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Abstract—In this paper, we investigatehands-freespeectrecog-
nition as front-end systemof corversational TV. The corversa-
tional TV is one of machine corversation systemsto retrieve the
interesting information by inquiring it to the TV. To realize the
natural machine conversation without consciousnesof micro-
phone, hands-free speechrecognition is required. In the hands-
freespeechrecognitionsystem 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 from continuously obsewed signal. Fur-
thermore, by applying the noisereduction and noise adaptation,
the enhancedspeechsignaliis recognizedaccurately.

I. INTRODUCTION

Recently mary TV news programsare broadcasthrough-
out the world. However, they are now broadcasin one-way
from broadcastingtationgto theviewer(user).In this situation,
the usercannotobtainthe detail aboutthe interestinginforma-
tion whenit appearsn the TV news. Furthermoregvenwhen
retrieving the information throughthe internet, the userfeels
incorvenientbecausdne mustprepareandactivatetheinternet
clientsquickly for theinformationretrieval. To retrieve thein-
terestinginformationwithout incorveniencesa corversational
TV is requiredwhich canretrieve the interestinginformation
throughman-machinénteraction.

In the corversationalTV, the requiredinformation is re-
trieved by query words extractedby speechrecognitionof a
userquestion.Here,it is desiredfor the userto gibea question
without consciousnessf a microphonebecausdhe corversa-
tional TV is one of machinecorversationsystems. To real-
ize the naturalmachinecorversation,in this paperwe propose
hands-freespeechrecognitionusing a microphonearray as a
front-endsystemof the corversationall V.

In the hands-free speech recognition system, the
DOA(Direction Of Arrival) of a desiredspeechsignal(user
utterance)is estimatedby using a microphonearray and the
desiredsignalis enhancedy beamforming. Then, the user
utterancesectionis detectedautomaticallyfrom continuously
obsened signalsbasedon the time stability of the DOA. Fur
thermore py applyinga Kalmanfilter basedhoisereduction[1]
andMLLR(Maximum LikelihoodLinear Regression)[2based
noise adaptation,the enhancedspeechsignal is recognized
accurately

Il. SYSTEM OVERVIEW

Fig.1 shaws the systemovervien of our proposedcorversa-
tional TV. In the system,the usercanretrieve his interesting
informationby inquiringit to the TV whenit appearsn the TV
news. Then,to presentheinformationto the user the system
worksaccordingto thefollowing processes.

(1) Recognizeheuserutteranceén hands-freeervironment.
(2) Extractthe querywordsfrom therecognitionresults.
(3) Retrieve theinformationthroughtheinternetby usingthe
querywords.
(4) Synthesizethe responsespeechby usingthe texts of the
retrievedresults.
(5) Presentheretrieved resultsto the userusingsynthesized
responsepeech.
Here,the above processeareclassifiedinto the front-endsys-
tem andthe back-endsystem. The front-endsystemincludes
theprocesg1), andtheback-endsystenincludestheotherpro-
cessesln this paper we investigatea hands-freespeechrecog-
nition asthefront-endsystem(procegd)) of thecorversational
TV.
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Fig.1. Systemoverview of thecorversationallV

I1l. HANDS-FREE SPEECH RECOGNITION

Fig.2 shavs the overview of our proposedhands-freespeech
recognitionasa front-endsystemof the corversationalTV. In



the figure, the DOA of desiredspeechsignal is estimatedby
usinga microphonearrayandthe desiredspeectsignalis en-
hancedby beamforming. Then,the userutterancesectionis
detectedautomaticallyfrom the continuouslyobsened signal.
Furthermoreby applyinga Kalmanfilter basechoisereduction
and MLLR basednoiseadaptationthe enhancedspeechsig-
nalis recognizedaccuratelyIn thebelov sectionsthedetailed
procesof the hands-freespeectrecognitionis described.
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Fig. 2. Processingliagramof hands-Frespeectrecognition

A. Delay and Sum Beam Former

To capturethe desiredspeectsignalwith high quality, a mi-
crophonearray requiresto form the directiity of the desired
speectsignal.In this paperadelayandsumbeamformer[3]as
shavnin Fig.3is employedto capturethedesiredspeectsignal
with high quality. In thefigure,y;(t) denoteghe capturedsig-
nal, M denotegshenumberof microphonesf denotegshe DOA
of desiredsignalz(t), ~ denoteshedelayof arrival of «(¢) and
d denoteghe microphonenterval.

In the delay and sum beamformer, the desiredsignal x(t)
from the direction 6 is emphasized\/ timesbecausehe sig-
nals capturedwith multiple microphonesare addedafter syn-
chronizingthemby usingthe estimateddelay . On the other
hand, the undesiredsignalsare not emphasizedV/ times be-
causethe directionsof the undesiredsignal are differentfrom
thatof the desiredsignal. Thereforethedirectiity of thedelay
andsumbeamformer canbeformedin only a directiond.

Tx®=My, (1

Fig.3. DelayandSumBeamFormer

B. Delays of Arriving Signal Estimation

To estimateghe delayr, a CSP(Crospower SpectruniPhase
analysis)method[4],[5] is emplo/ed andthe CSPcoeficients

CSP; ;(k) arederivedby thefollowing equation.

DFTy;(t)] DFT]y;(t)]*

CSF (k) = IDET | T D F Ty (0]

@)

wherey;(t) andy;(t) denotethesignalscapturedoy themicro-
phonesi andj. Whenadesiredsignalis obsered,thedelayr
is estimatedby detectingthe maximumvalueof C'SP, ;(k) as
thefollowing equation.

T = argmax (CSP; ;(k)) (2)
Thenthe DOA 6 is computedby thefollowing equation.
0 = cos™ ! <c;/f) 3

wherec denoteghesoundpropagatiorspeecand f denoteghe
samplingfrequeng.

C. User Utterance Section Detection

In thecorversationall'V, it is supposedhattheuserinquires
aboutthe interestingor unknavn informationto the TV when
TV news programsare broadcast.Therefore to recognizethe
userutterancen ahands-freenodein the TV news soundervi-
ronmentsa speeclinputinterfaceis requiredwhich canbaige
into TV news sounds. Generally this speechinput interface
is realizedby detectingthe userutterancesectionfrom contin-
uously obsened signal. We proposeherethe user utterance
detectobasedon time stability of the DOA.

In this paper it is supposedhatthe TV news soundsarrive
from the back of the microphonearray asshovn in Fig.4. In
this casethe TV news soundsarecapturedwith variousreflec-
tionsatthe microphonesTherefore the DOA of the TV news
soundsis not stablein the time sequence On the otherhand,
the DOA of the userutterances stablebecauset arrivesfrom
the front of the microphonearray Undertheseassumptions,
time sectionwith morethan1 secondDOA stability is detected
astheuserutteranceegion asshavnin Fig.5.

D. Kalman Filter Based Noise Reduction

The delayand sumbeamformer describedn Sec.llI-A en-
hanceghedesiredspeectsignal. However, additive noisecom-
ponents(residualoise)still existsin the enhancedpeectsig-
nal andthey degradethe speectrecognitionrate. To solwe this
problem estimationof the cleanspeectsignalfrom the speech
signalenhancedy thedelayandsumbeamformeris employed
by using a Kalmanfilter basednoisereductionmethod. The
Kalmanfiltering algorithmis definedbasedon a speectstate
transitionmodel. A speechstatetransitionmodel represents
the statetransitionof speechcomponenincludedin the noisy
speechandis modeledby using the first order Taylor expan-
sion[1].
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Fig.5. An exampleof userutterancesectiondetection

At the kth frame, let X(k), S(k) andN (k) denotethe vec-
torsof power spectraof noisy speechgcleanspeectand(resid-
ual) noiserespectiely, andsuperscript denotehelog-spectral
domain,thenthe Kalmanfiltering algorithmis obtainedasfol-
lows:

S(k) =Fr_1S(k — 1) + Kp(X(k) — F,_1S(k— 1)) (4)

Ki = Qk [Qr + Zniy] - (5)

= Fr 11K, 1)Qr FL |
+Gk712W(k71)G{71

Qx
(6)

Fj, = I+ AX'(k) @)
AXY (k) = X' (k+ 1) — X(k) (8)
G = N(k) )

whereS (k) denoteghe estimatiorof S(k) andQ;, denoteghe
diagonako-variancematrix of theestimatingerrorrespectiely.
Theinitial valuesfor Eq.(4)~(6) aregivenasfollows:

S(0)=0 (10)

Qo=0

In EQ.(6), ¥w () denotesthe diagonalco-variancematrix of
W (k). Yw ) is computeddy thefollowing equatiorunderthe
assumptiorthat W (k) follows zeromeanGaussiarprocess.

(11)

W (k) = AX! (k) — AN!(k) (12)
AN!(k) = NY(k 4 1) — N1(k) (13)
Swky = WKW (k)T (14)

On the otherhand,in Eq.(5), ¥x(x) denoteshe diagonalco-
variancematrix of N (k). Y is computedby the following
equationunderthe assumptiorthat N (k) follows zero mean
GaussiamprocessasW (k) does.

SNk = N(k)N(k)" (15)
In Eq.(14)andEq.(15),to computethe Yy () and X, the
valueof N (k) is estimatedy usinglinear 14thorderpredictive
estimation.

E. Unsupervised MLLR Adaptation

The noisereductionmethoddescribedn Sec.llI-D reduces
the additive noisecomponentsHowever, the methoddoesnot
consideraboutthe reverberantandthe convolutional noise. To
copewith them,adaptatiorof the acousticnodelsis emplgyed
by usingan (on-line) unsupervisedLLR adaptation[2}o the
reverberantandthe corvolutionalnoise.

In theunsupervisedLLR adaptationspealer independent
monophoneHMMs areadaptedo the speectsignalestimated
by the noisereductionmethod. To make this adaptationfea-
sible, monophondabelsarerequiredfor the estimatedspeech
signal. To obtaintheselabels,the speechrecognitionis car
ried out usingthe monophonéHMMs beforeadaptationto the
speechsignal estimatedoy the noisereductionmethod. Then
theMLLR is appliedto theHMMs usingthelabelsandtheesti-
matedspeectsignal.In this paperaninput speectsignalitself
is usedasthe adaptatiormaterialandthe numberof Gaussian
distribution clustersincludedin themonophondiMMs wasset
to1l.

IV. EXPERIMENTS

We evaluatedthe hands-freespeeclrecognitionin the con-
versationall'V ervironment.



A. Experimental Setup

The experimentalmaterialsare 100 sentencespolen by 5
Japanesenale subjectsand include 20 keywords appearedn
theTV news(Eachsubjectspeak20 sentences.)Theneachut-
terancearrivesfrom the subjectin front of a microphonearray
The distancefrom the subjectto the microphonearrayis 2m.
By usingthesematerials,we evaluatedthe hands-freespeech
recognitionby sub-word modelbasedkeyword spotting. The
noisesourcesarethe TV news soundsandthe fannoisegener
atedfrom 4 digital projectorsand9 PCs(Noiselevel is about
55dB.). The TV newsis NHK TV news broadcastt12:000n
November30in 2001.

The acoustic models of the speechrecognition are the
spealer independentmonophoneHMMs. Their structureis
composeddf 5 stateswith 3 loopsand 12 mixturesfor each
state. They were trained using 21,782 sentencespolen by
137 Japanesenales. Thesespeechdatawere taken from the
databas®f AcousticalSocietyof Japan.The featureparame-
tersare composedf 39 MFCCswith 12 MFCCs, log enegy
andtheir first and secondorderderivatives. Tablel, 11 andlll
summarizehe experimentalconditionsfor the acousticanaly-
sisandphonemeHMM.

TABLE |
ACOUSTIC ANALY SISCONDITIONSFOR DOA ESTIMATION

Microphonearray Lineartype, 16 microphones(2crmtenals)

Samplingfrequeny 16kHz,16Bit
Featureparameter CSPcoeficients(4096ttorder)
Analysisframelength 256ms
Analysisframeshift 256ms

Analysiswindow Hammingwindow

TABLE Il
ACOUSTICANALY SISCONDITIONSFOR SPEECH RECOGNITION

Samplingfrequeny 16kHz,16Bit
Pre-emphasis 1-0.97z7"T
Featureparameter

(Noisereduction) FFT spectra(512tlorder)
Featuregparameter MFCC(12thorder)+
(Recognition) Log-Paver+ A + AA
Analysisframelength 20ms
Analysisframeshift 10ms
Analysiswindow Hammingwindow

TABLE Il
STRUCTURE OF PHONEMEHMM
Numberof states 5
Numberof loops 3
Numberof mixtures 12
Numberof phonemes 41
Type Left to right HMM

B. Experimental Results

TablelV shavstheresultsof theuserutterancesectiondetec-
tion andthe DOA estimation.The DOA estimationrateallows
the estimationerror of +5 degrees.In thetable,89 userutter
ancesectionswerecorrectlydetectecandthe DOA estimation
rateof correctlydetectedsectionsvasabout96%.

TABLE IV
RESULTS OF USER UTTERANCE SECTION DETECTION AND DOA
ESTIMATION

DOA estimation
rate(%)
95.5

Userutterancesection Thenumberof
detectiorrate (%) falsealarmsection
89.0(89/100) 5

TableV shavsthe speechrecognitionresultsof the correctly
detectedsections.In the table,by usingthe proposednethod,
the keyword extractionratewasabout70%. However, to real-
ize the naturalmachinecorversation theseresultsare not suf-
ficient. Especiallythereverberantindthe corvolutionalnoises
affectthe speechrecognitionrate. 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
Proposednethod 69.7(62/89) 6

V. CONCLUSIONS

In this paperwe proposed hands-frespeechrecognitionas
a front-endsystemof corversationallV. As the evaluationre-
sults,the proposednethodshaved thatthe userutterancesec-
tion detectionrate was 89%, the DOA Estimationwas about
96% andthe keyword extractionrate wasabout70 %. In fu-
ture,to improve the speechrecognitionratein hands-freeervi-
ronmentswe are planningto develop morerobust hands-free
speechrecognitionmethodto the reverberantandthe convolu-
tional noises. Furthermorewe will studythe informationre-
trieval methodasa back-endsystemof corversationall V.

REFERENCES

[1] M. Fujimoto and Y. Ariki: "Continuous SpeechRecognition under
Non-stationaryMusical EnvironmentsBasedon SpeechState Transition
Model”, Proc.ICASSPO1Vol.l, pp.297-300(2001).

C.L. LeggetterandP.C. Woodland:"Maximum LikelihoodLinearRegres-
sionfor Spealer Adaptationof ContinuousDensityHiddenMarkov Mod-

els”, ComputerSpeectandLanguage\ol.9, pp.171-185(1995).

J.L. Flanagan,).D. JhonstonR. ZhanandG.W. Elko: "ComputerSteered
MicrophoneArrays for SoundTransductionin Large Rooms”, J.Acoust.
Soc.Am., Vol.78,No.5, pp.1508-1518(1985).

M. Omologo and P. Swaizer: "Acoustic Event Localization Us-

ing a Crosspwer-Spectrum Phase Based Technique”, Proc.
ICASSP94,¥l.1.pp.273-276(1994).

P. Svaizer M. Matassoniand M. Omologo, "Acoustic Source Loca-

tion Three-dimensionabpaceUsing Crosspaver SpectrumPhase” Proc.
ICASSP97,l.1.pp.231-234(1997).

(2]

(3]

(4]

(5]



