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Abstract 
This paper describes an approach to synthesizing 
personalized speech while maintaining not only speaker voice 
but also speaker pronunciation peculiarities. Personalization 
is realized by means of pronunciation models trained on 
speaker data contained in his/her speech database. Untrained 
models allow to synthesize speech in neutral normative style.   

On the segmental level, the transcription model is used. 
On the prosodic level, models for phrasing, intonation, pause 
and phoneme duration are used. These prosodic models are 
derived from comparative acoustic-phonetic study of different 
speakers� data contained in several speech corpora and 
databases. 

Personalizing of pronunciation models is carried out 
during the off-line training of linguistic processor using a 
speech database annotation. During the on-line speech 
synthesis mode, personalized pronunciation models are used 
by the linguistic processor to generate speaker specific target 
specification of input text.  

1. Introduction 
Speech expresses information of three types [1]: 

• linguistic (carried by an orthographical text); 

• added by the reader (reflection of the reader�s intentions, 
speech habits, and reading style); 

• concerning this reader�s age, sex, physical state (in 
general outside of the reader�s control). 

To sound natural, the synthesized speech must convey all 
these types of information, that is not only input texts have to 
be taken into account, but also the individual voice and 
pronunciation characteristics. 

Nowadays, the most natural speech is generated by the 
unit selection method using large speech databases. At the 
same time the target specification of an input text is usually 
obtained without appealing to the data contained in a speech 
database. E.g., a prosodic description of an input text may 
look like a sequence of abstract symbolic prosodic categories. 
Intonation description may be resticted to indication of tone 
level (H � high, L � low) and tone movement (HL � fall, LH 
� rise). It is hard to convey differences between speakers (and 
languages) using symbolic categories. As a result, the 
linguistic processor usually generates phonemic-prosodic 
description of an input text without accounting for a speaker 
whose voice is used for reading this text. In other words, the 
linguistic processor does not use information about speaker 
pronunciation peculiarities, thus the phonemic-prosodic 
description of an input text becomes unified and impersonal, 

which negatively affects the naturalness of the synthesized 
speech. On the other hand, personalized text description 
makes the unit selection procedure easier.             

We propose to use speech database annotations to train 
the linguistic processor in order to generate speaker-oriented 
target specification of an input text. Segmental and prosodic 
pronunciation models are used for this purpose. 
Individualization of these models is carried out in automated 
mode during the off-line training stage. During the on-line 
synthesis stage, the individualized linguistic processor 
processes an input text taking into account the speaker 
pronunciation peculiarities. 

The proposed technology has been realized in the TTS 
system for Ukrainian [2, 3]. The system components are the 
individual speech database (ISDB), linguistic processor, unit 
selection component, and acoustic processor. 

The main role is played by ISDB. The information 
contained in it, namely detailed annotation of acoustic 
segments corresponding to phones in context, is used by all 
the other system components. The larger is the ISBD volume, 
the fuller is the representation of the phonetic, temporal, and 
intonation variety of speech. 

The task of the linguistic processor is to process an input 
text and to generate its phonemic-prosodic description, that is 
the phonemic transcription with indication of duration and F0 
movement during each phoneme. In our case, the goal is to 
generate such a phonemic-prosodic description of the text, 
modeling the pronunciation of the speaker selected for 
reading this text.  

The unit selection component uses phonemic-prosodic 
description of the input text and phonemic-prosodic 
description (annotation) of ISDB. The two phonemic-prosodic 
descriptions contain the same objective categories describing 
prosody: time in ms for durations and F0 values in Hz for 
intonation. This facilitates the unit selection procedure. The 
selection criteria are segmental identity, contexts similarity, 
duration and F0.  

Selected units are concatenated by acoustic processor to 
generate the output speech wave corresponding to the input 
text. Speech waves may be modified according to calculated 
values of durations and F0, or they may be unmodified, if the 
volume of the ISDB is large enough to contain units with 
suitable values.    

Section 2 describes speech databases. Section 3 describes 
the components and functions of linguistic processor. In 
section 4, general models of pronunciation are introduced. In 
section 5, automated methods of model individualization are 
described. Section 6 is dedicated to the TTS system for 
Ukrainian. 
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2. Individual Speech Databases 
Several ISDBs have been created [2, 3]. The gained 
experience allowed to generalize the principles of ISDB 
development, as well as to specify the steps of the 
development. 

General principles of ISDB development are as follows: 
• elements of ISDB are allophones � phonemes in 

segmental (left and right) context; 

• different speech styles are present in speech material; 

• only objective categories (time, F0) are used in 
annotations. 

The steps of individual speech databases development are 
as follows: 

• speaker and training texts selection; 

• speech corpus creation; 

• automatic speech corpus transcription with manual 
correction; 

• automatic speech corpus segmentation into phonemes 
with manual correction; 

• ISDB creation using segmented speech corpus; 

• automatic segmentation of ISDB elements into pitch 
periods with optional manual correction. 

This technology allows the building of an ISDB by non-
experts. 

The largest of six ISDB currently contains about 20000 
elements. The corresponding speech corpus comprises the 
texts read by a professional speaker.   

Each ISDB is composed of acoustic files and annotation. 
Recordings are made at 22 kHz sampling rate. Annotation of 
each allophone comprises the information about its identifier 
in ISDB, segmental context (preceding and succeeding 
allophone names), duration in ms, and pitch periods lengths. 
Below a fragment of an ISDB annotation is shown: 

 
797   #-a-n  143.86  11.07 10.66 10.66 10.61 10.52 10.39 10.43 

10.07 9.98  9.89  9.98  9.34  9.25  9.98 
798   a-n-A  113.47   9.02  8.62  8.89  8.71  8.53  8.71  8.44  8.62  

8.62 8.71  8.80  9.16  9.16 
799   n-A-l'  219.32   8.80  9.07 9.98  9.43  9.61  9.93  9.98  9.98 

9.98 9.98 10.02 10.07 10.16 10.07                                 
10.16  10.07  10.25 10.16 10.61 10.88 
10.43  9.66 

800   A-l'-i   74.69      10.70 10.34 10.16 10.25 10.61 11.79 10.79 
801   l'-i-z  129.71   10.79 10.43 10.70 10.43 10.70 10.70 10.70 

10.88 11.07 10.79 11.16 11.29 
802   i-z-#  154.20  11.25 11.25 11.07 11.43 11.43 11.79 11.97 

12.15 11.97 12.52 12.34 12.52 12.47 

3. Linguistic processor 
The goal of the linguistic processor is to process an 
orthographic input text and to generate its target phonetic-
prosodic specification used later by the unit selection 
component. Using only the information contained in an input 
text, the linguistic processor can not generate the target 
specification oriented to a concrete speaker pronunciation. 
We believe that the closer the target specification models the 
speaker pronunciation, the more natural is the synthesized 
speech. The information about speaker pronunciation can be 
found in his/her ISDB. 

3.1. Linguistic processor components   

The input text is processed by the trained linguistic processor 
in which speaker independent processing algorithms and 
speaker dependent segmental and prosodic pronunciation 
models are combined. Just due to the individualized 
pronunciation models, the input text is read in the manner of 
the chosen speaker. During the synthesis stage these models 
generate segmental and prosodic values which are 
characteristic of the speaker ISDB. 

The phonetic-prosodic specification of the input text looks 
like the ISDB annotation: allophones names, allophones 
duration, and allophones pitch periods lengths are indicated. 
This facilitates the unit selection.   

Speaker independent processing algorithms are 
implemented in the following procedures: text normalization, 
phrasing, intonation type assignment, word stress marking, 
grapheme-to-phoneme conversion, segmentation of syntagms 
into accent groups, computing F0 curves and duration of 
allophones, and conversion of the sequence of F0 values into 
the sequence of pitch period lengths. These procedures 
interact with pronunciation models trained off-line with the 
annotations of ISDB.  

3.2. Training of the linguistic processor to model a 
speaker pronunciation 

The off-line training (individualization) concerns the 
pronunciation models used by the linguistic processor. 
Figure 1 shows the overall TTS system architecture. 
Components involved in training are marked with the dark 
color. Training may be repeated in the case of ISDB 
augmentation. The training results are maintained in the TTS 
system. This allows to change speakers and/or reading style 
during the synthesis stage.  

4. General (normative) pronunciation models  
 As a rule the linguistic processor uses prescriptive or 
statistical models to produce the target specification of an 
input text in the form of the phonemes sequence along with 
prosodic categories [4, 5]. Our approach combines the 
reliability of prescriptive models with the naturalness of 
statistical models. 

At the segmental level, the pronunciation peculiarities are 
considered as deviations from orthoepic norms fixed in 
dictionaries and concerning reading rules. At the prosodic 
level, the speaker peculiarities are extremely varied. 
Nevertheless, there exist general models common for all the 
speakers of a particular language. These models allow the 
oral communication between people. 

General pronunciation models are built on the basis of the 
regularities reflected in speech corpora and ISDBs. Special 
attention has been devoted to the acoustic-phonetic analysis 
of the same texts read by different speakers.   

An important feature of general pronunciation models is 
their ability to be trained to the specific speaker 
pronunciation. 

4.1. Transcription model  

At the segmental level, the transcription model is used.  
There is a set of procedures converting sequences of 

letters into sequences of phonemes. The order of procedure 
application is fixed. The neutral normative pronunciation is 
modeled. 
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Figure 1. The overall TTS system architecture with indication (in dark) of components involved in training stage 

4.2. General prosodic models 

At the prosodic level, models of phrasing, pause, duration, 
and intonation are used. 

4.2.1. Phrasing model  

For phrasing, a model to determine the maximum 
number of accent groups (AG) in a syntagm is proposed:  

 3,1),( =ttn  (1) 

where t is the parameter dealing with the speech tempo: t = 1 
corresponds to slow tempo, t = 2corresponds to normal 
tempo, and t = 3 corresponds to fast tempo. 

The analysis of six speakers� speech shows that the 
normal neutral pronunciation may be modeled with the 
following values of the maximum number of AG in a 
syntagm: n(1) = 5; n(2) = 7; n(3) = 9. 

Segmentation of a sentence into syntagms occurs on the 
basis of punctuation marks and part of speech analysis.    

4.2.2. Pause model  

Phrasing is accompanied by adding pauses of different 
duration at syntagms boundaries. 

The model determining a pause duration has as its 
parameters the speech tempo and communicative type of 
syntagm which is related to a punctuation mark: 

 ),( ktp , 3,1=t , 3,1=k , (2) 

where t corresponds to tempo, and k corresponds to 
communicative type of syntagm: k = 1 denotes finality 
(punctuation marks '.', ':', ';', '?', '!') ; k = 2 denotes non-finality 
(punctuation marks '�', ',') ; k = 3 is an auxiliary syntagm type 
(non-final syntagm not marked by a punctuation mark). 

To model neutral pronunciation the following pause 
durations are used: 

p(1, 1) = 600 ms;  p(1, 2) = 450 ms;  p(1, 3) = 300 ms;  
p(2, 1) = 400 ms;  p(2, 2) = 300 ms;  p(2, 3) = 200 ms; 
p(3, 1) = 200 ms;  p(3, 2) = 150 ms; p(3, 3) = 100 ms.  

4.2.3. Phoneme duration model  

The modeling of a phoneme duration is based on the 
assumption that each phoneme has its basic duration and a 
set of duration coefficients changing the basic duration 
depending on the segmental and prosodic context. The basic 
phoneme duration is its mean duration in ISDB. Each 
phoneme has a set of 16 duration coefficients. 

A phoneme duration is calculated as follows: 

 58,1, =×= icTT i
b

ii , (3) 

where i is the phoneme number in phoneme alphabet, b
iT  is 

the basic duration of i -th phoneme, ic is the  duration 
coefficient of i -th phoneme.  

4.2.4. Intonation model  

A syntagm is regarded as the basic intonation unit. 
Accordingly, the intonation model determines the intonation 
contour over the whole syntagm.  

The model is composed of 4 elements:  

 FMNKI ,,,= , (4) 

where   
{ }nKKKK ,...,, 21∈ , iK  is the communicative type of a 

syntagm;  
N  is the number of AGs in the syntagm, max,1 NN = ; 
M  is the position of nuclear AG in the syntagm, NM ,1= ; 

{ }lfffF ,...,, 21= , if  is a target intonation point, Nl ×= 10 .     
 

The communicative type of a syntagm is determined by 
the punctuation mark. The number of AGs is determined by 
the number of accented vowels in the syntagm. We 
distinguish between accented and stressed vowels: accented 
vowels are characterized not only by longer duration, but also 
by a distinctive F0 movement. The position of the nuclear AG 
corresponds to the position of the last AG if there is no logic 
or emphatic accent. Otherwise the position of nuclear AG 
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corresponds to the position of the AG carrying the logic or 
emphatic accent. Target intonation points determine F0 
values. F0 values between these target point are calculated by 
means of linear interpolation. The accent center of an AG is 
its accented vowel. 

On the whole, the proposed model is an evolution of the 
Lobanov�s intonation model which has been successfully  
used in TTS systems for a long time [6 � 8].     

Suppose that a syntagm is composed of n AGs and nA is 
the n-th AG of the syntagm. Its intonation contour is 
described by 10 F0 values: 

 }{ { }10...,,2,1,...,,2,1, max == mNnA m
n , (5) 

where 1
nA  is the F0 value on the first not unvoiced (vowel or 

voiced consonant) phoneme of the AG;  
2

nA  is the F0 value on the last not unvoiced phoneme of 
the AG among phonemes preceding the accent center; 

3
nA  ... 8

nA  are F0 values on the accent center; 
9

nA  is the F0 value on the first not unvoiced phoneme 
among phonemes succeeding the accent center;  

10
nA  is the F0 value on the last not unvoiced phoneme 

of the AG. 
As the nuclear AG may be situated at any place in the 

syntagm, then the number of syntagm intonation contours 
which intonation model can determine is equal to  

 ∑
=

m

n
nl

1

, (6) 

where l is the number of distinguished communicative types, 
m is the maximum number of AGs in a syntagm, and n is the 
position of nuclear AG in the syntagm. The model allows to 
increase the number of communicative types at the expense of 
a more detailed specification of communicative sense, e.g. 
differentiation between a proper question and a specifying 
question. 

5. Training of general pronunciation models  
The training of general models on speaker pronunciation and 
reading style is carried out in automated mode on the basis of 
speech corpora and  ISDB phonetic-prosodic annotation. 

The final goal of the research is the total automation of 
pronunciation model individualization using only ISDB 
annotations. 

5.1. Transcription model training 

At the segmental level, an individual pronunciation may be 
considered as deviation from orphoepic norms. Its modeling 
is realized by exclusion, addition or modification of certain 
procedures of the transcription model. 

The analysis of speech of seven Ukrainian native speakers 
shows that none of them entirely follow orphoepic rules. E.g. 
the prohibited regressive assimilation consisting in devoicing 
of the first consonant in voiced cons. + voiced cons. 
combination often takes place.  

One more example of individual peculiarity taken into 
account is the glottal closure typical of some speakers. 

5.2. Pause and phrasing model training 

According to 4.2.2, a pause duration depends on the 
communicative type of the associated (preceding) syntagm 
and on the tempo. Individualization of the pause model 
consists in the determination of pause duration for a specific 
speaker depending on these factors. The data contained in 
ISDB annotations are used. 

Not all pauses coincide with syntagm boundaries. We 
analyzed the dependence of pause duration on the presence of 
syntagm boundary. Each ISDB was analyzed separately which 
allowed to determine individual pause duration values for 
different speakers and different tempos. E.g. the analysis of 
ISDB with neutral tempo (narrative story, speaker VALERIY) 
shows that the mean duration of syntagmatic pause is equal to 
382 ms and the mean duration of non-syntagmatic pause is 
equal to 139 ms. Fast tempo (radio news, speaker DMYTRO) 
is characterized by the mean duration of syntagmatic pause 
equal to 105 ms. Boundary duration values dividing 
syntagmatic and non-syntagmatic pauses have been 
established which allowed to find the maximum number of 
AGs in a syntagm by counting accented vowels between two 
syntagmatic pauses.     

For the ISDB VALERIY, the maximum number of AGs in 
a syntagm is equal to 5, while for the ISDB DMYTRO (fast 
tempo) it is equal to 9. 

5.3. Phoneme duration model training 

Individualization of the phoneme duration model, that is the 
training of the model on an individual pronunciation, is fully 
automated. Basic durations of phonemes, context types, and 
sets of 16 duration coefficients for each phoneme are 
calculated using ISDB annotation. Each duration coefficient 
is associated with a combination of four context factors. 

All phonemes are divided into three classes: accented 
vowels, unaccented vowels and consonants. 

To calculate duration coefficients of accented vowels, it is 
necessary to determine: 1) whether the current syllable is 
open; 2) whether the F0 movement is falling on this vowel; 3) 
whether this vowel is the last vowel of the syntagm; and 4) 
whether this vowel carries the syntagmatic accent.  

To calculate duration coefficients of unaccented vowels, it 
is necessary to determine: 1) whether the current syllable is 
open; 2) whether the F0 movement is falling on this vowel; 3) 
whether this vowel is the first vowel of the syntagm; 4) 
whether this vowel is the last phoneme of the syntagm. 

To calculate duration coefficients of consonants, it is 
necessary to determine: 1) whether the next phoneme is a 
consonant; 2) whether this consonant stands between two 
vowels; 3) whether it stands before or after a pause; 4) 
whether it precedes an accented vowel. 

Since there are no explicit syllable boundaries in the 
ISDB annotation, the decision about a syllable openness is 
taken  on the basis of syllabification rules. 

It is considered that the syntagmatic accent is assigned to 
the last accented vowel of a syntagm, that is to the last 
accented vowel preceding a syntagmatic pause. By analogy, 
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first/last position of a phoneme in a syntagm is determined on 
the basis of a syntagmatic pause presence. 

There may occur a lack of data while calculating the sets 
of duration coefficients, because not all combinations of four 
contextual factors may be present in ISDB. Then a 
classification of phonemes into equivalence classes of 
duration is used. 

5.4. Intonation model training 

5.4.1. Classification  

First, the classification of syntagms according to their 
communicative type is done through auditory and visual 
analysis. Each class is divided into sub-classes according to 
the number of AGs, and each sub-class is divided into sub-
sub-classes according to the position of nuclear AG in a 
syntagm. 

5.4.2. Stylization  

Phonetic-prosodic annotations of ISDB contain the 
detailed description of F0 movement along each not unvoiced 
phoneme (vowel or voiced consonant) in the form of a 

sequence of pitch period lengths. This information is used for 
the automated stylizing of syntagms intonation contours 
which allows to automatically compare syntagms with 
different segmental structure and to derive averaged contours. 
Stylization consists in determining of F0 values at the target 
intonation points (4.2.4). As it is stated, the most informative 
parts of syntagms are the accented vowels (accent centers of 
AGs).   

5.4.3. Individualized intonation contours calculation  

The F0 values at the target points are placed in tables 
where the rows correspond to syntagms in sub-sub-classes, 
and the columns correspond to target points. After averaging 
the F0 values by columns we obtain the averaged intonation 
contour for the sub-sub-class. The set of all syntagm sub-sub-
classes contours describes the intonation of a particular 
speaker. 

In Figures 2 and 3, some individualized intonation 
contours of two speakers VALERIY and MARYNA are 
shown. Intonation contours of finality, non-finality and two 
types of question are present. Syntagms consist of three AGs, 
the third one is the nuclear one. 
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Figure 2. Individualized intonation contours of the male speaker VALERIY 
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Figure 3. Individualized intonation contours of the female speaker MARYNA 
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6. TTS system for Ukrainian   
The TTS system for Ukrainian is realized in Microsoft 
Visual C++ for Windows 98/NT/2000/XP. The volume of 
compressed ISDBs ranges from 3 Mb (isolated words and 
phrases) to 18 Mb (narrative story). 

7. Experiments and results  
Formal listening tests of synthesized speech have been 
carried out. The 22 native speakers of Ukrainian (among 
them students and professors of Philology Institute and 
Linguistic University) listened and evaluated three 
synthesized passages of 245, 364, and 293 words. The 
results of testing show that the intelligibility amounts to 
98.4%. The mean opinion score for the naturalness amounts 
to 3.5 on a 5 point scale. Two experts assigned the 
maximum score of 5 to the synthesis version without 
prosodic modification. This testifies that the developed 
individualized prosodic models predict well the speaker 
pronunciation.     

8. Discussion 
The proposed technology allows to train the linguistic 
processor not only to imitate the pronunciation of different 
speakers, but also to synthesize speech in different styles. 
Using one and the same voice but different styles, it is 
possible to read varied texts such as newspapers for visually 
impaired people, weather forecasts via telephone, or 
important instructions and warnings. Newspaper reading 
may be a quick �scanning�, while instructions may require a 
more slow tempo for better comprehension. 

In passages of a theater play synthesized using two 
voices and individualized pronunciation models, not only the 
content of the dialogue, but also the �personalities� of 
characters are conveyed.  

The future work will be concentrated on further 
automating the individualization procedures. This will speed 
up the process of building new voices with preserved 
pronunciation for our TTS system.    

The proposed approach to the synthesis of 
individualized speech is suitable not only for Ukrainian but 
also for other languages.  

9. Conclusions 
The modeling of individual pronunciation peculiarities is 
necessary to achieve the naturally sounding synthesized 
speech.  

The linguistic processor of the Ukrainian TTS system 
uses general pronunciation models which allow to synthesize 
speech in neutral normative manner. Training of these 
models on individual speech database annotations ensures 
the synthesized speech with speaker specific pronunciation. 

Individual speech databases are developed with taking 
into account different reading styles and text types. 
Therefore, the prosodic variety of speech is reflected in the 
annotations. Developed procedures for annotation processing 
and pronunciation model training facilitate building of new 
voices for TTS with individual pronunciation. 
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