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Abstract
This paper describes the design and development of TTS. This 
paper describes the overview of different types of synthesis 
system. One approach to the generation of natural-sounding 
synthesized speech waveforms is to select and concatenate 
units from a large speech database. The system used the 
Syllabication procedure and Phones and Diphones.
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I. Introduction
Speech synthesizer or Text to speech Synthesizer is most 
widely used system in speech technology. We have various 
text to speech synthesizer systems available like Festival, 
Multilingual and Flite etc. A Text-To-Speech (TTS) synthesizer 
is a computer-based system that should be able to read any 
text aloud, whether it was directly introduced in the computer by 
an operator or scanned and submitted to an Optical Character 
Recognition (OCR) system.
As such, the process of TTS conversion allows the transformation 
of a string of phonetic and prosodic symbols into a synthetic 
speech signal. The quality of the result produced by a TTS 
synthesizer is a function of the quality of the string, as well as 
of the quality of the generation process. . The most important 
qualities of a speech synthesis system are naturalness 
and intelligibility. Naturalness describes how closely the output 
sounds like human speech, while intelligibility is the ease with 
which the output is understood. The ideal speech synthesizer 
is both natural and intelligible. Speech synthesis systems 
usually try to maximize both characteristics. The two primary 
technologies for generating synthetic speech waveforms 
are concatenative synthesis and formant synthesis. Each 
technology has strengths and weaknesses, and the intended 
uses of a synthesis system will typically determine which 
approach is used.

A. Concatenative synthesis
Concatenative synthesis is based on the concatenation (or 
stringing together) of segments of recorded speech. Generally, 
concatenative synthesis produces the most natural-sounding 
synthesized speech. However, differences between natural 
variations in speech and the nature of the automated 
techniques for segmenting the waveforms sometimes result 
in audible glitches in the output. There are three main sub-types 
of concatenative synthesis.

1. Unit selection synthesis
Unit selection synthesis uses large databases of recorded speech. 
During database creation, each recorded utterance is segmented 
into some or all of the following: individual phones, diphones, 
half-phones, syllables, morphemes, words, phrases, 
and sentences. Typically, the division into segments is done 

using a specially modified speech recognizer set to a forced 
alignment mode with some manual correction afterward, using 
visual representations such as the waveform and spectrogram. 
An index of the units in the speech database is then created 
based on the segmentation and acoustic parameters like 
the fundamental frequency (pitch), duration, position in the 
syllable, and neighboring phones. At runtime, the desired target 
utterance is created by determining the best chain of candidate 
units from the database (unit selection). This process is typically 
achieved using a specially weighted decision tree.
Unit selection provides the greatest naturalness, because it 
applies only a small amount of digital signals processing (DSP) 
to the recorded speech. DSP often makes recorded speech 
sound less natural, although some systems use a small amount 
of signal processing at the point of concatenation to smooth 
the waveform. The output from the best unit-selection systems 
is often indistinguishable from real human voices, especially in 
contexts for which the TTS system has been tuned. However, 
maximum naturalness typically require unit-selection speech 
databases to be very large, in some systems ranging into 
the gigabytes of recorded data, representing dozens of hours 
of speech. Also, unit selection algorithms have been known 
to select segments from a place that results in less than ideal 
synthesis (e.g. minor words become unclear) even when a 
better choice exists in the database.

2. Diphone synthesis
Diphone synthesis uses a minimal speech database containing 
all the diphones “Fig.3” (sound-to-sound transitions) 
occurring in a language. The number of diphones depends on 
the phonotactics of the language: for example, Spanish has about 
800 diphones, and German about 2500. In diphone synthesis, 
only one example of each diphone is contained in the speech 
database. The quality of the resulting speech is generally worse 
than that of unit-selection systems, but more natural-sounding 
than the output of formant synthesizers. Diphone synthesis 
suffers from the sonic glitches of concatenative synthesis and 
the robotic-sounding nature of formant synthesis, and has few 
of the advantages of either approach other than small size. As 
such, its use in commercial applications is declining, although it 
continues to be used in research because there are a number 
of freely available software implementations.

B. Formant synthesis
Formant synthesis does not use human speech samples at 
runtime. Instead, the synthesized speech output is created 
using additive synthesis and an acoustic model (physical 
modeling synthesis) Parameters such as fundamental 
frequency, voicing, and noise levels are varied over time to 
create a waveform of artificial speech. This method is sometimes 
called rules-based synthesis; however, many concatenative 
systems also have rules-based components. Many systems 
based on formant synthesis technology generate artificial, 
robotic-sounding speech that would never be mistaken for 

Design and Development of a Text-To-Speech 
Synthesizer System

1A.Chauhan, 2Vineet Chauhan, 3Gagandeep Singh, 4Chhavi Choudhary, 5Priyanshu Arya
1,2Dept. of Computer Science, Phonics School of Engineering, Rookee, Haridwar, Uttrakhand, India

3,4Phonics School of Engineering, Rookee, Haridwar, Uttrakhand, India



 InternatIonal Journal of electronIcs & communIcatIon technology 43

IJECT Vol. 2, IssuE 3, sEpT. 2011ISSN : 2230-7109(Online)  |  ISSN : 2230-9543(Print)

w w w . i j e c t . o r g

human speech. However, maximum naturalness is not always 
the goal of a speech synthesis system, and formant synthesis 
systems have advantages over concatenative systems. Formant 
synthesizers are usually smaller programs than concatenative 
systems because they do not have a database of speech 
samples.

C. HMM-based synthesis
HMM-based synthesis is a synthesis method based on hidden 
Markov models, also called Statistical Parametric Synthesis. In 
this system, the frequency spectrum (vocal tract), fundamental 
frequency (vocal source), and duration (prosody) of speech 
are modeled simultaneously by HMMs. Speech waveforms are 
generated from HMMs themselves based on the maximum 
likelihood criterion.

II. Text Processing
Text input to the synthesizer can be in transliterated form or in 
UTF-8 form. If incoming text is in UTF-8 form it will be converted 
to the transliterated form before further processing.
The Text processing module consists of preprocessing and 
syllabication modules. The text in transliterated form is 
preprocessed to remove invalid characters in the text. And 
also, preprocessing module adds phrase break indicators to the 
text based on full stops and case markers. The preprocessed 
text is further passed on to the syllabication module.

Fig. 1:Block Diagram of TTS

A. Syllabication
It is hard to cover all the syllable units of a language in the 
database. And also it is not possible to cover all of them in 
various contexts. So, there will be a need to handle the case of 
missing units. Considering this, two approaches of syllabication 
“Fig.2” are used. In the First approach, the syllabication 
algorithm breaks a word such that there are minimum numbers 
of breaks in the word, as minimum number of joins will have 
fewer artefacts.
The algorithm dynamically looks for polysyllable units making 

up the word, cross checks the database for availability of units, 
and then breaks the word accordingly. If polysyllable units 
are not available, then algorithm naturally picks up smaller 
units. This mean, if database is populated with all available 
phones of language along with syllable units, algorithm falls 
back on phones if bigger units are not available. A syllable 
types are: V, VC, CV, VCC, CVC, CCVC and CVCC; where V and 
C represent vowel and consonant respectively that are used 
for languages.

III. Unit Selection
It consists of basic units of varying sizes at syllable and phone 
levels. Each instance of the units is stored along with prosodic 
and linguistic features like pitch, duration, energy, phonetic 
context and syllable position in the word. And the issue of unit 
selection search concerns how to find this one best sequence 
of units from all the possible sequences. To give some idea of 
the scale of this, consider a typical case where we have say 20 
words in the input sentence which gives rise to 100 diphone 
items in the specification. If we have 100 units for each diphone, 
this means that there are 100100 = 10200 unique possible 
sequences of diphones.

Fig. 2: Syllabification

Fig. 3: Phones and Diphones

IV. Concatenation
Selected speech units are modified according to the predicted 
prosody and concatenated to form a single speech file. This 
module of the TTS system is responsible for finding the boundary 
values of a syllable sound in the recorded sound file, from the 
database. The input text that is segmented into words is passed 
to this module. First search in the database is made to look if 
the word as such is present in the database If it is present, the 
starting and end positions of word sound in the recorded sound 
file, are returned from the database, otherwise, syllabification 
module is called to segment the word into syllables. Now these 
syllables are searched in the database. First the search is made 
according to the position (starting, middle or end) of the syllable 
in the word. If search is successful for that particular position of 
syllable, starting and end positions of syllable sound in recorded 
sound file are returned from database. If there is no entry for 
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that particular position of syllable in the database, then that 
syllable is searched for any position. If the syllable is found at 
any location, the starting and end positions of its sound in the 
recorded sound file, are returned from the database. Otherwise 
this syllable is segmented further into smaller speech units 
and these units are searched in the database. 

V. Prosody
In prosody module prosodic features like pitch, duration, and 
stress, emotions, intensity etc. are predicted for the selected 
syllables. During recording of prompts, the prosody with which 
voice talent reads the prompt varies over the length of the 
recording. In addition, syllables used in concatenation are 
picked from different contexts. Because of these reasons, 
audible discontinuity due to discontinuous prosodic contours is 
perceived in the synthesized speech. To correct these prosodic 
contours, Classification and Regression Tree (CART) is used 
in predicting prosody for the selected units. Prosodic features 
can be divided into several levels such as syllable, word, and 
phrase level etc.. For example, at word level vowels are more 
intense than consonants. At phrase level correct prosody is 
more difficult to produce than at the word level.

VI. Database Design
Concatenative systems used databases of pre-selected units, 
such as phones, diphones, syllables or demi-syllables. The 
creation of these databases involved selecting a single unit 
for inclusion in the system–representative of all possible 
occurrences. The difficulty was in obtaining a single all-purpose 
representative version of the unit in an offline selection process; 
that is, the units are pre-selected. To cater for all possible 
segmental or prosodic contexts, the unit needs to be as neutral 
as possible. The paradox of course is that the more general 
purpose the unit the more abstract it is and the less natural. 
A phone-based system provides the worst situation, with just a 
hundred or so units. Unit selection systems are at the other end 
of the scale. Here the idea is to include as many non-neutral 
units as possible, and choose the appropriate one online–
that is, the unitsare selected at runtime; hence the need for 
efficient search techniques. Segments excised in the selection 
process vary in size: some systems opt for diphones, with some 
going as far as triphone length segments. The excised units 
do not always have to be the same size, of course, so dynamic 
selection can involve varying length units–that is, sub-phone 
up to n-phone units. Unit size measurement is usually in terms 
of phones, where a phone is a section of audio signal labelled 
symbolically using an intrinsic or a contextualized extrinsic 
allophone. TTS on initialization loads entire database containing 
syllable segments and their feature descriptions into a data 
structure. The data is stored in a hash table. Every syllable 
unit is hashed into one of the 800 buckets of the hash table. 
Syllable segments and their feature descriptions are stored 
using linked lists under hash list.

VII. Applications of Speech Synthesis Systems
The applications of speech synthesis systems are wide ranging 
including human-computer interaction, telecommunications, 
talking books, language education and aid to handicapped 
persons.

A. News Reader
The news reader extracts the new items from major news 

portals, and does a lot of text processing to clean up the text, 
before giving it to the speech generation component. 

B. Screen Reader for Visually Impaired
The application of screen reader is helpful for visually 
handicapped persons. It aids the person to navigate through 
the screen, and reads out the news items and articles available 
in desired language scripts like email etc.. Apart from the wide 
range of text processing issues, it also needs to address the 
issue of seamless navigating across various applications. 

C. Telecommunication and Multimedia
The newest applications in speech synthesis are in the area of 
multimedia. Synthesized speech has been used for decades 
in all kind of telephone enquiry systems, but the quality has 
been far from good for common customers. Today, the quality 
has reached the level that normal customers are adopting it 
for everyday use.
Texts might range from simple messages, such as local cultural 
events to huge databases, which can hardly be read and stored 
as digitized speech. Synthetic speech is key factor in voice 
mail systems. This is a well known fact that electronic mails 
have become very usual in last few years. However, it is not 
possible to read the mails without proper connectivity. This type 
of situation may exist at various places, e.g., a person traveling 
in the plane. With synthetic speech, e-mail messages may be 
listened to via normal telephone line. Synthesized speech may 
also be used to speak out short text messages (sms) in mobile 
phones.

D. Educational 
Synthesized speech can also be used in many educational 
situations. A computer with speech synthesizer can teach 
24 hours a day and 365 days a year. It can be programmed 
for special tasks like spelling and pronunciation teaching for 
different languages. TTS synthesis coupled with a Computer 
Aided Learning system can provide a helpful tool to learn a new 
language. Synthesized speech can also be used with interactive 
educational applications.
Especially, with people who are impaired to read, speech 
synthesis may be very helpful because especially some children 
may feel themselves very embarrassing when they have to be 
helped by a teacher. It is also almost impossible to learn write 
and read without spoken help.

VIII. Conclusion
In this paper, we discussed the design and development of 
unit selection speech systems for languages. We studied the 
quality of speech synthesis systems for varying coverage of 
units in the speech database. And design the syllabification 
procedure diagram. And contain the large database words, 
phones diphones. 
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