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ABSTRACT

It is very importantfor multi-lingual tele-conferencinghrough
speech-to-speecttanslatiorto capturedistant-talkingspeectwith

high quality. In addition,the spealkerimageis alsoneededo real-
ize a naturalcommunicatiorin a suchconference A microphone
arrayis anidealcandidatdor capturingdistant-talkingspeechUt-

teredspeecttanbe enhance@ndspealkrimagescanbecaptured
by steeringa microphonearrayanda videocameran the spealer

direction.However, to realizeautomaticsteeringjt is necessaryo

localizethetalker.

To overcomethis problem,we proposecollaboratve steering
of the microphonearray and the video camerain real-time for
a multi-lingual tele-conferencéhroughspeech-to-speedhansla-
tion. We conductedxperimentsn arealroomervironment. The
speakr localizationrate (i.e., spealer imagecapturingrate) was
97.7%,speeclhrecognitionratewas90.0%,and TOEIC scorewas
530~540points,subjectto locatingthe spealer ata 2.0 meterdis-
tancefrom the microphonearray

1. INTRODUCTION

To achieve multi-lingualtele-conferencin¢hroughspeech-to-speech

translationthehigh-qualitysoundcaptureof distant-talkingspeech
is very important.However, backgrounchoiseandroomreverber
ationsseriouslydegradethe soundcapturequality in real acous-
tical ervironments. A microphonearrayis anideal candidateas
aneffective methodfor capturingdistant-talkingspeechWith the
microphonearray the desiredspeectsignalcanbe selectvely ac-
quired by preciselysteeringthe directvity in the desiredspeech
direction. The following directiity patternscanbe executedby
themicrophonearray:

e Delay-and-sunbeamformer$l, 2]
Steerthedirectity to a soundsourcedirection.

e Multiple beamformer$3]
Steerthedirectivity notonly to a directsounddirectionbut
alsoto reflectionsounddirections.

e Adaptive beamformer§4]
Steerthe Null directivity to noisedirections.

Theabove methodscanreducethedirectionalnoiseeffects. Thus,
they areoften usedasfront-endprocessingn Automatic Speech
RecognitionASR).In this paperwe usethedelay-and-surbeam-
formerto realizerobusthigh-qualitysoundcaptureof distant-talking
speechin variouservironmentsandachieve real-timeprocessing.
Also, it is necessaryo localize the spealer direction to realize
high-quality soundcaptureof distant-talkingspeech.Until now,

Figure 1. Speech-to-speedhanslationsystemof distant-talking
speech.

muchresearcton Directionof Arrival (DOA) estimationrhasbeen
conductedCSP(Cross-paver SpectruniPhase)[5hnalysiswhich

canbedoneby simplecalculation,is an effective methodfor esti-
matingDOA. However, CSPanalysisdegradedocalizationperfor

mancein noisyreverberanernvironments.To overcomethis prob-
lem, we proposedthe CSP coeficient addition method[§ based
on CSPanalysis.In this paper DOA is alsoestimatedy the CSP
coeficientadditionmethod,andavideocameras alsosteeredu-

tomaticallyto estimated>OA.

By usingthe abose methods,the spealer speechandimage
canbe capturedobustly andaccurately However, thesemethods
cannottranslatehe speechalthoughthey cancaptureit automat-
ically with high quality. To copewith this problem,we translate
beamformedspeechusing ATR’s Multi-lingual Automatic Trans-
lation Systemfor Information Exchange(ATR-MATRIX)[7]. It
is an ideal candidateas an effective tool for translatingspeech-
to-speech.lt consistsof a speechrecognitionsub-systemATR-
SPREC)alanguageéranslatiorsub-systenfTDMT), andaspeech
synthesissub-system(CHATR). Currently it hasachieved a per
formanceof TOEIC550points[d. Furthermoreit notonly imme-
diately shows the text of translatedspeechor multi-lingual tele-
conferencindout alsosynthesizetranslategpeechusingCHATR.

In this paper we proposea systemwith automaticsteering
of the microphonearray and the video cameraas a steptoward
achiezing multi-lingualtele-conferencinthroughspeech-to-speech
translation.Figurel shavs the setupof this system.

2. KEY TECHNOLOGY FOR PROPOSEDSYSTEM

Figure 2 shawvs anoverview of the proposedsystem.In this sys-
tem, a video cameraand a microphonearray are first automati-



Signal capture
with a microphone array

Q Y
@
q\ Talker tracking with

\ commumcatmn video camera

lCaptured signal
‘{ DOA estimation }»
[U\\ Track to g’
Talker talker direction
s Talker image

m/ Microphone array
-~ Talker

position

Localize the talker direction with
CSP coefficient additi thod

Captured signal
Talker position
Enhanced
4[ Beamforming }» 1speech signal

ATR-MATRIX

| Speech Recognition (SPREC) |

Micropone array

| Speech Translation (TDMT) ‘
| Speech Synthesis [\ ‘

Enhance the talker’s speech by
Delay-and-sum beamformer

Figure2: Proposedystemoverview.

cally steeredo the DOA estimatedby the CSPcoeficient addi-
tion methodaftercapturingspeectwith amicrophonearray Next,
speectbeamformedy the steeringdirectivity of the microphone
arrayis translatedandsynthesizedisingATR-MATRIX for multi-
lingual tele-conferencing. The spealer imageis capturedby a
videocameraandshavn atthe sametime. A naturalmulti-lingual
tele-conferenceanbe realizedwith this system.Figure3 shavs
the microphonearrayandthe video camerausedin the proposed
system. Next, the key technologiedor the proposedsystemare
explainedin detail.

2.1. DOA estimation by CSP coefficientaddition method

DOA mustbe estimatedo automaticallysteerthe microphonear-
ray andthevideo camera.Thus,we usethe CSPcoeficient addi-
tion method[§ to estimateDOA. In the ervironmentof Figure4,
the CSPcoeficientsarederivedfrom Equation(1).

DFET [si, (¢)] DFT [s;, (t)]”
IDFT [ss, (8)] | [DFT [s5, ()] |
wheret andk arethetime index, DE'T [-] (or IDFTY-]) is thedis-
creteFouriertransform(or theinversediscreteFouriertransform),

andthesymbol* is thecomplex conjugate Then,CSPcoeficients
areaddedasshavn in Equation(2).

Z CSPi, 5 (

subject to 6 =cos ! <c : S/FS) , %)

CSP;, jn. (k) = IDFT { , (1)

CSP; 4(

S.() S, &

z(t) SHY)
Figure4: DOA estimationwith CSPcoeficientadditionmethod.

where N is the numberof additions,d,, is the distancebetween
two adjacentransducers; is thesoundpropagatiorspeedand Fs
is the samplingfrequeng. The DOA canbe accuratelyestimated
by finding the maximumvaluesof the addedCSPcoeficientsby
Equation(3).

DOA, = argmax(CSP;;(6)). (3)
0

The CSPcoeficientadditionmethodcanestimatemultiple DOAs.
However, asthis systemhasonly onevideo camerawe selected
the desiredDOA basedon signalenegy of estimatedDOAs. The
CSPcoeficient additionmethodis suitablefor real-timeprocess-
ing becausé canaccuratelyestimateDOAs by simplecalculation.

2.2. Automatic video camera steering for capturing spealer
image

The video camerais automaticallysteeredo the DOA estimated
by the CSPcoeficient additionmethodin orderto automatically
capturethe spealerimageandto facilitate multi-lingual tele-con-
ferencing.In this systemthe spealkrimageis automaticallycap-

turedwith avideocameraasshawn in Figure 3. It canmove not

only in the horizontaldirectionbut alsoin the vertical direction.

Video camerasteeringis controlledthroughan RS232Cport by

a sener computer The video imageis shavn immediatelyon a

monitorandtranslatedspeechs utteredfrom aloud spealer.

2.3. Micr ophonearray steeringfor speechenhancement

Beamformings necessarto capturedistant-talkingspeectathigh
quality with a microphonearray In this paper a delay-and-sum
beamformer[]1 2] is usedto form the directvity to the desired
sounddirection. As shavn in Figure5, to capturethe signal by
microphonearray we assumehat the planewave of the desired
soundsignalcomesfrom direction, the numberof transducerss
M, andthespacingbetweerthetransducerss d. In beamforming,
the capturedsignalsz: (t), z2(t), - - - ,xm(t) areshavn astime
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Figure5: Delay-and-sunbbeamformer
delaysof z1(t) in Equation(4).
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wherem (m = 1,2,---, M) is numberof transducersindc is
the soundpropagatiorspeed Outputsignaly(t) of thedelay-and-
sumbeamformeis shavn in Equation(5).
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In Equation(5), the desiredsoundsignalfrom directioné is em-
phasizedV/ timesbecausehe soundsignalscapturedwvith multi-
ple transducersire addedafter synchronizinghem. On the other
hand, no other soundsignalis M times as large as the desired
soundsignal becausehe directionsof the other signalsare dif-
ferentfrom the direction of the desiredsoundsignal. Thus, the
directiity of the delay-and-sunbeamformeicanonly be formed
todirectiond. Thereforethedelay-and-surbeamformecanform
directity to the estimatedDOA.

2.4. Speech-to-Speeclhiranslation with ATR-MATRIX

ATR-MATRIX[7] consist®f aspeechecognitionsub-systentATR-
SPREC)alanguagéranslatiorsub-systenfTDMT), andaspeech
synthesissub-system{(CHATR). The currentimplementationof
our systemdealswith a hotelroomresenationtask/domain.The
speechrecognitionsub-systenrecognizesspeechthat is beam-
formedwith the microphonearray Then,thelanguagdranslation
sub-systentranslateghe recognizedspeech. Finally, the trans-
latedspeechs synthesizedby CHATR.

2.4.1. Speech recognition with ATR-SPREC

The speechrecognizermodulewas built basedon ATR-SPREC,
a speechrecognitionsoftware toolkit developedat ATR. ATR-
SPREChasthefollowing settings:

e Acousticmodel: Shared-stateontext-dependenftriphone)
HMMs producediy the ML-SSSalgorithm.

e Languagemodel: Multi-classcompositeN-gram.

e Searctengine: A decodeffeaturingmulti-passsearchand
word graphoutput.

Tablel: Systemcomponents
ThinknetDF4448
HoshidenKUC1333
Onkyo SokkiOMA520
29transducers,
(horizontal:15yertical:15)
2.125cmspacing
ThinknetMA2016

AD corverter
Microphone
Microphonearray

Microphoneamplifier

Senercomputer COMPRAQ XP-1000x 2

CPU:500MHz, Memory:512MB
(O COMPAQ Tru64UNIX V5.0A
Videocamera CANON VC-C3

Table2: Systemalgorithms

CSPcoef. additionalmethod[§
Delay-and-sunbeamformer[12]
ATR-MATRIX[7]

DOA estimation
Beamformer
Speech-to-speedhanslation

2.4.2. Languagetranslation with TDMT

ThelanguagéranslatomoduleusesTransfeDrivenMachineTrans-
lation (TDMT) technologyandcandealwith variousexpressions
in spolen languagedecausat usesnot only sentencestructures
but alsotranslationexamples. The basicmechanism®f TDMT
areasfollows:

e Extractionof partiallinguistic structuregpatternsfrom an
inputsentence.

e Example-basednd pattern-by-patterransferto a target
language.

e A searchor themostlikely combinatiorof transferrecpat-
terns.

2.4.3. Speech synthesis with CHATR

Speechsynthesids essentiafor realisticmulti-lingual teleconfer

encing through speech-to-speectnanslation. CHATR produces
naturalsyntheticspeecltby selectingandre-sequencingave units

from a CHATR-specificspeechdatabase We usedCHATR asa

speechsynthesizerfor realizing the proposedsystem. Sincethe

currentconfigurationof our systemhasmale and femaleacous-
tic modulesthe CHATR speeclsynthesissub-systentanoutput
eithermaleor femalevoices.

3. SYSTEM SPECIFICATIONS

Tablesl, 2, and3 shawv the proposedystems specificationsThis
systemuseswo workstationgsenercomputers)Oneis for multi-
channekignalcapture DOA estimation beamformingandvideo
camerasteering.Theotheris for speech-to-speedranslation.The
two computersare connectedby a LAN (Local Area Network)
andcommunicatevith eachotherby soclet protocol. If we con-
duct multi-lingual tele-conferencingtwo setsof this systemwill
be needed Althoughthevideocameracanmove in both horizon-
tal and vertical directions,movementin the vertical directionis
slower thanthatin the horizontaldirection becauseof the video
camergperformance An AD cornverteris connectedo the sener
computerby SCSl,andthe video cameras connectedhroughan
RS232Cport.



Table3: Systemconditions

Table4: Systemperformances

AD corwversion

Samplingfrequeny | 16 kHz
Quantization 16 bit
DOA estimatiorandBeamforming
Framelength 128 msec.(interval: 64 msec.)
Window Hammingwindow
ATR-MATRIX
Framelength 25msec.(interval: 10 msec.)
Pre-emphasis 1—-0.952"
Featurevector MFCC 12 orders, AMFCC 12 orders,
Alog-power 1 order
Window Hammingwindow
Videocamera
CCDpixel size 1/4inch
Moving performance| Pan:(speedl1® ~76°/s, angle:180°)
Tilt: (speedl® ~70°/s, angle:55°%)

4. SYSTEM PERFORMANCE

The proposedsystemwas evaluatedin an acousticexperimental
room. Reverberatiortime of thisroomis T}sp = 0.27 secondsind
ambientnoiselevel is 24.3dBA. Two speakrsengagdan mutual
talk to asin atele-conferencesingonesystem.Also, we evaluate
theproposedystenby assuminghatonespealer speakslapanese
andthe otherspeakr listensin Englishbecauseave canonly re-
alize Japaneséo Englishtranslationat this time. Two spealers
arelocatedat positionsalong30°, 60°, 90°, 120°, and150° direc-
tions and 2 metersdistancefrom the microphonearrayasshavn
in Figure 1. Table4 shawvs our experimentalresults. Thesere-
sultsareaveragedrom 4 subjecty1 femaleand3 males).A ho-
tel room resenation task consistingof 42 dialogueswas usedas
testdata. With the proposedsystem,DOA estimationrate (i.e.,
spealkr image capturingrate) was 97.8%, and speechrecogni-
tion rate was 90.0%, comparedto 91.4% with a closedtalking
microphone. We also evaluatedspeechtranslationperformance
with TOEIC scoreaccordingto reference[8]. As a result, we
confirmedthatthe proposedsystemmay achieze about530~540
pointswhile the systemwith a closedtalking microphoneis 546
points. Next, we investigatedthe systemresponsespeed. As a
result,we confirmedthatDOA canbeestimatedvithin 0.192sec-
onds, the video camerais steeredautomaticallywith about0.2
secondglelayafter capturingspeechandbeamformingstill takes
more thanabout0.064 secondsafter estimatingDOA. Thus,we
canconcludethatit will take about0.256secondslelayaftercap-
turing speechto ATR-MATRIX. We could confirm that the pro-
posedsystemachieves high speech-to-speedhnanslationperfor
mance,althoughit is slightly lesseffective thana systemwith a
closedtalking microphone. We could also confirm a systemre-
sponsespeedf within 0.256secondgor theautomaticsteeringof
themicrophonearrayandvideocamera.

5. CONCLUSIONS

In this paper we proposedautomaticsteeringof a microphonear-
ray andvideocameraasasteptowardachiezing multi-lingualtele-
conferencinghroughspeech-to-speedhanslation.First, DOA is
estimatedby the CSPcoeficient addition methodafter capturing
speechwith the microphonearray Then,the microphonearray

DOA estimatiorrate 97.8%
(i.e.,speakrimagecapturingrate)

Speechrecognitionrate 90.0%(91.4%)

TOEIC score 530~540pts. (546 pts.)

() shaws performancavith closedtalking microphone

and the video cameraare automaticallysteeredo the estimated
DOA, and the spealr imageis capturedby the video camera.
Speechbeamformedby the microphonearray is translatedand
thensynthesizedy ATR-MATRIX. Finally, thetranslatedspeech
andspealerimageareshavn atthe sametime. We couldrealizea
systenthatcanprocessn real-time.

In thefuture,we haveto considehow to translatenulti-lingual
speector multi-lingual tele-conferencingndhow to estimatethe
speakr directionsamongthe estimatedDOAs. In addition, we
alsohave to considermarge-in and high quality captureof speech
in noisy reverberantervironments. In this experiment,although
speechrecognitionrateachieres90.0%, theseresultsaregainedin
a non-noisyervironment. Therefore we needto considemaking
the systemmorerobustagainstnoise. To increaseobustnessye
mayhaveto usetheimagedatacapturedy steeringhevideocam-
era,andusea sharpemeamformetik e the multiple beamformer
[3].
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