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ABSTRACT

In concatenatie speectsynthesisystemsspeechmodelsareusu-
ally usedto representhe speectsignal. Recently the Harmonic
plus Noise Model, HNM, has beenproposedfor concatenatie

speectsynthesisnith promisingresults. One main drawvback of

HNM is its compleity. In this paper we review four different
methodof reducinghe compleity of HNM. Thesdnclude,strai-

ght-forwardsynthesissynthesisisinginverseFastFourier Trans-
form, synthesisisingRecurrenc®elationgor trigonometridunc-

tions, RR, andsynthesidasedon DelayedMulti-ResampledCo-

sine functions,DMRC. DMRC wasshown to outperformall the
othertechniqueseducingthe compleity of HNM synthesizeby

95% comparedo the currentversionof the HNM which is based
onthe SFmethod.Informallisteningtestsshovedthatthe version
of HNM basedon the DMRC methodprovides higherquality of

speectsynthesighantheversionbasedn SE

1. INTRODUCTION

In thecontext of speecltsynthesidasedn concatenationf acous-
tic units,speectsignalsmaybeencodedy speecimodels.These
modelsarerequiredto compresghe speechdatabaseandto per
form prosodicmodificationswherenecessanand, finally, to en-
surethatthe concatenatiomf selectedacousticunits resultsin a
smoothtransitionfrom oneacousticunit to the next.

There are variousmethodsfor concatenatin@cousticunits.
LPC-basednethodsuchasimpulsedrivenLPC andResiduaEx-
cited LP (RELP) have beenproposedor speechcoding as well
asfor speechsynthesig1]. TD-PSOLA [2] is one of the most
popularconcatenatiomethods.It performsa pitch-synchronous
“analysis” and synthesisof speech. MBROLA [3] is basedon
the MBE speectcoder[4] andit may viewed asa modified TD-
PSOLA method. In MBROLA, the voiced partsof the speech
databasareresynthesizedith constanphaseandconstanpitch
avoiding, therefore concatenatioproblemsduring synthesis . Si-
nusoidalimodelshave beenproposedlsofor synthesig5] [6]. The
HarmonicplusNoiseModel, HNM [7], is partof thefamily of si-
nusoidalmodelsproposedor speectsynthesis.In the context of
HNM, speectsignalsarerepresentedsatime-varying harmonic
componenplus a modulatedhoisecomponent. The decomposi-
tion of the speechsignalinto thesetwo componentsallows for
morenatural-soundingnodificationg(e.g.,sourceandfilter modi-
fications)of the signal[8]. Also, the parametriaepresentationf
speechusingHNM providesa straightforwardway of smoothing
discontinuitieof acoustiaunitsaroundconcatenatiopoints. For-
mal listening testshave shavn that HNM provides high-quality
speechsynthesiswhile outperformingother modelsfor synthe-

sis (e.g., TD-PSOLA) in intelligibility, naturalnessnd pleasant-
nesq9].

Although HNM wasfound to be a very good candidatefor
the Next GenerationlT TS of AT&T, the maindravback of HNM
remaindts compleity. High compleity is animportantdisadwan-
tagein realapplicationof a TTS systemwherewe needto run as
mary channelsaaspossibleon commonlyavailablehardware The
maintaskof theHNM moduleduringsynthesiss toloadHNM pa-
rameterdrom the HNM databasemodify theseparametersvhen
necessarypitch scalemodificationrequiresre-estimatiorof har
monicamplitudesandphases)smoothtransitionpointsandfinally
generatehe speectsignalasa sumof anumberof harmonicsand
of modulatedchoise. Thenoisepartis producedy filtering Gaus-
siannoisethroughan AR filter and multiplying the outputby a
time domainervelope.Prior to this addition,a high-pasdilter re-
movesthelow frequeny componenfrom thenoisepart. Themost
expensveoperatiorduringHNM synthesiss thegeneratiorof the
speectlsignal.How canwe reducethis complexity? First, we con-
siderthatthe noisepart may be generatecsa sumof harmonics
with randomphasd10], thusavoiding the useof high-pasdilters
during synthesis. Thenthe following questionis asked:what is
thefastestmaybewayto geneateandadd K~ harmonics?where
K may be a big number(limited, however, by half of the sam-
pling frequeng of theinputspeectsignalandits fundamentafre-
queng).

In this paper we review four differentmethods.The first method
is the Straightforward, SF, sumof theseharmonics(SF method
is mainly an inverseDFT). This is the methodcurrentlyusedin
the HNM synthesianodule. The secondmethodis the useof the
InverseFastFourier Transform(IFFT method).Thethird method
makesuse of RecurrenceRelationsfor trigonometricfunctions
(RR method).Finally, the fourth methodis basedon the transfor
mationof the phasespectruminto phasedelaysandthengenerate
the speechsignalasa sumof DelayedM ulti-ResampledCosine
functions(DMRC method).

While thefirst thoughtis thatthe IFFT methodwould be the an-
swerto the above question,in this paper we will shav thatthe
third andfourth methodsrun muchfasterthanthe IFFT method.
Fromthesdwo lastmethodsthefourthmethods by far thefastest.
The transformatiorof the phasespectrumto the phasedelaydo-
main provides additional advantages. Preliminary resultsshov
thatthis is a simpleway to codethe phasepecausghasedelays
arelesssensitve to quantizationerrorsthanthe phasespectrum
(actually the problemof an efficient codingof the phasenforma-
tion is not solvedyet for the sinusoidalcoders).In addition,this
providesaneasyway to re-estimatehe phasedelaysof the modi-
fied harmonicguring pitch modifications.

This paperis organizedas follows. A brief descriptionof



HNM for modelingthe speectsignalandthe applicationof HNM
in speechsynthesiss givenin Section2. In Section3 we present
the four differentmethodgo synthesizea harmonicsignalandin
Section4 the methodsare comparedn termsof compleity and
Signalto Noise Ratio, SNR. SNR is computedrom the original
speectsignalandthe synthesizesignalsobtainedby thesefour
methods Sectiord alsopresentsesultsform aninformallistening
testcomparingthe currentversionof HNM (usingthe SFmethod
andthe synthesiof the noisepartusinga filtering processwith
a new versionof HNM wherethe DMRC methodwasused. The
Sectiondiscussesomeotheradvantage®f usingphaselelaysin-
steadof usingthe phasespectrunfor the compressiomnf a speech
databasendfor speechmodifications. Finally, conclusionsand
plansfor futurework aregivenin Section5.

2. HNM FOR SPEECH SYNTHESIS

In this sectionwe presentbrief descriptiorof HNM for theanal-
ysis and synthesif speech.For a detaileddescriptionof HNM
for synthesisseg[7]. HNM is basednaharmoniglusnoiserep-
resentatiorof the speectsignal. The harmonicpart accountsor
the quasi-periodicomponendf the speectsignal; the noisepart
modeldts non-periodiccomponentsyhichincludefricationnoise
andperiod-to-period/ariationsof the glottal excitation.

The spectrumis divided into two bands. The time-varying
maximumvoicedfrequeny determineghelimit betweerthe two
bands.In the lower band,the signalis representedolely by har
monically relatedsinavaveswith slowly varyingamplitudesand
frequencies:

K(t)

h(t) = E Ag(t)cos(kO(t) + dr(t)) Q)

k=1

with 6(t) = wo(l)dl. Ag(t) and¢x(t) arethe amplitude
andphaseattime ¢ of thek-th harmonicwq (¢) is thefundamental
frequeny and K (t) is the time-varying numberof harmonicsn-
cludedin theharmonicpart.

The upperband,which containsthe noisepart, is modeledby an
AR modelandis modulatedy atime-domairamplitudeervelope.
Thenoisepart, n(t), is thereforesupposedo have beenobtained
by filtering awhite Gaussiamoiseb(t) by atime-varying,normal-
izedall-polefilter h(, t) andmultiplying the resultby anenegy
ervelopefunctionw(t):

n(t) = w(t) [A(7,t) x b(t)] @

The estimationof HNM parameterss anoff-line processvherea
sgmentedspeechdatabasés analyzedandthe HNM parameters
(the harmonicamplitudesthe harmonicphasesandthe parame-
tersof the AR model) are estimatedand saved into an inventory
file [7].

At synthesigime, HNM parameterareconcatenatedndthe pro-
sody of someunits may be alteredin orderto matchthe desired
prosody In caseof pitch modification,amplitudesandphasesre
estimatedat the new harmonicq8]. Next, HNM parameterbave
to be smoothedaroundconcatenatiompoints (this mainly means
linear interpolationof harmonicamplitudes[7]). The last step
is the generatiorof the syntheticsignal usingthe streamof (po-
tentially) modified HNM parameters.Synthesigs performedin

a pitch-synchronousvay (without ary useof glottal closurein-
stants)using an overlap and add (OLA) process. The harmonic
partis synthesizedirectlyin thetime-domairasasumof harmon-
ics (Eg.1). The noisepartis obtainedby filtering a unit-variance
white Gaussiamoisethrougha normalizedall-pole filter. If the
frameis voiced,the noisepartis filtered by a high-pasdilter with
cutoff frequeng equalto the maximumvoicedfrequeng. Then,
it is modulatedby atime-domainenvelopesynchronizedvith the
pitch period. This modulationof the noisepartwasshovn[11] to
be necessaryn orderto presere the naturalnes®f somespeech
soundssuchasvoicedfricatives.

Theuseof high pasdiltersfor thegeneratiorof the noisepart
increaseshe compleity of theHNM module. Thereforewe have
decidedo simplify the synthesistructureby generatinghe noise
partasa sumof harmonicswvith randomphases[10][12]. For un-
voicedframesthe fundamentafrequeng hasbeensetto 100H z,
while for voicedframeswe have usedthe estimatedundamental
frequeng for both bands;for the lower band(periodicpart), and
for the upperband(non-periodicpart). This way, Eq.1describes
the entire spectrumfor both unvoicedandvoicedframesandfor
periodicandnon-periodigoarts. Thenumberof harmonics KX (¢),
is thengivenby:

K(t) = n/w(t) 3)

For convenienceof notationwe will useK insteadbf K (¢) for the
restof the paper

3. DIFFERENT WAYSTO ADD K HARMONICS

In this sectionwe review four different techniquedor the gen-
erationof the harmonicsignalwith HNM. This is importantfor

reducingthe compleity of HNM becausanorethen80% of the

executiontime of the HNM synthesisnoduleis spenton generat-
ing the syntheticsignal(Eq.1).

3.1. Straight-forward synthesis, SF

Thefirst attemptis to directly generatehe syntheticsignalby ap-
plying Eq.1.We will referto thismethodasSE Themainproblem
with this methodis the generationof the cosinefunctions. Al-

thoughmodernmachineganay have very fasttrigonometricfunc-
tions,thissliceis very expensve.

3.2. InverseFast Fourier Transform, |FFT

Thefirst thoughtto speedup the generatiorof the syntheticsignal
is theuseof thelnverseFFT. FFTsmaybeusedwhenthe number
of frequeng bins(sizeof the FFT) is anumberof a power of two.

Becausdhe numberof harmonicanay not be sucha number an
assignmemf theknown frequeng information(harmonicsjothe
closestfrequeng binsis necessaryThis introduceshowever, an
errorin the syntheticsignal. The biggerthe sizeof the FFT, the
smallerthe error (or, otherwise,the higherthe SNR). However,

thebiggerthe sizeof FFT, the slower the generatiorof the signal
(highercompleity). McAulay andQuatiery foundthatfor 4k H z

bandwidthspeecolossof qualitywasdetectegbrovidedtheFFT
lengthwasat least512 points[10]. Althoughthe bandwidthwe

testedhe FFT methodfor is 8k H z, we have foundthatthislength
is notenough.Thereforewe have donetestswith largerFFT sizes
(e.g.,1024,4096,8192). While theerrorin the synthesizedignal
is reduceddy increasinghe sizeof the FFT, thegeneratiorof the



harmonicsignalis slowing down considerably, aswe will shav
later

3.3. RecurrenceRédationsfor Cosinefunctions, RR

Trigonometricfunctionswhoseagumentsorm a linearsequence
8 = 6o + né withn = 0, 1, 2, ..., areefficiently calculatedby the
following recurrencg13]:

cos(f+46) =
sin(f +46) =

cosf — [acos@ + Bsin 6] (4)
sin§ — [asin 8 — 3 cos 6] (5)

wherea andg arethe precomputedoeficients

o =
ﬁ =
Whentheincrement is small,thentherecurrenceelationsdo not

lose significance.For eachharmonic k, we have to computethe
coeficientsa, andgx (Eqs.6and?7) whereé, = kwp.

2sin”( g) (6)
sin § ©)

3.4. Delayed Multi-Resampled Cosinefunctions, DMRC

In thismethodthephasenformationis firsttransformednto phase
delays.Thephaseadelay, ¢, of the kth harmonids definedas:

tk = —¢(k Lu'o)/k wo (8)

where¢(k wo) is the measureghaseat k wo frequeng. Phase
delaysare expressedn samplesand thereforeare lesssensitve
to quantizationerrors. Transformingphasespectruminto phase
delaysallows usto write Eq.1asfollowing:

K

h(t) =Y Ax()X ([tk — te]mod T) 9)

k=1

wheremod standsfor modulo, T" is the integer pitch periodin
samplesand X denoteghe cosinefunction:

X(t) =cos(twy), t=0,---,T =1 (20)

Eq.9 shows that h(t) may be generatedn a simpleway. First,

we computethe signal X (¢) (actually X (t) is precomputedas
thereis a limited possiblenumberof integer pitch periodsandit

is justloadedfrom thedisk during the generatiorof the harmonic
signal),andthenfor every k& harmonic,X (¢) is delayedy ¢, and
downsampledy afactork.

4. RESULTSAND DISCUSSION

In this sectionwe comparehe four previously presenteanethods
basedon their speedo generatea harmonicsignalof K harmon-
ics,andbasedn the signalto noiseratio (SNR)definedas:

'R = _Tsy
SNR = 10logo — (11)
O

Whereai(t) _s(v) denoteshe varianceof the modelingerrorand

ai(t) denoteghe varianceof the original speectsignal s(t). We
have collected500 voicedframes(250 of a femalevoice and250
of a male voice, having a distribution of fundamentafrequeng

from 75Hz upto 300Hz) andeachframewassynthesized 0, 000
times. The whole experimentwas repeatedive times. All the
methodsvereimplementedn C, andcompiledwith optimization.
All theexperimentavereconductednthesameSGIl machinewith
anlrix 6.5operatingsystem.Table.1 shovs the medianSNR for
eachof thesemethodsandthe relatve mediantimesallocatedby
eachof the four methodgto synthesizea voicedframefor 10,000
times(in orderto measurecomputingtime accurately). Therel-
ative valuesare computedbasedon the mediantime for the SF
method(this is why the relatve mediantime for SFin Table.1 is
one). Also, atthe sametablewe shaw the resultswith five differ-
entlengthsof IFFTs. In the computedimes, we neitherinclude

Method MedianSNR (dB) | Relatve MedianTime
SF 31.21 1

IFFT (512) 5.04 0.206

IFFT (1024) 10.66 0.238

IFFT (2048) 16.65 0.444

IFFT (4096) 21.28 0.984

IFFT (8192) 27.52 2.507

RR 29.89 0.158

DMRC 30.62 0.047

Tablel: MedianSNR andrelative mediantimesfor the four can-
didatemethoddrom thewhole experiment.

theassignmenof thefrequeng information(harmonicamplitudes
and phases)o the frequeng bins for the IFFT method,nor do
we include the computationof the phasedelaysfor the DMRT
method. The resultspresentedn Table.1 are depictedgraphi-
cally in Fig. 1 wherethe absolutemediantime (in seconds¥or
eachof thesemethodsds reported.lt is worthwhileto notethatthe
mediantime for the DMRC methodwas 3 secondswhile for the
SF methodwas 63 seconds.This meansa reductionin the com-
plexity of approximately95%. At the sametime the SNR using
DMRC is comparabléo the SNRof SF. It is worthalsonotingthat
alargesizeof FFTis necessarin orderto achieze highSNR.This,
however, slows down significantlythe generatiorof the harmonic
signal. The secondastestmethodis the RR method.All the pre-
sentednethodsnakeuseof the phasespectrunwith theexception
of the DMRC method. Phasehowever, is very difficult to code.
Previous attemptsn sinusoidalcodersto copewith the coding of
phasencludeminimumphaseapproachefl0] andthe useof all-
passfilters [14]. However, thesetechniquescannotbe usedfor
high-qualityspeechsynthesisecauséhe syntheticspeechusing
minimum phase(and all-passfilters) is perceved, unfortunately
asbuzzy. As speechdatabasesor speechsynthesisare getting
bigger (e.g.,for TTS systemsbasedon unit selection[15] [16])
the compressiorof thesedatabases becomingan importantis-
sue.A compressedatabaseloesnotonly occupylessdisk space.
Thetime of accessing compressedatabasés alsosmallerthan
thetime of accessinghe samedatabasé its uncompressefbrm.
Preliminaryresultsshoved that phasedelayswere lesssensitve
to quantizatiorerrors. For instancerepresentingphasedelaysas
a percentagef theinteger pitch period,allowed usto use7 bits
for therepresentationf aphasealelay Usingthisrathersimplistic
schemeof “coding” acompressiornf the speectdatabasdy two

I Phasedelaysareactuallycomputedbff-line without any needto com-
putethemduring synthesis.For the FFT method,however, the operation
of theassignmenof the availablefrequencyinformationto the frequency
binsshouldbe doneduringsynthesis.
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Figurel: Comparinghefour methoddor the generatiorof a har
monicsignal. SF(+), FFT(*), RR(0),DMRC(o).

wasachieved. In the future,a more sophisticatedodingscheme
will allow a muchhighercompressiomatio.

Motivatedby thesenice propertiesof phasedelays(fastgen-
erationof the speectsignal, possiblecompressiorof the speech
databaseye decidedo updateHNM with the DMRC methodand
comparat with thecurrentversionof HNM (whichis usingthe SF
method)in the task of synthesisof continuousspeech.Informal
listening testswith 8 listenerswere conducted. Resultsshoved
thatspeectsynthesizedby theupdatedHNM systemwassuperior
to the one synthesizedy the currentHNM. As it wasexpected,
the updatedHNM systemwasabout12 timesfasterthanthe cur
rentHNM synthesianodule. Finally, asmentionedabove, with a
rathersimplisticcodingschemeof phaseénformation(usingphase
delays)the speecldatabas@&ascompressedly afactorof two.

5. CONCLUSION

In this paper four differenttechniquesvere testedfor fastgen-
erationof a signal representedsthe sumof K harmonicswith
the conditionof high SNR.We comparedhe straightforwardsyn-
thesis,SF, synthesidasedn the inverseFastFourier Transform,
IFFT, synthesisbasedon recurrencerelationsfor trigonometric
functions,RR, andfinally, synthesihasedon DelayedMulti-Re-
sampledCosinefunctions,DMRC. DMRC was found to be the
fastestof all of the othertechniquesallowing a reductionof the
compleity of the currentHNM by 95%. Whenthis new way to
synthesizenarmonicsignalswasincludedinto the HNM synthe-
sis module,HNM wasfoundto run 12 timesfasterthanthe du-
ration of the original speectsignal. Moreover, informal listening
testsshaved that the syntheticsignal obtainedusingthe DMRC
methodwassuperiolin qualityto theoneobtainedwith theversion
of HNM usedso far (SF methodplus modulatednoise). Finally,
in the paperwe proposethe useof phasedelaysinsteadof phase
for alesssensitve to quantizatiorerrorwayto represenphaseln
the future,we planto usephasedelaysfor an effective codingof
thephasdnformationin orderto compressarge speectdatabases
for speechsynthesis.Phasedelaysmay also be usedfor the re-
estimationof phaseinformationin caseof pitch modificationsas
well asfor smoothinghe phasdénformationaroundconcatenation
pointsin concatenatie speectsynthesis.
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