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ABSTRACT

This paperproposes techniquethat sggmentsaudioaccordingto
speakrs basedon their location. In mary multi-party corversa-
tions,suchasmeetingsthelocationof participantss restrictedto
a small numberof regions, suchas seatsarounda table, or at a
whiteboard. In suchcasesseggmentationaccordingto thesedis-
creteregions would be a reliable meansof determiningspealer
turns. We proposea systemthat usesmicrophonepair time de-
lays asfeaturedo represenspealer locations. Thesefeaturesare
integratedin a GMM/HMM framework to determinean optimal
segmentatiorof theaudioaccordingo location. TheHMM frame-
work alsoallows extensiongo recogniseanorecomple structure,
suchasthe presencef two simultaneouspealers. Experiments
testingthe systemon real recordingsfrom a meetingroom shaw
that the proposedocation featurescan provide greaterdiscrimi-
nation than standardcepstralfeatures,and also demonstratehe
succes®f anextensionto handledual-spea&r overlap.

1. INTRODUCTION

Segmentationof audiointo spealer turnsis an importanttaskin

mary speechprocessingapplications. It canbe a necessarpre-
processingaskfor speechand speakr recognitionsystemsand
alsoa meansof identifying higherlevel structurein audiodocu-
ments,suchasperiodscorrespondingo monologuesgdialogues,
or generaldiscussion.

One of the issuesin designinga spealkr segmentationsys-
temis the choiceof featurescapableof distinguishingindividual
speakrs. Mel-frequeng or linear predictive cepstralcoeficients
aremostcommonlyused eitherin anacousticchangedetectionor
spealker clusteringframework [1, 2, 3]. The performancef these
featurescan be limited in practice,asthey tendto discriminate
only betweerspeakr classestatherthanindividual spealkers.

In this paper we investigatethe use of location-basedea-
turesto distinguishbetweenspealkers for sggmentation.In mary
multi-party corversations suchas meetingsandteleconferences,
the location of a spealker remainsstationarythroughoutmost of
the corversation.In situationswhereit is practicalto acquirethe
audioacrossmultiple microphonesmicrophonearray processing
techniquesmay be usedto dynamically estimatethe location of
dominantspeectsourceg4]. In suchcasesthelocationestimates

This work was carriedout in the framevork of the Swiss National
Centerof Competencén ResearcliNCCR)on Interactve Multimodal In-
formation ManagementIM)2, andthe EuropearprojectM4 throughthe
SwissFederalOffice for EducationandScience.

0-7803-7663-3/03/$17.00 ©2003 IEEE

I-176

shoulddiscriminatebetweerspealers,andhencecouldbe usedas
featuresn a sggmentatiorframenork.

In the presentwork, we estimatetime delaysfrom the gen-
eralisedcross-correlatiofetweenpaired microphoneswithin an
array Theseestimatedtime delaysform input featuresthat are
integratedin a GMM/HMM framework to sggmentthe audioac-
cording to a set of discretespealer locations. The discrimina-
tion provided by the locationfeatures,coupledwith the HMM’ s
ability to model sequencegnalesit possibleto extendthe sys-
tem to segmentthe corversationin termsof higher level struc-
ture. To demonstratehis, we proposean extensionto handlethe
caseof overlappingspeechfrom multiple simultaneouspealkers.
Suchspealkr overlaphasbeenidentifiedasa significantproblem
for speectsggmentatiorandrecognitionof multi-party corversa-
tions[5].

The proposedocation-basedpeakr segmentationsystemis
assessedn realrecordingsfrom a4-elementmicrophonearrayin
ameetingroom. Resultsarepresentedomparingheperformance
of the location featuresto standardcepstral(LPCC) featuresfor
singlespealer sggments.In addition,experimentson overlapping
speechsggmentsdemonstratéhe succesof the proposedexten-
sionto handledual-spea&r overlap.

2. PROPOSEDSYSTEM

In this sectionwe detail the proposedsystemfor location-based
speakr sggmentation A featurespacds definedasthe setof time
delay estimateg TDE's) acrossM pairs of microphones. Each
time delayestimatemeasureshe differencein the time of arrival
betweenrthe signalson a microphonepair. Gaussiardistributions
areusedto modelthe behaiour of the obseredfeaturesarounda
numberof spealer locations. Thesethenform the statedistribu-
tionsin anHMM, which canbe usedto obtaina maximumlikeli-
hoodsegmentatiorinto spealer turns.

2.1. Model Formulation

As the basisof our model,we assumehata speakr k is confined
to aphysicalregion centredat locationxeR>.

We definethe vectorof theoreticaltime delaysy,, associated
with thespeakr locationxy, as:

f(xk)
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(b) HMM Topology for Segmentation System

Fig. 1. HMM topology

wherep,(cm) is the time delay (in samples)betweenthe micro-
phonesn pairm, givenby

(e =m{™]| =[x — m{™]]) £,
Ky = P
wheremgm) and mgm> arethe locationsof the microphonedn
pairm, || - || is the Euclideannorm, and f; is the samplingfre-
queng.

Givenaninput obseration vectorD; of time delayestimates

i—t(m) attime ¢, we modelthe distribution of the obseration given
thespealer atlocationx;, as:

p(Dilxk) = N (px, Zk)

whereX;, is the covariancematrix. The Gaussiardistribution is
usedto modelthe effectsof variationsin spealer locationaround
Xr, aswell asuncertaintyin theobseredtime delayestimatesiue
to reverberatiorandnoise.

In this papereachtime delayestimateft(m) is calculatedrom
the generalisectross-correlatio{GCC) [6] betweenthe signals
capturecon them!® microphonepair. A phasetransform(PHAT)
weighting function is appliedin orderto improve the robustness
of the estimatesto reverberation. In addition, time-domainin-
terpolationof the GCC functionis performedin orderto achieve
sub-samplerecision. Full detailsof the GCC-PHAT time delay
estimationprocedureanbefoundin [7].

2.2. HMM SegmentationFramework

To segmentthe audiosignalaccordingto speakr turns,we usea
HMM framework similarto thatproposedn [8] for speech/music
segmentation.

We definea minimum duration left-to-right HMM for each
spealkr k, whereall statesaremodeledusingthe Gaussiardensity
p(Dy|xx) asproposedn the previoussection.This singlespealer
HMM topologyis shavn in Figurel(a).

A grammairis introducedto definetransitionsbetweerspeak-
ers, excluding self-loops. The resultingHMM for the sggmenta-
tion systemis shavnin Figurel(b)for thecaseof K = 4 speakrs.

Givenanobsenationsequencef featurevectorsf)lzt, theop-
timal paththroughtheHMM canbefoundusingViterbi decoding,
giving the maximumlik elihood segmentationin termsof spealer
locations.
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(a) Short-term Speaker Turn (SST) HMM for speaker k
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(b) Dual-speaker HMM (speakers 1 and 2)
Fig. 2. Dual-spea&r HMM

3. EXTENSION TO SEGMENTS OF SPEAKER OVERLAP

In this section,we proposean extensionto handleseggmentscon-
taining two overlappingspealers. We first discusshe occurrence
of overlappingspeecthin multi-party corversationsandthe prob-
lem this posesfor sourcelocalisationand spealkr sggmentation
systems.We thenproposea dual-spea&r HMM topologywhich
canbeusedto extendthesystenof Section2.2to handlesggments
of overlappingspeech.

3.1. Overview of Problem

Overlappingspeechs acommonproblemin multi-partycornversa-
tions,suchasmeetingsandtelephonecorversationsOverlapmay
occurwhen someoneattemptsto take over the main discussion,
whensomeonenterjectsa brief commentover the main speakr,
or whena separateonversationis taking placein additionto the
main discussion. In [5] it wasidentified that around10-15% of
words, or 50% of contiguousspeechsegments,in a meetingor
telephoneorversationrcontainsomedegreeof overlappingspeech.
Theseoverlap sggmentsare problematicfor speechrecogni-
tion, producinganabsolutencreasen word errorrateof between
15-30% using close-talkingmicrophonedfor a large vocalulary
task[5, 9]. For applicationsthatinvolve meetingsor teleconfer
encesijt is thusimportantto notonly sggmenttheaudiointo single
speakr turns,but alsoto identify segmentsof overlappingspeech
alongwith their constituentspealkers. This is a difficult problem
for standardspealkr sggmentationand speechactiity techniques
usingclose-talkingmicrophoneg10, 9].

3.2. ProposedDual-Spealer HMM

If thereare K individual spealkers,anoverlapseggmentmaybede-
finedasonein whichtherearen active spealers,where2 < n < K.
We restrictthis currentwork to the caseof n = 2 which we will
referto asdual-speaér overlap.

Empiricalobserationof TDE valuesduringsegmentsof over-
lappingspeeclshavsanalternatingsequencef short-termspealer
turns(SST’s). TheseSST’s aredueto frame-by-framevariations
in relative enepgy levels betweenthe two speakrs, asthe TDE
featuresarecomputedrom the highestenegy GCC peakin each
frame. To model this behaiour, we first define a left-to-right
HMM that representa SST, shovn in Figure 2(a). This model
imposesa minimum durationto excludenoise,aswell asa maxi-
mumdurationto excludesingle-spear segments.
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From this, a dual-spea&r HMM s then proposedas an al-
ternatingsequencdetweenthe SST modelsof two spealers, as
showvn in Figure2(b). Similar to the singlespealker HMM, amin-
imum durationconstraintis includedto eliminateundesiredshort
segments.

Subsequentlyan audio signal containinga seriesof single
spealker anddual-spea&r sgmentsmay be sgmentedusing:

e K singlespeakr HMMs, asshawvn in Figurel(a),and
¢ K(K —1)/2dual-speagr HMMs, asshavn in Figure2(b).

Thesesingle and dual-speaér classesare combinedin an inter-
classgrammaithatforbidsself-loops similarto thatshawvn in Fig-
ure 1(b) for thesinglespealkr case.

4. EXPERIMENTS AND RESULTS

4.1. Experimental Configuration

Experimentsvereconductedn ameetingroomusinga 4-element
microphonearray (M = 6 pairs) placedin the centreof a ta-

ble, with speakrsseatedt 4 differentlocationsaroundthetable,
asshavn in Figure 3. A testdatabasevasrecordedsimultane-
ously acrossall microphonesat a samplingrate of 16 kHz. The

total databaselurationwas20 minutes,consistingof 5 minutesof

speectfrom a differentpersonfor eachlocation.

Thesefour 5 minute single speakr/locationfiles were ran-
domly recombinedo form two separateestsets. Test set 1 (non-
overlap) containednly singlespealker sgmentswithoutary over-
lap segments. Nine files containing10 spealer turns were con-
structedn arandommannerwith sggmentsvaryingfrom between
5 to 20 secondsn duration. Test set 2 (overlap) wasconstructed
from the samedatabasén a similar manney however this time a
shortoverlapsegmentwasincludedat eachspealer change.The
test set consistedof six files, eachcontaining10 single spealker
sggments(of betweens-17 secondduration),interleaved with 9
segmentsof dual-speadr overlap (of betweenl.5-5 secondsu-
ration). The TDE featureswere calculatedon 32msinput frames,
every 16ms.

4.2. Evaluation Criteria

To assesthesystenperformancethefollowing metricswereused
e frameaccurag (FA) :

numberof correctlylabelledframes

0,
total numberof frames x 100%

e precision(PRC):
numberof correctlyfound segmentboundaries
numberof sggmentboundariesletected
e recall(RCL):

numberof correctlyfoundsegmentboundaries
numberof true sgmentboundaries

The precisionandrecall valueswere combinedin a singlemetric
usingthecommonF-measurg3], whichis definedas:

F =2 x PRCx RCL/(PRC+ RCL)

and variesbetween0 and 1. In mostcases,a shortinterval of

silenceexists betweentwo consecutie speechsegments,and so

in comparingsegmentboundarieso the groundtruth, a tolerance
intenal of £1 secondvaschosen.

Speaker 4 Speaker 2

/'68.cm

Speaker 3 Speaker 1

Fig. 3. Experimentaketup

system FA  PRC RCL F
TDE features 99.1% 0.98 0.98 0.98
LPCCfeatures 88.3% 0.81 0.73 0.77

Table 1. Resultsfor singlespealer system(testset1)

4.3. Resultsand Discussion
4.3.1. Sngle Speaker System

A first seriesof testswasconductedo investigatehe performance
of the proposedocation-basedegmentationon the non-overlap
testset,comparingit to anequialent(single-channelyystemus-
ing standardinear predictive cepstrakoeficients(LPCC's).

The HMM consistedf 4 singlespeakr classesasshavn in
Figure 1(b). The distribution meanswere setasdefinedin Sec-
tion 2.1, andall varianceswere setto the samevalue (unity), as
spealer regionswere of uniform size. A minimum durationof 2
secondsvasimposedfor eachspeakr class,with the final class
statehaving a self-loopprobability of 0.9. Transitionsn theinter-
classgrammaiwereequallyweighted.

To provide a basisfor comparisonan equialentsystemwas
implementedusing standardLPCC’s of dimension12. For the
location-basedystem,knowvledge of the spealer regions repre-
sentsa priori information of the statedistributions. For this rea-
son, individual speakr GMM’s (using 8 mixtures)were trained
for theLPCCsystemusingseparatérainingdatafor eachspealer.
Thesetrained GMM'’s then formed the statedistributionsin the
sameHMM topologyaswasusedfor thelocation-basedystem.

Tablel presentgheresultsfor the location-andLPCC-based
singlespealer systemsTheseresultsshav theimproveddiscrim-
inationprovidedby thelocation-basefeaturesaswell asthesuit-
ability of the proposedHMM framework for segmentation. The
improved resultsof the location-basedystemare achieved with
lower modelcompleity (one mixture per GMM, comparedo 8
for LPCC’s), aswell as simplertraining, throughdirect calcula-
tion of the statedistribution associateavith eachlocation.
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testset FA  PRC RCL F
non-overlap(1) 99.1% 0.98 0.98 0.98
overlap(2) 94.1%(85.5%) 0.94 0.86 0.90

Table 2. Resultsfor extendedsystem(testsetsl and2). The FA
calculatednly onactualoverlapsegmentss shavn in parentheses

4.3.2. Extended Systemincluding Dual-Speaker Overlap

A secondseriesof testswas conductedto evaluatethe perfor
manceof the proposedextensionto include dual-speaér overlap
sggments.

For this scenariothe HMM topology from the previous ex-
perimentswas extendedby addingthe 6 dual-speaér classesas
definedin Section3. Eachshort-termspealer turn (SST)wascon-
strainedo adurationof 3-10frames.TheseSST'swerethencom-
binedin a minimum durationsequencef 1 second.Onceagain,
transitionsin theinter-classgrammamwereall equallyweighted.

As this topology was designeddirectly from obsenationsof
the temporalbehaiour of the time delay featuresduring overlap
segments directcomparisorwith the LPCC featuresvasconsid-
eredinappropriatean this case. This extendedsystemwastested
on both non-overlap and overlap test sets,with resultsshawvn in
Table2.

We first obsere that the resultson testset 1 using the ex-
tendedsystemare identical to thoseobtainedusing only the 4
single speakr classesjndicatingthat the addition of the 6 dual-
speakr overlapclassesioesnot affect the systems ability to dis-
criminatesinglespealkr segments.

Secondly we seethata high frameaccurag and F-measure
are obtainedon the overlaptestset. This indicatesboth the suit-
ability of theproposedverlapclasstopology aswell asthepower
of the HMM to representnore complex segmentstructure. We
notethat part of the decreasén FA for overlapsggmentsmay be
attributedto the shortersggmentdurationand difficulty in defin-
ing a precisegroundtruth. While we have only investigatedhe
caseof dual-speatr overlapin our experimentstheHMM system
hasthe potentialto segmenta multi-party corversationin terms
of higherlevel structure for exampleaccordingto presentations,
dialoguesor generaldiscussion(seee.g.[11]). We alsonotethat,
while the statedistributions and HMM topologiesusedin these
experimentshave beenexplicitly designedthisinformationcould
alsobelearneddirectly from datain a supervisedr unsupervised
manner

5. CONCLUSIONS

This paperhas proposeda framavork for speakr segmentation
basedon locationinformation. The speakr locationis modelled
usingtime delaysbetweenmicrophonepairs from a microphone
array Thesetime delaysform theinputfeaturevectorsto a GMM-
HMM system. The optimal pathfound by decodingan input se-
quenceesultsin amaximumlikelihoodsegmentatiorof theaudio
accordingo the spealkr locations.Experimenton singlespealer
segmentsshav thatthe proposedocation-basedeaturesprovide
greateriscriminationthanstandardcepstraparameters.

In addition, an extensionto handlethe caseof overlapping
speeclsggmentss proposedA dual-speaér overlapHMM topol-
ogy s investigatedandis shawvn to provide high sggmentatiorac-
curag in asecondsetof experiments Theseaesultsaresignificant,

asthey shav thatthe systemis not only capableof distinguishing
regionsof overlappingspeechbut alsoidentifying the constituent
speakrs.

An olvious limitation of the systemis thatit assume®ach
speakr is associatedvith one location (and vice-versa). This
could be addressedby combiningthis techniquewith traditional
cepstralbasedspealkr clusteringor recognitionsystems. Other
continuingwork seekso testthe systemon real multi-party con-
versationalspeechrecordedin meetings,and investigateexten-
sionssuchasunsupervisedlusteringof speakr locationsandon-
line adaptatiorof speakr priors.
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