfails becauseof a high noiselevel, the echois
coveredby thenoise.In every bin with alow noiselevel the
adaptatiorcanstill take place.

3. Step-sizecontrol in non-stationary envir on-
ments

The step-sizecontrol basedon the coherenceébetween
r(k) andg(k) hastwo major drawbacks. The first occurs
at the begginning of the adaptation. Here, the coeficients
of thecompensatiofilter (k) areequalto or only slightly
greaterthanzero. Thus,theassumptiorthatr (k) andg(k)
areaffectedby similar filters doesnot hold arymore. The
large differencebetweenthe two signalsresultsin a very
low coherenceevenin the absenceof additive noise. As
a consequencehe step-sizen(k) is low andthe speedof
convergenceis very poorwhich is especiallycounteractie
atthe beginningof theadaptation.

A similar problemariseswhenthe ervironmentis time-
variantandthe LEM systemchangege.g. by openingthe
carwindow). This resultsin a significantincreaseof the
residualechosignal. To reducetheresidualechoagainto a
tolerablelevel, the compensatiofilter hasto adaptquickly
to thenew LEM system .Unfortunatelytheassumptiornhat
both signalsr(k) and (k) have passedequallinear sys-
temsdoesnot hold in this situationeither The coherence
will below andwill leadto alow step-sizeandthusslow
cornvergence Therefore asystemfor thedetectionof LEM
changess required.

Previously proposedalgorithmsto detectchange®f the
LEM systemaretime domainalgorithms[5][11]. For that
reasonthey arenot suitablefor usewith the FLMS algo-
rithm. We exploit the effectsof linear systemson the co-
herenceto detectchangeof the LEM system. As stated
in Section3, for limited obsenration intenals, linear sys-
temshave a significantimpacton the coherenceTo control
the adaptationwe assumedhat the compensatiofilter is
adjustedto the LEM systemand hencethe coherencée-
tweenthe microphonesignal »(k) and the compensation
filter outputsignalg(k) is only affectedby additive noise
n(k). Consequentlythe coherenceyfg(n) will be larger
thanthe coherencey?, (n). Deviationsfrom this expected
behaior indicatea misadjustmenof the compensatiofil-
ter.

Controlling the beginning of the adaptation At the be-
ginning of the adaptation,the assumptionthat g(¥) and

Averagedandsmoothedy?; (—) andv2, (--)

~Y A

0.5

T -
/\wa\/ﬂ\/\

0 i i i i i i i
50 100 150 200 250 300 350

SystemdistanceD (k) in dB

Il Il Il Il Il Il
50 100 150 200 250 300 350
Block index k&

Figure 3. Coherence and system distance
with a system change in block no. 230. The
simulation was carried out with infinite SNR.

h(k) are similar obviously cannotbe made. Therefore,
we estimateboththe coherence/?; (n) betweerthe micro-
phonesignalr(k) andthe compensatiofilter outputg(k)
and the coherencey?,.(n) betweenthe input signal z(k)
andthe microphonesignalr (k). As long asthe compen-
sationfilter is not adaptedo the LEM systemy2_(n) will
belargerthany,?g(n). Thus,the step-sizewill becontrolled
by 72, (n) until 42, (n) is aslarge as~2, (n) shawing that
theadaptatiorhasproceededignificantlyandthe previous
assumptions now applicable.The behaior of thetwo co-
herenceslependingnthedecreasingystendistancetthe
beginningof the adaptatiorcanbe seenin Fig. 2. As men-
tionedbefore,the coherencevalueswerehighly smoothed
in orderto reducethe varianceof the estimationand that
only blocks with voice actvity in the loudspeakr signal
z(k) werecounted Thecoherence?, (n) isindependenf
thesysterrdistancaandremains:onstanwhereasﬁg(n) is
ataverylow level atthe beginningof theadaptatiorandin-
creaseso thetheoreticalimit for infinite SNR+?; (n) = 1.

Detection of systemchanges In a similar manney sys-
temchangesanbedetectedThecoherence/?,.(n) is only
slightly sensitve to changesof the LEM system. How-
ever, the coherenceyf@(n) is highly influencedby system
changedecauséehey leadto a violation of the assumption
that the filters g(k) and h(k) areidentical. As a conse-
guence,the coherenceyfg(n) drops. It might even drop
below the valueof the coherencey?,.(n) dependingn the
extent of the systemchange. This decreasef the coher
enceyf@(n) canbeexploitedto detectchange®f theLEM
system.

Fig. 3 shavsthetwo coherenceshenthe LEM system



changesin block no. 230 of the simulation thefilter g(k)

usedto simulatethe LEM systemwasshiftedby two taps.
Theimpactof this shift on the coherenca/f@(n) is signif-
icantwhile the coherencey?,(n) remainsunchangedThe
correspondinglot for thesystendistanceD (k) shavsthat
D(k) risesabruptlyafterthechangeandthenquickly drops
backto its previousvalue. A changeof the LEM systemis
detectedassoonasthecoherence/fg(n) dropsbelow acer

tain thresholdand, at the sametime, the coherencey?, (n)

remainsconstantin orderto reducethe varianceof the co-
herenceestimatesa smoothingover consecutie blocksis
necessary This alsoresultsin a delayin the detectionof

systemchanges. Therefore,the degreeof smoothingis a
trade-of betweerthe reductionof the varianceandthe in-

ertiaof thealgorithm.

An important issue is the differentiation of system
changesrom simpleincrease®f the noiselevel asfor ex-
ampleduringdouble-talk:In our systemsetup(seeFig. 1),
arise of the noisesignaln(k) not only affectsthe coher
ence'yfg(n) betweenthe compensatiofilter outputsignal
9(k) andthemicrophonesignalr (k) but alsothe coherence
72,.(n) betweerthe input signalz(k) andthe microphone
signalr(k). Thus,it is possibleto differentiatebetween
change®f the LEM systemandincrease®f the noisesig-
nal by comparingthe behaior of thetwo coherencesThis
isillustratedin Fig. 4. Here,in blockno.230 alocal speech
signalat a power ratio of k = 0 dB wasadded.As canbe
seenboth coherencesreaffectedin the sameway by the
additive speectsignal. Thisis in contrasto thebehaior of
thecoherencesaftera LEM systemchange(Fig. 3), where
thecoherence/2,.(n) remainsconstant.
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Figure 4. Coherences with sudden start of a
local speaker at a power ratio k = 0dB in
block no. 230. No additional local noise was
present.

Controlling the step-sizeafter a systemchange The
purposeof the detectionof systemchangess to avoid the
reductionof the corvergencespeeddueto a low step-size.
In orderto achievethis, thedifferenceA(n) betweertheco-
herencesﬁ@(n) andy2,.(n) is monitoredn eachfrequeny
bin. As soonas a systemchangeis detected the mean
value A(n) over someblocks k beforethe systemchange
is computed.This differences addedto the coherenceal-
uesv2,.(n) which werenot affectedby the systemchange.
This adjustedcoherencey2,.(n) + A(n) controlsthe step-
size after the systemchange. As a result, the adaptation
speedwill remainon a constantevel despiteof the system
change With proceedingadaptationthecoherenceyfg(n)
will riseto its previousvalue. Fromthatpoint on, the step-
sizewill againonly bedeterminedy vfg(n).

4. Simulation results

For the simulation, a recordedmale voice signal was
usedasinput signalz (k). Boththe LEM systemg(k) and
the additive noisesignalhase beenmeasuredn a car The
noiselevel wassetto SNR = 10dB. In block no.230,
thefilter g(k) wasshifted by two tapsto simulatea LEM
systemchangeFig. 5 compareshe behaior of the system
distancefor threedifferentstep-sizecontrol stratgies: A)
manually set fixed step-size,B) frequeng-selectve step-
size control without the detectionof systemchanges,C)
frequeng-selectve step-sizecontrol with the detectionof
systenmchanges.
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Figure 5. Comparison of the system distance
in the cases: A) no step-size control, B)
step-siz e contr ol, but no detection of system
chang es, C) both step-siz e contr ol and detec-
tion of system changes



Whenno step-sizeontrolis usedtheperformancés the
worst,becaus¢hefixedstep-sizenasto besetto a constant
small valuein orderto preventthe algorithmfrom diver-
gence(curnve A)).

Beforethe systemchangesthereis no differencen per
formancewith and without the use of the detectionalgo-
rithm (curvesB) andC)), althoughtheperformancaevith the
frequeng-selectve step-sizecontrol is clearly betterthan
without any step-sizecontrol. After the systemchange,
the adaptatiorwith fixed step-sizgcurve A)) outperforms
theadaptatiowith frequeng-selectvestep-sizeontrolbut
without the detectionof systemchangeqcurve B)). The
reasonis the automaticsettingof a low step-sizeasmen-
tionedin Sectiond. This behaior is overcomein caseC):
Whensystenchangesredetectedthealgorithmcorverges
muchfasterthanin casesA) andB).

5. Conclusion

We presentedan algorithm that improves the perfor
manceof a frequeng-domain echo cancellationsystem.
The coherencedetweeninput/microphonesignal and mi-
crophonesignal/outputof the cancellationfilter are esti-
matedand monitored. By this, the detectionof LEM sys-
tem changesn a non-stationarervironmentcanbe com-
binedwith the step-sizecontrolof theechocancellatioral-
gorithm. Boththedetectiorof systenchangesandthestep-
sizecontrolareperformedn thefrequengy domain.Thead-
vantages thattheechocancellatioralgorithmcaneasilybe
mergedwith afrequeng-domainnoisecancellatiorsystem.
Also, thefrequeng-selectvity of thestep-sizeontrolleads
to a fastercorvergenceof the adaptatiorand animproved
hearingmpressionIn thisnew algorithm,aseparateletec-
tion of double-talksituationsis not necessaryDouble-talk
is dealtwith by the algorithmas “normal” additive noise
andthusneedsotto betreatedseparately
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