
VOICE CONVERSION: ADAPTATION OF RELATIVE LOCAL
SPEECH RATE BY MPEG-4 HVXC

Lutz Leutelt, Ulrich Heute
Institutefor CircuitsandSystemsTheory

Christian-AlbrechtsUniversity
Kaiserstraße2, D-24143Kiel, Germany

Phone:++49431880-6132,Fax: ++49431880-6128
e-mail:

�
ll,uh � @tf.uni-kiel.de

ABSTRACT

This paperproposesa modified speechcoder, namely the
MPEG-4 harmonic vector excitation coder (HVXC), for
adaptationof the relative speechrate. Applied to the con-
versionof voicecharacteristicsit canbeusedto partially re-
storethe speakingstyle of a specificspeaker which canget
lostduringtheprocessof aframe-by-framevoiceconversion.
Furthermore,a methodfor estimationof the relative speech
ratebetweentwo differentspeakerswill begiven.Theresults
show that the speechrate can be adaptedby the proposed
systemwith almostno quality decreaseof the synthesized
speech.

1 INTRODUCTION

Thepresentedsystemfor adaptationof thespeechrateisused
in thecontext of voice conversion, the transformationof the
voice individuality of onespeaker to thatof another[2]. By
this technique,it is possibleto derive variousvoices(“tar-
get” speakers) from onesingle referencespeaker (“source”
speaker).

A possibleapplicationof sucha voiceconversionsystem
to a multi-speaker text-to-speech(TTS) system[1] is shown
in Figure1. Insteadof usingoneseparatespeechdatabasefor
eachspeaker as in conventionalTTS systems(Figure1-a),
variousvoicescanbederivedfrom onestandardspeaker by
voiceconversion.Theadvantageof voiceconversionin this
applicationis thatcostlystudiorecordingandhandlabeling
of thespeechcorpusis only necessaryfor thesourcespeaker
who guaranteesthe correct operationof the TTS system,
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Figure1: (a)Conventionalmulti-speakerTTSsystemand(b)
HVXC basedsystemwith voiceconversion.

whereastheotherspeakercanbegeneratedby conversional-
gorithmsfor which lesstrainingdatais required.In thisway,
it is alsopossibleto generatevoicesthatarenotavailablefor
studiorecordingsandthe memoryrequirementsof the TTS
systemcanbe reduced.Using an extendedspeechdecoder
for voiceconversionasdepictedin Figure1-b allows further
reductionof thememoryrequirementsby compressionof the
sourcespeaker’s database.In this paper, a harmonicspeech
coder, theHarmonicVectorExcitationCoder(HVXC) of the
MPEG-4standard[3], is usedfor extractionandsynthesisof
relevantspeaker-characteristicparameters[5].

Themainfocusof this work is on analgorithmfor restor-
ing the speechrate contourof the target speaker. Restor-
ing can becomenecessarysincevoice conversionsystems
usuallygeneratethetargetspeaker with thespeechratecon-
tourof thesourcespeakerwhenspeechparametersetsof the
sourceareextractedon a frame-by-framebasisandmapped
directly onto the target-speaker parametersets. In this way,
the(to someextend)speaker-characteristicspeech-ratecon-
tour, reflectingpartof thespeakingstyleof thetargetspeaker,
is lost. A methodfor estimationof therelativespeechrateis
subjectof section2 andthespeechrateadaptationmoduleis
presentedin section3.

2 RELATIVE LOCAL SPEECH RATE

Thespeechratecanbedifferentiatedin global,local andre-
lativespeechrate[7]. Theglobal speechrateis ameasurefor
the averagenumberof speechsegments,e.g.phonemesor
syllables,per unit of time for an overall utterance,whereas
the local speechrate takes into accountthe variationsof
speechrate within one utterancesdue to prosody (stress,
emotions,etc.)andspeakingstyle. In contrastto theseabso-
lutemeasures,therelative rate (eitherglobalor local) is mea-
suredwith referenceto anotherutterance.In this paper, the
variationsof the relative speechratebetweenthe targetand
thesourcespeakerareconsidered.Figure2a,bdemonstrates
the differing global and local speechrate by spectrograms
with addedphonemeboundariesfor two speakersreadingthe
samesentence.

2.1 Estimation
As for theestimationof therelative speechrate,a methodis
adaptedthat wasproposedfor analysisof speech-ratevari-
ationsof singlespeakersspeakingin differentmanners[6].
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Figure 2: Two correspondingspeechspectrograms(sen-
tenceBE002: “Die Sonnelacht.”, engl.:“The sun laughs
(shines).”) illustrating the differentglobal andlocal speech
rateof source(male,k61) andtargetspeaker (female,k04),
and(c) theestimatedrelative local speech������	� .
Themethodconsistsof two steps.At first, referencepoints
( �	
�� ��	�����  ) of thetime-warpingfunction � ���	� —thatmapsthe
sourcespeaker’s time-axisontothetargetspeaker’s—arede-
terminedby dynamic-timewarping (DTW). The employed
spectralfeatureusedfor alignmentof thespeaker utterances
are Mel-Frequency CepstralCoefficients (MFCC) and for
constraintof thesearchpatha ������������� –schemeis used[6].

Therelative local speechrate �����	� canbedefinedfrom the
warpingfunction � ���	� by�����	� � �"! d� ���	�

d�$#
Sincethereferencepoints( �	
�� ��	�����  ) describing� ���	� arenei-
ther strictly monotonicnor equallyspaced,interpolationby
linearregressionlines is employedto determineanestimate
of �����	� at any arbitrary time instant. The estimate ������	� is
foundby minimizing theweightedmean-squareerror%& ('*),+ ��� 
�� .- �	� � � ��� ,- � ������	��� 
/� 10 �23���	�	� �54768:9�;�< � 6=	9�;�<-.> min #
yielding [6]

������	�?� @  + .A @  + 3� 4
/�  -CB @  + D�	
/� FE 4@  +  A @  +  � 
/�  � ��� ,- @  +  � 
/�  A @  +  � ���  �

whereGFH�I7G�J5K�L M H1NOK�PQISRUT NWVVVYX[Z]\�^:_ `Ya�\cbd:e VVVgf K,N d:eXih K�L M H h K�j d:eXk f
otherwise

denotesa triangular window centeredaroundthe current
valueof � . A choiceof l,m �onqp3p ms was found to be an
adequatecompromisebetweentime resolutionandsmooth-
nessof thespeech-ratecontour.

2.2 Measurements with the Speech Corpus
Five speakers (two female: k04, k06 and threemale: k05,
k61, k65) reading100 sentenceseachwere chosenfrom a
labelledspeechcorpus(“Kiel Corpusof ReadSpeech”[4])
for evaluationof therateadaptationmodule.For thepair of
sourceandtargetspeaker in Figure2, theestimatedrelative
speech-ratecontour ������	� is shown in subplot2-c. Apparently,
thecontour ������	� coincideschieflywith thephonemeduration
patternsin thespectrograms.Thespeakerdependency of the������	� -contour is illustratedon a different sentencefrom the
corpusfor all four targetspeakers(with referenceto k61) in
Figure3. Exceptfor the fact that all target speakersbegin
theutteranceat a significantlyhigherspeechrate,no further
distinct similaritiescanbe directly found. That thesevaria-
tionsin relativespeechratearenot only randombut to some
extentspeakercharacteristiccanbeseenfrom Table1 where
themeanglobalspeechrateandthemean(local)speechrate
of selectedphonemes,averagedover all 100 sentences,are
given. Although theglobal speechratesvary only by a few
percent,someof thespeakersexhibit asignificantlydiffering
speechrate for somephonemeson average. However, the
exact prediction of the target speaker dependentpart of the������	� —influencedby a multitude of factors—isbeyond the
scopeof this paper. Instead,the focusis on the subsequent
adaptationof thespeechrateduringspeechsynthesiswithout
affectingthespeechquality.

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-synthesissystemfor extrac-
tion and resynthesisof speaker-characteristicparameters.
Two different schemesare employed for the framewise

0 0.25 0.5 0.75 1 1.25 1.5
0.5

0.75

1

1.25

1.5

1.75

2

~

time/s

re
l. 

sp
ee

ch
 r

at
e r(

t)

k04
k05
k06
k65

Figure3: Estimatedspeech-ratecontours ������	� for sentence
BE013with referenceto targetspeakerk61.
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Figure4: Simplifiedschemeof theMPEG-4HVXC decoderwith speechrateadaptationmodule.

(length: 20 ms) speechsynthesis(voiced/unvoicedcompo-
nentsynthesizer)[3]: speechframesclassifiedasvoicedare
synthesizedby aharmonicschemein which theresidualsig-
nal is representedby aharmonicspectralpulse-train(atmul-
tiplesof thepitch frequency F0)shapedwith thespectralen-
velopeSE.In addition,bandlimitedcoloredGausssiannoise
is added,dependingonthedegreeof voicednessVUV. In the
caseof an unvoicedspeechframe,the speechsignalis rep-
resentedby a CELP-like (CodeExcited Linear Prediction)
schemein which the residualsignal is generatedin time-
domainby a stochasticcodebookvectoranda gain factor.
Thesynthesisis accomplishedby anLPC-filterderivedfrom
interpolatedLine SpectrumFrequencies(LSF).Continuityof
the transitionsbetweenadjacentparametersetsis preserved
by linearinterpolationof theabovespeechparameters.

3.2 Adaptation Algorithm

Thefavourableinterpolationpropertiesof theHVXC speech
parametersareutilized in thespeechrateadaptationmodule.
It wasderivedfrom thespeedmoduleof theHVXC [3] origi-
nally intendedto providea “f ast-forward”-functionality. The

speaker
k04 k05 k06 k65 k61

rel. globalrate 1.05 1.04 0.94 0.93 1.00

/a/ 0.96 0.98 1.03 0.86 1.00
/e/ 0.83 0.90 0.98 0.81 1.00
/O/ 0.94 0.87 0.94 0.77 1.00
/u/ 0.75 0.81 0.91 0.71 1.00
/U/ 1.06 0.88 1.01 0.95 1.00
/@/ 1.06 0.84 0.93 1.03 1.00

/s/ 0.83 0.85 1.04 1.14 1.00
/z/ 0.82 0.95 1.03 1.12 1.00
/S/ 0.91 0.87 1.09 1.00 1.00

Table1: Meanrelative globalspeechrateandmeanrelative
speechrateof selectedphonemes(normalizedby therelative
global speechrate)with referenceto speaker k61 andaver-
agedover100sentences.

principalprocedureof therateadaptationin conjunctionwith
voice conversionis shown in Figure 5. The speechof the
sourcespeaker is analysedframewisearoundequallyspaced
time instances� 
 �·� 
/� ¸ and for eachanalysisframe the
speechparametersdescribedin theabovesection,heresum-
marizedby ¹ 
*���	
/� ¸/� , areextracted.In thevoice-conversion
step the sourceparameters¹ 
 ��� 
�� ¸ � are mappedonto the
correspondingtargetparameters¹ � ���	
�� ¸º� . Synthesizingthe
target speechwith theseparametersetswould yield a tar-
get speaker utteranceusing the speech-ratecontourof the
source speaker since speech-ratevariationshave not been
consideredyet. Thereforein thenext step,therelativespeech
rate(with referenceto thesourcespeaker) is adaptedsubse-
quently. The synthesisof the rate adaptedspeechis real-
izedon adifferenttimegrid atequallyspacedtime instances���»�¼����� ½ , wherethesynthesisframelengthequalstheanal-
ysisframelength,i.e. ����� ½ - ����� ½/¾,)¿�À�	
/� ¸ - �	
/� ¸3¾Q) �Ánqp ms.
Thecorrespondingtime instances��Â
/� ½ on thesourcespeaker
axiscanbefoundby the(estimated)inversewarpingfunction��Â
/� ½ � �� ¾Q) �����1� ½�� which derivesfrom theestimatedrelative
speechrate ������	� by

�� ¾Q) ���	�Ã�oÄDÅ ;Æ ������Ç1� dÇ�È ¾Q) #
In general,the time instances��Â
/� ½ do not coincidewith the
time instances�	
/� ¸ for which thetargetparameters¹ � ���	
/� ¸º�
areknown. Therefore,the parametersets ¹ �?����Â
/� ½ � arede-
terminedby linearinterpolation.Assuming�	
/� ¸3¾,)ÊÉË��Â
/� ½ É�	
/� ¸ , thentheinterpolatedparametersetis calculatedbyÌ d J5KYÍ L M Î PQI

K Í L M Î NÏK L M Ð a�ÑK L M Ð NÏK L M Ð a�Ñ Ì d
J5K L M Ð a�Ñ PFj

K L M Ð NÏK Í L M ÎK L M Ð NÏK L M Ð aÒÑ Ì d
J5K L M Ð P[Ó

As for theunvoicedresidualsignal,insteadof interpolating
thestochasticsignalsaccordingto theabove scheme,Gaus-
siannoiseof thesameenergy astheresidualsignalcentered
around��Â
/� ½ is inserted.In caseof transientsfrom voicedto
unvoicedframesandvice versa,interpolationis not possible
andtheparameterset ¹ � ��� 
/� ¸ � beingclosestto ��Â
/� ½ is simply
repeated.
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Figure5: Schematicillustrationof thespeechrateadaptation
module.

3.3 Results

The proposedspeechrate adaptationmodule was evalu-
ated with test sentencesfrom the Kiel Corpus. “Ideal”
voice conversionwas appliedto let the speechquality re-
mainunaffectedby thevoiceconversionstep:Parametersets¹ 
 ��� 
�� ¸ � wereextractedfrom thesource-speaker utterances
and mappedonto correspondingsetsof the target speaker¹ �?���	
/� ¸/� which werederiveddirectly from the original tar-
getutterance.Figure6-ashows theresultof this idealvoice
conversionwithout rate adaptationfor the examplepair of
sourceand target speakers in Figure 2. Thoughthe spec-
trogramin Figure6-aexhibits thespectralcharacteristicsof
thetargetspeakerk04, thetime patternsarestill thoseof the
sourcespeakerk61.

In Figure 6-b the speech-rateadaptationwasapplied. It
canbeclearlyseenthatboth, theglobal (durationof theut-
terance)and the local speechratematchagainthe original
utterancein Figure2-b, while spectralandpitch character-
isticsarepreserved. Informal listeningtestsshowedthat the
speakingstyleof thespeakerwith rateadaptationis judgedto
becloserto theoriginalutterancethanwithout. A qualityde-
creaseis not percievableexceptin somecaseswhenstretch-
ing of unvoicedphonemesby a large factor leadsto slight
roughnessor unnaturalness.Furtherstepswill betakenin fu-
turework to improvetherateadaptationfor unvoicedspeech
segments.

4 CONCLUSIONS

A systemfor adaptationof the relative speechrate,charac-
teristic for the speakingstyle of a personto someextend,
wasproposedin this work. Therelativespeechratebetween
sourceandtarget speaker, consideredin a voice-conversion
process,was determinedby a methodusing dynamic-time
warping and weighted interpolationwith regressionlines.
Thespeechrateadaptationmodule,embeddedinto thestan-
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Figure6: Spectrogramsof the targetspeaker k04 generated
from k61 (a)without and(b) with speech-rateadaptation.

dardspeechcoderMPEG-4HVXC, wasshown to becapable
of adjustingthe correctspeechrateof the targetspeaker by
taking advantageof the interpolationpropertiesof the har-
monic synthesisin the HVXC with almostno quality de-
crease. This systemfor determinationand adaptationof
the relative speechratecanbe seenasthe startingpoint for
a derivation of generalrules for predictionof the speaker-
dependentpartin thespeech-ratecontourin futurework.
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