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ABSTRACT

Thispaperpresentsanalternative approachto acousticsource
localizationwhich modifies the traditional two-steplocalization
procedureto not requireexplicit time-delayestimates.Instead,the
cross-correlationfunctionsderivedfrom variousmicrophonepairs
aresimultaneouslymaximizedover a setof potentialdelaycom-
binationsconsistentwith candidatesourcelocations. The result
is a procedurethatcombinestheadvantagesofferedby thePHAT
weighting(or any reasonablecross-correlationtypefunction)and
amorerobustlocalizationprocedurewithoutdramaticallyincreas-
ing computationalload.Simulationsareperformedacrossa range
of reverberationconditionsto illustratetheutility of theproposed
methodrelative to conventionalGCC filtering approachesanda
moremoderneigenvalue-basedtechnique.

1. INTRODUCTION

An essentialrequirementof microphonearraysystemsis theabil-
ity to locateandtrackoneor morespeechsources.For speechen-
hancementapplications,accurateknowledgeof thedesiredtalker
andinterferencelocationsis necessaryto effectively steerthe ar-
ray, enhancinga given sourcewhile simultaneouslyattenuating
thosedeemedundesirable.Locationdatamaybeusedasa guide
for discriminatingindividual speakers in a multi-sourcescenario.
With this informationavailable, it would thenbe possibleto au-
tomaticallyfocusuponandfollow a givensourceon anextended
basis.Of particularinterestlately, is theapplicationof thespeaker
locationestimatesfor aiming a cameraor seriesof camerasin a
video-conferencingsystem.

While beamforminghasbeenusedextensively in speech-array
applicationsfor voice captureit has rarely beenapplied to the
talker localizationproblem.Thetaskof computingthesteeredout-
put power for anappropriatelydensesetof candidatelocationsis
computationallyburdensomeandhighly dependentuponthespec-
tral contentof the sourcesignal. Primarily becauseof compu-
tational practicality and reasonableperformanceunderamicable
conditions,the bulk of passive talker localizationsystemsin use
todayutilize a two-stepprocedure.Time delayestimates(TDE’s)
of thespeechsignalrelative to pairsof spatiallyseparatedmicro-
phonesareobtainedandthenappliedto generateasourcelocation
estimate.A numberof variationsonthisprinciplehavebeendevel-
oped. They differ considerablyin their methodof derivation, the
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extentof their applicability (2-D vs. 3-D, nearsourcevs. distant
source,etc.),andtheir meansof solution.See[1] for details.

Accurateandrobusttime-delayestimationis thekey to theef-
fectivenessof localizerswithin this genre.Thetwo majorsources
of signal degradationwhich complicatethis estimationproblem
are environmentalbackgroundnoiseand channelmultipath due
to roomreverberations.Thenoise-alonecasehasbeenaddressed
at lengthandestimatingthe time delayfrom the peakof a SNR-
weightedversionof theGeneralizedCross-Correlation(GCC)func-
tion [2] hasbeenshown to beoptimal undercertainnoisecondi-
tions. The problembecomesmorechallengingonceroom rever-
berationsrise above minimal levels andthe SNR-weightedGCC
quickly becomesunreliable[3, 4]. A basicapproachto dealing
with multipathchanneldistortionsin thiscontext hasbeento make
the GCC function morerobust by deemphasizingthe frequency-
dependentweightings. The PhaseTransform(PHAT) [2] is one
extremeof this procedurewhich hasreceived considerableatten-
tion asthebasisof speechsourcelocalizationsystems[5, 6,7]. By
weighting eachcomponentof the cross-spectrumphaseequally,
thePHAT deemphasizessignalcontentin favorof thedesiredroom
responsein the resultingGCC function. The PHAT GCC-based
time-delayestimatorhasbeenshown to be fairly precisein low
to moderatereverberationconditions. However, with increasing
reverberationlevels it is subjectto anomalousbehavior in which
a multipathreflectionis confusedwith the direct pathdelay. Al-
thoughthe resultingcross-correlationfunctionsoftendo have lo-
calmaximaat thetruetimedelay, they arenotglobalmaxima,and
thereforeleadto erroneousTDE’s. Thisleadsto oneor moreof the
time delayestimatesfor a microphonearrayto be inaccurateand
detrimentallyaffectsthesecondstepin thelocalizationprocedure.

Motivatedby theprecedingobservationthispaperexploresan
alternativeapproachtoacousticsourcelocalizationwhichmodifies
the two-steplocalizationprocedureto not requireexplicit time-
delayestimates.Instead,the entireGCC functionsderived from
variousmicrophonepairsaresimultaneouslymaximizedoveraset
of potentialdelaycombinationsconsistentwith candidatesource
locations.Theresultis a procedurethatcombinestheadvantages
offeredby thePHAT weighting(orany reasonablecross-correlation
type function) anda more robust localizationprocedurewithout
dramaticallyincreasingcomputationalload. Theseresultsmay
be viewed as a special(and computationallypractical) caseof
the SRP-PHAT algorithmdescribedin [8]. Another lessgeneral
techniquewaspresentedin [9] whichassumesthatall microphone
pairs are centeredaroundthe samelocation. This theoretically
leadsto a peakin thesumof theindividual cross-power spectraat
thecorrecttimedelay.
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The following sectionoverviews the traditional methodfor
TDE-basedlocalization. Section3 detailsthe proposedlocaliza-
tion methodwhile Section4 presentsthe resultsof simulations
validatingits utility. Thepaperconcludeswith somediscussion.

2. TRADITIONAL TDE-BASED LOCALIZATION

Thesignalsreceivedat two microphones,��� � � � and � � � � � , maybe
modeledas:��� � � ���
	 � � � ����
 � � ������� � � � ���������� � � � ���
	 � � � ����
 � ����� � � ������� � � �
where � � � is the relative signaldelayof interest,	 � � � � and 	 � � � �
representthe impulseresponsesof the reverberantchannels,
 � � �
is thespeechsignal, ��� � � � and ��� � � � correspondto additive noise
uncorrelatedwith 
 � � � , and � denoteslinearconvolution.

TheGeneralizedCross-Correlation(GCC)functionfor agiven
time-lag, � � � � � � , is calculatedas the inverseFourier transform
of the received signalcross-spectrum,� � � ��� ���� � ��� , scaledby a
weightingfunction,  � ��� :

� � � � � ��� !"
# !  � ��� � � � ��� � �� � ��� $ % & ' ( ��) (1)

The delayestimate, *� � � , correspondsto the lag valuewhich
maximizes� � � � � � . Thestandardcross-correlationfunctionis ob-
tainedwhentheweightingfunctionis uniform,i.e.  �+-, � �����/. .
The resultingcorrelationfunction will be called � +-, � � � . The
PhaseTransformemploys theweightingfunction: �0 1�2 3 � �����54 � � � ��� � �� � ��� 4 # � (2)

to eliminatetheinfluenceof thespectralmagnitudesandproducea
GCCfunctiondependententirelyonthephaseof thecross-spectrum.
Theresultingcorrelationfunctionwill becalled � 0�1�2 3 � � � ) Typ-
ically, a parabolicfit is performedaboutthe peakin � +-, � � � or� 0 1�2 3 � � � to achieve sub-sampleresolution.

Givena setof 6 TDE’s derived from thesignalsreceivedat
multiplepairsof microphones,theproblemremainsashow to best
estimatethetruesourcelocation, 7 8 . Ideally, theestimatewill be
an elementof the intersectionof all the potentialsourceloci. In
practice,however, for morethantwo pairsof sensorsthis intersec-
tion is, in general,theemptyset.With no idealsolutionavailable,
thesourcelocationmustbeestimatedasthepoint in spacewhich
bestfits thesensor-TDE dataor morespecifically, minimizesaner-
ror criterionthatis a functionof thegivendataandahypothesized
sourcelocation.If theTDE’sateachmicrophonepairareassumed
to beindependentlycorruptedby zero-meanadditive white Gaus-
siannoiseof equalvariancethentheML locationestimatecanbe
shown to be thepositionwhich minimizesthe leastsquareserror
criterion[1]:9-: ;

� 7 ���=<> ? @ � � *�
? ����� A B�C D E B�C F G E 7 � � F (3)

where *� ? is theTDE associatedwith the H I J pair of microphones
with spatialcoordinatesdenotedby the3-elementvectors,B C D andB�C F , and ��� A B�C D E B�C F G E 7 � is the true TDE for a signalat source
location 7 relative to the H I J microphonepair.

The sourcelocation derived in this way will be referredas*7
: ;

. Notethatthis procedureinvolvestheoptimizationof a non-
linear functionandnecessitatestheuseof searchmethods.From
a robustnessandcomplexity standpointthis searchis significantly
simpler than that requiredby beamsteeringapproaches.Despite
this,a numberof closedform approximationsto this methodexist
in theliterature;[10, 11, 12] aretypical.

3. LOCALIZATION USING REALIZABLE DELAY
VECTORS

Figure1 illustratestheshortcomingsof thetraditionalTDE-based
localizationscheme.It shows a setof bearinglinesderived from
theTDE’sobtainedwhenusingthePHAT GCCindependentlyfor
anarrayof 8 microphoneswhichareindicatedbyan K . TheTDE’s
wereestimatedfor eachpairof neighboringmicrophones.For this
example,the reverberationtime was400msandtherewasaddi-
tive white noisewith a SNRof 15dB.Thesource,indicatedby a
square,waslocatedat � ��E L ���M� . ) N O E P ) Q O � . As is apparentin the
plot, two bearinglinesappearto befocusingonfirst orderwall re-
flectionsratherthanthedesiredsource.Without judiciouspruning
of thesetwo delayestimatesin theleastsquareserrorcriterion,the
resultingtraditionalsourcelocationestimate,*7

: ;
, will besignifi-

cantlybiasedaway from its truelocation.
Figure2 shows thePHAT GCCfunctionfor therightmostpair

of microphonesin Figure1. The truedelayis -3.01samples,but
thepeakin thePHAT GCCoccursat -11.2samples.This leadsto
a bearingline estimatethat is well to the left of the true bearing
line. A local maximumdoesoccurin thePHAT GCCat the true
time delay, but it is not theglobal maximumandis thereforenot
chosenastheTDE.

As the above plot suggests,reducingthe information in the
cross-correlationfunction down to a singleparameter, the TDE,
prior to estimatingthesourcelocationis problematic.Ratherthan
selectively culling or weightingTDE’sin aerrorcriterion,wehave
foundthat it is advantageousto work directly with theGCCfunc-
tionsthemselvesto generatea delayvector, � R S T , which is realiz-
ablein thesensethat it is consistentwith a physicalsourceloca-
tion.

Thetimedelayvectoris estimatedfrom:

*� U V W��YX�Z [' \ 3 ] ^ _ <> ? @ �a`
? � � ? � b (4)

where 6 is the numberof microphonepairs, `
?

is the cross-
correlationfunctionfor the H I J pair, � is anM-elementvectorbe-
longingto thesetof delayvectorsconsistentwith potentialsource
locations,� U V W , and c is anexponentialweightingterm(typicallyc �d. E P ). Computedin this way, thecorrespondingsourceloca-
tion estimateis simply thespatiallocationconsistentwith *� U V W .

With this structure,any cross-correlationlike function may
be substitutedfor ` � � � . For example,the resultsto follow will
considerthe use of standardcross-correlationand PHAT GCC
methods, ` � � ��� � +-, � � � and ` � � �e� � 0�1�2 3 � � � , respec-
tively, aswell asanappropriatefunctionderivedfrom eigenvalue
decomposition-basedtime delay estimationalgorithm presented
by Benestyin [13]. Also notethatsincediscrete-timefunctionsare
involved,it is necessaryto interpolate` � � � to obtainintra-sample
resolution.
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Figure1: Bearingangleestimatesderivedfrom independentPHAT
GCC-basedtime delayestimates.Thetruesourcelocationis indi-
catedby f andthe8 microphonesareindicatedby g�h

4. RESULTS

To evaluatetheutility of theproposedlocalizationscheme,simu-
lationswereperformedin a 4m g 4m g 3m roomusingusing10
randomlygeneratedsourcelocationsandreverberationtimesrang-
ing from 0 to 1000ms.8 microphonesarrangedastwo 4-element
lineararrays(i.e. a ijg�k grid) with .2m spacingin both dimen-
sionswerepositionedon onewall of theenclosure.In all thesim-
ulationsto follow, cross-correlationfunctionswerecomputedonly
for neighboringmicrophones(i.e., thoseseparatedby .2m),yield-
ing a valueof lnmdo p . Impulseresponsesweregeneratedusing
theimagemodelof [14]. Whitenoiseresultingin anSNRof 15dB
wasaddedto eachmicrophonesignalto make the testmorechal-
lengingandrealistic.

Figure3offerssomequalitativecomparisons.Theleast-squares
error (LS) andconsistency criterion(CON), equations(3) and(4)
respectively, for a sourcein the farfield of the arrayanda rever-
berationlevel of 400msareplotted for threedifferent functions:
standardcross-correlations(XC), Benesty’s algorithm(BEN), and
the PHAT GCC (PHAT). The consistency plots in the righthand
columnall show a superiorability to discriminatethe sourcelo-
calizationrelative to their LS counterpartsin thelefthandcolumn.
ThePHAT-CON caseexhibits thebestperformance.Figure4 re-
peatsthisexperimentwith 2 simultaneoustalkers.As expectedthe
LS criterionis unableto dealwith themulti-talkerscenarioandthe
extremain the correspondingplots tendsto be somewherein the
middleof thetwo desiredlocations.TheXC-CONandBEN-CON
representonly mild improvementswhile thePHAT consistentes-
timation methodclearly exhibits two distinct directionof arrival
locations.

Figure5 presentsan analysisof the 6 localizationcombina-
tions evaluatedfor the 10 randomsourcelocationsandthe range
of reverberationlevels. In order to comparethesetechniques,a
locationestimatewasconsideredcorrectif the resultingbearing
anglerelative to the arraycenterwaslessthan q r . Note that the

-40 -30 -20 -10 0 10 20 30 40
-0.06

-0.04

-0.02

0

0.02

0.04

0.06

0.08

0.1
Plot of PHAT GCC for Erroneous TDE (true delay = -3.01)

Lag (samples)

Estimated
Delay

True
Delay

Figure2: Plotof thePHAT GCCfor therightmostmicrophonepair
in Figure1. The truedelayis -3.01samples,while theestimated
delayis -11.2samples.

consistentversionsof eachalgorithm always performedat least
aswell astheir LS counterparts.Also notethat the XC function
doesnotgainmuchfrom enforcingconsistency. Thissuggeststhat
whenerranttime delaysareobserved,thecorrelationpeakscorre-
spondingto the true delaywerevery small. However, the PHAT
andBenestytechniquesshow a dramaticimprovementwhenen-
forcing consistency, with theBenestyalgorithmpeformingbetter
for lower reverberationtimes(0-200ms)andthePHAT algorithm
performingbetterfor higherreverberationtimes(300-1000ms).

5. CONCLUSIONS

As thesesimulationssuggest,thetraditionaltwo-steplocalization
procedureclearlysuffersfrom its intermediateuseof explicit TDE’s.
The consistency-basedlocalizationschememore effectively ex-
ploits the informationavailable in the cross-correlationfunction
by incorporatingknowledgeof thephysicalconstraintsdictatedby
thesource-microphonegeometry.

Theproposedmethodmaybeemployedwith any cross-correlation
like function. Here,thePHAT GCC andBenestyfunctionswere
focuseduponbecauseof theirprovenutility for theTDE problem.
The advantagesof the PHAT weighting, namelyits deemphasis
of signalcontentandrobustnessto reverberation,arealsoappar-
ent(andenhanced)in this application.Thefunctionderivedfrom
theBenestyalgorithm,while not aseffective at moderateto high
reverberationlevels,doesoffer advantageunderthelow reverber-
ationconditionswheretheadditivenoiseis thedominantsourceof
degradation.

From a computationalstandpoint,the proposedlocalization
schemerepresentsa middle groundbetweenthe hyper-efficient
closed-formlocalizersand the burdensomebeamsteeringmeth-
ods. As the plots in Figures3 and 4, the searchspaceis very
amenableto iterative approachesandthe consistency criterion in
(4) is straightforwardto calculate.
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Figure3: Qualitative plotsof theLS andconsistency criteriatypi-
calof a farfieldsourcefor thethreecross-correlationlikefunctions
considered.The sourcelocationis indicatedby s andthe 8 mi-
crophones(two rows of 4) by t .
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