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ABSTRACT

This paperproposesa modified speechcoder namelythe
MPEG-4 harmonic vector excitation coder (HVXC), for
adaptationof the relative speechrate. Applied to the con-
versionof voice characteristicé canbe usedto partially re-
storethe speakingstyle of a specificspealer which canget
lostduringtheproces®f aframe-by-framevoicecornversion.
Furthermorea methodfor estimationof the relative speech
ratebetweentwo differentspealerswill begiven.Theresults
shav that the speechrate can be adaptedby the proposed
systemwith almostno quality decreasef the synthesized
speech.

1 INTRODUCTION

Thepresentedystenfor adaptatiorof thespeechateis used
in the context of voice conversion, the transformatiorof the
voice individuality of onespealer to that of another[3. By
this technique,it is possibleto derive variousvoices (“tar-
get” spealers) from one single referencespealer (“source”
spealer).

A possibleapplicationof sucha voice corversionsystem
to a multi-spealer text-to-speecl{TTS) system[1] is shavn
in Figurel. Insteadof usingoneseparatspeectdatabaséor
eachspealer asin corventional TTS systemg(Figure 1-a),
variousvoicescanbe derived from onestandardspealer by
voice corversion. The advantageof voice conversionin this
applicationis that costly studiorecordingandhandlabeling
of thespeecttorpusis only necessarfor thesourcespealer
who guaranteeghe correct operationof the TTS system,
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Figurel: (a) Corventionalmulti-spealer TTS systemand(b)
HVXC basedsystemwith voice corversion.

whereagheotherspealercanbegeneratedby conversional-
gorithmsfor which lesstrainingdatais required.In this way,
it is alsopossibleto generatevoicesthatarenot availablefor
studiorecordingsandthe memoryrequirement®f the TTS
systemcanbe reduced. Using an extendedspeechdecoder
for voice corversionasdepictedn Figure1-b allows further
reductionof thememoryrequirementdy compressiomf the
sourcespealer’s databaseln this paper a harmonicspeech
coder theHarmonicVectorExcitationCoder(HVXC) of the
MPEG-4standard[} is usedfor extractionandsynthesiof
relevantspealer-characteristiparameters[b

The mainfocusof this work is on analgorithmfor restor
ing the speechrate contourof the target spealer. Restor
ing can becomenecessarysince voice conversionsystems
usuallygeneratghetargetspealer with the speechratecon-
tour of the sourcespealer whenspeectparametesetsof the
sourceareextractedon a frame-by-framebasisandmapped
directly ontothe target-speakr parametesets. In this way,
the (to someextend) spealer-characteristicspeech-rateon-
tour, reflectingpartof thespeakingstyleof thetargetspealer,
is lost. A methodfor estimationof therelative speectrateis
subjectof section2 andthe speechrateadaptatiormoduleis
presentedn section3.

2 RELATIVE LOCAL SPEECH RATE

The speechratecanbe differentiatedn global,local andre-
lative speechrate[7. Theglobal speechateis ameasurdor
the averagenumberof speechsggments,e.g. phonemesor
syllables,per unit of time for an overall utterancewhereas
the local speechrate takes into accountthe variations of
speechrate within one utterancesdue to prosody (stress,
emotionsetc.) andspeakingstyle. In contrasto theseabso-
lute measuregherelativerate (eitherglobalor local)is mea-
suredwith referenceo anotherutterance.In this paper the
variationsof the relative speectrate betweenthe targetand
the sourcespealer areconsideredFigure2a,bdemonstrates
the differing global and local speechrate by spectrograms
with addedbhonemédoundariegor two spealersreadingthe
samesentence.

2.1 Estimation

As for the estimationof therelative speeclrate,a methodis
adaptedhat was proposedor analysisof speech-rateari-
ationsof single spealersspeakingin differentmannerq6].
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Figure 2: Two correspondingspeechspectrogramgsen-

tence BEOO2: “Die Sonnelacht’, engl.:“The sun laughs

(shinesy) illustrating the differentglobal andlocal speech

rateof source(male,k61) andtargetspealer (female,k04),

and(c) theestimatedelative local speect(t).

The methodconsistsof two steps. At first, referencepoints
(ts,:; t,s) of thetime-warpingfunctionw(¢)—thatmapsthe
sourcespealer’'stime-axisontothetargetspealer's—arede-
terminedby dynamic-timewarping (DTW). The employed
spectrafeatureusedfor alignmentof the spealer utterances
are Mel-Frequeng CepstralCoeficients (MFCC) and for
constrainiof the searchpatha[1/3, 3]-schemes used[6].

Therelative local speectrater(t) canbedefinedfrom the
warpingfunctionw(t) by

. /dw(?)

Sincethereferencepoints(ts,;; tr,;) describingw(t) arenei-
ther strictly monotonicnor equally spacedjnterpolationby
linearregressioninesis employedto determinean estimate
of r(t) at ary arbitrary time instant. The estimatef(¢) is
foundby minimizing theweightedmean-squarerror

N ~ ~
S g (ts — ) [tri — (F(t) tss + @) 25 min.
=1

yielding [6]
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denotesa triangularwindow centeredaroundthe current
valueof ¢. A choiceof Tp = 200mswasfoundto be an
adequateompromisebetweentime resolutionand smooth-
nessof the speech-rateontour

2.2 Measurementswith the Speech Corpus

Five spealers (two female: k04, k06 andthreemale: k05,
k61, k65) reading100 sentencegachwere chosenfrom a
labelled speechcorpus(“Kiel Corpusof ReadSpeech”[$)
for evaluationof the rateadaptatiormodule. For the pair of
sourceandtargetspealer in Figure 2, the estimatedelative
speech-rateontours(t) is shavnin subplot2-c. Apparently
thecontours (t) coincideschiefly with thephonemeduration
patterngn the spectrogramsThe spealer dependengof the
7(t)-contouris illustratedon a different sentencerom the
corpusfor all four targetspealers(with referenceo k61) in
Figure 3. Exceptfor the fact that all target spealers begin
the utteranceat a significantlyhigherspeectrate,no further
distinct similaritiescanbe directly found. Thatthesevaria-
tionsin relative speechratearenot only randombut to some
extentspealer characteristicanbeseenfrom Tablel where
themeanglobalspeechrateandthe mean(local) speechate
of selectedphonemesaveragedover all 100 sentencesare
given. Althoughthe global speectratesvary only by a few
percentsomeof thespealersexhibit a significantlydiffering
speectrate for somephonemesn average. However, the
exact prediction of the target spealer dependenpart of the
7 (t)—influencedby a multitude of factors—isbeyond the
scopeof this paper Instead the focusis on the subsequent
adaptatiorof thespeechrateduringspeectsynthesisithout
affectingthe speechyuality.

3 RATE ADAPTATION MODULE

3.1 Analysis-Synthesis-System

The adaptationmodule for the speechrate is embedded
into the MPEG-4 HVXC decoder(see Figure 4), which

is part of the overall analysis-synthesisystemfor extrac-

tion and resynthesisof spealer-characteristicparameters.
Two different schemesare employed for the framewise
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Figure 3: Estimatedspeech-rateontoursr(t) for sentence
BEO013with referencdo targetspealerk61.
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Figure4: Simplified schemeof the MPEG-4HVXC decodemith speectrateadaptatiormodule.

(length: 20 ms) speechsynthesigvoiced/uvoiced compo-
nentsynthesizer)[B speechframesclassifiedasvoicedare
synthesizedby a harmonicschemen which theresidualsig-
nalis representetly a harmonicspectrapulse-train(at mul-
tiplesof the pitch frequeng FO) shapedvith the spectraken-
velopeSE. In addition,bandlimitedcoloredGausssiamoise
is addeddependingnthedegreeof voicednes®UV. In the
caseof an urvoicedspeechrame,the speectsignalis rep-
resentedby a CELP-like (CodeExcited Linear Prediction)
schemein which the residualsignal is generatedn time-
domainby a stochasticcodebookvector and a gain factot
Thesynthesiss accomplishedby anLPC-filter derivedfrom
interpolated.ine Spectrunfrequencieé SF).Continuityof
the transitionsbetweenadjacentparametesetsis presered
by linearinterpolationof the above speectparameters.

3.2 Adaptation Algorithm

Thefavourableinterpolationpropertiesof the HVXC speech
parametergareutilizedin thespeectrateadaptatiormodule.
It wasderivedfrom thespeednoduleof theHVXC [3] origi-

nally intendedo provide a “f ast-forward”-functionality The

spealer

k04 | k05 | k06 | k65 | k61

| rel. globalrate | 1.05| 1.04 | 0.94| 0.93 | 1.00
/al 0.96| 0.98| 1.03| 0.86 | 1.00
lel 0.83| 0.90| 0.98| 0.81| 1.00
1 0.94| 0.87| 0.94| 0.77| 1.00
lul 0.75{ 0.81] 0.91| 0.71| 1.00
v 1.06| 0.88| 1.01| 0.95| 1.00
/I @ 1.06| 0.84| 0.93| 1.03| 1.00
/sl 0.83| 0.85| 1.04| 1.14 | 1.00
lzl 0.82| 0.95| 1.03| 1.12| 1.00
1S/ 0.91| 0.87| 1.09| 1.00| 1.00

Tablel: Meanrelative global speechrateandmeanrelative
speechateof selectegphonemegnormalizedby therelative
global speectrate) with referenceto spealer k61 and aver-
agedover 100sentences.

principalproceduref therateadaptationn conjunctiorwith
voice cornversionis shavn in Figure 5. The speechof the
sourcespealer is analysedrameawvisearoundequallyspaced
time instancess = tg,, andfor eachanalysisframe the
speectparameterslescribedn theabove sectionheresum-
marizedby Ps(ts,»), areextracted.In the voice-coiversion
stepthe sourceparametersPs(ts,x) are mappedonto the
correspondindgargetparameterdr(ts ). Synthesizinghe
target speechwith theseparametersetswould yield a tar-
get spealer utteranceusing the speech-rateontour of the
source spealer since speech-ratevariationshave not been
considereget. Thereforein thenext step therelative speech
rate (with referenceo the sourcespealer) is adaptedsubse-
guently The synthesisof the rate adaptedspeechis real-
izedon a differenttime grid atequallyspacedime instances
tr = tr,,, wherethesynthesigramelengthequalsthe anal-
ysisframelength,i.e.tr , —tr,—1 = tsx—tsr—1 = 20ms
Thecorrespondingime instances , onthesourcespealer
axiscanbefoundby the(estimated)nversewarpingfunction
ts,, = @~ "(tr,,) which derivesfrom the estimatedelatve

sp’eechatef(t) by
t 1 :|
~—dT
[/0 7(7)

In generalthe time instances’s , do not coincidewith the
timeinstances g, for which thetamgetparameter®r (s, )
areknown. Therefore the parametesetsPr(t ,) arede-
terminedby linearinterpolation.Assumingts x—1 < t's,p <
ts,x, thentheinterpolatedparametesetis calculatedby

-1

/
tsu —tsa-1

tsa — t
Pr(ts,) = Pr(tsa—1)+ = St

PT(tS,,\).
A —tsa-1

tsax —tsa-1

As for the urvoicedresidualsignal,insteadof interpolating
the stochasticsighalsaccordingto the above schemeGaus-
siannoiseof the sameenegy astheresidualsignalcentered
aroundty , is inserted.In caseof transientsrom voicedto
unvoicedframesandvice versa,nterpolationis not possible
andtheparametesetPr(ts,») beingclosestoty , is simply
repeated.
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Figure5: Schematigllustrationof thespeechateadaptation
module.

3.3 Reaults

The proposedspeechrate adaptationmodule was evalu-
ated with test sentencedrom the Kiel Corpus. “Ideal”
voice corversionwas appliedto let the speechquality re-
mainunafectedby thevoice corversionstep:Parametesets
Ps(tg,») wereextractedfrom the source-speads utterances
and mappedonto correspondingsetsof the target spealer
Pr(ts,») which werederiveddirectly from the original tar-
getutterance Figure6-ashaws theresultof this ideal voice
corversionwithout rate adaptationfor the example pair of
sourceand target spealersin Figure 2. Thoughthe spec-
trogramin Figure6-a exhibits the spectralcharacteristicef
thetargetspealer k04, thetime patternsarestill thoseof the
sourcespealerk61.

In Figure 6-b the speech-rateadaptationwas applied. It
canbe clearly seenthat both, the global (durationof the ut-
terance)andthe local speechrate matchagainthe original
utterancen Figure 2-b, while spectraland pitch character
isticsarepresered. Informal listeningtestsshavedthatthe
speakingstyleof thespealerwith rateadaptations judgedto
becloserto theoriginal utterancehanwithout. A quality de-
creases not percievableexceptin somecasesvhenstretch-
ing of unvoiced phonemesy a large factor leadsto slight
roughnessr unnaturalnesg-urtherstepswill betakenin fu-
turework to improve therateadaptatiorfor urvoicedspeech
segments.

4 CONCLUSIONS

A systemfor adaptatiorof the relative speectrate, charac-
teristic for the speakingstyle of a personto someextend,
wasproposedn thiswork. Therelative speectratebetween
sourceandtarget spealer, consideredn a voice-cotversion
processwas determinedoy a methodusing dynamic-time
warping and weightedinterpolationwith regressionlines.
The speeclrateadaptatiormodule,embeddednto the stan-
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Figure6: Spectrogramsf the target spealer k04 generated
from k61 (a) withoutand(b) with speech-ratadaptation.

dardspeecttoderMPEG-4HVXC, wasshovnto becapable
of adjustingthe correctspeectrate of the target spealer by

taking advantageof the interpolationpropertiesof the har

monic synthesisin the HVXC with almostno quality de-

crease. This systemfor determinationand adaptationof

the relative speechrate canbe seenasthe startingpoint for

a derivation of generalrulesfor predictionof the spealer-

dependenpartin the speech-rateontourin future work.
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