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W@%Eg%%{’gethods, software program products, a database,geRgsaiohs=s
text-to-speech synthesizer and a system supporting a concatenative text-

to-speech. synthesis. BACKGROUND OF THE INVENTION
Text-to-speech (TTS) synthesizers can be employed in various devices
for converting an available text into an audible speech output. The
importance of the TTS functionality in general is currently increasing very

rapidipas-the.gpgechsyatbesistesbneloy.is getiing. smabia eRowgl for
products. A high quality of the speech output, that is, a high naturalness
of the speech output, can be achieved with concatenative TTS
symthiesizers. CHAcARVIBNTE O S 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
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Text-to=-speech (TTS) synthesizers can be employed in
various devices for converting an avallable text into an
audible speech output. The importance of the TTS
functionality in general is currently increasing very
raplidly as the speech synthesis technology is getting

mature enough for products.

A high guality 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 ocutput
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 c¢lips contain most
of the transiticns and co-articulaticns 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 1s still necessary to also steore shorter



usage of the TTS synthesizers is limited to some specific small
vocabulary. The speech quality offered by a concatenative TTS

W?H)t%%ﬂ;ﬁg depends largely on the size of the available speechssaienszors
atabase. A larger database results in a higher quality of the speech

output. Therefore, conventional TTS synthesizers capable of synthesizigg
e

highP &y Spkth Ls&the tBReARMativE sYhthediTabpfiach™ahd fdly
heawilyecorhaving avkilablenalvesy farge speethdataibbse: FTherfersdhéic
spgﬁgqgamg@wsually compressed in order to be able to store a
given number of speech clips using less memory space. Conventional

TTS systems generally use either a proprietary codec or a code- excited
linfarepredsketive CELRYgodififemodellyased-codeteliesforandtéfice the

adé%ﬂ%%&wg@eééy&hgoﬂsggém?%ﬁo%gs tesult ig@ $peeGRyai1able

database compression with bit rates of about 10 kbps or slightly below.
ThERR& bt PR thits Liif PathePRig A Smbst HighSqddlity “197er
concatehative T TiSisysthesiZersuhputotallsize of the speecty databaselisTTS

tens, orAundredsof megabytes: In gmbedded systems, the,ayailablgpeecn

memory size, and consequently the naturalness of the output speech, is

seVSrRIy FEtRERE TRehiad practitally pravéiBa RE usdhe oFfjgn1eavily
qualityrsynthesizersiihadmbeddet platfornss |asored systenis, speech
coding techniques have been applied to achieve practicable memory
figures, but in most cases this has resulted in a significantly degraded
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order to be able to store a given number of speech clips
using less memory space. Conventional TTS systems
generally use either a proprietary codec or a code-
excited linear predictive (CELP) coding model based
codec, 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
totel 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, spesach coding technigques have been
applied to achieve practicable memory figures, but in
most cases this has resulted in a significantly degraded

speech guality.

In concatenatlive TTS synthesizers, moreover the post-

processing of the concatenated waveforms is typically a
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processing of the concatenated waveforms is typically a 2 problematic

task. The employed processing techniques are often computationally

expensive and/or may produce artifacts to the output speech. It may, in

particular, be difficult to produce smooth and continuous-sounding

speech from small speech clips. The concatenation method used with
PrERL PBaset sbititions, T6r exeiipley d8estiot ahiays prodace opteimal are
ofresults frommthe adewpeint of contipuitys SHMMARY QE THRANVENHON, e
2 Empodiments (;&fhtgecjg\@nhp'ﬁonS eek to provide enabling a high quality TTS

synthesis based on a speech database, which requires a moderate
memory space. Example embodiments of the invention provide generation

Ltofmeuch a speschtdatabase ane dealingiwith thecusepofsuchea speech and
codtabasesIn.a first aspect phthe-inventign, there is provided a method

comgrlsmgzgerformtln%a speech processin including a segmental
concate 1T £ a)elel 1S

parametric speech encoding 6t splech data based™ or‘a parameti@s,  for
exXpedefing 6FsFecth and Fesuitingrinc éemprassedpdrameterized speech the
visegaents, whereinthgusegments are chosen such that the intra-segment
similarity of the speech parameters is high; and assembling said
_compressed Wparameterized speech segments in a speech database as a
SG%§¥OP§ cORcatehativé téXi-to-speech synthesis. 3 In a second aspect
of the invention, there is provided an apparatus comprising: processing

Ereang adapteddo perform.a,cnrion  seex to provide enabling a
high quality TTS synthesis based on a speech database,

which reguires a moderate memory space.

Example embodiments of the invention provide generation of
such a speech database and dealing with the use of such a

speech database.

In & first aspect of the inventiocn, there is provided a
method comprising: performing 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, wherein the
segments are chosen such that the intra-segment similarity
of the speech parameters 1s high; and assembling said
compressed parameterized speech segments in a speech
database as a basis for a concatenative text-to-speech
synthesis.



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 adapted to choose the
segments such that the intra-segment similarity of the speech parameters
is high; and processing means adapted to assemble said compressed

Inpgramefeizedspesch segments inwspeecidatabsscasa Basivicia 20
apeencatenativertexi-ta-speech syrthesisy Ima dhird aspectf the inveptioam =

spthere 'S;PE%'Q@QL%gSOEWQE%H&QQfafH pr; g&@t\e{h'%%%@@@cw%@ech

stored, said_software code realizing the following when being executed in

eng Protisssing UEST &h SlBtfionie “aavicd: pérfdiiing 8 speech %%@%%gof
spiteluding ad segarental parametriccspaeckeercbdipg ofspeech dath basedch

scQhd-RAAMetic mogeting of speech-and rasultingn.cempressed that the
m% rameterlzeq speecq segments Wj;]ereln the segments are chosen such
t

at the mtra- segsrﬁent”3|mlla¥|ty of the spe%ch parabmeters IS ﬁlgh andh"1gh
anéﬂss@ﬁfbﬁﬁ@%hﬁw cBfipressatl Paranetefized spebehsegments frapressed
raspeede databinse ascahasis:tofaneencatenaivestexttorspeechicase as a

oaDUhegis. In & fouh aspect of the Joventian, [herg iz provided.a method

comprising: selecting compressed parameterlzed sp segments from
a speech database based on an available text, said speech database
Incomptisingccompressede paraineterizedspeech segrments obtainedvinded a

sc3peech pr%%%%% said speech procesging.including asegmental e 55
parametrlc spc?e ncoding of speech data using a }Parametrlc modelin

stored Tware alizy =
of Speech’ Wherein the"Segimehts &re 35 ne following when
being executed In a processing unit of an electronic

device: performing a speech processing including a
segmental parametric speech encoding of speech data based
on a parametric modeling o©f speech and resulting in
compressed parameterized speech segments, wherein the
segments are chosen such that the intra-segment similarity

oy

of the speech parameters 1s high; and assembling said
compressed parameterized speech segments in  a  speech
database as a basis for & concatenative text-to-speech

synthesis.

In a fourth aspect of the invention, there is provided a
method comprising: selecting compressed parameterized
speech segments from a speech database based on  an
availlable text, sald speech database comprising compressed
parameterized  speech segments obtained in a speech
processing, saild speech processing including a segmental
parametric speech encoding of speech data using a

parametric modeling of speech wherein the segments are
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chosen such that the intra-segment similarity of the speech parameters is

high; 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
CHEPEECH egntents. I fifth aEPECESTha invettioh2 therd i€ provided &t ¢ °h
paappatatus complising; a fremorystorng a speech databasedcomprising sed
paSampressed-paragelerized speach-segments obtaingd.in a,speeth e rized
spRLogessing, said speech processing including.a segmental parametrie.

pspeech en oﬁlng of speecch data u"sm% a parame?rlé: %%%%njgzoef spee%%

se@hePéif the! seymeAkdEretcéHoselrsach thatahe infrarseymentisimilapifEput
spekthe speeeh parametersds high:processingimeansadapied rtocselegtecch
s e%%@ﬂ%s.sed parameterized speech segments from said speech database

based on an available text; processing means adapted to decompress

said selected compressed parameterized speech segments to regain
Inparaméterized sgpeechsegmieats; processing, means-adaptedctoovided an

apEancatenate sald payameterized.speech segments in a parAMetel ., + apase
domain; and processing means ada%)ted to synthesize output speech
“ofB&ed ohSaid COREAENRATEY parBRTethc ShdeditSegméERfTin'a sixti 9ent s
obgspectoof the inventions tHereris previded e softwale progearn product e 10y
i nWhich: a softwaregade-isistered= g a-readablesmedium; the seftwarecode-
q realizirégthe followin When.bein% %(efyted ina processng unit of an i
at LS d parametfric mwodelIn Ol Speec wﬁereln the
efectronic device:se ecting compressed pgrameterlz%% Speech segments

SeRBAT& 3pééch FatapaSe based brah AVdilablettext, afrepéechimilarity
ofdatabase-eemprigingcompressed high; processing means adapted

to select compressed parameterized speech segments from
said speech database based on an available text; processing
means adapted to dscompress salid selected compresssad
parameterized speech segments to regain parameterized
speech segments; processing means adapted to concatenate
sald parameterized speech segments in a parameter domain;
and processing means adapted to synthesize output speech

based on said concatenated parametric speech segments.

In a sixth aspect of the invention, there is provided a
software program product in which a software code is stored
onn a readable medium, the scitware code realizing the
following when being executed in a processing unit of an
electronic device: selecting compressed  parameterized
speech segments from a speech database based on an
availlable text, said speech database comprising compressed

parameterized speech segments obtained in a speech

3b



parameterized speech segments obtained in a speech 3b processing, said

speech processing including a segmental parametric speech encoding of

speech data using a parametric modeling of speech wherein the

segments are chosen such that the intra-segment similarity of the speech

parameters is high; decompressing said selected compressed
prBﬁ?ﬁﬁéfé?izef@d@ecﬁ%@@ﬁ%n@%‘?@ééﬂw“&arajrﬁétéﬁ & 9pBech®omental
pasegments; concatenatingssaid parameterized speech segatents naing 2
pa Pafameter domaip; and synthesizing-eutpyt speech bagsed gasaidics  are

hconcatenatbed‘%aram?_e}}trlc sgegch_ se meq_ﬂts. In e?r(?:ple eondtlments, "

Chivere iS Provided a méthod b - §ererating a spetchdatibase as Abasis =©
paforieconcatdrfative oTTS dyathesiseisproposed. The saethbaccontpiizess sed
pa peffering: aspeegh processingnicluding a segmgntal parsmelfisterizead

speech encogilglgsgf speech data based on a.parametric_modelin

speec S_qu Concatenada I’i% S garameterlzeg.ms cech
Speech. The speech processing results in- compressed Earameterlze

segp8edtt segerdts. THeeHfdd firthet Compiises 48SEmBfiig iy cutput
speenipressed parameierizedi $peestrsegraentsdn a speech«latalbase site=ch
seS?&%’i‘{'P?. embodiments, there is provided a database generator for
generating a speech database as a basis for a concatenative TTS
synthesis is proposed. The database generator comprises processing
Inmearsradapted:to performia , speéchrprocessimngrinelutiing assegmentadl  of
geﬁémﬁﬁi& SaE’e@@l%e%szCQﬁjé'&Qzl% §Be%® datgbasedon-a 3c M%@@M{‘at ive
TTE‘Odem:%Of speech and resultg_g u}ggm[%%shsed parameterized s;]):%ech .

s es1's 1 ropose od Comprises periormin
Segments. The da?ab%se%enerator P P J
a speech processing, including a segmental parametric

speech encoding of speech data based on a parametric
modeling of speech. The speech processing resulits 1in
compressed parameterized speech segments, The method
further comprises assembling the compressed parameterized

speech segments in a speech database,

In example embodiments, there 1is provided a database
generator for generating a speech database as a basis for a
concatenative TTS synthesis 1is proposed. The database
generator comprises processing means adapted to perform a
speech processing including a segmental parametric speech

encoding c¢f speech data based on a

3¢



further comprises processing means adapted to assemble the
compressed parameterized speech segments in a speech database. Itis
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. in example embodiments, there is provided an

PAEREIoNIC dBUitE s ProposedRARich cBprisesthe proposel datibdse >
pa generson Aaexampie embodmgents Lthere Biprovided aSoftivargenerator
fu programcpradtick isspropesed; snwhiet: arsoftware-cede for generating athe

conpeech Q&tab%?cﬁ%e% _Q§§i§ef9r a %Qg%@_ﬂa@/@gﬂ&&ym%ﬂ? is stgrgge ch
hen belng executed in a rogessmé; témt f an electronic device, the
=] er %ﬁa |

datapase. 1S LO Lbe () The Drocessing  Means
software co&e réalizes the sféps osftt € method as |scPosedehere| > In

caBxaplecembodiftetits, tRefetis Piovided a'métho@’esiablingdas suitabile
sotoneatenative TI'ESisynthesis based ohta speech-database isrproposed.: -
The speech database is assumed to comprise compressed

znPa@%}%%féze%ﬁB%‘éﬁhéﬁ%@,e”t_%ho@%%i“egsi” ?:éc?\?f& Progessing. v vonsc
méu Ing a segmentafpparametrlc speech encoding of speech data using

A= % PetaméEtrik TreEing of "Spedth SFRE Meétficd ddiiprisedrssiéetinga ~akbase

Jepempressed parameterized speech segments from the speech database
based on an available text. The method further comprises decompressing

inthe.selgeted compressed parametgrized speech segments t0egaifs :yare
garametenzed s;geech segments. The method further camprises

progranm produ 15 cposed, 11, Wwhic .software code for
cgncateﬁaatlng fhe pararﬁeteg?lze% Speech segm_enfas iN a’ parameter .

9 @EARiEhe meBiGE furfirer 286mpridés SyrREsiZing DutputSPeethBasetve

TT6OnN theyconeatenatedsparametricispeéthssegmentsidl executed in a

processing unit of an electronic device, the scftware code

realizes the steps of the method as disclosed herein.

In example embodiments, there 1s provided a method enarbling
a concatenative TTS synthesls based on a speech database is
proposed. The speech database 1s assumed to comprise
compressed parameterized speech segments cobtained in a
speech processing including & segmental parametric speech
encoding of speech data using a parametric modeling of
speech. The method comprises selecting compressed
parameterized speech segments from tThe speech database
based on an available text. The method further comprises
decompressing the selected compressed parameterirzed spesch
segments to regaln parameterized speech segments. The
method further comprises concatenating the paramsterized
speech segments in a parameter domain. The method further
comprises synthesizing output speech based on the
concatenated parametric speech segments.



In example embodiments, there is provided a TTS synthesizer enabling a
concatenative TTS synthesis based on a speech database is proposed.
The TTS synthesizer comprises a memory storing a speech database
comprising compressed parameterized speech segments obtained in a
speech processing including a segmental parametric spgech encoging_ of
1N S pEBER ﬁ%ta@f}é’uﬁagd‘ﬁ&%%etﬁ %%deﬂr?wgpo ‘Sheseh. The' TS YRheszer
enghpthesizér fARREAEEMPHSES protessiig meansadapeactodelett Speech
datenypressed parameterized speech sEUents irom the cdatabasebased =
nefBAN available texts The JJS gynthesizes Siurther gompLisgs precessing sea

pa ngaerp%ntse%q%%tgd to%%ee%ocrgpress th% gg[ﬁecteg}ggg%rgased iparameterlzed

Speech segments to regain p%?grz%eterlzed speeéh segmerﬁs. The T‘?‘%@Ch
T 8GRthesiver fufther eamMphise<S PrEces_ing MEaRs hlaptetBScohcaterfite 9
o f thegparameterizedispeech segrmentssin paranetéridemain. Thests The
TT8ynthesizes fusther eomprises progessingsmeans adapted tessythesizetead
£ o OUPLL g@e%%%?%%@dgﬁt & :concatenated parametric, -3egments, o

It is to be understood that the processing means can be for instance a .
44 procEEsing Ut ex8eutiflg a3t éﬂyl%“&oeftwh?éi tode’ 3° hartiware’Gifdtiitor ©*
fugtconibinatisof Poth. Ir exanple @mBsdiments SteEe is providedcarrress
thelectronic tdevicedsypreposet!, whichreomprisesthespropasedsEfBents to
reS¥Nthesizer, in example,embodiments, thereds proyided arsoftwarenesizer
eoRIQgram products £”r’§98%%’ in.which a software code foioe”%o%”%% nate

concatenacfli/%tljfls§ Sy fiésis based on a speec database is Stored. | is
thgsstffel'agaih thafthé BpeEth aatabHse comprists RBATPIEsSed domaln.
Thpardifiéterized Speech segnients hebtainedrinra speechpprocessingy  means
adipeluding asegmepalhesize  output  speech  based on  the
concatenated parametric speech segments. It i1s  to  be
understood that the processing means can be for instance a
processing  unit  executing a sultable software code, a

hardware circult or a combination of both.

In example embodiments, there 1is provided an electronic
device 1s propossad, which comprises the proposed TTS
synthesizer,

In example embodiments, there 1s provided a software
program product is proposed, in which a software code for
enabling a concatenative TTS synthesis based on a speeach
database 1s stored. It is assumed again that the speech
database comprises compressed parameterized speech segments
obtained Iin a speech processing including a segmental
parametric speech  encoding of speech data using 2

parametric modeling of speech. When being executed in a



parametric speech encoding of speech data using a parametric modeling
of speech. When being executed in a 5 processing unit of an electronic
device, the software code realizes the steps of the method as disclosed
herein. In example embodiments, there is provided a system which

comprises the proposed datalbasg enerator and the Qﬁ%ooseg i
proce stln%.un ‘T (o) ?hn e ecf:. T1LC eVL?e A Soltware code
concatenative TTS synthesizer. Embodiments of the invention seek to

reptdvias a-partichfiy efficiéit donipredsioh GFspebehtata ¥6ra Speech

database can be achieved, if the speech data is first subjected to a
In segmenptad paramettiospeech encadingithatis based on a paramstricvhich
cofpadeling ofjspeech,nexample smbadiments, Hsing a:paramelricspeached

co rrlr%c(),jclceé.:rl attk%%tvrgylt?vg g}ggﬁﬁdé@%alg.e that it enaples a robust estimation
of parameters from a speech signal.. Moreover, it enables an efficient

compression of the resulting parameterized speech segments. Further, it
Erpfewsseaching & hfghltaygetisipeechafualify? Ik exEmple émbadimemsag Ly
e f segrmental parametric speech epeadihg dctudesSar segnsertation dhaabase
caBOWCesperchsignals whieh siaydepend an characteristics;of dhe squrce -
s 3RERCN sianal. Siich segmantation enables an efficient encodina of each
egment depending on a segment type associated to the determined
PaERlfacteristice” %é%c%ﬁir%aﬁsee%may include a compression and result

in compressed parameterized speech segments. Alternatively,
Inpacametdrizedspedcmsegments sresulting imthexercoding mpyden model
tnEempfessed subsequently: 4 example embedimentscselegtedl a  robust
«sCoMpressed parameterized Speech segments.can then be refrieved from ;

the compressed . , .
enables an efficient compression of the resulting
parameterized speech segments. Further, it allows reaching

a high target speech guality.

In example embodiments, a segmental parametric speech
encoding includes a segmentation of a source speech signal,
which may depend on characteristics of the scurce speech
signal. Such segmentation enables an efficient encoding of
esach segmant depending on a segment type assoclated to the
determined characteristics. The encoding itself may include
a compression and result in compressed parameterized specch
segments. Alternatively, parameterized speech  segments

resulting in the encoding may ke compressed subsequently.

In example embodiments, selected compressed parameterized
speech segments can tThen be retrieved from the compressed
gspeach database and decompressed into parametric speech
segmaents. The speech segments can be concatenated in the
parameter domain as a basis for a high guality speech
synthesis., The synthesis



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 6 can be
performed for example using as well a parametric speech codec, in

Ba”'cu'ar the sam d%S%%erCh £odg: ;ﬁé %@8@%‘3‘3‘ for %Sff’e%c“&g?%@@mc
(0]

In exa e em ents, since her compression ratio can be

SPEEhieved Bt the rrﬂ/enﬂéntcjoﬁ‘fbﬁjéd t5tfie pridf<art AppfodchesCtie” S
empafirathessrofithe speeehloutpacctiBe improved without increasing the
required memory space. Alternatively, the required memory space can be

Tnredused far agiven speach, quality.so thatforexamplerthesEESon ratio
caéunﬁgongm %%Qe m&%m@%ed @@ew{tdfsﬁangsm%a%\@ceso forjinstance, .

in mobile phones having a small, memor .Siz The processing in th
= o P RR oA i, D8 VaFT BHES Bnd oA ERBR Ty GHORRE Can be
lm@éﬁfﬁ%‘?‘ed 16 e Bonventioral-Sprogessing of Speedn tata Refhery space.
Altimesdamaim.JFurtiier, embpodiments:oithe isventionaaay be veeylflexiblefoxr
= agihenproposecprogessing.cansbe implemented in aroHs Ways.che  TTS
fuﬁémﬂx,ﬁ'{ ]garaagﬁmcb%oeefﬁp%o&m models, from the ;basic LECANto
he more SO isticated newer aI[l)proa%hels may Db be candidates for the 1
éfa‘?ﬁétrlc mode?nlswo Alternatives that may be partlculaﬁy well-stited’ fﬂ Gt
mef?ffé‘fh’n;ﬂéﬁ?entatlon are the sinusoidal model and the waveform
interpolation (WI) model. The sinusoidal model has been described for
TheXxample:by: Rid. MeAuley and- k= tQuaties in rSpeschranalysis-syathesisnd
coﬁ@%%%@@éﬁally efficient compared to  The conventional
processing of speech data in the tTime-domain. Further,
embodiments of the invention may be wvery flexible, as the

proposed processing can be implemented in various ways.

Basically, all pearametric speech coding models, £frem the
basic LPCLl0 to the more sophisticated newer approaches, may
be candidates for the parametric model.

Two alternatives that may be particularly well-suited for
the implemz=ntation are the sinuscidal model and the
waveform interpolation (WI) model. The sinusoidal model has
bzen described for example by R.J. McAulay and T.F.
Cuatieri in : "Speech analysis—synthesis bkased on a
sinusoidal representation”, IEEE Transactions on Acoustics,
Spesch, and Signal Processing, Vol. 34, No. 4, 1986, pp.
744-734, 198¢. The WI model has bheen described for examnple
by W.B. Kleiin and W. Granzow 1n: "Methods for waveform
interpolation in speech coding", Digitazl Signal Processing,
Vol. 1, No. 4, 19291, pp. 215-23C.



sinusoidal representation”, IEEE Transactions on Acoustics, Speech, and
Signal Processing, Vol. 34, No. 4, 1986, pp. 744-754,1 986. The WI

W@%{ﬁl as, been described for example by W.B. Kleijn and WS haha 808

in: "Methods for waveform interpolation in speech coding", Digital Signal
Processing, Vol. 1, No. 4, 1991, pp. 215-230. 7 WO 2007/007215
PCT/IB2006/052028 Both models use a similar parameter set that
cohsists obdinkar peedigticn fliRpcosficmnts; gairsgiitdh; spectralbists of

amplitudes 92%&% residuab and some kind-ofs voicingin (%rm@tﬁpn The

main difference between the two models results from the different

reTeSEhftibry BHhE S5 8ctPAl afiflittide SFHe Shusdithl 7708e! typitafly
empidys. hgrmonicatly rélated Sineisodswith fifearand/orefantdom phassyo

WV}HS&EQé’Vl:Q’sQSjPJéel%@%{%n%@eﬁ&%fé@n%mpg%’@%ﬁ@mﬁngf the
rapidly evolving waveform (SEW a REVQ surfaces. Also, the djggree of

VORI is” adjutted H‘Fﬁ?r%ﬁtly Tﬁ\ethﬁjsl?ff&? GRmBaerthe VA &g
paramétey sidtermiresahd phasesdorthessinusoitid whdreas1 intherwand/or

model yaicing, issimpligity includedqas thes Lnergy ratie hetween the, SEMW, 1

and REW components. Baoth the smusoldal mode] and the wav form

int&ffolatioH ot é:l‘?acf‘éjtﬁeadb‘é/aﬁ?éjde vt Y &re Fouhiy C8I’]SIS'[&§’]}%W

withntheRBEiasuspgeentsprotlstion Systatr gTive lindarvpiethetion scheme

is g goutcesand-fiter moedel in which the §@W@§o§een0>sh@@&qytm vmcmg
corresponds to the excitation and in which the filter models the.v

trabf THESGAR P ARTAterRSs " CoRhEETSh (o the BtidRass 87 Seéﬁl sreas
whéreas; el Ufihgredicedvspesiohy the pitok bardmelericoriesiohdaotthe

energy ratio between the SEW and REW compenents. Both the
sinusoidal model and the waveform interpclation model
share the advantage that they are roughly consistent with
the human speech production system. The linear prediction
scheme 1s a source-and-filter model in which the scurce
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 freguency 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

he described in this document.

For & segmental parametric speech encoding using &
sinusoidal speech model, for example the very low bit
rate {VLBR) codec presented in U.S. patent application
2005/00091041 Al can be employed, which 1s incorporated by

reference herein. The speech synthesis can be based in
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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

thProductlon is more comglex and will @Eé%fore not be desg%bec{]%tg S ndec

5 Case COY YT
document. %I’ a segmen gpparan%etrlc speec encoxﬁng using a

of Smusoidalsspeethinodele forexample the VveprRwit raet®LBR)TodéE on
1ePEeseried in U.Sipatent application: 2005/0094044 Al caimbe emplayed.the

which is incorporated:by reference herein, The speech syn eS|sq; b
e g%@% %thgcaes% ()lﬁ;g c%fr%sponémg VLBI%e%é%éodmg T %% VLER

enggfes QoﬁeFé“ B5carbfedfération off BaWide sitrate Yand?é’ﬁ@m l%§§ Hharft
datddapsdo about 58 kihps.cCensidering:thei cgnventionally employad bit and

«nlate of @99951%@9%*1&%5%%woq@gethus enables asignificantly,. - e 5

more efficient database storage while still keeping the speech quality and

L R ETGiBilR A a Righ [60el” Tie ScAlbiifty makee it mdredVer ﬁ&éﬁﬁlem
ditoase different¢ompression ratios ik idifferemteproducts: Assthédit rate iscan

algggl@tg%git f%@%yﬁ%@n%@d hallbe s%@@qh gyallhtx ishat degraded
egrade setting the bit rate to as C|ent value. In ne
SUAel Ppseng e bl e to aayToienly high vale none

exampf‘e émbodiment of the inverition, the speec rocgssmg is
performed by an encoder, which is retrained at least before a specific
T nstemef th@éﬁ@ﬁ_@l peacessing:basegronthe speechriatanBy retrainisgeech

r'ef‘c?e% Jor; %aCtB alabase, 3 maximum efficiency and quality cap.e, ; . 5
achlev in particular with regard to the compression.
at least before a specl step o© the speech processing

based on the speech data. By retraining the coder for each
database, a maximum efficiency and guality can be achieved,

in particular with regard to the compression.

Embodiments of the 1nvention <can ke used for the
compression of basically any kind of TT3 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 ke organized for example to store.
compressed speech units. The boundaries of such speech
units mav be selected based con a different critericn than
the boundaries ¢f the parameterized specch segments. The
boundaries o¢f the speech units may ke selected, for
example, based on the pronunciaticon of the language. For
assembling the compressed paranmsterized spesch segments in
the speech database, the parameterized spesech segments are
thus distributed bto such speech units, where the boundaries
of the parameterized speech segments do thus

g



Embodiments of the invention can be used for the compression of
basically any kind of TTS related speech databases. The details of the

Wgrg&l%@glgompression can be selected depending on the geshgshosaszozs
organization of the speech database. The speech database may be

organized for example to, store comgressed speech units. The boundariets

of SBER RPEBChOufits iy Fe Refistiad bab¥d Bhta ditfsteRPEFAE R Thal
the:heunderdes ofithe pardihetatizedrsgpdchaegraentss Ther boumddries

of the-speech upits may Pe selegtedsiorgxample, basedonthe - : zed

pronunciation of the language. For assembling the compressed
par&ne Rtz segments in the speech database, the
parameterized speech segments are thus distributed to such speech

unitg whgte the bayndaries of the parameterizeg-speech-segments,deance
thus 9 WO 2007/007215 PCT/1B2006/052028 not have to coincide

netBELariy Wit heBSundEied s TRe Sheec tinfts Fhé HstRBGfSH can
bedsertdrare dbefpreiorafterthiedoraptassicirekttie partnseterizegeech

sp%%a@gw@%-s%ﬁpﬁﬁcw@tmmm@@%pe@g@@izggsfor
|

instance such that assembling the speech units in the speech database
comprises grouping the speech units by speech sounds or assembling
thel $peccahilinits by isentemsed. df Sitnilzr wiriits Aré g dehgroupédtogatierle,

forgxanple, the COMPressiaMay. e padormed 98NS ORLINWRWS
parameterized ,sr%)e$ch segments and I%naturgl acou%tic clontext foththe
reSPECTVE Pardriete FRET SPe 8T Segmentd Arfthis c588 Td & F0F 5 single

sp@gﬂtgﬁﬁi§ﬂﬂjWM@ayespective parameterized speech segments,
In this case, data for a single speech unit 1s fed into a

codec at a time. Thus, there is a separate output
bitstream for each unit. The database organization and
the retrieval of the speech units are handled

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 mors sentences
at a2 time is fed intc 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 suitablie 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

10



codec at a time. Thus, there is a separate output bitstream for each unit.

The database organization and the retrieval of the speech units are

handled accordingly. If the database is organized by sentences, in

contrast, the compression may be performed on continuous speech data.
c In this case, speech data for oge é)r more sentences atatime is fed i,ntobl

Cthe"cddet’as cohtintibus Bpesch. “This s Single Butfit Hitstredn Eontaims' ©

speevdralispeeth umits. DofngEhsie fdtricdal Soasekind of oeatiens ©f the
spifernation Bust heravailable that allewsaceessing dhe ieareectpartef. the

bitstream, which corresponds to the unit that is to be retrieved. Fora TTS

synthesis, first suitable compressed parameterized speech segments
Hhdvefto Beesdectéd baséd orrthienexeiat is 16 be'cohverédima g on  for
eagpeechrautput dSuitable comptessediparameaterized speech-segments may
beCaRde selectedfpr example by selgeting.spgech.units tawhich the,... o,

. _parameterized speech segments have been distributed 10 for storage in_
It Epdech datibase Bor Setéctintf suRBBRSpedth Uhits fronttHePSpethy «
sedatabage, parameters of themgpedeh units car beckevdluated @scadditiorak se

natdermation. dtthe speeeh datahase-comprses logationAnfrmation far,  the

each contained speech unit, the selected speech units may be retrieved
D B e Steth ooaibast BAEh ortioC At cHftimation of e Ses el 2"

ingpaactiunits. Alfernaavelya selected Spaeél ahits Indiehé tarieved from
the database based at least partly on decompressed information in the

Th%pe%g%%@g%Thgéau%gqgﬁgnggus%E%%@Ewa&ata in the speech
database and the concatenatiocn in the parameter domain may
enable as well a further processing of the speech data

before, during or after the concatenation.

The option of a speech processing in the parameter domain
may enable in particular an easy smoothing of parameters at
concatenation boundaries between regpectively two
parameterized speech segments. This reduces artifacts at
the concatenation boundaries by smoothing aucgible
discentinuities and increases thus the guality of the

synthesized spesech significantly.

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

speech segments.

Some parameters 0f a parametric speech model have a direct
physical meaning 1n the output speech. This may enable as
well an easy modificatlion of voice characteristics in the
parameter domain as desired without causing an additional
quality degradation. This may

11



interest, if the database is organized by sentences. The storage of
parametric speech data in the speech database and the concatenation in
the parameter domain may enable as well a further processing of the
speech data before, during or after the concatenation. The option of a
speech processing in the parameter domain may enable in particular an
Pra¥sfiSmootiing Jo??:%?arﬁ@t‘é‘?%?%cat‘:e%ti&?B%Hﬁ&ariésgbé‘t%%ﬁﬁ s
negespéctivelytwoy parameterizedispeecli segments: s reducestartifactsi £y

=mat the congcatenatiopn .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
Engelélingrurthecedsary parts of tiig pardmetéfred Rpeedivségrentsto  all
coeme: parameters of acparametric-speechemedel hayea-directs physical the
in{JEANIG I he.outptd speech. This Imay enpble as, wellan eosY cor a1l
moditication of voice ¢ aracteristics in the parameter domain as desired
e Lgathaatéausiifyarr addificival il aégradation’ THis may 11 providesr @
TTsignificant adwantages, for exampte, 4f there iBI needdo madifyl thephones,
fOl},de%GX_QE%%%ea%%rS%regesmOdffgrer%%t!\g}]al fﬁ@é@%g'&%tégs _for ganmes,
Embodiments of the invention can be applied to all concatenative speech
e L&ynthESi28HS tdgardisss ot TRE ShiPlementitioR etdils: ttdan diss be’ & FoF
e lemployed-forall ielectronit devices amllapplications whizhcarevto diferdier,
enbieifupgtianality, forexamplefor PDAs, ferzmobilephenres,afor 1anguages

anfUlimedia.systems, fof User interfaces: [or 4amess ses .

Features of the present invention may become apparent from
the following detailed description considered in
conjunction with the accompanying drawings. It is to be
understood, however, that the drawings are designed solely
for purpcses 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 ars
merely intended to conceptually illustrate the structures

and procedures described herein.
BRIEF DESCRIPTION OF THE FIGURES

Fig. 1 is a schematic block diagram of & communication
system according to an embodiment of The invention;
Fig. 2 is a flow chart illustrating an cperation 1in a
database generator of the communication system of

Figure 1;
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etc. Obviously, the invention is of particular interest for electronic devices
having a small memory capacity. Further, embodiments of the invention

Wg%(pﬁrd'ﬁﬁd with all languages and‘ with Qifferent kinds of speggkhuosos2028
atabases. Features of the present invention may become apparent from

the following detailed description considered in, conjunction with the .
actofpahying Arawinbe¥ 119833 be* UhBBrst6dd FoWwdV P Hat the™ *» 2
drawings are desighed soiely cfor plirpdsesofiliustiatidriand $ipt agm of
definition of the; limits of thg,ivention, for which reference should be

made to the appended claims. ]t should be further understood that the .
drawfhys‘are ROEARINEto-4CaIE HHEAAT thely are" hidrelPinfemddd s == ¢
conceptually itystrate ¢he stromturéshand prockdures deserided herein.
BRIEF DESCRIRHAN £, 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
geRBIAOLBP tHEECOMBITNI Ot 61T sfstend BV gl ; 12 WO 2007/007215
PCT/IB2006/052028 Fig. 3 is a flow chart illustrating an operation in a
mobile station of the communication system of Figure_1; and Fig. 4 X
présemE fwo didgantS it atitg %lﬁgr rr%]tﬁg &5h Ste rafatclloorﬂ“@vgﬁr%ﬁ?gﬁan
withyvsowrmdaryhsmibothial | DETAILESNDESCRIPTIOREOFYTHE: 515 using
INYENHION, Eigure Lisa-schematic blogk diagianof ancemammieation

embodiment 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
cenversion, 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



system, which enables a high quality TTS synthesis using little memory
space in accordance with an exemplary embodiment of the invention. The

“&pmm“w%}‘tion system comprises a mobile station 20 enab[Li S D0EHIS2028
concatenative text-to-speech conversion. The mobile station 20 includes

a processing unit 21, which is adapted to run software program codes
impRhEAED iRtHe MobABUSICRTHE o‘ﬁﬁ‘fé%‘%a%t\/@éﬁes Cbddi®
is ashibSis\2thesissofiware coden(d@ TS SW)IZ2 . shire obilee 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

stoFa§e SRR MERTor) 2 35 IS ERAMPIPTASEBIublo SRFM OF TR Bintérfacs se
or vizEa radinsinterfaceltd &madbilengontmunication nebmorkt etc.speech

Mogeoyer dhe paghile siafion.-eQ is adapted o regelyeloppt et iara s o

text-to-speech conversion, for example, via a key pad, a BluetoothTM or

IR TBrfAREBIAAS a¥a0fT Mtérfadd to AThEERE cormimtnfStibRchetivbri, 1 -
etoriMateover attiepmelile station 20fswetiapted-toyouatputspeech including

geperated:in atexkin: . speech conversion vig adoydspegier pnd/qqio
store speech generated in a text-to-speech_conversion to a file orin a

metRGRPS ForalsTidage, Tistéad B phiyifly ROIMRREIAES. FTheompressed
pratessirgsenit 2dagnompthel TES 13 We 20 7407 215 cutput a

PCIARA006/032028 softwarecade 22 and a speech datahase 249 stoged 1p

in the ‘memory 23 form a. concatenative TTS synthesizer. The
cormMGTiEafien QYsteht cBfifiseSIn affitfoita Wit tHBY Yeherator

10 enabling the generation of a speech
The database generator 10 can be for example a device of
a mobile station manufacturer, which is able to cutput a
speech database for storage in the memory 23 of mcbile
stations 20 during the manufacturing process.
Alternatively, the database generator 10 ccoculd be a
server which is able to provide a speech database to a
mobile station later on upén reguest by a user,=for
example via the Internet and a mobile communication
network or via another user device iike & PC. At least in
the latter casez, the storage in the mobile device 20 may
be supported by the processing unit 21 cof the mobile
device 20. Further alternatively, the database generator
10 could alisc 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 tc the mobile

station 20. It has to be noted, though, that a text input
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database for a concatenative text-to-speech conversion. The database
generator 10 includes a processing unit 11, which is adapted to run

W ojaw@,ﬂgogram codes, including a database generation $@HWai605%82s
DB SW) 12. The database generator 10 is adapted to generate a

compressed database based gn available f%gch and to outgugab
contbreleB¥atdBady; 3or MRtancd'did & BRtostHTR oF TR ifterade 3PY
vianteanstfox acsessing thédnteznet Therdatébase generator 10 can be
for example a device of a mobile station manufacturer, which is able to
oﬁput a speech database fqr storage in the_memo_rX 21?}10]: mobile . tion
statibhs'20 dtWiRgtRE tardradtirhg Brocess O Aitethatively TRe gatabase ©
gesgrdten 10cdild beca Iseriddwhioh iseaalsde s pidvdde widpeethference
databasg 9. smebilg sgation 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
tha&mabilemedce 20may Use stipporteddirthe proeessing emit2rof thiere

mahile, devices2Q: Ryitheralternativelythedatabase generatesdl0 equld
also be a part of the mopile station 20 itself. In this case, the rgcesg@qm
Nt AP of e HOBlE “GatiR 20 CouTd DRSS Woll e Sk ot
prodessineanit dil . Thesgmrrmiunietmresisteianag congsrisecmedddition

a text, servel-30 adaptes to.provide; text to thesmebile statien Fden is
example an SMS server of mobileuc%rpén%nsication noe%/grk gdagtegct&)s
forﬁl%ga’ EhBh MBs8agssty a%n%o%hg atation 2 IEASs 16" be Hoted,

thouingn thidea BextdgpEtragor 10. The resuliing speech database

may then be stored in the database generator 10 for later

usage.

Figure 2 is a flow chart illustrating the generation of a
speech database in the database generator 10 by the
database software code 1Z.
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
pe understood, though, that another parametric coding

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

The VLER codec is a segmental parametric speech codec
that is based on & sinuscidal modeling of speech. The

parameters of the sinusoidal speech model are pitch, line
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WO 2007/007215 PCT/IB2006/052028 to the mobile station 20 may
equally be provided by any other text source than a server 30. The TTS

W%g'ﬁ(ﬁjﬁiglated operations in the communication system Q&E}ﬂﬁ%ﬁ;ﬁﬁ%s

now be described with reference to Figures 2 to 4. In a preparatory step
(not shown), sgeech sentences are recorded and the speech.recordings

aré BARGIEd S FRRVSRS RSiddRES o IRETORESpBAGHhalk Bridioyed
in ghedteatiom okspeeeh databasesdertonavertiunbl todeatenatide TTS

syqthesizers. Ygually, thesspeechds regordedhin-a kecarding studin usingey
another apparatus than the DB generator 10. The r_esultlr%% sg}eech

dafibadRInea) thett 58 TGt TR E Hatarder géhdiator o fitdafeec”
usagerkigufe 2 isehfow Chartitestratiiigtheegérierationsofal speech

database in.the database ggneratoniQ bythg databass softwase aode.q

12" In afirst step, speech clips which are to be stored in a parametric
dafbaRe aRts diBGaePFGmahe T8 OIS S §8ﬂte%e%p(%?e%l18 fy.o"
Eachspeeehdiipshay<briespahd fol lexampiedo eediphenehasen such

halfysyllablg or;a triphane.as, mentipneg.ahaye, Nextea Mi&ER godec

based encoding is applied to the selected speech clg)s in order to obtain

a PARARBEE Teprésehtdtion LRRSSPeddh elif e 1625 Mt is'td be

undeérstead: thdugh:that amotierysarametric eguimt apprescH-bedasee

used as yvellinstead,of 3 MLBR coding.nIhe MBR codegds a segmental

parametric speech codec that is based on a smuslcnd%l modelln%of

Spééﬁﬁ?%ﬁ? one of the segment types silent, wvoiced,
unvoiced, and trangition. As a result of this
segmentation technigque, each segment can be efficiently
coded using a coding scheme designed specifically for the

corresponding segment type.

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 5-2C 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

VILBR segments.

The bit rate of the VILBR codec that is used for encoding
a respective VILBR 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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parameters of the sinusoidal speech model are pitch, line 15 WO
2007/007215 PCT/IB2006/052028 spectrum frequencies (LSFS) obtained

“;gigaﬂa}/},i@ﬁ y prediction scheme, gain, spectral amplitudes, pg,¥isiA% 2028
The speech signal is segmented into a plurality of segments based on the

characteristics of the speech signal for enhancing the co%ing e,ﬁécien%of
th& et ke SpRbch Ty FRE safirentation c Ak Ba Based" sither on
th&/pararmetritarepsesentation ofspeesh vt by ive Speech sigmbiitdaifship
ThesegmentsaeLhosansuch dhat thesintra-seomentsiniaiyofithen one

speech parameters is high. In addition, each segment is gl%sglfleﬁ?%g%%d

onETFUERIbUs YTt (P EEThA AR BAEEd TR e hriBarties &
speéctn sigmal soesnktancetome ofitherdegiment types silent, voiced,
unvoiced, and transition. As a result of this segmentation technique, each
segment can be efficiently coded usLn?%(a COdinequeCh me detsi ned £ th
speCifiCARFfor Re “EorrasidiTding S8gMeHt type Forthe parameter © ©
estimdtion cthée¥bBRsemeoding wom srisest &ispebth divalysis firethist

anglysis, the selected spaeeh Slipsare analyaed withihe datentien Ghuch
finding the underlyin%%)arameter tracks. The analxsis}yvi@%gw IS mo%ed

witATéiaiF Steps®3F 559 mE IR brdarto Ciptire dvarthe rapidiictuations
in thettihesaryingaevalstion ef thet parameéferkialody thise pardmeteiens of

tragks,for A iespestive-speech ehip.farmka MLBR parametes tragk fos one

or more VLBR se ment% The bit {latg of tge VLEER godect at is used.for

en&ﬁﬁﬁ&lned for each speec atabase betfore the actual
compression operaticn, in order to achieve the best
compresgion ratic and speech gquality with a respective
speech database (step 103). The retraining can be done
using conventional training methods with the uncompressed
TTS database resulting in the VLBR encoding as the

training material.

Usually, speech databases are organized such that similar
compressed units ars 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 alsc given as input
inte 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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a respective VLBR segment is adaptive and scalable. The VLBR codec is
capable of achieving a good quality, that is, perfectly intelligible speech,

wil RifFaiesof about 1.0 kbps or even below. Next, the VLBRSogimRRlss2028
are compressed using a compression codec. The compression results in

a 16 WO 2007/007215 PCT/1B2006/052028 bitstream that Js divideginto
smidlfspedih it Fhe MBR 'SLEnBRERArE hot Re8ESSERAY i Afect <>

relationship with the speech units. One unit may contain more than one
segment, and the segment boundaries may not be aligned with the
speech unit boundaries, In cases in which there co-exist several instances

of e TRt TTURDoBKS FEltane epstificalif toF GiffrSRC datdiases S the
codebpaicased in eV LBR todéa isimuehcsmallerthdrrthe totdlisizasf as

tyﬂf;;%a}e-rnT%§p§ﬁ%ﬂtd%tﬁ@@S%h@aé}&é%%thaﬁl{leo@kﬁﬁs@{b}ﬂééxﬂa@fﬁ;us tens
e

of _megabytes. Therefore, the compgessigg codec c%ebﬁoretrgined for

ealh SPEEEH TRtSHAS S Betbis tRE acRiaAi“Compressian oparatione v ofder ¢
to achieve the besbwompressioreratiolant speedieqraktysdtirgcording to

respective sspeaech.databasesten,183) THerstrgining £38bedoRee vier
usin%conventional trai il%_methods with the Lﬂggogné)gggsed T

S :
dafaba28Fesultifg iR the ViTBR BAR6 MG 4s the tralnlnger}lfgtlerllajrfrﬁs&aslly,
spedatidatabdsesare drjaniredsuthahat sinvilarmesrimiassed-ligits are
groupge-togethal, erthey: are-prganized as sentences. In the first
alternative, non-continuous units are

Since the bit rate of the VLBR codec is variable, it is
necessary to also provide location informaticen for each
speech unit. The compressed speech database includes thus
the bitstreams for each speech unit and location

information.

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 1s 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 i1llustrating a text-to-speech
conversion of input text performed in the mobile station
20 by the TTS synthesis software code 2Z based on a

stored speech database 24.
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compressed (step 104). In this case, the compression is done using the
original recorded sentences in such a way that the natural acoustic

wEeRiEAkS also given as input into the encoder to enhance the GBI s
f 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¢he cpmipressionnahelsonipressadmatabdsexis drgahized ialocikedy

fingl formy The pitstreamsigengrated fromythe different instances @f 4dr
WO 2007/007215 PCT/IB2006/052028 the same diphone may, for

exhipie 15e GRSTIEY YRIRES R, Fitfe 88rd AtthatiVe “cditinidRa"
speech. datzeis, compressag [stepyl 08)atrethist casecaypindle sentericeas is
givenRs ipytintothe.ancpderthe MLBR segment shaundariss.can »

either be forced into the locations of the SﬁfeCh unit_.boundaries or thel){ ‘

cal bESHAtEd ZXRBRANG TG tHe redTitlof the s&&ch Bhalyais pEFSmMTS
by tlse MiBR dencodert hrethecfirst apptedciy thé fetrigval thaevisr 30 via a

migimized Whilg-thg:secondaproachimaximizes the compression
efficiency. Since the bit rate of the VLBR codec is variable, it is necessary
to also provide location information for each speech unit. The

coffipressad speectedatabedebnchudg33hds chebitstreamed forsehchy the
speqeh Wnit andJocation dpfarmation. Steps +Q4 tedH5:arean exgmplary

implementation of the speech processing according to the invention, It,s
K)%grforms a text gkoceéégng ongthe 1np%t text Lo obtain

phonemes and their prosody (step 201).

Phonemes and presody 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 VLBR parameters belonging to the stored speech unit
can be used as additional information in the unit l
selection of step 202, leading possibly to an enhanced
speech quality. Also, if the VLBR parameters are used in
the selecticn, it is nco 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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understood that the compression could also be an intrinsic part of the
segmental parametric speech encoding. Finally, the compressed speech

wHalRbass s provided by the database generator 10 to the mepiig.séaiiens
20 (step 106). The mobile station 20 stores the speech database 24 in

the memory 23 as a basis for its TTS functiopali re 3 is.a fl W chart
il Rttt RrA TSR S5-Sp etc?nuconvers%mn Tof m%u?i’ye Formed inthe
maobite: stationi 204y mpﬁrst@hyhésw seftware éo@é@%@aé?éd 6ﬁ%\fﬂ the

staregspeech-dajabase 24: 48 M. 2097007 2dH PCT/1B2006/052025

The input text may be for example text that is already stored in the mobile
phone 20 and is now selected for a text-to-speech conversion by a user,
tedithatistinpav by audeddoperampic by nadai6f §kbypadctes® #eatis

provided hy-anetber yserdevieadn adired witetker svitelpssy spnaegtioniing
to the mobile station 20, tex& that | grow to the mobile statlon 20 by a
seRrer3rvisFy rﬁ%ﬁlfe communlca 10N he worak até The text 1s received

by FESifperit- @@@V@almﬁhbyﬂf@m%yﬁmeg@mv@@@ éodk 295TRE
TTﬁgg@geQd performs a text processing on the input text to obtain
phonemes and their prosody (step 201). Phonemes and prosody are then
used as a basis for a selection of those speech units in the database 24

which tdre t6ibestondatenarie for a Speathisintihdsis (BeprPodie tpipase 24
VLBR.pasamstershelonging tadhe storedspegshdilech units, each

non-continuous speech unit 1ls retrieved directly based on
the location informaticn for the selected speech units,
the location of each unit being stored as side
information in the database 24, as mentioned above. The
retrieved speech unit is decoded as such, that is, the
unit 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 & concatenation.

In the second alternative, in which the speech database
24 comprises speech units from compressed continuous
speech data, it may be necessary teo 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 neighbering units in the concatenation. The decoded
additicnal 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 VILBR segments comprisgsing the VILBR parameter Lracks,

the possible additional parameter values at the beginning

20



can be used as additional information in the unit selection of step 202,
leading possibly to an enhanced speech quality. Also, if the VLBR

wBHAMGISS are used in the selection, it is no longer necessaryiR-aifB 2028
side information such as pitch contours for the purpose of unit selection,

since this information is already avai_lg

le in the unit bj :
th€5p&Ben “databade?a. ?ontihe"’tsélg a8 té:a}?eunetndtst%eatrg%ﬁ&oa[gg Prer

gifiental parametfric coding
approacnand tushto thedsitsreamt forshanisédiin tHe MAIBR piméadingoita

is passible-to-decade anlygheparameters 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
20Bhel YW 20871007215 PCT/182006/0520284F hepriraariencoitonhs

of the selected speech.units are. Jhendeliiaved sepatately foreach-ebihe: s
units from the s%)eech database 54 for decomlpre%ﬂonv'{gﬁ retrigvr%ll %ng: .
deCOMpradsiohorfhd &5fcted speBenunits &sh be implemented in two - -
diffréntrwaysydépending adirtire bppresciradad it therdatapase

copprassion: deseibes: aheve withreferencede steps 104 and 103 af

Fi%l]Jre 2. In the first altern%t v%, in which the speech database 24
CoRPIREE Coripres&&dhon ddntinuous speech units, each

non-continuous speech unit is retrieved directly based on the location

infarmation far-the sglected speesh whits, Hhedacationyobeach ynit being

stor i information in th 24 ntion LT
ored a5 sige Information in the database 24, as menfioned abave, The,

More specifically, the LSF and the pitch values can be
smoothed at the unit boundaries to achieve a better
continuity. For the time instants at which the pitch is
modified, the residual amplitude spectrum i1s 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
pasic concatenation without boundary smcothing and in a
lower diagram the course of a parameter value over time
in the case of & concatenation with boundary smoothing.

The parameter value can be for instance the pitch value.

1t 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 discoantinuous 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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retrieved speech unit is decoded as such, that is, the unit bitstream is
decompressed to obtain the VLBR segment or segments comprising the
whbRRRasameter tracks (step 204). Possible additional acopgtigeaniastes
can be deleted after the decompression (step 205), either before or
during a concatenation. In the second alterngt_[ve, in w%igh lghe sgeech
databasd M cSPrisEs 2PEedR UnftE Hom EompraSssd Continliols -
speechdaty, ismytbé neckssaryan dévodeiatditivsalangteif theack 41!
Se?ﬂ@%@%ﬁ@@@ﬁé Bﬁﬁf&&é@@ﬁdﬂﬂ&m? B:jni.t bﬂ&_@g@f@§i£5@” course
selection of the speech unit is. perform etermining how well a
reSpective SRS URT fitd ?hcekﬁaf{?chlagrgpl%ﬁogg %nl%%%w Well it fits to
thelnpighbedingruritslia thdapneatenidtiord Thkeadecotieds ad@hicirngasl - 2
can herused insmeassringiow sipilarthes natakeentextrisdp the context

in the concatenatign. ftergecoggjressiog of a retrieved speech unit to
obPATR RETGPER ddymahits"Comphishgthe37BR parameter tracks, the

possible additional parameter values at the beginning 20 WO

2007/007215 RETHHBRO06/054028 zef the first YLBR seayveptand at the
end of the last VLBR segment of the speech unit s@ould be deletedlg)riogo
to BoGACHeRAAGH tep 205). THEVLER SERIANS rasUbg Tt e
decdrmprédsion eftlse tspeech units are then concatenated. The
concatenation is done in the parametric domain using the VLBR
parameters. Before, during or after the cogcgtenatiggfson’he para),:c’ré%tric

motdificationa®m ? bféoé:pﬁle% the*VLER pa‘rjarﬁlgters.y(s ep?2 288

contour of some VLBR segments before the concatenation.

of a

In practice, this can be achieved by modifying the values
of the pitch parameter and the spectral amplitudes to
match the target 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 prosedy, 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 VIBR 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 parametrlc 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 te have scme data from both

VILBR segments that are involved in the concatenation.
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A

parametric modification may be carried out in particular in order to

obtain a smoothed concatenation. More specifically, the LSF and the
whitgh-VR4es can be smoothed at the unit boundaries to achieye g hRi8502s
continuity. For the time instants at which the pitch is modified, the residual
amplitude spectrum is also modified to take into account the changed
number of pitch harmonics. The relevance of the boundary smoothing is
illstrateg &= Figasa 4 hEgjuse dagresents incarrapperdiaghandhé osourse

of

Adarameter yalue.Qvey time i gase of the, hasic cercatenation without .

boundary smoothing and in a lower diaflrg?:gm the course of a Rarameter,
T )

vallle 8§&ATHAL” inthe SAselof & Eonea

Ao with Bgﬁ’r?&aar%/ls%oot ing.

Theeppranistes vahie cartbe foripkstanoetirepithpeaite. Mcdibe sedddn
the upper diagram that when a parameter track 41 of a first VLBR

se
se

ment is concatenated with a parameter track 42 of a second VLBR
gﬁé?ﬁl,sthteo rESuftg %%ratr%%f'era‘[réalc]k% c uaa‘rcltyléfgcgﬁﬁr?&&?snin the

casedf Aicericatenatonh kithpetioundarysrmoothirididt easanther be

se

enin the lawer giagramdhatdl can-aasiybe ensueedthat the visr

concatenated parameter tra 1 WO 2007/007215 PCT/IB2006/052028
is gl@\%ﬁ'/%%tosntﬁﬁj%]ﬁ%%%oaﬁécgjlhsﬁ%%%bﬂ}lgr%%%% y Aieans of a boundary

smoothing between the first parameter track 41' and the second

paramsgter frack42'sfheesiginal soyrse of the paramestentiacks 4% 42 at

co

the boundary is depicted in this diagram with dashed iines. In general, a
m&epg}éﬁgtér\ffa%kaen %%{:%g?ﬁ]éep%ra?pt% rob 11 d°8E6E18n

20. Alternatively, it may be stored for instance in

memory 23 for a later usage.

On the whole, the presented system enables a good trade-
of f between computational 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
ve 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 disclesed or described or suggested form or
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performance in the boundary areas. It is to be understood that it is also

possible to perform various other kinds of parametric processing to the
W\/)ngg;,g@,% [eents. There may be for example a need to modlpé%ﬂjg%sng

conto some VLBR segments before the concatenation. In practice,

this can be achieved by modifying the values_of the pitch parameter and

theSheei@Idmpiittidds 36 fitch THe it geCdoftGar IR ddiiit thd alr?

patdraeterteontoun cantieradjusted toatikievemidesirerhdtyesssinindicated
mtggﬁ% Qulyafterdhesdatra-upitprosedy fte.the, Larget 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. 22 WO
2007/007215 PCT/1B2006/052028 The speech synthesis does not
require any mandatory
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modifications to a conventional basic VLBR codec itself. In general, the

only requirement is a separation of the dequantization and speech

synthesis parts of the codec. It has to be noted that a high quality

duration modification may be performed during the speech synthesis,

which modifies the durations of the VLBR segments without audible

guality lass.rHonallythe syathesized speech may be provided as audible
output via ago%%srprgarlfer é)f 'gshe mobile s%aéiggsg% Altenrnﬁgi\éf.l% it may be
stored for fstance i %emo@%% or BIater usa“gé}{ Of the'whofe, the
preserttgdeysten paables argoodtradetofeEbetweeincconiputatienal data
complexity; memarnyconsHmption and spegeh guality, While there have « s ng

been shown and described and pointed out fundamental novel features of
the invenfiBRRESEppedRE Fraferfed-émbolmT&its tRGEBE il pgrerein
understeod tiptevariousremissionsrandsubstitigionsrendichanges dathen

form gg\d details, of tQ% dtevieceg aggcmethojgg Ir(ijeggrl':it%eq gnz?_yi bﬁ _ma%%by
those SKilled'ini the art without é)eparﬁné) From the spirit of theinverition.
For exampie Seisk éxpressiylintended thatsaiccorabinators-ofzthdsepreech

elem%@t@@é}qg%r mﬁt@%%géwmﬁ%ﬁ%@ _é'éb%{aﬁ'%@% the,sarge
function in substantially the same way to achieve the same results are
WithirF e SCHEEGFRE inv8ntion MoYedver, EhodfiFbE recognized that

structures and/or elements and/or method steps shown and/or described

in connection,with,any disclosed form or embadiment of the invention .+ ¢

may be mcorporatedaln any ot er disclosed or described or suggeste

form 8re chcsen based on characteristics of the speech data
such that the intra-segment similarity of the speech

parameters isg high.

3. The method according to c¢laim 1, wherein said speech
processing is performed by an encoder that is
ratrained for saild speech processing based on saild

speech data.

4. 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.
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23 WO 20071007215 PCT/1B20061052028 embodiment as a general
matter of design choice. Itis the intention, therefore, to be limited only as

gndicated, by the seope- o the:claims,appendedhergio. 24 Glaimsg: 1. A
method comprising: performing a speech processing including a 5
segméTtAFTT affetridSpedtH-encotily SP§peeth WA hased®dit a
parametriccmogdeling of speechcand-rastitingaireeempressedpeech units,
parameterized speech segments, wherein_the.segments are chosen such
et 108 1 et STy S e cheedh e ot S0
assembling shfdscompressed paametarized speesty Segpiertts fvaing said

speec@g@[@@@sgﬁst% bgsgisf %@c@?%ﬁ‘%{@éwﬁe@at%ﬁp@ﬁé@é}){mhegs-
2. The method according to claim 1, wherein the segments 15 are chosen
based ¥ @ aeristics of the speech data such that the intra-segment

similarity of the speech parameters is high. 3. The method according to

laim..1, wherein said speech 20 roces i | [ perfgr y an.e coder
?Hat%reetr%?nge%o or %gf%osﬁagele% lggcéssglr%% bz“éec]ﬂ or%gs%a%? sggeéﬂ data.
4. Theansthodsstobding 16 ERilm 28 WHEe i Baid SgEEEH- 2533rBcessing

includgssa comprassion pesformed o810 coptinuQus-pargmeatenizeth i« s,
speech segments and a natural acoustic context for the respective

pmaﬁ@ﬁn&%@rﬁﬁ%éﬁﬂébﬁéﬁ%@bllng of compressed speech

segments in a speech database comprises assembling
said speech units by sentences in sald speech

database.

7. The method according to claim 1, wherein said
compressed parameterized speech segments are
distributed in said speech database to speech units,
and wherein the boundaries of sald speech units are
selected based on a different criterion than the

boundaries of said segments.

8. An apparatus comprising:

processing means adapted to perxform 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 adapted to choose the segments
such that the intra-segment similarity of the speech
parameters 1s high; and

processing means adapted to assemble sald
compressed parameterized speech segments in a speech
database as a basis for a concatenative text-to-speech

synthesis.
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09 S. The method according to claim 1, wherein said compressed
parameterized speech segments are distributed in said speech database

do spegeh 4pis -and:wherein saidassembling ;of comprassed: spegch 5
segments in a speech database comprises rouping said speech units b¥
speeh ¥otinds ¥ sdid'speeth databd8e 567 The meftiddacdording 3= -=
claimpd swherein saidr10icompressed pdranieterizecespeethtsegments that
are d tf'b:tl%%drg‘mssaédrﬁ ;‘%d%c@%% apase SB%G%%”'%} and wherein said, .
assem 6fmg of compressed speech segmentsin a spe ch database
comprisesigssembling said speech units by sentences in said speech 15
database. 7. The method according to claim 1, wherein said compressed

parameterized speech segments are distributed in said speech database
16 speBEn RRE 20 Hiid WHeréin the bod n8§ﬁe‘§*bf8saiaf Sp&ECcH ufiits Sre

seleated based nn andlﬁeeer&tcﬁmm:ermm thanpmmmmdarie@@ésaid
segments. 8, é’ghap%%rr%%%%%@p?ﬁ“%%% B"eofeéﬁ'gg r@%a%soﬁ%%tﬁg%% to

perform a speech” processing including a segmental parametric speec
encodihgiofispeeth dafd based 6n WFsamenicerEelng Jfspeechangaic
resulting in-eompressed parameterized speech segments, and adapted to
choose the segments 30 such that the intra-segment similarity of the

speech parameters is high; and processing means adapted to assemble
said The apparatus according to claim 8, wherein said

processing means adapted to perform a speech
processing i1s adapted to perform a compression on non=-
continuous parameterized speech segments and a natural
acoustic context for the respective parameterized

speech segments.

12. The apparatus according to claim 8, wherein said
processing means adapted to assemble said compressed
parameterized speech segments in a speech database 1s
adapted to distribute compressed parameterized speech
segments in said speech database to speech units, and
to group sald speech units by speech sounds in said

speach database.

13. The apparatus according to claim 8, wherein said
processing means adapted to assemble said compressed
parameterized speech segments in a speech database is
adapted to distribute salid compressed parameterized
speaech segments in said speech database to speech
units, and to assemble saild speech units by sentences

in said speech database.
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10

15

compressed parameterized speech segments in a speech database as a
basis for a concatenative text-to-speech 35 synthesis. 26 9. The
1apparatus.according 40 lain, 8, wherein the spracessing snitis ceafigured
to choose the segments based on_characteristics of the spe ch data such
that HRE FRFE sBGmERE simifarit 6 the Spesch paramtets %gl% HiGh “10.
The apparatusaccqrdingntetciaim:8 dwhereirsaid egroeessing means:
adapted to.perfor. spee in ri that is
conf%%%éaa: to iﬁ(% é%??gtrgingg fg%égig%p%ﬁ(%?%)ﬁoiﬁe%ﬁ%qgggg}géon said
spegehia rIE el asparatuEraRording o &laii B, hetsinaipased on
procgssing means:adapted to perfern a speechdbrpiacessing is adapied
to perform a compression on non- continuous parameterized speech
segniéiA8ahd natural acoustic context for the respective parameterized
speech segments. 20 12. The apparatus according to claim 8, wherein

said ﬁ{ogg};%%wsng«@@@%%%o assemble said compressed 2 i g

paramete speech segments in a speech database is adapted to

distritfie e6aiptessetl paranidtefzeth §peeche seGmehisinisaid Spééch

database i@ spegeh yaiis,@nd 25 to-grosprgaid speech unitsiby speechsn
sounds in said ?eech database. 13. The apparatus according to claim 8,

wherdiR s&fd- précessing means adapted to assemble said compressed
30 parameterized speech segments in a speech database is

16. A software program product in which a software code 1s
stored, saild software code realizing the following

when
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adapted to distribute said compressed parameterized speech segments
in said speech database to speech units, and to assemble said speech

units by senpfences. in said speech.database. 3526a:14.cThe.apparatuson;
according to claim 8, wherein said processing unit is configured to
distribt¥e §5id compressed parameterized speech segments in said

speech databdsertoispeechagnitscwhereindlizes bhpuhdariesi bhsaid
speech units,are selected as dg a C(;llilffeé%r&t c&[{%r' thanthe . 4a+
bounsd%l?%g%?aslgi asgarr%%%ts.?:ﬁ. ?A\% app'aratug accé;?g?nga%pclaicm 8, =k
where#t §aido L0 apparatis isrére BPE datdbase gerietatof ard@an

electrenic deyice, whichegmprising inaddition ap; nterface.d6nAsegments,
software program product in which a software code is 15 stored, said
SoftWAIE otk redizirf§ TEfoliowiy WHEH 26b bRy exeelted i a e~
processing tinit of ah electronic device: pedorrhing=ar speachprocessing n ;
inclu%iljilg a segmental parametric speech encoding of speech data 5

based on a parametric modeling of speech and resulting in compressed

parameterizZedespebeh Setirichts CWHersif the BagHBRtsSareZoseR%teh
that thednisarsegment sipiladty ofdhe speechparametersisigh;aand

concatenative text-to-speech synthesis.

17. A method comprising:

selecting compressed parameterized speech segments
from a speech database based on an available text,
said speech database comprising compressed
parameterized speech segments obtalned in a speech
processing, said speech processing including a
segmental parametric speech encoding of speech data
using a parametric modeling of speech wherein the
segments are chosen such that the intra-segment
similarity of the speech parameters is high;

decompressing sald 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 saild

concatenated parametric speech segments.
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10 assembling said compressed parameterized speech segments in a
speech database as a basis for a concatenative text-to-speech synthesis.
k7. Amethed comprising: 4 9rsglecting compressed parameterized speachh« s
segments from a speech database based on an available text, said
specthd&taba58 cOMPRSING comSTEaSEd pardmeteriZed SpaetRSech data
segments ottained iz a ispeeeh sprgeessing,isaid speech processingpeech
inclludiianlga%ﬁ 6%Qesjngzgrr}hesnt%l.;r)?ar[fflmetric speech epcoding of speech data

using a parametric modeli g of speech wherein the segments are chosen
such that the intra-segment similarity of the speech parameters is high;

decompressipg said selected-compressed 25 parameterized speegh
segments to regain parameterized speech segments; concatenating said

paraffeierFetf 5o deh SBméHs 17 A pRaT et PGSMHaIR: and ™ ©
synthesizingloutput speeck basedoacsaid Bletarratenated parametsic
speech segments..2/ 3 . h cording t im_17 erein
the s%%?nee%?; Jelxg%tc% bsé§ ija%%%‘%we?srdgg%%?c%gof%té&%ggcgggqata
such that the intra-segment similarity of the speech parameters is high. 5
19. The method according to claim 17, wherein said compressed
parameterized speech segments are distributed in said speech database
to compressed
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speech units, and wherein selecting compressed 27a parameterized
speech segments from said speech database comprises evaluating
parameters-of-said spgesh Lbits asaybasis for spidiseleetion; :.20.,The
method according to claim 17, wherein said compressed parameterized
speeth SRS AFE ThSRBuEfin Wald BFedthi ddishade t°compressed
speechamits, and wheteinsetectad comprassed parfametétized speech
segments are retrieved from said 10 speech database for decompression
based at least partly on information in said speech units. 21. The method
HetcofdifgTe el 155 eonpristhgta furlferprbessihg Bf saidsald
parameterized-speech sagments in15 sgid-parametardemain,22. The
method according to claim 21, wherein said further processing com riges
2t 1e 8 ST Bty rHieb Sy s GF it pararfieer3ed 20 <
speeshsegments;tsioathingarameterscet €oneatenation beurndaries
Dot SR IEner ol N 0 R Am CLaTlgRd Seerh2eURen. A £rom said
modifying voice characteristics of sald 25 parameterized speech

segnfahits 3. dhene ffodtacC oPGiIRGTI Efeirh 122} WiTetein sHid 1east
compressed; parameterzad speech segmentsarecdistribyiedin said
speech database to speech units, the boundaries of said speech units
being selected 30 based on a different criterion than the boundaries of

Zaid §egmentshod according to claim 17, comprising a further

processing of saild parameterirzed speech segments in

sald parameter domain.

22. The method according to claim 21, wherein said further

processing comprises at least one of
deleting unnecessary parts of said parameterized
speech segments;
smoothing parameters at concatenation boundaries
between respesctively two parameterized speech
segments; and
modifying voilce characteristics of =aid
parameterized speech segments.
23. The method according to claim 22, wherein said
compressed parameterized speech segments are
distributed in said speech database to speech units,

the houndaries of said speech units being selected

based on a different criterion than the boundaries of

said segments.

28



28 24. An apparatus comprising: a memory storing a speech database
comprising compressed parameterized speech segments obtained ina 5
speech processing, said speech processing including a segmental
parametric speech encoding of speech data using a parametric modeling

2 6f speedPRAEFTH the” BG et dre chosen such that the intra-segment
similarity of #enspeechtparameters is bight: 1@ pracessing-means atlapted
to select cqnmgreéseg Y%?nrgmetqrizeeig speech, segments from said speech
databaes based orran avairable fext, pr%cessfng Means adap ed o o
decamprsss saidcseiectod compissteEsarantererizgisspeechiseygnidms @
to lsJegainparameterizad speech.segmentisi progessing meansiadapted

to concatenate said parameterized speech segments in a parameter
domafii:"8nd pRecedSitmeafe dGapted 18 SyRtheszB JiltFH=28 speech
basegkensaitkcencatenated parametrictspeech esegments s2briEe:
apparatus, acqo;ding to claim 24, Wl}erein the segments are clhosen

based On characteristics of the' 25 speech data such that the
intra-segrmentcsimilarnity of the: specepparantaterssis figh. 2BnFhessed
apparatug.according fo claim 24, wherein-said Compressedpeech

parameterized speech segments are 30 distributed in said speech
dataBasé 6 EEmprERRdOSp et ilidits: &nd Svieidin‘said processing

means 2%rocessing means adapted to decompress said

selected compressed parameterized speech segments to
regain parameterized speech segments;

processing means adapted tTo concatenate said
parameterized speech segments in a parameter domain;
and

processing means adapted tTo synthesize output
speech based on said concatenated parametric speech

segments.

25. The apparatus according te claim Z4, wherein the
segments are chosen pbased on characteristics of the
speech data such that the intra-segment similarity of

the speech parameters is high.

26. The apparatus according to claim 24, wherein said

e]

compressed parameterized spsech segments are
distributed in said speech database to compressed

speech units, and wherein said processing means

20
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adapted to select compressed parameterized speech segments from said
speech database is adapted to evaluate parameters of said speech units

as a;basis for saidsselection: 527 Jheappatatis aceordingtosglaina 24,

wherein said compressed parameterized speech segments are

g

distF5HBETH SalSPeeth datdBasEto Cohpra&sEd SpedtRRNRE, &t
saideprotessiag means-adapted fo 48 selech eenipressetdpaxranetérizeds
speech seS%TSnts fr%m said speech database are adapted to retrieve

b

ror is L1100, . .
selected comprgsesedp pzfirameterlzed speech segments from said speech
database for decompression based at least partly on information in said

> §peegh.units, 15:28, -The-apparatils according 0 slaim 24 semprising:
processing means adapted to further perform at least one of the following

in tHe PRHARTRE ISR e RTe GRfle CEERAN paASBFSdid pafameterized
20 speech segments; smeoth parameters at earcatenation-hgurelasies
between respectively two parameterized sp segments; and. modify
voicgp%%‘r’anctgrrllsﬁi‘css’of%%% S%r“é%;néigﬁ}z“efd’ %%%pe‘e%ﬁiéegmeﬁts. 29. The
appaatis-accorainhas iaint 24, anRdrein sad cofprességoments trom

parameterized speechsegmentsare distributed insaid speechr databaseed
to speech units, 30 the boundarijes of said speech units being selected

baséPBR HediftErent hifeion thart the BEGdHiesFments fom sad

speech database for decompression basesd at least

partly on information in said speech units.

2%8. The apparatus acceording tc claim 24, comprising
processing means adapted to further perform at least
one cof the following in the parameter domain:

delete unnecessary parts of sald parameterized
speech segments;

smooth parameters at concatenation boundaries
between respectively two parameterized speech

segments; and

1y

modify volce characteristics of said parameterized

speech szgments.

2%. The apparatus according to claim 24, wherein said
compressed parameterized speech segments are
distributed in said speech database to speech units,
the beoundaries of sald speech units belng selected
based on a different criterion than the boundaries of

szid segments.

30. Bn apparatus according to claim 24 wherein said
apparatus is one of a text-to-speech synthesizer and

an electronic device, which comprises in addition

3]
e}
4]



said segments. 30. An apparatus according to claim 24 wherein said 35
apparatus is one of a text-to-speech synthesizer and an electronic device,
zvhich-gemprises in addition 29a an interface. 31. A software program
product in which a software code is stored on a readable medium, the
software code 29b realizing the following when being executed in a
3 progessinfrunit-ef anretectronicrdeiice: sefecting compresdadvare code 1s
rarametelized sheecl segments, iy seepeh databasehasegon an
avallablé text, 5 sai 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 wherein the 10
segments are chosen such that the intra-segment similarity of the speech
parameters is high; decompressing said selected compressed
parameterized speech segments to regain parameterized speech
segments; 15 concatenating said parameterized speech segments in a
parameter domain; and synthesizing output speech based on said
concatenated parametric speech segments. 20 32. A system comprising
the apparatus of claim 8 and the apparatus of claim 24. 30
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realizing the following when being executed 1n a

processing unit of an electronic device:

selecting compressed parameterized speech segments
from a speech database based on an available text,
said 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 paramestric modeling of speech wherein the
segments are chosen such that the intra-segment
similarity of the speech parameters i1s high;

decompressing sald 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.

32. b system comprising the apparatus of claim 8 and the

apparatus of claim Z4.
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