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Abstract 
In the last decade there has been a shift towards development 
of speech synthesizer using concatenative synthesis technique 
instead of parametric synthesis. There are a number of 
different methodologies for concatenative synthesis like 
TDPSOLA, PSOLA, and MBROLA. This paper, describes a 
concatenative speech synthesis system based on Epoch 
Synchronous Non Over Lapp Add (ESNOLA) technique, for 
standard colloquial Bengali, which uses the partnemes as the 
smallest signal units for concatenation. The system provided 
full control for prosody and intonation.   

1. Introduction 
The most common mode of human communication is the oral 
mode. We are naturally conversant in communicating with 
other human beings in speech mode. In Indian languages 
machine to man communication has attained a reasonable 
level for direct practical application. Speech synthesizers in 
Indian languages are beginning to appear. 
Speech synthesis is the process, which allows the 
transformation of a string of phonetic and prosodic symbols 
into a synthetic speech signal. The quality of the result is a 
function of the quality of the string, as well as of the quality of 
the generation process itself. 
The first requirement of a text-to-speech (TTS) system is 
intelligibility and the second one is the naturalness. Actually 
the concept of naturalness is not to restitute the reality but to 
suggest it. Thus, listening to a synthetic voice must allow the 
listener to attribute this voice to some pseudo-speaker and to 
perceive some kind of expressivities as well as some indices 
characterizing the speaking style and the particular situation of 
elocution [1]. For this purpose the corresponding supra-
segmental information must be supplied to the system [2]. 
Most of the present TTS systems produce an acceptable level 
of intelligibility, but the naturalness dimension, the ability to 
control expressivities, speech style and pseudo-speaker 
identity still are poorly mastered. The user’s demands vary to 
a large extent according to the field of application: general 
public applications such as telephonic information retrieval 
need maximal realism and naturalness, whereas some 
applications involving professionals (process or vehicle 
control) or highly motivated persons (visually impaired, 
applications in hostile environments) demand intelligibility 
with the highest priority. 
In the last decade there has been a significant trend for 
development of speech synthesizers using Concatenative 
based Synthesis techniques. This method of speech synthesis 
is one of the most successful approaches for synthesizing 
speech, which uses pre-recorded speech units for building the 
utterances. There are a number of different methodologies for 

Concatenative Synthesis like TDPSOLA, PSOLA, MBROLA 
and Epoch Synchronous Non Over Lapp Add (ESNOLA).   
In the review by Klatt (1987) some of the early efforts on 
concatenative synthesis are included. Much earlier Peterson et 
al (1958) suggested that unit concatenation might be a 
possible solution for speech synthesis. Dixon and Maxey 
(1968) made a special effort to create a unit library for di-
phone synthesis. Early synthesis research at AT&T based on 
“Diadic Units” (Olive, 1977) demonstrated an alternative to 
rule-based formant synthesis (Carlson and Granström, 1976, 
Carlson et al, 1982 and Klatt, 1982). Charpentier and Stella 
(1986) opened a new path towards speech synthesis based on 
waveform concatenation, by introducing the PSOLA model 
for manipulating pre-recorded waveforms. The current 
methods of using unit selection from large corpora, rather than 
using a fixed unit inventory to try to reduce the number of 
units in each utterance and solve context dependencies over a 
longer time frame, is gaining ground. Möbius (2000) gave an 
extensive review of corpus-based synthesis methods. In 
automatic unit selection method issues are mostly related to 
estimating target costs that match the perception of a human 
listener, so that the units chosen by the system are the best in 
terms of perceived speech quality. What is more, quality, 
when it is available, is still achieved at the expense of storage 
requirements (AT&T’s system requires several hours of 
speech, i.e., several hundreds of Mbytes of speech data) and 
computational complexity (Speech Work’s system won’t work 
on your favorite PC, laptop or palmtop; users buy the right to 
run it on a server via the internet). This currently makes these 
systems unusable for low-cost general-purpose electronic 
devices. 
This paper presents a new Concatenative text-to-speech (TTS) 
system for Standard Colloquial Bengali (SCB) using a new set 
of signal units in sub-phonemic level, namely, partnemes. 
The Epoch Synchronous Non Overlap Add (ESNOLA) 
algorithm is developed for concatenation, regeneration as well 
as for pitch and duration (prosodic) modification. It may be 
noted that the prosody of the stored units is often not 
consistent with that of the target utterance and must be altered 
at the time of synthesis. Furthermore, several types of 
mismatches can occur at unit boundaries of the synthesized 
signal, which have to be properly truncated and matched. 
ESNOLA technique provides the complete control on 
implementation of intonation and prosody [3]. It allows 
judicial selection of signal segments so that smaller 
fundamental parts of the phonemes may be used as units 
reducing both number and size of the signal elements in the 
dictionary. Further the methodology of concatenation provides 
adequate processing for proper matching between different 
segments during concatenation [4][5]. The use of special type 
of basic signal segments makes the size of signal dictionary 
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very small so there is a possibility of its implementation in 
low-cost general-purpose electronic devices.   
 

2. Basic Working Principle of the Proposed 
Synthesizer 

Figure 1 represents the basic block diagram of TTS System 
using ESNOLA Technique 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Figure 1: Basic Block Diagram of TTS System using 
ESNOLA Technique 

 
The above block diagram (Figure 1) describes the basic part 
of the ESNOLA technique for the development of text-to 
speech synthesis system. It consists of three parts a) 
Preprocessing module, b) Text analysis module and c) 
Synthesizer module. 

2.1. Preprocessing module 

In this module the required speech segment (called 
pratnemes) database is created from the pre-recorded natural 
speech signal.  The advantage of using partnemes as the basic 
unit is the simplicity of introducing intonation and prosodic 
rules into the synthesized speech signals. For the building of 
pratneme dictionary the following steps are required. 

Step1: Creation of nonsense word set 

This set of words must contain acoustic phonetic 
characteristics of all phonemes. A set of tetra-syllabic 
nonsense words of the forms CVCVCVCV, 
CVVCVVCVVCVVC is used for normal consonants and 
vowels. However, as /n/-/ŋ/ distinction in case of Bangla is 
not ascertained except in conjunction with appropriate 
consonant, an additional 8 syllabic form 
CVNVCVNVCVNVCVNV for two nasals /n/ and /ŋ/ are 
included. The choice of tetra syllabic words in case of Bangla 
is necessary because Bangla being a bound stress language 
with stress occurring normally at the first syllable. Another 
set of words has to be collected from the normal lexicon of 
the language where the different vowel-vowel combinations 
occur. Usually all possible combination may not be easily 

available. For the unusual combinations appropriate sentences 
are created where such combination occur at word juncture. 

Step2: Recording 

A professional speaker with good voice quality is used to utter 
the aforesaid set of words in a noise free environment. The 
utterances should be devoid of emphasis. Care is taken to 
ensure that the pitch of the recorded word remains almost 
same throughout the recording.  Recording format is 16-bit 
PCM, mono, sampling frequency being 22050Hz.  

Step3.Pitch Normalization 

All signal segments is brought to exactly same fundamental 
frequency. This is necessary to avoid pitch-mismatch. 
However adjustment of pitch by manipulation of sampling 
frequency may be used only when the pitch difference does 
not exceed 10% of the original value.  

Step4. Amplitude Normalization 

Amplitude normalization is performed with respect to the 
intrinsic amplitude of vowels. It is known that the vowels of 
equal amplitude do not sound equally loud.  The amplitude of 
all the CV, VC and VV segments are normalized with respect 
to their associated vowel’s intrinsic amplitude.   

Step5. Segmentation 

A set of basic speech units called partnemes (i.e. part of a 
phoneme) is used here.  Partnemes include identifiable 
portions unique for phonemes as well as the segments 
representing co-articulation. The set of partnemes is divided 
into two sub-groups. The first group consists of the segments 
of occlusion or voice-bar along with the plosion or affrication, 
sibilants, nasal murmurs, laterals, semivowels and diphthongs. 
The second group has all CV, VC, and VV co-articulatory 
regions. It may be noticed that though VOT (Voice Onset 
Time) is an integral part of the plosives and affricates, it is not 
included in the consonantal parts for these phonemes. This is 
because during the VOT strong co-articulatory influences of 
the succeeding vowels are manifested in terms of aperiodic 
transitions.  
Figure2 shows how partnemes are extracted from the VCV 
segments.  For plosives the partneme consists of occlusion and 
burst (C) and for affricate the friction after the plosion is also 
included. The co-articulation between the vowel and 
consonant include the voice-onset-time (VOT) and the 
consonant vowel transition (CV). Vowel to consonant 
transition begins at the end of the steady state of the vowels up 
to the beginning of the occlusion of the next consonant or any 
other consonant marker.  
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Figure 2: Example pratneme of a) plosive b) affricate 
c) sibilant d) nasal murmur e) vocalic transition CV 

and VC 

2.2. Text analysis module 

The Text analysis module is the front-end language processor 
of the Text-to-Speech System, which accepts input text and 
generates corresponding phoneme string and stress markers. 
On many occasions the Text Analyzer consists of a natural 
language processing module (NLP), capable of producing a 
phonetic transcription of the text read, together with the 
desired intonation and rhythm (often termed as prosody). 
The text analysis module has two broad sections one is the 
phonological analysis module and other is the analysis of the 
text for prosody and intonation. Bangla has a syllabic script. 
Grapheme-to-phoneme (phonological analysis) conversion is a 
formidable problem [6][7]. The phonological problems are 
mainly found in the pronunciation of the two vowels /a/ and 
/e/ as well as a number of consonant clusters. Even the 
semantic and the parts of speech of a word sometimes play a 
significant role in pronunciation. A comprehensive set of 
phonological rules including the exceptions is developed and 
implemented [8].  
The naturalness of the synthesized speech out put depends on 
the suprasegmental feature (prosodic and intonation feature) 
of the speech signal mainly pitch variation, syllabic duration 
variation, amplitude variation and pause. The implementation 
of the variation of suprasegmental feature in synthesized 

speech depend on the two factor one generation of intonation 
and prosodic rule [8] along with the development of text 
parser for intonation and prosodic marking and the 
implementation of the suprasegmental feature variation in the 
synthesizer. The later part will only be discussed in this 
paper. 

2.3. Synthesizer module 

It is the task of the Synthesizer module to combine splices of 
pre-recorded speech and generate the synthesized voice 
output. A sequence of segments is first deduced from the 
phonemic input of the synthesizer. If required, the prosodic 
events may be assigned to individual segments based on the 
information extracted by the text analysis module. 
The Synthesizer Module functions in the following way: 
The Phoneme string input from the Text Analyzer is assigned 
tokens, based on the indexing of the segmented partneme 
voice signals. Modification of pitch, amplitude and duration of 
the vowels has to be done to implement the prosody and 
intonation. The selected segments are concatenated to get the 
raw output signal. Spectral smoothing is performed on the 
concatenation points to remove mismatch and other spectral 
disturbances  
Rules for Token generation: 

  CVCV   C +CV+V+VC+C+V+Vo 
 VCV  Vi+V +VC+C+CV+V+Vo 
 CVYV  C +CV+V+VY+YV+Vo 

                       CVV C+CV+VV+Vo 
Where Vi, Vo, Vand C represent respectively fade-in vowel, 
fade-out vowel, Medial vowel and consonant. The fade in and 
fade out operation is applicable for the terminal vowels only. 
In non-terminal cases Vo and Vi are to be treated as V.   
In ESNOLA approach, the synthesized out put is generated by 
concatenating the basic signal segments from the signal 
dictionary at epoch positions.  The epochs are most important 
for signal units, which represent vocalic or quasi-periodic 
sounds. An epoch position is represented in Figure 3.  
 

 

Figure 3: Epoch position of a speech segment 

Steady states in the nucleus vowel segment of the synthesized 
signal are generated by the linear interpolation with 
appropriate weights of the last period and the first period 
respectively of the preceding and the succeeding segments. 
The generated signals require some smoothing at the point of 
concatenation. This is achieved by a proper windowing of the 
out put signal with out hampering the spectral quality. The 
equation of the window is as given below.  

1
( ) (1 cos( * / ))

2
W n n Nπ= −  for 0<n<0.125N     (1) 

Occlusion Fricative 
Burst

CV VC 

Epoch 

=1                                     for 0.125N<n<0.625N 
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1

(1 cos( * / ))2 n Nπ−=    for 0.625N<n<N 

 
Figure 4 represent a synthesized voiced out put for a given 
text input /bharɔt/ 
 
 

 

Figure 4: Synthesize out put for a given word /bhar�t/ 
using ESNOLA technique 

2.3.1. Implementation of naturalness in synthesizer 

Intensity modification (amplitude modification): this done by 
multiplying each of the sample value of the segment by the 
value specified by amplitude parameter of the corresponding 
token. 
 
Duration modification: This operation in the present system is 
performed on steady state vowel segment. Length of the 
steady state of vowel segment depends on the syllable 
duration. It may be noted that the duration of consonants and 
the CV and VC transition are pre –specified.  
 
F0 modification: Pitch (F0) modification of the synthesized 
signal is one of the important aspects to introduce intonation 
in the synthesized speech signal. In the segment dictionary the 
signal whose pitch have to be modified are the CV, VC, VV, 
nasal murmurs and laterals. Time scale pitch modification is 
done by changing the length of the period of the original 
signal. 
In ESNOLA pitch (F0) modification involves three steps. 
These are (1) Generation of short-time signals from original 
speech waveform, (2) Epoch synchronous modification 
brought to the short-term signals, and finally, (3) Synthesis by 
the concatenation of the modified signals. These three steps 
are described below. 

2.3.1.1 Generation of Short-Time (ST) Signals 

Let x(t) be the digitized speech waveform and let em: m = 1, 
2, … represent the successive epoch positions in the signal. 
The intermediate representation of x(t) is a sequence of short-
time (ST) signals ( )n

mx t , defined by 

( ) ( )
n

t x t pTm px W −=   for 0<t<nT …….(2) 

Here, 
1

( ) (1 / )
p

tpW α
−

=  for positive integers p, n such that 

the value of p runs from 1 to n for each ST signal and α is an 
empirically chosen constant and it is greater than 0. T is the 
time interval between epoch positions em-1 and em.  In the 
equation 2, the value of p is 1 for the range 0 t T≤ < , the value 
of p is 2 for the range T t 2T≤ < ,… the value of p is n for the 

range (n 1)T t nT− ≤ <  The physical implication of equation 2 is 
that the mth ST signal for the mth epoch points of the original 
signal constituted of n numbers of intermediate signals, 
constructed from the same Perceptual Pitch Period (PPP) in 
between (m-1)th and mth epoch points, but each time the 
amplitude is diminished by the factor (1/α)p-1  with increasing 
value of p. The length of the ST signal depends on the value of 
n.  

Time
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Figure 5: Epoch Positions Indicated by Arrows 

The figure 5 shows the three consecutive epoch positions and 
let us denote the three as e1, e2, and e3 from left to right. 
Figure 6 shows the ST signal for the epoch e1 of the original 
signal. The ST signal is for n = 3 and α = 4. The ST signal 
constitute of three generated signal. The part of the signal, left 
to the left vertical line is for p = 1, that in between the two 
vertical line is for p = 2 and the right most one is for p = 3. It 
is to be noted that the number of generated ST signals is equal 
to the number of epoch points in the original signal. 
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Figure 6: ST Signal for e1 in Figure 2.16 for n = 3 and 
α = 4 

It is obvious that if α is chosen a large value, then the 
amplitude of the generated signals for p > 1 become negligibly 
small. The effect of it in the synthesized signal would be like 
that a glottal pulse is generated much after the dying down of 
the previous glottal pulse. This condition would create a 
creaky voice. Similar, if the value of α is much lower, then the 
effect of it in the synthesized signal would be like that a 
glottal pulse is generated much before the dying down of the 
previous one. Thus, this will create a breathy voice. 
Empirically the value of α is obtained 0.25 for the production 
of good synthesized output. 
From this ST signal, the smallest pitch that can be generated is 

1
m nTf =  ……..(3)   

Each Short-Time signal is generated for the production of a 
single PPP of the synthesized speech signal. The value of n 
depends on the required pitch value of the synthesized signal. 
After generating the ST signal for a particular epoch points of 
the original signal, all the parameters are being reset and we 

bh bha a ar r rɔ ɔ ɔt t
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shift to the next epoch point for the generation of the 
corresponding ST signal. 

2.3.1.2 Epoch Synchronous Modification (ESM) of Short-
Time signals 

Epoch synchronous modification of ( )n
mx t  is described below. 

During pitch modification, the stream of Short-Time signals 
( )n

mx t is converted into modified stream of synthesized signals 
by placing a window appropriately and giving rise to a new set 
of epoch marks s me . Let { s me : m = 1, 2, …} denote the 
epoch positions of the synthesized speech signal. The 
algorithm works out a mapping f: { me : m = 1, 2, …} → 
{ s me : m = 1, 2, …} between original and synthesized epoch 
marks such that the time difference between two consecutive 
epochs equals the corresponding synthesis pitch period. The 
modified stream of synthesized signals can be represented as: 
 

( ) ( ) ( )
n n

t t x tm m mx W=     …. (4) 

In the above equation, the left side represents the synthesized 
speech signal for the mth ST-signal and ( )n

mw t  represents the 
window function for it. Note that this window is defined for 
every t less than or equal to the modified pitch period and it is 
zero beyond the pitch period. Selection of ( )n

mw t and its 
consequence on ( )s mx t are described as in equation (2). 

Now concatenating those changed pitch periods generate the 
required segment. This process creates a prominent striation 
and produces a perceptible mechanical horn like sound over 
and above the normal quality of the voice. This is because 
such concatenation produces exactly periodic wave instead of 
quasi-periodic ones. Normal human voice is not perfectly 
periodic. Two successive pitch cycles do not produce exactly 
the same pressure waves. The variations are random in nature 
and occur for pitch, amplitude and complexity, which are 
referred to as jitter, shimmer and complexity perturbations 
respectively. An optimum value of these produces natural 
sound. An excess of the perturbations makes the quality of 
sound rough or hoarse. Absence of these perturbations again 
produces an unnatural horn like sound. Addition of jitter and 
complexity perturbation almost removes the defect. A random 
variation of 2-3% in pitch period is introduced for jitter by 
introducing appropriate modification of T1.  The complexity 
perturbation is introduced by randomly varying the sample 
value by ±1%. 

3. Conclusions 
In this paper, a system for concatenative speech synthesis has 
been described using ESNOLA technique. Partnemes are used 
as the smallest signal units in the paper. The theoretical 
analysis of the ESNOLA technique clearly shows its 
advantages in speech synthesis. The ESNOLA framework and 
partneme inventories altogether give a simple approach for the 
production of high quality synthesized speech, particularly 
useful for intonated concatenative synthesis system. Using 
only the epoch information of the voiced speech signal, the 
pitch and prosody can be manipulated by keeping the quality 

intact. The attractiveness of the present approach is its 
computational simplicity for pitch and duration manipulations. 
For prosody modification, it is also necessary to manipulate 
the pitch and duration in the CV, VC, murmur and laterals 
portions of the stored signals. The epoch detection algorithm 
is necessary for manipulating pitch and duration in these 
cases. But this can be avoided by an offline detection of the 
epochs and storing them in files. 
Implementation of natural prosody and intonation need 
comprehensive rule for the spoken dialect. Unfortunately this 
is no yet available for SCB. Therefore system for flat speech 
using the technique has been developed for use. This is in the 
net where one cane hears the news from a Bangla daily 
newspaper, which is available in the net. Recently this system 
was used by the Election Communication for announcement 
of election results held in West Bengal. 
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