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Abstract—In this paper, weinvestigatehands-freespeechrecog-
nition as fr ont-end system of conversational TV. The conversa-
tional TV is one of machine conversation systemsto retrieve the
interesting information by inquiring it to the TV. To realize the
natural machine conversation without consciousnessof micro-
phone, hands-freespeechrecognition is required. In the hands-
fr eespeechrecognitionsystem,the dir ectionsof the arri ving signal
are estimatedby using a microphonearray and the desired signal
is enhancedby beam forming. Then, the user utterance section
is detectedautomatically fr om continuously observed signal. Fur-
thermore, by applying the noisereduction and noiseadaptation,
the enhancedspeechsignal is recognizedaccurately.

I . INTRODUCTION

Recently, many TV news programsare broadcastthrough-
out the world. However, they are now broadcastin one-way
from broadcastingstationsto theviewer(user).In thissituation,
theusercannotobtainthedetailaboutthe interestinginforma-
tion whenit appearsin theTV news. Furthermore,evenwhen
retrieving the information throughthe internet,the userfeels
inconvenientbecausehemustprepareandactivatethe internet
clientsquickly for theinformationretrieval. To retrieve thein-
terestinginformationwithout inconveniences,a conversational
TV is requiredwhich can retrieve the interestinginformation
throughman-machineinteraction.

In the conversationalTV, the required information is re-
trieved by query words extractedby speechrecognitionof a
userquestion.Here,it is desiredfor theuserto gibea question
without consciousnessof a microphonebecausethe conversa-
tional TV is one of machineconversationsystems. To real-
ize thenaturalmachineconversation,in this paperwe propose
hands-freespeechrecognitionusing a microphonearray as a
front-endsystemof theconversationalTV.

In the hands-free speech recognition system, the
DOA(Direction Of Arrival) of a desiredspeechsignal(user
utterance)is estimatedby using a microphonearray and the
desiredsignal is enhancedby beamforming. Then, the user
utterancesectionis detectedautomaticallyfrom continuously
observed signalsbasedon the time stability of the DOA. Fur-
thermore,by applyingaKalmanfilter basednoisereduction[1]
andMLLR(Maximum LikelihoodLinearRegression)[2]based
noise adaptation,the enhancedspeechsignal is recognized
accurately.

I I . SYSTEM OVERVIEW

Fig.1 shows thesystemoverview of our proposedconversa-
tional TV. In the system,the usercan retrieve his interesting
informationby inquiring it to theTV whenit appearsin theTV
news. Then,to presentthe informationto theuser, thesystem
worksaccordingto thefollowing processes.
(1) Recognizetheuserutterancein hands-freeenvironment.
(2) Extractthequerywordsfrom therecognitionresults.
(3) Retrieve theinformationthroughtheinternetby usingthe

querywords.
(4) Synthesizethe responsespeechby using the texts of the

retrievedresults.
(5) Presentthe retrieved resultsto the userusingsynthesized

responsespeech.
Here,theabove processesareclassifiedinto thefront-endsys-
tem andthe back-endsystem. The front-endsystemincludes
theprocess(1), andtheback-endsystemincludestheotherpro-
cesses.In this paper, we investigatea hands-freespeechrecog-
nition asthefront-endsystem(process(1)) of theconversational
TV.

Fig. 1. Systemoverview of theconversationalTV

I I I . HANDS-FREE SPEECH RECOGNITION

Fig.2shows theoverview of ourproposedhands-freespeech
recognitionasa front-endsystemof the conversationalTV. In



the figure, the DOA of desiredspeechsignal is estimatedby
usinga microphonearrayandthe desiredspeechsignal is en-
hancedby beamforming. Then, the userutterancesectionis
detectedautomaticallyfrom the continuouslyobservedsignal.
Furthermore,by applyingaKalmanfilter basednoisereduction
andMLLR basednoiseadaptation,the enhancedspeechsig-
nal is recognizedaccurately. In thebelow sections,thedetailed
processof thehands-freespeechrecognitionis described.
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Fig. 2. Processingdiagramof hands-Freespeechrecognition

A. Delay and Sum Beam Former

To capturethedesiredspeechsignalwith high quality, a mi-
crophonearray requiresto form the directivity of the desired
speechsignal.In thispaper, adelayandsumbeamformer[3]as
shown in Fig.3is employedto capturethedesiredspeechsignal
with high quality. In thefigure, ��������� denotesthecapturedsig-
nal, 	 denotesthenumberof microphones,
 denotestheDOA
of desiredsignal� ����� ,  denotesthedelayof arrival of � ����� and�

denotesthemicrophoneinterval.
In the delayandsumbeamformer, the desiredsignal � �����

from the direction 
 is emphasized	 timesbecausethe sig-
nalscapturedwith multiple microphonesareaddedafter syn-
chronizingthemby usingthe estimateddelay  . On the other
hand,the undesiredsignalsare not emphasized	 times be-
causethe directionsof the undesiredsignalaredifferent from
thatof thedesiredsignal.Therefore,thedirectivity of thedelay
andsumbeamformercanbeformedin only a direction 
 .
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Fig. 3. DelayandSumBeamFormer

B. Delays of Arriving Signal Estimation

To estimatethedelay , aCSP(CrosspowerSpectrumPhase
analysis)method[4],[5] is employed andthe CSPcoefficients

����� ��� � ����� arederivedby thefollowing equation.

����� ��� �����������! #"%$  #"&$(' � � �����*)+ ,"&$(' � � �����-)/.0  #"&$(' � � �����*) 010  #"&$(' � � �����-) 0 (1)

where��������� and���2����� denotethesignalscapturedby themicro-
phones3 and4 . Whena desiredsignalis observed,thedelay 
is estimatedby detectingthemaximumvalueof

����� ��� �5����� as
thefollowing equation.

 �7698�:&;(<5=> � ����� ��� � �����?� (2)

ThentheDOA 
 is computedby thefollowing equation.
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where@ denotesthesoundpropagationspeedand K denotesthe
samplingfrequency.

C. User Utterance Section Detection

In theconversationalTV, it is supposedthattheuserinquires
aboutthe interestingor unknown informationto the TV when
TV news programsarebroadcast.Therefore,to recognizethe
userutterancein ahands-freemodein theTV newssoundenvi-
ronments,a speechinput interfaceis requiredwhich canbarge
into TV news sounds. Generally, this speechinput interface
is realizedby detectingtheuserutterancesectionfrom contin-
uously observed signal. We proposehere the userutterance
detectorbasedon timestabilityof theDOA.

In this paper, it is supposedthat the TV news soundsarrive
from the backof the microphonearray, asshown in Fig.4. In
this case,theTV newssoundsarecapturedwith variousreflec-
tionsat themicrophones.Therefore,theDOA of theTV news
soundsis not stablein the time sequence.On the otherhand,
theDOA of theuserutteranceis stablebecauseit arrivesfrom
the front of the microphonearray. Under theseassumptions,
timesectionwith morethan1 secondDOA stability is detected
astheuserutteranceregionasshown in Fig.5.

D. Kalman Filter Based Noise Reduction

The delayandsumbeamformer describedin Sec.III-A en-
hancesthedesiredspeechsignal.However, additivenoisecom-
ponents(residualnoise)still exists in the enhancedspeechsig-
nal andthey degradethespeechrecognitionrate.To solve this
problem,estimationof thecleanspeechsignalfrom thespeech
signalenhancedby thedelayandsumbeamformeris employed
by usinga Kalmanfilter basednoisereductionmethod. The
Kalmanfiltering algorithmis definedbasedon a speechstate
transitionmodel. A speechstatetransitionmodel represents
the statetransitionof speechcomponentincludedin the noisy
speechand is modeledby using the first orderTaylor expan-
sion[1].
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Fig. 4. Experimentalroomenvironment

Fig. 5. An exampleof userutterancesectiondetection

At the M th frame,let NPO�M�Q , R�O�M�Q and STO�M�Q denotethe vec-
torsof power spectraof noisyspeech,cleanspeechand(resid-
ual)noiserespectively, andsuperscriptU denotethelog-spectral
domain,thentheKalmanfiltering algorithmis obtainedasfol-
lows:VR�O�M�QHWAX&Y5ZJ[ VR�O�M]\_^5QJ`bacYdO/NPO�M�QJ\bX&Y5ZF[ VR�O�M]\_^LQ�Q (4)

a Y Wfe Y e Y `hg&ikj Yml ZF[ (5)

e Y W X YLZJ[ O/no\ba YLZJ[ Q+e YLZJ[ X&pY5ZJ[
`rq YLZJ[ gJs7j Y5ZF[*l q pY5ZJ[ (6)

X&Y(W_no`utvNcwxO�M�Q (7)

tvN w O�M�QHW_N w O�My`f^LQ!\zN w O�M�Q (8)

q Y WAS{O�M�Q (9)

where
VR�O�M�Q denotestheestimationof R�O�M�Q and e Y denotesthe

diagonalco-variancematrixof theestimatingerrorrespectively.
Theinitial valuesfor Eq.(4)| (6) aregivenasfollows:

VR�O*}�Q�W_~ (10)

e(��W_~ (11)

In Eq.(6), gJs7j Yml denotesthe diagonalco-variancematrix of� O�M�Q . gJs�j Y�l is computedby thefollowing equationunderthe
assumptionthat

� O�M�Q follows zeromeanGaussianprocess.

� O�M�Q�WbtvNcw+O�M�Q�\{tvSuw�O�M�Q (12)

tvS w O�M�Q�WfS w O�M�`h^LQ�\bS w O�M�Q (13)

gJs�j Y�l W � O�M�Q � O�M�Q p (14)

On the otherhand,in Eq.(5), g&ikj Yml denotesthe diagonalco-
variancematrix of STO�M�Q . g&ikj Yml is computedby thefollowing
equationunderthe assumptionthat STO�M�Q follows zero mean
Gaussianprocessas

� O�M�Q does.

g&i%j Yml W_S{O�M�Q/STO�M�Qxp (15)

In Eq.(14)andEq.(15),to computethe gJs7j Yml and g&ikj Yml , the
valueof STO�M�Q is estimatedby usinglinear14thorderpredictive
estimation.

E. Unsupervised MLLR Adaptation

The noisereductionmethoddescribedin Sec.III-D reduces
theadditive noisecomponents.However, themethoddoesnot
consideraboutthereverberantandtheconvolutionalnoise.To
copewith them,adaptationof theacousticmodelsis employed
by usingan(on-line)unsupervisedMLLR adaptation[2]to the
reverberantandtheconvolutionalnoise.

In theunsupervisedMLLR adaptation,speaker independent
monophoneHMMs areadaptedto thespeechsignalestimated
by the noisereductionmethod. To make this adaptationfea-
sible,monophonelabelsarerequiredfor the estimatedspeech
signal. To obtain theselabels, the speechrecognitionis car-
ried out usingthemonophoneHMMs beforeadaptation,to the
speechsignalestimatedby the noisereductionmethod. Then
theMLLR is appliedto theHMMs usingthelabelsandtheesti-
matedspeechsignal.In thispaper, aninput speechsignalitself
is usedastheadaptationmaterialandthenumberof Gaussian
distributionclustersincludedin themonophoneHMMs wasset
to 1.

IV. EXPERIMENTS

We evaluatedthe hands-freespeechrecognitionin the con-
versationalTV environment.



A. Experimental Setup

The experimentalmaterialsare100 sentencesspoken by 5
Japanesemalesubjectsand include20 keywordsappearedin
theTV news(Eachsubjectspeaks20sentences.).Theneachut-
terancearrivesfrom thesubjectin front of a microphonearray.
The distancefrom the subjectto the microphonearray is 2m.
By usingthesematerials,we evaluatedthe hands-freespeech
recognitionby sub-word modelbasedkeyword spotting. The
noisesourcesaretheTV news soundsandthefannoisegener-
atedfrom 4 digital projectorsand9 PCs(Noiselevel is about
55dB.). TheTV news is NHK TV news broadcastat 12:00on
November30 in 2001.

The acoustic models of the speechrecognition are the
speaker independentmonophoneHMMs. Their structureis
composedof 5 stateswith 3 loops and 12 mixturesfor each
state. They were trained using 21,782sentencesspoken by
137 Japanesemales. Thesespeechdatawere taken from the
databaseof AcousticalSocietyof Japan.The featureparame-
tersarecomposedof 39 MFCCswith 12 MFCCs,log energy
andtheir first andsecondorderderivatives. TableI, II andIII
summarizetheexperimentalconditionsfor theacousticanaly-
sisandphonemeHMM.

TABLE I
ACOUSTIC ANALYSIS CONDITIONS FOR DOA ESTIMATION

Microphonearray Lineartype,16microphones(2cmintervals)
Samplingfrequency 16kHz,16Bit
Featureparameter CSPcoefficients(4096thorder)
Analysisframelength 256ms
Analysisframeshift 256ms
Analysiswindow Hammingwindow

TABLE II
ACOUSTIC ANALYSIS CONDITIONS FOR SPEECH RECOGNITION

Samplingfrequency 16kHz,16Bit
Pre-emphasis ������� �L�������
Featureparameter
(Noisereduction) FFT spectra(512thorder)

Featureparameter MFCC(12thorder)+
(Recognition) Log-Power + � + �%�
Analysisframelength 20ms
Analysisframeshift 10ms
Analysiswindow Hammingwindow

TABLE III
STRUCTURE OF PHONEME HMM

Numberof states 5
Numberof loops 3
Numberof mixtures 12
Numberof phonemes 41
Type Left to right HMM

B. Experimental Results

TableIV showstheresultsof theuserutterancesectiondetec-
tion andtheDOA estimation.TheDOA estimationrateallows
theestimationerrorof � 5 degrees.In the table,89 userutter-
ancesectionswerecorrectlydetectedandtheDOA estimation
rateof correctlydetectedsectionswasabout96%.

TABLE IV
RESULTS OF USER UTTERANCE SECTION DETECTION AND DOA

ESTIMATION

Userutterancesection Thenumberof DOA estimation
detectionrate(%) falsealarmsection rate(%)

89.0(89/100) 5 95.5

TableV showsthespeechrecognitionresultsof thecorrectly
detectedsections.In the table,by usingtheproposedmethod,
thekeyword extractionratewasabout70%. However, to real-
ize thenaturalmachineconversation,theseresultsarenot suf-
ficient. Especially, thereverberantandtheconvolutionalnoises
affect thespeechrecognitionrate.Fromthis fact,it is required
for thespeechrecognitionmethodto berobustfor thesenoises.

TABLE V
SPEECH RECOGNITION RESULTS

Keyword extraction Thenumberof
rate(%) falsealarmwords

Without beamforming 22.4(20/89) 16
With beamforming 48.3(43/89) 7
Proposedmethod 69.7(62/89) 6

V. CONCLUSIONS

In thispaper, weproposedahands-freespeechrecognitionas
a front-endsystemof conversationalTV. As theevaluationre-
sults,theproposedmethodshowedthat theuserutterancesec-
tion detectionrate was 89%, the DOA Estimationwas about
96% andthe keyword extractionratewasabout70 %. In fu-
ture,to improve thespeechrecognitionratein hands-freeenvi-
ronments,we areplanningto develop morerobust hands-free
speechrecognitionmethodto thereverberantandtheconvolu-
tional noises. Furthermore,we will studythe informationre-
trieval methodasa back-endsystemof conversationalTV.
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