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ABSTRACT

This papemresenta delayednstantaneoudemixer (DID)
for speechsignal separatiorfrom real recordings. Based
on the fact that the original signalsare coloredand mutu-
ally uncorrelateda simplealgorithmis derivedto estimate
the parameter®f the demixer. This algorithm consistsof
two parts:a grid searchingnethodto estimatetime delays
andan alternatingprojectionmethodto estimategain coef-
ficients. Experimentatesultdemonstratethe performance
of themodelandthealgorithm.

1. INTRODUCTION

Blind signal recovery from FIR (finite impulseresponse)
andMIMO (multi input andmulti output) channeloutputs
is anintenseareaof researchlt hasa wide rangeof appli-
cationssuchas speechenhancementelecommunications
and medicalsignalanalyses.While mary blind decowo-
lution methodshave to use higher order statistics(HOS)
for white input signals(e.g.,[1]), the additionalinforma-
tion that the input signalsare colored can be exploited to
designsecondorder statistics(SOS) basedalgorithms|[2,
3, 4]. In fact, mostnaturalsignalsare temporallycolored
ratherthanwhite. Among the SOS-basealgorithms,the
BIDS (blind identificationvia decorrelatingsubchannels)
algorithm[4] requireswealer identifiability conditionthan
thematrix pencil(MP) algorithm[2] andthesubspacalgo-
rithm [3].

However, in somepracticalapplications,completere-
covery of inputsignalsis notnecessaryFor example,in the
problemof Cocktail Party, speeclenhancemermanbedone
by separatinghe desiredspeechsignalsfrom interfering
sourcesAlthoughtheseparatedignalsmaybeconvolutive
distortedversionsof the original speectsignals this distor
tion is to someextentnot detectabldy humanears.In the
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blind signalseparation(BSS) problem,neitherthe channel
nor the signalsareknown. Many algorithmsreportedhave
beentestedon computergeneratedignals,to separateig-
nalsfrom instantaneoumixtures[5, 6] andfrom dynamic
mixtures[7, 8]. Otheralgorithmshave beentestedusing
real acousticallymixed speectsignals(e.g.,[9, 10]). But
thesealgorithmsarenormally complicatedbecaus®f high
filter ordersandsomesuffer from localminimumproblems.

Thispaperfocusonseparatingwo unknavn speectsig-
nalsfrom theircornvolutive mixturesrecordedy two micro-
phonesA formulationof the problemis givenin section2.
The delayedinstantaneoudemixer (DID) modelfor sepa-
rating acousticallymixed signalsis presentedn section3
with implementatiordetailsin section4. Section5 shavs
anexperimentakxample.

2. PROBLEM FORMULATION

A noiseles2 x 2 FIR MIMO channekanbedescribedhs
y(n) =H'(n) xs(n) Y H')s(n—-1) (1)

wheres(n) = [s1(n), s2(n)]? denoteghe2 x 1 unknown

inputvector y(n) = [y1(n),y2(n)]* the2 x 1 outputvec-

tor andH'(n) the 2 x 2 sequencef the systemimpulse
responseof length L. The operators® and” represent
corvolutionandtransposerespectiely. All datain thetime

domainare assumedyithout loss of generality to be real

valued.An equivalentexpressiorof (1) is

y(n) = H (2)s(n) )

whereH. (z) = f:fg H'(l)2~! denoteshe channelma-
trix. The orderof H/,(z) reflectsthe reverberationtime
varyingontheroomsize,wall absorbancegndspealerand
microphonepositions.etc. Theblind channeidentification
andequalizatiormethodsanbeusedto estimates(n) from



y(n) undercertainconditionse.g.,the BIDS algorithmas-
sumesthat the channelmatrix is irreducibleand the input
signalsaremutuallyuncorrelatecindof sufficiently diverse
power spectra.As we discussedibove, blind signal sepa-
rationis sufficient for mostspeectenhancemergroblems.
In otherword, ary (diagonal)corvolutive versionof s(n)

is a desiredsolutionaslong asthe orderof convolutionis

notsohigh. To achieve this, we needto constructademixer
G/'(z) suchthat G'(2)H/(z) is a diagonalpolynomialma-
trix upto a permutatiormatrix. Obviously, selectingproper
structuresof G'(z) is importantin designingsimple, fast
androbustalgorithms.

3. DELAYED DEMIXER MODEL

A generakexpressiorof channematrix H., (z) is

we=[ e k] o

whereh;;(z),4,j = 1,2 are polynomials. Underthe as-
sumptionthatatleastoneelementon eachrow andcolumn
of H/,(z) is a polynomial of minimum phase,(3) canbe
re-writtenas

: M)y 0 h(2)

hi1(z)

=H,(2)A

Note thatif not all of theseminimum phasepolynomials
areon themaindiagonal thereexists permutatiorbetween
two sources.Possiblepermutationis ignoredherefor con-
venience.Takingthe advantageof indeterminaciesf BSS,
(2) becomes

y(n) = H.(2)x(n) (4)

wherex(n) = [h};(2)s1(n), hby(2)s2(n)]T. The Cocktail
Party problemis a specificcaseof this modelwhereeach
speakr is assumedo be closeto a distinct microphone
which leadsto h{,(z) = hi,(2) = 1. Most existing al-
gorithmschoosean FIR demixer with unit main diagonal
elements.

Huanget al carriedout an experimentto measurehe
impulseresponsesf the cross-channedcousticpaths[11].
This experimentwasdonein a room-acousti@nvironment
at the HouseEar Institute, Los Angeles. The room sizeis
21 ft x 13.5ft with atableof size12ft x 4t in the mid-
dle of theroom. Two spealers, sitting at two sidesof the
table (faceto face),are4 ft away from eachother Their
experimentaresultshavs thatthe lengthsof thetwo cross-
channefilters are200samplescorrespondingo 18.7msat
a samplingrateof 10667Hz. A closelooking at the cross-
channefilters, onecanseethatonly very few of the pulses

have dominantmagnitudesand stay with one anotheral-
thoughthe ordersof the cross-channelarein generahigh.
Basedon this importantobsenation, we can further sim-
plify thechannelmatrixin (4) to be

1 ajz
me x|

whichleadsto thecorrespondinglelayednstantaneous
dember

1 bz~ Tt
G(z) = [ b2sz2 ' 1 :|

Wewill shav next thattheconstructiorof thedemixer G(z)
is extremelysimple.

4. ALGORITHM IMPLEMENT ATION

Thefirst partof the algorithmis to estimatetime delaysT;
andTs.

4.1. Estimating time delays

Define

G(2)y(n) (®)

R.(7) 2 E [z(n)z" (n — 7)]

whereE denotesheexpectatioroperatorLetr,,,. (7) and
T2z, (7), 1,j = 1,2 denotetheijth elementf Ry (1) and
R, (1), respectiely. After asimplemanipulationonehas

T21Z2 (T) = b2ry1y1 (T + T2) + b1b2'ry2y1 (T + T2 - Tl)
Fryiys (T) + blrywz (T - Tl) (6)
T20zi(T) = bary, g, (T — To) + bibary,y, (7 + T1 — Tt)

FTTyays (T) + blry2y2 (T + Tl) (7)

Theautocorrelatiomatrix of y(n) canbecomputecas

o~ LS e
Ry(r) ~ 5 D ym)y" (n—1) ®)
n=0

Substituting(8) into (6) and (7), we obtain#,,,,(7) and
Teazs (T)
Thecostfunctionto beminimizedis

K
IES (P, () +72,.. () ©)
7=0



For the 2 x 2 case,thereareonly 4 unknavn parameters
Ty, T, by, by in thecostfunction. We first usea simplegrid
searchingmethodto estimateT; and7,. We setarange
[0,T] for T1 andT» with stepsize 1, anda range[—b, b]
for by andb, with stepsize Ay, respectiely. Here, T, b
and A, areall positive real values. Basically large T and
b or small A, correspond$o morecomputatiortime. For
differentcombinationsof theseparametersJ is computed
accordingo (9). Then, T} andT; canbeobtainedrom that
setof parametecombinationwhich leadsto theleastJ. If
onewantsto obtainaccurateestimateof b; andb, at the
sametime, then stepsize A, mustbe chosento be small
enoughthat slows down the searchingspeed.We will use
analternatingprojectionmethodto estimateh, andb, after
Ty andT; areobtained.

4.2. Estimating gain coefficients

Let G(2) = Y1% G(1)z~!, whereLg = maz(Ty, T»). It
followsfrom (5)

y(n)
o) = [G0),G(1), Gz | TP
] y(n - Lo)
=G}_'
Denote
G” = (g1, &

Ry(7) 2 E [y(n)yT(n - 7)]

We canform a costfunctionas

I

(10)

wheref{y(r) is the estimateof Ry (7). The calculationof
Ry (7) is similarto thatof Ry (7). Thecostfunctiond’ isa
non-quadratiéunctionof G. Butit is quadratiavith respect
to eachindividual row of G.

Denote

K
Q; =Y (Ry(n)gig RI(7) + RY (g8 Ry (7))

7=0

wherej = 1, 2. By differentiatingthe costfunctionJ’, we
have

oJ'

ogT ~VE

7

wherei = 1,2(i # j). Letg! is g; with all zeroelements
removed from g;, and Q; is Q; with the columnscorre-
spondingto thezeroelementf g; removedfrom Q;. The
alternatingprojectionmethodis formulatedasfollows:

(1) Iterationindex [ = 0.

) Setg!” = g{» = [1,0,---,0]7. Thenuseb, andb,

obtainedrom grid searchmethodto replacethe (27} + 2)-

th elementof g!® andthe (27, + 1)-th elementof g{”,

respectie.

3) g;(’“) = unit-normleast-eigewectorof Q
i,j =1,2buti # j,and

/_(l+1)

¥ , Where

K
QY = Y (Re(ne el R ()

7=0
+RY (Mgl Ry (1)

(1+1)

wherek = lif j =2, 0rk=1+1ifj=1.g; should

alsobeupdatedatthis step.
@) 1f YL, | g¥™ — g™ |< ¢ (¢ denoteghe selected

threshold)stop?otherwisel =1+ 1, gotostep(3).
Remark: Forrealspeectdata,it is notnecessaryo use
avery large setof datasamplego constructa demixer. We
only needto pick a sggmentof datathat contain“uncorre-
latedwords”, i.e., the wordsmixedin that segmentshould

have highly uncorrelatedvaveforms.

5. EXPERIMENTAL RESULT

This sectiondemonstratethe proposednethodusingreal
recordingmadeby T.-W. Lee(availablefrom http : //www.
cenl.salk.edu/ ~ tewon/). Therecordingwasdonein a
normal office room at samplingrate 16kHz. Two Speak-
ershave beenrecordedspeakingsimultaneously Spealer
1 saysthe digits from oneto tenin Englishandspealer 2
countsat the sametime the digits in Spanish.The distance
betweenthe spealers and the microphoness about60cm
in asquareordering.Thelndependen€omponenAnalysis
(ICA) methodwasusedby Leeto separatéhemixedspeech
signalsandthe reconstructedvaveformsareshown in Fig-
urel. Morerecently theprobabilisticindependen€ompo-
nentAnalysis(PICA) methodwasproposedy Aceroet al
to enhancespeech(seehttp : //research.microsoft.com
/ ~ alexac/bss/). The PICA methodis not blind because
it usesamoreaccuratgrobabilisticmodelof speechThese
methodsarecomputationallycostlyasthey usealargesetof
datasamplego constructhehigh orderchannekqualizers.
Figure2 shavs the waveformsof the separatedignals
by usingtheDID method.In theexperimentwe chosel’ =
100, b = 1.2andA; = 0.1. 20000samplegaboutoneword
length)betweersamplel0500andsample30499wereused
to estimatethe delayedinstantaneouslemiver G(z). We
have obsened that a datasegmentof one word lengthis



enougho constructhedemixer. By playingtheseseparated
signals,we foundthatthe ICA methodofferedbettersepa-
ration thanthe the DID methodbut the latter yielded less
noisyseparatedignals.While the PICA methodperformed
the bestamongthe threemethodsthe DID methoddeliv-
eredthe leastcomputationatompleity. The DID method
couldbevery usefulfor datapreprocessing.

6. CONCLUSION

In this paper we have proposeda simple delayedinstan-
taneousdemixer for signal separation. The derivation of

this demixer was motivatedby the following obsenation:

in someacousticervironment,the cross-channeimpulse
responsesvere dominatedby only few strongpulsesthat
exist in avery smallneighborhoodAn algorithmbasedn

grid searchingand alternatingprojectionwas usedto con-

structthe demixer. Realrecordeddatawereusedto inves-
tigatethe performancef the DID methodwith comparison
to the ICA methodandthe PICA method. The simplicity

of the DID methodmalkesit a potentialcandidatefor data
preprocessing.
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Figurel. Thereconstructeavaveformsusingthe ICA method.

(@) Speaker 1

X

"

oﬂ-‘wwwwwwww
N

(b)) Speaker 2

—o.2 4

—o.al 4

—o.6
(S)

= a & 8 EXS) 1z
> 107

Figure2. Thereconstructeevaveformsusingthe DID method.



