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(54) A text-to-speech system and method

(57) A system and method for generating synthetic
speech is disclosed. The invention operates in a compu-
ter implemented Text-To-Speech system comprising at
least a speaker database that has been previously cre-
ated from user recordings, a Front-End system to receive
an input text and a Text-To-Speech engine. Particularly,
the Front-End system generates multiple phonetic tran-
scriptions for each word of the input text, and the TTS
engine is using a cost function to select which phonetic
transcription is the more appropriate for searching the
speech segments within the speaker database to be con-
catenated and synthesized.
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Description
Technical field

[0001] The present invention relates generally to
Text-To-Speech system and method, and more particu-
larly to such system and method based on concatenative
technology.

Background

[0002] Text-To-Speech (TTS) systems generate syn-
thetic speech simulating natural speech from an input
text. TTS systems based on concatenative technology
usually comprise three components: a Speaker Data-
base, a TTS Engine and a Front-End.

[0003] The Speaker Database is firstly created by re-
cording a large number of sentences that are uttered by
a speaker, the speaker utterances. Those utterances are
transcribed into elementary phonetic units that are ex-
tracted from the recordings as speech samples (or seg-
ments) that constitute the speaker database of speech
segments. Itis to be appreciated that each database cre-
ated is speaker-specific.

[0004] The Front-End that is generally based on lin-
guistic rules and is the first component used at runtime.
Ittakes aninput text and normalizes it to generate through
a phonetizer one phonetic transcription for each word of
the input text. It is to be appreciated that the Front-End
is speaker independent.

[0005] The TTS engine then selects for the complete
phonetic transcription of the input text the appropriate
speech segments from a speaker database and concate-
nates them to generate synthetic speech. The TTS en-
gine may use any of the available speaker databases (or
voices), but only using one at a time.

[0006] As mentioned above, the Front-End is speaker
independent and generates the same phonetic transcrip-
tions even if databases of speech segments from differ-
ent speakers (i.e. different "voices") are being used. But
in reality, speakers (even professional ones) do differ in
their way of speaking and pronouncing words, at least
because of dialectal or speaking style variations. For ex-
ample, the word "tomato" may be pronounced [tom ah
toe] or [tom hey toe].

[0007] Current Front-End systems predict phonetic
forms using speaker-independent statistical models or
rules. Ideally, the phonetic forms output by the Front-End
should match the speaker’s pronunciation style. Other-
wise, the target phonetic forms prescribed by the
Front-End don’t find good matches in the speaker data-
base and this is resulting in a degraded output signal.
[0008] Inthe case of arule-based Front-End, the rules
are in most cases created by expertlinguists. For speaker
adaptation, each time a new voice (i.e. a TTS system
with a new speaker database) is created, the expert
would have to adapt manually the rules to the speaker’s
speaking style. This may be very time consuming.
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[0009] Inthe case of a statistical Front-End, a new one
dedicated to the speaker must be trained, which is time
consuming too.

[0010] Thus, the current speaker-independent
Front-End systems force pronunciations which are not
necessarily natural for the recorded speakers. Such mis-
matches have a very negative impact on the final signal
quality, by causing a lot of concatenations and signal
processing adjustments.

[0011] Thus it would be desirable to have a
Text-To-Speech system that do not impact the quality of
thefinal signal due to mismatches between the Front-End
phonetic transcriptions and the recorded speech seg-
ments. The present invention offers such solution.

Summary of the invention

[0012] Accordingly, the main object of the invention is
to provide a Text-To-Speech system and to achieve a
method which highly improves the quality of the synthe-
sized speech generated, by reducing the number of ar-
tefacts between speech segments, thereby saving a lot
of time processing.

[0013] To summarize, when a sequence of phones is
prescribed by the Front-End, there are different sequenc-
es of speech segments that can be used to synthesize
this phonetic sequence, i.e. several hypotheses. The
TTS engine selects the appropriate segments by oper-
ating a dynamic programming algorithm which scores
each hypothesis with a cost function based on several
criteria. The sequence of segments which gets the lowest
cost is then selected. When the phonetic transcription
provided by the Front-End to the TTS engine at runtime
matches well the recorded speaker’s pronunciation style,
it is easier for the engine to find a matching segment
sequence in the speaker database. There is less signal
processing required to smoothly splice the segments to-
gether. In this setup, the search algorithm evaluates sev-
eral possibilities of phonetic transcription for each word
instead of only one, then computes the best cost for each
possibility. In the end, the chosen phonetic transcription
will be the one which yields the lowest concatenative cost.
For example, the Front-End may phonetize "tomato" into
the two possibilities [tom ah toe] or [tom hey toe]. The
one that matches the recorded speaker’s speaking style
is likely to bear a lower concatenation cost, and will there-
fore be chosen by the engine for synthesis.

[0014] In a preferred embodiment, the invention oper-
ates in a computerimplemented Text-To-Speech system
comprising at least a speaker database that has been
previously created from user recordings, a Front-End
system to receive an input text and a Text-To-Speech
engine. Particularly, the Front-End system generates
multiple phonetic transcriptions for each word of the input
text, and the TTS engine is using a cost function to select
which phonetic transcription is the more appropriate for
searching the speech segments within the speaker da-
tabase to be concatenated and synthesized.
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[0015] More generally, a computer system for gener-
ating synthetic speech comprises:

(a)a speaker database to store speech segments;
(b)a front-end interface to receive an input text made
of a plurality of words;

(c)an output interface to audibly output the synthetic
speech; and

(d)computer readable program means executable
by the computer for performing actions, including:

(i)creating a plurality of phonetic transcriptions
for each word the input text;

(iilcomputing a cost score for each phonetic
transcription by operating a cost function on the
plurality of speech segments; and

(iii)sorting the plurality of phonetic transcriptions
according to the computed cost scores.

[0016] In a commercial form, the computer readable
program means is embodied on a program storage de-
vice that is readable by a computer machine.

[0017] Another object of the invention is to provide a
method as defined in the method claims.

Brief description of the drawings

[0018] The above and other objects, features and ad-
vantages of the invention will be better understood by
reading the following more particular description of the
invention in conjunction with the accompanying drawings
wherein :

B Figure 1 is a general view of the system of the
present invention;

H Figure 2 is a flow chart of the main steps to gen-
erate a synthetic speech as defined by the present
invention;

M Figure 3 shows an illustrative curve of the cost
function;

B Figures 4-a and 4-b exemplify the preferred seg-
ments selection in a first-pass approach;

M Figure 5 exemplifies the preferred segments se-
lection in a one-pass approach.

Detailed description of the invention

[0019] A Text-To-Speech (TTS) system according to
theinventionisillustratedin Figure 1. The general system
100 comprises a speaker database 102 to contain speak-
er recordings and a Front-End block 104 to receive an
input text. A cost computational block 106 is coupled to
the speaker database and to the Front-End block to op-
erate a cost function algorithm. A post-processing block
108 is coupled to the cost computational block to con-
catene the results issued from the cost computational
block. The post-processing block is coupled to an output
block 110 to produce a synthetic speech.
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The TTS system preferably used by the presentinvention
is a concatenative technology based one. It requires a
speaker database built from the recordings of one speak-
er. However, without limitation of the invention, several
speakers canrecord sentences to create several speaker
databases. In application, for each TTS system, the
speaker database will be different but the TTS engine
and the Front-End engine will be the same.

However, different speakers may pronounce a given
word in different ways, even in a specific context. In the
following two examples, the word "tomato" may be pro-
nounced [tom ah toe] or [tom hey toe] and the French
word "fenétre" may be pronounced [fenétre]or[fen
etr]or[fnetr].Ifthe Front-End predicts the pronunciation
[f e n & t r] while the recorded speaker has always pro-
nounced [fn & tr], then it will be difficult to find the missing
[e] in this context for this word in the speaker database.
On the other hand, if the speaker has used both pronun-
ciations, it could be useful to choose one or the other
depending on the others constraints which can be differ-
ent from one sentence to another. Then, the Front-End
provides multiple phonetic transcriptions for each word
of the input text and the TTS engine will choose the pre-
ferred one when searching the speech segments record-
ed in order to achieve the best possible quality of the
synthetic speech.

[0020] As already mentioned, the speaker database
used in the TTS system of the invention is builtin a usual
way from a speaker recording a plurality of the sentences.
The sentences are processed to associate to each of the
recorded word an appropriate phonetic transcription.
Based on the speaker speaking style, the phonetic tran-
scriptions may differ for each occurrence of the same
word. Once the phonetic transcription of every recorded
word is done, each audio file is divided into units (so
called speech samples or segments) according to these
phonetic transcriptions. And the speech segments are
classified according to several parameters like the pho-
netic context, the pitch, the duration or the energy. This
classification constitutes the speaker database from
which the speech segments will be extracted by the cost
computational block 106 during runtime as it will be ex-
plained later and then will be concatenated within the
post-processing block 108 to finally produce synthetic
speech within the output block 110.

[0021] Referring now to figure 2, the main steps of the
overall process 200 to issue an improved synthetic
speech as defined by the present invention is described.
[0022] The process starts on steps 202 with the recep-
tion of an input text within the Front-End block. The input
text may be in the form of a user typing a text or of any
application transmitting a user request.

[0023] On step 204, the input text is normalized in an
usual way well known by those skilled in the art.

[0024] On next step 206, several phonetic transcrip-
tions are generated for each word of the normalized text.
Itis to be appreciated that the way the Front-End gener-
ates multiple phonetic forms is not critical as long as all
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the alternate forms are correct for the given sentence.
Thus a statistical or rule-based Front-End may be indif-
ferently used or any Front-End based on any other meth-
ods. The person skilled in the art would find complete
information on statistical Front-End system in
« Optimisation d’arbres de décision pour la conversion
graphémes-phonémes », H.Crépy, C.Amato-Beaujard,
J.C. Marcadetand C. Waast-Richard, Proc. of XXIVémes
Journées d’Etude sur la Parole, Nancy, 2002 and more
complete information on rule-based Front-End systems
in « Self-learning techniques for Grapheme-to-Phoneme
conversion », F.Yvon, Proc. of the 2nd Onomastica Re-
search Colloquim, 1994.

Whatever the Front-End system used, it has to disam-
biguate non-homophonic homographs by itself (e.g.
"record" [r ey k or d] and "record" [r e k o r d]) and it has
to propose phonetic forms that are valid for the word us-
age in the sentence.

To illustrate this on the previous example of the word
"fenétre" which can be pronounced [feneéetre],[fené
tr] or [f n & tr], depending on speaking style, the chosen
Front-End block may generate these three phonetic
forms.

By contrast, the French word "président" has two possible
pronunciations depending on its grammatical class: [p r
ézidan]ifitisanounor[preézid]ifitisaverb. The
choice of one or the other is totally depending on the
sentence syntax. In this case the Front-End must not
generate multiple phonetic transcription for the word
"président”.

[0025] On step 208, the Front-End produces a predic-
tion of the overall pitch contour of the input text (and so
produces incidentally the pitch values), the duration and
the energy of the speech segments, the well-known pros-
ody parameter. Doing so, the Front-End defines targeted
features that will be then used by the search algorithm
on next step 210.

[0026] Step 210 allows to operate a cost function for
each phonetic transcription provided by the Front-End.
A speech segment extraction is made, and given a cur-
rent segment, this search algorithm aims at finding the
next best segments among those available, to be con-
catenated to the current one. This quest takes into ac-
count the features of each segment and the targeted fea-
tures provided by the Front-End. The search routine al-
lows to evaluate several pathsin parallel as itis illustrated
in figure 3.

For each unit selection as pointed by a different letter in
the example of figure 3, several segments are costed
and selected given the previous selected candidates (if
any). For each segment a concatenated cost is computed
by the cost function and the ones that have the lowest
costs are added to a grid of candidate segments. The
cost function is based on several criteria which are tun-
able, (e.g. they can be weighted differently). Forinstance,
if phonetic duration is deemed very important, a high
weight to this criterion will penalize the choice of seg-
ments which have duration very different from the target-
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ed duration.

[0027] Next, on step 212, the best/preferred path is
selected, which is in the preferred embodiment the one
that yields the overall lowest cost. The segments aligned
to this path are then kept. Once the algorithm has found
the best path among the several possibilities, all selected
speech samples are concatenated on step 214 using
standard signal processing techniques to finally produce
synthetic speech on step 216. The best possible quality
of the synthetic speech is achieved when the search al-
gorithm successfully limits the amount of signal process-
ing applied to the speech samples. If the phonetic tran-
scriptions used to synthesize a sentence are the same
as those that were actually used by the speaker during
recordings, the dynamic programming search algorithm
will likely find segments in similar contexts and ideally
contiguous inthe speaker database. When two segments
are contiguous in the database, they can be concatenat-
ed smoothly as almost no signal processing is involved
in joining them. Avoiding or limiting the degradation in-
troduced by signal processing, leads to better signal qual-
ity of the synthesized speech. Providing several alternate
candidate phonetic transcriptions to the search algorithm
increases the chances of selecting best-matching speak-
er's segments, since those will exhibit lower concatena-
tion costs.

To read more details on the concatenation and produc-
tion of synthetic speech, the person skilled in the art
would refer to «Current status of the IBM Trainable
Speech Synthesis System», R. Donovan, A. Ittycheriah,
M. Franz, B. Ramabhadran, E. Eide, M. Viswanathan, R.
Bakis, W. Hamza, M. Picheny, P. Gleason, T. Ruther-
foord, P. Cox, D. Green, E. Janke, S. Revelin, C. Waast,
B. Zeller, C. Guenther, and S. Kunzmann, Proc. of the
4th ISCA Tutorial and Research Workshop on Speech
Synthesis, Edinburgh, Scotland, 2001 and to «Recent
improvements to the IBM Trainable Speech Synthesis
System», E. Eide, A. Aaron, R. Bakis, P. Cohen, R. Do-
novan, W. Hamza, T. Mathes, J. Ordinas, M. Polkosky,
M. Picheny, M. Smith, and M. Viswanathan, Proc. of the
IEEE Int. Conf. on Acoustics, Speech, and Signal
Processing, Hong Kong, 2003.Front-End.

[0028] It is to be noted that two methods of selecting
the most appropriate phonetic transcriptions may be
used: afirst pass method or a one-pass selection method,
now detailed.

[0029] The first pass method consists of running the
search algorithm in a first pass only to perform the pho-
netic transcription selection. The principle is to favor the
phonetic criterion in the cost function, e.g. by setting a
zero (or extremely small) weight to the others criteria in
order to emphasize the phonetic constraints. This meth-
od maximizes the chances of choosing a phonetic form
identical or very close to the ones used by the speaker
during recordings. For each phonetic form provided by
the Front-End for a word, different paths are evaluated
as shown on figure 3-a. The best paths of all the phonetic
forms are compared and the very best one is the phonetic
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transcription retained for the further speech segments
selection (step 212). Once the phonetic transcription is
chosen, the TTS engine goes on in a second pass with
the usual speech segments search given the result of
this first pass as shown on figure 3-b.

[0030] The second approach 'the one pass selection’
allows to select the appropriate phonetic form amongst
multiple phonetic transcriptions by introducing them into
the usual search step. The principle is mainly the same
as the previous method except that only one search pass
is done and no parameters of the cost function are strong-
ly favored. All parameters of the cost function are tuned
toreach the besttradeoffin the segments choice between
the phonetic forms and the other constraints. If a speaker
has pronounced a word in different manner during re-
cordings, the choice of the best suitable phonetic tran-
scription may be helped by the others constraints like the
pitch, duration, type of the sentence. This is illustrated
on figure 4. For instance, here are two French sentences
with the same word 'fenétre’ pronounced differently:

(1) La fenétre est ouverte.

with the word 'fenétre’ pronounced [fenétr], and
(2) Ferme la fenétre !

with the word 'fenétre’ pronounced [fnétr].

[0031] The first sentence is affirmative while the sec-
ond one is exclamatory. These sentences differ in pitch
contour, duration and energy. During synthesis this in-
formation may help to select the appropriate phonetic
form because it will be easier for the search algorithm to
find speech segments close to the predicted pitch, dura-
tion and energy in sentences of a matching type, for ex-
ample.

[0032] In this implementation, the phonetic transcrip-
tion selection is done at the same time as the speech
units selection. Then the segments are concatenated to
produce the synthesized speech.

Claims
1. A Text-To-Speech system comprising:

means (102) for storing a plurality of speech seg-
ments;

means (104) for creating a plurality of phonetic
transcriptions for each word of an input text;
means (106) coupled to the storing means and
to the creating means for selecting preferred
phonetic transcriptions by operating a cost func-
tion on the plurality of speech segments.

2. The system of claim 1 wherein the means for select-
ing preferred phonetic transcriptions comprises
means for computing a cost score for each phonetic
transcription of the plurality of phonetic transcriptions
and means for sorting the plurality of phonetic tran-
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10.

1.

12.

13.

scriptions according to the computed cost scores.

The system of claim 1 or 2 wherein the means for
creating a plurality of phonetic transcriptions com-
prises rule-based means.

The system of claim 1 or 2 wherein the means for
creating a plurality of phonetic transcriptions com-
prises statistical means.

The system of anyone of claims 1 to 4 wherein the
means for creating a plurality of phonetic transcrip-
tions further comprises means to normalize the input
text.

The system of anyone of claims 1 to 5 wherein the
means for creating a plurality of phonetic transcrip-
tions further comprises means to generate prosody
parameters.

The system of claim 6 wherein the prosody param-
eters are input to the means for selecting the pre-
ferred phonetic transcriptions.

The system of anyone of claims 1 to 7 wherein the
means for selecting the preferred phonetic transcrip-
tions further comprises means for selecting pre-
ferred speech segments associated to the preferred
phonetic transcriptions.

The system of claim 8 further comprising concate-
nation means to concatene the preferred speech
segments.

The system of claim 9 further comprising means cou-
pled to the concatenation means to output synthetic
speech from the concatenated speech segments.

In a Text-To-Speech system, a method for selecting
preferred phonetic transcriptions of an input text
comprising the steps of:

storing a plurality of speech segments;
creating a plurality of phonetic transcriptions for
each word of an input text;

computing a cost score for each phonetic tran-
scription by operating a cost function on the plu-
rality of speech segments; and

sorting the plurality of phonetic transcriptions ac-
cording to the computed cost scores.

The method of claim 11 further comprising the step
of normalizing the input text before creating the plu-
rality of phonetic transcriptions.

The method of claim 11 or 12 further comprising the
step of generating prosody parameters after the step
of creating a plurality of phonetic transcriptions.
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The method of anyone of claims 11 to 13 further com-
prising the step of selecting preferred speech seg-
ments after the step of sorting the plurality of phonetic
transcriptions.

The method of claim 14 further comprising the step
of concatenating the preferred speech segments.

The method of claim 15 further comprising the step
of outputting synthetic speech after the concatenat-
ing step.

The system of anyone of claims 1 to 10 wherein the
means for storing a plurality of speech segments,
the means for creating a plurality of phonetic tran-
scriptions for each word of an input text and the
means for selecting preferred phonetic transcrip-
tions are computer readable program means exe-
cutable by a computer machine.

A program storage device readable by a computer
machine, tangibly embodying the computer readable
program means of claim 17.

A computer system for generating synthetic speech
comprising:

(a)a speaker database to store speech seg-
ments;

(b)a front-end interface to receive an input text
made of a plurality of words;

(c)an output interface to audibly output the syn-
thetic speech; and

(d)computer readable program means execut-
able by the computer for performing actions, in-
cluding:

(i)creating a plurality of phonetic transcrip-
tions for each word the input text;
(ii)computing a cost score for each phonetic
transcription by operating a cost function on
the plurality of speech segments; and
(iii)sorting the plurality of phonetic transcrip-
tions according to the computed cost
scores.

The system of claim 19 wherein the computer read-
able program means is embodied on a program stor-
age device readable by a computer machine.
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