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ABSTRACT

A methodfor estimatinghedirectionto asoundsourceus-
ing a compactarrayof microphonesis presentedFor each
pair of microphonesthe signalsare prefilteredand corre-
lated. Ratherthantakingthe peakof the correlationvectors
asestimategor thetime delaybetweerthemicrophonesall
the correlationvectorsareaccumulatedn a commoncoor
dinatesystemnamelyaunithemisphereenterednthemi-
crophonearray The maximumcell in the hemispherghen
indicatesthe azimuthaland elevation anglesto the source.
Unlike previous techniquesthis algorithmis applicableto
arbitrarymicrophoneconfigurationshandlesmorethantwo
microphonepairs, and hasno blind spots. Experiments
demonstratsignificantlyincreasedobustnes$o noise,com-
paredwith previoustechniques.

1. INTRODUCTION

Determiningthe location of an acousticsource,or sound
source,using an array of microphoness generallya two-
stepprocessFirst, therelative timesof arrival for thesound
to reachthedifferentmicrophonesrecomputed Secondly
thesetime-delayestimate TDE’s) are usedto determine
the soundsourcelocation.

The first stepis a well-studiedproblem. Several tech-
nigueshave beenproposedover the yearsto estimatethe
time delaysin the presencef noiseandreverberationthe
accumulatedumof echos),including variousprefilters[4,
6, 9], andeigervaluedecompositior3].

Dependingupon the microphonearray geometry the
secondstep canhave sereral interpretations.For systems
with just two microphonesthe anglecorrespondindo the
TDE vyields the single anglealongthe axis connectingthe
microphoneqd3, 9]. With four microphonesarrangedn a
compactsquare pnecanintersectthe conescorresponding
to thetwo oppositepairsto find the azimuthalandelevation
anglesindicating the directionto the soundsource[1, 2].
Finally, with moremicrophonespacedar apartrelative to
the distanceto the soundsource the actual3D position of
the soundsourcecan be found by minimizing a nonlinear
function,onceaninitial guesds given[1, 10].

In this paperwe addresshe problemof determininghe
directionto a soundsourcefrom a compactarrayof micro-
phones.Insteadof usingthe peakof the correlationvector
for eachpair of microphonego determinghedirection,our
algorithmmapsthe entirecorrelationvectorfrom eachpair
into a commoncoordinatesystem,namelya sampledunit
hemispherecenteredon the microphonearray The accu-
mulatedsumof thesevectorsis thenusedto determinethe
direction. The algorithmthusfollows the principle of least
commitmen{7] by delayingdecisionsaslong aspossible.

This methodhasseveraladvantage®ver previoustech-
niques.First,unlike[1, 2, 8], it is applicableto arbitrarymi-
crophoneconfigurationavithin acompacspace Secondit
doesnot have ary blind spots,unlike the coneintersection
method,aswe shall seein Section5.1. Finally, becauset
avoids making decisionsprematurely and becauset han-
dlesmorethantwo microphonepairs,it achievesadditional
robustnesso noiseandreverberation.

2. TIME-DELAY ESTIMATION

For a sourcesignals(n) propagatinghrougha genericfree
spacewith noise,the signalacquiredoy theith microphone
canbemodeledasa convolution[3]:

zi(n) = g; * s(n — 1) + &(n),

wherer; is the propagatiortime, g; is theacoustidmpulse
responsef the channebetweernthe sourceandtheith mi-
crophoneand¢;(n) is additive noise.

To estimatethe time delayr = 7 — 7; betweentwo
microphoneg andj, onecancomputethegeneralizeatross
correlation(GCC) betweerthetwo signals[4, 6]:

Ryj(r) = FTH{R(HX:(HX; ()}

whereX;(f) andX;(f) aretheFouriertransformsof z;(n)
andz;(n), respectiely. If thefilter ¥(f) is 1, thenthetech-
niguereducego standarctrosscorrelationbetweerthetwo
signals. More commonly ¥(f) is a prewhiteningfilter (to
flatten the magnitudeof the power spectrum)which typi-
cally improvesresultsin thepresencef reverberatiori4, 6].
Intuitively, noticethata flat power spectruncorrespondso



Fig. 1. Thefour-microphonearrayconfiguration.

adeltaautocorrelatiorfiunction,for which correlationworks
perfectly

Weusethefilter ¥(f) = 1/(|X;(f) X7 (f)]), commonly
known asPHAT or CSP[4, 6], whichnormalizeghecrosspaer
spectrumX;(f)X; (f) to remove all magnitudeinforma-
tion, leaving only the phase.

3. MICROPHONE ARRAY GEOMETRY

Although the techniqueof this paperis applicableto arbi-
trary microphoneconfigurationsto facilitatethediscussion
considerthe specificarrayshovn in Figure 1, with four mi-
crophonegplacedat the midpointsof the sidesof a square
in the zy plane,centeredat the origin. Thelengthof each
sideis d. Let ¢ bethe speedf soundandr bethesampling
rate.

By applying R;; to arangeof discretevalues,we gen-
eratea correlationvectorv for eachpair of microphones
andj. Eachelementvs, k = —| 4], ..., %], indicates
the likelihoodthat the soundsourceis locatedneara half-
hyperboloidcenterecdat the midpoint betweenthe two mi-
crophonesywith its axis of symmetrythe line connecting
thetwo microphonesAt distancesuficiently far from the
microphonegapproximately2d from the center),the half-
hyperboloidis well approximatedy the asymptoticatone

having angle
ap = cos! (%) 1)

with respecto the axis of symmetry As shavn in Figure
2, agiven pair of microphonesaspoorresolutionnearits
axis, but togethertwo perpendicularly-orientegairs cover
thefull 360degreeswith acceptableesolution.

4. MAPPING TO THE UNIT HEMISPHERE

4.1. Coincident pairs of microphones

Becausedhe midpointsof the two oppositepairs of micro-

phonescoincide, all the asymptoticalconeshave vertices
at this intersectionpoint andcanthereforebe mappedo a
commonhemisphericatoordinatesystemcenteredat that
point, without knowing the distanceto the soundsource.
Using a hemisphereassumeghat all soundsourcesarein

thehalf-spacelefinedby z > 0.

Fig. 2. The asymptoteqi.e., intersectionof asymptotical
coneswith the zy plane)of the two oppositemicrophone
pairs separatelyand together The dashedcurves are the
hyperbolas.

Let us defineh,, to be a function definedon the unit
hemispheresuchthatk, (6, ¢) indicatesthe likelihoodthat
the soundsourceis locatedin the (8, ¢) direction,giventhe
correlationvector from microphonepair p. As shavn in
Figurel, theanglesarethoseof a sphericalcoordinatesys-
tem, sothat# is the anglewith respecto the z axis,and¢
is theangle,in thezy plane with respecto the z axis.

Let! betheline connectinghetwo microphonesandlet
~ bethe anglebetweenl andthe z axis. For the opposing
pairs,then,y = 0 andy = . To determineh, (8, ¢), we
first computetheanglebetweer! andtheray designatedby
6, 9):

a = cos™ ! (sin 8 cos(¢ — 7)). 2

Sinceeveryasymptoticatoneintersectshehemispheralong
asemicircleparallelto the z axis,asshavn in Figure3a,we
linearly interpolatealongthe surfaceof the hemispherdoe-
tweenthetwo conesnearestx:

hy (6, 6) = (ap+1 — a)vg + (a — ag)vps1 0

Ap11 — O

wherek is obtainedby inverting Eq. (1):

k= {d—rcosaJ .
c

4.2. Non-coincident pairsof microphones

Furtherredundang canbe achiezed by matchingnot only
the two pairs of oppositemicrophonesbut also the four
pairs of adjacentones. Becausehe midpointsof the ad-
jacentmicrophonepairsarenot coincidentwith thoseof the



CRSSSRIIN
LRI

s
e aaaRTiiy
g A

"0::“
TN
o

A

=

(@)

Fig. 3. (a) Theintersectionof the conesof the two oppo-
site pairswith the hemisphere.The black regionsnearthe
equatoraretheblind spotsof the coneintersectiormethod,
as describedin Section5.1. (b) The division of the unit
hemispherénto equallyspacedatitudesandlongitudes.

(b)

oppositepairs, however, the resultscannotbe mappedto
the unit hemispherewvithout first estimatingthe distancep
to the soundsource. The point (6, ¢', 3) in the off-center
coordinatesystemis corvertedto (8, ¢, 5) in the common
coordinatesystemandp is ignored. ThenEgs.(2) and(3)
areusedto computeh, (6, ¢), with y = £Z or £,

Let usexaminetheamountof errorintroducedwvhenthe
estimateddistancep is differentfrom the true distancep.
FromFigure4a,we seethat,in theworstcase(p = ), the
azimuthalerroris boundedoy

N .1 € 1 d
¢—¢=28=2gin (2,0) 28in (p(4\/§))
Figure4b plots the error versustheratio p/d. Notice that,
if thesoundsourceis atleast4d from thearray theerroris
lessthan5.1°, which is closeto the resolutionof thelocal-
izationtechniqueunderideal conditions.With a betterdis-
tanceestimatethe errorbecomesvensmaller Therefore,
the additionalrobustnesgrom thesepairsshouldoutweigh
ary possiblesrrordueto thenon-coincidencef thecenters.

With coordinatdransformationsimilarto thosedescribed
above, any microphonepair canbe mappedto a common
hemisphere.This methodcanthusaccommodaterbitrary
microphonearrayconfigurationsn whichtheentirearrayis
compactwith respecto the distanceto thesoundsource.

4.3. Combining all the pairs

For eachpairp, thefunctionh,, is computedatadiscreteset
of points, spacedat equallatitudesand longitudesaround
the hemisphereasshawn in Figure3b. Thefinal resultis

obtainedby summingthe sampledfunctionsfor the P mi-

crophonepairs[5]:

P

h(8,0) = hp(6,9).

p=1

N
@
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Fig. 4. (a) Top view of four microphonesarrangedin a
square.The soundsourceis at a distancep from the center
of the microphoneconfiguration. (b) The maximumerror
versusp/d.

12 14 16

Thedirectionto the soundsourceis thengivenby the point
with themaximumvalue:

(0,9) = arg max h(8, ®).

5. EXPERIMENTAL RESULTS

In this sectionwe comparethreealgorithms: the intersec-
tion of cones(IC) [1], the sampledhemispherewith two
opposingmicrophonepairs (SH2), and the sampledhemi-
spherewith all six pairs (SH6). We usedthe microphone
layout of Figure1, with d = 15 cmandr = 44.1 kHz.
The hemispherevasdividedinto 25 latitudesand100 lon-
gitudes,asshowvn in Figure3b. For SH6,we usedp =1 m.

5.1. Blind spots

For somelocationson the hemispherethe two coneshave
nointersectionandIC is thereforeunableto computea so-
lution. Thesé'blind spots; aswe call them,in theorycover
8.4% of thehemisphere— usingtheabove valuesfor d and
r — andall occurnearthe equator(@ > 75°), asshovn in
Figure 3a. In practice,however, we have found the blind
spotsto have a muchlargerinfluencethanthe figure indi-
catesappearingvhen45° < 8 < 90°.

5.2. Experiment

In the experiment,two individualscorversedcandidlyin a
typcial office, with an array of four cheapomnidirectional
microphonesn the centerof theroomonatable. Theroom
wasapproximately7 by 3 meterswith brick andsheetrock
walls, andbackgrounchoiseconsistingmostly of computer
fans.Thepeoplewerelocatedatapproximately —2.8, 0, 0.5)
and (0.6,1.9,0.5) meters,i.e., (8,¢) = (76°,180°) and
(80°,72°), respectiely.
Theaudiosggmentscontainingspeecltby eitherspealer
weremanuallylabeled. Thesesegmentswerethendivided



SH6 SH2 IC
blind spots 0 0 61.0%
¢ error 14.5% 80.5% 96.9%
8 error 18.1% 64.8% 84.7%
0y 14.4°  39.7° 111.2°
oy 13.7° 16.1° 18.4°
Person 1
SH6 SH2 IC
blind spots 0 0 44.9%
¢ error 38.9% 545% 77.3%
8 error 81.5% 74.3% 71.3%
O 34.7° 91.9° 95.0°
oL 16.1° 19.1° 21.1°
Person 2

Fig. 5. Comparisorof thethreealgorithmsin areal, noisy
ervironment. Blind spotswere excludedfor the # and ¢
calculationf thelastcolumn.

into non-overlappingb0 msframes andthealgorithmswere
run on eachframeindependently

Resultsof the threealgorithmsare shovn in Figure5.
The first row displaysthe percentagef framesfor which
IC could computeno answey due to the null intersection
of cones(blind spots). The next two rows shav the per
centageof framesfor which thereadingwasat leasttende-
grees away from the measuredyroundtruth, andthe final
two rows show the standarddeviationin thetwo angles.

We learnseveral things from thesenumbers. First, IC
cancomputenoansweiffor asignificantfractionof theframes.
Secondjn nearlyevery categgory SH2 significantly outper
formsIC, and SH6 greatlyoutperformsSH2. The only ex-
ceptionto thisis thed errorof Persor2, wherelC performs
slightly betterthanthe others.Finally, the accurag of ¢ is
in generalsignificantly betterthanthe accurag in 8. This
is perhapsdue to additionalreflectionsfrom the table on
which themicrophonesit.

6. CONCLUSION

In this papera methodfor determiningthe directionto a

soundsourceusing a compactarray of microphoneshas
beendescribed.The techniquehasno blind spotsandcan

handlearbitrarymicrophoneconfigurationsunlike previous

techniques. Moreover, increasedobustnesgo noisewas

demonstratean real audio signalsin a real ervironment.
This algorithm could be usedby itself or asthe first stage
of a systemto determinethe three-dimensionatoordinates
of the source.Furtherwork couldincludeinvestigatingthe

accurag of themethodin the presencef multiple simulta-

neoussoundsources.

1Similarrelative resultsareachiered with otherthresholds.
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