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Abstract— The hearing senseon a mobile robot is impor-
tant becauseit is omnidirectional and it does not require
dir ect line-of-sight with the sound source. Such capabilities
can nicely complement vision to help localize a person or
an interesting event in the ervironment. To do so the robot
auditory systemmust be able to work in noisy, unknown and
diverseernvironmental conditions. In this paper we presenta
robust soundsourcelocalization methodin thr ee-dimensional
spaceusing an array of 8 microphones.The method is based
on time delay of arrival estimation. Results shov that a
mobile robot can localizein realtime differ ent typesof sound
sourcesover a range of 3 metersand with a precisionof 3 .

I. INTRODUCTION

Comparedto vision, robot audition is in its infangy:
while researchactivities on automaticspeechrecognition
are very active, the use and the adaptationof these
techniquedo the contect of mobile roboticshasonly been
addressedy a few. Thereis the SAIL robotthatusesone
microphoneto develop online audio-drizen behaiors [7].
The robot ROBITA [2] uses2 microphonesto follow a
conversationbetweentwo persons.The humanoidrobot
SIG [4], [5] usestwo pairs of microphones,one pair
installed at the ear position of the headto collect sound
from the external world, and the other placedinside the
headto collect internal sounds(causedby motors) for
noisecancellationLike humanstheselasttwo robotsuse
binaurallocalization,i.e., the ability to locatethe source
of soundin threedimensionalspace.

However, it is a dif cult challengeto only usea pair of
microphoneson a robot to matchthe hearingcapabilities
of humans.The humanhearingsensetakes into account
theacousticshadev createdby theheadandthere ections
of the soundby the two ridgesrunning along the edges
of the outer ears. With a pair of microphones,only
localizationin two dimensionss possible,without being
able to distinguishif the soundscomefrom the front or
the backof the robot. Also, it may be dif cult to gethigh
precisionreadingswhen the soundsourceis in the same
axis of the pair of microphones.

It is not necessaryto limit robots to a human-lile
auditory systemusing only two microphonesOur strat-

egy is to use more microphonesto compensatdor the

high level of compleity in the humanauditory system.
This way, increasedresolutioncan be obtainedin three-
dimensionalkspace This also meansincreasedohustness,
sincemultiple signalsallow to Iter out noise(insteadof

trying to isolatethe noisesourceby putting sensorsnside
the robot's head,as with SIG) and discriminatemultiple

soundsourceslt is with thesepotentialbene tsin mind

that we developed a sound source localization method
basedon time delay of arrival (TDOA) estimationusing

an array of 8 microphones.The methodworks for far

eld andnear eld soundsourcesandis validatedusing

a Pioneer2 mobile robotic platform.

The paperis organizedas follows. Sectionll presents
the principles behing TDOA estimation.Sectionlll ex-
plainshow thepositionof thesoundsourceis derivedfrom
the TDOA, followedby experimentakesultsin SectionlV.

Il. TDOA ESTIMATION

We considerwindowved framesof N sampleswith 50%
overlap. For the sale of simplicity, the index correspond-
ing to the frame is ommitted from the equations.In
order to determinethe delay in the signal capturedby
two different microphones,it is necessaryto de ne a
coherenceneasureThe mostcommoncoherenceneasure
is asimplecross-correlatiometweernhe signalsperceved
by two microphonesas expressediy:

Nol
Rij(t) = a xinlxj[n t] (1)
n=0

where x;[n] is the signal receved by microphonei and
t is the correlationlag in samplesThe cross-correlation
Rij(t) is maximalwhent is equalto the offset between
the two received signals.The problemwith computingthe
cross-correlatiorusing Equationl is that the compleity
is O N2 . However, it is possibleto computean approxi-
mationin the frequeny domainby computingthe inverse
Fourier transform of the cross-spectrumyreducing the
compleity to O (Nlog, N). Thecorrelationapproximation



is given by:

N 1
Ri(t) & X(KXj(k) e?PKN )
k=0

whereX;(k) is the discreteFourier transformof x;[n] and
Xi(K)Xj(k) is the cross-spectrunof x[n] andx;[n].

A major limitation of that approachis that the corre-
lation is strongly dependentbon the statistical properties
of the sourcesignal. Since most signals,including voice,
are generallylow-pass,the correlationbetweenadjacent
sampleds high andgenerategross-correlatiopeaksthat
canbe very wide.

The problem of wide cross-correlatiorpeakscan be
solved by whitening the spectrumof the signals prior
to computing the cross-correlation[6]. The resulting
“whitened cross-correlationis de ned as:

W) oy _ ot Xi(K)Xj(K)
Ri"()= a v o
k=0 1Xi(K)] X;j(K)
and correspondgo the inverse Fourier transformof the
normalized(whitened)crossspectrum.

Whiteningallows to only take the phaseof X;(Kk) into ac-
count,giving eachfrequeng componenthe sameweight
and narroving the wide maxima causedby correlations
within the receved signal. Fig. 1 shavs the spectrogram
of the noisy signalasreceied by oneof the microphones
in thearray The correspondingvhitenedcross-correlation
in Fig. 2 showvs peaksat the sametime as the sources
foundin Fig. 1.

2pkt=N (3)
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Fig. 1. Spectrogranof the signalreceived at microphonel (X1 (k)) for
the following sounds:speechat 0.5 sec, nger snapat 1.5 secandboot
noiseon the oor at2.7 sec

A. Spectal Weighting

The whitened cross-correlationmethod explained in
the previous subsectiorhasseveral dravbacks.Eachfre-
gueng bin of the spectrumcontritutesthe sameamount
to the nal correlation,evenif the signalat thatfrequeny
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Fig. 2. Whitenedcross-correlatiorRi(}”)(t) with peaks(circled) corre-
spondingto the soundsources

is dominatedby noise.This makesthe systemlessrobust
to noise, while making detectionof voice (which hasa
narrov bandwidth)more dif cult.

In orderto counterthe problem,we developeda new
weighting function of the spectrum. This gives more
weightto regionsin the spectrumwherethe local signal-
to-noiseratio (SNR) is the highest.Let X(k) be the mean
power spectraldensityfor all the microphonesat a given
time and X,(k) be a noise estimatebasedon the time
average of previous X(k). We de ne a noise masking
weight by:

X(K) aXa(K)
X(K)

wherea < 1is acoefcient thatmakesthe noiseestimate
more conserative. w(k) becomescloseto 0 in regions
that are dominatedby noise,while w(k) is closeto 1 in
regionswherethe signalis much strongerthanthe noise.
The secondpart of the weighting function is designedto
increasethe contritution of tonal regions of the spectrum
(wherethelocal SNRis very high). Startingfrom Equation
4, we de ne the enhancedveighting function we(k) as:

(
K P X(K K
well) = w(k) X(K)  Xa(K)

wl) 287X > Xa(K)

wheretheexponent0< g< 1 givesmoreweightto regions
wherethe signalis much higher than the noise. For our
system,we empirically seta to 0.4 and g to 0.3. The
resultingweightedcross-correlations de ned as:

"1 = g YERX(RX(
. ko 1%i(K)] Xj(k)
The value of we(k) as a function of time is showvn in

Fig. 3 andthe resultingcross-correlatiornis shavn in Fig.

4. Comparedo Fig. 2 it is possibleto seethat the cross-

correlationhaslessnoise,althoughthe peaksare slightly

w(k) = max 0O:1; 4)

(®)

2pkt=N (6)



wider. Nonethelessthe weighting method increaseshe
robustnesf TDOA estimation.
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Fig. 3. Noiseweightingwe(k) for the soundsources
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Fig. 4.  Cross-correlationwith noise-weightingRi(f)(t) with peaks
(circled) correspondingo the soundsources

B. TDOA EstimationUsing N Microphones

Thetime delayof arrival (TDOA) betweemmicrophones
i and j; DTjj can be found by locating the peakin the
cross-correlatioras:

DTij= amgmax RI-(f)(t)

] Q)

Using an array of N microphones,it is possibleto
computeN(N 1)=2 differentcross-correlationsf which
only N 1 areindependentWe choseto work only with
the DTy; values(DTy, to DTyg), the remainingonesbeing
derived by:

DTij = DTy; DTy (8)

The numberof falsedetectionscanbe reducedby consid-
ering sourcego bevalid only whenEquation8 is satis ed
for alli 6 j.

Sincein practicethe highestpeak may be causedby
noise, we extract the M highest peaksin each cross-
correlation(whereM is setempirically to 8) and assume
that one of them representdhe real value of DTj. This
leadsto a searchthroughall possiblecombinationsof DTy;
values(thereareatotal of MN 1 combinationsjhatsatisfy
Equation8 for all dependenbT;;. For example,in thecase
of an array of 8 microphonesthere are 7 independent
delays(DTi2 to DTyg), but a total of 21 constraints(e.g.
DT,3 = DTy3 DTyp), which makes it very unlikely to
falsely detecta source.When more than one set of DTy;
valuesrespectall the constraints,only the one with the
greatestcorrelation valuesis retainedand usedto nd
the direction of the sourceusing the method presented
in Sectionlll.

I1l. POSITION ESTIMATION

Once TDOA estimationis performed,it is possibleto
computethe position of the sourcethrough geometrical
calculations.One techniquebasedon a linear equation
system[1] but sometimesgdependingon the signals,the
systemis ill-conditioned and unstable For that reason,a
simplermodelbasedon far eld assumptioh is used.

. . -
microphone Xii

microphong

Fig. 5. Computingsourcedirectionfrom TDOA

Fig. 5 illustratesthe caseof a 2 microphonearraywith
asourcein thefar- eld. Usingthe cosinelaw, we canstate
that:

Y Xjj _ B X

cosf =
kuk Xij Xij

9)

wherex;;j is the vector that goesfrom microphonei to
microphone j and d is a unit vector pointing in the
direction of the source.From the same gure, it can be
statedthat: T
. cDT;;
cosf = sing= —4 (10)
’Xij
wherec is the speedof sound.Whencombiningequations
9 and 10, we obtain:

Y Xjj = CDTij (11)

1t is assumedhat the distanceto the sourceis much larger thanthe
array aperture.



which canbe re-written as:
ulxj x)+v(y; Yi)+w(z; z)= cDTj (12)

wheret = (u; v, w) andxij = (X; X:;Yj VYiiz z),the
position of microphonel being(x;; yi; z). ConsideringN
microphoneswe obtaina systemof N 1 equations:

2 3
x x1) (Y2 1) (2 ) 2 3

g (X3.X1) (y2IY1) (23.21) 24 55
O ) gy (2 2)
N X1 N2 ClDleztg 1 (13)
_§ cDTy3 z
CD-.|-1N

In the casewith morethan4 microphonesthe systemis
over-constrainedand the solution can be found using the
pseudo-imerse,which can be computedonly once since
the matrix is constant.Also, the systemis guaranteedo
be stable(i.e., the matrix is non-singular)aslong as the
microphonesare not all in the sameplane.

The linear systemexpressedyy Relation13 is theoreti-
cally valid only for thefar- eld caselntheneareld case,
the main effect on the resultis that the directionvectord
found hasa norm smallerthan unity. By normalizing,
it is possibleto obtain resultsfor the near eld that are
almostasgoodasfor thefar eld. Simulatingan array of
50cm 40cm 36 cm shaws that the meanangular
error is reasonableaven when the sourceis very close
to the array as showvn by Fig. 6. Even at 25 cm from
the centerof the array the meanangularerror is only 5
degrees.At suchdistancethe error correspondgo about
2-3 cm, which is often larger than the sourceitself. For
thosereasonswe considerthat the methodis valid for
bothnear eld andfar- eld. Normalizingt alsomakesthe
systeminsensitive to the speedof soundbecausdequation
13 shaws that ¢ only hasan effect on the magnitudeof
d. Thatway, it is not necessanyo take into accountthe
variationsin the speedof sound.

IV. RESULTS

The array usedfor experimentationis composedof 8
microphonesarrangedon the summits of a rectangular
prism, as shavn in Fig. 7. The array is mountedon an
ActivMediaPioneer2 robot,asshowvn in Fig. 8. However,
dueto processorlnd spacelimitations (the acquisitionis
performedusing an 8-channelPCl soundcardhat cannot
be installed on the robot), the signal acquisition and
processings performedon a desktopcomputer(Athlon
XP 2000+). The algorithm describedrequiresabout15%
CPU to work in real-time.

Thelocalizationsystemmountedon a Pioneer2 is used
to direct the robot's cameratoward sound sources.The
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Fig. 6. Meanangularerrorasa function of distancebetweerthe sound
sourceandthe centerof the arrayfor near eld

horizontalangleis usedto rotatethe robot in the source
direction,while theverticalangleis usedto controlthetilt
of the camera.The systemis evaluatedin a room with a
relatively high noiselevel (asshavn from the spectrogram
in Fig. 1), mostly due to several fansin proximity. The
reverberationis moderateand its correspondingransfer
functionis shavn in Fig. 9.

Fig. 7. Topview of anarrayof 8 microphonesnountedon arectangular
prism of dimensionssO0cm 40cm  36cm

The systemwastestedwith sourcesplacedin different
locationsin the ervironment.In eachcase,the distance
and elevation are x ed and measuresare taken for dif-
ferenthorizontalangles.The meanangularerror for each
con guration is shavn in Tablel. It is worth mentioning
that part of this error, mostly at shortdistance,is dueto
the dif culty of accuratelypositionningthe sourceandto
the fact that the spealer usedis not a point source.Other
sourcesof error come from reverberationon the oor
(more importantwhen the sourceis high) and from the
near eld approximationasshavn in Fig. 6. Overall, the



Fig. 8. Microphonearrayinstalledon a Pioneer2 robot
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Fig. 9. Impulse responseof room reverberation. Secondarypeaks
represente ections on the oor andon the walls

angularerroris the sameregardlessof the directionin the
horizontalplaneandvariesonly slightly with theelevation,
due to the interferencefrom oor re ections. This is an
adwantageover systemsbasedon two microphoneswvhere
the error is high whenthe sourceis locatedon the sides

[4].

TABLE |
MEASURED MEAN ANGULAR LOCALIZATION ERROR

[ Distance Elevation | MeanAngular Error ]

3m, 7 1:7
3m,8 3.0
15m, 13 31
0,9m, 24 33

Unlike otherworks wherethe localizationis performed
actively during positioning[3], our approachis to localize
the sourcebefore even maoving the robot, which means
that the sourcedoesnot have to be continuous.In order
to achiere that, the sound sourcelocalization systemis

disabledwhile the robot is moving toward the source.
During a corversation betweentwo or more persons,
the robot alternatesbetweenthe talkers. In presenceof

two simultaneoussourcesthe dominantone is naturally
selectedby the localization system.Fig. 10 shavs the

experimentaketupandimagesfrom therobotcameraafter
localizing a sourceandmoving its cameratoward it. Most

of the positionningerror in the imageis due to various
actuatorinaccuraciesand the fact that the camerais not

locatedexactly at the centerof the array

(@) (b)

() (d)

Fig. 10. Photographgaken during experimentation.a) Experimental
setup.b) Snapping ngers at a distanceof 5m. c¢) Tappingfoot at
2m. d) Speakingat a distanceof 5m

Experimentsshav that the systemfunctions properly
up to a distancebetween3 and 5 meters,though this
limitation is mainly a resultof the noiseandreverberation
conditionsin the laboratory Also, not all soundtypesare
equally well detected Becauseof the whitening process
explainedin Sectionll, eachfrequeng hasroughly the
sameimportancein the cross-correlationThis meanghat
whenthe soundto belocalizedis atone,only avery small
region of the spectrumcontainsusefulinformationfor the
localization. The cross-correlatioris then dominatedby
noise. This makes tonesvery hard to localize using the
currentalgorithm. We also obsenred that this localization
dif culty is presentat a lesserdegreefor the humanau-
ditory system,which cannotaccuratelylocalize sinusoids
in space.

Ontheotherhand,somesoundsarevery easilydetected
by the system.Most of thesesoundshave a large band-
width, like fricatives, ngers snappingpapershufing and
percussie noises(objectfalling, hammer).For voice, the
detectionusually happenswithin the rst two syllables.



V. CONCLUSION

Usinganarrayof 8 microphonesye have implemented
a systemthat accuratelylocalizessoundsin threedimen-
sions.Moreover, our systemis ableto performlocalization
even on short-durationsoundsand does not require the
use of ary noise cancellationmethod. The precision of
the localizationis 3 over 3 meters.

The TDOA estimationusedin the systemis shawvn to
be relatively robust to noise and reverberation.Also, the
algorithmfor transformingthe TDOA valuesto adirection
is stableand independenbf the speedof sound.

In its current form, the presentedsystemstill lacks
some functionality First, it cannot estimatethe source
distanceHowever, early simulationsindicatethatit would
be possibleto estimatethe distanceup to approximately
2 meters.Also, though possiblein theory the systemis
not yet capableof localizing two or more simultaneous
sourcesandonly thedominantoneis perceved.In thecase
of more than one spealkr, the “dominant soundsource”
alternatesand it is possibleto estimatethe direction of
both spealers.
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