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ABSTRACT

A new algorithmto controlthe step-sizeof afrequeng do-
mainechocancellatiorsystemis presentedThe step-sizés

controlledvia the estimateof the coherencdetweerthe mi-

crophonesignalandthe outputof theechocancellationlter .

Theuseof coherenceallowsanindependenstep-sizesontrol
for eachfrequeng bin. Additive local noisecorrelatedwith

theechosignalandthuscorruptingtheadaptioris monitored
by the coherencandthe step-sizdor theadaptionis setcor

respondingly The algorithmallows bettercorvergencethan
corventionalalgorithmsdueto its frequeny selectvity and
doesnotrequireary a-prioriknowledge.

1 INTRODUCTION

Hands-freecommunicationsystemsreducethe distractions
arising when peopleuse their mobile phonewhile driving
their car Thereforeseveral countriesallow the useof mo-
bile phonesin a car only in conjunctionwith a hands-free
communicationsystem. Consequentithereis currently a
huge interestin thesesystems. Despitethe immensere-
searchdonein the eld (see[l] for anoverview), the very
demandingcharacteristic®f a car ervironment,namelythe
non-stationarity the high noise level and, due to the long
distancebetweenloudspeakr and microphone the appear
anceof acousticechos,still leavesa lot of unsoled prob-
lems. Recentlythe two subproblemdo be solved, the re-
duction of acousticechosandthe reductionof the erviron-
mentalnoisein the car, are tackledsimultaneously[2][3].
Synepy effects arising from both subsystemselp to im-
prove the performanceof the completesystem. Most noise
reductionsystemswvork in thefrequengy domainmakingfre-
gueny domainechoreductionsystemsanattractve solution
for combinedsystems.The mostpopularconceptfor echo
control in hands-fregelepholy is echocancellationbased
on adaptve ltering. Here,the Loudspea&r Enclosue Mi-
crophoneg(LEM) systery (k) is estimatediia thecorrelation
betweertheloudspeakrsignalz(k) andthemicrophonesig-
nalr(k) (seeFig. 1). The correspondindrequeny domain
implementatiorof this concepis thefastleast-mean-squares
(FLMS) algorithm. Unfortunately additive noisesuchasen-
vironmentalnoise and double-talkseverely affect the con-
vergenceof the adaptve Iter. Double-talkis de ned asthe
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situationwhereboththeremoteandthelocal spealer areac-
tive. To overcomethis problemdifferentalgorithmsto con-
trol theadaptiorstep-sizesubjecto thenoiselevel have been
proposed[#5][6][7]. We presenta frequeny domainalgo-
rithm performingan independenstep-sizecontrol in each
frequeng bin for improved adaptionin non-stationaryand
noisyervironments.
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Figurel: Basicfrequengy domainechocancellatiorsystem

2 ACOUSTIC ECHO CANCELLATION

Our echocancellationsystemis basedon the FLMS algo-

rithm. It implementsa block least-mean-squaredgorithm
usingthe FastFourier Transform(FFT). Theadaptionin the

frequeny domainfacilitatesthe integrationwith a noisere-

ductionsystemandopensfurther possibilitiesto controlthe

adaption.Long block lengthsincreasehe frequeng resolu-
tion or canbe usedto reducethevarianceof theestimatepy

segmentaveraging.However, the non-stationarityof speech
limits the usableblock lengthto 160 samplesor 20 ms, re-

spectvely, ata samplingrateof 8 kHz.

Fig. 1 shawvs a schematidlock diagramof the echocan-
cellationsystem.TheLEM systemghatareusedto simulate
theechoy(k) have beenmeasuredn differentcars. There-
sulting impulseresponseg(k) areFIR lters with several
hundred Iter taps. Thelocal signaln(k) consistedf ervi-
ronmentalnoiserecordedn a car underreal driving condi-
tions and a recordedspeechsignal, to take combinationof
local noiseanddouble-talkinto account. Thesetwo signals
were mixed and addedto the echosignaly(k) at different
Signalto NoiseRatios(SNR)
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in orderto simulatethe signalr(k) capturedby the micro-
phone:

r(k) = y(k) + n(k) = g(k) x z(k) + n(k). ~ (3)

In the FLMS algorithmblocksof input data
x(k) = [z(k),z(k +1),...,z(k+ N —=1)]"  (4)
areformedandtransformednto the frequeng domain,with

N beingtheblocklength. The correspondindrequeng do-
mainrepresentatioof theadaptiorformulais:

H(k +1) = H(k) + a(k)X* (k) ® E(k), (5)
whereX (k) is the Fouriertransformof the excitation signal
x(k) atblockindex k. H(k) is the Fouriertransformof the

cancellationlter h(k) andE(k) theFouriertransformof the
correspondindplock of theremainingechosignal:

e(k) =y(k) — §(k). (6)

The symbol® representshe element-wisemultiplication
of eachelementof the vector X (k) with the vector E(k).
a(k) istheadaptiorstep-sizeéo bedeterminedFor morein-
formationaboutthe frequeng domainimplementatiorrefer
to [8]).

In a simulation, the performanceof the adaptve lter is
usually determinedby the objective systemdistanceor the
more subjective Echo Return Loss Enhancemen{ERLE)
The systemdistanceD (k) betweenthe LEM systemg(k)
andtheadaptve Iter h(k) is de nedby:

lg(k) —h(k)]?
D)=~ ———"., @
®) = gmp
The ERLE in block & is de ned asthe ratio of the esti-

matedmeanof thesquareachoy (k) andtheestimatednean
of the squaredemainingechosignale(k):
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3 CONTROLLING THE STEP-SIZE

ERLE(k) = (8)

Noisewhichis notcorrelatedwith the excitationsignalz (k)
will notdisturbtheadaptionasthe adaptionin the FLMS al-
gorithmis performedalongthecross-correlatiobetweerthe
errorvectore(k) andthe loudspeakr signalx(k) (compare
Eq. 5. Notethatthe correlationof two signalscorresponds
to the multiplication of the rst signalwith the conjugateof
the secondsignalin thefrequeny domain).In real-timeap-
plicationsthe generalassumptiorthat thesesignalsare not
correlatedwith eachotherdoesnot hold dueto the limited
lengthof the obsenationinterval. As a consequencthe ad-
ditive noiseandthelocal speectwill leadto misalignmenbr
evendivergenceof thealgorithm.Oneway to avoid the mis-
alignmentis to control the step-sizen(k) of the algorithm
dependingon the power of the additive local signals. We
subdvide the frequeng domainin bins and usethe coher
encebetweerthe microphonesignalr (k) andthe excitation
signalz (k) to estimatethis powerin eachcorrespondindpin.

3.1 FrequencySelective Step-SizeControl

The spectralpropertiesof the excitation speectsignal z(k)
andtheadditive speectandervironmentahoisesignalsn (k)
candiffer signi cantly (compareFig. 2). Thustheimpactof
the additive signalson the adaptionof the adaptve Iter can
bevery differentin thedifferentspectrakegions.
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Figure2: Power spectraldensity(PSD)of echoandnoiseat

SNR= 15 k = 15 dB, respectiely

A frequeng-selectve adaptioncontrolallows to continue
theadaptioronahighratein frequeny binswhicharenotaf-
fectedby noiseandto slow downin frequeng binswith high
noiselevels. Thiswill leadto animprovedimpressiorin lis-
teningtestsindependenof the achieved systemdistancebe-
tweentheLEM systemg (k) andthecancellationlter h(k):
In frequeng binswith a high noiselevel, whereadaptionis
not possible the noisewill maskthe echoswhereasn fre-
gueng binswithout noisetheadaptioncanbe continuedand
theechoswill be cancelled The mostpopularstep-sizecon-
trol algorithmsuseanestimateof the systendistanceD nor-
malizedto 0dB at startupto controlthe step-sizg4][9]. The
limited frequeny resolutionof the estimatedoesnot allow
afrequeng selectve adaptioncontrol, furthermoretheseal-
gorithmsmale sophisticateenechanismaecessarjo detect
LEM systenchanges.

3.2 Usingthe CoherenceFunction for Step-SizeControl

We usethe coherencdunctionto estimatethe power of the
local noisefor eachfrequeng bin. The coherencdunction
v3,(n) is de ned asthecross-correlatiobetweerthesignals
z(k) andr(k) normalizedto theinterval 0 < 42 < 1in the
frequengy domain[10]:

|Szr (n)[?

With Eq. 3 we cansubstitutehecrossspectradensitiesn
block k by S, (k) = G(k)Szn andS,, (k) = |G(k)|*Szz-
Then the coherencdunction betweenthe excitation signal
x(k) andthemicrophonesignalr (k) atblock & canbewrit-
tenas:

9)

,72 (k) — |G(k)szz(k) + Szn(k)|2
o Sm(k)(lG(k)IQSM(k)+2G(k)Sm(k)+Snn(lz)l)o')

Whenthenoiselevel is high, S,,,, (k) having ahighvalue,
the coherences low andthus «(k) canbe high, andvice



versa. The coherencdunction was previously usedto de-
tectdouble-talksituationsandto trigger the adaptioncorre-
spondingly[11]. Themainemphasisn our approacHieson
thegradualcontrol of the step-sizen independentrequeny
bins.

3.3 Inuences of the LEM Systemon the Coherence
Function

Ideally, thecoherencédetweernwo signalsis not affectedby
the transformatiorthrougha linear system.Duetto the lim-

ited obsenationinterval this propertyis only partly applica-
ble in our case.Fig. 3 shavs thatthe coherencey?,.(n) be-
tweenthe excitation signalz(k) andthe microphonesignal
r(k) with no local signalspresentdoesnot reachits maxi-
mumvalueof 1.
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Figure3: Comparisorof 47, (n) and~?;(n) with respecto
the systemdistancen(k) = 0

This is dueto the in uence of the LEM system. In the
same gure alsothe coherenceyf@(n) betweenthe micro-
phonesignal r(k) and the outputof the cancellation Iter
§(k) is shawn. In thelower subplotof Fig. 3 the systendis-
tanceD (k) is plotted. By comparingthetwo gures it can
be seen that the coherencébetweenthe microphonesignal
andthe output of the cancellationlter doesincreasewith
decreasingystemdistanceandapproacheés nal valueof
1 very quickly. With decreasingystemdistancethetwo sig-
nalsr (k) andj(k) areaffectedby verysimilarlinearsystems
andsodeviationsof thecoherencef thetwo signalsfrom its
maximumvaluel will be only dueto the additive local sig-
nalsn(k). Thereforewe usethe moreprecisecoherencée-
tweenthe microphonesignalr (k) andthe cancellationlter
outputg(k) to control the step-size.This requiresa special
treatmentof the beginning of the adaptionwherethe coher
enceﬁ@(n) is far inferior to its theoreticalvalue (compare
Fig. 3) dueto theinitialization of the cancellationlter with
zeros. To control this behaiour and to detectchangesof
the LEM systemalgorithmsbasedon the comparisorof the
coherences;, (n) andy?;(n) weredeveloped. Thesealgo-
rithmswill notbepresentedh detailhere.

4 SIMULATION RESULTS

Forthesimulationsa FLMS algorithmimplementinghecor-

respondingfrequeny domainimplementationof the step-
sizecontrol proposedn [4] andthe new frequeng-selectve
step-sizecontrol were implementedand compared. A

recordedmale voice signal was usedas input z(k) anda
recordedfemalevoice signalwas addedto the local signal
to simulatedouble-talksituations. The coherencdunction
wasestimatedusingWelch's methodfor spectralestimation
using 5 sggmentsand 50% overlap. For the adaptionthe
frequeny domainwassubdvidedinto 16 independenbins.
Therecorded EM systemwaslimited to 512 Iter tapsand
for reason®f implementatiorthe lengthof the cancellation
Iter wassetto 448 taps.
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Figure4: Simulationat SNR = 0dB andx = Inf dB

Figure4 shavs the ERLE of the frequeng-selectve step-
sizecontrolandthe systendistanceof boththecorventional
andthe frequeng-selectie step-sizecontrol over the block
number Local noisewaspresentatan SNR of 0dB. No ad-
ditional local speechsignalwasadded. The adaptionspeed
of the frequeng-selectve step-sizecontrolis far superiorto
the one of the corventionalsystem. Also the nal system
distanceis muchlower. As canbe seenin the ERLE plot
the reductionof the echoin theseadwerseconditionsis still
around20dB. The high varianceof the ERLE overthe block
numberds dueto thenon-stationangpeectsignals.

In Fig. 5 nonoisewasaddedo thelocal signal,but alocal
speectsignalwaspresentt a powerratio of k = 0dB. The
adaptionspeedis inferior to the previous casebecausehe
enegy of the local speechsignalis concentratedn similar
spectralregionsasthe echosignal. Neverthelessyery good
adaptionis achievedwith themeanpower of theechoandthe
local signalbeingequal.

The last plot, Fig. 6, shows the performanceof the al-
gorithm when both local noiseatan SNR = 0dB anda
local speectsignalat k = 0dB are present. The adaption
degradeswith respecto the previous casesvhereashe dif-
ferencebetweenthe corventionalstep-sizecontrol and the
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Figure5: Simulationat SNR = Inf dB andkx = 0dB
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Figure6: Simulationat SNR = 0dB andx = 0dB

frequeng-selectie step-sizecontrolis highestin this case.

Comparisonof the simulation resultsshows, that espe-
cially in adwerseconditionsthenew frequeng selectve step-
sizecontrol shows superiorperformanceo the corventional
algorithm. Furthermoreyesultsin subjectve listeningtests
arefarbetterthanfor thecorventionalalgorithm,astheecho
is reducedrerywell in spectrategionsnotmasledby thelo-
cal signalswhereaghe residualechois mostly concentrated
in regionsmasled by thelocal signals.

5 CONCLUSION

We presente@nalgorithm,whichimprovestheperformance
of afrequeny domainechocancellatioralgorithm. The co-
herenceof the microphonesignalandthe outputof the can-
cellation lter is estimatedandusedto control the adaption
speedfthecompensationter . Viathecoherencéhepower
of thelocal signalsaffectingtheadaptionis estimatedn each
frequeng bin andthe adaptionstep-sizeis setcorrespond-

ingly. Thuscomparedo nonfrequeng selectve algorithms,
the performancen noisy ervironmentcanbe improvedsig-
ni cantly. Dueto its frequeng domainimplementatiorthe
algorithmis of specialinterestfor a combinationwith noise
reductionsystems.
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