Supporting a concatenative text-to-speech synthesis

FI ELD OF THE | NVENTI ON The invention relates to
woreiohoaz15 sof t war e program products, a dat abaseCT/IB2006/052028

generator, a text-to-speech synthesizer and a system

supporting a concatenative textto- speech synthesis.

BACKGROUND OF THE | NVENTI ON Text -t o- speech (TTS)

synt hesi zers can be enployed in various devices for

converting an avail able text into an audi bl e speech

out put. The inportance of the TTS functiopality_ in,
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speech synthesis technology is getting mature enough

for products . A high quality of the speech output,

t FAELDs OFa TREGA NYENI&Nhess of the speech output, can

be achieved with concatenative TTS synt hesi zers.

Concat enative TTS synthesi zers synthesize the out put
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dat abase. The sizes of 'the speech clips are different

i Bydithesiestr eodc gt natiove STPROA NGagheoNCRGENMydve text-

syste hhe Mse Qf sdi phones, half -syllables and
triph nes cag%beecéﬁsidered to be suitable, since such

clips contain nost of the transitions and
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i ps at a reasonab 'evel . Sone systens nmay al so
use |l arger speech clips, but in these cases it is
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V%%%H%ﬁ%r%peech output. The importance of the TTS
functionality in general is currently increasing very

rapidly as the speech synthesis technology is getting

mature enough for products.

A high quality of the speech output, that is, a high
naturalness of the speech output, can be achieved with

concatenative TTS synthesizers.

Concatenative TTS synthesizers synthesize the output
speech by concatenating small clips of actual speech
recordings, which are selected from a large speech
database. The sizes of the speech clips are different in
different concatenative TTS approaches. For most systems,
the use of diphones, half-syllables and triphones can be
considered to be suitable, since such clips contain most
of the transitions and co-articulations while still
keeping the total number of clips at a reasonable level.
Some systems may also use larger speech clips, but in

these cases it is still necessary to also store shorter



The speech quality offered by a concatenative TTS

synt hesi zer depends |l argely on the size of the
wa@loa2i® speech dat abase. A | arger dat abase PERIB2065/052028

in a higher quality of the speech output. Therefore,
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Iargﬁ s&eec% gatabase. Therefore, the speech databases
arfusudP tofffressed in order to be able to store a

gi ven nunber of speech clips using | ess nenory space.

Conventional TTS . syst enerally use either a
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adaptive multirate_ (AMR) codec. These codecs result in
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enbedded systens, the avail able nenory size, and
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severely restricted. This has practically prevented

the usage of high quality synthesizers in _enbedded _
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apredltedatliiocpaserepRetamsl dyEd Fpr 6065 §ian§odedhvieg
al®dec, like for instance the adaptive multirate (AMR)
codec. These codecs result in a speech database
compression with bit rates of about 10 kbps or slightly
below. The used bit rates are thus still rather high. In
most high quality concatenative TTS synthesizers, the
total size of the speech database is tens or hundreds of

megabytes.

In embedded systems, the available memory size, and
consequently the naturalness of the output speech, is
severely restricted. This has practically prevented the
usage of high quality synthesizers in embedded platforms.
In some systems, speech coding techniques have been
applied to achieve practicable memory figures, but in
most cases this has resulted in a significantly degraded

speech quality.

In concatenative TTS synthesizers, moreover the post-

processing of the concatenated waveforms is typically a
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often conputationally expensive and/ or may produce
artifacts to the output speech. It may, in particular,
wheoodiobRitzult to produce snooth and conti nuousPGDIBGHF2028
speech fromsmall speech clips. The concatenation
met h used wi th CElLP based solutions, f.or exanpl.e
G5B G Ry & i odiige SURLUAH PASUEES ot idues are
Viogwpai bmpiitatibinadilty cxPUhvARY @rdVHE WNVENFOON ckt
is_an _object of the invention to enable a high quality
T?§%§fﬁFh§s&§ 8SeQUER ", SPEECR -dat abase, whi ch
requi res a noderate nenory space. A first aspect of

t i nvent,ion deals with the.generation of such a
D etR Vgt 2 Res CLRPE s A bEo Cdnd 1ebpbe CoP rpRECE Bmooth and

| RvaftinoBudedbaindihly khecdse fabmsyaala speeeh clips. The
dat abase. Fqr the first aspect of the inventiqgn, .a
MECRGE L6 3geR8r FEthG%a USFEe ¥ t8atihds £388% Spasitd ofgr Tor
ac&afpatenadbieke nbtSagyatReprddusePbprased. rékelfst Fedm the
conprises performng a speech processing, including a
s¥GRERCAN tpRFareli@Udidech encodi ng of speech data
based on a paranetric nodeling of speech. The speech
results in conpressed paraneterized speech

processin%f
sEYMMRRY. OFhd e tNYEN d MNher conprises assenbling the

conpressed paraneteri zed speech segnents in a speech

dat abase. For the first aspect of the invention, )
nBtedPePNa CBaCEHasé bRerlBVERtLOR §onEPablRgaahdgeednality
dairabase s sa shasisedf eh a cpredhel@liiap@sE] SysNrhhet®iires
i s proposed. The dat abase generator conprises
pROBESISTAG CMBSAS TAd&PEEG -t 0 perform a speech

processi ng including a segnental paranetric speech
encoQin% of speech data based on aparanetric nodeling
ofr $p&6EhagRectesdl theg lnyeasApresileads with the generation

of such a speech database, while a second aspect of the

invention deals with the use of such a speech database.

For the first aspect of the invention, a method of
generating a speech database as a basis for a
concatenative TTS synthesis is proposed. The method
comprises performing a speech processing, including a
segmental parametric speech encoding of speech data based
on a parametric modeling of speech. The speech processing
results in compressed parameterized speech segments. The
method further comprises assembling the compressed

parameterized speech segments in a speech database.

For the first aspect of the invention, moreover a
database generator for generating a speech database as a
basis for a concatenative TTS synthesis is proposed. The
database generator comprises processing means adapted to
perform a speech processing including a segmental

parametric speech encoding of speech data based on a
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paranet eri zed speech segnents. The dat abase gener at or
further conprises processi ng neans adapted to assenbl e
W@ b@7001npF essed paraneteri zed speech segnents PEI/EB2006/052028
speech database. It is to be understood that the
processing nea%% can bg for iﬂsta ce a grocessin% uni t d
eRBEGThGIE SaCPABTE Sbf CREFECHUE, T8 Hardigr & cPERIESse
Opaaatefrkiriatido s pek chotskgmeart st. hahkl Katt abapec gecok rblier
bﬁyen%jon, nor eover an el ectronic devhpe i S %roposedbl
PEtr PESMEPT &S Stife PEPGFESG I 8EADEs 8 OGENE at-Gr 2SEGFP1e
thﬁefbb&br@%@%@tp@&ahbeekﬁg%ﬂtb@@ecﬁDB%@m%mta saf bwapeech
pr.ogram product, i s ptroposed, in ich a software cqde
P oY RaRar g 18 Somben BaCrE08 he i hbes PFoFeg oL
carcaiserahi ve Fbo SyBthesks ai procesedngMign tbek@guting a

exegut in rocessing unit of an electroni c device,
tﬁ81§8$ﬁﬁaﬁ8%5 G&Sr E9FFze8 PREYEEHs CIF CURé REt Rod

pcopdsedtion biepbithst aspect of the invention. For
t he second aspect of the invention, a nethod enabling
a concatenative TTS synthesis based on a speech

dababase ifs rRopepedt bhe tspeeeR caatiahgsaoirsodesuand
to_conprise conpressed paraneterized speech segnents
oBtL&CHEQNLR &CYPEECASPPECRSSEAY WhEClidICREPE 186§mERtal

Parafeleldt dspasaRk caeadiragoef, speech data using a
paramnetri c nodeling of speech. The nethod conprises
sel ecting conpressed paraneterized speech segnents

from tthe speeeh datakase Rased n9RnaA cAYakbaklbectext .
The met hod further conprises deconpressing the

s EPdErad cc BFpEESTe @ rRaNave i r PXEROSFEecR s ¥feht & BeTtware
I @gakN rR3r 3ERLeLIZ8E SPepel PeeRRAbSscTAe BBHAQds for a
further conprises concatenating the
concatenative TTS synthesis is stored. When being
executed in a processing unit of an electronic device,
the software code realizes the steps of the method

proposed for the first aspect of the invention.

For the second aspect of the invention, a method enabling
a concatenative TTS synthesis based on a speech database
is proposed. The speech database is assumed to comprise
compressed parameterized speech segments obtained in a
speech processing including a segmental parametric speech
encoding of speech data using a parametric modeling of
speech. The method comprises selecting compressed
parameterized speech segments from the speech database
based on an available text. The method further comprises
decompressing the selected compressed parameterized
speech segments to regain parameterized speech segments.
The method further comprises concatenating the
parameterized speech segments in a parameter domain. The
method further comprises synthesizing output speech based

on the concatenated parametric speech segments.
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paranet eri zed speech segnents in a paranmeter domain
The method further conprises synthesizing out put

WG p@eobr2bhsed on the concatenated paranetric SPEBR006/052028
segnents . For the second aspect of the invention,
noreover a TTS synthesizer enabling a concatenative
TTS synthesis based on a speech database is proposed.
TherTtlesyrichasi agpececanpifi $he dnvemariynst abiregvar a TTS

spee dat abase ri sing conpressed raneteri zed

SRSE oS d gD Bl ad PR 8 epeLoN Cordsesdrig=eis based
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speech .dat a usi%% a pgranetric nndekigg o% speech. The
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adapiped skeds pheametenmizess epepahageigtienzed oppaceld in a
ments fromthe database based on an avail abl e text.

se
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adapbad nbo cdeePRRLES Slatthe usehechepacampressedodeling of
par aneteri zed speech se%nents to regain paraneterized |,
spEEERTsedREntldS PHETFFE1LERt RESTREL COFPReSSCoRpPFEES 1T

PHRERSS hlg peans cadanked LonpeReakanaheahleerized speech
par anet eri zed speech segnents in a paraneter _domain.
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agapt edst @ yeyRbhesicze rAWPUL $RAGEN sBasedeRskR®g means
concat enat ed paranetric speech segnents. It is to be
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| BSL-ARER & 1PEACEPSLRY WRGhcEX8CYL R iSUERRR terized
software code, a hardwarée circuit or "a conbi nati on of
b&PRECPoBcOREN§EcoRdcadBéc B YBINeRd ZRky EREILHRT ROFREVEFS

aRel-eckhioRll mede\ GBlalbt Rl 8R0S caMingl cCROMRS b38emkherized
proposed TTS synthesizer. For the second aspect of the
| BPERCORCIRENESV AN 4 Pefremete rpregeam-plogudtsi s

PIOResed i ZbB Wirehed $QHIMWALRs processing means adapted to
synthesize output speech based on the concatenated
parametric speech segments. It is to be understood that
the processing means can be for instance a processing
unit executing a suitable software code, a hardware

circuit or a combination of both.

For the second aspect of the invention, moreover an
electronic device is proposed, which comprises the

proposed TTS synthesizer.

For the second aspect of the invention, moreover a
software program product is proposed, in which a software
code for enabling a concatenative TTS synthesis based on
a speech database is stored. It is assumed again that the
speech database comprises compressed parameterized speech
segments obtained in a speech processing including a
segmental parametric speech encoding of speech data using

a parametric modeling of speech. When being executed in a
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code for enabling a concatenative TTS synthesis based
on a speech database is stored. It is assuned again

W@ b@v/oohes speech dat abase conpri ses conpr essedPCT/IB2006/052028
paraneterized speech segnents obtained in a speech
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speeeh rcWhencheichg exeput ed ithcapeatesisiprgposicd dbramhe
eIectrgplc de%E % %A softg@re code realizes the

sCEFE S 2ERE frefiod5r dPISEGPEr the second aspect of

t he |nvention Finally, a systemis proposed, which

es the roposed dat abase ne ator and th
OPORLdd " ¢ BnEHEEATL tve PFPBOSS R h LS8, CORG 1eRTekion

pp@@@%@%dfU@ﬁbbb%eC@@&b&%t@kl@ﬁdth@b @rp@b@b@ularly
ef ficient co ression of speech data for a speech
d5936&§§né§ﬁ e TachifdPedeSifethe speech data is first
subj ected to a segnmental parametric speech encodlng

that i.s based on a paranetric nodelin
UgﬁﬁglévﬁéﬁéﬁﬁtPF@C§§Q§cﬁrﬁﬂd§Peh§§“§ Qeéé6éﬁpaﬁgaﬁh§t

| baeakhes rayr epystiestl WBhipee seh opabeEmeieeshf HaMed for a
speech_si gna Mor eover, it enables an_efficient

céﬁﬁﬁ€§sﬁéﬁa€ﬁsﬁh€aPe§ﬁlPpﬁdeﬁ§ﬂané€eFP?e§P§6€@cﬁata is

segBRt suphuickRer to b aklhpws theaghiritet rhicgR pbaktiebncoding
speech quality. A segnental paranetric sp eecﬁ encodi ng

|ﬁ@PGdé§ §a§§§w€ﬁt§tPéﬁa@ﬁtél§o@9@§1§6§e@ﬁ SPgR&M,-
mhlch may depend on characteristics of the source
eech signal. Such segnentatlon enabl es an efficient
e Saadng @ﬁré&@ﬁrségﬁ@ﬁﬁcéeﬁ@ﬁﬁln@aéntﬁesééﬁéﬁFaSVpéhat it

ags@piiatked E%bh@% @%E@hﬁ%ﬂ%g eRraachekicstisC$rokN® speech
encoding itself may include a conpression and resul F

i #lg8apre¥oagoyarramite cnabd espaack ffdgaents compression of
Akh%rgégbﬁ%hﬁg parameterized speech segments. Further, it

allows reaching a high target speech quality.

A segmental parametric speech encoding includes a
segmentation of a source speech signal, which may depend
on characteristics of the source speech signal. Such
segmentation enables an efficient encoding of each
segment depending on a segment type associated to the
determined characteristics. The encoding itself may
include a compression and result in compressed
parameterized speech segments. Alternatively,
parameterized speech segments resulting in the encoding

may be compressed subsequently.

Selected compressed parameterized speech segments can
then be retrieved from the compressed speech database and
decompressed into parametric speech segments. The speech
segments can be concatenated in the parameter domain as a

basis for a high quality speech synthesis. The synthesis
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paraneteri zed speech segnents resulting in the

encodi ng may be conpressed subsequently. Sel ected
w@ovpoersed paraneterized speech segnents can PEETB2&5/052028

retrieved fromthe conpressed speech database and

deconpresse int%A%aranetri; Sﬁeech segneg&s. The Eri
spEEc i s et S “Can We “C6AEatendt 84 PR e pér BefEF-"1¢
dempeicahagoackasiia fartdchilgh ghel isbyesppeelhsyotkesias.

Th t [ b d f. I '
WP IRVGA Sitet P SEEEER EBGCE. P parti cul ar the same

speech codec as enpl oyed for the speech encodi ng.

Since a higher conpressiqgn ratiqg can be achieved wth

¢ R SCRy n T GRCEoRBAPER SEd P& ShrPor S PeafpPd8 s W1th the
t haveatubal kespatkd ke specohiout put appriachapr,ovaed

W t hout increasingAthe requi red nenory. space. )
APPEPRELGEPy Ot 8 Sr 8HGEFEd OMERBIy CéPabe ¢aRTpyed without
r edueedsfiay &hel vequspeec hegidahi tyase .t hatterhetively, the
exanpl.e, the TTS functionality can be inplenented in a
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hawiang t§ sERkhafEMELy Sikadplkl ithealrse Fnn2dvankageyokan
the invention that the processing in the paraneter,

dERaIAPILENEETE e 48y 3aid IEENFALEE! Ghalry 1&FFi cifext 1nstance

carpPaioed 160 phide ccon¥eAhigoRalsmanac asaiong @fi zepeech data
in the tinme-domain. Further, the invention is very

flexible, as the proposed processing can be

| TRl erERhed LR WAKLAWS gWaYF. tBasiiedkhtioal knRarametric
speech codi ng nodels, fromthe basic LPOOto the nore
sBpRiCeEiséated "n&Rer PaFEFGACKesloMare ddndrdat €8sKorthe

PRLAFELEIG oPRAGk. <P akher Ratipueedt Rat t&ke conventional
particularly well-suited for the inplenentation of the

| BYORESeANar et keesichuseitdal nnbdiel tang -freaiaveforipher,
| pher RekaLABA( V) veRdelr1cTh®1e, as the proposed

processing can be implemented in various ways.

Basically, all parametric speech coding models, from the
basic LPC10 to the more sophisticated newer approaches,

are candidates for the parametric model.

Two alternatives that are particularly well-suited for
the implementation of the invention are the sinusoidal
model and the waveform interpolation (WI) model. The
sinusoidal model has been described for example by R.J.
McAulay and T.F. Quatieri in : "Speech analysis-synthesis
based on a sinusoidal representation", IEEE Transactions
on Acoustics, Speech, and Signal Processing, Vol. 34, No.
4, 1986, pp. 744-754, 1986. The WI model has been
described for example by W.B. Kleijn and W. Granzow in:
"Methods for waveform interpolation in speech coding",
Digital Signal Processing, Vol. 1, No. 4, 1991, pp. 215-
230.



si nusoi dal nodel has been described for exanple by
RJ. MAulay and T .F . Quatieri in : "Speech
W@ Pei2ss synt hesi s based on a sinusoi dal PCT/IB2006/052028
representation”, |EEE Transactions on Acoustics,
Speech, and Signal Processing, Vol. 34, No. 4 , 1986,
pp. 744-754, 1986. The WI nodel has been descri bed
f 8o téx awpled sbyisW aBsimKlleir] @aaﬁde%ér Geanzbwti @onsists of

s for vef orm_int er pal.at.i on in _speech.codi ng
D&EPF&I BrgAar ﬁPBcég? ) nGOSISH-C PN S0 94D fé% %’pp
2%pec2301Bamplindels Wwse theSIm lrakipasamenher ssek khad of
consists of Iine rediction (LP). coeffici ents n,

oA "o B PAM - 00165 MG\ FQ FEP LRI aha Cofte £
kmb@eQ% veistilitg ifrbar ki dn.f fEkentairepiickkbatanéens of the
bet ween t he tﬁgtnodels gesults from.the different

r EPFESEAtafTBNd toethe ToFe St PAS CAMBI f9dES. TR cally

Skehipg oiy@dah aradeli chypicakhy teaplsays shaagoniieal 1Y near and/or
rel ated sinusoids with_ |linear and/or random phases

wﬁ@PQOPhQ 9F?Snﬁ&éﬁeréﬁﬁe@%n@@dﬁﬂef?ﬁé@ﬁﬁ&ﬁsaﬁﬁﬁuFﬁ&€§ral
hewheand s anioail @m@l&b?gdwgv@h@&ﬁhb@EWéa@¢oBﬁvwSEw

sur aces. Also, the ree of voicing is adjusted
d@PﬂeP@thﬁurﬁﬁcﬁﬁe §4ﬁ930¢@§|dﬁ6&§ﬁ Phe V@dicdirAg 1S

pPamgmBiey detreercnes yt.henphasesihokotibg1Shiueal €se voicing
whereas in the WI nodel voicing is inplicitly

i Réradedeas dehereRdrgy thet Phasetwden SE%P&ﬁddREWFereas

corpeRentg mo%euhvbh%lgbnqgou%%hl@QQQb apd1tBRd as the
wavef orm i nterpol ati on nodel are the advantg%e t hat

t REP rave TP&dGhPELESRS $hentEW eRd REVhGRERCSSEESh Both the

PLaducHi R 1SHSHEM ahbe thingak Rbedi ¢hiceRp3aRen®nl ofel
source-and-f ilter nodel in which the source

aﬁbﬁéﬁlﬁﬁﬁeﬁ@V@@¢ﬁ§§p§ﬁé§ tHevharexerrghilyn cenglisgent with
W%h%hhhggnf%b%%%h”%@%b%c%ﬁ%nvggéke ra@he IH%eQ%'@redlctlon
par anet er has a connection to | oudness of eech
wheheae, igupi ggurce-and-filter model in which t e source
approximately corresponds to the excitation and in which
the filter models the vocal tract. The gain parameter has
a connection to the loudness of speech whereas, during
voiced speech, the pitch parameter corresponds to the
fundamental frequency of the vibration of vocal cords.
Furthermore, the (implicit or explicit) voicing parameter
defines the relationship between the periodic and noise-
like speech components. The relationship between the
spectral amplitudes of the LP residual and the human

speech production is more complex and will therefore not

be described in this document.

For a segmental parametric speech encoding using a
sinusoidal speech model, for example the very low bit
rate (VLBR) codec presented in U.S. patent application
2005/0091041 Al can be employed, which is incorporated by

reference herein. The speech synthesis can be based in
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voi ced speech, the pitch paranmeter corresponds to the
fundanental frequency of the vibration of vocal cords

WO 2anenes nore, the (inplicit or explicit) voiRCHEB2006/052028
paraneter defines the relationship betmeen t he

i,odi d [ li k h Th
PERIE! GRSA: 5 hat hosh CREREREt P e NRrrEags Pt NEERp
resbduabf&@dstbeshunabl&pe@ehamﬁ@duohlanwu@enbﬁe rate

| ex .and erefo be. descr in thi
e 20, e LR kB A R PES  KoB R on g
USbmglaeﬁum@sQméabo&pegthomﬁd&w ehgﬂo@kdﬁbhe &?eeveﬁyabout

e r ente a

L0 Rt o Bt e oh s TG4t LRT Chay BEBIEoped s AR aPELY

| meekperatiedchy cefebaree sheraige. whheespeaah yrphasg s$he
can be_based.inthis case . on 3ﬁcor gipond ng

dEE66CHg AuPhd PV BRI 5dEc 10f-Fers 94 P caltdbPE Gpgﬁgp|&ﬁvel

OTha Wwicde abiill itgt @akarge tf horcbess bb@@1b1§bﬁ% ee
about_ 5-8 kbps . CDnS|der|n%@the conventlonal

eﬁﬁﬁéﬁé&nﬁlF°P€F§S§F°§b6éF RBpsit FﬁéeVLBErQHEG&lngAS

t hue enablescaisi gobfiagant ! Ytmese efifdagisent dalkakase that
storage while still keeplng t he speech quality and the

.ﬁ#@|ﬁpgﬁﬁb|ﬂwﬁla$Yalﬁ.@ﬁt|éﬁgwad$ﬁeb§C§ﬁéﬁﬂpﬁt&hﬁapé§

| traffRr @eVer spegsichlathqy usgndihbfigeent conpression
ratios in different products. A s the bit rate is

scal able, it can always be ensured that the speech

qaal bhy empdatmdedr adednly i$@thitAgnt hehli tpkalk® eoessing
sufficiently high value. In one enbodlnent of the

i Ave RErdRIMeRe bypaac BnFPeess sihg Chs 15errbAeE@cHy a4n least

epeedel, sWRibehkiird of ekkdi Bed tak %%%%Ehb%E%E%sﬁlﬁﬁe%'sb@ on
step of the speech processing based on the speech

d&hg. sBgerct faitai-n§vt Fetegden nfoitheacrdgat dpaseach
”@é%g%gb%ﬁf'Ch%&%%u%h@f%%@hb%%yc%ﬂdb%uallty can be

achieved, in particular with regard to the compression.

The invention can be used for the compression of
basically any kind of TTS related speech databases. The
details of the employed compression can be selected
depending on the desired organization of the speech

database.

The speech database may be organized for example to store
compressed speech units. The boundaries of such speech
units may be selected based on a different criterion than
the boundaries of the parameterized speech segments. The
boundaries of the speech units may be selected, for
example, based on the pronunciation of the language. For
assembling the compressed parameterized speech segments
in the speech database, the parameterized speech segments
are thus distributed to such speech units, where the

boundaries of the parameterized speech segments do thus
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achieved, in particular wth regard to the
conpression. The invention can be used for the
w@oopierss on of basically any kind of TTS rel ap@riIB2006/052028

speech dat abases. The details of the enpl oyed
ssion can.be. Se ected dep ndln on th%8 |

e i St R R B S

dahaba@eemhyuheteng&hezddst@ﬁbaxampleahobst@beformed
%w&ressed SR gechggnits. The hound riEs suct speec d
uRFES Ty ThE8 TE&re L6 CRIREGSEHCR Gitt O RETEMPLEFTGR
t Bprciche seaurdarsi.es of the paraneterized speech
segnents. The boundaries of the speech units nmay be

sel ected, for exanple, based on the pronunciation of

t teel apgueage daftabagsseanlyl ifngthke eenpresseded for instance
par a rized s Ch segnments in the speech_ dat abase,

tﬁélcgertgﬁét ériez &B@e&‘ sé&ﬁ:@ﬁqu URr& St Rls taPs CPF E&F‘ed

t dasubh sepeeadrikicks grogriagt kecbeprdan eniek bhespeech
par anet eri zed speech segnents do thysnot have to

c6PHEAGe Ofe EESSTPIEFINR SRECKOUNTASeS Yo SIENSFEech
units. The distribution can be perfornmed before or

after the conpression of the paraneterized speech
sédmeAtd larTHa 1§ geécR &QtQSaQéOHE?dfGPBEéPeEe for example,

Oﬁﬁénbé%ér%@%lbﬂshﬁﬁc%esE@Hfb&%bdﬁ%&eE@hL@@nEH%u%@%GCh
units in the speech database conprises grouping the

sﬁéééﬁeﬁﬁﬁﬂgegyS§6§€8h5§6@ﬁ@§so@n§s§eﬁ@ g 1t REC¥SEdEh

URbhE eRY %%&t%ﬂ%e§esb%c%h$b|%%rﬁ&b%%r@&%dt% be@r aupgdnts.
toget her, for exanple, the conpression may g

péif &hied C@ﬁemoﬁ’ﬁ@éntfloﬁué‘ué;lﬁﬁl‘lénﬁp@ﬁlcileélméﬁeéé;h fed into a

seghrat §+and tapRat vhals, a¢ashi G sCankexhrhek bﬂ%put
respective paraneterlzed speech segnents. In th

cki&staggen ffor gasihngindtspddeh dgitiePaiss péarath@taon and
ceeec 3k rd o rThHS, shheld %12 sSaRar akgqauhput

accordingly.

If the database is organized by sentences, in contrast,
the compression may be performed on continuous speech
data. In this case, speech data for one or more sentences
at a time is fed into the codec as continuous speech.
Thus, a single output bitstream contains several speech
units. During unit retrieval, some kind of location
information must be available that allows accessing the
correct part of the bitstream, which corresponds to the

unit that is to be retrieved.

For a TTS synthesis, first suitable compressed
parameterized speech segments have to be selected based
on the text that is to be converted into a speech output.
Suitable compressed parameterized speech segments can be
selected for example by selecting speech units to which

the parameterized speech segments have been distributed
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bitstream for each unit. The dat abase organi zati on and
the retrieval of the speech units are handl ed
waewonadizngyl y. |If the database is organi zed by PCT/IB2006/052028
sentences in contrast, the conpression may be
rfor %ed on con%hnuous sge%eh at a. n thi ﬁ r?%se,

Sécﬁ QAEEt 67 GRE SPORETe 985APEREes Str Ch ¢ fed
|nhdteb&ece@eecaSumdmelmmomst&pee@becﬁhdstaaasengle

out put bitstr nbeontaln seve pﬁech ua S,
ulRPt AFE R eV A, “SonEPRIE 8c§FPo |ﬁﬁ89%h€%%aﬁust
bed@iaubabﬂelhﬁ@&maEHQWs acceSS|ng the correct part of
the bitstream which corresponds to the unit that is
to be retrieved. For a TTS synthesis, first suitable
CQED&@%S%@e@@hamaEabbé%dc@ﬁ@@@%e3696EﬁE&ohaﬁ©bembeion for
sele%Fed based on the_ text tha %Ais ho be conver%
i 78612 COPEALRGUEPEEC ST &bl &PEoRfrEsSsEed Speec
paeareteriieed Fpeacihsegperics @aeabeseebeebedohouocatlon

exanpl e by sel ecti % speech units to whi
péP&ﬁE@éﬁﬂ?@df§6e§@ $& ﬁ€ﬁ€§~ﬁ&@&cﬁeéﬁl&ustﬁ#ﬁ&ﬁ@&ﬁ&ﬁelyr

seeueeeeunsbeec&peeehsdnh@b@eereEeﬁe&ebee&bngt&elUeebease
Eeech units fromthe speech dat abase, paraneters of

& S§fle8h LGAPEs Pe&lr e 08y SEGRIEd °a§ SddPfrsRation in the

| Bheremt Len+sl.f The 19peeeh sdakbahase veonRr b¥epak-@Gatilan
i nformati on for _ each contained speech unit, the

séPé@F@étspéécﬁhﬁnﬁ@§aﬁ§§ebésr@Fﬂ?é&é@dfPdnﬁ?ﬁ§e§§§éch
dat abase based on location information for the

sel ected speech units . Alternatively, selected speech
ufiPes SRy 2pe Pét PREGEE tA6mSPRE Clatiahas é haded sgeech
l%ﬁ%%b@@%tEﬁdo%h@e%%ﬁﬁﬁ%%ﬁg@lbﬂfQhw%hbo?akﬁmh@%rse%%ﬁhn
units. The latter alternative is of particular

i eNabdst asj feflfe adaabasE PEose§airinge@thheerpercts data

before, during or after the concatenation.

units may

The option of a speech processing in the parameter domain
enables in particular an easy smoothing of parameters at
concatenation boundaries between respectively two
parameterized speech segments. This reduces artifacts at
the concatenation boundaries by smoothing audible
discontinuities and increases thus the quality of the

synthesized speech significantly.

A further processing in the parameter domain may moreover
comprise deleting unnecessary parts of the parameterized

speech segments.

Some parameters of a parametric speech model have a
direct physical meaning in the output speech. This
enables as well an easy modification of voice
characteristics in the parameter domain as desired

without causing an additional quality degradation. This
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The storage of paranetric speech data in the speech

dat abase and the concatenation in the paraneter domain
we@pabloe2es wel | a further processing of the spReDIB2deiE2028

before during or after the concatenation. The option

eech . essing_in_the ara ter donmain e es .
R R B RS RRe) e aP g 2o o4 SHETERE anl Thete is
canaatenabl andidyndae eschetiwgen fr edpecpieagly bwoto modify
par anet eri.ze spee: 8r]fllgggments. This reduces artifacts

af™Pird 08t SCBRAE fdari es by smoot hi ng audi bl e

di scontinuities and increases thus the quality of the

synt hesi zed .,speech si gnifica A_further processin

A A eRe Eadonty AP Horbordi CRGAFERegarE: FRgech
uUBReEASSAkY rparl regafr-dike sparatbkeinpadnepeach oS‘xe geeatss .

. _Sone arane%grs of a paranetric speech nodel have a
di'fe CEPpRy SPc &F ﬁ@&&Pﬁ&dnﬁthél&uP &Ft§68é€hde?ﬁF§s and
enpbliesaas onwel whakheasy wedifrireat komTef rv@icé8onality, for
characteristics_in the raneter domain as desired,
WPeERBE-Sc 0T RGASn é&&ugpéﬁ&? giSPety degr Adatigrdia

T@W%ﬁé%%ldQ%er@@kfh@%@&f&@%@ﬂt@@%sgaﬁ@% exanl epviibusly,
there is a need to nodify the identity of the speaker

thPolﬁﬂﬁPF9°§n6F|QﬁaPa6ﬁ&F§éﬁérP§Fﬁ6§StTﬁ@r|ﬁ&@ﬁ?F@ﬁlc

Carvhecapplvedqt @ %hblqoﬁ%%bﬁﬁabb$%c§@%ecﬁurther, the
synt hesi zers, regardl ess of e | enment ati on

déPX?P§lOPtCé&nbﬁl§§e§ewéﬁﬁlé%édl?@ﬂuégﬁseﬁéétﬁéﬁbc

deyirgescafd kaRRlsi 63! ispRS WhigehaBk8ckQ of fer a TTS
functionality, for exanple for PDAs, for nobile

phones, for multimedia systenms, for user interfaces,

f@%h@%”%% e%%% aHViraushiye st e %ﬂ%e@&b%%nkslﬁbentlon will
partlcular interest for electronic devices having a

s Pelcomge giPg reapadirop. thgr feddowipg detailed description
considered in conjunction with the accompanying drawings.

It is to be understood, however, that the drawings are
designed solely for purposes of illustration and not as a
definition of the limits of the invention, for which
reference should be made to the appended claims. It
should be further understood that the drawings are not
drawn to scale and that they are merely intended to
conceptually illustrate the structures and procedures

described herein.
BRIEFF DESCRIPTION OF THE FIGURES

Fig. 1 is a schematic block diagram of a communication
system according to an embodiment of the
invention;

Fig. 2 is a flow chart illustrating an operation in a
database generator of the communication system

of Figure 1;
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i nvention can be used with all |anguages and with

di fferent kinds of speech databases. Other objects and
WO e@vierss of the present invention will beconeP@pEO&INI52028

fromthe follow ng detail ed description considered in

nJun tion mnt t he ramnn [t _is to.

08 Hrder st 4802 BORBVERaTEnas PG A A0PngS GPETALPYnEE 2
solely formpbﬁmese3aoﬁonlbﬁsthatbOﬂm&ﬂch@ﬁoﬁSsgstem of
definition_of the limts of the invention, for which
reference SHEHFE bé fRde to the appended clains . It
sltragl.d 4be puésbﬁtsuﬁderaﬁagdambaﬁluhetﬁaamhggs paeametric
drawn to scal e % hat thgx are rel¥ igtenged to
concept ual FYPFPFGEEFAPLE FAEDSEFUETEr B AnaCBPEREHur es
descri bed babetRinBRI EF DESCRI PTI ON OF THE FI GURES
Fig. 1 is a schematic bl ock diagram of a comrunication

system according to an enbodi ment of the invention;

FogTaZ21ED dEkcewpehant oF Tust mat/ENg 1@m operation in a
dat abase generator of the conmuni cati on system of
Figure 1 ;Fig. 3is a flowchart illustrating an

OEQE;I@trIeOG HB @ @@hbkn@tatcabu@@koalb@%aﬁlomual ¢ath@Rication
systemof Figure 1 ; and Fig. 4 presents two diagrans

i FV§SEMat g CA FRPRASST Pc h&SHc getatvor TRi tsléfé'lt}theéﬁﬁ using

wirti it theupdabysmeeklicngn BebdbERBERERNPELON:<EhplHEy
I NVENTION Figure 1 is a schematic bl ock diagram of a

cGARORIERNToR s F e AP VRACéRTenabl es a high quality TTS
synthesis using little nmenory space in accordance with

an_exenpl ary enbodi nent of the invention,
The communication system comprises a mobile station 20

enabling a concatenative text-to-speech conversion. The
mobile station 20 includes a processing unit 21, which is
adapted to run software program codes implemented in the
mobile device. One of these software program codes is a
TTS synthesis software code (TTS SW) 22. The mobile
station 20 further includes a memory 23, which is
accessible by the processing unit 21. The mobile station
20 is adapted to receive a speech database 24 for storage
in the memory 23, for example via a Bluetooth™ or IR
interface or via a radio interface to a mobile
communication network, etc. Moreover, the mobile station
20 is adapted to receive input text for a text-to-speech
conversion, for example, via a key pad, a Bluetooth™ or
IR interface or via a radio interface to a mobile
communication network, etc. Moreover, the mobile station
20 is adapted to output speech generated in a text-to-
speech conversion via a loudspeaker and/or to store
speech generated in a text-to-speech conversion to a file
or in a memory 23 for later usage, instead of playing it

immediately. The processing unit 21 running the TTS

13



The communi cati on system conprises a nobile station 20
enabl ing a concatenative text-to-speech conversion.

wab@70eRi3 e station 20 includes a processi ng uPCT/IE2806/052028
which is adapted to run software program codes

i npl_.enent ed in e bi |l e_device. e of .these .

S SPERARE o olanto R0 o SPRoFhe ey APRES: 210Gt OREre 1 the
codeorT33SVpra2a thecaikinke istalriTen sz0 thest ket .

i ncludes a nenory 23, which is accessible by the
processing unit 21. The nobile station 20 is adapted

t Theecemt@nd capeenh sgatahasend4 ikes Ihokdde tibnt Be database

menory 23, for exanple viia a Bluetooth(tm or IR

THPBY geBesrtora il Paapy it s Fage Boak hbbiite @ specch

caaapiacat ifer Aelwakktetheivibreatero-shec@bbicb@version.
ion 20 is adapted to receiﬁg i nput text faqr

st at a )

t éXF- £5Lepasen IearFarsiron? £8F 1885 pPe PrOCRSE 1Ry Upad, 11/
awBlidet aet Adbpkcar tbRriuAt eoffaga rer program’ adides, including
interface to a nobil.e communi cati on network, etc

MBr E6F8P2asengeREBRItd Ot SOTE6Ha3E C9RddBEed™ o 1out Fle

speeahagengkaked o aot ext abiagpreeck oCgeversiten aVicdanpressed
IoudsEFaker and/or to store speech_generated in a

t ERita 85§p§é§ﬁd08ﬁvéﬁ§ﬂéﬁbﬁ8 &PErra éPdiﬁoaoﬁéﬁHFya23

f @bmloak@ls WS @€ ablaRet, €&e rofi nRhavicRg viih aMBdeabelth™ or IR
The processing unit 21 running the TTSsoftware code 22
af@t&rdpeec RTdH b ASE NS4 oo PEFCISH 1Fe themB eF3eftor m

a concatenative TTS synthesizer. The comruni cation
s%§ten1conprises in addition a database (DB) generator
18hendpitieRg sehgegernaiati of 6RNabspéech cqarrlgse Pevige of

cangabenat isya th ext nhousReeeR cGONVALSORs Lhecdababasdut a
generator 10 includes a proce33|ng§un|t 11, which is’
aGRpEeH tdatabassoffowassopragr am EHGedemonyl ddi Rg Hobile

dakakase sueneudtiiog ekt Y%@é]%f%%g%r(i% PWcL2s.. The

dat abase generator "10 is adapted to generate a
coddpeesggdvely, the database generator 10 could be a

server which is able to provide a speech database to a
mobile station later on upon request by a user, for
example via the Internet and a mobile communication
network or via another user device like a PC. At least in
the latter cases, the storage in the mobile device 20 may
be supported by the processing unit 21 of the mobile
device 20. Further alternatively, the database generator
10 could also be a part of the mobile station 20 itself.
In this case, the processing unit 21 of the mobile
station 20 could perform as well the tasks of the

processing unit 11.

The communication system may comprise in addition a text
server 30 adapted to provide text to the mobile station
20, for example an SMS server of a mobile communication
network adapted to forward short messages to the mobile

station 20. It has to be noted, though, that a text input
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dat abase based on avail abl e speech and to output a

conpressed dat abase, for instance via a Bluetooth(tm
w@eoorBoi2ms er f ace or via nmeans for accessing theCT/IB2006/052028

Internet The dat abase generator 10 can be for exanple

a de i on_manuf [

50 PG BRI 3 Cesastn JHalaacatran e Pl Rgs i ASEY 0y

meibey zaxafsmnhbbetﬁhataon&rﬁardBnLng t he

manuf acturi ng process. Alternatively, the database

generator 10 could be a server which is able to

pmh@idesasype&@hléa&@nasedt@p@rﬂﬁbbhe dthatchen chah@hieation

upon reques ser,, for e | e viia the ter

SR HeRant &1l BitloR oot aoR o6r 10Pd Sioiner todgnce
dew ¢eghirke a E6.4At Ieast in the latter cases, the
storage in the nobile device 20 nay be supported by

the processing unit 21 of the nobile device 20.

Funt heprabbearathyvekyp t(hetdahahase geprecat eent@ncedl dre
al so be a part of the npbile station 20 itself. In
t FeSOrsse, aPﬁetBFo€8§§FﬁgrﬁﬁPFdﬂfgéfaFﬁeaHBBFﬁéed This

Stsakip0n s2Q deaktli ¢apebormeas owells pbha ihas ks sf ehp@oyed in
proceSS|n% unit 11. The communi cation system rmay
cbREr CE83LA ORI PBR st SRt abassr 3¢ §8§a€@&lpaal

pb@ﬁb@%eh@%&vboTﬁﬁesgﬂth%libéhlOUs%Qil&Ortﬁéa@@b%cﬁnls
SMS server of a nobile conmunication network adapted

t GeCOrRRAd 18hdr reressagas sty dire UFBH0I notaeiroRPPErats

hasatho the et ednctrReddh ot hahea feaXt tiRRUkbekRe database
nobi l e station 20 may equal ly be provided by anyot her

t &R §@§ﬂc@etﬁéﬁrédséﬂvé@esgatﬁﬁésﬁTSe§Vﬁﬁﬁ@§léo for later
relsalygd operations in the communication system of

Figure 1 will now be described with reference to

Figures 2 to 4 . In a preparatory step (not shown)

SPEQGRSeNtigNGeF 18k chart illustrating the generation of a
speech database in the database generator 10 by the

database software code 12.

In a first step, speech clips which are to be stored in a
parametric database are selected from the recorded speech
sentences (step 101). Each speech clip may correspond for
example to a diphone, a half-syllable or a triphone, as

mentioned above.

Next, a VLBR codec based encoding is applied to the
selected speech clips in order to obtain a parametric
representation of the speech clips (step 102). It is to
be understood, though, that another parametric coding

approach could be used as well instead of a VLBR coding.

The VILBR codec is a segmental parametric speech codec
that is based on a sinusoidal modeling of speech. The

parameters of the sinusoidal speech model are pitch, line
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recorded and the speech recordings are annotated. This
step is identical to the correspondi ng task enpl oyed

WO pooviee72¢eF eat i on of speech dat abases for conveP@T/B2806/052028
concatenative TTS synthesizers. Usually, the speech is

na % rs. Us
| R CLRETDR GOEr A 6P 105" e CPYRNEEng Shofchiicar -

datrabdse ioay scthemehe gatiar, edpertirhd dapadbasecgenamnat or

10 f.or. Iatﬁ usage Fggurﬁ 2is a flgmhphart 1 lit
i VPaStFar | éetRE GEfePaPeN Of 3°9PERER AT EbagePilHTality
t b dabakase pesedabver the byatrhetdatiahdase odf thar epeech

code 12 ._In a first step, speech clips which are to
b&*86 e&anthﬁgFéﬁﬂtESE &89&883§%§ﬁ81§8Féc95d Fom

t paraeearded sppeeth ceodrtrenees cebepnt@t)Yion tashbspeeaskd
CIEE may corggs ond for .exanple to a digho%e, a

h&LDEY] PROIF S0 P3E 2RI FHEN & SPAE SRBAEILIRE CabSPES Re R, O1
at¥YlBBpeedeac shaned erecedingThe appikcadst @rthensekackedh
speech clips in order to qQbtain a paranmetric

r &PPésERfatPoh 2o PRENSpedlr Lerihy Ot &pe16PPechit s

t @abamendesst @i ghhoughadihat canotheh RaLARBLS e

codi ng .approach could be used as well instead of a
VEBRSEdILRE. 1Phe YPBROLOYEE 108 S SEEFRENt &IVPESr ARelr PEe

spaeel eadedet Rabpksthased rornd sphedsdl daynamdelrorg of
speech. The paraneters of the sinusoidal speech node
ar@SHRnER, oPenespéder SROMEEGUENERSs SELSPSy FRt&rRed

Wiihioa celdneanhdpiednliit@dnscheme, rgauic speehha

anpl i tudes, and voicing. The speech signal is o
sé&ﬁ@ﬁPéGFPﬁPotécﬁpaﬂ&ﬁhtVa§ﬁ §€@W@ﬁﬁscﬁés@§ @ﬁfﬂﬁéently
chauaet eiiisly &S Bhihie sepeseh 2isafakdf QbcenFarReNg e the
codi ng efficiency of "the parametri'c speech coder. "The

S EQFERERONEA NFa s cPBCh&s EPe -

For the parameter estimation, the VLBR encoding comprises
a speech analysis. In this analysis, the selected speech
clips are analyzed with the intention of finding the
underlying parameter tracks. The analysis window is moved
with small steps of 5-20 ms in order to capture even the
rapid fluctuations in the time-varying evolution of the
parameter values. The parameter tracks for a respective
speech clip form a VLBR parameter track for one or more

VLBR segments.

The bit rate of the VLBR codec that is used for encoding
a respective VLBR segment is adaptive and scalable. The
VLBR codec is capable of achieving a good quality, that
is, perfectly intelligible speech, at bit rates of about

1.0 kbps or even below.

Next, the VLBR segments are compressed using a

compression codec. The compression results in a
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either on the paranetric representation of speech or

on the speech signal itself. The segnents are chosen
weewmoenas the intra-segnment simlarity of thePGpER065/052028

paranmeters is high. In addition, each segnent is

fied Al f tt th
chanitiied L one £ Qi Segmt w1
iN&B&neegm@etefa&bensegmenbsbﬁm63yshhedhxewmleedatlonshlp

unyoi gF ans result of
sgj%é 8ReF§ hHP& g ggghugééngﬁg ggﬁtsén fiore than one
e%%b@b&ﬁtlﬁndodeé $eighgna Bodindg riekema ydesitgpbedaligned

S aII the c rrespond|ng segnment type. For
%é%b Peg uﬁ&?l% UnEREIGSER encodi ng conpri ses
a speech anaIyS|s In thls anal ysis, the selected

speech clip nahAzed wth the intentiqn of
fFﬁdFﬁ&eﬁhéDuW éF?y § Farameter &t PEYRS E Tﬁéséﬁ&F?§|§f the

Wichdiew b%d@@%@dsm&%hréﬁﬁbbe%b@@&f@%a51%0f6ksdhﬁf@&@@t
to cg&ture even the rapid fluctuations_in
&Y

Smg Q@opﬁﬁﬁgﬁoéfuﬁﬁg 6&r§ﬁ§t¥PB§aPGQ§C Phguch

p@hﬁﬁﬁb%rthb&ckﬁebetélr%aﬁ%CbEV@ speechichmg kepemca
VLBR paraneter track _for one or nore_ VLBR segnents

TRE P SFat 61 tife VEBR &838c 10Ratkiilobysed W@Fsus tens of

eneediod cd . espeelriove , VERR %%&@%@%sh%na@@@be%aﬁn%e
scalable. The VLBR codec is capabl e of achieving a

gé@&r&&éﬁﬁt§ortﬁéphl§P66€Pf@éﬁﬁyaﬁﬁt@ﬁﬁpﬁﬁbﬁéesﬁéééﬁl

anQ@Ee@%ﬁ%& ebeaheubnl. QnkBRSer tevarnhekawrniexkst
the VLBR segnents are conpressed usi ng a conpressi on

c6@BPIreTRd OfompitéSsirafl BRSEICHs Aua lakivt ¥it8am rREPeicsive

dbpb@%@ Hﬁ%@b%@%'ks%%%GQ@3Wn'%%e }Q%rXEQEn%e%E%nb% ab®ie
necessarily in direct relationship with the speech

uMisti&g. conFentiltnady teéganang metdodgamighe the uncompressed
TTS database resulting in the VLBR encoding as the

training material.

Usually, speech databases are organized such that similar
compressed units are grouped together, or they are

organized as sentences.

In the first alternative, non-continuous units are
compressed (step 104). In this case, the compression is
done using the original recorded sentences in such a way
that the natural acoustic context is also given as input
into the encoder to enhance the continuity of the speech
output. Parts of the natural context can also be included
in the bitstream of each speech unit. The VLBR segment
boundaries are forced into the locations of the possibly
extended speech unit boundaries. After the compression,
the compressed database is organized into its final form.

The bitstreams generated from the different instances of
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segnent, and the segnent boundaries may not be aligned
Wi th the speech unit boundaries . In cases in which

WO b@reoes exi st several instances of the codecPCT/1B2006/052028
codebooks retrained specifically for different
dat abases, the codebook _used_ in the VLBR _codec is h
SRR P g ETRES, PP S Fe SBP R 1y plGal P IS cOpdaeh theT
dettehase, that is, |less than 100 kil obytes versus tens
of nmegabytes. Therefore, the conpression codec can be
retrai ned for each speech database before the actua
Campressiseronde battikeha tivegr dohttinuathi epeciche daest is

conpression ratio speech. quality with _a_respective .
OB 5B o H5) 3D ErdHe cht aPmih eaREBL e 15
dqnaeusb@gi?@$$gﬂgkgn%hetb@b@bﬁg,nmhaodaﬁm sﬁggaat

upnconpr esse at abase resultin In e ]

eRCHarRG 188 CRE PF&'ﬁanenépéFﬁgll%tesﬁgﬁl§90§6é88ﬁ of the
databasesnate e ganiried suchnktlatasi Bel pnacedpeesseding to

units are %rouped together, or they are or%%g:zed as
s&RCeREEY LI TEn Ofh&De PoEesnt 8PRAYISYE, PREKOCERE Ryolde VIBR

uehttsdere ganphesyedststeprb@4h,. the thitsiease, tihe is
conpr.ession is_done using the original recaqrded
sBAPeAdEsdi Whdden tRewsf COREt 2PRE& OR&IUFAR1BdEESt itae

Cebt®tbsiss ol 8@ rdlc¥encds i nput into the encoder to
enhance the continuity of the speech output. Parts of

the natural context can also be included in the

bist sl-beameot i€agh repeech nunivisrRTRe¥EBRsSegm@Able, it is
boundaries are forced into the | ocations of the
p@§§ﬁ§ﬁ??§xﬁénéééosﬁé@&ﬁdﬁnﬂpcﬁéaﬁ@aﬂﬁé§ImA¢ﬂeﬂ ﬁﬁé each
CQRREESShaA .t A ComRLeeseddabakase dat a®h8anii 284 uidRik0 thus
its final form The bitstreans generated fromthe
ditheePdstirgamgnées 6BChe sPERENdIPRENE NG OCREA ON

eXamleatBengrouped toget her,

Steps 101 to 105 are an exemplary implementation of the
speech processing according to the invention. It is to be
understood that the compression could also be an
intrinsic part of the segmental parametric speech

encoding.

Finally, the compressed speech database is provided by
the database generator 10 to the mobile station 20 (step
106) .

The mobile station 20 stores the speech database 24 in

the memory 23 as a basis for its TTS functionality.

Figure 3 is a flow chart illustrating a text-to-speech
conversion of input text performed in the mobile station
20 by the TTS synthesis software code 22 based on a

stored speech database 24.
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etc . In the second alternative, continuous speech

data is conpressed (step 105) . In this case, a whole
WG@RWe02es i s gi ven as input into the encoder. ACEIBZAE®R52028

segnent boundaries can either be forced into the

| ocati ons of the speech unit boundaries or they can be

pl aced according to the results of the speech anal ysis

pahkorimpd thy eikite mdlyBBeeioadekambn et liexfti taktappr adckady

il.e the se

the retri.ev ti .S monim zed on

LBLPCECh Rt T80 11 fe BUBDT E0sPON 4t PEMeREy Coseodor
th%xlti—ﬁ:ol’—aipée@}h bbav\ékgoello@grc a sls\éar,if ablke, t'[hiatif d4s input
necessary to _al so proyi ocation dnformation for .
ek peeEn Gt SXPHR 1Ry BESET Spedckeazedpatet that is
i pebwdesd bys ahbe hkirt sseeadeviiee each speech wiirkdand

| ogati.on i nformation . Stggs 1%1 to 105 .are @n

eXSFFIEsy CRPPEMEACR: i6n toF FREdFeEERPPEc&lsi gt that
aGE0paoRg ded the thaverbiior. skhtisnt 0obeyuadeesteed3o via a
t hat .t he c%gﬁression could al so be an intrinsic part
offOPHe S5 EGRBNPAIC G APENBEO & pe&ER -encodi ng. Final |y,

the conpressed speech database is provided by the

dat abase generator. 10 to the nobile station 2Q (step
106F Lerhe lfoBiereigest Pana287Tst drestrredspeadnzed by the

datrgbaset24siR Lhe iR ¥0dd 2% .aThasihgsf gironts chS
functionality. Figure 3 is a flowchart illustrating a
t ERCLPEMSpBe CRZEORFEFCSISSANGT OPnPphE f8RU tpéPKSr fred obrain

t be omRRiklse aslathen r2Q rby oije (5tapsyathesis sof tware
code 22 based on a stored Speech database 24. The i nput

text may be for exanple text that is already
Phonemes and prosody are then used as a basis for a

selection of those speech units in the database 24 which

are to be concatenated for a speech synthesis (step 202).

The VILBR parameters belonging to the stored speech unit
can be used as additional information in the unit
selection of step 202, leading possibly to an enhanced
speech quality. Also, if the VLBR parameters are used in
the selection, it is no longer necessary to store side
information such as pitch contours for the purpose of
unit selection, since this information is already
available in the unit bitstreams stored in the speech
database 24. Due to the segmental parametric coding
approach and due to the bitstream format used in the VLBR
encoding, it is possible to decode only the parameters
which are relevant for the unit selection, for example a
pitch contour, without a need to decode the whole
parametric representation or the actual speech segment

(step 203).
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stored in the nobile phone 20 and is now sel ected for
a text-to-speech conversion by a user, text that is

WO ppanoRzys a user, for exanple by nmeans of a keRp@EHDB2006/052028

text that is provided by another user device in a

direct wired or wirel ess connectiqgn to the nobile.

SR R a0 el P hRHERS oy B 106 Pre SReGERe thite are
sttaknome2@ ikyca sepwent20yifarachwohi b€ chenunicat ifeom the
network, etc., The text is received.,by a TTS front-end

r 8L ddt?%aPﬁéeT’Fé %?r]ft RESCPEPEEPEHEFe code 22. The

TTS front-end perforns a text processing on the input

text to ohtain phonenes and their prosody (step 201) .
e S AR BeusSPB et Ren 8o tas 8 BalretRel Sheech
seheelsi @anobet hape capated uni twol Aitffe rdatakase,24epending
which_are to be concatenated for speech synthesis

( SPefpPS0IPProvre VE%% par éﬁﬁt 8P 3RBPEN GPRG TES SERE
steedispaeabowdi witan regcisadeascaddicbisonald and 105 of
information in the unit selection of step 202, |eading
p6<9UBFy 2o an enhanced speech quality. Also, if the

VLBR paraneters are used in the selection, it is no

| onger negessary to store side information such as
pﬂpcﬁh@oﬁﬂéﬁﬁsa 6ﬁrpﬁélﬁﬁrp6§eWgﬁcﬁnFpesépg@FpoﬁFtabase 24

Sicba@riiRies cohPreican nbs -2bheadnoakaishakled bRitke ecach
unit bitstreans stored in the speech database 24. Due
t 8ONNECHEGRERUE SparaRelPE d&ditRGrasyrsadh rardlyudassd on

t hecbibetieam farmRinawsed it hecVsBR-eneadisPdecht undts,
possi bl e to decode only the paraneters which are

r &hevarcatden RéE gach daiécbrdng pérredamsl 618epitch

CQRIFRha tWohh Ut tcnead aba sdecade skhaWrale RaLRRRE! | §he
representation or the actual speech segnent (step 203

. TR rpavafe sPECEHNLOGIts 16f delgedse ast sdcped&dR tudist s the
afit bitstream is decompressed to obtain the VLBR segment

or segments comprising the VLBR parameter tracks (step
204) . Possible additional acoustic context can be deleted
after the decompression (step 205), either before or

during a concatenation.

In the second alternative, in which the speech database
24 comprises speech units from compressed continuous
speech data, it may be necessary to decode additional
data, if the segment boundaries are not forced into the
unit boundaries. The selection of the speech unit is
performed by determining how well a respective speech
unit fits the particular purpose and how well it fits to
the neighboring units in the concatenation. The decoded
additional data can be used in measuring how similar the
natural context is to the context in the concatenation.
After decompression of a retrieved speech unit to obtain
the VLBR segments comprising the VLBR parameter tracks,

the possible additional parameter values at the beginning
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then retrieved separately for each of the units from
t he speech database 24 for deconpression. The

WO eqorioerzad and deconpression of the sel ected SPEBm2006/052028
units can be inplenented in two different ways,

dependi ng.on  t pproach, used in e dat.ab

P it e JE PR B RBa e 30k R 6 BACG Ofo thpegest VLER
184garttl0F aheFisgpereh? uniln shelt bet dallbeedapirier it a
whi ch the speec at a 24 conprises conpressed
ngﬁpgg%FPﬁ368§ 3633@h9335rs, each non-conti nuous

speech unit is retrieved directly based on the

| gcat | information for the selected speech units,

AE3) SIAR SrOOrobRo et 106 1 <h6: B8 DEDERagIon of the
| Bloeerdt AA tish airke thahakase aZénadsdremhieored cabevation is
The retriexgd speech ynit, i s decoded agAsuch that is,

t fONGniil biEs PREAMFILS 1Ge CORBLEs $8d "F0 th6t XLRR ReToMsRe TS -
SegFert , 0HuFEGIEBES aF@RRY itsleN@ohle t¥RBRipar, areher

tracks (step 204). Possible additional acoustic
COREERETEAN BRIGEIEPEdCRFt BRYt R @BPAHFFedsi SRe( ILEF

20%)ametitRer (aekereosy during a concatenation. In the
second alternative, in which the speech database 24

conprises speech units from conpressed conti nuous

speeahad@liaic hotBY iRa tIREEHSF Vet @ad@6ede caddiihi ona
data, if the segnent boundaries are not forced into

t R8 TGAICU IBSURBaPTrEST TRe CBERE: PoRMEPIRE SpESEfkeaaition -

| goper perRd by 146t ermenRE AW Wekl b3 ttBSReAkYe can be
speech unit fits the particular purpose and how wel |
i BMpetsedo ath&éhgelghboPrNgdasies itR ke 1eyRcat BRAliesn.

Thendecpdeq addit ippak igdal 3n6RANRE WSLHNHiRNMBRARULHRGH is
how simlar the natural context is to the context in
t Redédaesy effhei sg51idual amplitude spectrum is also

modified to take into account the changed number of pitch

harmonics.

The relevance of the boundary smoothing is illustrated in
Figure 4. Figure 4 presents in an upper diagram the
course of a parameter value over time in case of the
basic concatenation without boundary smoothing and in a
lower diagram the course of a parameter value over time
in the case of a concatenation with boundary smoothing.

The parameter value can be for instance the pitch value.

It can be seen in the upper diagram that when a parameter
track 41 of a first VLBR segment is concatenated with a
parameter track 42 of a second VLBR segment, the
resulting parameter track is clearly discontinuous in the

case of a concatenation without boundary smoothing.

It can further be seen in the lower diagram that it can

easily be ensured that the concatenated parameter track
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After deconpression of a retrieved speech unit to
obtain the VLBR segnents conprising the VLBR paraneter

W@ e@cke7213 he possi bl e additional paraneter valREBIBR006/052028
t he begi nningof the first VLBR segnment and at the end
of. thz |_ast VL%R segnent of the s gech uni %hould be £
dérPefed®gri 6P 074 “ESn 89eﬁ§FFSHaE ¥e5m56§§ PYTREXNIEBR™ ¢
Seghmeaihs yr esivotthngg bet-ve ctle chrprrassitopachmcherspeacik 41°'
units are then concatenateg. Tﬂfﬁéqnc enati.on i § done

iﬁthé ﬁaF&ﬁ@P?i@a&gﬁﬁFﬁru Fﬁg VL ep&F&ﬁ%P@ gcourse

Befforrde @urrangterr afrbekst e ,cancatemraki Bdounsiam® is

paranetric .nodif.ications my be applied.to the VLBR

R TEters 17 Shds . S06P AT B4 erPRL e o dieoat Lon ShagTal,
beog@h huet soph riamefatt itedlck ehhadicder the @kirakeRtaal

snoot hed concat enation. Nbre specifically, the LSF and

t RETPPEERTEE d48s LO&n PHETSATEt REG3St the unit

boundaries to achieve a better continuity. For the

ti_me instants at which the pitch s nodified, the

r &&i dfaltCakfl MRGGE sSSPt Mt < tatSo 58I PPEF ISt &Re
IEbe@Q%owa&ibh% chaegedindber ghrhikehikapiRResing to
The rel evance of the boundary snmoothing is illustrated

i +DFi Y&PE £°9MENgSre 4 presents in an upper di agram

the course of a paraneter value over tine in case of

t he basic concatenation_w thout boundary snoothi ng and

i AhgTFofeY BradramciREPdGuRsE8eeA &CparaidiethfaPdéch

ovehtbufe oifN sbhe ¢ask Ak @ch@RCakerak @nWcbhBeundanivn .
snoothln%“ The paraneter "val ue can be for instance the
d€e

pPcRTG& 'l £hdgncpe beepchicikre BypBeddifygnamtigatralues
WREN +R P32 8k rhhd¢k A hnef +Acf ishel t YaBRag@IMRAHCSS to
concatenated wth a paranmeter track 42 of a second
VIBRCSeghentarghe contour. In addition, the gain parameter
contour can be adjusted to achieve a desired stress in
intonation. Only after the intra-unit prosody fits the
target prosody, the neighboring units are concatenated in
the parametric domain. It is also possible to modify all
the parameters in a systematic way with the goal of
changing the identity of the speaker or the voice quality

in some other way.

Only after the concatenation and all appropriate
modifications are completed, a VLBR decoder, realized by
the TTS software code 22, performs the speech synthesis
(step 207). The speech synthesis includes converting the
parameter contours into time-domain speech waveform. The
concatenated parametric representation is used as the
input and the VLBR decoder produces the speech output.
For a minimized delay, the conversion can be done for one
small block at a time. However, at concatenation
boundaries it is important to have some data from both

VLBR segments that are involved in the concatenation.
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resulting paraneter track is clearly discontinuous in
the case of a concatenation w thout boundary

waepwehdizngy. |t can further be seen in the | owePCHIBQOGIFR028
that it can easily be ensured that the concatenated
parameter trackis always continuous and reasonably
snoot h by neans of a boundary snoot hi ng between the
fmhetspebahee@mtheadk ébbsandttheqeeeendngamamahebry
track 42 riginal rrse qQf _the p ter tra
apoags e fBS O AL PO E R RS e el e of REETa RGP A LS LE
WIhh geashed,| ithes onlly geqeﬁabmeatcaetenueperaaﬁ@meberthe

track enhances the perce uaI r f Qr manc
R A on R EE e R Ba P e T, fhies codec.

al so p033|ble to perforn1var|ous ot her ki nds of

parapetric processing.to the VLBR segnents . There nay
bé tf 6fSeX] Penﬁtﬁgeghﬁg Rodio ﬁgFﬁbﬁ”E&ﬁﬂ@ﬁr of

SQ@@;Y&BBt&@@WQQQSb@e@@&EOEEQdC@ﬂ&@h@n%hbogpeb&h
practice, this can be achleved by nmodify t he val ues
oﬁYPﬁQeﬁﬂﬁchwﬁéan@PQﬂ af§ the §B§€FF&PS | iHgddSBRo

makghchiite LartgeuitCcantayle gﬂadd@ erss.the gain
parameter contour can be adjusted to achieve a desired

stress in intonation. Only after the intra-unit

Pras@dy yf, i khet ReniaLaet <Rl egedyn Whe Bei ghbenided waits
are concat enate |n t he ararretrlc omain. It is also

passible Py tRyE My-2ap! 1PH€SB§@§|‘?§t efs the Bodyjdeemkpitdon

vway Wwatf ctrhg +goah of i¢hang e the dederbirt ¥ nafahke in
speaker or the voice quality in sone other way. Only

affeBPrihe 3c dr€afenaticsn UgAgcal | appropri at e

nodi fications are conpleted, a VLBR decoder, realized

by the TTS software code 22, perforns the speech

st kEsi ¥hedeep t@e7presvéﬁée§pey@ﬁe§y ghRE&dES Endcedesrade-

C%%fe%%%%%ekh%omputatlonal complexity, memory consumption
and speech quality.

While there have been shown and described and pointed out
fundamental novel features of the invention as applied to
preferred embodiments thereof, it will be understood that
various omissions and substitutions and changes in the
form and details of the devices and methods described may
be made by those skilled in the art without departing
from the spirit of the invention. For example, it is
expressly intended that all combinations of those
elements and/or method steps which perform substantially
the same function in substantially the same way to
achieve the same results are within the scope of the
invention. Moreover, it should be recognized that
structures and/or elements and/or method steps shown
and/or described in connection with any disclosed form or
embodiment of the invention may be incorporated in any

other disclosed or described or suggested form or
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paraneter contours into tinme-domain speech waveform
The concatenated paranetric representation is used as
W@ b@7jo2es and the VLBR decoder produces the sSpeBm2006/052028
output. For a minimzed delay, the conversion can be
done for one _small_ bl ock at tine. However, at :
c SABSEeNSA oA SbaUAGAPTES TE RS ApoPERIET: SPRAGS -sdfe s

dahe fihaenhdbh,ViEBRredgrent sot bat lame ticdlv o ed aisn ihke cated
concat enati on. The speech.synthesis does not require
oY THRASESRY FhaiT R rine CoTR sy BREFaRal  has! ¢

VLBR codec itself. In general, the only requirenent is
a separation of the dequantization and speech
synthesis parts of the codec. It has to be noted that
a high quality duration nodification nmay be perforned
during the speech synthesis, which nodifies the
durations of the VLBR segnents w thout audible quality
|l oss. Finally, the synthesized speech may be provi ded
as audi bl e output via a | oudspeaker of the nobile
station 20. Alternatively, it may be stored for
instance in nmenory 23 for a |later usage. On the whol e,
the presented system enabl es a good trade off between
conmput ati onal conplexity, nmenory consunption and
speech quality. Wile there have been shown and

descri bed and poi nted out fundanental novel features
of the invention as applied to preferred enbodi nents
thereof, it will be understood that various om ssions
and substitutions and changes in the formand details
of the devices and net hods descri bed may be nade by
those skilled in the art wthout departing fromthe
spirit of the invention. For exanple, it is expressly
i ntended that all conbinations of those
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el ements and/or nethod steps which perform
substantially the sane function in substantially the

W@ 2002/00Ry5 t 0 achi eve the sane results are w t hPEI/1B2006/052028
scope of the invention. Mreover, it should be
recogni zed that structures and/or el enents and/or
nmet hod steps shown and/or described in connection with
amhadi 3¢l ededmkadr msar enbodi ment of the invention may
be i ncorporated in any other disclosed or described or
suggested form orenbodi nent as a general matter of
Ioleasi gndmb@:hoa. olft gsaeﬁ:be(ijhgt enﬁ'p@écht hetfbeﬁe, alts0abeasis

imt only as indicate the scope._of t clains_,

append@d ReFEDGRAP ¥ oc Laisdor §PoECn AYREDRGA Sof Sa1d
gener atithgdacsppechidatabase as a basis for a
concatenativ text-to-sgeecg synt hesi,s, saig gpthod
conprisinB?rEQFP6Pﬁiﬁgs C§pHeebh°pFEEesyi ng<i-HEIM Ui Ag a
segnelkghecpabanphi-bgctpeechpeacadengodfingpegchpdata data
based _on a paranetric nodeling of speech and resulting
in cokfressed BaPéﬁéﬁéFF%Qdmggéé&Hgs86n§ﬁ€§?haﬁ8d

assenmbkisng tsagd i 6OMpHessedcpabamBneibzedcspegelch
segnents in a speech database. 2 . The nethod

accor @FAGCPESEl &M 1, wherein said parametric
model i ng gk ssRBEEAyi §20A€ cBfpReskBHShdaherBdeLAgsaEch

a waveforminterpolation nodeling. 3 . The nethod

accor PAGSRSScRAi i FPeehef@itAPd&Rd segnent al

paranetric speech encoding is a very low bit rate
encoding. 4 . The nethod according to claim1 ,
wHer eThesBREhSPe8EROFAGEEs §PnglRIMpdr f HPREG 1Py SaRd
Sncogﬁérhﬁékgﬁ% mehediAgdofrospeaicfl $Re8ER BEOGeS3hRgoidal

ased on sai

modeling and a waveform interpolation modeling.

3. The method according to claim 1, wherein said
segmental parametric speech encoding is a very low

bit rate encoding.

4. The method according to claim 1, wherein said speech
processing is performed by an encoder that is
retrained for said speech processing based on said

speech data.

5. The method according to claim 1, wherein said speech
processing includes a compression performed on non-
continuous parameterized speech segments and a
natural acoustic context for the respective

parameterized speech segments.

6. The method according to claim 1, wherein said speech
processing includes a compression performed on

continuous speech data.
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speech data. 5 . The nethod according to claim1 ,
wherein sai d speech processing includes a conpression
W@eefo01exl on noncontinuous paraneterized speeR¢T/IB2006/052028
segnents and a natural acoustic context for the
respective paraneteri zed speech segnents. 6 . The
nmet hod according to claim1l , wherein said speech
prraceSaengeichodudesoaddanpressilanmpear, f aheediansaid
conti nuous spegph datat7 - TEQ nethgd accorging to
cl ai m"Y™PrRREFE RS -CoMpresSBGFar SRBl'eFi-Zed Speech
segnedtistatieudesit Anbsted spesahddapadabedababpsechounits,
speech gnihs, and wherein sgid assgnbling of N
conpr 8§ed §§§é8hS§é§w€ﬁF§m h189s BEeERTRAES55 e SPECC
conpr segme@teupnng spedcipaathbuBit sohyripeechreapids said
in said speech dat abase . . The nethod according to
clainﬁfe?cahBPéFﬁ i GPEGAPr ES5BESparafeter PP Epeech
segneabsadkecdi stributed in said speech database to
speech units, and wherein said assenbling of
conpressed speech segnents in a speech dat abase

cenprirhesmasseabbicig raang speeghiwnit swhyreent gagas in
sai d speech database . 9 . A database generator for
gener PMRGCaSsPeBER 2B&5HAS6IaSPEFRsPEIFERLE are

concahenath ke tbaxtnt @aspeaphesunthesbseSabd sgatahasaits,
gener at or conprising: processing neans adapted to
per f oPRfa"EFEEER SrocledSSRFCLABBUAINGORPEEFFEAL FPeech

par amgtghentBeeahse8pediRddak apRgeCRoHRl-askasadsefnding
paranetri c nodeling of speech and resulting in
Conpr§§§gdspeech units by sentences in said speech

database.

9. A database generator for generating a speech database
as a basis for a concatenative text-to-speech
synthesis, said database generator comprising:

processing means adapted to perform a speech
processing including a segmental parametric speech
encoding of speech data based on a parametric
modeling of speech and resulting in compressed
parameterized speech segments; and

processing means adapted to assemble said
compressed parameterized speech segments in a speech

database.

10. An electronic device comprising the database

generator of claim 9.

11. A software program product in which a software code
for generating a speech database as a basis for a
concatenative text-to-speech synthesis is stored,

sald software code realizing the following steps when
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paranet eri zed speech segnents; and processi ng neans
adapted to assenbl e said conpressed paraneterized

W@ p@eobr2segnment s in a speech database . 10. AnPCT/IB2006/052028
el ectroni c device conprising t he dat abase generator of
cl ai war e Ero ram. roduc

cof t WEPAN o BE PR e it &1 Brg R8s Bae A gkt Rbafl BQegtronic

baS|sdb0ﬁca concatenative text-to-speech synthesis is
stored, said_software code eal 2|n .the.fo

st eps mheﬁﬁéﬁﬁﬁméQgcatEBeFﬁ apﬁPSSE PﬁngﬁthéPgaﬁ

el ect segmendali parampettier sbagca %ﬁ&&dﬁngf@&espbé@h data
|nclug g a segnental aranetrl sgg h encog
speech?§5fa°Bage835ATS Cparafelrild "Hodél PRGEGE & gech

and r esdhllitAggl AnCcesppesseddppbanrieerieddspeeelh
segnments; and assenbling said conpressed paraneterized
speecﬁeg@ﬁﬁﬁﬁtsapﬁ a speech database. 12 . A method

enabl i ng aseenpatagakbie texprtesspepahampyithese8 speech
based on a speech dat abase conprising conpressed
paranﬁ?@@??@& %Beécﬁp§§ﬁﬁeg?§ngﬁﬁﬁrned in a speech
proceSS|ng, sai d speech processing including a

nment al garanetrlc speech encodi ng of speech data

ngPalfAPaAeEPPEABdePi AGN6PLEPELENS S&KE R RBGSCh

CO”be§hE9es§§|%@%bﬁgoﬁoﬁpégéégﬁ parageker caegrspeagh
segnents from sai d speech database based on an

avai | &BMBTEEREd BEEBRFIEsdrRY SRPGCHereOTEatEoRpradsed in

a speech processing, said speech processing including
a segmental parametric speech encoding of speech data
using a parametric modeling of speech, said method
comprising:

selecting compressed parameterized speech
segments from said speech database based on an
available text;

decompressing said selected compressed
parameterized speech segments to regain parameterized
speech segments;

concatenating said parameterized speech segments
in a parameter domain; and

synthesizing output speech based on said

concatenated parametric speech segments.

13. The method according to claim 12, wherein said
parametric modeling of speech is one of a sinusoidal

modeling and a waveform interpolation modeling.

14. The method according to claim 12, wherein said
compressed parameterized speech segments are
distributed in said speech database to compressed

speech units, and wherein selecting compressed
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par aneteri zed speech segnents to regain paraneterized
speech segnents; concatenating said paraneterized
W@ p@eobr2segnment s in a paraneter domain; and  PCT/IB2006/052028

synt hesi zi ng out put speech based on sai d concat enat ed
paranetric %geech se%nenhs . 13.tTh?rnethod accordhng

to cl RPAPTSTOMMEFe; fPsa -G FaPRRBEFi ETBusritRg SBFeC
speechaitabase ebmariispyseivdalanvdel pbagaandecaswarekarm

i nterpol ation cording to

n%deling. 14. Tge nmet had aﬁ L

cl ai mESCCHhEPER 88 @ B8fpfedSEdSparaftl&rit288  speech
segnents are distributed in said speech database to

c ressed eech units, and erein_selectin .
o TR B PR Cer P s angn e f LedBdAr o MFEGA LaPa L
speechotipt-abasa pampmesesievd 4pkery papaspter aref
sai d speech units . as a.basis f%r saigﬁselection. 15.

The nEtR&dIREEEAdI A SR PRPRFT2 d2REAEF N targmPTessed

conpr ggsedhpanarel eandedhspeeah ssegdeBYS cah@ressed
di stributed in said speech dat abase to conpressed )
speecﬁaﬁﬁpﬁ§?réﬁ8dwﬁ8?§Fﬁ SEPBENEd é5ﬁpF§§§é&ved from said

par amgpeeicredaspeach segnmeBtesmph-eskebhni Bueddf kemsaisd
speech dat abase for decqonpression based at | east

par t | P26 1¥nPor AREPERAOSail8 SpéEcRPERFs UN1E6.: The
nmet hod according to claim 12, conprising a further
processi ng of said paraneterized speech segnments in
sdied pheameteprddararsding. teheladfthdd  aceBPALRd o2

cl ai mel@inehepeiresaiidgf Uit BEA aPHACERERS i GRAPELERSh
del eti ng unnecessary parts of said paraneterized
speechcoBgRERt 30 $81ATRATRELKRE HEF8idi-ng to claim 16,
wherein said

17. The method according to claim 16, wherein said
further processing comprises deleting unnecessary

parts of said parameterized speech segments.

18. The method according to claim 16, wherein said
further processing comprises smoothing parameters at
concatenation boundaries between respectively two

parameterized speech segments.

19. The method according to claim 16, wherein said
further processing comprises modifying voice
characteristics of said parameterized speech

segments.
20. The method according to claim 12, wherein

synthesizing said output speech is performed using a

parametric speech codec.
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further processing conprises snoothing paraneters at

concat enati on boundari es between respectively two
w@anoanenes i zed speech segnents. 19. The net hodPCT/IB2006/052028

according to claim 16, wherein said further processing

c rises i fying vai.ce characteristics of .said
R E: oo og BaER et To88 LPhe RErRSD
accor dynghteichiaigmsi2d whepeaitnspyethesdiszbagesaodd a very

out put speech i s perforned using a paranetric speech
codec&?f.%+%erﬁ§?h§308g&89ding to claim12, wherein
synt hesi zi ng sai d out put speech is based on a veryl ow

bi.t, rate decoding. 22. A text-to-speech,synthesizer .
oAbl nee Rt e S AbBRaT: F87F BrE1raT o pogEN 8UnenEgee tenative
basedtenrtatspepebcatghasesisabdstaxbnt a- speeeh database,
synthesLéQr congrising: a ne ry_storin%Aa,speeqh

dat ab88é 9 SRFFT $PRGPESHPr 8¥8EGSparametelPred8Féech

segnents gbhamnbed kRoaispgeachppeeBedstABassacemppesthy
processi ng including a segnental paranetri c speech, )
encodFﬁ@P6?5§69eEﬁr qekey Fﬁ& §P6§F§n§€9W€nﬁ6d8PFﬁQD8ﬂ in

speech; speecespirbgcdBang, adaptedpbachebeetegeipyesseduding
par anet eri zed speech segnents from sai d speech

dat ab&s EHHE8E33nPARABGAT I EbPRCEER ENFPEABYs Phg SRESRE data

adapt gdihg depannnessisahddseliact 8¢ cpapressed
par amet eri zed speech segnents to regai n_paraneterized
speech seBKERE§S1pPoMEaEFngdaRaRY 4BapeéBCEocompressed

concabghaheteakdepakpretar s2gfepR8e¢h onegaBAtl SpkRcR
paranggggbgggakggegngn an available text;
processing means adapted to decompress said
selected compressed parameterized speech segments to
regain parameterized speech segments;
processing means adapted to concatenate said
parameterized speech segments in a parameter domain;
and
processing means adapted to synthesize output

speech based on said concatenated parametric speech

segments.

23. An electronic device comprising the text-to-speech

synthesizer of claim 22.

24. A software program product in which a software code
is stored on a readable medium, the software code for
enabling a concatenative text-to-speech synthesis
based on a speech database comprising compressed
parameterized speech segments obtained in a speech
processing, said speech processing including a
segmental parametric speech encoding of speech data

using a parametric modeling of speech, said software
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processi ng neans adapted to synthesize out put speech
based on said concatenated paranetric speech segnents

WO 2®3/0078m5 el ectroni ¢ devi ce conprising the PCT/IB2006/052028
text-to-speech synthesizer of claim22. 24. A software
progr r oduct which _a.software code. i s store
B e e R PREGT aior R Se SPIIar A B0 g4eRs: CElaRI FReCHTed in
concabepabb@eshegtuh@tspéeeh syrthesns chdsedcen a
speech datﬁz rlsing cgngr sseg Earagpterlz
speech sef 188 PRBEPR°G 5pEECH-proéeSsPRES “Sai d
speecBepheaessiftgm Baliddispgeahsegabhak pasadebhi an
speech _en glng of speech data using a paranetric
nodel?ﬁalgﬁ dFebEKL7sai d sof t warecode realizing the

foIIomnngd&bemﬁrbesmggesa@uteéleetadpbampﬁésagdunlt of

an el ectroni c device: ectin ressed
paranBFéFW?é&réﬁégcﬁp§§§ AEY PS 8|66§6é8cﬁarameterlzed
dat abagecbasedghBnan;avail abl e text; deconpressing

said sel ected conpressed araneterlzed speech segnents

to regaunCBBFﬁﬁﬁPéFFQEdSéngEﬁr§@§ﬁ§ﬁ€§edcSHESFBnﬁFgﬁﬁnts

sai d par anpheainzedrspepehnyegrants in a parameter
domai n; and synt hesi zi ng out put speech based on said

concat enaf¥athaFafenei fUSBBECAPSEGheRrged 95, SAldyst em

conpr kshedtbhatdat phaspcgener abeecaf sebabALd . and the
text-to-speech synthesizer of claim22.

25. A system comprising the database generator of claim 9

and the text-to-speech synthesizer of claim 22.
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