
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 5verification evaluation for a user's
recorded speech utterance. In computer aided language learning (CALL)
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 models. Speech recognition is a problem of pattern matching.
Recorded speech patterns are treated as sequences of electrical signals.
A recognition process involves classifying segments of the sequence into
categories of pre-learned patterns. Units of the patterns 15 may be words,
sub-word units such as phonemes, or other speech segments. In many
current automatic speech recognition (ASR) systems, the Hidden Markov
Model (I-IMM) [1, 2, 3] is the prevalent tool for acoustic modelling and has
been adopted in almost all successful speech research systems and
commercial products. Generally speaking, known I-EVIM-based
speaker-independent ASR systems employ utterance verification 20 by
calculating a confidence score for correctness of an input speech signal
representing the phonetic 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 25systems, 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 zest approach was used by comparing the likelihood ratio with
a threshold [6, 7]. The minimum 30verification error estimation [8]
approach has been used to model both null and alternative hypotheses.
High-level information, such as syntactical or semantic  WO
2008/033095PCT/SG2006/000272 2 information, was also studied to
provide some clues for the calculation of confidence measure [9, 10, 11].
The in-search data selection procedure [12] was applied to collect the
most representative competing tokens for each 1-EVFM. The competing
information based method [13] has also been proposed for utterance
verification. 



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
dependent claims. To speak correctly in a particular language, language
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
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, 261
and for a student to speak with correct 20prosody 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. 25 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 30compared 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  WO
2008/033095PCT/SG2006/000272 



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
component of the user's speech, A hitherto unrecopilsed constraint of
HMMs 5is that 1-a1Ms, by their very nature, do not utilise a great deal of
information contained in a user's original 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
included in the speech recognition models are very important from the
point of view of human perception and for the correctness and naturalness
of spoken 10language. Speech prosody can be defined as variable
properties of speech such as at least one of pitch, duration, loudness,
tone, rhythm, intonation, etc. A summary of some main components of
speech prosody can be given as follows: 15 Timing of speech units: at unit
level, this means the duration of each 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.  Pitch of speech
units: at unit level, this is the local pitch contour of the unit. For
20example, in Mandarin Chinese, the pitch contour of a syllable
represents the tone of the syllable, 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. 25
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 



30instance, a list of prosody parameters which can be defined for, for
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
Pitch value of start point of voiced part  Pitch value of end point of voiced
part  Energy value of the complete unit measured in dB i)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. 15In 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 (1IS) 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 20models, 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. 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
evaluation of the user's speech. :30 The present invention will now be
described, by way of example only, and with reference to the
accompanying drawings in which:  WO 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
apparatus for evaluation of a user's speech prosody; 5Figure 3 is a bloelc
diagram illustrating an example in which the apparatus of Figure 1 is
implemented in conjunction with an acoustic model; Figure 4 is a block
diagram illustrating an apparatus for evaluation of a user's speech
pronunciation;      Figure 5 is a block diagram illustrating generation of
operators for use in the acoustic 10model of Figures 3 and 4; 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 I f S; and 15Figure 8
is a block diagram illustrating the framework of an apparatus for
evaluation of a user's speech without utilisation of rrs. Referring to Figure
1, a first example of an apparatus for prosodic speech utterance
verification evaluation will now be described. 20 



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 25two 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 to 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 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
against which the user's recorded prosody is to be evaluated. Prosody
derivation block 24 processes and manipulates recorded speech signal 22
to 5extract the prosody of the speech utterance and outputs the recorded
input speech prosody 26. The recorded speech prosody 26 is input 30 to
prosodic evaluation block 32 for evaluation of the prosody of the speech of
user 12 with respect to the reference prosody 20 which is input 28 to
prosodic evaluation block 32. An evaluation verification 34 of the recorded
prosody signal 26 is output from block 32. Thus, it can 10be seen that the
prosodic evaluation block 32 compares a first prosody component derived
from a recorded speech utterance with a con:esponding second prosody
component for a reference speech utterance and determines a prosodic
verification evaluation for the recorded speech utterance unit in
dependence of the comparison. In the apparatus of Figure 1, the prosody
components comprise prosody parameters, as 15described below. 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 



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
utterances correspond with one another; e.g. they both relate to the same
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
duration; (ii) speech utterance unit pitch contour; (iii) speech utterance
rhythm; and (iv) speech utterance intonation; of the 30recorded and
reference speech utterances respectively.  7 A first example of a
comparison at unit level is now discussed. (i) Duration of Unit In any
language learning process, a student is expected to follow the speech of
the 5reference (teacher). Ideally, the student's speech rate should be the
same as the reference speech rate. One method of performing a
verification evaluation of the student's speech, is for prosody evaluation
block 32 to determine the prosodic verification evaluation from a
comparison of first and second prosody parameters for speech utterance
unit duration from a transform of a normalised duration deviation of i0 the
recorded speech utterance unit duration to provide a transformed
normalised duration deviation. That is, the evaluation is determined as
follows. First, prosody derivation block 24 deteinines the normalised
duration deviation of the recorded speech unit from: 15 an= (ar. - )I d J(1)
where an.,ar ar1 and cf. are the normalised unit duration deviation, the
actual duration J 



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
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
25prosody. The normalised unit duration deviation signal is manipulated
and converted to a verification evaluation (confidence score) using the
following function:  WO 2008/033095PCT/SG2006/000272 8 q7 =
Aa(af")(2) where qm, is the verification evaluation of the duration of the
recorded unit j of the student's speech, and 2. () is a transform function for
the normalised duration deviation. This tansform function converts the
normalised duration deviation into a 5score on a scale that is more
understandable (for example, on a 0 to 100 scale). This can be
implemented using a mapping table , for example. The mapping Table is
built with human scored data pairs which represent mapping from a
normalised unit duration deviation signal to a verification evaluation score.
10A second example of a comparison at unit level is now discussed, Pitch
Contour of Unit     Transforming the Prosody Parameters: The pitch
contour of the unit is represented 15by a 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
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 20voice. 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:         where pis is the i-th parameter
value from the student's speech, /4 is the i-th predicted 25parameter value
from the reference prosody 20, a, 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.  WO
2008/033095PCT/SC2006/000272 9 Calculating Pitch Contour
Evaluation: The prosody verification evaluation is determined by
comparing the predicted parameters from the reference speech utterance
unit with the transformed actual parameters of the recorded speech
utterance unit. The normalised parameter for the i-th parameter is defined
by: 5 = (pi- ri)l sa(4) where p 1,r', and s, are predicted pitch parameter of
the template, actual pitch parameters of speech and 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 normalised pitch parameter: q b .2= A b (7)(5)
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
nonnalised duration 



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
normalised pitch vector to a verification evaluation score. 20Thus 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 25derived 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,  WO 2008/033095PCTISG2006/000272 10 (iii) Speech
Rhythm To compare the rhythm of the recorded speech utterance unit
with the reference speech utterance, a comparison is made of the time
interval between two units of each of the recorded and reference speech
utterances by prosodic evaluation block 32. In one 5example, the
comparison is made between successive units of speech. In another
example, the comparison is made between every pair of successive units
in the utterance and their counterpart in the reference template where
there are more than two units in the utterance. 10The comparison is made
by evaluating the recorded and reference speech utterance signals and
determining the time interval between the centres of the two units in
question. Prosody derivation block 24 determines the normalised time
interval deviation from: 



15 c')./cs j j where 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.
For the whole utterance, prosodic evaluation block 32 determines the
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
5utterances 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 



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
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 15time interval deviations 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
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
25evaluation. 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 30normalised to zero
mean.  WO 2081033095PCT/SG2006/000272 12 Then the normalised
pitch deviation is determined from: d)- (dit  (10) =I Dwhere d" ,c1I,are
normalised pitch deviation, pitch mean of the recorded I" 



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
determined from:                                qd at Ad (d)(ii) where qd is the
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
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 20from 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.  13 In one
apparatus, a composite prosodic verification evaluation can be determined
from one or more of the above verification evaluations. In one apparatus,
weighted scores of two or more individual verification evaluations are
summed. 5That is, the composite prosodic verification evaluation can be
determined by a weighted sum of the individual prosody verification
evaluations determined from above: qi =+q +wcqe + w(12) J-1 



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
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. 20Referring 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, 25 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
30prosody transformation parameters 58. Prosody transform block 56
maps the input  14 speech prosody signal 54 to the space of the reference
prosody signal 52 by removing intrinsic differences (e.g. pitch level)
between the user's recorded speech prosody and the teacher's speech
prosody. The prosody transformation parameters are derived from a few
samples of the user's speech which provide a "calibration" function for that
user 5prior to the user's first use of the apparatus for study/learning
purposes. Normalised prosody signal 62 is input to prosodic deviation
calculation block 64 for calculation of the deviation of the user's input
speech prosody parameters when compared with the reference prosody
signal 52. Prosodic deviation calculation block 64 10calculates a degree of
difference between the user's prosody and the reference prosody with
support from a set of nomaalisation parameters 66, which are standard
deviation values. The standard deviation values are pre-calculated from
training speech or predicted by the prosody model, e.g. prosody model
308 of Figure 6. The standard deviation values are pre-calculated from a
group of sample prosody parameters 15calculated from a training speech
corpus. Two ways to calculate the standard deviation 



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
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. 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
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 30discussed in detail.  15 In addition to unit
level and utterance level prosody parameters as defined above in relation
to the apparatus of Figure 1, it is possible to make an evaluation of the
rhythm of an utterance by determining a relationship between successive
speech units in an utterance. Such "across-unit" parameters are
determined by comparing parameters of 5two successive units. The
apparatus of Figure 2 is configured to define the length of interval between
two units and the change of pitch values between two units. For example,
for Mandarin Chinese, the following across-unit prosody parameters are
defined:          An interval between a start point of one unit and an end
point of the other unit 10 An interval between a mid-point of one unit and a
mid-point of the other unit  A difference between a mean pitch value of
one unit and a mean pitch value for the other unit  A difference between a
pitch value of a start 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
speech 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 20the following signal manipulation: 



=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), a1and 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 30parameters. In this way, before
actual prosody evaluation, a few samples 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
apparatus of Figure 2 generates a unit level prosody parameter vector,
and an across-unit prosody parameter vector 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
for prosodic boundary information (which can also be referred to as
prosodic break information and means the interval between first and
second speech units which, respectively, mark the end of one phrase or
10utterance and the start of another phrase or utterance). The apparatus
of Figure 2 is configured to represent both the reference prosody signal 52
and the user's input speech prosody signal 54 with a unit level prosody
parameter vector, and an across-unit prosody parameter vector.
Across-unit prosody and unit prosody can be considered to be two parts of
prosody. In the apparatus of Figure 2, the across-unit prosody vector and
unit prosody vector of the recorded speech utterance are derived by
prosody transform 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:  Pa denotes a
unit level prosody parameter vector of unit] of user's speech. 20 /9"
denotes an across-unit prosody parameter vector between units] and3+1
of the user's speech.  Ra . denotes a unit level prosody parameter vector
of unit] of the reference speech. 



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
parameter vector,        () denotes the transformation for across-unit
prosody parameter vector,denotes the transformed unit level prosody
parameter vector of unit j of user speech, 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 prosody parameters in the apparatus of Figure 2 will be similar to
the reference speech prosody parameters. 10Prosodic deviation
calculation block 64 calculates a normalised prosodic deviation parameter
of the user's prosody from the following: a" =- a' )/ as(16) an at ara where,
,and i are normalised prosody parameter deviation, the transformed
parameter of the user speech prosody, the reference prosody parameter,
and the standard 15deviation 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 : 20Da
= Nu (Oa j, R0)(17) =-(0" j, Rb j)(18) D" Where Da . denotes the
normalised deviation vector of unit j,j denotes the normalised deviation
vector of across-unit level prosody parameter vector between units j and
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
equation (17) and an across-unit prosody  WO
2008/033095PCT/SG2006/000272 vector defined by equation (18) from
normalised prosody signal 62 (normalised unit and across-unit prosody
vectors) and reference prosody signal 52 (unit and across-unit prosody
parameter vectors). These 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
then calculated. This process converts the normalised deviation vector
into a likelihood value; that is, a likelihood of how correct the user's
prosody is with respect to the reference speech. Prosodic evaluation block
70 determines a prosodic verification evaluation for the user's recorded
speech utterance from signal manipulations represented by the following:
= Pa (Da(19) qb = Pb (1)5 ;I 2!)(20) where qa j is a log prosodic
verification evaluation of the unit prosody for unit j, pa is the probability
function for unit prosody, /la is a Gaussian Mixture Model (GMIVI) [28]
frond score model block 72 for the prosodic likelihood calculation of unit
prosody,     q is a log prosodic verification evaluation of the across-unit
prosody between units j 20and j+1, pb 0 is a probability function for across
unit prosody, and A is a GMM 



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
particular speech utterance. "5 0P A composite prosodic verification
evaluation of unit sequence 11 for the apparatus of Figure 2 can be
determined by a weighted sum of individual 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 specified as 1 (unity) but this is configurable by
the end user), and n is the number of units in the sequence. Note that this
formula can he use to calculate the score of both whole utterance and part
of utterance depending on the target speech to be evaluated. Differences
between the apparatus of Figure 1 and that of Figure 2 include (1) the
10prosody components of the apparatus of Figure 2 are prosody vectors;
(2) the transformation 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
calculated with GMMs. Advantageously, one apparatus 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 20an 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 ITS module 119 and/or the
Speaker Adaptive Training Module (SAT) 206 of Figure 5. The acoustic
model is trained using 



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
shown in Figure 3. The system 100 comprises a sub-system for prosody
verification with components 118, 124, 132 which conespond with those
30illustrated in and described with reference 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
generates a phonetic reference speech 140, and the reference prosody
120 of the speech and labels (markers) of each acoustic speech unit. The
function of the speech labels is discussed below.  Speech Normalisation
Transform Block 144: In block 144, phonetic data from the recorded
speech signal 122 and reference speech signal 140 are transformed to
10signals in which channel and speaker information is removed. That is
channel (microphone 14, 114 and cable 16, 116) and user 12, 112 specific
data are filtered from the signals. A normalised reference (template)
phonetic speech signal 146 and a normalised recorded phonetic speech
signal 148 are output from speech normalisation transform block 144. The
purpose of this normalisation is to ensure isthe phonetic data of the two
speech utterances are comparable. In the normalisation process, speech
normalisation transform block 144 applies transformation parameters 142
derived as described with relation to Figure 5.  Acoustic Verification Block
152: Acoustic verification block 152 receives as inputs normalised
reference speech signal 146 and normalised recorded phonetic 20speech
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 



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
described with relation to Figure. 5.       Prosody Derivation Block 124:
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
speech utterance as described above with reference to Figure 1.
Verification Evaluation Fusion Block 136: Block 136 determines an overall
5verification evaluation for the recorded speech utterance by fusing the
acoustic verification evaluation 156 determined by block 152 with the
prosodic verification evaluation 134 determined by block 132. Therefore,
in the apparatus of Figure 3, a recorded speech utterance is evaluated
from a 10consideration of two aspects of the utterance: acoustic
correctness and prosodic correctness by determination of both an
acoustic verification evaluation and 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
of Figure 3, a text-to-speech module 119 is used to generate on-fly live
speech as a reference speech. From the two aligned speech utterances,
the verification evaluations describing segmental (acoustic) and
supra-segmental (prosodic) information can be determined. The
apparatus makes the comparison by alignment of the recorded speech
utterance unit with the reference speech utterance unit. 20 The use of
text-to-speech techniques has the following advantages in utterance
verification. Firstly, the use of ITS 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 25 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. 



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
information than acoustic models. The models used for speech
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
speech recognition systems cannot discern so clearly variations of the
user's speech with a reference speech toThirdly, the prosody model that is
used in the Text-to-speech conversion process also facilitates evaluation
of the prosody of the user's recorded speech utterance. The prosody
model of -yrs block 119 is trained with a large number of real speech
samples, and then provides a robust prosody evaluation of the language.
To evaluate the correctness of the input speech utterance, acoustic
verification block 152 compares each individual recorded speech unit with
the corresponding speech unit 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 30speech units are evaluated with acoustic models.
Acoustic verification block 152 determines the acoustic verification
evaluation of the recorded speech utterance units  23 from the following
manipulation of the recorded and reference speech acoustic signal
components: qsj =- in p(X Aj) - In p(Y j I 2i)(22) 



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
reference speech utterances match particular utterances. 10 The acoustic
verification evaluation for the utterance is determined from the following
signal manipulation: q3 =m(23) jt     where qs 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
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 20 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
25utterance 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:  WO 2008/033095PC r/SG2006/000272 24 = w1q3  w2q"(24)
where q,q3, qP are overall verification evaluation 138, acoustic verification
evaluation 156 and prosody verification evaluation 134 respectively, and
Iv, and w2 are 5weights. 



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
indicate the degree of correctness of the units. Referring to Figure 4, an
example of a stand-alone apparatus for speech pronunciation evaluation
will now be described. Where appropriate., 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 parameters 142, a likelihood calculation block 164
operable in conjunction with a set of generic HMM models 154 and an
acoustic verification module 152. 20 Reference (template) speech signals
140 and a user recorded speech utterance signals 122 are generated as
before. These signals are fed into speech nonnalisation 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 25reference 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 HMTvl models 154, which are pre-calculated during
a training process.  WO 2008/033095PCT/SG2006/000272 25 These
signals are output from block 164 as reference likelihood signal 168 and
recorded speech likelihood 170 to acoustic verification block 152.     The
acoustic verification block 152 calculates a final acoustic verification
evaluation 5156 based on a comparison of the two input likelihood values
168, 170. Thus, Figure 4, illustrates an apparatus for speech
pronunciation verification, the 



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
likelihood value that a second acoustic parameter derived from a
reference speech utterance corresponds to a particular utterance; and a
comparison of the first likelihood value and 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
1-1NEM model. Figure 5 shows the training process 200 of generic IIMM
models 154 and the transformation parameters 142 of Figure 3. Cepstral
mean normalisation (CMN) is 20 first applied to training speech data 202
at block 204. Speaker Adaptive Training (SAT) is applied to the output of
block 204 at block 206 to obtain the generic HM1V1 models 154 and
transformation parameters 142. SAT is applied to create the generic 1-MM
by removing speaker-specific information from the training speech data
202. The generic HMM models 154, which are used for recognising
normalised speech; are used in 25acoustic 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 5. 30To achieve a
robust acoustic model, channel normalisation is handled first. The
normalisation process can be carried out both in feature space and model
space.  WO 2008/033095PCT/SG20061000272 26 Spectral subtraction
[14] is used to compensate for additive noise. Cepstral mean
normalisation (CMN) [15] is used to reduce some channel and speaker
effects. Codeword dependent cepstral normalisation (CDCN) [16] is used
to estimate the environmental parameters representing the additive noise
and spectral tilt. ML-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 variations are also irrelevant information
and are removed from the acoustic modelling, Vocal tract length
normalisation (VTLN) [19] uses frequency warping to perform the speaker
normalisation. Furthermore, linear regression transformations are used to
normalise the irrelevant variability. Speaker adaptive training 206 (SAT)
[20] is used to apply transformations on mean vectors of HM-Ms based on
the maxinatun 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 nommlisation is used to reduce some
channel and speaker effects. The concept of CMN is simple and
straightforward. Given a speech utterance X = {x ,1 r T} , the normalisation
is made for each unit by removing the mean vector p of the whole
utterance: 20St = Xt - Alt(25) Consider a set of mixture Gaussian based
HMI* 25  where s is a Gaussian component. The following derivations are
consistent when s is a cluster of Gaussian components which share the
same parameters.  WO 2008/033095PCT/SG20061000272 27 Given the
observation sequence 0 (opo"...,oT) for the training set, the maximum
likelihood estimation is commonly used to estimate the optimal models by
maximising the following likelihood function: 5= arg max P(0; 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 0 can be divided
according to the speaker identity 150 = (Or} = ((al, r 1,R(27) For each
speaker r, a transformation Gr is used to generate the speaker dependent
model G" (A) . Supposing the transformations are only applied to the
mean vectors, the transformation Or = (A' , BP) provides a new estimate
of the Gaussian means: 



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
transformations under the maximum likelihood criterion defined by:  WO
20081033095PCT/SG20061000272 28 kiJ) =(29) To maximise this
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)) =
C P (0 \ W(A)) E yrs (t)logN(o1,-,Le2,-,) (30) = C + P(0]
jP(A))y:(t)logN(o:,7,4",-cis + ,     where C is a constant dependent on the
transition probabilities, R is the number of 10speakers in the training data
set, S is the number of Gaussian 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. 



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
parameters are kept fixed [20].     Figure 6 shows the framework of the
11S module 119 of Figure 3. The ITS block 119 20accepts text 117 and
generates synthesised speech 316 as output. The HS 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 25linguistic and phonetic information 304 that represents
pronunciation and linguistic features of the input text 11 7 . The prosody
generation component 306 generates  WO
2008/033095PCT/SG20061000272 29 prosody information (duration,
pitch, energy) with one or more prosody models 308. The prosody
information and phonetic information 304 are combined in a prosodic and
phonetic information signal 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
database 314. In recent times, 11 S techniques have advanced
significantly. With state-of-the-art technology, TTS systems can generate
very high quality speech [22, 23, 24]. This makes the use of a 'ITS system
in utterance verification processes possible. A TTS 10module can
enhance an utterance verification process in 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
prosody of the user's recorded speech; and (2) the speech generated by
the ITS module can be used as a speech reference template for
evaluating the user's recorded speech. 15 The prosody generation
component of the 'ITS 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 20 part (text processing 300 of Figured) of the TT'S
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
detaillined for the user's language . Then, a 



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
node, mean value of the class, standard deviation of the class for the i-th
prosody parameter respectively. The predicted prosody parameters are
used (1) to find the proper speech units in the speech generation module
312, and (2) to calculate the prosody score for utterance verification. 10
The speech generation component generates speech utterances based
on the pronunciation (phonetic) and prosody parameters. There are a
number of ways to generate speech [21, 24]. Among them, one way is to
use the concatenation 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
ISproper 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
2A0permutations 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:
25Croft!! =Unil( ) iCConnection(1)(34) where the Crow is total cost for the
selected unit sequence, C11(i) is the unit cost of unit i, C20n"0110 (1) is
the connection cost between unit i and unit i4-1. Unit 0 and n+1 are
defined as start and end symbols to indicate the start and end respectively
of the  WO 2008/033095PCTISG20061000272 



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
of TTS, For Figure 7, the steps are explained below:  The 1'! S component
converts the input text into a speech signal and generates reference
prosody at the same time. to The prosody 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
descriptions and outputs a prosodic score. Is 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:  The Prosody derivation block calculates prosody
parameters from speech signal. 20 The acoustic evaluation block
compares the two input speech utterances and outputs an acoustic score,
The prosodic evaluation block compares the two input prosody
descriptions and outputs a prosodic score.          The score fusion block
calculates the final score of the whole evaluation. All the 25scores 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 30not restricted to language learning, but extends to any
system of speech recognition including, for example, voice authentication.
Finally, it will be appreciated that 



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
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Claims  1. Apparatus for speech utterance verification, the apparatus
being configured to compare a first prosody component derived from a
recorded speech utterance with a corresponding second prosody
component for a reference speech utterance and to determine a prosodic
verification evaluation for the recorded speech utterance unit in
dependence of the comparison.  2. Apparatus according to claim 1,
wherein the apparatus is configured to todetermine 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 15speech 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 20components 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 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
of the recorded speech utterance unit to provide a transformed prosody
component;         a comparison of the transformed prosody component
with a corresponding 30predicted prosody component derived from the
reference speech utterance unit to provide a normalised transformed
prosody component;  MCSt...LP 37 a vectorisation of a plurality of
normalised transformed prosody components to form a normalised
parameter vector; and a transform of the normalised parameter vector to
provide a transformed normalised parameter vector. 5  5. Apparatus
according to any of claims 2 to 4, the apparatus being configured to
determine the prosodic verification evaluation from a comparison of first
and second prosody components for speech utterance rhythm from: a
determination of recorded time intervals between pairs of recorded speech
toutterance 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 15speech 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
20determine 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 detelinination of the reference pitch mean of a plurality
of reference speech 25utterance 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.  MCSI 38
7. Apparatus according to any of claims 2 to 6, wherein the apparatus is
configured to determine a composite prosodic verification evaluation from
one or more of: the transformed normalised duration deviation; 



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
determine a composite prosodic verification evaluation from a weighted
sum of at least 10two of: the transformed normalised duration deviation;
the transformed normalised parameter vector; the transformed normalised
time interval deviation; and the transformed normalised pitch deviation, 15
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; 20transform 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. 25  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.  MC 3 39 11.Apparatus
according to claim 9 or claim 10, wherein the apparatus is configured 



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 prosodic verification evaluation for
recorded speech utterance unit prosody and a prosodic verification
evaluation for recorded speech utterance across-unit prosody.
1013.Apparatus according to ally preceding claim, wherein the apparatus
further comprises a text-to-speech module, the apparatus being
configured to generate the reference speech utterance using the
text-to-speech module.  14. Apparatus according to claim 13, wherein the
apparatus is configured to  15 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
20acoustic model from a speaker adaptive training module.  16.
Apparatus according to claim 14 or claim 15, wherein die apparatus is
configured to determine the acoustic verification evaluation from:           a
normalisation of a first acoustic parameter derived from the recorded
speech 25utterance 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; 30a determination of a second
likelihood value that the second acoustic parameter corresponds to a
particular utterance; and  ftit(t531 40 



a comparison of the first likelihood value and the second likelihood value.
17. A method for speech utterance verification, the method comprising
comparing a first prosody component derived from a recorded speech
utterance with a corresponding second prosody component for a
reference speech utterance and determining a prosodic verification
evaluation for the recorded speech utterance unit in dependence of the
comparison.   18. The method of claim 17, the method comprising
determining the prosodic to 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 15speech 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 20utterance 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 25prosodic
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 30prosody component
derived from the reference speech utterance unit to provide a normalised
transformed prosody component;  41 



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
21. The method of any of claims 18 to 20, the method comprising
determining the prosodic verification evaluation by comparing first and
second prosody components for speech utterance rhythm by: determining
recorded time intervals between pairs of recorded speech utterance
10units; 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 15speech 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
20prosodic 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; 25units;
determining the reference pitch mean of a plurality of reference speech
utterance  



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
normalised pitch deviation.  42  23. The method of any of claims 18 to 22,
the method comprising determining a composite prosodic verification
evaluation from one or more of: the transformed normalised duration
deviation; the transformed normalised parameter vector; 5the transformed
normalised time interval deviation; and the transformed normalised pitch
deviation.  24. The method of claim 23, the method comprising
determining a composite prosodic verification evaluation from a weighted
sum of at least two of: 10the transformed normalised duration deviation;
the transformed normalised 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
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 



20wherein 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 25the 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 30the prosodic verification
evaluation for at least one of recorded speech utterance unit prosody and
recorded speech utterance across-unit prosody.  MCSLLP 43 28.The
method of claim 27, the method further comprising determining a
composite prosodic verification evaluation from a weighted sum of a
prosodic verification evaluation for recorded speech utterance unit
prosody and a prosodic verification evaluation 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
using a text-to-speech module.  30. The method of claim 29, further
comprising generating an acoustic model , 10determining 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 



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
second acoustic parameter for the reference speech utterance unit;
determining a first likelihood value that the first acoustic parameter
corresponds to a particular utterance; 25determining 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. 


