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Abstract
This paper describes the development of a new text-to-

speech synthesis system in French. The system is based on se-
lection and concatenation of natural speech segments, taken in
large annotated speech data bases. In a first part the databases
design, content and annotation procedures are presented. It ap-
peared that about 1 hour speech databasesare large enough for a
building a TTS system. In a second part, the system architecture
is described. A key feature of the present system is that only 4
simple and efficient selection criteria are proposed. A formal
comparative evaluation procedure is described in the third part.
The experiments show that the new system is preferred along all
the evaluation categories to the previous system, which is based
on diphone concatenation and synthesis by rules of the prosody.
The most significant improvements brought by the new system
seems to be for voice pleasantness and overall impression.

1. Introduction
This paper describes the development of a new corpus-based
text-to-speech (TTS) synthesis system for the French language,
which is based on speech segments selection and concatena-
tion. Along the lines proposed for Japanese and English by e.g.
[8, 4, 5, 3, 6], following the pioneering work of [11], non uni-
form speech segments are used for synthesis. The present syn-
thesis system does not use any rules either at the segmental or
suprasegmental levels. It is entirely based on optimal selection
and concatenation of natural speech segments.

The system can be split into tree main components. A pre-
liminary phase consists in choosing or recording a given speech
database, together with the associated texts. The task of the
first (off-line) component consists in automatic analysis and la-
beling of the speech and text databases. Then two (on-line)
components are used for synthesis: a text analysis and target
generation component, and a signal selection and concatena-
tion component. The goal of the text analysis/target generation
component is to convert the input text into a phonological de-
scription consisting in a phoneme chain associated to some sort
of prosodic and accentual description. The goal of the selec-
tion/concatenation component is to find in the database possible
speech segments, according to the desired target, and to select
an optimal sequence of segments. Then this optimal sequence
is smoothly concatenated to give birth to synthetic speech.

Both a phonological description of the database (e.g.
phonemes, break indices, syllables, ldots) and a phonetic de-
scription of the database (e.g. segment durations, pitch: : : )
are needed for segment selection. These annotations are gen-
erated almost automatically, using automatic speech alignment,
and automatic prosodic analysis and stylization. Compared to

other selection synthesis systems, our system makes use of very
few criteria for segment selection, and is based on a very simple
data structure. This allows for a relatively small system, which
runs in real time on a standard personal computer.

The speech quality obtained has been checked using a sub-
jective overall quality test [12]. The new system has been com-
pared to our diphone TTS, and demonstrated a significant im-
provement along certain lines, like voice pleasantness.

This paper is organized as follows. In section 2, the
database design and development is described. Section 3
presents the architecture of the synthesis system, the data struc-
ture, the selection criteria, the optimal selection algorithm, and
the concatenation procedure. Section 4 presents the perceptual
assessment test and discusses its results. Section 5 is a brief
conclusion.

2. Database structure and development
2.1. Voices, lexical and segmental content

A main advantage of corpus-based synthesis is the possibility
to change quickly and efficiently the system voice, and then to
offer multiple voices, or even multiple voice qualities depending
on the content of the speech database.

For this project, we started with a publicly available large
database of read speech, containing speech samples and texts
for 120 male and female speakers [7]. This database has
been carefully designed for training speaker independentspeech
recognition systems. It contains foreach voice all the phones,
and most of the diphones and triphones that are actually used
in French read speech. Several speakers from BREF have been
used as sources for the synthesis system. This database contains
phonemes strings aligned with the input orthographic text and
the acoustic signal.

In a second stage, we recorded 3 new speech databases.
These bases, that are used in the evaluation experiment reported
in section 4, are only medium sized, about 20 or 30 times the
size of a diphone database. The texts already used for BREF
are read by a female and two male speakers. Speech signal is
recorded in a sound insulated booth, on the two tracks of a DAT
recorder: acoustic signal is recorded on the first track, and the
Electroglottographic signal is recorded on the second track. For
each speaker, about 1 hour to 1,5 hours of speech is recorded
at 48 kHz, and then downsampled at 16 kHz. For instance for
the databasesel1, 550 sentences are recorded (about 75 mn of
speech). These 550 sentences contain 10784 phonetic words,
corresponding to 2923 different phonetic words. Phonetic word
means the phonetic transcription of an orthographic word. De-
spite this relatively little number of differentphonetic words,
the data base coverage in terms of phonetic words is rather

��������	
���������
	������	����������		����

������������	�������

������� !���	����"#���$�� %%$

ISCA Archive
����&''((()�����������)���'�����*�



0

1000

2000

3000

4000

5000

6000

1 2 3 4 5 6 7 8 9 101112131415

#
 o

f 
w

o
rd

s

size of words (phoneme)

0
100
200
300
400
500
600
700
800
900

1 2 3 4 5 6 7 8 9 10 11 12 13 14 15

#
 o

f 
d
if

fe
re

n
t 

w
o
rd

s

size of words (phoneme)

Figure 1: Phonemic content of phonetic words. Left panel:
number of occurrence of phonetic words as a function of their
number of phonemes. Right panel: Number of different pho-
netic words, as a function of their number of phonemes.

good. When taking at random 10000 words in the same type
of text corpus (same newspaper texts), our experiments showed
that more than 73 % of the corresponding phonetic words are
present in the database. When performing the same measure
using a list of 100000 words, the same result is obtained. Of
course this result may be subject to changes according to the
particular domain which is aimed at for synthesis. In the present
study, we envisaged only newspaper texts.

In terms of segmental units, the 75 mn database contain of
course all the phonemes, about 927 diphones (i.e. 75 % of the
theoretically possible diphones), and about than 2200 different
(phonetic) syllables. The database coverage in terms of sylla-
bles is very good. Like for the words, when taking 10000 sylla-
bles at random in the same type of text corpus, one find almost
95 % of the phonetic syllables in the 75 mn database.

Figure 2.1 illustrates thephonetic content of the pho-
netic words (these figures were computed on the same 75 mn
database). The average length for different phonetic words is 5
phones (see right panel). However this figure does not take into
account the frequency of occurrence for phonetic words. On the
left panel, it is shown that most of the phonetic words observed
in the database (and thus presumably in texts to be synthesized
also) are mono- or diphones.

Finally, it must be pointed out that the 75 mn speech
database results in about 144 Mbytes of raw data: it is 28 times
larger than the size of our diphone database for French synthe-
sis.

In summary, even a relatively “small” large corpus covers
most of the diphones, most of the syllables, and a large majority
of the phonetic words that are likely to occur, at least when
synthesizing texts similar to those used for building the speech
database.

2.2. Labeling

After signal recording, the database must be enriched with
phonemic, phonetic and prosodic information. The speech sig-
nal and phonetic transcription are aligned automatically using
the LIMSI speaker-independent speech recognition system [1].
For alignment of read texts, this system is reliable enough for
our speech synthesis purpose, as it make very few errors. The
output of the speech/phoneme alignment stage is very simple:
for each speech signal file, an associated phone file containing
the first and last samples for each phonemic label is produced.
In the following, phoneme means the abstract segmental cate-
gory, and phone any occurrence of a phoneme. Note also that
the silence is considered as a phoneme. It means that sentence
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Figure 2:Histograms of durations (top panels) and pitch (bot-
tom panels) for the phoneme /l/ (left panels) and /e/ (right pan-
els), for all diphones /le/ in thesel1database.

initial and sentence finalphonemes are implicitly stored in the
database.

The following information is derived from automatic
phoneme labeling, and stored in the database:

1. phone labels, and phone position in the speech file.

2. position of thephone in the phonetic word (initial, me-
dian, final)

3. phonetic syllables

4. right context of the phone

Some prosodic analysis is also performed on the speech sig-
nals. Pitch and durations are computed for each phone. The
pitch value that is retained is not the raw pitch value, but the
perceptually-stylized pitch value, according to the Weighted
Time Average Model (WTAM) of syllabic pitch perception [2].
Statistics of pitch and durations are also computed. The fol-
lowing information is derived from automatic F0 analysis and
stylization, and stored in the database:

1. WTAM pitch for each phone.

2. duration for each phone.

3. histograms of WTAM pitch for all phonemes.

4. histograms of duration for all phonemes.

Figure 2.2 shows the repartition of durations (top panels)
and pitch (bottom panel) for two examples of phoneme (/l/ left
panels, and /e/ right panels), taken in the diphone /le/. Note that
there are 289 occurrencesof the diphone /le/ in thesel1database
. These histograms are used before the synthesis stage for es-
timation of average values for each phoneme, and for database
pruning. To avoid too much intonation discontinuity in the syn-
thetic signal, phones with extreme values are filtered out of the
data base, and are not used for synthesis.
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Figure 3:Architecture of the Selection/Concatenation synthesis
system

2.3. Database structure

We tried to keep organization of the database as simple as pos-
sible, using a 2-layer classification tree, including phonemes
and diphonemes. Each cell of the first layer correspond to one
phoneme (35 phonemes are used in this system for the French
language): the cell is pointing to all the occurrences that are
present in the database, together with the associated informa-
tion. This first layer is pointing to the second layer, which con-
tains diphone informations. For each diphone, the cell is point-
ing to all the occurrences that are present in the database, to-
gether with the associated information. This does not mean that
diphone units are playing a specific role at the synthesis stage.
On the contrary, all types of segment, ranging from one phones
to chains of several phones, are actually selected for synthesis.
Clearly, any chain of N phones can be retrieved using a diphone
chain: therefore it is not necessary to store long units, like 3-
phone, 4-phones, 5-phones and so one.

3. Synthesis system
An overview of the synthesis system is given in Figure 3. In
addition to the database that has been discussed above, the sys-
tem can be split into two main functional components. The first
component is the text analysis system, and the second compo-
nent is the selection and concatenation engine, that will be re-
viewed in more detail below.

3.1. Text analysis

The first part of the synthesis system is shared by the selec-
tion/concatenation and by the diphone synthesis systems. It
is based on previous work on text preprocessing, grapheme-
to-phoneme conversion, morphosyntactic analysis and prosodic

phrasing in French. The output of the text analysis stage is a
target phonological representation of the speech utterance to
be synthesized. This target representation is defined in terms
of a phoneme chain, enriched with prosodic boundaries and
prosodic marks. The goal of the selection algorithm is to find in
the database the optimal chain of speech segments that can be
considered as a particular production of this phonological target
representation.

The phonological target is expressed as a 3-layer chain. The
first layer corresponds always to phonemes (including silence,
that is considered as a phoneme). The second layer contains
the position of thephoneme in the word (initial=1; median=0;
final=2; monophone=3). A third layer contains the position of
the phone in the syllable. With this mechanism, function words
and contents words are very likely to be selected at the good
places. Also, word accents are very likely to be selected at their
places, because (in French) they depend mainly of the initial and
final syllables. Consider for instance the the part of sentence:

: : : tout en demeurant le: : :
Then, the corresponding tree-layers phonological target

will represent both the phonemes and their position in phonetic
words and phonetic syllables:

t u t A d x m x r A l x
1 0 2 3 1 0 0 0 0 2 1 2
1 2 1 2 1 2 1 2 1 2 1 2

3.2. Selection criteria

The aim of the selection algorithm is to find the optimal chain
that may be considered as a particular production of the target
chain. In this system, we tried to reduce the selection criteria
as much as possible, contrary to other systems, that are using
20 or 30 criteria [8]. This is because on the one hand it is very
difficult to understand the meaning of a criterion among many
criteria. On the other hand few criteria result in a smaller and
faster system.

The first part of the selection algorithm search in the data
base all the possible combinations of segments that may rep-
resent the input target chain (i.e. the good phones in the good
positions). Then the optimal chain among the array of possible
chains is searched for using a dynamic programming algorithm.
This algorithm makes use of a distance, or cost, between chains,
that are weighted according to selection criterion. Only four se-
lection criteria are used in the current version of the system:

Target criterion 1: find the good phone with the good position
in the corresponding phonetic word.

Target criterion 2: find the good phone with the good position
in the corresponding phonetic syllable.

Concatenation criterion 1: take adjacent phones in the same
speech segment.

Concatenation criterion 2: avoid too large pitch differences
between adjacent phones.

For each candidate chain, the associated costC is computed
as the sum of the costs for each sub-chain that is composing the
chainCi in the chain:C =

P
i
Ci. The cost of each sub-chain,

is computed as a weighted sum of two components for each seg-
mentui. The first component (with the associated target weight
!t) is the target costCt(ui; ut) corresponding to the target cri-
teria. The second component is the concatenation cost (with



the associated concatenation weight!c), according to the con-
catenation criteria, betweenui andui�1, namelyCc(ui; ui�1).
Then the cost for a sub-chain is given by:

Ci = !cCc(ui; ui�1) + !tCt(ui; ut)

The concatenation cost in turn is decomposed into a chain
continuity costCcc (with the associated continuity weight!cc),
according to the first concatenation criterion, and a pitch conti-
nuity costCcp (with the associated continuity weight!cp) cor-
responding to the second concatenation criterion:

Cc = !cpCcp(ui; ui�1) + !ccCcc(ui; ui�1)

The target cost is decomposed into a syllable position cost
Cts (with the associated weight!ts), according to the first tar-
get criterion, and a word position costCtw (with the associated
continuity weight!tw) corresponding to the second target cri-
terion:

Ct = !tsCts(ui; ut) + !twCtw(ui; ut)

For the moment all the empirical weights have been chosen
by a simple trial-and-error procedure. The best values we found
are as follows:

!c = 0.6 !t = 0.4
!cp = 0.15 !cc = 0.85 !ts = 0.5 !tw = 0.5

Then, more weight is given to the target criterion than to
the concatenation criterion, and more weight to adjacent phones
than to pitch continuity.

This very simple mechanism has several advantages. There
are few criteria, therefore it is quite easy to test the effects of
these criteria, and two search the weights accordingly. A main
effects of these criteria is to favour adjacent phones, therefore to
find the longer chains in the database. A second main effect is
also to favour phones that have the in good prosodic positions.
If a chain of phone is chosen in the good position, it is very
likely that is will have also an acceptable accentuation, both
at the word level and at the phrase level. Then, these effects
are not searched for directly, but are obtained as by-products of
the search procedures. finally, the selection algorithm is very
simple, and then is able to select a speech chain in real-time on
a standard desktop computer.

The last step of the synthesis procedure is segment concate-
nation. For the moment, this is achieved by a simple smoothing
of the segments edges, in order to avoid clicks. No additional
signal processing is used at this stage.

3.3. Results

Figure 3.3 shows a typical example of segments selection for
the sentence “Salut les amis!” (“Hello, friends!”, /salylezami/).
For this sentence, all the segments are made of 3 or 4 phones,
two full words are chosen (“les” and “ami”) and the phrase level
and word level accentuation is also correct. In such a situation,
the synthetic speech is as good as recorded natural speech.

Some statistics on the synthetic chains have been computed.
For a typical text containing about 20 sentences, each sentence
containing about 70 to 90 phonemes, one find an average length
of 3.72 adjacent phones per selected phonetic segment. This
figure is to be compared to the average length of phonetic words,
reported in Figure 2.1. An impressive result is that about 94
% of the synthesis phones are found in the good position in

phone chaine context

.sal . salarimen
ly l plus l’apanage

lez a les assayants
ami. son ami.

Table 1: Example of selection for the sentence “Salut les
amis!”. On the left are the selected phonetic segments, and on
the right the pieces of text where these segments were found.

the corresponding words. Finally, without taking into account
monophone words, on average 28 % of the selected phonetic
segments are actually phonetic words. Then, a typical sentence
contains between a quarter and a third of full words that are
present in the database. This figure is of course much better
if one takes also into account monophone words, that are all
present in the database.

The general informal impression when listening the selec-
tion/concatenation synthesis system may vary a lot according
to the input sentence. For some sentences, the result may not
be distinguished from recorded natural speech. For other sen-
tences, attention is triggered either by a prosodic discontinuity
(e.g. pitch jump, incoherent accentuation) or by a segmental
error (e.g. missing segment, too short segment). However, the
voice quality is generally verygood. In order to assess speech
quality of the new system, we performed a formal subjective
quality test. The Selection/Concatenation system is compared
to our other TTS system, which is based on diphones, and to
recorded natural speech.

4. Overall quality test
4.1. Systems tested

The speech quality of the new selection/concatenation system
seems quite different of the sound quality of our diphone-based
system. Both systems are still clearly recognized as synthetic
speech, provided that few sentences are played (for the selec-
tion/concatenation system, it may happen that short sentences
reach a natural speech quality). But both systems do not have
the same shortcomings. Therefore it is important to check the
quality of the new system, with the help of a formal subjective
evaluation procedure. In the present experiment, three types of
speech are tested:

Recorded speech:sentences are extracted from the BREF
database, for 3 speakers.

Selection/Concatenation speech:is made using the the sys-
tem described in this paper.

Diphone speech:is produced by LIMSI diphone TTS system.
The linguistic component of this system is similar to the
linguistic component of the selection/concatenation sys-
tem. There are two main difference between the two
systems. On the one hand, the diphone system is based
on signal processing of a small speech base, resulting
in a rather uniform voice quality. On the other hand,
in the diphone system, prosody is computed using a set
of syntactico-prosodic rules, which are defining all the
details of pitch contours and phoneme durations. An
overview of the system is given in Figure 4.
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4.2. Method

Ten subjects participated in the experiments. They were all
naive subjects, with no special training in speech synthesis
or speech processing. They were also all native speakers of
French, students ranging between 22 and 27 years old. Some
were member of the laboratory. Stimuli, recorded on an audio
CD were presented through a pair of loudspeakers, using Hi-Fi
equipment in a sound-insulated quiet listening room.

The subjects listened to 18 extracts, short read paragraphs
ranging between 8 and 22 s (either a long sentence, or several
short sentences). There were 6 different voices:dip1 anddip2
are diphone voices (male voices),sel1, sel2andsel3are selec-
tion/concatenation voices (sel3is a female voice,sel1andsel2
are male voices).nat means natural voice (3 different speakers).

The text material (and also the natural voice examples) are
sentences or short paragraphs extracted from news. All the sig-
nals were sampled at 16 kHz.

For each sound example, the subjects were asked to fill a
same test questionnaire, inspired by the overall quality test ITU-
T 1993 proposal [9]. There were 7 types of questions, using a 5
points scale.

voice pleasantness(How would you describe the voice ?) 5:
very pleasant, 4: pleasant, 3: fair, 2: unpleasant, 1: very
unpleasant.

overall impression (How do you rate the sound quality of
what you have just heard ?) 5: excellent, 4: good, 3:
fair, 2: poor, 1: bad.

Listening effort (How would you describe the effort you were
required to make in order to understand the message ?) 5:
complete relaxation possible, no effort required, 4: atten-
tion necessary, no appreciable effort required, 3: mod-
erate effort required, 2: effort required, 1: no meaning
understood,with any feasible effort.

Comprehension problems (Did you found certain words hard
to understand ?) 5: never, 4: rarely, 3: occasionally, 2:
often, 1: all the time.

Articulation (Where the sounds distinguishable ?) 5: yes, very
clear, 4: yes, clear enough , 3: fairly clear, 4: no, not very
clear, 5: no, not at all.

Pronunciation (Did you notice any anomalies in pronuncia-
tion ?) 5: no, 4: yes but not annoying, 3: yes, only
slightly annoying, 4: yes annoying, 5: yes, very annoy-
ing.

Speaking rate ( What do you thing of the average speed of
delivery ?) 5: much faster than preferred, 4: faster than
preferred, 3: preferred, 4: slower than preferred, 5: much
slower than preferred.

The subjects listened two times to each example before re-
porting their responses. Completion of a full test took about 40
minutes, and 30 responses were available for each voice. All
the responses were averaged for each voice, resulting in a mean
opinion score (MOS) for each voice and each condition.

1

2

3

4

5

Voice pleasantness

dip2 dip1 sel1 sel3 sel2 nat
1

2

3

4

5

Overall impression

dip2 sel3 dip1 sel2 sel1 nat

Figure 5:Subjective evaluation: Voice Pleasantness and Over-
all Impression.

4.3. Analysis of results

Results of the test are reported in Figures 5 6 7. The speaking
rate has been judged correct for all the voices, and will not be
discussed further herein. Generally,sel1andsel2have the best
scores for synthetic voices. Results for natural voice are always
clearly separated from those for synthetic voices, for all condi-
tions excepted for the speaking rate. Note that in this test there
is no condition made using degraded natural voice. Therefore,
it is likely that the subjects recognized natural voice and applied
a different strategy for natural voice/synthetic voice evaluation
(and indeed several subjects reported that they used such a strat-
egy). In similar experiments using degraded speech conditions,
one observe generally less deviation between synthetic and nat-
ural speech (see e.g. [10]).

Figure 5 is displaying voice pleasantness and overall im-
pression. As for voice pleasantness, the MOS difference be-
tweensel1, sel2, sel3and dip 1 is very significant (Z = 2.62,
3.40, 2.90,p < 0:01). Therefore, one can conclude that the
selection/concatenation system is significantly more pleasant
than the diphone system. As for the overall impression, the
difference betweensel1 and dip 1 is just above signification
(Z= 1.68,p < 0:1), and the difference betweensel1anddip2,
and betweensel2anddip2 are very significant (Z=4.75, 3.45,
p < 0:01). One can conclude that there is in general a better
overall impression for the new system.

Figure 6 is displaying listening effort and comprehension
problems. The new system is always preferred, but it is only
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Figure 6:Subjective evaluation: Listening Effort and Compre-
hension problems.

an indication, as the results are not statistically significant (as
for listening effort, the difference betweensel1anddip1 is just
significant).

Figure 7 is displaying articulation and pronunciation.
Again, the new system is always preferred, but it is only an
indication, as the results are not statistically significant.
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Pronunciation
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Articulation

sel3 dip3 dip1 sel2 sel1 nat

Figure 7: Subjective evaluation: Ariculation and Pronuncia-
tion.

5. Conclusions
As computer are improving both in power and memory, it ap-
pears feasible to process automatically large speech and text
databases for building text-to-speech systems based on selec-
tion and concatenation of speech segment. This paper describes
the development of such a system in French.

The main features of the system is that it describes speech at
a phonologic level, using phonetic data only for pruning. There-
fore, prosodic and segmental facts are taken as they are realized
in actual signals, and not as they should have been realized ac-
cording to some linguistic or phonetic rules. Only few global
selection criteria are used, and concatenation is reduced to a
simple segment edges smoothing. Thus the system is fast.

The main advantagesof the system is that it allows for rapid
and almost automatic development of new voices or new speak-
ing styles, according to the speech database used. Voice quality
is far better than in diphone speech. However, some prosodic
inconsistencies may be found in the synthetic signal.

A formal evaluation of the selection/concatenation system
compared to another system based on diphone concatenation
and synthesis by rules of the prosody showed that the new sys-
tem is preferred along all the evaluation categories, with signif-
icantly better results in voice pleasantness, and just significant
results in overall impression. However, natural voice is always
rated significantly better than synthetic speech.

Future work will be devoted to the development of new
voices and speaking style, and to a better prosodic selection.

This might imply the development of larger speech databases.
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Sound examples for this paper can be found at:
<http://www.limsi.fr/Individu/cda/ssw4.html >.


