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ABSTRACT

A methodfor estimatingthedirectionto asoundsource,us-
ing a compactarrayof microphones,is presented.For each
pair of microphones,the signalsareprefilteredandcorre-
lated.Ratherthantakingthepeakof thecorrelationvectors
asestimatesfor thetimedelaybetweenthemicrophones,all
thecorrelationvectorsareaccumulatedin a commoncoor-
dinatesystem,namelyaunit hemispherecenteredonthemi-
crophonearray. Themaximumcell in thehemispherethen
indicatesthe azimuthalandelevation anglesto the source.
Unlike previous techniques,this algorithmis applicableto
arbitrarymicrophoneconfigurations,handlesmorethantwo
microphonepairs, and hasno blind spots. Experiments
demonstratesignificantlyincreasedrobustnesstonoise,com-
paredwith previoustechniques.

1. INTRODUCTION

Determiningthe location of an acousticsource,or sound
source,usingan arrayof microphonesis generallya two-
stepprocess.First, therelativetimesof arrival for thesound
to reachthedifferentmicrophonesarecomputed.Secondly,
thesetime-delayestimates(TDE’s) are usedto determine
thesoundsourcelocation.

The first stepis a well-studiedproblem. Several tech-
niqueshave beenproposedover the yearsto estimatethe
time delaysin thepresenceof noiseandreverberation(the
accumulatedsumof echos),includingvariousprefilters[4,
6, 9], andeigenvaluedecomposition[3].

Dependingupon the microphonearray geometry, the
secondstepcanhave several interpretations.For systems
with just two microphones,the anglecorrespondingto the
TDE yields the singleanglealongthe axis connectingthe
microphones[3, 9]. With four microphonesarrangedin a
compactsquare,onecanintersecttheconescorresponding
to thetwo oppositepairsto find theazimuthalandelevation
anglesindicating the direction to the soundsource[1, 2].
Finally, with moremicrophonesspacedfar apartrelative to
the distanceto the soundsource,the actual3D positionof
the soundsourcecanbe found by minimizing a nonlinear
function,onceaninitial guessis given[1, 10].

In thispaper, weaddresstheproblemof determiningthe
directionto a soundsourcefrom a compactarrayof micro-
phones.Insteadof usingthepeakof thecorrelationvector
for eachpairof microphonesto determinethedirection,our
algorithmmapstheentirecorrelationvectorfrom eachpair
into a commoncoordinatesystem,namelya sampledunit
hemispherecenteredon the microphonearray. The accu-
mulatedsumof thesevectorsis thenusedto determinethe
direction. Thealgorithmthusfollows theprinciple of least
commitment[7] by delayingdecisionsaslong aspossible.

This methodhasseveraladvantagesoverprevioustech-
niques.First,unlike[1, 2, 8], it is applicableto arbitrarymi-
crophoneconfigurationswithin acompactspace.Second,it
doesnot have any blind spots,unlike the coneintersection
method,aswe shall seein Section5.1. Finally, becauseit
avoids makingdecisionsprematurely, andbecauseit han-
dlesmorethantwo microphonepairs,it achievesadditional
robustnessto noiseandreverberation.

2. TIME-DELAY ESTIMATION

For a sourcesignal � � ��� propagatingthrougha genericfree
spacewith noise,thesignalacquiredby the � th microphone
canbemodeledasa convolution[3]:�
	 � ������
 	
� � � ����� 	 ����� 	 � ��� �
where� 	 is thepropagationtime, 
 	 is theacousticimpulse
responseof thechannelbetweenthesourceandthe � th mi-
crophone,and � 	 � ��� is additivenoise.

To estimatethe time delay ����� 	 ��� � betweentwo
microphones� and� , onecancomputethegeneralizedcross
correlation(GCC)betweenthetwo signals[4, 6]:� 	 � � �
�������� "! #$� %&� ' 	 � %&� '�(� � %&� )*�
where' 	 � %&� and'+� � %&� aretheFouriertransformsof �
	 � ���
and� � � ��� , respectively. If thefilter #$� %&� is , , thenthetech-
niquereducesto standardcrosscorrelationbetweenthetwo
signals.More commonly, #$� %&� is a prewhiteningfilter (to
flatten the magnitudeof the power spectrum),which typi-
cally improvesresultsin thepresenceof reverberation[4, 6].
Intuitively, noticethata flat powerspectrumcorrespondsto
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Fig. 1. Thefour-microphonearrayconfiguration.

adeltaautocorrelationfunction,for whichcorrelationworks
perfectly.

Weusethefilter -$. /&02143 5 . 6 7+8 . /&0 7�9: . /&0 6 0 , commonly
knownasPHAT orCSP[4, 6], whichnormalizesthecrosspower
spectrum7�8 . /&0 7�9: . /&0 to remove all magnitudeinforma-
tion, leaving only thephase.

3. MICROPHONE ARRAY GEOMETRY

Although the techniqueof this paperis applicableto arbi-
trarymicrophoneconfigurations,to facilitatethediscussion
considerthespecificarrayshown in Figure1, with four mi-
crophonesplacedat the midpointsof the sidesof a square
in the ;
< plane,centeredat theorigin. The lengthof each
sideis = . Let > bethespeedof soundand ? bethesampling
rate.

By applying @A8 : to a rangeof discretevalues,we gen-
eratea correlationvectorv for eachpair of microphonesB
and C . EachelementD E F
G�1IH+J K LM2N F O O O F J K LM�N , indicates
the likelihoodthat the soundsourceis locatedneara half-
hyperboloidcenteredat the midpoint betweenthe two mi-
crophones,with its axis of symmetrythe line connecting
thetwo microphones.At distancessufficiently far from the
microphones(approximatelyP = from the center),the half-
hyperboloidis well approximatedby theasymptoticalcone
having angle Q ER1TS U V W�XAY > G= ?&Z (1)

with respectto the axis of symmetry. As shown in Figure
2, a givenpair of microphoneshaspoor resolutionnearits
axis,but togethertwo perpendicularly-orientedpairscover
thefull 360degreeswith acceptableresolution.

4. MAPPING TO THE UNIT HEMISPHERE

4.1. Coincident pairs of microphones

Becausethe midpointsof the two oppositepairsof micro-
phonescoincide,all the asymptoticalconeshave vertices
at this intersectionpoint andcanthereforebe mappedto a
commonhemisphericalcoordinatesystemcenteredat that
point, without knowing the distanceto the soundsource.
Using a hemisphereassumesthat all soundsourcesare in
thehalf-spacedefinedby [+\�] .
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Fig. 2. The asymptotes(i.e., intersectionof asymptotical
coneswith the ;
< plane)of the two oppositemicrophone
pairs separatelyand together. The dashedcurves are the
hyperbolas.

Let us define ^ _ to be a function definedon the unit
hemispheresuchthat ^ _ . `
F a&0 indicatesthe likelihoodthat
thesoundsourceis locatedin the . ` F a
0 direction,giventhe
correlationvector from microphonepair b . As shown in
Figure1, theanglesarethoseof a sphericalcoordinatesys-
tem,so that ` is theanglewith respectto the [ axis,and a
is theangle,in the ;
< plane,with respectto the ; axis.

Let c betheline connectingthetwo microphones,andletd be the anglebetweenc andthe ; axis. For theopposing
pairs,then, d 1e] and d 1If g . To determinê _ . ` F a
0 , we
first computetheanglebetweenc andtheray designatedby. `
F a&0 : Q 1�S U V W�X . V h iA`2S U V . a�H d 0 0 O (2)

Sinceeveryasymptoticalconeintersectsthehemispherealong
asemicircleparallelto the [ axis,asshown in Figure3a,we
linearly interpolatealongthesurfaceof thehemispherebe-
tweenthetwo conesnearest

Q
:^ _ . ` F a
0*1 . Q E j X H Q 0 D EAk�. Q H Q E 0 D E j XQ E j X H Q E F (3)

whereG is obtainedby invertingEq.(1):G�1ml = ?> S U V Q&n O
4.2. Non-coincident pairs of microphones

Furtherredundancy canbe achievedby matchingnot only
the two pairs of oppositemicrophones,but also the four
pairs of adjacentones. Becausethe midpointsof the ad-
jacentmicrophonepairsarenotcoincidentwith thoseof the
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Fig. 3. (a) The intersectionsof theconesof the two oppo-
site pairswith the hemisphere.The black regionsnearthe
equatoraretheblind spotsof theconeintersectionmethod,
as describedin Section5.1. (b) The division of the unit
hemisphereinto equallyspacedlatitudesandlongitudes.

oppositepairs, however, the resultscannotbe mappedto
the unit hemispherewithout first estimatingthe distance op
to the soundsource.The point q r s t u&s t op v in the off-center
coordinatesystemis convertedto q r
t u"t wp v in the common
coordinatesystem,and wp is ignored.ThenEqs.(2) and(3)
areusedto computex y q r
t u v , with z|{~}��� or }�� �� .

Let usexaminetheamountof errorintroducedwhenthe
estimateddistance op is different from the true distancep .
FromFigure4a,weseethat,in theworstcase( op {T� ), the
azimuthalerroris boundedby

u+� ou�{T� ��{��2� � �&�������� p�� {T�2� � �&���A���p q � � � v ���
Figure4b plots the errorversusthe ratio p � � . Notice that,
if thesoundsourceis at least� � from thearray, theerroris
lessthan � � � � , which is closeto theresolutionof thelocal-
izationtechniqueunderidealconditions.With a betterdis-
tanceestimate,theerrorbecomesevensmaller. Therefore,
theadditionalrobustnessfrom thesepairsshouldoutweigh
any possibleerrordueto thenon-coincidenceof thecenters.

With coordinatetransformationssimilarto thosedescribed
above, any microphonepair canbe mappedto a common
hemisphere.This methodcanthusaccommodatearbitrary
microphonearrayconfigurationsin whichtheentirearrayis
compactwith respectto thedistanceto thesoundsource.

4.3. Combining all the pairs

For eachpair � , thefunction x y is computedatadiscreteset
of points, spacedat equallatitudesand longitudesaround
the hemisphere,asshown in Figure3b. The final result is
obtainedby summingthe sampledfunctionsfor the � mi-
crophonepairs[5]:

x�q r
t u v {���y � � x y q r t u v �
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Fig. 4. (a) Top view of four microphonesarrangedin a
square.Thesoundsourceis at a distancep from thecenter
of the microphoneconfiguration. (b) The maximumerror
versusp
� � .
Thedirectionto thesoundsourceis thengivenby thepoint
with themaximumvalue:q r
t u v {T�   ¡2¢�� £¤ ¥ ¦ x�q r
t u v �

5. EXPERIMENTAL RESULTS

In this sectionwe comparethreealgorithms: the intersec-
tion of cones(IC) [1], the sampledhemispherewith two
opposingmicrophonepairs(SH2), andthe sampledhemi-
spherewith all six pairs (SH6). We usedthe microphone
layout of Figure 1, with � { � � cm and §T{�� � � � kHz.
Thehemispherewasdividedinto 25 latitudesand100lon-
gitudes,asshown in Figure3b. For SH6,we used op { � m.

5.1. Blind spots

For somelocationson the hemisphere,the two coneshave
no intersection,andIC is thereforeunableto computea so-
lution. These“blind spots,” aswecall them,in theorycover¨ � � © of thehemisphere— usingtheabovevaluesfor � and§ — andall occurneartheequator(r|ª4« � ¬ ), asshown in
Figure3a. In practice,however, we have found the blind
spotsto have a muchlarger influencethanthe figure indi-
cates,appearingwhen � � ¬A­�r+®�¯ ° ¬ .
5.2. Experiment

In theexperiment,two individualsconversedcandidlyin a
typcial office, with an arrayof four cheapomnidirectional
microphonesin thecenterof theroomonatable.Theroom
wasapproximately7 by 3 meters,with brick andsheetrock
walls,andbackgroundnoiseconsistingmostlyof computer
fans.Thepeoplewerelocatedatapproximatelyq �A� � ¨ t ° t ° � � v
and q ° � ± t � � ¯ t ° � � v meters,i.e., q r
t u v {²q « ± ¬ t � ¨ ° ¬ v andq ¨ ° ¬ t « � ¬ v , respectively.

Theaudiosegmentscontainingspeechby eitherspeaker
weremanuallylabeled.Thesesegmentswerethendivided
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Fig. 5. Comparisonof thethreealgorithmsin a real,noisy
environment. Blind spotswere excludedfor the

´
and
³

calculationsof thelastcolumn.

into non-overlapping50msframes,andthealgorithmswere
runon eachframeindependently.

Resultsof the threealgorithmsareshown in Figure5.
The first row displaysthe percentageof framesfor which
IC could computeno answer, due to the null intersection
of cones(blind spots). The next two rows show the per-
centageof framesfor which thereadingwasat leasttende-
grees1 away from themeasuredgroundtruth, andthe final
two rowsshow thestandarddeviation in thetwo angles.

We learnseveral thingsfrom thesenumbers.First, IC
cancomputenoanswerfor asignificantfractionof theframes.
Second,in nearlyevery category SH2significantlyoutper-
formsIC, andSH6greatlyoutperformsSH2. Theonly ex-
ceptionto this is the

´
errorof Person2, whereIC performs

slightly betterthantheothers.Finally, theaccuracy of
³

is
in generalsignificantlybetterthanthe accuracy in

´
. This

is perhapsdue to additionalreflectionsfrom the table on
which themicrophonessit.

6. CONCLUSION

In this papera methodfor determiningthe direction to a
soundsourceusing a compactarray of microphoneshas
beendescribed.The techniquehasno blind spotsandcan
handlearbitrarymicrophoneconfigurations,unlikeprevious
techniques.Moreover, increasedrobustnessto noisewas
demonstratedon real audiosignalsin a real environment.
This algorithmcould be usedby itself or asthe first stage
of a systemto determinethethree-dimensionalcoordinates
of thesource.Furtherwork could includeinvestigatingthe
accuracy of themethodin thepresenceof multiplesimulta-
neoussoundsources.

1Similar relative resultsareachievedwith otherthresholds.
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