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ABSTRACT

In this paper we describea new methodof blind sourcesep-
aration (BSS) on a microphonearray combining subbandinde-
pendentcomponentanalysis(ICA) and beamforming. The pro-
posedarray systemconsistsof the following threesections: (1)
subband-ICA-baseBSS sectionwith direction-of-arrval (DOA)
estimation,(2) null beamformingsectionbasedon the estimated
DOA information,and(3) integrationof (1) and(2) basedon the
algorithmdiversity. Usingthis techniquewe canresole thelow-
corvergenceproblemthroughoptimizationin ICA. The resultsof
the signal separatiorexperimentsreveal that the noisereduction
rate (NRR) of about18 dB is obtainedunderthe nonreverberant
condition,and NRRsof 8 dB and 6 dB are obtainedin the case
that the reverberationtimes are 150 msecand 300 msec. These
performancesresuperiorto thoseof bothsimpleICA-basedBSS
andsimplebeamformingmethod.

1. INTRODUCTION

Blind sourceseparationBSS)is the approacho estimateorigi-
nal sourcesignalsusingonly theinformationof the mixedsignals
obsered in eachinput channel. This techniqueis applicableto
therealizationof noise-rolistspeectrecognitionandhigh-quality
hands-fregelecommunicatiosystemsin therecentworks, asfor
the BSSbasedon the independentomponentnalysis(ICA) [1],
the several methodsjn which the inverseof the complex mixing
matricesare calculatedin the frequeny domain,have beenpro-
posedto dealwith the arriving lags amongeachelementof the
microphonearray system[2, 3]. Sincethe calculationsare car
ried out at eachfrequeng independentlythe following problems
arisein thesemethods:(1) permutationof eachsoundsource (2)
arbitrarines®f eachsourcegain. To resole theseproblemsa pri-
ori assumptiorof similarity amongthe ervelopesof sourcesignal
waveformsis necessary?].

In this paper a new methodof BSS on a microphonearray
combiningsubbandCA andbeamformings proposed.The pro-
posedarray systemconsistsof the following three sections(see
Fig. 1 for the systemconfiguration): (1) subbandICA section,
(2) null beamformingsection,and (3) integrationof (1) and (2).
First, a new subbandCA is introducedto achieve the frequeng-
domainBSS on the microphonearray system,wheredirectiity
patternsof the arrayareexplicitly usedto estimatesachdirection
of arrival (DOA) of the soundsourced4]. Usingthis methodwe
canresole both permutationandarbitrarinesgproblemssimulta-
neouslywithout the assumptiorfor the sourcesignalwaveforms.
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Figure 1: Configurationof proposedmicrophonearray system
basedn subbandCA andbeamforming.

Next, basedon the DOA estimatedn the abore-mentionedCA
section,we constructa null beamformerin which the directional
null is steeredo the direction of the undesiredsoundsource,in
parallelwith the ICA-basedBSS.This approacho signalsepara-
tion hasthe advantagethatthereis no difficulty with respecto a
low-convergenceon optimizationbecausehe null beamformeiis
determinedby only DOA informationwithout independencée-
tweensoundsources.Finally, both signal separatiorprocedures
are appropriatelyintegratedby the algorithm diversity [5] in the
frequeny domain. The following sectionsdescribethe proposed
methodin detail, and canshaow that the signal separatiorperfor
manceof theproposednethodis superiorto thoseof bothcornven-
tional beamformingandICA-basedBSSmethods.

2. ALGORITHM
2.1. Subband ICA Section

In this study a straight-linearray is assumed. The coordinates
of the elementsare designatecasdy (k = 1,---, K), andthe
directionsof arrival of multiple soundsourcesaredesignate@sé,
(@=1,---,L) (seeFig. 2).

In generalthe obseredsignalsin which multiple sourcesig-
nalsaremixed linearly aregiven by the following equationin the
frequeny domain:

X = AS, 1)

where X = [X:1(f),---, Xx (f)]T is the obsered signal vector
andsS = [S1(f), - -, Sc(f)]" isthesourcesignalvector A isthe
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Figure2: Configurationof microphonearrayandsignals.

mixing matrixwhichis assumedo becomple-valuedbecauseve
introducethe modelto dealwith the arriving lagsamongeachof
the elementf the microphonearrayandroomreverberations.
We performthesignalseparatiomy usingthecomple-valued

unmixing matrix, W, sothatthe eachelementin the outputY =
W X becomesnutuallyindependenin the caseof K = L. The
optimal W canbe obtainedby usingthefollowing iterative equa-
tion [4, 6]:

Wi = n (diag ((2(V)Y™)) ~(@(V)Y ")) (W)™
+W; (2

where(-) denoteghe averagingoperatoy i is usedto expressthe
valueof thes th stepin theiterations andy is the stepsizeparam-
eter Also, we definethe nonlinearvectorfunction®(-) as

B(Y) = 1/{l+exp(-Y ™)} +j-1/{1+exp(-Y )}, (3)

whereY ® andY (¥ arethe real andimaginarypartsof Y, re-
spectvely.

Sincetheabove-mentioneaalculationsarecarriedoutateach
frequeny independentlyproblemsaboutthe sourcepermutation
andscalingindeterminayg ariseat every frequeng bin. In orderto
resole theproblemswe have alreadyprovidedthe solution[4] to
utilize the directivity patternof the arraysystem,F;( f, ), which
isis givenby

K
Fi(f,0) =>_ Wik(f) exp[j2nfdisin/c],  (4)
k=1
wherec is the velocity of sound. Hereafterwe assumethe two-
channelcasewithout lossof generalityi.e., K = L = 2. In the
directvity patterns,directionalnulls exist in only two particular
directions.Accordingly by obtainingstatisticswith respecto the
directionsof nullsatall frequeng bins,we canestimatehe DOAs
of the soundsources.The DOA of the! th soundsource,@l, can
beestimatedas
N/2

b== > 0(f) ©)

whereN is atotal point of DFT, and#é;( f,,) representshe DOA
of thel th soundsourceatthem th frequeny bin. Thesearegiven

by
el(fm) :min[arglngn |F1(fm, 9)': argnlain |F2(f‘m7 9)” , (6)

62(fm) =max{argmin | Fi (fm, 0)|, argmin |F3(fm, 0)[],  (7)

wheremin[z, y] (max|z, y]) is definedasa functionin orderto
obtainthe smaller(larger) valueamongz andy. Basedon these
DOA informations we candetectandcorrectthe sourcepermuta-
tion andthe gaininconsisteng

2.2. Beamforming Section

In the beamformingsection,we can constructan alternatie un-
mixing matrixin parallelbasednthenull beamformingechnique
wherethe DOA informationobtainedin the ICA sectionis used.
In the casgthatthelook directionis 8; andthedirectionalnull is
steeredo 6., theelementof theunmixingmatrix aregivenas

W™ (fm) = exp| = j27 fndy sin b1 /]
X {exp [j27rfmd1 (sin 6> —sin él)/c]
— exp[j27 fda(sin 5 —sin 6:)/c] } 7, (8)
W (fm) = —exp [ — j2m fmds sin él/c]
X {exp [j27rfmd1 (sin f> —sin él)/c]
— exp [j27 fmda(sin §2 —sin 61) /c] }71. 9)
Also in the casethatthe look directionis , andthe directional

null is steeredo 6, , theelementof theunmixingmatrix aregiven
as

Wii™ (f) = — exp[ — j2m fmdi sin éQ/C]
x {—exp [j27rfmd1(sin91—sin92)/c]
+exp[ 27 frnds (sin 1 —sin ) /c] } ', (10)
W™ (fm) = exp[ = j2 frmda sin 62/c]
X {—exp [j27rfmd1(siné1—sinéz)/c:|
+exp[ 27 frmds (sin 1 —sin62) /c] } . (11)

Theseelementgyiven by Eqgs.(8)—(11)arenormalizedsothatthe
eachgainfor look directionis setto be 1.

2.3. Integration of Subband ICA with Null Beamforming

In orderto integratethe subbandCA with null beamformingwe
newly introducethefollowing stratey for selectingthe mostsuit-
ableunmixingmatrix in eachfrequeng bin, i.e., algorithmdiver-
sity in thefrequeny domain.(1) If thedirectionalnull is steeredo
the properestimatedDOA of the undesiredsoundsource we use

the unmixing matrix obtainedby the subbandCA, W% (f).
(2) If thedirectionalnull deviatesfrom theestimatedOA, we use
theunmixingmatrixobtainedoy thenull beamforminng(kBF)(f),
in preferencéo thatof thesubbandCA. Theabove strategyy yields

thefollowing algorithm:

L wlO, (80f) — b < h-o)
Wulf) = {Wj(zBF)(f), W) =l > h-a), 2

whereh is a magnificationparametenof the thresholdanda; rep-
resentghedeviation with respecto the estimatedOA of thel th
soundsourcejt canbegivenas

9 N/2
o] = N Z(Gl(fm) — él)2. (13)
m=1



Tablel: AnalysisConditionsof SignalSeparation

SamplingFrequeng | 8 kHz
FrameLength 32msec
FrameShift 16 msec

Window Hammingwindow
Numberof Iterations | 500
StepSizeParameter | n = 1.0 x 10™*

Using the algorithmwith anadequatevalueof h, we canrecover
theunmixingmatrix trappedon alocal minimizerof the optimiza-
tion procedurén ICA. Also, by changinghe parameteh, we can
constructvarioustypesof arraysignalprocessindor BSS,e.g.,a
simplenull beamformingwith h =0, andasimplelCA-basedBSS
procedurewith h = co.

3. EXPERIMENTSAND RESULTS

3.1. Conditionsfor Experiments

A two-elementarraywith the interelemenspacingof 4 cmis as-
sumed.The speectsignalsareassumedo arrive from two direc-
tions, —30° and40°. Six sentencespolen by six male and six
femalespealkersselectedrom the ASJ continuousspeectcorpus
for researclareusedastheoriginal speechlUsingthesesentences,
we obtain36 combinationawvith respecto spealkersandsourcedi-
rections. In theseexperimentswe usedthe following signalsas
the sourcesignals: (1) the original speecot convolved with the
impulseresponsesand(2) theoriginal speeclktorvolvedwith the
impulseresponsesecordedn two environmentsspecifiedby dif-
ferentreverberatiortimes(RTs), 150msecand300msec.Theim-
pulseresponsearerecordedn avariablereverberatiortime room
asshown in Fig. 3. The analysisconditionsof theseexperiments
aresummarizedn Tablel.

3.2. Results1: Effectiveness of Algorithm Diversity

In ordertoillustratethebehaior of theproposedrrayfor different
valuesof h, the noise reduction rate (NRR), definedasthe output
signal-to-noiseatio (SNR)in dB minusinput SNRin dB, is shavn
in Figs. 4-6. Thesevaluesaretaken asthe averageof all of the
combinationswith respecto speakrsandsourcedirections.The
SNRscorrespondo the objective evaluationscorein the casethat
the suppressedignalis regardedasnoise.

From Fig. 4 for the nonreverberanttests,it canbe seenthat
the NRRs monotonicallyincreaseas the parameteth decreases,
i.e., the performanceof the null beamformeris superiorto that
of ICA-basedBSS.This indicatesthatthe directionsof the sound
sourcesareestimatecdcorrectlyby the proposednethod,andthus
thenull beamformingechniqueas moresuitablefor theseparation
of directionalsoundsourcesindernonreverberantondition.

In contrast,from Figs.5 and6 for the reverberantests,it is
shawvn that(1) the NRR monotonicallyincreasessthe parameter
h decreasem the casethatthe obsenedsignalsof 1 secduration
areusedto learnthe unmixing matrix, and (2) we canobtainthe
optimumperformancesy settingthe appropriatevalueof 4, e.g.,
h =2, in the casethatthe learningdurationsare 3 and5 sec. We
cansummarizefrom theseresultsthat the proposedcombination
algorithmof ICA andnull beamformings effective for the signal
separationparticularlyunderthereverberantonditions.
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Figure3: Layoutof reverberantoomusedin experiments.
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3.3. Results2: Comparison with Conventional BSS M ethod

In orderto performacomparisorwith thecorventionaBSSmethod,
we alsoperformthesameBSSexperimentsisingMuratas method
[2]. Figure7 (a) shows the resultsobtainedusing the proposed
methodandMurata’s methodwherethe obsened signalsof 5 sec
durationare usedto learnthe unmixing matrix, Fig. 7 (b) shavs
thoseof 3 secduration,andFig. 7 (c) shavs thoseof 1 secdura-
tion. In theseexperimentstheparameteh in theproposednethod
is setto be2.

From Figs. 7 (a)—(c),in both nonreverberantandreverberant
tests,it canbe seenthat the BSS performance®btainedby us-
ing the proposedmethodare the sameas or superiorto thoseof
Murata’s corventionalmethod.In particular from Fig. 7 (c), it is
evidentthatthe NRRsof Muratas methoddegraderemarkablyin
the casethatthe learningdurationis 1 sec;however, thereareno
significantdegradationdn the caseof the proposedmethodcom-
paredwith thoseof Murata’s method.We cansummarizéhemain
reasondor the degradationsn Murata’s methodby looking atthe
similarity (e.g.,cosine distance) amongthe sourcesignalsof dif-
ferentlengthsas follows (seeFig. 8). (1) The envelopesof the
original sourcespeechbecomemore similar to eachotherasthe
durationof the speechshortens. (2) The separatedignals’ en-
velopesat the samefrequeng are similar to eachothersincethe
inaccuratainmixingmatrixis estimatedo have mary components
of crosstalk. Therefore the recovery of the permutationtendsto
fail in Murata’s method. In contrast,our methoddid not fail to
recover the sourcepermutationbecauseave did not useary infor-
mation of signalwaveformsbut rather usedonly the directiity
patterns.

4. CONCLUSION

In this paper a new blind sourceseparationBSS) methodusing
subbandndependentomponentanalysis(ICA) and beamform-
ing wasdescribedIn orderto evaluateits effectivenessthe signal
separatiorexperimentswvereperformedundervariousreverberant
conditions.Fromtheresults,it wasshovn thatthenoisereduction
rate (NRR) of about18 dB is obtainedunderthe nonreverberant
condition,andNRRsof 8 dB and6 dB areobtainedn thecasethat
thereverberatiortimesare150 msecand300 msec.Theseperfor
mancesveresuperiorto thoseof bothsimplelCA-basedBSSand
simplebeamformingechnique.
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