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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-tap adaptive filter, whosetap posi-
tions are adaptively controlled. As the index to the degreeof
convergencetap concentration to dispersiveregionsis used.
Assuminga floating-point signalprocessorcomputational sav-
ing approaches40% which is closeto the original coefficient
adaptation share, ie. 50%. This indicates 40% larger num-
ber of channelson the same chip, or 40% longer echo-path
coveragewith longer delayscausedby codecsand/or ATM cell
assembly/disassemblySimulation results with white Gaussian
signalsand speechsignalsdemonstrategood convergence.

1. INTRODUCTION

Line echocancelershavebeenusedto cancelechoesgenerated
at two-to-four-wire conversionghybrid transformers)n 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 CSOD,
thereare four independentines (channels)with dedicatedecho
cancelersEchocancelersn the sameCSOmaybecombinedasa
multichannelechocancelewhich simultaneouslhcancelsechoes
in multichannels.

A twelve channelecho canceler developedby Duttweiler[1],

time-sharedhemultipliersfor convolutionin FIR (Finite Impulse
Responsedijltering andcorrelationin coefficientadaptatioramong
twelve channels. Therefore,for a caseof N-tap FIR filters in

M channelsthe necessannumberof multipliers is reducedto

1/N M of theoriginal. In thosedays,suchatime-sharingnanner
was practical and effective becausea single echo cancelerwas
implementedy primitive logic chips. However,in today’s DSP
(digital signal processor)implementation,such time-sharingis

automaticallyachievedn asinglechip. Therefore the total com-
putationsfor multiplexedechocancelersare simply proportional
to the numberof channelsto be multiplexed. For further cost
reduction,newtechniquesuitablefor today's LS| technologyare
needed.

This paperproposes computationallyefficientechocanceleral-
gorithmfor multiple telephondines. In thefollowing section the
principle of the proposedalgorithmsis explained. The newalgo-
rithmis introducedandexplainedn detailsin Section3. Sectiord
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Figurel: Typical TelephoneéNetworkwith EchoCancelers.

evaluateshecomputationasavingin comparisomwith thestraight-
forward implementation. Finally, in Section5, the convergence
characteristicef the proposedalgorithmaredemonstrated.

2. PRINCIPLE OF THE PROPOSEDALGORITHM

It is widely known that telephonecalls are set-upfollowing the
Poissordistribution,or in otherwords,randomly[2]. Thisimplies
that coefficientadaptationin the multiplexed echo cancelersdo
notstartoperatiorat the sametime andthe degreeof convergence
is differenteachother Whenanechocanceletis still in the con-
vergenceprocess someothersmay haveconverged. Coefficient
adaptatiorin thoseconvergedchannelds not asimportantasin
thechannelwhereconvergences still in progressThisis because
coefficientsmay not be adaptedunlessthereis a changein the
echopath. Therefore,it is possibleto skip coefficientadaptation
in theconvergedthannels.

The principle of the proposedalgorithmsis to distributea small

numberof coefficientadaptationamongchannelsbasedon the

degreeof convergence. Figure 2 illustrates multiplexed echo
cancelersvhichimplementthis novelprinciple for afour-channel
case.Thereis anadaptatiorcontrollerwhich collectsinformation

on the degreeof convergencdrom the adaptivefilter in each
channel. The degreesof convergencare comparedeachother
and more coefficientadaptationsare performedwhere they are
moreneeded.Thoughthe principleis generalthis paperfocuses
on satellite echo cancelersfor a detailed algorithm. Satellite
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Figure2: Blockdiagramof MultiplexedEchoCanceler&Equipped
with the New Algorithm (M =4).

echocancelerswhich arecommonlyencountere¢h satellitelinks,
modelalongandsparsémpulseresponseTheirround-tripdelays
canbeaslongas600m:s.

3. PROPOSEDALGORITHM

3.1. Algorithm in Each Channel[3]

For satelliteechocancellersa sparse-tagdaptiveFIR filter algo-
rithm providesfast convergencend economicaimplementation
[3, 4]. This algorithm controlsthe tap positionsand coefficient
valuessimultaneouslso thata smallernumber L of coefficients
thanthe number N of delay elementscan be placedwhere the
impulseresponsef the echopathis significant.

Initially, coefficientsareallocatedo activetapsbasednthegiven
initial condition and the indexesto inactive tapsare kept in a
queue. After @ coefficientadaptationsthe index to the tap with
the smallestabsolutevalue of the coefficientis searchedor and
takento be appendedo 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
coeficientsarelocatedwithin dispersiveregions.

A single constrainedregion is selectedat a time from equisize
subgroup®f all possibletap positions. The selectecconstrained
regionhopsfrom onesubgroupto anotheralongthe tappeddelay
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line in orderof its significancesothatit coversmultiple dispersive
regions. Thehoppingorderandthe stayingtime for the subgroup
aredeterminedasedon the sumof absolutecoefficientvaluesin
eachsubgroup Theyareredetermine@verytimeall thesubgroups
havebeenselectedonceasthe constrainedegionin the current
hoppingorder

Coefficientsare updatedby the NormalizedLMS (NLMS) algo-
rithm [5] asin

ex(m)Zx(m)

EACSI @

m representshe channelindexandk is the numberof iterations.
wisafixedstepsizeand| - | is anabsolute-valueperator Zx (m)

is definedasa partialinput signalvectorwhoseelementsare the
inputsignalsamplesattheactivetaps.

cxy1(m) = cx(m) +p -

3.2. Distribution of Coefficient Adaptations

Theindexto convergencéasa significantimpacton gooddistri-

butionof coefficientadaptationsTheproposedlgorithmemploys
thelargestvalueof the numberof activetaps,gx(m), amongsub-
groupsastheconvergencendexds (m). As adaptatiorgoeson, it

isincreasedndfinally is almostsaturatedThereforethelargeris

qr(m), themoreadvanceds theconvergenceAn averagey. (m)

of gx (m) givenby gx(m) = é- qr.—1(m)+(1—8) - qr.(m) ismore
desirableasthe convergencendexwith smallerfluctuations.é isa
positiveconstansatisfying0 < é < 1. Thenumberof coefficient
adaptations(m) atthek-thiterationin them-th channels given
by thefollowing equation,

)

) = INT [AT]

St Ya()

In the designatedcoefficient adaptationperiod of D iterations,
ax(m) adaptationsare assignedo the m-th channel. INT[ ] is
an operatorto take the integer part of the argument. Because
of this operatoy the sumof ax(m) acrossthe channelsmay be
smallerthan D. In suchacasetheremaindemaybegivento the
channelvhoseconvergences mostbehindof others.Convergence
of channelm is declaredwhen a normalizedchangeAy(m) of
gr(m) givenby

g (m) — gr—1(m)
Ak m) = —————/——— 3
(m) ) ©)
becomessmallerthana thresholdA;,. Whenan echocanceler
has converged,A minimum number of coefficient adaptations
are assignedo convergedchannelsin orderto keeptrack with
echo-patithanges.

4. COMPUTATIONAL SAVING

AssumingADSP-21020(Analog Devices),FIR filtering with L
sparsdapsrequires4L + 10 multiply-and-addMPA) operations
[5]. When coefficient adaptationand tap-positioncontrol are
neededthenecessarWPA operationdecomes.625L + 16. This
isbecausacombinatiorof 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/IPOW takes4L + 12 MPAs and 75%
of the SUM requires2.625L + 4 MPAs. When Mz channels
areallowedto adaptcoefficients(2.625L + 6)Mr+(4L + 10)M
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Figure4: ImpulseResponsef the EchoPath.

MPA operationsaareconsumedor the proposednultiplexedecho
cancelersConsequentljthe computationakavingSc becomes

(2.625L + 6)Mr + (4L + 10)M

S = 1= (6.625L + 16) M
(M — M) - (2.625L + 6) .
(6.625L + 16)M @

Figure3 illustratesthe theoreticalcomputationakavingsfor vari-

ousvaluesof M1 andM, andL=65. Foraparametecombination
with M =8, Mr=1, whoseconvergencés evaluatedn thefollow-

ing section,S¢ = 35%is obtainedrom (4). ForalargerM andL

with Mr=1, Sc approache89.6%.

5. SIMULA TION RESULTS

Performancén thesingle-talkwasevaluatedvith white Gaussian
signalsand speeclsignals. Anotherwhite Gaussiansignal with
an echo-to-noiseratio of —40 dB was added as an additive
noise. Linear-tou-law and p-law-to-linear conversionswere
incorporatedeforeandafterthe echopathto modelPCM (pulse
codemodulation)codecs.

Theimpulseresponselepictedn Fig. 4 [3] wasusedfor theecho
path. Thevaluesof basicparametersregivenin Tab. 1. Other
parametersveresetasin [3].

Figure5 depictsthe ERLE (echoreturnlossenhancementon-
vergenceof themultiplexedechocancelergor white inputsignals.
Theechocancelein channell convergedastesemongheothers.
Convegencein all otherchannelsare sloweddown becausehe
echocancelersn thesechanneldhadto sharethe availablecoeffi-
cientadaptationsvith others. Theinitial convergencén channel
2 is asquick asin channell. Whenchannels3 through8 were
activatedwhile channel2 had not converged,the convergence
speedn channeR wassignificantlydegraded.
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Figure6: Distributionof CoefficientAdaptation(White Signals).

Tab. 1. Valueof the Parameters.
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Shownin Fig. 6 arethe actualnumberof coefficientadaptations
distributedto eachchannel.lt is againclearthatthe echocanceler
in channell monopolizedcoefficient adaptationsfor the first

20,000iterations. It convergedvithin 20,000iterations however,
it kept using all the adaptationsuntil there was anotheractive

channel.

With the speechsignalsshownin Fig. 7 asthe input signal,
the convergencdor speechinput wasalsoevaluated. Only four
channelsvereusedn thesimulationgor readabilityof thegraphs.
Convegencecharacteristicfor thesespeectsignalsareexhibited
in Fig. 8. Figure9 is the correspondinglistributionof coefficient
adaptations.Carefulinvestigationof Figs. 8 and9 revealsthat
faster convergencds achievedwhen there is only one active
channel. Speedof convergencavell agreeswith the distribution
of adaptations. ERLFEs in channels2 and 3 are slower in
convegencecomparedwith thosein channelsl and4. This can
be explainedby the input signalsin Fig. 7. The speectsignals
in channels2 and 3 have more frequentsilent sections,where
coeficientadaptations skippedandconvergencés sloweddown.

6. CONCLUSION

A computationallyefficient echocanceleralgorithmfor multiple
telephondines hasbeenproposed.Convergencén eachchannel
is monitored and coefficient adaptationis controlled such that
adaptivefilters in less convergentchannelsare more frequently
adaptedwith the total adaptationgnaintainedconstant. As the
indexto thedegreeof convergenceahelargestvalueof thenumber
of active tapsare used. A detailedcalculationhas shownthat
the computationalsaving for a floating-point signal processor
approached0% with a largernumberof channels.Convergence
characteristicsvith white Gaussiansignals and speechsignals
have beendemonstratecdy simulation results. The proposed
algorithmcontributesto further costreductionby accomodationg
morechannelonthe chip and/orby longerecho-paticoverage.
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Figure7: SpeecltignalsUsedfor Simulations.
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