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ABSTRACT

It is very important for multi-lingual tele-conferencingthrough
speech-to-speechtranslationto capturedistant-talkingspeechwith
high quality. In addition,thespeaker imageis alsoneededto real-
ize a naturalcommunicationin a suchconference.A microphone
arrayis anidealcandidatefor capturingdistant-talkingspeech.Ut-
teredspeechcanbeenhancedandspeaker imagescanbecaptured
by steeringa microphonearrayanda videocamerain thespeaker
direction.However, to realizeautomaticsteering,it is necessaryto
localizethetalker.

To overcomethis problem,we proposecollaborative steering
of the microphonearray and the video camerain real-time for
a multi-lingual tele-conferencethroughspeech-to-speechtransla-
tion. We conductedexperimentsin a realroomenvironment.The
speaker localizationrate(i.e., speaker imagecapturingrate)was
97.7%,speechrecognitionratewas90.0%,andTOEIC scorewas
530� 540points,subjectto locatingthespeakerata2.0meterdis-
tancefrom themicrophonearray.

1. INTR ODUCTION

Toachievemulti-lingualtele-conferencingthroughspeech-to-speech
translation,thehigh-qualitysoundcaptureof distant-talkingspeech
is very important.However, backgroundnoiseandroomreverber-
ationsseriouslydegradethe soundcapturequality in real acous-
tical environments.A microphonearray is an ideal candidateas
aneffective methodfor capturingdistant-talkingspeech.With the
microphonearray, thedesiredspeechsignalcanbeselectively ac-
quiredby preciselysteeringthe directivity in the desiredspeech
direction. The following directivity patternscanbe executedby
themicrophonearray:� Delay-and-sumbeamformers[1, 2]

Steerthedirectivity to asoundsourcedirection.� Multiple beamformers[3]
Steerthedirectivity notonly to a directsounddirectionbut
alsoto reflectionsounddirections.� Adaptivebeamformers[4]
SteertheNull directivity to noisedirections.

Theabovemethodscanreducethedirectionalnoiseeffects.Thus,
they areoften usedasfront-endprocessingin AutomaticSpeech
Recognition(ASR).In thispaper, weusethedelay-and-sumbeam-
formerto realizerobusthigh-qualitysoundcaptureof distant-talking
speechin variousenvironmentsandachieve real-timeprocessing.
Also, it is necessaryto localize the speaker direction to realize
high-qualitysoundcaptureof distant-talkingspeech.Until now,

Figure 1: Speech-to-speechtranslationsystemof distant-talking
speech.

muchresearchonDirectionof Arrival (DOA) estimationhasbeen
conducted.CSP(Cross-powerSpectrumPhase)[5]analysis,which
canbedoneby simplecalculation,is aneffective methodfor esti-
matingDOA. However, CSPanalysisdegradeslocalizationperfor-
mancein noisyreverberantenvironments.To overcomethis prob-
lem, we proposedthe CSPcoefficient additionmethod[6] based
on CSPanalysis.In this paper, DOA is alsoestimatedby theCSP
coefficientadditionmethod,andavideocamerais alsosteeredau-
tomaticallyto estimatedDOA.

By using the above methods,the speaker speechand image
canbecapturedrobustly andaccurately. However, thesemethods
cannot translatethespeech,althoughthey cancaptureit automat-
ically with high quality. To copewith this problem,we translate
beamformedspeechusingATR’s Multi-lingual AutomaticTrans-
lation Systemfor Information Exchange(ATR-MATRIX)[7]. It
is an ideal candidateas an effective tool for translatingspeech-
to-speech.It consistsof a speechrecognitionsub-system(ATR-
SPREC),alanguagetranslationsub-system(TDMT), andaspeech
synthesissub-system(CHATR). Currently, it hasachieved a per-
formanceof TOEIC550points[8]. Furthermore,it notonly imme-
diately shows the text of translatedspeechfor multi-lingual tele-
conferencingbutalsosynthesizestranslatedspeechusingCHATR.

In this paper, we proposea systemwith automaticsteering
of the microphonearray and the video cameraas a steptoward
achievingmulti-lingualtele-conferencingthroughspeech-to-speech
translation.Figure1 shows thesetupof this system.

2. KEY TECHNOLOGY FOR PROPOSEDSYSTEM

Figure2 shows anoverview of theproposedsystem.In this sys-
tem, a video cameraand a microphonearray are first automati-



Figure2: Proposedsystemoverview.

cally steeredto the DOA estimatedby the CSPcoefficient addi-
tion methodaftercapturingspeechwith amicrophonearray. Next,
speechbeamformedby thesteeringdirectivity of themicrophone
arrayis translatedandsynthesizedusingATR-MATRIX for multi-
lingual tele-conferencing.The speaker image is capturedby a
videocameraandshown at thesametime. A naturalmulti-lingual
tele-conferencecanberealizedwith this system.Figure3 shows
themicrophonearrayandthe videocamerausedin the proposed
system. Next, the key technologiesfor the proposedsystemare
explainedin detail.

2.1. DOA estimationby CSPcoefficientaddition method

DOA mustbeestimatedto automaticallysteerthemicrophonear-
ray andthevideocamera.Thus,we usetheCSPcoefficient addi-
tion method[6] to estimateDOA. In theenvironmentof Figure4,
theCSPcoefficientsarederivedfrom Equation(1).
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Figure3: Microphonearrayandvideocamera.
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Figure4: DOA estimationwith CSPcoefficient additionmethod.

where W is the numberof additions,
Q 6 is the distancebetween

two adjacenttransducers,
@

is thesoundpropagationspeed,and
N0P

is thesamplingfrequency. TheDOA canbeaccuratelyestimated
by finding themaximumvaluesof theaddedCSPcoefficientsby
Equation(3).
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TheCSPcoefficientadditionmethodcanestimatemultipleDOAs.
However, asthis systemhasonly onevideo camera,we selected
thedesiredDOA basedon signalenergy of estimatedDOAs. The
CSPcoefficient additionmethodis suitablefor real-timeprocess-
ingbecauseit canaccuratelyestimateDOAsby simplecalculation.

2.2. Automatic video camera steering for capturing speaker
image

The video camerais automaticallysteeredto the DOA estimated
by the CSPcoefficient additionmethodin orderto automatically
capturethespeaker imageandto facilitatemulti-lingual tele-con-
ferencing.In this system,thespeaker imageis automaticallycap-
turedwith a videocameraasshown in Figure3. It canmove not
only in the horizontaldirectionbut alsoin the vertical direction.
Video camerasteeringis controlledthroughan RS232Cport by
a server computer. The video imageis shown immediatelyon a
monitorandtranslatedspeechis utteredfrom a loudspeaker.

2.3. Micr ophonearray steeringfor speechenhancement

Beamformingis necessaryto capturedistant-talkingspeechathigh
quality with a microphonearray. In this paper, a delay-and-sum
beamformer[1, 2] is usedto form the directivity to the desired
sounddirection. As shown in Figure5, to capturethe signalby
microphonearray, we assumethat the planewave of the desired
soundsignalcomesfrom direction

3
, thenumberof transducersish

, andthespacingbetweenthetransducersis
Q

. In beamforming,
the capturedsignals i 8 �#"$� + i�j �#"$� + -$-�- + i�k �#"$� are shown as time
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Figure5: Delay-and-sumbeamformer.

delaysof i 8 �!"�� in Equation(4).
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is numberof transducersand
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is
thesoundpropagationspeed.Outputsignal{ �#"$� of thedelay-and-
sumbeamformeris shown in Equation(5).
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In Equation(5), the desiredsoundsignalfrom direction
3

is em-
phasized

h
timesbecausethesoundsignalscapturedwith multi-

ple transducersareaddedaftersynchronizingthem. On theother
hand,no other soundsignal is

h
times as large as the desired

soundsignal becausethe directionsof the other signalsare dif-
ferent from the direction of the desiredsoundsignal. Thus, the
directivity of thedelay-and-sumbeamformercanonly be formed
to direction

3
. Therefore,thedelay-and-sumbeamformercanform

directivity to theestimatedDOA.

2.4. Speech-to-SpeechTranslation with ATR-MA TRIX

ATR-MATRIX[7] consistsof aspeechrecognitionsub-system(ATR-
SPREC),alanguagetranslationsub-system(TDMT), andaspeech
synthesissub-system(CHATR). The current implementationof
our systemdealswith a hotel roomreservation task/domain.The
speechrecognitionsub-systemrecognizesspeechthat is beam-
formedwith themicrophonearray. Then,thelanguagetranslation
sub-systemtranslatesthe recognizedspeech. Finally, the trans-
latedspeechis synthesizedby CHATR.

2.4.1. Speech recognition with ATR-SPREC

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

� Acousticmodel: Shared-statecontext-dependent(triphone)
HMMs producedby theML-SSSalgorithm.

� Languagemodel: Multi-classcompositeN-gram.
� Searchengine: A decoderfeaturingmulti-passsearchand

wordgraphoutput.

Table1: Systemcomponents
AD converter ThinknetDF4448
Microphone HoshidenKUC1333
Microphonearray Onkyo SokkiOMA520

29 transducers,
(horizontal:15,vertical:15)

2.125cm spacing
Microphoneamplifier ThinknetMA2016
Servercomputer COMPAQ XP-1000 � 2

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

Table2: Systemalgorithms

DOA estimation CSPcoef.additionalmethod[6]
Beamformer Delay-and-sumbeamformer[1, 2]
Speech-to-speechtranslation ATR-MATRIX[7]

2.4.2. Language translation with TDMT

ThelanguagetranslatormoduleusesTransferDrivenMachineTrans-
lation (TDMT) technologyandcandealwith variousexpressions
in spoken languagesbecauseit usesnot only sentencestructures
but also translationexamples. The basicmechanismsof TDMT
areasfollows:

� Extractionof partiallinguistic structures(patterns)from an
inputsentence.

� Example-basedand pattern-by-patterntransferto a target
language.

� A searchfor themostlikely combinationof transferredpat-
terns.

2.4.3. Speech synthesis with CHATR

Speechsynthesisis essentialfor realisticmulti-lingual teleconfer-
encing throughspeech-to-speechtranslation. CHATR produces
naturalsyntheticspeechby selectingandre-sequencingwaveunits
from a CHATR-specificspeechdatabase.We usedCHATR asa
speechsynthesizerfor realizing the proposedsystem. Sincethe
currentconfigurationof our systemhasmaleand femaleacous-
tic modules,theCHATR speechsynthesissub-systemcanoutput
eithermaleor femalevoices.

3. SYSTEM SPECIFICATIONS

Tables1, 2, and3 show theproposedsystem’sspecifications.This
systemusestwo workstations(servercomputers).Oneis for multi-
channelsignalcapture,DOA estimation,beamforming,andvideo
camerasteering.Theotheris for speech-to-speechtranslation.The
two computersare connectedby a LAN (Local Area Network)
andcommunicatewith eachotherby socket protocol. If we con-
duct multi-lingual tele-conferencing,two setsof this systemwill
beneeded.Althoughthevideocameracanmove in bothhorizon-
tal and vertical directions,movementin the vertical direction is
slower thanthat in the horizontaldirectionbecauseof the video
cameraperformance.An AD converteris connectedto theserver
computerby SCSI,andthevideocamerais connectedthroughan
RS232Cport.



Table3: Systemconditions

AD conversion
Samplingfrequency 16 kHz
Quantization 16 bit

DOA estimationandBeamforming
Framelength 128msec.(interval: 64msec.)
Window Hammingwindow

ATR-MATRIX
Framelength 25 msec.(interval: 10 msec.)
Pre-emphasis

qLm���gf�J�'� K 8
Featurevector MFCC 12orders,� MFCC12 orders,

� log-power 1 order
Window Hammingwindow

Videocamera
CCDpixel size 1/4 inch
Moving performance Pan: (speed:1� � 76� /s , angle:180� )

Tilt: (speed:1� � 70� /s , angle:55� )
4. SYSTEM PERFORMANCE

The proposedsystemwasevaluatedin an acousticexperimental
room.Reverberationtimeof thisroomis ��� �;�e� ����g wJ� secondsand
ambientnoiselevel is 24.3dBA. Two speakersengagein mutual
talk to asin a tele-conferenceusingonesystem.Also, weevaluate
theproposedsystemby assumingthatonespeakerspeaksJapanese
andthe otherspeaker listensin Englishbecausewe canonly re-
alize Japaneseto English translationat this time. Two speakers
arelocatedatpositionsalong � � � +$� � � + �O� � + q w � � , and

qJ�O� � direc-
tions and2 metersdistancefrom the microphonearrayasshown
in Figure1. Table4 shows our experimentalresults. Thesere-
sultsareaveragedfrom 4 subjects(1 femaleand3 males).A ho-
tel room reservation taskconsistingof 42 dialogueswasusedas
test data. With the proposedsystem,DOA estimationrate (i.e.,
speaker 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
confirmedthat theproposedsystemmayachieve about530� 540
pointswhile the systemwith a closedtalking microphoneis 546
points. Next, we investigatedthe systemresponsespeed. As a
result,we confirmedthatDOA canbeestimatedwithin 0.192sec-
onds, the video camerais steeredautomaticallywith about0.2
secondsdelayaftercapturingspeech,andbeamformingstill takes
more thanabout0.064secondsafter estimatingDOA. Thus,we
canconcludethatit will takeabout0.256secondsdelayaftercap-
turing speechto ATR-MATRIX. We could confirm that the pro-
posedsystemachieves high speech-to-speechtranslationperfor-
mance,althoughit is slightly lesseffective thana systemwith a
closedtalking microphone. We could alsoconfirm a systemre-
sponsespeedof within 0.256secondsfor theautomaticsteeringof
themicrophonearrayandvideocamera.

5. CONCLUSIONS

In this paper, we proposedautomaticsteeringof a microphonear-
rayandvideocameraasasteptowardachieving multi-lingualtele-
conferencingthroughspeech-to-speechtranslation.First, DOA is
estimatedby the CSPcoefficient additionmethodafter capturing
speechwith the microphonearray. Then, the microphonearray

Table4: Systemperformances
DOA estimationrate 97.8%
(i.e.,speaker imagecapturingrate)

Speechrecognitionrate 90.0%(91.4%)
TOEIC score 530� 540pts. (546pts.)

( ) showsperformancewith closedtalkingmicrophone

and the video cameraareautomaticallysteeredto the estimated
DOA, and the speaker image is capturedby the video camera.
Speechbeamformedby the microphonearray is translatedand
thensynthesizedby ATR-MATRIX. Finally, thetranslatedspeech
andspeaker imageareshown at thesametime. Wecouldrealizea
systemthatcanprocessin real-time.

In thefuture,wehavetoconsiderhow to translatemulti-lingual
speechfor multi-lingual tele-conferencingandhow to estimatethe
speaker directionsamongthe estimatedDOAs. In addition, we
alsohave to considerbarge-inandhigh quality captureof speech
in noisy reverberantenvironments. In this experiment,although
speechrecognitionrateachieves90.0%,theseresultsaregainedin
a non-noisyenvironment.Therefore,we needto considermaking
thesystemmorerobustagainstnoise.To increaserobustness,we
mayhavetousetheimagedatacapturedbysteeringthevideocam-
era,andusea sharperbeamformerlike the multiple beamformer
[3].
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