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ABSTRACT

In concatenativespeechsynthesissystems,speechmodelsareusu-
ally usedto representthe speechsignal. Recently, the Harmonic
plus Noise Model, HNM, has beenproposedfor concatenative
speechsynthesiswith promisingresults. Onemain drawbackof
HNM is its complexity. In this paper, we review four different
methodsof reducingthecomplexity of HNM. Theseinclude,strai-
ght-forwardsynthesis,synthesisusinginverseFastFourierTrans-
form,synthesisusingRecurrenceRelationsfor trigonometricfunc-
tions,RR, andsynthesisbasedon DelayedMulti-ResampledCo-
sinefunctions,DMRC. DMRC wasshown to outperformall the
othertechniquesreducingthecomplexity of HNM synthesizerby
95%comparedto thecurrentversionof theHNM which is based
ontheSFmethod.Informal listeningtestsshowedthattheversion
of HNM basedon the DMRC methodprovideshigherquality of
speechsynthesisthantheversionbasedon SF.

1. INTRODUCTION

In thecontext of speechsynthesisbasedonconcatenationof acous-
tic units,speechsignalsmaybeencodedby speechmodels.These
modelsarerequiredto compressthe speechdatabaseandto per-
form prosodicmodificationswherenecessaryand,finally, to en-
surethat the concatenationof selectedacousticunits resultsin a
smoothtransitionfrom oneacousticunit to thenext.

Thereare variousmethodsfor concatenatingacousticunits.
LPC-basedmethodssuchasimpulsedrivenLPCandResidualEx-
cited LP (RELP) have beenproposedfor speechcodingas well
as for speechsynthesis[1]. TD-PSOLA [2] is one of the most
popularconcatenationmethods.It performsa pitch-synchronous
“analysis” and synthesisof speech. MBROLA [3] is basedon
the MBE speechcoder[4] andit mayviewedasa modifiedTD-
PSOLA method. In MBROLA, the voiced partsof the speech
databaseareresynthesizedwith constantphaseandconstantpitch
avoiding, therefore,concatenationproblemsduringsynthesis.Si-
nusoidalmodelshavebeenproposedalsofor synthesis[5] [6]. The
HarmonicplusNoiseModel,HNM [7], is partof thefamily of si-
nusoidalmodelsproposedfor speechsynthesis.In thecontext of
HNM, speechsignalsarerepresentedasa time-varyingharmonic
componentplus a modulatednoisecomponent.The decomposi-
tion of the speechsignal into thesetwo componentsallows for
morenatural-soundingmodifications(e.g.,sourceandfilter modi-
fications)of thesignal[8]. Also, theparametricrepresentationof
speechusingHNM providesa straightforwardway of smoothing
discontinuitiesof acousticunitsaroundconcatenationpoints.For-
mal listening testshave shown that HNM provides high-quality
speechsynthesiswhile outperformingother modelsfor synthe-

sis (e.g.,TD-PSOLA) in intelligibility, naturalnessandpleasant-
ness[9].

Although HNM was found to be a very good candidatefor
theNext GenerationTTS of AT&T, themaindrawbackof HNM
remainsits complexity. Highcomplexity isanimportantdisadvan-
tagein realapplicationsof aTTSsystemwherewe needto run as
many channelsaspossibleon commonlyavailablehardware.The
maintaskof theHNM moduleduringsynthesisis to loadHNM pa-
rametersfrom theHNM database,modify theseparameterswhen
necessary(pitch scalemodificationrequiresre-estimationof har-
monicamplitudesandphases),smoothtransitionpointsandfinally
generatethespeechsignalasasumof anumberof harmonicsand
of modulatednoise.Thenoisepart is producedby filtering Gaus-
siannoisethroughan AR filter and multiplying the outputby a
timedomainenvelope.Prior to this addition,a high-passfilter re-
movesthelow frequency componentfrom thenoisepart.Themost
expensiveoperationduringHNM synthesisis thegenerationof the
speechsignal.How canwereducethiscomplexity? First,wecon-
siderthat thenoisepart maybegeneratedasa sumof harmonics
with randomphase[10], thusavoiding theuseof high-passfilters
during synthesis.Thenthe following questionis asked:what is
thefastestmaybewayto generateandadd

�
harmonics?, where�

may be a big number(limited, however, by half of the sam-
pling frequency of theinputspeechsignalandits fundamentalfre-
quency).
In this paper, we review four differentmethods.Thefirst method
is theStraight-Forward,SF, sumof theseharmonics(SF method
is mainly an inverseDFT). This is the methodcurrentlyusedin
theHNM synthesismodule.Thesecondmethodis theuseof the
InverseFastFourierTransform(IFFT method).Thethird method
makesuse of RecurrenceRelationsfor trigonometricfunctions
(RR method).Finally, thefourthmethodis basedon thetransfor-
mationof thephasespectruminto phasedelaysandthengenerate
the speechsignalasa sumof DelayedMulti-ResampledCosine
functions(DMRC method).
While thefirst thoughtis that the IFFT methodwould be thean-
swer to the above question,in this paper, we will show that the
third andfourth methodsrun muchfasterthanthe IFFT method.
Fromthesetwolastmethods,thefourthmethodisby far thefastest.
The transformationof thephasespectrumto thephasedelaydo-
main provides additionaladvantages. Preliminaryresultsshow
that this is a simpleway to codethephase,becausephasedelays
are lesssensitive to quantizationerrorsthan the phasespectrum
(actually, theproblemof anefficient codingof thephaseinforma-
tion is not solvedyet for thesinusoidalcoders).In addition,this
providesaneasywayto re-estimatethephasedelaysof themodi-
fiedharmonicsduringpitchmodifications.

This paperis organizedas follows. A brief descriptionof



HNM for modelingthespeechsignalandtheapplicationof HNM
in speechsynthesisis given in Section2. In Section3 we present
the four differentmethodsto synthesizea harmonicsignalandin
Section4 the methodsarecomparedin termsof complexity and
Signal to NoiseRatio, SNR.SNR is computedfrom the original
speechsignalandthe synthesizedsignalsobtainedby thesefour
methods.Section4 alsopresentsresultsform aninformal listening
testcomparingthecurrentversionof HNM (usingtheSFmethod
andthesynthesisof thenoisepartusinga filtering process)with
a new versionof HNM wheretheDMRC methodwasused.The
Sectiondiscussessomeotheradvantagesof usingphasedelaysin-
steadof usingthephasespectrumfor thecompressionof aspeech
databaseandfor speechmodifications. Finally, conclusionsand
plansfor futurework aregivenin Section5.

2. HNM FOR SPEECH SYNTHESIS

In thissection,wepresentabrief descriptionof HNM for theanal-
ysis andsynthesisof speech.For a detaileddescriptionof HNM
for synthesis,see[7]. HNM is basedonaharmonicplusnoiserep-
resentationof thespeechsignal. The harmonicpart accountsfor
thequasi-periodiccomponentof thespeechsignal; thenoisepart
modelsits non-periodiccomponents,whichincludefricationnoise
andperiod-to-periodvariationsof theglottalexcitation.

The spectrumis divided into two bands. The time-varying
maximumvoicedfrequency determinesthelimit betweenthetwo
bands.In the lower band,thesignalis representedsolelyby har-
monically relatedsinewaveswith slowly varyingamplitudes,and
frequencies:
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andphaseat time
�

of thek-th harmonic,, - ����� is thefundamental
frequency and

�%�����
is the time-varyingnumberof harmonicsin-

cludedin theharmonicpart.
The upperband,which containsthenoisepart, is modeledby an
AR modelandismodulatedbyatime-domainamplitudeenvelope.
Thenoisepart, 1 ����� , is thereforesupposedto have beenobtained
by filtering awhiteGaussiannoise2 ����� by atime-varying,normal-
izedall-polefilter

����3546���
andmultiplying the resultby anenergy

envelopefunction 7 ����� :1 �����	� 7 �����98 ����3546���;: 2 �����=< (2)

Theestimationof HNM parametersis anoff-line processwherea
segmentedspeechdatabaseis analyzedandtheHNM parameters
(the harmonicamplitudes,theharmonicphases,andthe parame-
tersof the AR model)areestimatedandsaved into an inventory
file [7].
At synthesistime,HNM parametersareconcatenatedandthepro-
sodyof someunits may be alteredin order to matchthe desired
prosody. In caseof pitch modification,amplitudesandphasesare
estimatedat thenew harmonics[8]. Next, HNM parametershave
to be smoothedaroundconcatenationpoints(this mainly means
linear interpolationof harmonicamplitudes[7]). The last step
is the generationof the syntheticsignalusingthe streamof (po-
tentially) modified HNM parameters.Synthesisis performedin

a pitch-synchronousway (without any useof glottal closurein-
stants)usingan overlapand add(OLA) process.The harmonic
partis synthesizeddirectlyin thetime-domainasasumof harmon-
ics (Eq.1). The noisepart is obtainedby filtering a unit-variance
white Gaussiannoisethrougha normalizedall-pole filter. If the
frameis voiced,thenoisepart is filteredby ahigh-passfilter with
cutoff frequency equalto themaximumvoicedfrequency. Then,
it is modulatedby a time-domainenvelopesynchronizedwith the
pitch period. This modulationof thenoisepartwasshown[11] to
be necessaryin orderto preserve thenaturalnessof somespeech
sounds,suchasvoicedfricatives.

Theuseof highpassfilters for thegenerationof thenoisepart
increasesthecomplexity of theHNM module.Therefore,wehave
decidedto simplify thesynthesisstructureby generatingthenoise
partasasumof harmonicswith randomphases[10][12]. For un-
voicedframesthefundamentalfrequency hasbeensetto >�?@?0A'B ,
while for voicedframeswe have usedtheestimatedfundamental
frequency for bothbands;for the lower band(periodicpart),and
for theupperband(non-periodicpart). This way, Eq.1describes
the entirespectrumfor bothunvoicedandvoicedframesandfor
periodicandnon-periodicparts.Thenumberof harmonics,

�C�����
,

is thengivenby: �%�����D��EGF , ����� (3)

For convenienceof notationwewill use
�

insteadof
�C�����

for the
restof thepaper.

3. DIFFERENT WAYS TO ADD K HARMONICS

In this sectionwe review four different techniquesfor the gen-
erationof the harmonicsignalwith HNM. This is importantfor
reducingthe complexity of HNM becausemorethen80%of the
executiontimeof theHNM synthesismoduleis spenton generat-
ing thesyntheticsignal(Eq.1).

3.1. Straight-forward synthesis, SF

Thefirst attemptis to directly generatethesyntheticsignalby ap-
plying Eq.1.Wewill referto thismethodasSF. Themainproblem
with this methodis the generationof the cosinefunctions. Al-
thoughmodernmachinesmayhave very fast trigonometricfunc-
tions,thissliceis very expensive.

3.2. Inverse Fast Fourier Transform, IFFT

Thefirst thoughtto speedupthegenerationof thesyntheticsignal
is theuseof theInverseFFT. FFTsmaybeusedwhenthenumber
of frequency bins(sizeof theFFT) is anumberof apowerof two.
Becausethenumberof harmonicsmaynot be sucha number, an
assignmentof theknownfrequency information(harmonics)to the
closestfrequency bins is necessary. This introduces,however, an
error in the syntheticsignal. The biggerthe sizeof the FFT, the
smallerthe error (or, otherwise,the higher the SNR). However,
thebiggerthesizeof FFT, theslower thegenerationof thesignal
(highercomplexity). McAulay andQuatiery, foundthatfor H � A'B
bandwidthspeechnolossof qualitywasdetectedprovidedtheFFT
lengthwasat least I5>KJ points[10]. Although the bandwidthwe
testedtheFFTmethodfor is L � A'B , wehavefoundthatthis length
is notenough.Therefore,wehavedonetestswith largerFFTsizes
(e.g.,1024,4096,8192).While theerrorin thesynthesizedsignal
is reducedby increasingthesizeof theFFT, thegenerationof the



harmonicsignalis slowing down considerably, aswe will show
later.

3.3. Recurrence Relations for Cosine functions, RR

Trigonometricfunctionswhoseargumentsform a linearsequence�M�N� - " 1#O with 1 � ? 4 > 4 J 4�P�P�P�4 areefficiently calculatedby the
following recurrence[13]:Q�R@S ���T" O �U� Q�RVS �XWY8 Z Q[RVS �
"]\ S�^`_ �a< (4)S�^`_ ���T" O �U� S�^`_ �
Wb8 Z S�^`_ �
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where
Z

and
\

aretheprecomputedcoefficientsZ � J S�^`_Gd � O J � (6)\ � S�^`_ O (7)

WhentheincrementO is small,thentherecurrencerelationsdonot
losesignificance.For eachharmonic,

�
, we have to computethe

coefficients
Z �

and
\ �

(Eqs.6and7) whereO � �e� ,�- .
3.4. Delayed Multi-Resampled Cosine functions, DMRC

In thismethodthephaseinformationis first transformedintophase
delays.Thephasedelay,

� �
, of the

�
th harmonicis definedas:� � �NWT$D��� , - �&Fc� , - (8)

where
$D��� ,�- � is the measuredphaseat

� ,�- frequency. Phase
delaysare expressedin samplesand thereforeare lesssensitive
to quantizationerrors. Transformingphasespectruminto phase
delaysallowsusto write Eq.1asfollowing:�������D� 
� � ��� �

� ������f%�&8`�c�gW%� � <ihj�@/lkT�
(9)

where
hj�@/

standsfor modulo,
k

is the integer pitch period in
samples,and

f
denotesthecosinefunction:f%�����D� Q�R@S ��� ,�- �m4T�D� ? 4[n�n�n�4&kYW > (10)

Eq.9 shows that
�������

may be generatedin a simple way. First,
we computethe signal

f%�����
(actually,

f%�����
is precomputedas

thereis a limited possiblenumberof integer pitch periodsandit
is just loadedfrom thedisk duringthegenerationof theharmonic
signal),andthenfor every

�
harmonic,

f%�����
is delayedby

� �
, and

downsampledby a factor
�
.

4. RESULTS AND DISCUSSION

In this sectionwe comparethefour previously presentedmethods
basedon their speedto generatea harmonicsignalof

�
harmon-

ics,andbasedon thesignalto noiseratio (SNR)definedas:oDprq�� >[? .s�ct � - u d v �����u dw �x��� * v �x��� (11)

where u dw ����� * v ����� denotesthe varianceof the modelingerror and

u d v �x��� denotesthevarianceof theoriginal speechsignal
�V�����

. We
have collectedIc?V? voicedframes(250of a femalevoiceand250
of a malevoice, having a distribution of fundamentalfrequency

from 75Hz upto 300Hz) andeachframewassynthesized>�? 4 ?V?V?
times. The whole experimentwas repeatedfive times. All the
methodswereimplementedin C, andcompiledwith optimization.
All theexperimentswereconductedonthesameSGImachinewith
anIrix 6.5operatingsystem.Table.1 shows themedianSNRfor
eachof thesemethodsandtherelative mediantimesallocatedby
eachof thefour methodsto synthesizea voicedframefor 10,000
times(in orderto measurecomputingtime accurately).The rel-
ative valuesare computedbasedon the mediantime for the SF
method(this is why the relative mediantime for SFin Table.1 is
one).Also, at thesametablewe show theresultswith five differ-
ent lengthsof IFFTs. In the computedtimes,we neitherinclude

Method MedianSNR(dB) RelativeMedianTime
SF y!> P J0> >
IFFT (512) I P ?VH ? P Jc?Vz
IFFT (1024) >�? P z@z ? P JcyVL
IFFT (2048) >�z P z�I ? P H@HVH
IFFT (4096) J5> P JcL ? P { LVH
IFFT (8192) JV| P I@J J P Ic?0|
RR J { P L { ? P >KIaL
DMRC yV? P z�J ? P ?@H0|

Table1: MedianSNRandrelative mediantimesfor thefour can-
didatemethodsfrom thewholeexperiment.

theassignmentof thefrequency information(harmonicamplitudes
and phases)to the frequency bins for the IFFT method,nor do
we include the computationof the phasedelaysfor the DMRT
method

�
. The resultspresentedin Table.1 aredepictedgraphi-

cally in Fig. 1 wherethe absolutemediantime (in seconds)for
eachof thesemethodsis reported.It is worthwhileto notethatthe
mediantime for theDMRC methodwas3 secondswhile for the
SFmethodwas63 seconds.This meansa reductionin thecom-
plexity of approximately95%. At the sametime the SNR using
DMRC is comparableto theSNRof SF. It is worthalsonotingthat
alargesizeof FFTisnecessaryin ordertoachievehighSNR.This,
however, slowsdown significantlythegenerationof theharmonic
signal.Thesecondfastestmethodis theRR method.All thepre-
sentedmethodsmakeuseof thephasespectrumwith theexception
of the DMRC method. Phase,however, is very difficult to code.
Previousattemptsin sinusoidalcodersto copewith thecodingof
phaseincludeminimumphaseapproaches[10] andtheuseof all-
passfilters [14]. However, thesetechniquescannotbe usedfor
high-qualityspeechsynthesisbecausethe syntheticspeechusing
minimum phase(andall-passfilters) is perceived, unfortunately,
as buzzy. As speechdatabasesfor speechsynthesisare getting
bigger (e.g., for TTS systemsbasedon unit selection[15] [16])
the compressionof thesedatabasesis becomingan importantis-
sue.A compresseddatabasedoesnotonly occupylessdisk space.
Thetime of accessinga compresseddatabaseis alsosmallerthan
thetimeof accessingthesamedatabasein its uncompressedform.
Preliminaryresultsshowed that phasedelayswere lesssensitive
to quantizationerrors. For instance,representingphasedelaysas
a percentageof the integer pitch period,allowed us to use7 bits
for therepresentationof aphasedelay. Usingthis rathersimplistic
schemeof “coding” acompressionof thespeechdatabaseby two�

Phasedelaysareactuallycomputedoff-line withoutanyneedto com-
putethemduringsynthesis.For the FFT method,however, the operation
of theassignmentof theavailablefrequencyinformationto thefrequency
binsshouldbedoneduringsynthesis.
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Figure1: Comparingthefour methodsfor thegenerationof ahar-
monicsignal.SF(+), FFT(*), RR(o),DMRC(} ).

wasachieved. In the future,a moresophisticatedcodingscheme
will allow amuchhighercompressionratio.

Motivatedby thesenicepropertiesof phasedelays(fastgen-
erationof the speechsignal,possiblecompressionof the speech
database)wedecidedto updateHNM with theDMRC methodand
compareit with thecurrentversionof HNM (whichisusingtheSF
method)in the taskof synthesisof continuousspeech.Informal
listening testswith 8 listenerswere conducted.Resultsshowed
thatspeechsynthesizedby theupdatedHNM systemwassuperior
to the onesynthesizedby the currentHNM. As it wasexpected,
theupdatedHNM systemwasabout12 timesfasterthanthecur-
rentHNM synthesismodule.Finally, asmentionedabove, with a
rathersimplisticcodingschemeof phaseinformation(usingphase
delays)thespeechdatabasewascompressedby a factorof two.

5. CONCLUSION

In this paper, four different techniqueswere testedfor fast gen-
erationof a signal representedas the sumof

�
harmonicswith

theconditionof highSNR.Wecomparedthestraightforwardsyn-
thesis,SF, synthesisbasedon the inverseFastFourierTransform,
IFFT, synthesisbasedon recurrencerelationsfor trigonometric
functions,RR, andfinally, synthesisbasedon DelayedMulti-Re-
sampledCosinefunctions,DMRC. DMRC was found to be the
fastestof all of the other techniquesallowing a reductionof the
complexity of the currentHNM by 95%. Whenthis new way to
synthesizeharmonicsignalswasincludedinto the HNM synthe-
sis module,HNM wasfound to run 12 timesfasterthanthe du-
rationof theoriginal speechsignal. Moreover, informal listening
testsshowed that the syntheticsignalobtainedusingthe DMRC
methodwassuperiorin qualityto theoneobtainedwith theversion
of HNM usedso far (SF methodplusmodulatednoise). Finally,
in thepaperwe proposetheuseof phasedelaysinsteadof phase
for a lesssensitiveto quantizationerrorwayto representphase.In
the future,we planto usephasedelaysfor an effective codingof
thephaseinformationin orderto compresslargespeechdatabases
for speechsynthesis.Phasedelaysmay alsobe usedfor the re-
estimationof phaseinformationin caseof pitch modificationsas
well asfor smoothingthephaseinformationaroundconcatenation
pointsin concatenativespeechsynthesis.
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