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ABSTRACT 

This paper describes a method for the generation of unit 
databases for concatenative text-to-speech systems. The 
method comprises the automatic segmentation and pitch 
synchronous labeling of the units and a selection 
procedure to extract the best instance per unit from a 
generic speech corpus. The segmentation is performed 
by an automatic HMM alignment. The introduction of 
the demiphone improves the detection of diphone 
boundaries. The selection of units is based on different 
criteria, joined in a function cost which is evaluated 
subjectively in the text-to-speech system developed at 
the Universitat Politècnica de Catalunya (UPCTTS). 

 

1. INTRODUCTION 
Concatenative Text-to-Speech (TTS) systems require a 
segmentation process of the speech to generate a 
database for synthesis for each new speaker. The 
automation of this process contributes to the easier 
acquisition of new databases for the system. In this 
context, we propose an automatic process to generate 
unit databases. 

The UPC Text to Speech System (UPCTTS) [1] uses 
unit databases composed of one instance per unit 
(diphones). In previous work, specific speech databases 
were recorded. Each unit was recorded in a non-sense 
carrier word. In this work, a new voice has been added 
using a generic speech database. Using a generic speech 
database makes possible to choose the best diphone from 
several examples. 

The process consists of segmentation and selection of 
synthesis units and pitch synchronous labeling. The 
obtained database can be corrected manually a posteriori 
reducing efforts in the labeling and improving the 
selection process. 

The paper details the process of automatic labeling of 
the corpus in next section. The proposed method of 
selection of units is detailed in section 3. Section 4 
presents the demiphone as an approach to diphone 
segmentation. 

2. AUTOMATIC LABELING 
The process has been applied to an available registered 
female voice, in Catalan language, obtained from a 
professional radio speaker on a high-quality registration. 
This voice had been recorded for recognition purposes 

and had been annotated with the orthographic 
transcription. 

2.1. Alignment and phonetic transcription 
The segmentation of the corpus into phones is obtained 
automatically with a speaker dependent HMM 
alignment. 

The phonetic transcription of the text is obtained 
automatically by rule and the use of a small exception 
dictionary [2]. The transcription indicates ambiguous 
transcriptions when rules can not determine exactly 
some phones or there is not a unique solution. 

The alignment procedure considers some ambiguities to 
be solved. For instance, in Catalan language vowels “e” 
and “o” in a stressed syllable but with no orthographic 
accent are impossible to distinguish whether they 
correspond to mid-closed sounds /e/, /o/ or to the mid-
open sounds /E/, /O/. In the first estimation of the HMM, 
unambiguous ‘e’ or ‘o’ are used to create the models. In 
a second step, the models are used to recognize 
ambiguous occurrences and decide between different 
possibilities depending on likelihood score. A manual 
supervision of part of the transcription shows a very high 
index of correctness (rough estimation 98%). 

The phonetic transcription can be also corrected and 
adapted to the pronunciation of the speaker by detecting 
low matching score alignments. Phones difficult to be 
aligned are supervised to ensure the validity of the 
transcription and to correct possible systematical errors. 

2.2. Pitch detection 
The UPC TTS system is based on TD-PSOLA synthesis. 
So, an automatic epoch detection algorithm [3] is applied 
to each unit. Post-filtering and error detection algorithms 
complete the pitch synchronous labeling. As a result, all 
diphones are pitch synchronous labeled with an 
estimation of the mean value of F0. This value is used to 
supervise possible errors in the automatic labeling 
procedure by rejecting diphones with out of range 
values. 

3. UNIT SELECTION 

3.1. Distribution of diphones 
The total number of diphones segmented in the database 
was 76194 obtaining 707 different diphones. Some 
synthesis units appeared frequently, the 75% of them 
more than 10 times. Not all the 796 possible diphones in 



 

 

Catalan appear. In the TTS the 89 remaining diphones 
are substituted for other units by the application of 
phonetic rules or artificially created from existent units 
(demiphones). 

The distribution of number of instances of diphones 
obtained is shown in table 1. 

 
range of 

occurrence 
number of 
diphones 

% of 
diphones 

1 35 4.9 
2-10 137 19.4 

11-50 214 30.3 
51-100 118 16.7 

101-500 175 24.8 
501-1000 22 3.1 

>1000 6 0.9 
Total 707 100.0 

Table 1: Distribution of number of instances of the 707 
different diphones. 

3.2. Selection: set of parameters 
The creation of a unit database for synthesis with only 
one selection per diphone implies the application of 
adequate selection criteria. A set of parameters has been 
considered in this process: likelihood of the phones in 
the HMM alignment process, a measure of spectral 
distortion in segment boundaries, and duration and mean 
fundamental frequency (F0) of the unit: 

• Matching score in the HMM alignment (normalized by 
the lengths of the segments) can be used to select best 
instances for each unit [4]. A high likelihood score of a 
particular phone indicates how well the instance matches 
the model trained with the total set of instances of this 
phone. 

• In concatenative synthesis quality is degraded when 
acoustic distances between concatenation points are 
important. The measure of the qualitatively acoustic 
distance perceived in synthetic voice has not a clear 
quantitative evaluation method. However, spectral 
distortion in segment boundaries seems to be an 
adequate criterion to evaluate the adequacy of a diphone 
to concatenate with another diphone. The spectral 
distortion is measured in the Mel cepstrum domain as 
used in several works [5][6] in selection based synthesis. 

The cepstrum coefficients are computed in the stationary 
zone (diphone boundaries) of all the instances of each 
phone in the corpus. For each phone, a mean value of 
these coefficients is stored. As the database only 
includes one instance per diphone, the reduction of the 
spectral distortion will be reached if each phone has 
similar spectral characteristics in all diphones, resulting 
in low acoustic distances in concatenation. So the 
measure of the spectral distortion in this work is the 
distance to the mean value computed in the diphone 
boundaries. The measure of distortion of a particular 
diphone /ab/, is calculated as the sum of the distortions 
of the phones /a/ and /b/ as in [7]: 

Where  

{ a
nc }, { b

nc } are the Mel cepstrum coefficients of 
the segment boundaries. 

{ a
nc }, { b

nc } are the mean values of the 
coefficients for each correspondent phone. 

• Duration of the segments is another parameter to be 
considered in the selection of units. Too short diphones 
would systematically degrade the synthetic speech. 
Furthermore, this parameter can also indicate possible 
elisions or phones highly contaminated by 
coarticulation. Other considerations, like deviation 
respect mean duration of the segment, were evaluated. 
However, as the synthesis technique allows 
modifications of duration with low distortions, only a 
minimum duration was required. 

• Large modifications of fundamental frequency produce 
high distortion in the speech signal in a synthesis method 
like TD-PSOLA. The criterion of selection must 
consider the mean F0 value in two senses. First, because 
extremely high or low values can indicate incorrect pitch 
detection, as pointed in previous section. Second, 
because the selection of a unit with a F0 close to the 
mean F0 of the speaker implies that modifications will be 
reduced in general during the synthesis resulting in 
lower distortion of signal. 

3.3. Cost function 
The consideration of the set of parameters can be 
merged in a function cost. The function cost scores all 
the instances of all units to allow the selection of the best 
one. The evaluation of different cost functions is done 
subjectively by listening to arbitrary text generated with 
unit databases created. A function cost involving all the 
set of parameters should weight the influence of each 
parameter to optimize the final result. As the result is not 
easy to evaluate quantitatively, a discrete function cost 
was finally applied. 

Duration and mean F0 parameters were considered to 
ensure a good performance in the synthesis process. The 
third parameter to consider was matching score in the 
HMM alignment or spectral distance to decrease 
acoustic distortions. Better results were obtained by the 
utilization of Mel cepstrum distance in front of matching 
score. 

The final selection procedure is performed in various 
steps. 

(1) Scoring of spectral distortion: 

Selection of the 10 best instances in spectral 
terms: minor spectral distances in diphone 
boundaries (the 75 % of diphones have more than 
10 instances). 

(2) Scoring of F0: 

Three possible values for each voiced phone 
corresponding to three levels of distance to the 
mean F0. High score when deviation from mean 
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F0 was lower than 15 %, mid score when it was 
lower than 35 % and low score for the rest. 

(3) Scoring of unit duration: 

Minimum duration of each subunit of the 
diphone. 

(4) Selection of one instance per unit: 

The selection of an instance is done by selecting 
the one with a highest combined score, i.e. the 
unit of the 10 best group formed in (1) with a 
highest score in (2) and (3). 

As a result, the majority (681) of the finally units 
selected had the highest score in duration and F0. 
Consequently, the resulting database contains units with 
similar F0 as shown in figure 1, and with minim duration 
(only 5 were shorter than required).  

 

 

 

 

 

 

 

 

 
Figure 1: histogram of distribution of F0 in the 707 diphones. 

 

4. THE DEMIPHONE 
The phone-based alignment procedure is context 
independent, and a high precision in the point of 
transition between phones can not be reached. Some 
works treat this problem with rule-driven diphone 
boundary detection [8]. 

In speech recognition, context-dependent units offer the 
possibility of modeling better specific coarticulations. 
This work has studied the use of context-dependent units 
in the automatic segmentation process. 

The demiphone is defined as half of a phone. Context-
dependent demiphones have been introduced recently in 
speech recognition, and they have given better results 
than other phonetic units in a wide range of applications 
[9]. Furthermore, demiphones segment explicitly the 
phone into two parts: the first one taking into account 
the coarticulation of the preceding phone and the second 
one taking into account the coarticulation of the 
following phone. As an example, the diphone /ka/ in the 
Catalan word “escàs” (/@skas/) is transcribed with 
demiphones in the following way: s-k, k+a, k-a, a+s. The 
phone /k/ is split in two demiphones (s-k, k+a) 
accounting for the coarticulation of the left side (/s/) and 
the right side (/a/). 

Therefore, demiphone alignment produces a reasonable 
division of the phones and gives better results in terms of 
spectral distortion than the deterministic selection 
obtained by splitting phones by an arbitrary rule (in 
previous work, the selection of the stationery zone was 
deterministically placed in the first third part of the 
phone). 

An example of demiphone segmentation is found in 
figure 2. The segmentation of diphones /ka/ and /ak/ is 
performed by phone alignment and demiphone 
alignment. In the phone alignment, the emplacement of 
the diphone boundaries is deterministically placed at one 
third of the phone. 
 

Fig. 2a: diphone /ka/, demiphone alignment 
 

Fig. 2b: diphone /ka/, phone alignment 
 

Fig. 2c: diphone /ak/, demiphone alignment 
 

Fig. 2d: diphone /ak/, phone alignment 
 
Figure 2: Automatic alignment of diphones /ka/ and /ak/ using 
phones and demiphones. 
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NOTE: The diphone boundary emplacements in phone 
alignment were deterministically placed at one third of the 
phone. 

In figure 2, it is noticeable that the deterministic 
emplacement of diphone boundaries at one third of the 
phone is not the more adequate although it is in general 
the best. With the demiphone alignment approach, 
diphone boundaries correspond with the stationary part 
of the phone. 

The process of selection of units is the same than with 
phone alignment, but computing spectral distance in the 
boundaries detected with demiphone alignment. The 
subjective acoustic evaluation of synthetic speech using 
the unit database generated shows an appreciable 
improvement in some coarticulations. 

5. MANUAL SUPERVISION 
The limitations of an automatic unit database are 
restricted to the method accuracy. However, the unit 
database can be manually supervised and corrected. This 
supervision can be applied to all the database or only to 
detected problematic units in the resultant synthetic 
voice. 

The efforts in the automatic segmentation and pitch 
synchronous labeling processes contribute to reduce time 
in the manual segmentation, as labels and segments have 
been estimated. The manual process is then reduced to 
supervision and correction of errors. 

On the other hand, the automatic selection of units 
provides a way of extracting one instance per unit, 
permitting the utilization of generic speech corpora. 

6. CONCLUSIONS 
The selection of units from a speech corpus is based on 
different parameters, joined in a function cost. The 
efforts on the design of this function are reflected in the 
final quality of synthetic speech. The difficulties in 
evaluating the resulting database in an objective way 
complicate the definition of this function. Efforts in this 
way find their improvements in the final quality as 
shown during the experimentation of this work.  

The contribution of demiphones in the segmentation of 
the diphones supplies an automatic way of selecting 
boundaries in the stationary part of phones, improving 
final quality by reducing spectral distortion in 
concatenation. 

Finally, although this process has been applied in this 
paper to the generation of a unit database with a single 
instance per diphone, it is susceptible of being applied in 
the generation of a corpus for selection based synthesis. 
The techniques of cost of concatenation and unit 
distortion are introduced in the selection process. 
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