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ABSTRACT

In this paper a non-uniformsubbandadaptve structurewith criti-
cal samplingof the subbandsignalsis derived. With theassump-
tion of non-overlappingbetweemon-adjacenanalysisfilters, the
resultingstructureyields exactmodelingof anarbitrary FIR sys-
tem. An LMS-type adaptationalgorithm, which minimizesthe
sum of the subbandsquared-errords obtainedfor updatingthe
coeficientsof the proposedstructure resultingin significantcon-
vergencerate improvementfor coloredinput signalswhen com-
paredto thefullbandLMS algorithm.Computesimulationsllus-
tratethe corvergencebehaior of the proposechon-uniformsub-
bandadaptve filter in theapplicationof systemidentificationand
acousticechocancellation.

1. INTRODUCTION

Adaptie filtering in subband$asbeenextensvely investigated
in orderto reducethe computationatompleity andincreasehe
corvergencerate of high-orderadaptve FIR filters. It hasbeen
mostlyappliedto echocancellergor audioteleconferencingyvhere
adaptve FIR filters of very large lengths(1000-400Qcoeficients)
areused. Subbandadaptve structureswith critical sampling[1]-
[3] andwith noncritical sampling[4]-[6] have beenproposedn
the literature. In orderto avoid aliasingproblems,the sampling
rateof thedecomposedignalsis reducedy afactorsmallerthan
the numberof subbandsn the oversampledapproach4], while
adaptve cross-filterdbetweeradjacensubbandsreneededn the
critical sampledapproach1]. In a recentlyproposedcritically
sampledsubbandstructure[2], the cross-filtersare identical to
the direct-pathadaptve filters and, therefore,do not needto be
adaptedseparatelyresultingin an improved adaptationconver
genceand a reducedcomputationakompleity when compared
to othercritically sampledsubbandstructureg3].

Most of the subbandadaptve filters employ uniform filter-
banks. A recentwork [6], however, hasshavn that non-uniform
subbandadaptve filters might outperformthe uniform ones. The
non-uniformsubbandilter presenteéh [6] usedoversampledgub-
bandsignals. In this paper we develop a non-uniformsubband
structurewith critical samplingof thesubbandignals.Suchadap-
tive subbandstructureis a generalizatiorof the uniform subband
filter presentedn [2],[3]. Dueto the non-uniformfrequeng de-
compositionof the input signal, the distinct adaptve subfilters
work at differentrates,which leadsto someparticularitiesin the
adaptatioralgorithm.

Mariane R. Petraglia'

mariane@Ips.ufrj.br

Rogerio G. Alves’

alves@ece.concordia.ca

2ConcordiaJniversity

Dept. ElectricalandComputelEng.
GM-905- H3G-1M8
Montreal,Quebec Canada

2. THECRITICALLY SAMPLED NON-UNIFORM
SUBBAND ADAPTIVE STRUCTURE

The non-uniform subbandadaptve filter with critical sampling
proposedn this paperis derived from anadaptve subbandstruc-
turewhich emplgys ananalysisfilterbankto decompos¢heinput
sighaland sparseadaptve filters in the subbandg3]. It is illus-
tratedin Fig. 1, wherez(n) is the input signal, H(z) arethe
analysidfilters of anM-channeffilterbank,Gy, (zM) arethesparse
adaptve subfiltersd(n) is thedesiredsignal,e(n) is theerrorsig-
nalusedin theadaptatioralgorithm,andA is thedelayintroduced
in the input signalby thefilterbank. It hasbeenshavn in [3] that
thestructureof Fig. 1 is ableof modelinganarbitraryFIR system,
with theintroductionof adelayA, by properlychoosinghefilter-
bank(perfector nearperfectreconstructiomank)andthe number
of adaptve coeficients.
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Figure 1: Adaptive structureusing an analysisfilterbank and
sparsesubfilters.

Recentlyin [7], thesubbandadaptve filter of Fig. 1 wasgen-
eralized,suchthata non-uniformanalysisfilterbank(or adiscrete
wavelet) was usedto decomposghe input signal, resultingin a
structurewhich emplo/s sparseadaptve subfilterswith different
lengthsand sparsityfactors. This non-uniformsubbandfilter is
illustratedin Fig. 2, wherewe considey for simplicity, a three-
channefilterbankimplementedy atwo-level treestructure.The
equialentanalysidfilters of the three-channédilterbankof Fig. 2
are

Ho(z) = H°(2)H(2"),
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Figure2: Non-uniformsubbandilter usinga two-level treestruc-
tureanalysidilterbankandsparseadaptve subfilters.

Hl(Z) =
Hz(Z)

H(2)H' (%),
H'(z2), )

where H%(z) and H'(z) representhe analysisfilters of a two-
channelperfectreconstructiorfilterbank. The delay Ao in the
third bandis includedto compensatéor the smallerdelay into-
ducedin this bandby the filterbank. The generalizatiorof the
structureof Fig. 2 resultsin adaptve subfilterswith differentspar
sity factors thatis, Gi(zMi). Thelengthof suchsubfiltersshould
beatleast[7]

Ki=N/Mi+NFi/M¢+1, (2)

whereN is theorderof theunknavn systemand Vg is theorder
of thei-th subfilterF; (z) of thecorrespondingynthesigilterbank.
For thethree-channedtructureof Fig. 2, the synthesidiltersare

Fo(z) = F°(2")F(2),
Fi() = F'(2")F(2),
Fy(2) F'(2), ®)

whereF?°(z) and F' (z) arethe correspondingynthesidilters of
the two-channemultirate systemwith analysisfilters H°(z) and
H(2).

In the sparsesubbandadaptve structureof Fig. 2, the sam-
pling ratesof the subbandsignalsarenot reduced.ln orderto de-
rive a critically sampledsubbandstructure a non-uniformperfect
reconstructiormultirate systemis includedfollowing eachadap-
tive filter of the sparsesubbandilter of Fig. 2, asillustratedfor
the k-th bandin Fig. 3. Consideringthatthe analysisfilters are

Figure3: lllustrationof the k-th bandof thestructureof Fig. 2 fol-
lowedby anon-uniformthree-channgderfect-reconstructiomul-
tirate system.

sufiiciently selectve, sothatit canbeassumedhattheirfrequeng
responsedo notoverlapwith thoseof non-adjacensubbandsand

usingthenobleidentity [8], we obtainthe simplified structuresof
Fig. 4 for the threebandsof the non-uniformcritically sampled
subbandilter. ThedelaysA1, A, andAgj in Fig. 4 areneededn
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Figure 4: Subbandof the three-channehon-uniform critically
sampledstructure.

orderto matchthedelaysintroducedby thedifferentlengthsanal-
ysisfilters. Consideringorthogonalffilterbankswith analysisand
synthesidilters, H;(z) and F;(z), of order N;, with Ny = Ny,
thedelaysof Fig. 4 aregivenby

_ No— N>

Al = A, 5 (4)
_ A1 _ No — Nz
Ay = = (5)

Combiningthe threebandsshavn in Fig. 4, andconsidering
thesystemdentificationapplicationwe obtainthecompletethree-
channelnon-uniformsubbandadaptve filter of Fig. 5. In this
figure, thefilters H; ;(z) arerelatedto the analysisfilters H;(z)

by
H; j(z) = Hi(2)Hj(2), (6)

andthedelaysA, andAj; appliedto the decomposedesiredsig-
nalsaregivenby

N
As = 7, (7
_ N No N
AS == A2+T— 2 4- (8)

The overall input-outputdelayintroducedby the structureof Fig.
5isA = 2Np.

3. ADAPTATION ALGORITHM

We now derive an LMS-type algorithmfor updatingthe subfilters
coeficientsof the proposectritically sampledstructure.For sim-

plicity, we considethereonly thethree-channetaseshavn in Fig.

5. Thealgorithmderivation canbe extendedin a straigthforvard
mannetrto otherfilter bankconfigurations.
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Figure5: Completesubbanddaptve structureconsideringheidentificationsystenproblem.

The adaptationis performedat the lowest rate (one fourth
of the input rate for the three-channestructure). Denoting as
X;,; (m) thedownsampledsignalattheoutputof thefilters H; ; (z)
(seeFig. 5), asX;, ;(m) thevectorcontainingthe mostrecentk;
samplef X; ;(m), andasG;(m) the vectorcontainingthe co-
efficientsof the subfilterG;(z) atiterationm, andconsideringas
costfunction the sum of the instantaneousquared-errorsf the
first two subbandsand of the averageof the two samplesof the
squared-erroof the third subbandwhich is working at twice the
adaptatiorrate),thatis,

1
J(m) = Eg(m) + Ei(m) + 5 [B3(2m — 1) + E3(2m)] ,  (9)
the generaform for the LMS-type adaptatioralgorithmthatmin-
imizesJ(m) is givenby

Go(m+1) = Go(m)+ po[Xo,0(m)Eo(m)

+Xo,1(m)E1(m)], (10)

G1(m+ 1) = G1(m)+p1[Xo,1(m)Eo(m)+X1,1(m)E1 (m)
+5 (X5 0(2m = 1) Ba(2m = 1)

+X5.2(2m) B> (2m))], (11)

G2(m+1) = Gz(m)+ p2[X1,2(m)E1(m)
+%(X2,2(2m — 1= As)B>(2m — 1)
+X2,2(2m — AQ)E2(2’ITL))], (12)

wherethevector X{ , containsthemostrecentk; evensamples
of thesignal X ». In thelastequationstheerrorsignalsaregiven

by

Eo(m) = Do(m—A4)~[X(,0(m)Go(m)+ X1 (m)G1(m)],
(13)

E1(m) = Dy (m—A4)—[X 3,1 (m)Go(m)+ X1, (m)G1(m)
+XT,(2m — ADGa(m — Ay))], (14)

Es(m') = Da(m — As)—[ X5 o (m) G4 (m)
+X2T,2(m' — A2)G2(m — Az)], (15)

for m’ = 2m andm’ = 2m — 1. In orderto improve the con-
vergencerate of the adaptatioralgorithmfor colorednoiseinput
signals,the step-sizesre madeinverselyproportionalto the sum
of thepowersof thesignalsinvolvedin the adaptatiorof the coef-
ficients,thatis:

_ 14
po = Poo+ Py’
_ M
b= Py1+ P+ Py’
I
S 16
He Pio+ Py’ (16)

whereP; ; is the power estimateof thesignal X ;.

4. SSMULATION RESULTS

Computersimulationsarepresentedn orderto illustratethe con-
vergencebehaior of thenon-uniformsubbandadaptve filter pro-
posedin this paper In the first experiment,the identificationof
alength N = 400 FIR systemis considered.The input signal



wasa colorednoisesequencgeneratedy passinga white noise
sequencéy a first-orderlIR filter with its pole locatedat z =
0.9. The non-uniformsubbandilter of Fig. 5 wasimplemented
by a two-level tree structure(asin Fig. 2) with near perfect-
reconstructiorprototypefilters (H°(z) and H'(z)) of order 31
[8] andadaptatiorstep-sizey = 0.5/Ko. Figure6 presentshe
mean-squarerror (MSE) evolution for the non-uniformsubband
structure(NUSB) andfor thefullbandLMS algorithm(LMS). We
canseefrom Fig. 6 thatthe non-uniformsubbandilter hassig-
nificantly betterperformancehanthe fullband LMS for colored-
noiseinput. The steady-statdSE of the non-uniformsubband
structureis determinedby the stopbandattenuatiorof the analy-
sisfilters, sinceit wasassumedhattherewasno overlapamong
non-adjacensubbands.
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Figure6: Resultsfor the systemidentificationsimulations.

Another experimentwith the non-uniformsubbandadaptve
filter and with the fullband LMS algorithm was carried out for
echocancellingin a teleconferenceoom. The microphoneand
loudspeagr signalswere sampledat 8KHz. In orderto imple-
menta length1200 impulseresponsethe numberof coeficients
of the subfilterwere Ky = K; = 323 and K> = 646. To vi-
sualizethe improvementobtainedwith the non-uniformsubband

structure the residualechowas decomposedhto two subbands.

In the low frequeng band,the LMS andthe NUSB algorithms
hadthe sameperformanceHowever, in the high frequenyg band,
theresidualechoof the NUSB wassignificantlysmaller ascanbe
seenn Fig. 7.

5. CONCLUSIONS

In this paperwe have developeda new critically sampledsubband
adaptve filter, which emplgys a non-uniformfilterbank (or a dis-

cretewavelet) to decomposehe input signal. The adaptations

performedat the lowestsamplingrate, usingan LMS-type algo-

rithm. Simulationresultsin systemidentificationand echocan-
cellationapplicationsverepresentedin the systemidentification
simulation, it was shavn that, besidesexactly modeling, signifi-

cantcorvergenceimprovementcanbe achieved for coloredinput

signalswhencomparedo the corventionalLMS algorithm.In the

acousticechocancellatiorsimulation,the high frequeng residual
echoof the proposedchon-uniformsubbandstructurewas signifi-

cantlysmallerthanthatof thefullbandLMS algorithm.
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Figure7: Resultsor theacousticechocancellingsimulations.
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