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ABSTRACT
—This paper proposesa computationally efficient echo can-
celeralgorithm for multiple telephonelines. The total number
of coefficient adaptations is limited and distributed among
channelsdependingon the degreeof convergence.Coefficient
adaptations are more frequently performed in the channels
where convergenceis behind others. Each adaptive filter is
implemented as a sparse-tapadaptive filter, whosetap posi-
tions are adaptively controlled. As the index to the degreeof
convergence,tap concentration to dispersive regions is used.
Assuminga floating-point signalprocessor, computational sav-
ing approaches40% which is closeto the original coefficient
adaptation share, ���������� 50%. This indicates 40% larger num-
ber of channelson the samechip, or 40% longer echo-path
coveragewith longer delayscausedby codecsand/or ATM cell
assembly/disassembly. Simulation resultswith white Gaussian
signalsand speechsignalsdemonstrategoodconvergence.

1. INTRODUCTION
Line echocancelershavebeenusedto cancelechoesgenerated
at two-to-four-wire conversions(hybrid transformers)in central
switching offices (CSOs). Figure 1 showsa typical telephone
networkwith five CSOs(A throughE) asan example. At each
CSO, multiple echo cancelersare needed. In caseof CSO D,
thereare four independentlines (channels)with dedicatedecho
cancelers.Echocancelersin thesameCSOmaybecombinedasa
multichannelechocancelerwhich simultaneouslycancelsechoes
in multichannels.

A twelve channelecho canceler, developedby Duttweiler[1],
time-sharedthemultipliersfor convolutionin FIR (Finite Impulse
Response)filtering andcorrelationin coefficientadaptationamong
twelve channels. Therefore,for a caseof � -tap FIR filters in	

channels,the necessarynumberof multipliers is reducedto
1/� 	 of theoriginal. In thosedays,sucha time-sharingmanner
was practical and effective becausea single echocancelerwas
implementedby primitive logic chips. However,in today’s DSP
(digital signal processor)implementation,such time-sharingis
automaticallyachievedin a singlechip. Therefore,thetotal com-
putationsfor multiplexedechocancelersaresimply proportional
to the numberof channelsto be multiplexed. For further cost
reduction,newtechniquessuitablefor today’s LSI technologyare
needed.

This paperproposesa computationallyefficientechocanceleral-
gorithmfor multiple telephonelines. In thefollowing section,the
principleof theproposedalgorithmsis explained.Thenewalgo-
rithm is introducedandexplainedin detailsin Section3. Section4
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Figure1: TypicalTelephoneNetworkwith EchoCancelers.

evaluatesthecomputationalsavingin comparisonwith thestraight-
forward implementation. Finally, in Section5, the convergence
characteristicsof theproposedalgorithmaredemonstrated.

2. PRINCIPLE OF THE PROPOSEDALGORITHM

It is widely known that telephonecalls are set-upfollowing the
Poissondistribution,or in otherwords,randomly[2]. Thisimplies
that coefficientadaptationin the multiplexedechocancelersdo
notstartoperationat thesametime andthedegreeof convergence
is differenteachother. Whenanechocanceleris still in thecon-
vergenceprocess,someothersmay haveconverged.Coefficient
adaptationin thoseconvergedchannelsis not as importantasin
thechannelwhereconvergenceis still in progress.This is because
coefficientsmay not be adaptedunlessthereis a changein the
echopath. Therefore,it is possibleto skip coefficientadaptation
in theconvergedchannels.

The principle of the proposedalgorithmsis to distributea small
numberof coefficientadaptationsamongchannelsbasedon the
degreeof convergence. Figure 2 illustrates multiplexed echo
cancelerswhich implementthis novelprinciplefor a four-channel
case.Thereis anadaptationcontrollerwhichcollectsinformation
on the degreeof convergencefrom the adaptivefilter in each
channel. The degreesof convergenceare comparedeachother
and more coefficientadaptationsare performedwhere they are
moreneeded.Thoughtheprinciple is general,this paperfocuses
on satellite echo cancelersfor a detailed algorithm. Satellite
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Figure2: Blockdiagramof MultiplexedEchoCancelersEquipped
with theNewAlgorithm (

	
=4).

echocancelers,whicharecommonlyencounteredin satellitelinks,
modela longandsparseimpulseresponse.Theirround-tripdelays
canbeaslongas600 �
� .

3. PROPOSEDALGORITHM

3.1. Algorithm in EachChannel[3]
For satelliteechocancellers,a sparse-tapadaptiveFIR filter algo-
rithm providesfast convergenceandeconomicalimplementation
[3, 4]. This algorithmcontrolsthe tap positionsandcoefficient
valuessimultaneouslyso thata smallernumber � of coefficients
than the number � of delay elementscan be placedwhere the
impulseresponseof theechopathis significant.

Initially, coefficientsareallocatedto activetapsbasedonthegiven
initial condition and the indexesto inactive taps are kept in a
queue.After � coefficientadaptations,the index to the tapwith
thesmallestabsolutevalueof the coefficientis searchedfor and
takento be appendedto the tail of the queue. The top index of
the queueis taken out and usedfor the index to a new active
tap position. This is how the tap-positionsare exchangedand
coefficientsarelocatedwithin dispersiveregions.

A single constrainedregion is selectedat a time from equisize
subgroupsof all possibletappositions. The selectedconstrained
regionhopsfrom onesubgroupto anotheralongthetappeddelay

line in orderof its significancesothatit coversmultipledispersive
regions.Thehoppingorderandthestayingtime for thesubgroup
aredeterminedbasedon thesumof absolutecoefficientvaluesin
eachsubgroup.Theyareredeterminedeverytimeall thesubgroups
havebeenselectedonceas the constrainedregion in the current
hoppingorder.

Coefficientsareupdatedby the NormalizedLMS (NLMS) algo-
rithm [5] asin�����

1 � �
��� ��� � ������� � � � � ��� ˜!"� � ���#
˜! � � �
� # 2 � � 1�� representsthechannelindexand $ is thenumberof iterations.� is afixedstepsizeand

# � # is anabsolute-valueoperator. ˜! � � ���
is definedasa partial input signalvectorwhoseelementsarethe
input signalsamplesat theactivetaps.

3.2. Distribution of CoefficientAdaptations
Theindexto convergencehasa significantimpacton gooddistri-
butionof coefficientadaptations.Theproposedalgorithmemploys
thelargestvalueof thenumberof activetaps,% � � ��� , amongsub-
groups,astheconvergenceindex & � � ��� . As adaptationgoeson,it
is increasedandfinally is almostsaturated.Therefore,thelargeris% � � ��� , themoreadvancedis theconvergence.An averagē% � � ���
of % � � ��� givenby ¯% � � ���'�)(*� ¯% �,+ 1 � ���,� � 1 -.(/����% � � ��� is more
desirableastheconvergenceindexwith smallerfluctuations.( is a
positiveconstantsatisfying0 01(20 1. Thenumberof coefficient
adaptations3 � � ��� atthe $ -th iterationin the � -thchannelis given
by thefollowing equation,

3 � � �
��� INT

4
15 ¯% � � �
�6879;:

1
15 ¯% � �=< � ��>@?A� � 2�

In the designatedcoefficient adaptationperiod of B iterations,3 � � ��� adaptationsare assignedto the � -th channel. INT[ � ] is
an operatorto take the integer part of the argument. Because
of this operator, the sum of 3 � � ��� acrossthe channelsmay be
smallerthan B . In suchacase,theremaindermaybegivento the
channelwhoseconvergenceismostbehindof others.Convergence
of channel � is declaredwhen a normalizedchangeC � � ��� of
¯% � � ��� givenby C � � �
�D� ¯% � � ���*- ¯% ��+ 1 � ���

¯% � � ��� � 3�
becomessmallerthana threshold CFE�G . When an echocanceler
has converged,A minimum number of coefficient adaptations
are assignedto convergedchannelsin order to keeptrack with
echo-pathchanges.

4. COMPUTATIONAL SAVING

AssumingADSP-21020(Analog Devices),FIR filtering with �
sparsetapsrequires4�D� 10 multiply-and-add(MPA) operations
[5]. When coefficient adaptationand tap-positioncontrol are
needed,thenecessaryMPA operationsbecome6.625�A� 16. This
isbecauseacombinationof FIRfiltering,powercalculation(POW)
for the NLMS algorithm, and 75% of the absolute-coefficient
sum (SUM) is the heaviestload in a single instruction cycle
[5]. In this case, FIR/POW takes 4�1� 12 MPAs and 75%
of the SUM requires2.625��� 4 MPAs. When

	IH
channels

areallowedto adaptcoefficients,(2.625�J� 6)
	 H

+(4�D� 10)
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Figure3: ComputationalSaving.
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Figure4: ImpulseResponseof theEchoPath.

MPA operationsareconsumedfor theproposedmultiplexedecho
cancelers.Consequently, thecomputationalsaving K*L becomesK L � 1 - � 2 � 625��� 6� 	IH � � 4��� 10� 	� 6 � 625��� 16� 	� � 	 - 	 H �*� � 2 � 625��� 6�� 6 � 625��� 16� 	 � (4)

Figure3 illustratesthetheoreticalcomputationalsavingsfor vari-
ousvaluesof

	 H
and
	

, and � =65. Foraparametercombination
with

	
=8,
	MH

=1, whoseconvergenceis evaluatedin thefollow-
ing section,K L = 35%is obtainedfrom (4). Fora larger

	
and �

with
	 H

=1, K�L approaches39.6%.

5. SIMULA TION RESULTS

Performancein thesingle-talkwasevaluatedwith whiteGaussian
signalsandspeechsignals. Anotherwhite Gaussiansignalwith
an echo-to-noiseratio of - 40 dB was addedas an additive
noise. Linear-to-� -law and � -law-to-linear conversionswere
incorporatedbeforeandafter theechopathto modelPCM (pulse
codemodulation)codecs.

Theimpulseresponsedepictedin Fig. 4 [3] wasusedfor theecho
path. Thevaluesof basicparametersaregiven in Tab. 1. Other
parametersweresetasin [3].
Figure5 depictsthe NPOQ�'N (echoreturnlossenhancement)con-
vergenceof themultiplexedechocancelersfor whiteinputsignals.
Theechocancelerin channel1convergedfastestamongtheothers.
Convergencein all otherchannelsaresloweddown becausethe
echocancelersin thesechannelshadto sharetheavailablecoeffi-
cientadaptationswith others. Theinitial convergencein channel
2 is asquick asin channel1. Whenchannels3 through8 were
activatedwhile channel2 had not converged,the convergence
speedin channel2 wassignificantlydegraded.
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Figure5: ConvergenceCharacteristics(WhiteSignals).
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Tab. 1. Valueof theParameters.� 1024 � 65 � 2� 2
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Shownin Fig. 6 aretheactualnumberof coefficientadaptations
distributedto eachchannel.It is againclearthattheechocanceler
in channel1 monopolizedcoefficient adaptationsfor the first
20,000iterations.It convergedwithin 20,000iterations,however,
it kept using all the adaptationsuntil there was anotheractive
channel.
With the speechsignalsshown in Fig. 7 as the input signal,
theconvergencefor speechinput wasalsoevaluated.Only four
channelswereusedin thesimulationsfor readabilityof thegraphs.
Convergencecharacteristicsfor thesespeechsignalsareexhibited
in Fig. 8. Figure9 is thecorrespondingdistributionof coefficient
adaptations.Careful investigationof Figs. 8 and9 revealsthat
faster convergenceis achievedwhen there is only one active
channel.Speedof convergencewell agreeswith thedistribution
of adaptations. NFOR�'NS� in channels2 and 3 are slower in
convergencecomparedwith thosein channels1 and4. This can
be explainedby the input signalsin Fig. 7. The speechsignals
in channels2 and 3 have more frequentsilent sections,where
coefficientadaptationis skippedandconvergenceis sloweddown.

6. CONCLUSION

A computationallyefficient echocanceleralgorithmfor multiple
telephonelineshasbeenproposed.Convergencein eachchannel
is monitoredand coefficient adaptationis controlled such that
adaptivefilters in lessconvergentchannelsare more frequently
adaptedwith the total adaptationsmaintainedconstant. As the
indexto thedegreeof convergence,thelargestvalueof thenumber
of active tapsare used. A detailedcalculationhas shownthat
the computationalsaving for a floating-point signal processor
approaches40%with a largernumberof channels.Convergence
characteristicswith white Gaussiansignals and speechsignals
have been demonstratedby simulation results. The proposed
algorithmcontributesto furthercostreductionby accomodationg
morechannelson thechipand/orby longerecho-pathcoverage.
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Figure7: SpeechSignalsUsedfor Simulations.
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