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WO 2008/033095PCT/SG2006/000272 Apparatus and Method for speech
utterance verification The present invention relates to an apparatus and
method for speech utterance verification. In particular, the invention
relates to a determination of a prosodic 5Sverification evaluation for a user's
rRepseRohseech utterance. In computer aided language learpigsadskaboa72
systems, a significant problem is how to evaluate the correctness of a
language learner's speech. This is a problem of utterance verification. In
known CALL systems, a confidence score for the verification is
10calculated by evaluating the user's input speech utterance using
acoustic Apgalea tiseact Methodifospepudbieite pi petiew ifixtcting.
Recorded speech patterns are treated as sequences of electrical signals.
A recognition process involves classifying segments of the sequence into
chbe gueiestofiprsiteamsiatdspatie appatdhitsind thelpetforspctbnuayrbecevords,
SHBMORELHNITS EQ&Q@%PJRQW Y QIDEl,SPRECH-TRAME IS Y

current automatic speech recognition éASR) systems, the Hidden Markov
MEHEPEHIMRN Metondpice e pEsrardAt 56PEBIHERBSEc modelling and has
been adopted in almost all successful speech research systems and
mmercjal products. Generall ' nown |I-EVIM-base ,
B e e s TR ez e
c@é&@ﬁﬁ&&@@ﬁd@ﬁ@é shmgidee borrecthass afilinpaespebemsignatrance
repreRantng the.RRenets Pala USESHaRRe HISIRG aropsHEmRds!S-

That is, known utterance verification methods focus on the user's
PYORBRES ARSI T VeAHRTAR LR NSFH R SR SEeSPRIHISEHESA UESRE AT Phstif/models.

applications of speech recognition 25systems, such as key-word spotting,

:isfg{g]gag% Vg{gﬁ%@ ig%b&ﬂé%%@#gggrggg gment, aod langua gg'r%%% are
u

ast ecades, many avegbeen propos
ferigRce Shemfeetion dnbical Yenrbagehteerdsifwnsrhesss invely esdassfying

ﬁé’é@ﬂi@ﬂ%_@ﬂiﬁ@ %B@&Bix@&ﬁr{t% EW@E&E%S'E%@WQEQM% .Ult'th@rﬁ%(@?hgg%’t]ems
pothesiS zest approacn was use y comparing the likelnood ratio Wi
RSB SR PRE A Uit SR STHCIT T B oF Satatgngae 1 meny

appreeichihas e greeded dogniode(ABR) sysheandtaleiddtud hypothdsed. (HMM)
ighyl i ian, ] rs ntic WO .

O Oas e SR ORI L SRR 8ot Sloptpd pgimost
pPBtias Bd srecciues sy demnati sAroremiigundectheaSers @ivipeadne,

ThevinnseRnrhiisia selaeianderesesiradR 2 was ARRIRG (RtcrliRet i cation
ost re {%sentativ gom etingftokens for each 1-EVFM. The competing
s crnane i

RO e eS8 RAS RS 580 BrolBRLIPRSF hteRsheresniing

information base
vénifigaimtic part of a user’s speech using acoustic models. That is, known utterance

verification methods focus on the user’s pronunciation.

Utterance verification is an important tool in many applications of speech recognition
systems, such as key-word spotting, language understanding, dialogue management, and
language learning. In the past few decades, many methods have been proposed for
utterance verification. Filler or garbage models [4, 5] have been used to calculate a
likelihood score for both key-word and whole utterances. The hypothesis test approach
was used by comparing the likelihood ratio with a threshold [6, 7]. The minimum
verification error estimation [8] approach has been used to mode! both null and

alternative hypotheses. High-level information, such as syntactical or semantic
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5 These known methods have their limitations because a great deal of
useful speech information, which exists in the original speech signal, is
lost in acoustic models.  The invention is defined in the independent

claims, Some optional features of the 10invention are defined in the

wispaRagRiselaims. To speak correctly in a particular language;ianguagecz72
students should master prosody of the language; not only the
pronunciation of the words should be uttered correctly. The speech should
have the correct prosody (rhythm, pitch, tone, intonation, etc). 15 Prosody
determines the naturalness of speech (21, 24J. The level of prosodic

ndorevtiessieanlbestidadionseiidesoint wlsesivetio calsutdingienfidence
MaBRRrH Yhich asidenkis PrRarsssng i Rislher Ji11diess Fep EBmBigect

in some languages, prosody differentiates meanings of sounds [25, 261 ,
S PR SCRIRIBRTS SPRARARANEGREG Saptoludy ?ﬂ%“éﬁ‘%’ﬁ’é&ﬂ% g qgation
tasguagthod gt Bxanghe, ischprgastd Chinksendheddfieatipplied to a
syllable by the speaker imparts meaning to the syllable. By determining a
verification evaluation of prosodic data derived from a user's recorded

Spesedinorterapibe dalbaedrdbnisismobiaiisse ey Hragpeasusefabiping the

iargetdapguadenaanbe madean P QAChIUL SpReshdsigRNESIdIse Of
a reference speech utterance makes it possible to evaluate the user's

speech more accurately and more robustly. The user's speech utterance
iBhplincessediadefinydnatlip indtipe&metédmical signaptiepat Serttireg af the
recQrsing, of g@gﬁ%%'ﬁlg%ﬁ%&t%{ﬁg a representation of the prosody

of the speech, this is 30compared with the reference speech utterance. An
advantageous result of this is that it is then possible to achieve a better

Tderake MesHiEataN eerisigNa hithgsQatihas BRlddMOshould master prosody of
%1(23 %%%3835&% 4 y%opqg{gxggizaégn of the words should be uttered correctly. The

speech should have the correct prosody (rhythm, pitch, tone, intonation, etc).

Prosody determines the naturalness of speech [21, 24]. The level of prosodic
correctness can be a particularly useful measure for assessing the manner in which a
student is progressing in his/her studies. For example, in some languages, prosody
differentiates meanings of sounds [25, 26] and for a student to speak with correct
prosody is key to learning the language. For example, in Mandarin Chinese, the tone
applied to a syllable by the speaker imparts meaning to the syllable.

By determining a verification evaluation of prosodic data derived from a user’s
recorded speech utterance, a better evaluation of the user’s progress in learning the

target language may be made.

For each input speech utterance, use of a reference speech utterance makes it possible to
evaluate the user’s speech more accurately and more robustly. The user’s speech
utterance is processed and by manipulating an electrical signal representing a recording
of the user’s speech to extract a representation of the prosody of the speech, this is
compared with the reference speech utterance. An advantageous result of this is that it

is then possible to achieve a better utterance verification decision. Hitherto, it has not



10

15

20

25

30

3 been contemplated to extract prosody information from a recorded
speech signal for use in speech evaluation. One reason for this is that
known systems for speech verification utilise I-LMMs (as discussed
above) which can be used only for manipulation of the acoustic

CORRRNBRY.ET the user's speech, A hitherto unrecopilsed congtiaigb k00272
HMMs 5is that 1-a1Ms, by their very nature, do not utilise a great deal of

information contained in a user's origireal speech, including prosody,

and/or co-articulation and/or segmental information, which is not reserved

in a normal HMM. However, the features (e.g. prosody) that are not

ipreiu detdmphrsedpe satraetegnitiprnfoodetsafowerydroptadant érbrsighe for use

RointofviewalibHMman.nescsRigANd ol EH%&H@?&%‘?&M%&%%&H&%&%

of spoken 10language. Speech prosody can be defined as variable
Gt R OVG: @5 Sbarsadnbay a ik %ﬁ%@%?fﬁwléjé%%wwmg the
tmaesmhyﬂanpptr&ﬁnﬁttha uStE sApsBERMAI it SO ML 0N IEQIMPAREIMS FTHIMMSs

foII ws:. 15 Timing of speech units; at unit
?ﬁé?’%w méa %u?gatlon df é)ancc% ng'r%llfe,&lgu% grgéer%({:e Ievefmf1 tr%n rctéz)éltta&1 g
is mfrﬁrﬁréﬁlmé S@ﬁé@chn@ghmw%@meém Qmmavéabwgm@edmmtal

smaﬁati&&eﬁnsgim iatheexistensa afnavinyisgisienRf 4R (e.g.

perce ve Lﬁ%ﬁrds or phrases in gﬁeech with mare ease. Pitch of speec

GRRES Y R TR AP iR vE i aipﬁﬁ?:‘hrﬁ%‘?%ﬁ%ﬁﬂéeﬁﬁﬁfe g important from
2Bepaimplfyievhddihdarin Gdrireten the fiitchecontethat asytalntainess of spoken
rﬁ%@g@ts the tone of the syllable, At utterance level, the pitch contour of
the uttérance represents the intonation of the whole utterance. In other
languages - especially Western languages - questioning utterances

Lsmaﬂiy hoveia sising H&ﬁﬂ@timm@mgﬂﬁﬁxﬁe@sjmpe@&hsqem% 182t one of
ehggur (31erg}t/1 %Bﬁgés%%s loudpess of Sﬁ)eectg T;th is not as sensitive as
tming an QSR oA B AP SURREHOPARS orih SHBIER BF BSrati B Bt
theeaeciy Qﬁmb@mﬁmctmbofgpmsm@olwmsbe implemented for any
Qe ALEATINOMLORN Q8 MR QL PIRS OL, RARAMGIE S e ach unit. At

utterance level, it represents the rhythm of the speech; e.g. how the speech units are
organised in the speech utterance. Due to the existence of the rhythm, listeners can
perceive words or phrases in speech with more ease.

e Pitch of speech units: at unit level, this is the local pitch contour of the unit. For
example, in Mandarin Chinese, the pitch contour of a syllable represents the tone of
the syliable. At utterance level, the pitch contour of the utterance represents the
intonation of the whole utterance. In other languages — especially Western
languages - questioning utterances usually have a rising intonation, and hence a

rising pitch contour.

e Energy: energy represents loudness of speech. This is not as sensitive as timing and

pitch to human ears.

Essentially, the principles of operation of the speech utterance evaluation of prosody
can be implemented for any one or combination of a number of prosody parameters. For

instance, a list of prosody parameters which can be defined for, for example, Mandarin

Chinese are:
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example, Mandarin Chinese are; 4 Duration of speech unit Duration of
the voiced part of the unit Mean pitch value of voice part of the unit Top
line of pitch contour of the unit 5 Bottom line of pitch contour of the unit
widitohsuabeesof start point of voiced part Pitch value of end pRGATEIAEREEER 72
part Energy value of the complete unit measured in dB i)To evaluate the
prosody of a recorded speech, it is pdssible first to look at the prosody
appropriateness of each unit itself. For different languages, there are
different ways to define a speech unit. One such speech unit is a syllable,
wHichRsatippiebsRasitthaiican be used for prosody evaluation. 15In one

apparpiusaifon speRcihilieranRcsrvgrifigation, the prosodic verification
evaluation is determined by using a reference speech template derived

from NSRS ey Pt RE G 9 heech (11S) module.

Alternayelye trerefesencarsiraeehdemplate can be derived from recorded
speech. The Jive speech is processed to provide a reference speech
uttéra 85% %%P%fﬁf&% tRe ecifistg%%llhated. Compared with using
aceushcc2OmiodelSstivepspeethaontairs more useful information, such as

prqsogytcﬁ%-a rtict %1;[{ %?a}ntdo§$gwe%ntglltlnformatlon, which helps to make

for a better evaluation e user's éapeech. In another apparatus, prosody
paraniétersyard wxtldbech nptriarudensassoot dedB

To evaluate the prosody of a recorded speech, it is possible first to look at the prosody
appropriateness of each unit itself. For different languages, there are different ways to
define a speech unit. One such speech unit is a syllable, which is a typical unit that can

be used for prosody evaluation.

In one apparatus for speech utterance verification, the prosodic verification evaluation is
determined by using a reference speech template derived from live speech created from
a Text-to-Speech (TTS) module. Alternatively, the reference speech template can be
derived from recorded speech. The live speech is processed to provide a reference
speech utterance against which the user is evaluated. Compared with using acoustic
models, live speech contains more useful information, such as prosody, co-articulation
and segmental information, which helps to make for a better evaluation of the user’s
speech. In another apparatus, prosody parameters are extracted from a user’s recorded
speech signal and compared to prosody parameters from the input text to the TTS

module.

[t has been found by the inventors that speech utterance unit timing and pitch contour
are particularly useful parameters to derive from the user’s input speech signal and use

in a prosody evaluation of the user’s speech.

The present invention will now be described, by way of example only, and with

reference to the accompanying drawings in which:
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speech signal and compared to prosody parameters from the input text to
the TTS module. 25 It has been found by the inventors that speech
utterance unit timing and pitch contour are particularly useful parameters

to derive from the user's input speech signal and use in a prosody

| AaiRRef the user's speech. :30 The present invention Willraw16s/000272
described, by way of example only, and with reference to the

accompanying drawings in which: WG 2008/033095PCT/SG2006/000272
5 Figure 1 is a block diagram illustrating a first apparatus for evaluation of

a user's speech prosody; Figure 2 is a block diagram illustrating a second
appuediisaibloshalisgtion ibstasied s Speephaprosddy s EHigticn 818 askitelpeech
agsam illustrating an example in which the apparatus of Figure 1 is
implemented in_conjunction with an acoustic model; Figure 4 is a block

diggfFamififtIRak i 8 P aRTe g6 evan anarr raos e iy a user’s

- presunmiadicly;  Figure 5 is a block diagram illustrating generation of

tor. in th oustic 10model of Figures 3 and 4; Fiqure 6 is a, .
R e TR S S T
appErateSdatre mEiarioBkagiagpasicitestesiting the framework of an

appatatusfolRyalliation ofAMseEs SRESERRIHSIRg.l F0ARE AakI8NE8n

is a block.diagram illustrating the framework of an apparatus for
&RURUAHBRSt a user's speech without utilisation of rrs. Referring to Figure
FiaufirStiendopledidgmajpatattissfoerprasadic speaisuibesuee the acoustic
\éggﬁg;q}t@gqggyeglgaagngill now be described. 20

Figure 6 is a block diagram illustrating the framework of a text-to-speech (TTS)
apparatus;

Figure 7 is a block diagram illustrating the framework of an apparatus for evaluation of
a user’s speech utilising TTS; and

Figure 8 is a block diagram illustrating the framework of an apparatus for evaluation of

a user’s speech without utilisation of TTS.

Referring to Figure 1, a first example of an apparatus for prosodic speech utterance

verification evaluation will now be described.

The apparatus 10 is configured to record a speech utterance from a user 12 having a
microphone 14. In the illustrated apparatus, microphone 14 is connected to processor
18 by means of microphone cable 16. In one apparatus, processor 18 is a personal
computer. Microphone 14 may be integral with processor 18. Processor 18 generates
two outputs: a reference prosody signal 20 and a recorded speech signal 22. Recorded
speech signal 22 is a representation, in electrical signal form, of the user’s speech
utterance recorded by microphone 14 and converted 1o an electrical signal by the
microphone 14 and processed by processor 18. The speech utterance signal is
processed and divided into units (a unit can be a syllable, a phoneme or an other

arbitrary unit of speech). Reference prosody 20 may be generated in a number of ways
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The apparatus 10 is configured to record a speech utterance from a user
12 having a microphone 14. In the illustrated apparatus, microphone 14 is
connected to processor 18 by means of microphone cable 16. In one
apparatus, processor 18 is a personal computer. Microphone 14 may be
wintegsabyith processor 18, Processor 18 generates 25two APis2(46/000272
reference prosody signal 20 and a recorded speech signal 22. Recorded
speech signal 22 is a representation, in electrical signal form, of the user's
speech utterance recorded by microphone 14 and converted to an
electrical signal by the microphone 14 and processed by processor, 18.
a1his SpbrhPutiErRRes sRiARA ieepioTeueh SRR SEOTIS BRSO {frift O
cealnddeia syllable, a phoneme or an other 30arbitrary unit of speech).
Reference prosody 20 may be generated in a number of ways WO
2008/033095PCT/SG2006/000272 6 and is used as a eference" signal

Pagrmidistivhistich blode P4 peessedeschpioBaripuintes beceidslisneet bieseldy to

ervation Blogk 24 RLacRsSesRAG BANIPHIAISE IBCAsHed anapelspidaR! 22
to Sextract the prosody of the speech utterance and outputs the recorded
Sioaise RHCaT Rk

RSOt Spe dh DrEeyay I s RS A IS JRRE DO 45 gV?i‘b%&O
o fisadid el afi din: blockdd fohesmiudtiohuedth2 wibseshe of tthths pgecinof
er.12 with.r feren ich Is.i
B S AR e
ysroierdipsitthef 6 rseudsdrresaihereb20 TrRgp it dentgpesien ThbetHean
B osQatic. EMRI Wt BIoCK B2 FOMRAISS @ fisirB asedy RespRpBeRpastited
from a fr{ecorded speech ué’gerance Withta con.es orédin%nsecgnd Opr%sody
S O aR 36T 2P PeR8 ARTEER P L o G R SR Y R 15P8SS dic
werifinatiofioe uakfationdepdt ecordedhsgeethmitesarmmesedit iverification
AeReRIRISERL 1RECOMRALSARNNR %HR%%&%R&&&%%@ HSBEPRBHY In

components comprise prosody parameters, as 15described below. The
BEATEREVAG EiRH Chilse Ee e By WA RSENBIHRINOHE PeiHEF EIoMS,
neaminatin with one another. Prosodic evaluation block 32 makes a

comparison between a first prosody parameter of the recorded speech
utterance (e.g. either a unit of

The prosody evaluation can be effected by a number of methods, either alone, in
combination with one another. Prosodic evaluation block 32 makes a comparison
between a first prosody parameter of the recorded speech utterance (e.g. either a unit of
the user’s recorded speech or the entire utterance) and a corresponding second prosody
parameter for a reference speech utterance (e.g. the reference prosody unit or utterance).
By “corresponding” it is meant that at least the prosody parameters for the recorded and
reference speech utterances correspond with one another; e.g. they both relate to the

same prosodic parameter, such as duration of a unit.

The apparatus is configured to determine the prosodic verification evaluation from a
comparison of first and second prosody parameters which are corresponding parameters
for at least one of: (i) speech utterance unit duration; (ii) speech utterance unit pitch
contour; (iii) speech utterance rhythm; and (iv) speech utterance intonation; of the

recorded and reference speech utterances respectively.



10

15

20

235

20the user's recorded speech or the entire utterance) and a corresponding
second prosody parameter for a reference speech utterance (e.g. the
reference prosody unit or utterance). By "corresponding” it is meant that at
least the prosody parameters for the recorded and reference speech
WiteranRegsosorrespond with one another; e.g. they both relatgde, e /M@ 272
prosodic parameter, such as duration of a unit. 25 The apparatus is
configured to determine the prosodic verification evaluation from a
comparison of first and second prosody parameters which are
corresponding parameters for at least one of: (i) speech utterance unit
dbfatiberafiipspdectougerameetumnit piteh sontodisdiisysheech utterance
rhythm; and (iv) speech utterance intonation; of the 30recorded and
reference speech utterances respectively. 7 A first example of a

4 level is now discussed. (i) Duration of Unit In any

|an guiale deaynlsgiingqesses, sivdaniissexpestaddadodaunthe speeahief
the. Sreferen eacher). Ideally, the student's speech. rate should be the
e e L e e
visfifieatiotPevhltratioR ot nirshodiabprisaspdesh vigiforap rosodivetialuetion

bioekds W Leierming the Aresarisvariication S \Rluater HRM8sodic

comparison of first and second prosody parameters for speech utterance
UFRHHEFRE RVAHGAY QPR A PRTEREAB P TSP G S eRRS-PERS Ot BRr P RIS Ot
repadadispeechnittenarioa fioih duraikdorto ¢irovide ditansiomoadieviation of

lj i iation, That.is, the evaluation is determined. a
i R L i e e
JRHRHGR €R3FREBN of the recorded speech unit from: 15 an= (ar. - )l d J(1)

where an.,ar arl and cf. are the-normalised unit duration deviation, the

ual duration J.. | . .
aﬁxaﬂs, Hie evaluation is determined as follows. First, prosody derivation block 24

determines the normalised duration deviation of the recorded speech unit from:

no__ t K
a =(a] czj)/aj

M

H . . . . e .
where a:’, , aj_ , a:, and aj_ are the normalised unit duration deviation, the actual duration

of the student’s recorded speech unit - e.g. output 26 from block 24, the predicted
duration of the reference unit — e.g. output 20 from processor 18 — and the standard
deviation of the duration of unit j respectively. The standard deviation of the duration
of unit j is a pre-calculated statistical result of some training samples of the class to
which unit j belongs. Thus it can be considered that prosody derivation block 24

calculates the “distance” between the user’s speech prosody and the reference speech

prosody.

The normalised unit duration deviation signal is manipulated and converted to a

verification evaluation (confidence score) using the following function:
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of the student's recorded speech unit - e.g. output 26 from block 24, the
predicted 20duration of the reference unit - e.g. output 20 from processor
18 - and the standard deviation of the duration of unit j respectively. The
standard deviation of the duration of unit j is a pre-calculated statistical

wiesik/afzsame training samples of the class to which unit j BEIB1RG0PHRAE2R2
can be considered that prosody derivation block 24 calculates the
"distance" between the user's speech prosody and the reference speech
25prosody. The normalised unit duration deviation signal is manipulated
and converted to a verification evaluation (confidence score) using the
following function: WO 2008/033;?95%0&}&52006/000272 8q7= 2
Aa(af")(2) where gm, is the verification evaluation of the duration of the

weeerdéd tritpofithe studentsispettiy, cndian Ofitha treordformifurgiion for
the normalised duration deviation. This tansform function converts the

saowmadisedtdy ratori aeyuatmmmmmamammasqg finorion
understandable (for examBIe ona0 t 100 sc

LTRSS ARG ERBES 1o BSEE g P
sbuiikt svithsblartan scored dadarpairdablhithrepresentmapping frevala. This can
SiRlselanL duiean dRvaor, SonaL iR velRIA vl Core:

econd exa mparison at unit level is now discussed, Pitch
Igosmostidaie pawmﬁ@mgsmlé IPRRRIGEY PErA RIS AR Retion
&aniaus abthewnitisirepraseaierlibhy@set of parameters. (For example,
this can be n pitch sample values, which are evenly sampled from the
pitch contour of the speech unit.) In this example, the reference prosody
Medeh2@xisnudblisingrapspeechtcoiplesdisnprotissiorsdl speaker (defined
as a standard voice or a teacher's voice), The generated prosody
parameters of the reference prosody 20 are ideal prosody parameters of

AL IBr's 20voice. Before evaluating the pitch contour of
a unlt of the user's speech signal, the

Transforming the Prosody Parameters: The pitch contour of the unit is represented
by a set of parameters. (For example, this can be n pitch sample values, pi,p2,...Pa,
which are evenly sampled from the pitch contour of the speech unit.) In this example,
the reference prosody model 20 is built using a speech corpus of a professional speaker
(defined as a standard voice or a teacher’s voice). The generated prosody parameters of
the reference prosody 20 are ideal prosody parameters of the professional speaker’s
yoice. Before evaluating the pitch contour of a unit of the user’s speech signal, the
prosody of the user’s speech unit is mapped to the teacher’s prosody space by prosodic

evaluation block 32. Manipulation of the signal is effected with the following transform:
pi=a,+bp] 3)

where p; is the i-th parameter value from the student’s speech, p; is the i-th predicted

parameter value from the reference prosody 20, @,and b, are regression parameters for

the i-th prosody parameter. The regression parameters are determined using the first few

utterances from a sample of the user’s speech.
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prosody of the user's speech unit is mapped to the teacher's prosody
space by prosodic evaluation block 32. Manipulation of the signal is
effected with the following transform: where pis is the i-th parameter
value from the student's speech, /4 is the i-th predicted 25parameter value

Wwemsbessgéerence prosody 20, a, and b, are regression parameters§oheo2r2
the i-th prosody parameter. The regression parameters are determined
using The first few utterances from a sample of the user's speech. WO
2008/033095PCT/SC2006/000272 9 Calculating Pitch Contour

Evaluation: The prosody verification evaluation is determined by

Caphuting HitchColidted BardmétersThopréhmipefersied spaebutitierance

WRNE AR ARG U&Hﬁ@fﬁg%ﬂﬁ;‘?&?&@ﬁ%&‘?&é @J&%%ﬂ@?&fqggégpr %alsuamnce

utterance unit. The normalised parameter for the i-th parameter is defined
B sVt e Hﬂ%&(ﬂﬁl%ﬁ@%ﬁb@@mﬁﬁ& of the premieiPpren pantroitof The
therelsplaieaaniualipiteh parameiere: of &fardband standard deviation of
the predicted class of the i-th parameter. Then 10prosody evaluation block
32 determines the verification evaluation for the pitch contour from the
following transform of the normalisegppitch)parameter: q b .2= A b (7)(5) (4)
where T =(tt,t2,n) is the nounalised parameter vector, n is the number of
prosody 15parameters and 2 b is a transform function which converts the

ROBREHS Sl eldration predicted pitch parameter of the template, actual pitch parameters

of speech and standard deviation of the predicted class of the i-th parameter, Then
prosody evaluation block 32 determines the verification evaluation for the pitch contour

from the following transform of the normalised pitch parameter:

b= 20 (1) (5)

where T =({,,1,,...t,) is the normalised parameter vector, n is the number of prosody

parameters and A? is a transform function which converts the normalised duration
deviation into a score on a scale that is more understandable (for example, ona 0 to 100
scale), similar in operational principle to A% . 1”is implemented with a regression tree
approach [29]. The regression tree is trained with human scored data pairs, which
represent mapping from a normalised pitch vector to a verification evaluation score.
Thus it can be seen that the prosodic evaluation block 32 determines the prosodic
verification evaluation from a comparison of first and second groups of prosody
parameters for speech utterance unit pitch contour from: a transform of a prosody
parameter of the recorded speech utterance unit to provide a transformed parameter; a
comparison of the transformed parameter with a corresponding predicted parameter
derived from the reference speech utterance unit to provide a normalised transformed
parameter; a vectorisation of a plurality of normalised transformed parameters to form a

normalised parameter vector; and a transform of the normalised parameter vector to

provide a transformed normalised parameter vector.

A first example of a comparison at utterance level is now described.
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deviation into a score on a scale that is more understandable (for
example, on a 0 to 100 scale), similar in operational principle to A.a . 2a5
implemented with a regression tree approach [29]. The regression tree is
trained with human scored data pairs, which represent mapping from a
wioimadisack pitch vector to a verification evaluation score. 2GTRUSR0eEROHE 2
seen that the prosodic evaluation block 32 determines the prosodic
verification evaluation from a compatison of first and second groups of
prosody parameters for speech utterance unit pitch contour from: a
transform of a prosody parameter of the recorded speech utterance unit to
(findndech Bhviiftsrmed parameter; a comparison of the transformed

TRAGMAIE NIt AEeUesRBdING pipsistas param el whreregfoace theech
reference speech utt,eranﬁe qEén't tQ provide zn)mtrmalised transf rem(%dOf the

o O E VR O TOROF A BI AR BT AORAISR LIS s

rgardadetedsdfrforon spaaimaksert parameterivettayatind bleckn¥iorin ofthe

Laihalsrcpaameletyacloio pIoYde AdRslnea R alRaoer
parameter vector, WO 2008/033095PCTISG2006/000272 10 (iii) Speech

Ry RIS EBPERN aItRAREE e FEt BRUCRS SpRaseh \Frttrsnice Riiterance

ndthh e rRiREaNEE; S PRERHTIRENRIGH] ACHMBPALSIE if-madetbithedimés in
i’ﬁnterval between two units of each of the recorded and reference speech

Wt RPSHESE by prosodic evaluation block 32. In one 5example, the
comparison is made between successive units of speech. In another

BXAMRIS: 106 COMPA ISR s Rge e IWe L E B Y PRIEAI SYRSEE G 4HES

In the utterance and their counterpart in the reference template where
SIas ARd AsETEinine (RS HRRASTHE RAtRPER e 4RPHITE Yo RYRBN s Phade

dypgvaluating the recorded and reference speech utterance signals and
determining the time interval between the centres of the two units in

guestion. Prosody derivation block 24 determines the normalised time
Fnoerdal ddeividtorbirsin24 determines the normalised time interval deviation from:

c:’, =(c; - c;)/cj. (6)

where ¢”,c' ,¢" and c® are normalised time interval deviation, time interval between
PR AN J

two units in the recorded speech utterance, time interval between two units in the

reference speech utterance, and the standard deviation of the j-th time interval between

units respectively.

For the whole utterance, prosodic evaluation block 32 determines the prosodic

verification evaluation for rhythm from:
m-1 ) _71_
c=( > (c)) (m-1))* ©
i =1

g =10 (®)
where ¢°is the confidence score for rhythm of the utterance, m is the number of units

in the utterance (there are m-1 intervals between m units), and A°() is a transform
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15 c')./csjjwhere e. 2. cr. and e. are normalised time interval deviation,
time interval between JJ  two units in the recorded speech utterance,
time interval between two units in the reference speech utterance, and the
standard deviation of' the i-th time interval between 20units respectively.

G he whele utterance, prosodic evaluation block 32 determgingsdhgis/no0272
prosodic verification evaluation for rhythm from: Ct--((e.1)21 (m-1))5: m -

(7) 25CC )(8) 11 function to convert the normalised time interval variation
to a verification evaluation for speech rhythm similar toand ,ab . It should
be noted that the rhythm scoring method can be applied to both whole

Futteiam ee&amdtpaetmfr@alﬁe&amﬁein&w& theameihed isahtetondetesition for
abnormal rhythm of any part an utterance. Thus, the prosodic

SVARTAABH BlbEREs a% miftfedthe prosodic verification evaluation from a

comparison of first and second prosody parameters for speech utterance

rﬂ%ﬁ]orgld be noted that the rhythm scoring method can be applied to both whole

utterances and part of a utterance. Thus, the method is able to detect abnormal rhythm

of any part of an utterance.

Thus, the prosodic evaluation block 32 determines the prosodic verification evaluation
from a comparison of first and second prosody parameters for speech utterance rhythm
from: a determination of recorded time intervals between pairs of recorded speech
utterance units; a determination of reference time intervals between pairs of reference
speech utterance units; a normalisation of the recorded time intervals with respect to the
reference time intervals to provide a normalised time interval deviation for each pair of
recorded speech utterance units; and a transform of a sum of a plurality of normalised

time interval deviations to provide a transformed normalised time interval deviation.
A second example of a comparison at utterance level is now discussed.

(iv) Infonation of Utterance

To compare the intonation of the recorded and reference speech utterances, the average
pitch value of each unit of the respective signals are compared. The pitch contour of an
utterance is transformed by a sequence of pitch values of the units of the signal
representing the utterances by prosody derivation block 24. Two sequences of pitch

values are compared by prosodic evaluation block 32 to determine a verification

evaluation.

Because speech utterances of different speakers have different average pitch levels,
before comparison, the pitch difference between speakers is removed from the signal by

prosody derivation block 24. Therefore, the two sequences of pitch values are

normalised to zero mean.
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10from: a determination of recorded-time intervals between pairs of
recorded speech utterance units; a determination of reference time
intervals between pairs of reference speech utterance units; a
normalisation of the recorded time intervals with respect to the reference

W% detenals to provide a normalised time interval deviationgeggaskhoaioa72
of recorded speech utterance units; and a transform of a sum of a plurality

of normalised 15time interval deviationsg to provide a transformed
normalised time interval deviation. A second example of a comparison at
utterance level is now discussed. (iv) Intonation of Utterance 20To
cOmpérendreniiionigtiorh détheisedotdedmindd &farence speech utterances,
the average pitch value of each unit of the respective signals are
compared. The pitch contour of an utterance is transformed by a

sequence of pitch vaIuesZOf:thedj’nitslb)‘ th@zsignal mm?senting the 9
utterances by prosody defivation block 24. Two sequences of pitch values
are compared by prosodic evaluatiomblock 32 fo determine a verification
25evaluation. Because speech Q&'é&(s%@b’ff&?ferent speakers have  (10)
different average pitch levels, befor&"tomparison, the pitch difference

hetweerspeakers js emavadifrom the @égfaﬁ'oa,yp?{&s&@xnd&fa@m@@&k

24. Therefore, the tWwo sequences of pitch values are 30normalised to zero

ragatncV 120818 309 GTS 62 YReAR02 A 2 shhamk e Aeenalisad f pitch
pitch deviation is determined from. d)- (dit (10) =l Dwhere d" ,cll,are

NGFRBIRERr prEY HsoRstiorlypi€Eh meare ohehe reues@gitch values of recorded

utterance and reference utterance respectively.

For the whole utterance, the verification evaluation for intonation is determined from:
d d
q" =2°(d) (11)
where qd is the verification evaluation of the utterance intonation, and ld() isa

another transform function to convert the average deviation of utterance pitch to the

verification evaluation for intonation of utterance similar to A% etc.

This intonation scoring method can be applied to whole utterance or part of an utterance.

Therefore, it is possible to detect any abnormal intonation in an utterance.

Thus, the prosodic evaluation block 32 determines the prosodic verification evaluation
from a comparison of first and second prosody parameters for speech utterance
intonation from: a determination of the recorded pitch mean of a plurality of recorded
speech utterance units; a determination of the reference pitch mean of a plurality of
reference speech utterance units; a normalisation of the recorded pitch mean and the
reference pitch mean to provide a normalised pitch deviation; and a transform of a sum

of a plurality of normalised pitch deviations to provide a transformed normalised pitch

deviation.
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utterance, pitch mean of the reference speech utterance, and standard
deviation of pitch variation for unit i respectively, CP, Ws are mean values
of pitch values of recorded utterance and reference utterance respectively.
10For the whole utterance, the verification evaluation for intonation is
Qesesmineshdrom: qd at Ad (d)(ii) where qgldg,#8006/000272
verification evaluation of the utterance intonation, and 2d 0 is a another
transform function to convert the average deviation of utterance pitch to

the verification evaluation for intonation of utterance similar to 2a etc. 15
This intonation scoring method can be applied to whole utterance or part
ofhameitierants, T henefoié; itisEdssifdoideteetatipratumosmdd tintainadifom
i anttesangen This. theprasedic exaluaton,tiack 32, dRetIngSIe o ves of

prosodic verification evaluation 20from a comparison of first and"second
PP GEYpLE Hitisteral o insbien eitdainns meomammedirom: a determination

of the recorded pitch mean of a plurality of recorded speech utterance

ts;.a determination of the reference pitch mean of a plurality qf .
e R TR R e el e
niearPaiy thd vidkalanoeopitoirifiestivto prvwaide s detemadist G pitefhove:
deviation; and a transform of a sum of a plurality of normalised pitch
deviations to provide a transformed normalised pitch deviation. 13 In one

apparatus, a composi}%e: gq;\‘;?&z/_%r%cﬁa@ g{gl atj_olg can be determinﬁ%

from one or more of the abo ificatiépi @valuations. fri one apparatus,
weighted scores of two or more individual verification evaluations are
summed. 5That is, the composite prosodic verification evaluation can be

detesmined by, ameighted weiznefl thedediddualppsodvuesifigationy)
evalua%i.onls etermined from above: qi =+g +wcqge + w(12) J-1
respecuvely.

Further, Figure 1 illustrates an apparatus for speech utterance verification, the apparatus
being configured to determine a prosody component of a user’s recorded speech
utterance and compare the component with a corresponding prosody component of a
reference speech utterance. The apparatus determines a prosody verification evaluation
in dependence of the comparison. In Figure 1, the component of the user’s recorded

speech is a prosody property such as speech unit duration or pitch contour, etc.

Referring to Figure 2, a second example of an apparatus for prosodic speech utterance

verification evaluation will now be described.

In summary, the apparatus of Figure 2 operates as follows. The functionality is

discussed in greater detail below.

Reference prosody 52 and input speech prosody 54 signals are generated 50 in
accordance with the principles of Figure 1. Reference prosody signal 52 is input 60 to
prosodic deviation calculation block 64. Input speech prosody signal 54 is converted to
a normalised prosody signal 62 by prosody transform block 56 with support from

prosody transformation parameters 58. Prosody transform block 56 maps the input
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where Wa, vtib , W, iNd are weights for each verification evaluation (i) to
(iv) respectively. Further, Figure 1 illustrates an apparatus for speech
utterance verification, the apparatus being configured to determine a
prosody component of a user's recorded speech 15 utterance and
veoRpasesthe component with a corresponding prosody compoReae@s®00272
reference speech utterance. The apparatus determines a prosody
verification evaluation in dependenceléf the comparison. In Figure 1, the
component of the user's recorded speech is a prosody property such as
speech unit duration or pitch contour, etc. 20Referring to Figure 2, a
seecohdreseinplenet htaphasatas dbibpresunesprseH LsRaInTRbY Temoving

yarification.cualiation WiliNRVERSAes iRtk SWEBAMY sHieARReAISd
of Figure 2 operates as follows. The functlonall%lli discussed in reatgrf
Hsttet e BRIS AP S8 LR P c L5 BOSAYY SR ARG 5%8’&‘?%%%%%%% rom
signalampigendraiee 5Gpneak adridapesyidith the!jriatipleluodtig firetiiat user

R‘?&e{g%%eué’é%?% %J%”oaé 26 4 E&BH&@9&@?@%@%&@%@@&9&.Ca'C!J'a“O”
block 64. Input speech prosody signal 54 Is converted to a normalised
prosody signal 62 by prosody transform block 56 with support from

%%mﬁéd(gr@g&f%m@ﬁapmmmz{@@o‘é&}ig%mmmmaﬁmmg@ for
map t_ e Input speecC roso signa fo the ace o e rererence
Bttt ad ittt e et A
etyeend thehibe n‘sfemrm&jmmge:rgmquﬁswysadd miw@@mﬁ@lb{ﬁe&@hock 64
RISSONY: Iﬁigpéé’%?Q%ﬁ%%%fé%&@ﬂ&%@ép?&%w derved#oma B¥ody

samples of the user’'s speech which provide a "calibration” function for that

W ST fomet sebpSmEralisation PR 0s T LAt faadainh e viation
p;ldlrmiseﬁe Mﬁiﬁﬁfgiﬁdiﬁf@ﬁﬁ%&%%b@?cﬁgd@l@tﬂ&@@mﬁm&gepéi&tio@r
calculation block 64 for calculation of the deviaij the user's input

P ST N R e e g S
sigvialisRv#nes edi presdivatecaiicmation bl ok BaplOprisediterrandisyyee of
QIfeLeRceMeUEEN NG USals PEARRMYANd dedeiaranae RrosathhWitlviation

support from a set of nomaalisation parameters 66, which are standard

deliatiarevAluéd! whE dndhe dreeden aAB R0 ARE POncRRIRIdY REHS wnits

tRINNRGEPEaEH jatdredictac Ryriherpiasel v aeeds], eng sprososysnadel
308 of Figure 6. The standard deviation values are pre-calculated from a
g%ﬁ 1%? sample prosody parameters 15calculated from a training speech
corpus. Two ways to calculate the standard deviation

The output signal 68 of prosodic deviation block 64 is a normalised prosodic deviation

signal, represented by a vector or group of vectors.

The normalised prosodic deviation vector(s) are input to prosodic evaluation block 70
which converts the normalised prosodic deviation vector(s) into a likely score value.
This process converts the vector(s) in normalised prosodic deviation signal 68 into a
single value as a measurement or indication of correctness of the user’s prosody. The

process is supported by score models 72 trained from training corpus.

The apparatus of Figure 2 and the signals manipulated by the apparatus are now

discussed in detail.
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values are: (1) All units in the language can be considered as one group;
(2) or the units can be classified into some categories. For each category,
one set of values are calculated. 20The output signal 68 of prosodic
deviation block 64 is a normalised prosodic deviation signal, represented

QHaestarRr group of vectors. The normalised prosodic dey@fifA2006/000272
vector(s) are input to prosodic evaluation block 70 which converts the

normalised prosodic deviation vector(s} into a likely score value. 25 This
process converts the vector(s) in normalised prosodic deviation signal 68
into a single value as a measurement or indication of correctness of the
useddijvosodyitThe ot essriancuppaed iy seone e edlaihtidineddiam

g@mi&gts%g% paratid §rARRALAUS igf%%;g;;&(gt% anddhe signals manipulated.

y the apparatus are now 30discuss etail. 15 In addition to unit

BV BRI ARGe ISR BRI GIE B PR RGBTSR S HE RTINS SPRS9R WiteiatRsh
t@tmr;ena@ ]Emf@wsc@esﬁigﬂgte garﬁn@tm%smtéﬁnﬁﬂ%ﬁm&wmg%@m% of
rnytnm of an utterance etermining a relatio | e N SUCCesSSIv
LA TR e AR SR T R e
d@mrvmih%@@mmm@a;anh@mgﬁsoépljb&vaféu@cb@SWml_mﬁsmmdfor
ARRIFUR P EigEe 205 £QBTIgHTRd 40 deing ls length of iplenalhetween

two units and the change of pitch values between two units. For example,
forethdarin Chinese, the following across-unit prosody parameters are

defimedan interfd bateREl DABNEBMBOSINE PRI ANEURBIANSE 81k 60 unit
point of the othe E?nit 10 An interval between a mid- g)%i‘nt of one unit and a

mid-poiif SFTREOHTEY it RIHREPLRES BtNeRH 4 MR Bt Maglgrintt

onesunih ainffeacnee drtpiteh valem fntcthesbihef cmituditdittesencs batveamaror
pitch vqgéeogfegﬁgrt point of one unit B and a pitch value of a start point
for the other unit 15 Before evaluating the user's speech, the user's input
speé&ch/pfoseisyesi§atr 4 Bniteppestof thetgrt ostody SpecensiBhad a pitch

referengpresdiusighak 2 IR ELtRat user's prosody signal is
comparable with the reference prosody. A transform is executed by

prosody transform block 56 with the prosody transformation parameters
S8:fceerdingting2bthedol epdedh signaematiipal aieseh prosody signal 54 is

mapped to the prosody space of the reference prosody signal 52 to ensure that user’s
prosody signal is comparable with the reference prosody. A transform is executed by
prosody transform block 56 with the prosody transformation parameters 58 according to

the following signal manipulation:
pi=a,+bp; (13)

s t
where ©i isa prosody parameter from the user’s speech, Piigq prosody parameter

from the reference speech signal (denoted by 52a), % and b are regression parameters

for the i-th prosody parameter.

There are a number of different ways to calculate the regression parameters. For
example, it is possible to use a sample of the user’s speech to estimate the regression

parameters. In this way, before actual prosody evaluation, a few samples 55 of speech
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=bil);(13) nt where 111 is a prosody parameter from the user's speech, Pi
is a prosody parameter 25from the reference speech signal (denoted by
52a), aland b are regression parameters for the i-th prosody parameter.
There are a number of different ways to calculate the regression

wodapeisys For example, it is possible to use a sample of Hersseres/000272

speech to estimate the regression 30parameters. In this way, before
actual prosody evaluation, a few samiples 55 of speech 16 utterances of
the user speech are recorded to estimate the regression parameters and
supplied to prosody transformation parameter set 58. For each unit, the
ugpisaras e BRI meEResdsdiferivet BB St it nRatandissgnd

sahdlian 19 HessdynibRIRs ALY Rasamateswectar for each pair of successive
units. The unit level prosody parameters account for prosody events like
accent, tone, etc., while the across unit parameters are used to account

Hor qarbsodicthoapmianuindd fiigation gasictecanrdidovbeprefertedareragier vector,
REesedic.break information and meapsdhe el Peive e Arsh@Ndrhe unit

second speech units which, respectively, mark the end of one phrase or
(R RET P AT AR SEAPP R RD BRI ESE D Mt ar st el PP e p A RS
RfFsigue Faisrsenfiiieackdo reprasenthoifibéic elammhee prosadyoaigraich?
and i users inout speechip ?%89%4} ignal od.with, & unit Level brogad¥en
parameter Vector, and an across-unit prosody parameter vector.

ixeross gptngrersedy wnits whichrosodstivaly beado i deded tabphAsS parts of

RHOSAY 248 the:RPaFalisnef Fichieo? viRe. AP T IMLRFQOdY Mgﬁé@ hagnd
by

unit prosody vector of the recorded speech utterance are derive

SRISBEG A AFEFRTH IR B PR RSP R SRR A FaE B SP S GHAPE DS Reech
sreneratechin Signah gemeraiehpbtsolhe apparatusof Figliee 2ciesenfigured

t te and te the followi . P
%98%? ey\‘féare‘?mae?er MapipulaLe g, fo %’A’fg'%% i%’rg?%{i’é)r‘,’o%&?f&rhb@z %‘?g%&%&o

prosody parameter vector o ser's speech.

Rteest@sriraprosadunie fre sopRrgiay afder s eclr tseanedH turiRe] dnkster and
afithedsey srgasNheReoRRARIRSA URKIBVELRIOSOH RHAMRAES YOG m

of unit] of the reference speech. . . o .
block 56. The reference prosody vector of signal 52 is generated in signal generation 50.

The apparatus of Figure 2 is configured to generate and manipulate the following
prosody vectors:
e P ; denotes a unit level prosody parameter vector of unit j of user’s speech.

e P’ ,denotes an across-unit prosody parameter vector between units j and j+1 of
the user’s speech.

e R ;denotes a unit level prosody parameter vector of unit j of the reference
speech.

e R ;denotes an across-unit prosody parameter vector between units j and j+1 of

the reference speech.

Transformation (13) in prosody transform block 56 may be represented by the

following:
0, =T°(P")) (14
Q' =T"(P") (15)
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Rb j denotes an across-unit prosody parameter vector between units j and
3+1 of 25the reference speech. Transformation (13) in prosody transform
block 56 may be represented by the following: Gla = Ta (Pa )(14) 30(15)

17 Where Ta () denotes the transformation for unit level prosody
REGBSIesyaCtor, () denotes the transformation for acrog3=pRit,00s/000272
prosody parameter vector,denotes the transformed unit level prosody
parameter vector of unit j of user speeg¢h, and Qb . denotes the

transformed across unit prosody parameter vector between unit j and

5unit 3+1 of user speech. Similarly to the apparatus of Figure 1, a user's
speech dy parameters in the apparatus of Figure 2 will be similar to
tﬁgéi?é?eggfé)@gﬁt@é&%em%ma?& R, 19 A REREUAE RAERRaRBHY ector,
c;ﬂcd,jlation block 64 calculates a normalised prosodic deviation papgmeter
of thedssetes theoserepforsat o foHonsagny prosady pestBlan atera whéregtes
ahlbasengihalised arpsrdynaamater daviatianithetransiosmg g
parameter of the user speech prosody, the reference prosody parameter,
afd thenstesribia teraSotsltismoss peitavesedy ipromatormatisditonesararigterd
block 66. Both the l.init prosody and across-unit prosody parameters are

pHBCesb Sl W™

Similarly to the apparatus of Figure 1, a user’s speech prosody parameters in the
apparatus of Figure 2 will be similar to the reference speech prosody parameters.
Prosodic deviation calculation block 64 calculates a normalised prosodic deviation
parameter of the user’s prosody from the following:

a=(a,~a)la (16)

n t r s

» a" a a a, . .y
where ~, 1,71 and "/ are normalised prosody parameter deviation, the transformed

parameter of the user speech prosody, the reference prosody parameter, and the standard
deviation of parameter i from normalisation parameter block 66. Both the unit prosody

and across-unit prosody parameters are processed this way.

Therefore, for each of the unit prosody and across-unit prosody parameters, a

representation of equation 16 can be expressed as :
DJ':N (Q j:R j) (17)

b __arbeb pb
D) =N*(Q",.R")) (18

b
Where D , denotes the normalised deviation vector of unitj, = 7 denotes the

normalised deviation vector of across-unit level prosody parameter vector between units
Cand i N0 L . .
jand j+1, denotes the normalisation function for the unit level prosody parameter

N® o .
vector, and 0 denotes the normalization function for the across unit prosody

parameter vector. Thus, prosodic deviation calculation block 64 generates a normalised

- deviation unit prosody vector defined by equation (17) and an across-unit prosody
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Therefore, for each of the unit prosody and across-unit prosody
parameters, a representation of equation 16 can be expressed as : 20Da
= Nu (Oaj, R0)(17) =-(0" ], Rb j)(18) D" Where Da . denotes the
normalised deviation vector of unit j,j denotes the normalised deviation

WGk Ak AcE0SS-unit level prosody parameter vector betweepcantsj@ndoz72
31, Na () denotes the normalisation function for the unit level prosody
parameter vector, and AT50 denotes the normalization function for the
across unit prosody parameter vector. Thus, prosodic deviation calculation
block 64 generates a normalised deviation unit prosody vector defined by
@qu@ti@qrf (% oaired wntierct bSstimit rosdipd wosody signal 62 (normalised unit and

SR (RGRPRIAR0R /2 VeGIO e NG BY eatpliaN Clessite

norma iIsed prosody signal 62 (normalised unit and acrgss-unit prosody
9&%&%‘?&%&?&‘?&%‘:‘8%8&%r&ﬁ&f’&%&ﬁ%‘?%f SPErrysed LHS&SB%%S%K}&“OH
pacameten Ve fors) blduksel signals are output as normalised prosodic
deviation vector signal 68 from block 64. When normalised deviations for

a unit are derived, a confidence score based on the deviation vector is

thdarcagemdied dnigtsreckss eoierdaiehorrralskageorddaspecihe
i&@%ﬁl%&'ﬂ&@ﬁ%\&ﬁgﬁ%dﬂa@tﬂgdaﬂiﬁ?%&‘é@sQBH%Mg@H%gh%%éﬁ%@féﬁuatg)ln
proso respect to the refer rosodic evalugtion blqock
SRR o BB UV EA RO R DR CRS HEF T SaF S8 R
speechntteratica dfarnmsegpatchanipulations represented by the following:
= Pa (Da(19) gb = Pb (1)5 ;I 21)(20) where ga j is a log prosodic
verification evaluation of the unit prosody for unit j, pa is the probability

ireasit frlarbisly VideismBa sarare i terd Mber F SN foBjhe
fﬁ@adssa@dﬁim@g@édm Qelerérctor-the prasodiciikelinoed-palsedatiop ahanit
Qf?lso g is a log prosodic verification evaluation of the across-unit
progo goetween units j 20and j+1, pb 0 is a probability function for across
unit prosody, and A is a GMl}f"j = p° (Daj | A%) (19)

g, =p°(D°|2%) (20)

where ¢° is a log prosodic verification evaluation of the unit prosody for unit j, p“()

is the probability function for unit prosody, A% is a Gaussian Mixture Model (GMM)

[28] from score model block 72 for the prosodic likelihood calculation of unit prosody,

qb ; is a log prosodic verification evaluation of the across-unit prosody between units j

and j+1, p°() is a probability function for across unit prosody, and A° is a GMM

model for across-unit prosody from score mode! block 72. The GMM is pre-built with a
collection of the normalised derivation vectors 68 calculated from a training speech
corpus. The built GMM predicts the likelihood a given normalised derivation vector

corresponds with a particular speech utterance.

p
A composite prosodic verification evaluation of unit sequence 9" for the apparatus of
Figure 2 can be determined by a weighted sum of individual prosodic verification

evaluations defined by equations (19) and (20):
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model for across-unit prosody from score model block 72. The GMM is
pre-built with a collection of the normalised derivation vectors 68

calculated from a training speech corpus. The built GMM predicts the
likelihood a given normalised derivation vector corresponds with a

Ry tgsassheech utterance. "5 OP A composite prosodic verificatioos/no0272
evaluation of unit sequence 11 for the apparatus of Figure 2 can be
determined by a weighted sum of indiyidual prosodic verification
evaluations defined by equations (19) and (20): 19 n-1 P Wa Or: Wb
1=.1=1(21) where wa , wb are weights for each item respectively (default

" values for the weights are speC|f|e 1 (unity}xbyt this is configurable by

the end user), and n is the ndmber jits Hythedsequence. Note that this
formula can he use to calculate the $€ore of béth whole utterance and p&t)

qa:wt@r‘dmc@’zdgge\wglagsqext@@cfﬁmtég%ﬁbew pREuRIVATR- fB'H{%r&@fgﬁrﬁs are
betwee thefpparatus of Figure 1 and'that of Figure 2 include (1)

8P é? hew by e abeurbis boteitri dsarandrp oty Vé@&ﬁ%
(@ithaentilansformedion of prosody parameters is applied to all the prosody
parameters; (3) across-unit prosody contributes to the verification
evaluation; and (4) the verification evaluations are likelihood values
Qe s hisifraninan Aevanta galsukshy, ecorsarbets verle ritesnen and part
amustiseReEpbrdeie ThiMe AR aGRUsH G MRY ficatiansevaluation from the
acoustic model and determines an overall verification evaluation from the
acoustic verification evaluation and the prosodic verification evaluation.
Thidferstiae iptoseuytwenifiesationod Faduatiband mmiﬁ'gd@l fuﬂadé Witkhan
iticosgriicatian evaligtian.dechad romLarnacaus e madel, figreby to

ermlne 20an overall verification evﬁluatlon

JEHSTIETHEOR B PRERTtRRrB kLS APDYATMaY Wﬁm@i@ﬁ@r@@m@ﬁ 48
wethasuhie jisers sp@@mmﬂam@ﬂyv&m@aﬁﬁpémmﬁﬂﬁ lafQr deteEinalianon

of the correctne lel§hﬁ pf the, seggaﬁ)cﬁn C|a enerated from the
reference speech signal 145°génerated By the TS module 119 and/or the

Speaker Adaptive Training Module (SAT) 206 of Figure 5. The acoustic

%Qg'%@g{{@iﬁ?gdﬁ%iggparams generates an acoustic model, determines an acoustic
verification evaluation from the acoustic model and determines an overall verification
evaluation from the acoustic verification evaluation and the prosodic verification
evaluation. That is, the prosody verification evaluation is combined (or fused) with an
acoustic verification evaluation derived from an acoustic model, thereby to determine
an overall verification evaluation which takes due consideration of phonetic information
contained in the user’s speech as well as the user’s speech prosody. The acoustic model
for determination of the correctness of the user’s pronunciation is generated from the
reference speech signal 140 generated by the TTS module 119 and/or the Speaker
Adaptive Training Module (SAT) 206 of Figure 5. The acoustic model is trained using
speech data generated by the TTS module 119. A large amount of speech data from a
large number of speakers should be requested. SAT is applied to create the generic
HMM by removing speaker-specific information. An example of such an utterance
verification system 100 is shown in Figure 3. The system 100 comprises a sub-system
for prosody verification with components 118, 124, 132 which correspond with those -

illustrated in and described with reference to Figure 1.
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25speech data generated by the ITS module 119. A large amount of
speech data from a large number of speakers should be requested. SAT
is applied to create the generic EIMNI by removing speaker-specific
infoonation. An example of such an utterance verification system 100 is
veheowsdssdgure 3. The system 100 comprises a sub-systenraySsra®o(ty0272
verification with components 118, 124, 132 which conespond with those
30illustrated in and described with refgrence to Figure 1. WO
2008/033095PCT/SG2006/000272 20 In summary, the system 100
comprises the following main components: Text-to-speech (TTS) Block
119: Given an input text 117 from processor 118, the TTS module 119
gENSIAas aRNQLRHE refeisnsessPeeabiibinanchihedeiRrenes prosody
120 of the speech and labels (markers) of each acoustic speech unit. The
function of the speech labels is discussed below. Speech Normalisation
Jransfono-Hlaah 137 ShBdork 194;iphoaesticpdatexiroif frenrecerded 118, the
Speprt sianal 126 andeferense speeeh.sidnal 440 A arsormadio
1OS|gnaIf§ in which thannel a%dospea er information is femoved. That is
chamaetdmiefophibasreach ang dahele dbierkms e pahdcasgicspeachusgedifie

data,ge diltered fouacthrinignalssAseamalised reference (template)
honetic speech signal 146 and a normalised recordedir)honetic si{)eech

p :

Sigrimesals Xprpehsttioroi apdern RirRkttbdspirandforRoRsde 12% Heme the
purmsedeﬂﬂ@aiﬁeﬂosﬁgabismibm'@Mmr@mmmhmmwlatwm‘fﬂmmm
Spegeh yeray %%ch&%n%g% asr%bjf%r %E‘lﬁfo@?n&?orﬂ‘a'%%%%%dpr%ﬁ% Shegen
normalisation transform block 14- applies transformation parameters 142

deritreigrashasdiipéddviitd eehigidh 10 Pigndasr RedustivareiridadsrrBiberd
152 hyaaustiyarficationblack 162 teceives sia i) puthaa spalisedignal 146

- reference speech signal 146 and normalised recarded Fhonetic 20s egch

sigrfAr PR FOTHBIOEIC 1A PRRAISRERETE SRt B By L TorRE"

alignonmati proce sansfaco bitik Vavifidattgnittockol 52 sviicir jenierate® ansure
alig I igning.| [ f I ati
R T

refepEpreass praseh retinlinEqamers henglgehetatarrbss s iomeriono as
menjiengaetabave adriam 10e-phanatigith relation to Figure 5.

o Acoustic Verification Block 152: Acoustic verification block 152 receives as
inputs normalised reference speech signal 146 and normalised recorded phonetic
speech signal 148 from block 144, These signals are manipulated by a force
alignment process in acoustic verification block 152 which generates an alignment
result by aligning labels of each phonetic data of the recorded speech unit with the
corresponding labels of phonetic data of the reference speech unit. (The labels
being generated by TTS block 119 as mentioned above.) From the phonetic
information of the reference speech, the recorded speech and corresponding labels,
the acoustic verification block 152 determines an acoustic verification evaluation for
each recorded speech unit. Acoustic verification block 152 applies generic HMM
models 154 derived as described with relation to Figure 5.

¢ Prosody Derivation Block 124: Block 124 generates the prosody parameters of the

recorded speech utterance, as described above with reference to Figure 1.
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25 information of the reference speech, the recorded speech and
corresponding labels, the acoustic verification block 152 determines an
acoustic verification evaluation for each recorded speech unit, Acoustic
verification block 152 applies genetic FIMM models 154 derived as
desssikre;wih relation to Figure. 5. Prosody Derivation BlegkdZfs/000272
Block 124 generates the prosody parameters of the 30recorded speech
utterance, as described above with reference to Figure 1, WO
2008/033095PCT/SC2006/000272 21 Prosodic Verification Block 132:
Block 132 determines a prosody verification evaluation for the recorded
spedtivantéedraifinatitesBlitbd 3b Ve Wil ckirenie e Miggady perification
Verificatigndavluation susion Llack L 36, Blacitiedasrmings aprauacalo
Sverification evaluation for the recorded speech utterance by fusing the
acouS§Edrification evaluation 156 determined by block 152 with the
PEOSHRIE fuNifiealionl evadudtiaioh Pl cied e setiBist by 35l detet3ReT heretond,

n th%er cg{i%ysvg{ E{%%rio? 12 {gc%?'&d g%?%%ghe g%e‘f’&%%@%yc%é‘?n?{gleugg\gtic
from a I0consideration of two aspects of the utterance: acoustic

corresmbesiondvptosintid S0 fAdemansiy bR atiBnteT progedia verification

acousfigerfiqationemaltationiand.a prosodic verification evaluation,
These can be considered as respective "confidence scores" in the

correctness of the user's recorded speech utterance. 15In the apparatus
oflRigefie 3 imttexpimapead ¥ imod Blea 1 s adspelctth gemerateinavilnlited from a
SREEGHARiAn 513N S ehs ée!ﬁ-e %’g&%@& o, alionge sReschyBesanges:

the verification evaluations describing segmental (acoustic) an )
suprecBgmbn et pRiRER PhiolhratRne s eifettpmavaliatipe and a prosodic
apRAIAID MAKES IR, COMPAsSOR: Ry Bignaient-effhitivecosdatspeechres” in
utterance unit vz)étg the referenc?er\queec utterance unit. 20 The use of

teXEEREBUBET RICARITGES AL TRE BREHHIHE S antages in utterance

verification. Firstly, the use of ITS system to generate speech utterances

MAKeS ROSHRIGR; AGRTAIRLEISTENCE SRR 190 3NNSAMRIEEXARID 1ive

verify speech utterance of any text in a more effective manner. This is

beesRrieAf? RAGIR S Fprsshdsaieth o5 b ptrsaldreerfae the igrige fication
anddhendheispeashoulderanes s anistibprenadmaddasarde dobysadsspaakamation
In sucéh %oﬁroc.es%, ly a Iim%ted ngmt% r of utteranq?e?,s an be ge(%(%édegc.o ded
FURheF, Grif Ep&ch W iPPiE SARTE Xt CoNTBAY 48" that Wiich hids beén "
respreted:temdve vetifiath bye théesyste speddhistivnitsdheitise of known

utterance verification technology significantly.

The use of text-to-speech techniques has the following advantages in utterance
verification. Firstly, the use of TTS system to generate speech utterances makes it
possible to generate reference speech for any sample text and to verify speech utterance
of any text in a more effective manner. This is because in known approaches texts to
be verified are first designed and then the speech utterances must be read and recorded
by a speaker. In such a process, only a limited number of utterances can be recorded.
Further, only speech with the same text content as that which has been recorded can be
verified by the system. This limits the use of known utterance verification technology

significantly.
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WO 2008/033095PCTA5G2006/000272 22 Secondly, compared to solely
acoustic-model-based speech recognition systems, one apparatus and
method provides an actual speech utterance as a reference for verification
of the user's speech. Such concrete speech utterances provide more

wifesmatiqndhan acoustic models. The models used for speeelr/sG2006/000272
recognition only contain speech features 5that are suitable for
distinguishing different speech sounds*’By overlooking certain features
considered unnecessary for phonetic evaluation (e.g. prosody), known
S eec&recoé%g]itio systems cannot diﬁe%ern so clearly variations of the

u%é?& BB '] TRIEe RO LfBCRTO PRI CHRA TSy M Eae M at 7

usedrimuthend extitodgpeeck convensiongprbcessaatsoafacilittite seatuatidication
fethe 94859%&“&“§dd§%%&€e‘%9§9£%}1§gﬁ&%ﬁc@ﬁ%‘&%-:M% %%g%{on than

model of -yrs block 119 is traine arge number of real speec
SRS meAe the prBorsds e B SPRTSHEg T enhen arrgaadetures

TRaeYRlYate e AReeinassi ol HigeRptiRpaeshuHEe BICey ATIUSIIE certain
Y ritfication bldockd152 compares eﬁé:h @ndivi u?l regogdecj ngFﬁcp unit with b
the corresponding Speeeh thit oPtETET&ENEe ShesenPlitferancd. The e
latrelgngistaystang entpolits:of sadhalyividrboth vEdorded’ anpersieratice
sRegeh-piisrances are generated by the TTS block 119 for this alignment
process. Acoustic verification block 152 obtains the labels of recorded
speech units by aligning the recorded speech unit with its corresponding
proidngiakgnosbaking édvantage of ieteMadwassesinc6aMiRlmus SReesBo
R tion [a./],;the alignment > gffected by application gf & iterti

algori fim in a ynamic prograniming search engine. Betermination of the

apssstic wediflodtibhSduakkatithia Beinfisy teriat gonvmbw efisetsseech samples,
delermipgiReacoyshssveriicalanyalbatiomhathesorded and

reference utterance 30speech units are evaluated with acoustic models.
Acoustic verification block 152 determines the acoustic verification
eValerafioneohthe recarded speasputitiermbctieraise 23 Jtetit theifolavirtgock

nl%@'%'r'%“a?@s %gugg?nr A da ge%lg%er %%%??c 83 \%%:BQh%Ccoo%gs%gxll pnagl speech unit
components: gsj =-In p J) - In p(Y] |)U(1§1 )
of the reference speech utterance. The labels of start and end points of each unit for

both recorded and reference speech utterances are generated by the TTS block 119 for

this alignment process.

Acoustic verification block 152 obtains the labels of recorded speech units by aligning
the recorded speech unit with its corresponding pronunciation. Taking advantage of
recent advances in continuous speech recognition [27], the alignment is effected by

application of a Viterbi algorithm in a dynamic programming search engine.

Determination of the acoustic verification evaluation 156 of system 100 is now

discussed.

To determine the acoustic verification evaluation, both recorded and reference utterance
speech units are evaluated with acoustic models. Acoustic verification block 152

determines the acoustic verification evaluation of the recorded speech utterance units
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5where q is, is the acoustic verification evaluation of one speech utterance
unit, Xj, Y, are normalised recorded speech 148 and reference speech
146 respectively, and2i is the acoustic model for expected pronunciation.
p parameters are; respectively, likelihood values that the recorded and
REISIERGE sReech utterances match particular utterances. 10@2%39%%%272
verification evaluation for the utterance is determined from the following
signal manipulation: g3 =m(23) jt whe&re gs is the acoustic verification
evaluation of the recorded speech utterance, and m 15is the number of
units in the utterance, Thus, verification evaluation fusion block 138
dewarivafadaniraceriinelvérrieationesosdaansh whirsoee BFRTAIRSAHEH Gfeel
fieshpaousdic parameter derived from the recorded speech utterance unit;
a normalisation of a corresponding second acoustic parameter for 20 the
reference speech utterance unit; and a comparison of the first acoustic

parameter and the secoqtji adaystiy a,t;alynetﬁw/jtjh} a jghonetic model, the2)
phonetic model being derived from the acoustic model.  Depending on

thadeve! al whighbibecweriitation isyalualetbiesgedhity@h@runit, X,
25utterance level), verification evaluation fusion block 136 determines the
oVevalhveriicationcevdddationti 383as drefeightepstch Didhesproivstic and A, is
verification evaluation 156 and prosodic verification evaluation 134 as
fIfRRRS T 250 6710 SSDTETEC B IA0EI0D O2AmOETS ARFL GFPRES YD 4)

VRERBBAIRIGR aie overbiebfication evaluplion L3S acorsie N eufication
e\{{aluation 156 and prosody verification evaluation 134 respectively, and
utterances, .

Iv, and w2 are 5weights.

The acoustic verification evaluation for the utterance is determined from the following

signal manipulation:
g =2.q/m 23)

where g is the acoustic verification evaluation of the recorded speech utterance, and m

is the number of units in the utterance.

Thus, verification evaluation fusion block 138 determines the acoustic verification

evaluation from: a normalisation of a first acoustic parameter derived from the recorded
speech utterance unit; a normalisation of a corresponding second acoustic parameter for
the reference speech utterance unit; and a comparison of the first acoustic parameter and
the second acoustic parameter with a phonetic model, the phonetic model being derived

from the acoustic model.

Depending on the level at which the verification is evaluated, (e.g. unit level or
utterance level), verification evaluation fusion block 136 determines the overall
verification evaluation 138 as a weighted sum of the acoustic verification evaluation

156 and prosodic verification evaluation 134 as follows:
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The final result can be presented at both sentence level and unit level.
The overall verification evaluation is an index of the general correctness of
the whole utterance of the language learner's speech. Meanwhile the
individual verification evaluation of each tcunit can also be made to

wiBaikRles she degree of correctness of the units. Referring to IRigH@240641§0272

example of a stand-alone apparatus for speech pronunciation evaluation
will now be described. Where approﬁﬁate., like parts are denoted by like
reference numerals. 15 The apparatus 150 comprises a speech
normalisation transform block 144 operable in conjunction with a set of
speech transformation paramet:EFsMﬁ,*aﬂﬂééﬁihood calculation block 1&4>
operable in conjunction with a set of generic HMM models 154 and an
acoustic verification module 152. 20 Reference (template) speech signals

JA92nd %Slﬂ&‘cﬁ recoudedi spaechidtieranceisigridisat @ dre geimtited as
before. These signals are fed into speech nonnalisation transform block

d4dnthich Tieratessad destiedmans pafsrie hd B Tsgie s BB fINcHE
with transformation parameters 142, described below with reference to
YE’FQ%}?E"S. Normalised 25reference speech 146 and normalise recorded
speech 148 are output from block 144 as described with reference to

jqure 3, e dereintencrispeatiisionnl T46andthe
ﬁé%?nﬁgﬁi’é%%%ﬁ?ﬁf?%%ﬁ ek kelitood caloulalion bt unoe of

detdieniivas RBFIOB P ‘é“’sﬁﬁﬁg‘i S8TIAETE 8 particular utterance

withefesreneaie the MRy IVvadels|d 54 iviickumie piécesiourieadang each
a training process. WO 2008/033009! / / 12:25 These
ﬁ%&@% §ﬁfﬁﬁ%?r%)rﬁngziga§§ t%&% ga%%%?ef}gﬁgé glgfligggﬁ signal 168 and

recorded speech likelihood 170 to acoustic verification block 152.  The

aequstic verication hlack 1o salculatesienfingbarausiic vertibatiommnciation
evaluatj‘c’m 51%6 based on a comparison of thte two inﬁ%’stalirléedg};%%%‘é?'}l%
raglution MHLEORGE Aestrined T SRS AR HRRatatus Tof speech
Rgsenedationepgsification, the

The apparatus 150 comprises a speech normalisation transform block 144 operable in
conjunction with a set of speech transformation parameters 142, a likelihood calculation
block 164 operable in conjunction with a set of generic HMM models 154 and an

acoustic verification module 152.

Reference (template) speech signals 140 and a user recorded speech utterance signals
122 are generated as before. These signals are fed into speech normalisation transform
block 144 which operates as described with reference to Figure 3 in conjunction with
transformation parameters 142, described below with reference to Figure 5. Normalised
reference speech 146 and normalise recorded speech 148 are output from block 144 as
described with reference to Figure 3. For each of the normalised reference speech signal
146 and the normalised recorded speech signal 148, likelihood calculation block
determines the probability that the signal 146, 148 is a particular utterance with

reference to the HMM models 154, which are pre-calculated during a training process.
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apparatus being configured to determine an acoustic verification

evaluation from: a determination of a first likelihood value that a first

acoustic parameter derived from a 10recorded speech utterance unit

corresponds to a particular utterance; a determination of a second

Weshhradyalue that a second acoustic parameter derived frgpa -5006/000272

reference speech utterance corresponds to a particular utterance; and a

comparison of the first likelihood valuesand the second likelihood value.

The determination of the first likelihood value and the second likelihood

value may be made with reference to a 15phonetic model; e.g. a Generic

T Ao ded oigut & Gushwils threaty adfiingpr ibeksor00iefig di8ricd Mparded

nadsivda e ano g ANPRReSEA2 of Figure 3. Sl
ean normalisation (CMN) is 20 first applied to training speech data 202

at block 204. Speaker Adaptive Training (SAT) is applied to the output of

bitee K&Q&]@b@ﬁi&ﬁ@&ﬁ%@b@ﬂbﬁh@l@&@ er fonkd MMt inageisatb4 enduation

ation parameter 4 SAT ed to he generic 1-MM
é?gz’ﬁ%%@.%%as‘be aer%sgﬁé)gl [o mf%rrrlr?a % r??r{l??l% glpgeech data

202. The generic HMM models 154, WhICh are used for recognising

nepoatsert %pﬁﬁgk&ae@eaﬁ%ﬁgaafat%ﬂﬁ%é&&\fﬁsﬁwml@&kfééaoaf frigure

3. The transformation parameters 142 are used in the Spee

NIBPARANS D68TE FPRHSHS Fﬁf‘B RRRIAF BT BRGURE %V%lﬁéﬁﬁ‘c?\r/‘ee‘é??&%\%? Sy
ditarinithephandiictdjiedtbciganls Thegineiadion opdtetrenstorvedtiom a

RRLAMES er%e]cﬁ% eexﬁ'a{annﬂth IR RNEeAN& ﬁa&’(ﬁt?ra?{QTQ 8GRI ER on of

ro ust ac ustlc mo rmallsaton is handled firét. The
rfoverailid diliolbppdowdsechnt Becanieg Btip BEFRATeR A shAcE ATERTBRRS

SPREE WHLZQQB/033000P6 1161206 LH0ERLA 40 SRRl SHbHRGHTRst

[14] is used to compensate (ﬁ ﬁdltlve msir % straJ mean firs

n‘b‘fﬂf&ﬁgﬂtYBH‘?é’Rﬁl%e[f%ﬁ% heorbutiee JORRIRERACAR] di5aHkkr

effetisoddodbward! dependahtikejistodvabrenalisatiom (€ BENE R8s tsed

%}g%émcaﬁeoﬂg g'(% g% t@im%gggéers representing the additive noise
t

spectral ti L-based 5feature normalisation, such as signal bias
removal (SBR) [17] and stochastic matching [18] was developed for
compensation. In the proposed template speech based utterance

verification method, the speaker ons ar |rreI infQrmation
et A e e SRR
nonamstisatidom ©WATdo} 4 10] 42sefF femnudn dyepsrping 1o perfchsntiva §pkBkors

NRIR %{Jgﬁé‘&’ﬂs EHHRST Qe!& Hﬁﬁ%ﬁeﬂﬁﬁééﬂ%ﬁa§§£9E8}%&Hb‘%1%erf§§ﬂé%m)
normalise the |rrelevan varlablllt%/&ﬁg eaker ad\?gtlve training 206

[JOPRPURGH fhappRP e BRI YaEY B RRIGHRAT é%oelﬁls
thﬁsmea rﬂ@&&é&bbﬂﬁ%ﬁ'@ﬁqﬁrﬁﬁﬁ@éﬁe&@n@m%@%& to achieve @e&ﬁh@ﬁﬂ\&\/{ by

8§ act S é?gOdg S% é!:h 8?%% a%e% é‘? rat ¢ t?gzgfn% %@egﬂga}?pﬁﬁ n?he generic
HMM models 154, which are used for recognising normalised speech, are used in
acoustic verification block 152 of Figure 3. The transformation parameters 142 are
used in the Speech Normalisation Transform block 144 of Figure 3 to remove speaker-
unique data in the phonetic speech signal. The generation of the transformation

parameters 142 is explained with reference to Figure S.

To achieve a robust acoustic model, channe! normalisation is handled first. The

normalisation process can be carried out both in feature space and model space.
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As mentioned above, cepstral mean nommlisation is used to reduce some
channel and speaker effects. The concept of CMN is simple and
straightforward. Given a speech utterance X ={x,1r T}, the normalisation
is made for each unit by removing the mean vector p of the whole

whiSsae80£0St = Xt - Alt(25) Consider a set of mixture GausstaRdmsetoo272
HMI* 25 where s is a Gaussian component. The following derivations are

consistent when s is a cluster of Gaus&fan components which share the
same parameters. WO 2008/033095PCT/SG20061000272 27 Given the
observation sequence 0 (opo"...,0T) for the training set, the maximum

RSO PR EARHRRdALE I By THRSIEAS BSorkits O Bht resHRidRfE by
mexalishitgtieiaNy Mspidikeltheod duactian: bratg mdsREkeAYRarA

|sb edo em XI um I| elihoo dal ar ing
t?;voc\)gﬁ\ryooéess %ﬁ& ne 3 r& %t\l/a%f(\:/arla y anéls%e spea‘ﬁlD £
mmﬂmﬁdmmyx@mnmmﬁﬂgxammn@ﬁﬁabrsmg&mndanaﬁmyw théL-based

%%@%&Ma‘%ﬂﬁ RiRAUCEiBse bRk 9@&%@(@%@1@%@&%@&%@&@&{1@
F?ithe phonetlcally relevant varlablll(?/%Conader e training data se

ddffé etatirrPREd U taarE e B Jor st AROS Ul SRACHR bRvRatiterance
a@emmﬂgd&xﬂﬂﬁo@ea@eadmmalﬁas-a(&}}s@1((all¢xraﬂat Ei{ﬂ}?bn&ﬁmeam:dh are

speakerr atrggsfggﬁg t|on '5 us@%‘ctacf@act rat hes zfthfei’}gfﬂb

upposmg § (e transformations ar on y app
me@rfms@mpy mpﬂm@f@fcmwma@m npPppsaitded’ arﬁmn@swa?@r

of:the: SIS SIRPMBARAS are used to normalise the irrelevant variability. Speaker
adaptive training 206 (SAT) [20] is used to apply transformations on mean vectors of
HMMs based on the maximum likelihood scheme, and is expected to achieve a set of
compact speech models. In one apparatus, both CMN and SAT are used to generate

generic acoustic models.

As mentioned above, cepstral mean normalisation is used to reduce some channel and
speaker effects. The concept of CMN is simple and straightforward. Given a speech
utterance X ={x,,1 << T}, the normalisation is made for each unit by removing the

mean vector u of the whole utterance:

% =%~ b @s)
Consider a set of mixture Gaussian based HMMs

A=(pg,Lg), 1<s=8

where s is a Gaussian component. The following derivations are consistent when s is a

cluster of Gaussian components which share the same parameters.
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20 firAriti +fir(28) where A" is D x D transformation matrix, D denoting the
dimension of acoustic feature vectors and fir is an additive bias vector. 25
With the set of transformations for .R speakersG'), SAT will jointly
estimate a set of generic models A and a set of speaker dependent

m&m}%'bgns under the maximum likelihood criterion defi %36 W
20081033095PCT/SG20061000272 28 kiJ) =(29) To maximr;§‘¢éQIT |52006§800272

objective function, an Expectation-Maximisation (EM) algorithm is used.
Since the re-estimation is only effected on the mixture Gaussian
components, the 5auxiliary function is defined as: R,S,Tr Q(T(A),W(A)) =

GORv¢0 dnuiBepriayos (Edaeiod, <@g 0,), (3Q). F ortiR(dining set, the maximum
ngAi)%/:(t logN(o:,7,4",-cis +, ~ where C is a constant dependent on the
rareihe MRESCATBIAY Hefth bor Srros fearsimthandslahyimpeatsing
stk Slisthegiikeiiewaftatissian components, T, is the number of units of
the speech data from spealcer r, and 2i: (t) is the posterior probability that
observation of: from speaker r is drawn according to the Gaussian s.

A =argmax P(O;A) (26)

A

SAT is based on the maximum likelihood criterion and aims at separating two processes:
the phonetically relevant variability and the speaker specific variability. By modelling
and normalising the variability of the speakers, SAT can produce a set of compact

models which ideally reflect only the phonetically relevant variability.

Consider the training data set collected from R speakers, The observation sequence O

can be divided according to the speaker identity

O={O’}={(o{,...,o;,}, r=12,..,R (27)

For each speaker r, a transformation G” is used to generate the speaker dependent

model G"(A). Supposing the transformations are only applied to the mean vectors, the

transformation G = (4", B") provides a new estimate of the Gaussian means:
po=Au+p (28)

ro. - . . + . 0
where A" is D x D transformation matrix, D denoting the dimension of acoustic

feature vectors and " is an additive bias vector,

With the set of transformations for R speakers ¥ = (GV,...,G'™), SAT will jointly

estimate a set of generic models A and a set of speaker dependent transformations

under the maximum likelihood criterion defined by:
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To estimate the three sets of parameters efficiently, the speaker-specific
transformations, 15the mean vectors and the covariance matrices, a
three-stage iterative scheme is used to maximise the above Q-function. At
each stage, one set of parameters is updated and the other two sets of
weadaelexs are kept fixed [20].  Figure 6 shows the frameR(Grk@fofe@00272
11S module 119 of Figure 3. The ITS block 119 20accepts text 117 and
generates synthesised speech 316 &S output. The HS module consists of
three main components: text processing 300, prosody generation 306 and
speech generation 312 [21]. The text prgcessing component 300 analyses

an input text 117 with r@/@[p g%;glgg:}gm@rd@s;@q And generates (29)
2}

intermediate 25linguistic and phonetic irformation 304 that represents
pronunciation and linguistic features of the input text 11 7 . The prosody
generation component 306 generates WO o . )
ROASAAROIER CHLSBRID6UD0027 B as s sadylaniensEan Kl Agarihm is
RDitshsenergy) with;ana of Mgks RiRsedycmedels:308 Ghesposodyonents, the
information and phonetic information 304 are combined in a prosodic and
phidirer ERFoemEtiTarsAF 310 and input to the speech generation
component 312. Block 312 generates the final speech utterance 316
based on the pronunciation and prosody, information 310 and speech unit
databage@ g, W recgnt times(d1 B(lephbiques oy advariced)
significantly. With state-of-the-art technolegy, TTS systems can generat
very high quality speech [22, 23, 24]. Thj&;pakes the use of a'ITS syste
in utterance verification_processs joje. A FTRd0podiigcar”, )
enhance an utterance verification processsn at least two ways: (1) The"
prosody model generates prosody parameters of the given text. The
parameters can be used to evaluate the correctness and naturalness of
hsedyioh theuserierecdedbonshe iehsitpr PPaREdse i

the ITS maodule can be use T isthe
R A e e
component of the | T SaEQrEcHProgRMg fakiargindnbility
tré%.le,&rﬁro%rggygrﬁgaé %%%{é%ggo?ﬁgégﬁﬁii%) é bﬁﬁt ?Fgm r?;(l) speegjh

date i4sing.mAching deatpingcAP Ry Qashesecbigrig putief thesprasady model

is the pronunciation features and linguistics features that are derived from

the text analysis 20 part (text processing 300 of Figured) of the TT'S

module. Rrom thednpuyt text.lddtheamsaty radel-308-predittseastaimations,

speech parameters (pitch contour, duration,.energy, etc), for in. . dt
sPéaperyEREPATION ¥a§‘f§‘?%m§gi‘%efsp?é%%eays%é/g?ﬁiﬁggttﬁres gljcs%1 |rrk§t: s usec 10
detaillinesferthe tspfimtanguageachisageaone set of parameters is updated and the

other twao sets of parameters are kept fixed [20].

Q)

Figure 6 shows the framework of the TTS module 119 of Figure 3. The TTS block 119

.accepts text 117 and generates synthesised speech 316 as output.

The TTS module consists of three main components: text processing 300, prosody
generation 306 and speech generation 312 [21]. The text processing component 300
analyses an input text 117 with reference to dictionaries 302 and generates intermediate
linguistic and phonetic information 304 that represents pronunciation and linguistic

features of the input text 117. The prosody generation component 306 generates
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25prosody model 308 is built to predict the prosody parameters. The
prosody speech model can be represented by the following: WO
2008/033095PCT/SG2006/000272 30 where F is the feature vector, al, pi
and si are class ID of the CART (classification and regression tree) tree

m%wyalue of the class, standard deviation of the cla%{%ré%mgom

prosody parameter respectively. The predicted prosody parameters are
used (1) to find the proper speech unitgin the speech generation module
312, and (2) to calculate the prosody score for utterance verification. 10
The speech generation component generates speech utterances based
ommip rofsumeidtiotd (ptometiclanteprpsoiy pacametersproieienardels 308.

MHBBEL QR WAYS IR 86R AR IRGRC A A2k 5;(531% IS, ANE WAV ISAQ o

use the concatenation a é]O[iroach In this appro the pronunciation is

RRerk R dieRg Rt dnd Rt RS PRATIecERe pios GeRyenent 312,
gBmekaﬁenl @itlhenbytiransiospaig &aeama&eﬁp%g@atmntﬁeogrmh@ﬁk@ﬁvwda

I3 }%}r%B?r V%“Hgn{pf 3,unit 'I;heeea{%c outputs ]I%speech utterance with
corTect pronunciation and prosody. The un selection process is used to

determine the correct sequence of speech units. This selection process is

%Iﬁl@@r@y@&ostﬁym@émq\&éalﬁ&%%ﬁ&%a SERERALRPSHRIE state-of-the-art
ﬁec mutaiué)#s of sequences of they%Hnerated speech units and selects
t

Wi e D weRTatoqty thab ieuahyy peethiti s aduehceliais
selgctetie SappbHsd BEamioular segencedfitisiipiscealegedifos adargst
SRAHERGS,PLM, HiLS, The.19tal vgf%ﬁgf biE SRIUENAS R OGS TNCA I

25Croft!! =Unil(') iICConnection wHere t TOW IS total co:
sPIRGSuaPtes eerariee prady) nareme taritddet émmtemcibmp@&ami(dr} fgan be

thecaaneestian east helweas MaihhRPIHBitdéploldait O aRdtL A rded
defin d as é%rt and erg%gmbog to indicate the start and end respectively

o?pt%e A Eb&éﬁ%@%éﬂ,@u e can be used as a speech

reference template for evaluating the user’s recorded speech.

The prosody generation component of the TTS module 119 generates correct prosody
for a given text. A prosody model (block 308 in Figure 6) is built from real speech data
using machine learning approaches. The input of the prosody model is the
pronunciation features and linguistics features that are derived from the text analysis
part (text processing 300 of Figure 6) of the TTS module. From the input text 117, the
prosody model 308 predicts certain speech parameters (pitch contour, duration, energy,

etc), for use in speech generation module 312.

A set of prosody parameters is first determined for the user’s language . Then, a
prosody model 308 is built to predict the prosody parameters, The prosody speech

model can be represented by the following:

Ct‘ = XI(F) (31)

p,=p(c) (32)

s, =0,(c) (33)
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31 utterance. The unit cost and connection cost represent the
appropriateness of the prosody and coarticulation effects of the speech
units. Figures 7 and 8 are block diagrams illustrating the framework of

an overall speech 5utterance verification apparatus with or without the use
Wh hdRekResigure 7, the steps are explained below: The 1'pSraampaneni72
converts the input text into a speech signal and generates reference
prosody at the same time. to The prosédy derivation block calculates
prosody parameters from speech signal. The acoustic evaluation block
compares the two input speech utterances and outputs an acoustic score.
The prosodic evaluation block compares the two input prosody

deSCHIPHONS ARG QUIDLILR, A RIOSpAi, $GOTG 15 TRerSERHE TURIRk PJ%%giﬁcaﬁon

calculates the final score 6f the*whole évaluation. All the scores of unit
seguegcssre summednoddnmhin stépe FthEdws Sutledtepsiee of the class
e%&@'ﬁl@%%%%ﬁyEE&%&@??@%&%@X@JO“ block calculates prosody

parameters from'speech signal. 20 The acoustic evaluation block
compares the two input speech utterances and outputs an acoustic score,

The:preeRta siabmBtinn-leakcompates the ANDHRRIbPIO§REAYh units in the

descrigtions a%nd OUtQLitS?ﬁl#)I’OS CSCOe. i) The sgore fusion hlock
cHETTAELHE HRAT Score O thE Whofe BVAILSHIGH PATPHGE 25LRores of tni
secuert@are summed up in this step. It will be appreciated that the
invention has been described by way of example only and that various
madifications in design may be made without departure from the spirit and

SCOBERSF RS RTENIS T O RANSRse B UphTRtichet tracah PRedBh of the
inventiod Alen 3pnaicirRS el etk danguagadasarirg hutaianesddvedy to
system.of spe recqgnition including, for example, voice authentication.

% egﬁi‘/%tﬁ W%%%e(ig%ggﬁ:la%gg?ﬁ é em, e way SAMRSE Y RLGE AR approach.
In this approach, the pronunciation is generated by selecting correct speech units, while
the prosody is generated either by transforming template speech units or just selecting a
proper variant of a unit. The process outputs a speech utterance with correct

pronunciation and prosody.

The unit selection process is used to determine the correct sequence of speech units.
This selection process is guided by a cost function which evaluates different possible
permutations of sequences of the generated speech units and selects the permutation
with the lowest “cost”; that is, the “best fit” sequence is selected. Suppose a particular
sequence of n units is selected for a target sequence of n units. The total “cost” of the

sequence is determined from:

n n
CToral = Z CUnit (Z) + Z CConnection (Z) (34>
i=] i=0

where the Cp, ., is total cost for the selected unit sequence, C,

(7) is the unit cost of
unit i, Cp,ppoeion () 15 the connection cost between unit i and unit i+1. Unit 0 and n+1

are defined as start and end symbols to indicate the start and end respectively of the
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32 features presented with respect to one disclosed apparatus may be
presented and/or claimed in combination with another disclosed

apparatus. WO 2008/033095PCT/SG2006/000272 33 References The
following documents are incorporated herein by reference. 1.L.R.

RapPingosHdutorial on hidden Markov models and selected qu}g@g&;ggmm
5in speech recognition,” Proc. IEEE, Vol.77, No.2, pp. 257-286, 1989. 2

S. J. Young, "A review of large-vocabalary continuous speech

recognition,” IEEE Signal Processing Magazine, vol. 13, pp. 45-57, Sept.
1996. 3.J.L.Gauvain and L. Lamel, "Large-vocabulary continuous
speesheedhgmitivnosidvdrosseanchapplicatisnst trrarnpE ek $8bNo.

th%o H0hA8%:10002 8000 e cts ortnEspbedRO8Rs. "Discriminant wordspotting

niques for rejecting non- vocabulary utterances in unconstrained
speech,” Proc. ICASSP, 1992. 5 R. A. Sukkar and .1, G. Wilpon, "A two
pess elassHicaiiebiot Ltieanas itkjaciion m«&ywmmmg%@ﬂb&peech
TR SR B bl s e
Ification for nonkeyword rejection
in subword based speech recognition,” IEEE Trans. on Speech and Audio

Pﬁgf:@?@fwv \fﬁéﬁeﬁodr@?wna@@@ow? NI. G. Rahim, C.-H. Lee, and
"Discriminative utterance 20ver|f|cat|on for conne ted digits.
recognltm'ﬁﬁ%@l??&%mdﬁ@@%gﬁ M&Uﬁl@ﬁ%ﬁ%ssmélg\r}é & ates

pp. 266-2fFed@9frosody at the same time.

o The prosody derivation block calculates prosody parameters from speech signal.

e The acoustic evaluation block compares the two input speech utterances and
outputs an acoustic score.

e The prosodic evaluation block compares the two input prosody descriptions and
outputs a prosodic score.

e The score fusion block calculates the final score of the whole evaluation. All the

scores of unit sequence are summed up in this step.

For Figure 8, the steps are explained below:
e The Prosody derivation block calculates prosody parameters from speech signal.
e The acoustic evaluation block compares the two input speech utterances and
outputs an acoustic score.
e The prosodic evaluation block compares the two input prosody descriptions and
outputs a prosodic score.
e The score fusion block calculates the final score of the whole evaluation. All the

scores of unit sequence are summed up in this step.

It will be appreciated that the invention has been described by way of example only and
that various modifications in design may be made without departure from the spirit and
scope of the invention. It will also be appreciated that applications of the invention are
not restricted to language learning, but extends to any system of speech recognition

including, for example, voice authentication. Finally, it will be appreciated that



8. M. G. Rahim, C.-H. Lee, and B.-H. Juang, "Discriminative utterance
verification using minimum string verification error (MSVE) training," Proc.
ICASSP, 1996. 259. C. Pao, P. Schmid and J. Glass, "Confidence scoring
for speech understanding systems," Proc. ICSLP, 1998, 10. R. Zhang and

wh- JooRusHieky, "Word level confidence annotation using corhkiaGaieg/ef0272
features," Proc. Eurospeech, 2001, 11.S. Cox and S. Dasmahapatra,
"High-level approaches to confidence ®stimation 30in speech recognition,”
IEEE Trans. on Speech and Audio Processing, vol. 10, no. 7, pp. 460-471,
2002. WO 2008/033095PCT/SG2006/000272 34 12. H. Jiang, F. So%pg
Sl Brebaesd AVidly FRanfe! 19-BA I 195t @éﬂ@@ﬁ%ﬁﬁémﬁﬁw%an ©
applicationsiviasoustiaimadsiingianthsdderaaeauerification,” IEEE Trans
on Speech and Audio Processing, vol. 13, no.5, pp.945-955, 2005. 13. H.
Jiang and C,-H. Lee, "A new approach to utterance verification based on
5neighborhood information in model space,” IEEE Trans. on Speech and
Audio Processing, vol. 11, no.5, pp.425-434, 2003. 14, S. F. Boll,
"Suppression of acoustic noise in speech using spectral subtraction,"
IEEE Trans. Acoustics, Speech and Signal Processing, 27:113-120, April
1979. 15. B. S. Atal, "Effectiveness of linear prediction characteristics of
the speech 10wave for automatic speaker identification and verification,”
Journal Acout. Soc. Am., 55(6):1304-1312, 1974. 16. A. Acero and R. M.
Stern, "Environmental robustness in automatic speech recognition," Proc.
ICASSP, 1990. 17. M. Rahhn and B.-H. Juang, "Signal bias removal by
maximum likelihood 15estimation for robust telephone speech
recognition,” IEEE Trans. Speech and



10

15

20

25

30

Audio Processing, 4(1):19--30, 1996, 18. A. Sankar and C,-H. Lee, "A
maximum likelihood approach to stochastic matching for robust speech
recognition,"” IEEE Trans. Speech and Audio Processing, 4(3):190-202,
1996. 2019. L. Lee and R. C. Rose, "Speaker normalization using efficient

HesIvRReYa¥6arping procedures,” Proc. ICA.SSP, 1996. 20. T cr/sc2006/000272
Anastasakos, J. McDonough, R. Schwartz, and J. Nlakhoul, "A compact

model for speaker-adaptive Training," Bsoc. ICSLP, 1996. 21. Sproat,
R., editor, Multilingual Text-to-Speech Synthesis: The Bell Labs
25Approach, Kluwer Academic Publishers, 1998. 22. Black, A. and Lenz,
K Refsthenad €3ata Selection for Unit Selection Synthesis. In 4th ESCA

WarkabeR e SBEEE AN S RGN APk grbnbiu, Mins Peng, Fu

and Chang, Eric. A Concatcnativc Mandarin TTS System without

Prosody Model and Prosody Modification, Proc. of 4th ISCA Tutorial
30ant. Researabierkshaponispecah Syninesin fderhshisgeSeataptbations

August 29 - September 1, 2001. ! Sé 95PCT/ 006/000272
35 0 LT R Tt iof 0 okt 15 Gt oA R ARy
Academfc PuBliisiigrs A1 89= w5l Biyeroxiauldgamimedrogedyhokcognition,”

MandarirsEhisgse) bodetaiyaiGalifornia Piess, 1990, 326 Sty Chilin,
and Kochanski, Greg. Chinese Tone Modellr;g with Stern-ML. In

Proceedings SFIREh L St oheReR 8 BH P SREH1URME Fakssh
ProcessirgdiggingdGhica)adC gipRe 2006 P¢, JEEECRIVAS, Bld 8, pp.
Lamel, "‘r?é@ﬁ’)’db%‘?é@fy continuous speech recognition: advances and

applications," Proc. E, Vol. 88, No. 8, pp. to 1181-1200,2000.
4. R. C. Rose, “Discriminant wordspotting techniques for rejecting non-

vocabulary utterances in unconstrained speech,” Proc. ICASSP, 1992.

5. R A. SukkarandJ. G. Wilpon, “A two pass classification for utterance
rejection in keyword spotting,” Proc. ICASSP, 1993.

6. R. A. Sukkarand C.-H. Lee, “Vocabulary independent discriminative
utterance verification for nonkeyword rejection in subword based speech
recognition,” IEEE Trans. on Speech and Audio Processing, vol. 4, no. 6, Nov.
1996.

7. M. G. Rahim, C.-H. Lee, and B.-H. Juang, “Discriminative utterance
verification for connected digits recognition,” IEEE Trans. on Speech and
Audio Processing, vol. 5, no. 3, pp. 266-277, 1997.

8 M. G. Rahim, C.-H. Lee, and B.-H. Juang, “Discriminative utterance
verification using minimum string verification error (MSVE) training,” Proc.
ICASSP, 1996.

9. C. Pao, P. Schmid and J. Glass, “Confidence scoring for speech understanding
systems,” Proc. ICSLPE, 1998,

10.R. Zhang and A. I. Rudnicky, “Word level confidence annotation using
combinations of features,” Proc. Eurospeech, 2001.

11. 8. Cox and S. Dasmahapatra, “High-level approaches to confidence estimation

in speech recognition,” IEEE Trans. on Speech and Audio Processing, vol. 10,
no. 7, pp. 460-471,2002.



15

20

25

30

28. Titterington, D., A. Smith, and U. Makov "Statistical Analysis of Finite
Mixture Distributions," John Wiley & Sons (1985). 29. Breiman, L.,
Friedman, LH., Olshen, R.A., and Stone, C.J.: Classification and
Regression Trees, Chapman & Hall, New York, (1984). 1520 MCSLIP 36

woldinamsdssRpparatus for speech utterance verification, the apnayatuss/000272
being configured to compare a first prosody component derived from a
recorded speech utterance with a corrgsponding second prosody
component for a reference speech utterance and to determine a prosodic
verification evaluation for the recorded speech utterance unit in

depehdenfienf theScomparisOnH.2L dppardjusrascordimgsholalansiettion method

Whefei%&%éegggggvﬁ%ﬁ gonfigured, iodpdeterming the.Risedigon, ” IEEE

verification eva rom a comparison of first and second prosod
compoRets \WhiSHeAPE aetrbidiotansgsenmptients ForaPRiE-8he GF0°-
spe@@ﬂmttﬁaa@ Gadaitdunasiona speeshhriteranGa tniiditehitenton based on
speech utterance rhythm; and 15speech utte,r?éw}gﬁ' tonation, of t .
recordéﬁ‘ﬁ%%o?“g?é)é%’lgérglﬁgg%ﬁnu %grgnsgéagerespectil\%aW' §?§Bﬁiﬁr%%‘3§ Audio
accordiPptessilagny @), thé, apparatddSbEiag260afigured to determine the

prospdie verification eyaluationftom & cannaHspRRhfirsh ANt §84Q08kaction,”
prOSOdﬁ 20components for speech utterance unit duration from a

transfo BRI thi SR6ET ARG SR RS W rtEd Spkdeh Pril 1979
utterssee Wnidairatiane s REeYide Ankanstatistec cbaraaisietcd ufabiorpeech

deViatiO\Qéve for automatic speaker identification and verification,” Journal Acout. Soc.
Am., 55(6):1304-1312, 1974.

16. A. Acero and R. M. Stern, “Environmental robustness in automatic speech
recognition,” Proc. ICASSP, 1990. ,

17. M. Rahim and B.-H. Juang, “Signal bias removal by maximum likelihoo
estimation for robust telephone speech recognition,” JEEE Trans. Speech and
Audio Processing, 4(1):19--30, 1996.

18. A. Sankar and C.-H. Lee, “A maximum likelihood approach to stochastic
matching for robust speech recognition,” IEEE Trans. Speech and Audio
Processing, 4(3):190-202, 1996.

19. L. Lee and R. C. Rose, “Speaker normalization using efficient frequency
warping procedures,” Proc. ICASSP, 1996.

20. T. Anastasakos, J. McDonough, R. Schwartz, and J. Makhoul, “A compact
model for speaker-adaptive Training,” Proc. ICSLP, 1996.

21. Sproat, R., editor, Multilingual Text-to-Speech Synthesis: The Bell Labs
Approach, Kluwer Academic Publishers, 1998.

22. Black, A. and Lenzo, K. Optimal Data Selection for Unit Selection Synthesis.
In 4th ESCA Workshop on Speech Synthesis, Scotland, 2001.

23. Chu, Min; Peng, Hu and Chang, Eric. A Concatenative Mandarin TTS System
without Prosody Model and Prosody Modification. Proc. of 4th ISCA Tutorial
and Research Workshop on Speech Synthesis, Perthshire, Scotland, August 29 -
September 1, 2001.



10

s

20

4. Apparatus according to claim 2 or claim 3, the apparatus being
configured to 25determine the prosodic verification evaluation from a
comparison of first and second groups of prosody components for speech
utterance unit pitch contour from: a transform of a prosody component

{idheEaB96sed speech utterance unit to provide a transformggprasoityyooar2

component; a comparison of the transformed prosody component
with a corresponding 30predicted prosegdy component derived from the
reference speech utterance unit to provide a normalised transformed
prosody component; MCSt...LP 37 a vectorisation of a plurality of

normalisrtbitansiarmeebpriosaths CraporiRtsie fathe s nBimatsadademic

parameger, Y.ltsa%or; a transform of the normalised parameter vector to

provide auPransf(S)‘rme normalised parameter vector. 5 5. Apparatus
accotblifg«n, AigooRataiftie 2rsatlythé MppdasnChidpry SovTRisie Pid-alifornia
determipg.the psgsodic verification evaluation from a comparison of first
CoterRindion OFFocBr et T R BB BaIo o bl don et
toutterapesemitsg vod ete imination 0 fCefésemnce dintp dtterlats vuenessing,
pairs of felerenceSRSERRsLP, 2000.
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utterance units; a normalisation of the recorded time intervals with

respect to the reference time intervals to provide a normalised time

interval deviation for each pair of recorded 15speech utterance units; and MCSLLP
a transform of a sum of a plurality of normalised time interval deviations to

provide a transformed normalised time iffterval deviation. 6. Apparatus

according to any of claims 2 to 5, the apparatus being configured to

20determine the prosodic verification evaluation from a comparison of first
&rldigscond prosody components for speech utterance intonation from: a
determination of the recorded pitch mean of a plurality of recorded speech

utterance units; a detelinination of the reference pitch mean of a plurality

df referéibarapisdon Isask HissagaYSTAsRbioRatliatipREN s deitbrgaligured to
R MEaT AN R i esaneR QI MRAIGPIQUILR R NGFERISRELPICR with a

deviation; and a transform of a sum of a plurality of normalised pitch
SevistRME RS REGIIE A AP SAR FERTARNAB A RISER TICK RsAeligHcriesBto

Ao PRRBWIBBSSPLONRG tR AN AF &laHNSH2EP Be ‘l‘é@%[ﬁlﬂi Q}%&@H@tﬁ_@ih‘&@unit in
configured to determine a composite prosodic verification evaluation from

SBHARREFL b ROWRALRMed normalised duration deviation:

2. Apparatus according to claim 1, wherein the apparatus is configured to
determine the prosodic verification evaluation from a comparison of first and second
prosody components which are corresponding components for at least one of:

speech utterance unit duration;

speech utterance unit pitch contour;

speech utterance rhythm; and

speech utterance intonation; of the recorded and reference speech utterances

respectively.

3. Apparatus according to claim 2, the apparatus being configured to determine the
prosodic verification evaluation from a comparison of first and second prosody
components for speech utterance unit duration from a transform of a normalised
duration deviation of the recorded speech utterance unit duration to provide a

transformed normalised duration deviation.

4. Apparatus according to claim 2 or claim 3, the apparatus being configured to
determine the prosodic verification evaluation from a comparison of first and second
groups of prosody components for speech utterance unit pitch contour from:

a transform of a prosody component of the recorded speech utterance unit to
provide a transformed prosody component;

a comparison of the transformed prosody component with a corresponding
predicted prosody component derived from the reference speech utterance unit to

provide a normalised transformed prosody component;
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the transformed normalised parameter vector; the transformed nonnalised

time interval deviation; and the transformed normalised pitch deviation.

8. Apparatus according to claim 7, wherein the apparatus is configured to MCSLLP
determine a composite prosodic verification evaluation from a weighted

sum of at least 10two of: the transformet! normalised duration deviation;

the transformed normalised parameter vector; the transformed normalised

time interval deviation; and the transformed normalised pitch deviation, 15

9. App&rSEGEHHERaIAG 1S MY 0t Rer B3 a7 iR Y ChRTRFGASCRsmponents to

faneraierm EceIdRESRasehdttarange prosody vector for the recorded
speech utterance; generate a reference prosody vector for the

referentdUBLYER YtibRvEn it d mafams e FE8iedr Qpde craeiomss

amﬁg@gede@t%ﬁ@tgpn&@ﬁe a transformed recorded speech utterance
vector; and wherein the first prosody component comprises the

transformed recorded speech utterance prosody vector and the second

Brosody gpanpanenisamprsas e FrReadBehSReREAPALLARAR PIOSSRIN ured to
vector., 25 10. A paratuzfacc,ording to claim 9, the apparatus bein

BB Ao RO AL S5 A LI 5 AR BRI Sb R K GBHRgARL Hrstand second

paisoalisethgentatioropepsedy westeicamghtasaryart the normalised
deviation grosodg .vect(%r usiré%%prob‘ability ngmtion and a s¢ore model to

determfhi& tHEHBLOR1 VERHTESHAS TR CRESS B9 B A B arafssspocch

aceantiagiitslaim 9 or claim 10, wherein the apparatus is configured

a determination of reference time intervals between pairs of reference speech
utterance units;

a normalisation of the recorded time intervals with respect to the reference time
intervals to provide a normalised time interval deviation for each pair of recorded
speech utterance units; and

a transform of a sum of a plurality of normalised time interval deviations to

provide a transformed normalised time interval deviation.

6. Apparatus according to any of claims 2 to 5, the apparatus being configured to
determine the prosodic verification evaluation from a comparison of first and second
prosody components for speech utterance intonation from:

a determination of the recorded pitch mean of a plurality of recorded speech
utterance units;

a determination of the reference pitch mean of a plurality of reference speech
utterance units;

a normalisation of the recorded pitch mean and the reference pitch mean to
provide a normalised pitch deviation; and

a transform of a sum of a plurality of normalised pitch deviations to provide a

transformed normalised pitch deviation.
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to determine the prosodic verification evaluation for at least one of
recorded speech utterance unit prosody and recorded speech utterance
across-unit prosody. 512.Apparatus according to claim 11, wherein the
apparatus is configured to determine a composite prosodic verification
evaluation from a weighted sum of a pr8§odic verification evaluation for
recorded speech utterance unit prosody and a prosodic verification
evaluation for recorded speech utterance across-unit prosody.

1013. APPBRELYS aeediding thaamyop e Ad e Rimh Ry s hedppaiagiigured

%r&%rﬁﬁﬁ@w&ﬁﬁ@&%tﬁ%%@%rm%ﬁﬂﬁe%ﬁ@l%ﬁrﬁ% BRING more of:
configured to generate the reference speech utterance using the

text-to-SfdEts ivirddionmal s d sraation desiehiogto claim 13, wherein the

apparaths teeIofiguiacthith R denesatean agepstic model, to determine
an acoustic verification evaluation from the acoustic model and to

determif® B SosRaATRaltRSH BiadisbR s HitHE M@ stic verification

evaluaipnandtie paasadisieificationevasation. 15. Apparatus
according to claim 14, the apparatus being configured to generate the

20acoustic model from a speaker adaptive training module. 16.
Apparaifpaaeey dite igieaisn fdnor Claigrcl B teharRitdie isRPARMS dSto

configured to determine the acoustic verification evaluation from:

.

. a
HEITHE RSB GATPS HFSRTRsatisiiep Aot lbriad from thusighisdigem of at least
speegh 25utterance unit; a normalisation of'a corresponding second
acousti%parar%eter for the reference speech utterance unit; a

determiRaffBRSSP RSP ARBANS Tl VLRI HEViAEF st acoustic parameter

corresphpdadererpatistialalidedpacans@awetermination of a second
likelihoqd value that the second acoustic parameter corresponds to a
i il a

particu P RB} M HRYF tﬁggfl% interval deviation; and

the transformed normalised pitch deviation.

MCSLLP

9. Apparatus according to claim 1, the apparatus being configured to:

generate a recorded speech utterance prosody vector for the recorded speech
utterance;

generate a reference prosody vector for the reference speech utterance;

transform the recorded speech utterance prosody vector to generate a
transformed recorded speech utterance vector; and

wherein the first prosody component comprises the transformed recorded speech
utterance prosody vector and the second prosody component comprises the recorded

speech utterance prosody vector.

10.  Apparatus according to claim 9, the apparatus being configured to normalise a
result of the comparison to generate a normalised deviation prosody vector and to
convert the normalised deviation prosody vector using a probability function and a

score model to determine the prosodic verification evaluation.



10

15

20

25

a comparison of the first likelihood value and the second likelihood value.

17. A method for speech utterance verification, the method comprising MCSLLP

comparing a first prosody component derived from a recorded speech
utterance with a corresponding secon(rjé)rosody component for a
reference speech utterance and deter ﬁing a prosodic verification
evaluation for the recorded speech utterance unit in dependence of the
comparison. 18. The method of claim 17, the method comprising

ddtermitngratBsRiesssdirgsorlate ireim J sy eRr e AR afirs d airen figured

$€AOREPIRSE EAMERRAS MG AR SOSIERRONANAS BRI RISSSHR! Heech
least one of speech utterance unit duration; speech utterance unit pitch

YRR SpERRE ARt E ARG PEREh M SsRR AT RS AR RERSAdYion; of
the recorded and reference speech utterances respectively. 19. The
method of claim 18, the methaod, comprising,determininwe prosodic

VerificattBREIAR At BPCh A firdhIft? SRc BRBRIFOSJay BB B it
fnsnaash 20LEeENAGR dsadid Wt dyna: trdnsfiinTiohawepalisesum of a

duratign devijation of the recorded speech utterance unit duration tqQ
Brovides NP YRR f%é&eaa@%f’:waa%%wnﬁe UEHOIRMAb A2

plakpdl8 afglaimob%viledneitod reonnisipgadatatminiog b a5piasadiody.
verification evaluation by comparing first and second groups of prosody
components for speech utterance unit pitch contour by: transforming a

pROsody ppirpanent @tithg keaaydecesperctiditieraheeiuniidapadide @irther
transformed prosody component; compaying the transformed

SO LD RIEARSU Lol BB AR TS dioha SBHRICE U cmaaieate
detived drgieetheutefaierosispatchetitesapeectniiddudovide a normalised
transformed prosody component; 41

14.  Apparatus according to claim 13, wherein the apparatus is configured to
generate an acoustic model, to determine an acoustic verification evaluation from the
acoustic model and to determine an overall verification evaluation from the acoustic

verification evaluation and the prosodic verification evaluation.

15.  Apparatus according to claim 14, the apparatus being configured to generate the

acoustic model from a speaker adaptive training module.

16.  Apparatus according to claim 14 or claim 15, wherein the apparatus is
configured to determine the acoustic verification evaluation from:

a normalisation of a first acoustic parameter derived from the recorded speech
utterance unit;

a normalisation of a corresponding second acoustic parameter for the reference
speech utterance unit;

a determination of a first likelihood value that the first acoustic parameter
corresponds to a particular utterance;

a determination of a second likelihood value that the second acoustic parameter

corresponds to a particular utterance; and
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vectorising a plurality of normalised transformed prosody components to

form a normalised parameter vector; and transforming the normalised

parameter vector to provide a transformed normalised parameter vector. 5 MCSLLP
21. The method of any of claims 18 to 20, the method comprising

determining the prosodic verification evafliation by comparing first and

second prosody components for speech utterance rhythm by: determining

recorded time intervals between pairs of recorded speech utterance

10units® BRRPAEIFMRY FRsr Bt dIRG IRk Tols prdviaetr prirs! dridiepdnidue.

speech utterance units; normalising the recorded time intervals with
respect to the reference time  intervals to provide a normalised time _
ibfervartig\riishirs saerah peR dnce vsrHEaiosfhe s thedrarieerifing camparing a

FRAFRIBINOBEHEh ARl B iRt a@ém&ié@qf%m ieRAtdevIatons 1 ponding
|

provide a transformed normalised time interval deviation. 22. The method

Sy Bretamsannanst fReakeiHBacESRRsHRINE G e Adidgtasmining a prosodic

Z0RMSdIe MeNifisatio foe viduatinn dy spesR aiReh HEst aidi seepRsliBHes Y he
components for speech utterance intonation by: determining the recorded

FREPFHESR of a plurality of recorded speech utterance units; 25units;
determining the reference pitch mean of a plurality of reference speech
utteranci , .. .. )
18. The method of claim 17, the method comprising determining the prosodic
verification evaluation by comparing first and second prosody components which are
corresponding parameters for at least one of:

speech utterance unit duration;

speech utterance unit pitch contour;

speech utterance rhythm; and

speech utterance intonation; of the recorded and reference speech utterances

respectively.

19.  The method of claim 18, the method comprising determining the prosodic
verification evaluation by comparing first and second prosody components for speech
utterance unit duration by a transform of a normalised duration deviation of the
recorded speech utterance unit duration to provide a transformed normalised duration

deviation.

20.  The method of claim 18 or claim 19, the method comprising determining the
prosodic verification evaluation by comparing first and second groups of prosody
components for speech utterance unit pitch contour by:

transforming a prosody component of the recorded speech utterance unit to
provide a transformed prosody component;

comparing the transformed prosody component with a corresponding predicted
prosody component derived from the reference speech utterance unit to provide a

normalised transformed prosody component;
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norinalising the recorded pitch mean and the reference pitch mean to
provide a normalised pitch deviation; and transforming a sum of a

plurality of normalised pitch deviations to provide a transformed MCSLLP

normalised pitch deviation. 42 23. The method of any of claims 18 to 22,
the method comprising determining a cér’nposite prosodic verification
evaluation from one or more of: the transformed normalised duration
deviation; the transformed normalised parameter vector; 5the transformed

normali§&iPtitiegstalval e vhnermalidietipensdiaasedinsansepierio form a

demiatingd péatRemetied alglaim 23, the method comprising
determining a composite prosodic verification evaluation from a weighted

sum of ZA1eREMiRg B AermalissA HURMSE BRI avicRid H RIS

thedianstopned pervalised parameter vector; the transformed normalised
time interval deviation; and the transformed normalised pitch deviation.

25. The method of claim 17, the method further comprising: 15generating

arecorgie mpereholeTaITa RRes08lyoVEL o fercthed ecargies speeehnining the
utterance; é%igen,eratin a r,efe%eynce prosoi%/ vectar for the referﬁlce

BpRAOEH eSO LB Y tH BRCPEdH LAE S SRRSO Y s 9B nents for
ypedon tatgenesate ttiasisformed recorded speech utterance vector; and

determining recorded time intervals between pairs of recorded speech utterance
units;

determining reference time intervals between pairs of reference speech utterance
units;

normalising the recorded time intervals with respect to the reference time
intervals to provide a normalised time interval deviation for each pair of recorded
speech utterance units; and

transforming a sum of a plurality of normalised time interval deviations to

provide a transformed normalised time interval deviation.

22.  The method of any of claims 18 to 21, the method comprising determining the
prosodic verification evaluation by comparing first and second prosody components for
speech utterance intonation by:

determining the recorded pitch mean of a plurality of recorded speech utterance
units;

determining the reference pitch mean of a plurality of reference speech utterance
units;

normalising the recorded pitch mean and the reference pitch mean to provide a
normalised pitch deviation; and

transforming a sum of a plurality of normalised pitch deviations to provide a

transformed normalised pitch deviation.
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The method of claim 25, the method further comprising normalising a
result of 25the comparison to generate 4’normalised deviation prosody
vector and converting the normalised deviation prosody vector using a
probability function and a score model to determine the prosodic

verificatiof BeHadwdiny el dhinnéthioder bamedndremmntisves fegermining a

sthedift BhRbeRMBHSINAI IR ISMIRING 3R REAsodisGvefification
evaluation for at least one of recorded speech utterance unit prosody and

recorddBespaedAritdrapEBatisrdumiopERHAMCSLLP 43 28.The

methodef elaif2etheomeihad fruthak ePRWISING determining a
composite prosodic verification evaluation from a weighted sum of a

prosodit¥/Erneiainis Lugrpaling dditrs dpiaeal Ss¥itotitiidnce unit

prosodyanghaRigsedicoyerficatipnavalvation for recorded speech
utterance across-unit prosody. 5 29. The method of any of claims 17 to

28, further comprising generating the reference speech utterance unit

gging atgxintedsnescblmadisethSthellhrl netpediah daiem2diduiheimposite

comprising generating an acoystic model , 10determinjng an acoustic
GEFREUGRTENEALE 6 AFBPH TR ABL LA SIS SRS A A overall

verificatipneviaiuatien dmdhe dcovaih\wiiiaadion evaluation and the
prosodi?}%/erific tion ivaluatt‘)n. 31. The method of claim 30, further

compridg gaNerRfTIME AT RATATTE HSeT

the transformed normalised time interval deviation; and

the transformed normalised pitch deviation.
25.  The method of claim 17, the method further comprising:

generating a recorded speech utterance prosody vector for the recorded speech
utterance;

generating a reference prosody vector for the reference speech utterance;

transforming the recorded speech utterance prosody vector to generate a
transformed recorded speech utterance vector; and

wherein the first prosody component comprises the transformed recorded speech
utterance prosody vector and the second prosody component comprises the recorded

speech utterance prosody vector.

26.  The method of claim 25, the method further comprising normalising a result of
the comparison to generate a normalised deviation prosody vector and converting the
normalised deviation prosody vector using a probability function and a score model to

determine the prosodic verification evaluation.

27.  The method of claim 25 or claim 26, the method further comprising determining
the prosodic verification evaluation for at least one of recorded speech utterance unit

prosody and recorded speech utterance across-unit prosody.
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15a speaker adaptive training module. 32. The method of claim 30 or

claim 31, the method comprising determining the acoustic verification

evaluation by: normalising a first acoustic parameter derived from

the recorded speech 20utterance unit; normalising a corresponding MCSLLP
second acoustic parameter for the referépce speech utterance unit;

determining a first likelihood value that the first acoustic parameter

corresponds to a particular utterance; 25determining a second likelihood

viflue th&dh@ﬁ%nﬂ@m@ﬂcﬁbamm@érfuﬁh@spmnmsﬁm@q@mﬁnmarg a
IEIRRGE: BRI cRmRArRG AR Lt R AT RIVe ARE UG P8P osodic
likelihood value.

verification evaluation for recorded speech utterance unit prosody and a prosodic

verification evaluation for recorded speech utterance across-unit prosody.

29.  The method of any of claims 17 to 28, further comprising generating the

reference speech utterance unit using a text-to-speech module.

30.  The method of claim 29, further comprising generating an acoustic model ,
determining an acoustic verification evaluation from the acoustic model and
determining an overall verification evaluation from the acoustic verification evaluation

and the prosodic verification evaluation.

31.  The method of claim 30, further comprising generating the acoustic model from

a speaker adaptive training module,

32.  The method of claim 30 or claim 31, the method comprising determining the
acoustic verification evaluation by:

normalising a first acoustic parameter derived from the recorded speech
utterance unit;

normalising a corresponding second acoustic parameter for the reference speech
utterance unit;

determining a first likelihood value that the first acoustic parameter corresponds
to a particular utterance;

determining a second likelihood value that the second acoustic parameter
corresponds to a particular utterance; and

comparing the first likelihood value and the second likelihood value.



