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ABSTRACT

A new algorithmto control thestep-sizeof a frequency do-
mainechocancellationsystemis presented.Thestep-sizeis
controlledvia theestimateof thecoherencebetweenthemi-
crophonesignalandtheoutputof theechocancellation�lter .
Theuseof coherenceallowsanindependentstep-sizecontrol
for eachfrequency bin. Additive local noisecorrelatedwith
theechosignalandthuscorruptingtheadaptionis monitored
by thecoherenceandthestep-sizefor theadaptionis setcor-
respondingly. Thealgorithmallows betterconvergencethan
conventionalalgorithmsdueto its frequency selectivity and
doesnot requireany a-priori knowledge.

1 INTRODUCTION

Hands-freecommunicationsystemsreducethe distractions
arising when peopleusetheir mobile phonewhile driving
their car. Thereforeseveral countriesallow the useof mo-
bile phonesin a car only in conjunctionwith a hands-free
communicationsystem. Consequentlythereis currently a
huge interest in thesesystems. Despite the immensere-
searchdonein the �eld (see[1] for an overview), the very
demandingcharacteristicsof a carenvironment,namelythe
non-stationarity, the high noise level and, due to the long
distancebetweenloudspeaker andmicrophone,the appear-
anceof acousticechos,still leavesa lot of unsolved prob-
lems. Recentlythe two subproblemsto be solved, the re-
ductionof acousticechosandthe reductionof the environ-
mentalnoise in the car, are tackledsimultaneously[2][3].
Synergy effects arising from both subsystemshelp to im-
prove the performanceof the completesystem.Most noise
reductionsystemswork in thefrequency domainmakingfre-
quency domainechoreductionsystemsanattractivesolution
for combinedsystems.The mostpopularconceptfor echo
control in hands-freetelephony is echocancellationbased
on adaptive �ltering. Here,theLoudspeaker Enclosure Mi-
crophone(LEM) system������� is estimatedvia thecorrelation
betweentheloudspeakersignal	
����� andthemicrophonesig-
nal 
������ (seeFig. 1). Thecorrespondingfrequency domain
implementationof thisconceptis thefastleast-mean-squares
(FLMS) algorithm.Unfortunately, additivenoisesuchasen-
vironmentalnoiseand double-talkseverely affect the con-
vergenceof theadaptive �lter . Double-talkis de�ned asthe

situationwhereboththeremoteandthelocalspeakerareac-
tive. To overcomethis problemdifferentalgorithmsto con-
trol theadaptionstep-sizesubjectto thenoiselevelhavebeen
proposed[4][5][6][7]. We presenta frequency domainalgo-
rithm performingan independentstep-sizecontrol in each
frequency bin for improved adaptionin non-stationaryand
noisyenvironments.
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Figure1: Basicfrequency domainechocancellationsystem

2 ACOUSTIC ECHO CANCELLA TION

Our echocancellationsystemis basedon the FLMS algo-
rithm. It implementsa block least-mean-squaresalgorithm
usingtheFastFourier Transform(FFT). Theadaptionin the
frequency domainfacilitatesthe integrationwith a noisere-
ductionsystemandopensfurtherpossibilitiesto control the
adaption.Long block lengthsincreasethefrequency resolu-
tion or canbeusedto reducethevarianceof theestimatesby
segmentaveraging.However, thenon-stationarityof speech
limits the usableblock lengthto ����� samplesor ��� ms, re-
spectively, at a samplingrateof � kHz.

Fig. 1 shows a schematicblock diagramof theechocan-
cellationsystem.TheLEM systemsthatareusedto simulate
theecho ������� have beenmeasuredin differentcars.There-
sulting impulseresponses������� are FIR �lters with several
hundred�lter taps.The local signal ������� consistedof envi-
ronmentalnoiserecordedin a car underreal driving condi-
tions anda recordedspeechsignal, to take combinationof
local noiseanddouble-talkinto account.Thesetwo signals
were mixed andaddedto the echosignal ������� at different
Signalto NoiseRatios(SNR)
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in order to simulatethe signal 
 ����� capturedby the micro-
phone:


 �����  ��������� �������  ��������� 	 ������� ��������� (3)

In theFLMS algorithmblocksof inputdata
� �����  
	 	
������� 	 ����� � �
�������
� 	
����� ��� � ����� (4)

areformedandtransformedinto thefrequency domain,with�
beingtheblock length.Thecorrespondingfrequency do-

mainrepresentationof theadaptionformulais:� ����� � �  � ��������� ��������� �������� '�����
� (5)

where � ����� is theFourier transformof theexcitationsignal� ����� at block index � .
� ����� is theFourier transformof the

cancellation�lter ! ����� and  ����� theFouriertransformof the
correspondingblockof theremainingechosignal:

" �����  ������� �$#��������� (6)

Thesymbol � representstheelement-wisemultiplication
of eachelementof the vector � ����� with the vector  ����� .
� ����� is theadaptionstep-sizeto bedetermined(For morein-
formationaboutthefrequency domainimplementationrefer
to [8]).

In a simulation,the performanceof the adaptive �lter is
usuallydeterminedby the objective systemdistanceor the
more subjective Echo Return Loss Enhancement(ERLE).
The systemdistance%������ betweenthe LEM system & �����
andtheadaptive�lter ! ����� is de�ned by:

%������  (' & ����� � ! ����� ' (' & ����� ' (
� (7)

The ERLE in block � is de�ned as the ratio of the esti-
matedmeanof thesquaredecho) ����� andtheestimatedmean
of thesquaredremainingechosignal *������ :
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3 CONTROLLING THE STEP-SIZE

Noisewhich is not correlatedwith theexcitationsignal 	 �����
will notdisturbtheadaptionastheadaptionin theFLMS al-
gorithmis performedalongthecross-correlationbetweenthe
errorvector *������ andthe loudspeaker signal � ����� (compare
Eq. 5. Note that the correlationof two signalscorresponds
to themultiplicationof the �rst signalwith theconjugateof
thesecondsignalin thefrequency domain).In real-timeap-
plicationsthe generalassumptionthat thesesignalsarenot
correlatedwith eachotherdoesnot hold dueto the limited
lengthof theobservationinterval. As a consequencethead-
ditivenoiseandthelocalspeechwill leadto misalignmentor
evendivergenceof thealgorithm.Oneway to avoid themis-
alignmentis to control the step-size� ����� of the algorithm
dependingon the power of the additive local signals. We
subdivide the frequency domainin bins andusethe coher-
encebetweenthemicrophonesignal 
 ����� andtheexcitation
signal 	
����� to estimatethispowerin eachcorrespondingbin.

3.1 FrequencySelectiveStep-SizeControl

The spectralpropertiesof the excitationspeechsignal 	
�����
andtheadditivespeechandenvironmentalnoisesignals�������
candiffer signi�cantly (compareFig. 2). Thustheimpactof
theadditive signalson theadaptionof theadaptive �lter can
beverydifferentin thedifferentspectralregions.
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Figure2: Power spectraldensity(PSD)of echoandnoiseat
SNR

 �43 � = �43 dB, respectively

A frequency-selectiveadaptioncontrolallows to continue
theadaptiononahighratein frequency binswhicharenotaf-
fectedby noiseandto slow down in frequency binswith high
noiselevels.Thiswill leadto animprovedimpressionin lis-
teningtestsindependentof theachievedsystemdistancebe-
tweentheLEM system& ����� andthecancellation�lter ! ����� :
In frequency binswith a high noiselevel, whereadaptionis
not possible,thenoisewill masktheechos,whereasin fre-
quency binswithoutnoisetheadaptioncanbecontinuedand
theechoswill becancelled.Themostpopularstep-sizecon-
trol algorithmsuseanestimateof thesystemdistance% nor-
malizedto � dB at startupto controlthestep-size[4][9]. The
limited frequency resolutionof the estimatedoesnot allow
a frequency selective adaptioncontrol,furthermoretheseal-
gorithmsmakesophisticatedmechanismsnecessaryto detect
LEM systemchanges.

3.2 Usingthe CoherenceFunction for Step-SizeControl

We usethecoherencefunction to estimatethepower of the
local noisefor eachfrequency bin. The coherencefunction5 ()76 � � � is de�nedasthecross-correlationbetweenthesignals	
����� and 
 ����� normalizedto the interval ��8 5 ( 8 � in the
frequency domain[10]:

5 ()79 � � �
 ' � )�9 � � � ' (� )�) � � � � 9:9 � � � � (9)

With Eq. 3 wecansubstitutethecrossspectraldensitiesin
block � by ; 6 * �����  =< �����>; )�* and ; 6
6 �����  ' < ����� ' ( ; ) ) .Then the coherencefunction betweenthe excitation signal� ����� andthemicrophonesignal ? ����� at block � canbewrit-
tenas:

555 ()�9 �����
 ' < �����>; ) ) �������@; ) * ����� ' (; )�) ����� � ' < ����� ' ( ; )�) ���������

< �����>; ) * �������A; *�* ����� � �
(10)

Whenthenoiselevel is high, ; *�* ����� having a highvalue,
the coherenceis low and thus � ����� can be high, and vice
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versa. The coherencefunction was previously usedto de-
tectdouble-talksituationsandto trigger theadaptioncorre-
spondingly[11]. Themainemphasisin our approachlies on
thegradualcontrolof thestep-sizein independentfrequency
bins.

3.3 In�uences of the LEM System on the Coherence
Function

Ideally, thecoherencebetweentwo signalsis notaffectedby
the transformationthrougha linear system.Due to the lim-
ited observationinterval this propertyis only partly applica-
ble in our case.Fig. 3 shows that thecoherence5 ()�9 � � � be-
tweenthe excitationsignal 	 ����� andthe microphonesignal
 ����� with no local signalspresentdoesnot reachits maxi-
mumvalueof � .
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This is due to the in�uence of the LEM system. In the
same�gure also the coherence5 (9 �6 � � � betweenthe micro-
phonesignal 
 ����� and the output of the cancellation�lter#� ����� is shown. In thelowersubplotof Fig. 3 thesystemdis-
tance %������ is plotted. By comparingthe two �gures it can
be seen,that the coherencebetweenthe microphonesignal
and the output of the cancellation�lter doesincreasewith
decreasingsystemdistanceandapproachesits �nal valueof� veryquickly. With decreasingsystemdistancethetwo sig-
nals 
 ����� and

#������� areaffectedby verysimilar linearsystems
andsodeviationsof thecoherenceof thetwo signalsfrom its
maximumvalue � will beonly dueto theadditive local sig-
nals ������� . Thereforewe usethemoreprecisecoherencebe-
tweenthemicrophonesignal 
������ andthecancellation�lter
output

#������� to control thestep-size.This requiresa special
treatmentof thebeginningof theadaptionwherethecoher-
ence5 (9 �6 � � � is far inferior to its theoreticalvalue(compare
Fig. 3) dueto theinitializationof thecancellation�lter with
zeros. To control this behaviour and to detectchangesof
theLEM systemalgorithmsbasedon thecomparisonof the
coherences5 ()�9 � � � and 5 (9 �6 � � � weredeveloped.Thesealgo-
rithmswill notbepresentedin detailhere.

4 SIMULA TION RESULTS

For thesimulationsaFLMS algorithmimplementingthecor-
respondingfrequency domain implementationof the step-
sizecontrolproposedin [4] andthenew frequency-selective
step-sizecontrol were implementedand compared. A
recordedmale voice signal was usedas input 	 ����� and a
recordedfemalevoice signalwasaddedto the local signal
to simulatedouble-talksituations. The coherencefunction
wasestimatedusingWelch's methodfor spectralestimation
using 3 segmentsand 3�� � overlap. For the adaptionthe
frequency domainwassubdividedinto 16 independentbins.
TherecordedLEM systemwaslimited to 3�� � �lter tapsand
for reasonsof implementationthe lengthof thecancellation
�lter wassetto ��� � taps.
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Figure4 shows theERLE of thefrequency-selectivestep-
sizecontrolandthesystemdistanceof boththeconventional
andthe frequency-selective step-sizecontrol over the block
number. Local noisewaspresentat anSNRof � dB. No ad-
ditional local speechsignalwasadded.Theadaptionspeed
of thefrequency-selectivestep-sizecontrol is far superiorto
the one of the conventionalsystem. Also the �nal system
distanceis much lower. As can be seenin the ERLE plot
the reductionof theechoin theseadverseconditionsis still
around��� dB. Thehighvarianceof theERLEover theblock
numbersis dueto thenon-stationaryspeechsignals.

In Fig. 5 nonoisewasaddedto thelocalsignal,but a local
speechsignalwaspresentat a power ratio of �  � dB. The
adaptionspeedis inferior to the previous casebecausethe
energy of the local speechsignal is concentratedin similar
spectralregionsastheechosignal. Nevertheless,very good
adaptionis achievedwith themeanpowerof theechoandthe
local signalbeingequal.

The last plot, Fig. 6, shows the performanceof the al-
gorithm when both local noiseat an

�����  � dB and a
local speechsignalat �  � dB arepresent.The adaption
degradeswith respectto thepreviouscaseswhereasthedif-
ferencebetweenthe conventionalstep-sizecontrol and the

3



50 100 150 200 250 300 350
0

5

10

15

20

25

30

35

40

50 100 150 200 250 300 350
-35

-30

-25

-20

-15

-10

-5

0

PSfragreplacements

ERLE in dB

systemdistancein dB

block index
�

frequency selective

conventional

Figure5: Simulationat
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Figure6: Simulationat
�����  � dB and �  � dB

frequency-selectivestep-sizecontrolis highestin this case.
Comparisonof the simulation resultsshows, that espe-

cially in adverseconditionsthenew frequency selectivestep-
sizecontrolshowssuperiorperformanceto theconventional
algorithm. Furthermore,resultsin subjective listeningtests
arefarbetterthanfor theconventionalalgorithm,astheecho
is reducedverywell in spectralregionsnotmaskedby thelo-
cal signalswhereastheresidualechois mostlyconcentrated
in regionsmaskedby thelocal signals.

5 CONCLUSION

Wepresentedanalgorithm,which improvestheperformance
of a frequency domainechocancellationalgorithm.Theco-
herenceof themicrophonesignalandtheoutputof thecan-
cellation�lter is estimatedandusedto control the adaption
speedof thecompensation�lter . Via thecoherencethepower
of thelocalsignalsaffectingtheadaptionis estimatedin each
frequency bin andthe adaptionstep-sizeis setcorrespond-

ingly. Thuscomparedto nonfrequency selectivealgorithms,
theperformancein noisyenvironmentcanbeimprovedsig-
ni�cantly. Due to its frequency domainimplementationthe
algorithmis of specialinterestfor a combinationwith noise
reductionsystems.
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[11] T. Gänsler, M. Hansson,C.-J. Ivarsson,and G. Sa-
lomonsson, “A double-talkdetectorbasedon coher-
ence”, IEEE Trans.Communications, vol. 44, no. 11,
pp.1421–1427,November1996.

4


