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ABSTRACT

The field of Text-To-Speech (TTS) synthesis is one in which much development and research has
taken place over the last few decades. As a result of advances made, many laboratory and

commercial systems of high quality exist today.

This thesis is an attemnpt made to develop a prototype TTS system for the Tigrigna language. It is
based on the concatenation of diphones wsing TD-PSOLA (Time -Domain Pitch Synchronous
Overlap and Add) techmique. T used my voice to record an mventory of speech from which diphone

units were extracted.

The Tigrigna text to speech system has two major distinct parts, which are text processing followed
by speech synthesis. Visual Ci-+ programming language is used to develop an mterface and to

handle text processing and MATLAB programming language is used to handle the signal processing,

Two major activities were made while preparing the diphone database; carefull selection of coIpis
words and extraction of diphones from these words, To record corpus wards and then to extract

diphones from these words the free software called Praat B used.

For testing this system; the Mean Opinion Score (MOS) testing method was adopted. And the
average result computed was found to be 3.05, which is closer to scale level good i.e. 3. The system
15 a good start to producing realistic speech from text, but there are several areas that can be
improved. Inclusions of acronym converter to the text processing module and prosody control are

same of the things that need further research.



OVERVIEW

This thesis is divided irto five chapters:
Chapter 1: provides the definition of Text-to-speech synthesis, modules of TTS synthesis, staterment of

the problem and justification of the study, objectives of the study, methods employed, and scope and

Imitation of the study.

Chapter 2: outlmes how human speech is produced, and briefly discusses types of speech synthesis,

and speech units used for concatenation purposes.

Chapter 3: outlines the struchire of Tigrigna TTS system, phonology of Tigrigna, and the processes
mvolved in text pocessing as well as speech synthesis m this system. And also it briefly discusses the

TD-PSOLA algorithin.

Chapter 4: In this chapter the text processing algorithm and speech synthesis algorithm and their flow

charts are discussed in detail. And also experimentation results will be presented and discussed

Chapter 5: draws conclusion from the test results obtamed from experimentation. And it forwards

recommendation for further research on the area.



CHAPTER ONE

INTRODUCTION

1.1 Background to the Study

Speech is the primary means of commumication between people. Speech synthesis, automatic
generation of speech waveforms, has been under development for severa] decades. Recent progress
n speech synthesis has produced synthesizers with very high intelligibility but the sound quality and
naturalness still remain a major problem. However, the quality of present products has reached an
adequate level for several applications, such as multimedia and telecommunications (Lemmetty, S,
1999).

A Text-To-Speech (TTS) snthesizer is a computer based system that should be able to read any
text audibly, whether it was directly introduced in the computer by an operator or scarmed and

submitted to an Optical Character Recognition (OCR) system.

(includes information on the phoneme to be produced, their duration, locations and duration of ary
pauses, and the findamental frequency), and on the other side, a digital signal processmg (DSP) part

capable of turning this representation into an output signal.

r Text-To-Speech Synthesizer

Speech

Text | Natural Language Phoneme | Digital Sigral
Processing (NLP) Prosody Processing (DSP)

Figure 1.1 Text-To-Speech Synthesizer Modules



Figurel .1 introduces the functional diagram of a very general TTS synthesizer. Jt COMPprises a natural
language processmg module . which is capable of producing a phonetic transeription of the text read
together with the desired mtonation and thythm (often termed as prosody), and a digital signal

processmg module that transforms the symbolic mformation it recejves Into speech

1.1.1 NATURAL LAN GUAGE PROCESSIN G MODULE

The natural language processing module of the synthesizer i3 used to performn text and linguistic

analysis on the input text and can be broken to the following parts.

1.1.1.1 Text-to-Phoneme Conversion
In most text-to-speech systems; each input sentence is given as Input to the textprocessing module
of the system. The input is analyzed m such a way as to;
*  Reformat everything encountered (eg., abbreviations; acronyms) irto words and punctuation
*  Parse the sentence to establish the syntactic struchure
o Findthe semantically determined locations of contrastive stress
*  Derive a phonemic representation from each word

*  Assign a stress pattern to each word (Kaynar et al., 2001).

1.1.1.1,1 Text Formatting
There are some differences between how humans write and how they speak. Therefore the mput text
must be reconstructed from the written format into a format that is appropriate for the spoken This

process is called text formatting (normalization). This module identifies numbers, abbreviations, and



acronyms and transforms them irto full alphabetic text when needed (e.g $35.61, 35.61, 2000, the
year 1971, 10:15 p.m.).

1.1.1.1.2 Letter-To-Phoneme Conversion

After the text has been properly normalized; the letter-to- phoneme module transforms this text mto
an intermediate linguistic representation and this representation has two components: the
transformation of text into phonetic units and the conversion of text nto prosodic parameters. The
phonetic units specify what sounds to be produced while the prosodic parameters specify how they
are to be produced (Kaynar et al., 2001),

Speech, which is produced by simple concatenation of segments, has good mtelligibility but poar
naturalness. Naturalness is an essential factor for Hser acceptance. It will be obtained by considering

so-called prosodic parameters (Vosnidis, C., 2001),

» Phonemes are the smallest units of scx:r_ld that help to represent semantics of a language
systematically and unambiguously (Rodman, R., 2003). Changes of these mits in a word or
morpheme can bring a difference in meaning. Therefore to treat sounds that can bring
meaning difference, the text has to be converted to these units of sound.

» The term prosody refers to the ensemble of properties of speech utterances that cannot be
derived in a straightforward fashion from the identity of the phonemes corstituting the speech
utterances. Prosody comprises the melody of the speech, word and phrase boundaries,

word stress, sentence accent, ard changes in speaking rate, ete (Vosnidis, C,, 2001).



1.1.1.1.3 Syntactic Analysis
Some pronunciation ambiguities can be resolved from syntactic information And he only way to
pronounce words correctly is to figure out the syntactic structure of an input sentence. Thus # would

be highly desirable to include a parser in a text-to-speech system (Kaynar et al., 2001).

1.1.1.1.4 Semantic Analysis

Semantics is a subfield of linguistics that is traditionally defined as the study of mearing, Semartics
deals with sense and reference, truth conditiors and discourse analysis. Pragmatics is often
considered a part of semantics (Webster-online -dictionary). Semantic and pragmatic knowledge is
needed to disambiguate sentences. Contrastive stress may be applied to an important word

depending on the meaning (Kaynar et al., 2001),

1.1.2 DIGITAL SIGNAL PROCESSING MODULE

Once the text has been transformed into phonemes and their associated curations and a fundamental
frequency have been computed, the system 1s ready to compute the speech parameters for synthesis.
Intuitively, the operations in the DSP module are the computer analogy of dynamically cortrolling the
articulatory muscles and the vibratory frequency of the vocal cords so that the output signal matches
the input requirements. In arder to do it properly, the DSP module should obviowsly, in some way,
take articulatory constraints into accourt, since it has been known for a long time that phonetic
transitions are more mportant than stable states for understanding of speech. This, in tum, can be

basically achieved in two ways (Vosnidis, C., 2001).



*  Explicitly, in the form of a series of tules which formally describe the mfluence of phonemes
on one another,
Implicitly, by storing examples of phonetic transitions and co-articulations into speech
segmert database, and using them as they are, as ultimate acoustic units,
Two main classes of TTS systems have emerged from these alternatives to speech synithesis:
concatenative synthesis and rule- based synthesis, the former relies heavily on the successful choice of
concatenative units. Concaterative synthesis consists of concatenating segmental ity (dphones,
phonemes, etc), rule-based synthesis consists of the computation of control parameters based on

pre-established rules (Vosnidis, C., 2001).

1.1.2.1 Rule-Based Synthesis

Rule-based approaches are memary efficient, since they eliminate the need to store speech
segments, and they also make it easier in prnciple to mplement new speaker characteristics for
different voices than concatenative synthesis (Vosnidis, C.. 2001),

These systems are restrictive regarding the choice of the parametric representation of speech, since
such schemes rely both on our understanding of the relation between the parameters and the acoustic
signals they represent, and on our ability to compute the dynamics of the parameters as they move
from one sound to another. Thus far only formant-syrthesizers and articulatory-synthesizers have
been wed in rule-based systems (Vosnidis, C., 2001).The formant-synthesizers try to describe
speech elements by parameters related to formant frequencies, bandwidths and voicing while
articulatory- synthesizers try to imitate the physical human mouth, wherein each speech element s

described by parameters of the actual human mouth’s position and movement (Lemmetty, S. 1999).



Rule-based synthesizers, however remain potentially powerful approactes to speech synthesis. They
allow studying speaker-dependent voice features so that switching from one synthetic voice to
another can be achieved with the help of specialized rules in the database, Following the same idea,
synthesis by rule seems to be a natuml way of handling the articulatory aspects of changes n
speaking styles (as opposed to their prosodic counterparts, which can be accounted for by
concatenative-based synthesizers as well). No wonder it has been widely mtegrated in TTS system

(MITak and JRSU synthesizers for English) (Vesnidis, C., 2001).

1.1.2.2 Concatenative Synthesis

Concatenative synthesis is based on the concatenation (or stringing together) of segments of
prerecorded speech.  As opposed to rule -based ones, concatenative synthesizers posses a very
imited knowledge of the data they handle; most of it is embedded in the segments to be chained up.
Three design decisions are particularly important in this type of synthesis; choice of unit, storage of

units, and concatenation method (Kaynar et al., 2001).

1.1.2.3 Comparison of Rule-based and Concatenative Synthesis

Rule-based synthesis allows considerable freedom; a high number of adjustable parameters make
high quality speech output possible. But this freedom is also the biggest disadvantage of nile-based
synthesis; setting the parameters and devising rule sets such that the resulting speech is both
mtelligible and natural is very difficult. because as yet, we know little about the mechanisms of speech
production (Wolter, M., 1997).

On the other hand, a concatenative approach only needs a reliable acoustic analysis of the language’s

phonetics, a good concatenation algorithm, a patient speaker, and enough time for segmenting the



Aid for Better Communication: Redundancy in commumication is the key to better
commurncation. Redundancy in this context is the transmission of the same or closely related
mformation to the receiver or learner through two sensory chanmnels (wsually aural and visual
chanmels). Therefore TTS systemns give chance to making errors in communication become

mmnimized (Klatt, 1987),

In view of its application, it is clear that TTS systems must be developed for every language that has

aneed for it. Hence the conductor of this research selected the topic TTS synthesizer system for

Tigrigna language, for the following reasons.

As stated in Girma’s (2001) thesis, according to the office of Population and Housing
Census Commission of Ethiopia (1999) there are about 3,371,808 Tigrigna speakers of
whom 3,224,875 speak as a mother tongue and 146,933 as a second language. However,
before Eritrea became an independent courtry (since 1993), the total number of Tigrigna
speakers in Tigray and Eritrea was 4,068,789 as stated in the 1984 census. At present,
Tigrigna is the second most widely spoken Semitic language next to Amharic.

Literatures, books, newspapers, and magazmnes published in Tigrigna have been mcreasing
over the years. At the moment, Tigriera is the medium of instruction i the primary and junior
secondary schools in Tigray based on the new Education and Training Policy of Ethiopia
(MOE, 1994, sub-article 3.5.1). Since the infroduction of Geez word processmg, electronic
documents published in Tigrigna have been produced for different purposes. CD-ROM’s
publication and Web-page development are also emerging.

Lots of documents have been prepared with this language. So for Proof reading of these

documents a speech synthesizer connected with word processor is a helpful aid Many users



fmd it easier to detect grammatical and stylistic problems when listening than readng. Normal

musspellings are also easier to detect

A TTS system for other languages i the Semitic family can be developed with less effort
1.3 Objective of the Study

1.3.1 General Objective

The main objective of this research is to develop a prototype TTS system for the Tigriga language

based on the concatenation of diphones using TD-PSOLA (Time-Domain Pitch Synchronous

Overlap and Add) technique.

1.3.2 Specific Objectives

The specific objectives of the study are to:
* extract sample diphones fom corpus words for database Dreparation

* Review the various literatures on Natural Language Processing (NLP) and Digital
Speech Processing (DSP) concepts and techniques relevant to TTS synthesis.

* Build aprototype TTS synthesis system for Tigrigna language
* Test the system on how it performs for a limited number of words and sentences.

® Draw wseful conclusion and forward recommendation for further study.
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1.4 Methods

The following methods have been employed while developing a prototype.

1.4.1 Review of related literature

A mumber of resources such as books, research reports, articles in journals, and other published and
urpublished documents have been used m order:
> Tounderstand the phonology of Tigrigna language:

> To examine and select types of speech synthesis, acoustic units to be used, and concatenation

> To identify appropriate tools required to develop a prototype;
» To understand the processes mnvolved in text processing;

»  Tounderstand the role of TD-PSOLA algorithm in speech synthesis,

1.4.2 Development tools and techniques

Since comecting prerecorded natural utterances is the easjer Way to produce intelligible and natural
sounding speech, the concatenation synthesis method using TD-PSOLA algorithm is wsed for this TTS
system development.

For the text analysis part Visual it programmirg language is used, becase of its simplicity to develop
an interface wsing itandmhand]ingshhgs. And for the speech synthesis part Matlab programming

language is used to handle the signal processing,

To record the corpus data and extract the desired acoustic units a tool called Praat was used.

11



1.4.3 Testing technique

For the evaluation of the systemn a number of native speakers of the language were mvited to listen to
some of the possible words and sentences that can be synthesized by the system (smce we have few
recorded diphones) and were asked to give their opinion on the overall quality of the synthesized speech
with respect to scales used n MOS (Mean Opinion Score). MOS is preferred among others (Modified
Rhyrne Test MRT)), Diagnostic Rlyme Test (DRT)) because it is the most widely used and the smplest
method to evaluate the overall speech quality. It is a five level scale from bad (1) to excellent ( 5)

(Lemmetty, S. 1 999,

1.4.4 Scope and Limitation of the study

Due to shortage of time, only a limited mumber of corpus words were recorded, hence a limited mumber
of diphone speech data was stored in the diphone database, Furthermore the text mput could only
extend up to paragraph leve]. Byt the words within the sentences are assumed to be separated only by
blanks; pmcmahm marks like slash, semicolons were not considered and these words could contairn

abbreviations, acronyms and the like. And also only my voice was used to record the sample corpus,

13



CHAPTER TWO

SPEECH PRODUCTION

2.1 Human Speech Production

Sound is generated in severs] ways and at several locations in fhe human vocal tract. The most common

generated by the passage of air through a narrow constriction, usually n the oral cavity (Eker, B., 2002).

Vocal organs can be seen in figure 2.1.

The main components of the speech production organs are the lungs, trachea (windpipe), larymx,
pharyngeal cavity (throat), oral or buccal cavity {(mouth), and nasa] cavity (nose). The pharyngeal and
oral cavities are usually grouped mto one unit referred to as the vocal tract, and the nasa] cavity is often
called the nasal tract. Accordingly, the vocal tract begins at the output of the larynx (vocal cords, or
glottis) and termimnates at the mput to the lips. The nasal tract begins at the velum and ends at the nostrils,
When the velum (a trapdoor-like mechanism at the back of the oral cavity) is lowered, the nagal tract is
acoustically coupled to the vocal tract to produce the nasal sounds of speech. The pharynx is the fibe.

like organ extending from the back of the mouth to the larynx (Eker, B., 2002)

Alr enters the Jungs viaﬂlencxmalbreaﬂling mechanism. As air is expelled from the lungs through the
trachea, the tersed vocal cords within the Iamarecausedtovﬂ)ratebyﬂ]eairﬂow. The airflow
chopped into quasi-periodic pulses, which are then modulated i frequency mn passing through the throat,
the oral cavity, and possibly nasal cavity. Depending on the positions of the various articulators (i, jaw,

tongue, vehm, lips, mouth), different sounds are produced.

14



Figure 2.1 Vocal Orgars (Eker, B, 2002).
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2.2 Speech Synthesis Techniques

Synthesized speech can be produced by several methods (Lemmetty, S. 1999). Each of these methods
has it own advantage and disadvantage. The methods are usually classified into three groups: Articulatory
synthesis, Formant synthesis and concatenative syrthesis. The first two are commonly referred as rule-

based synthesis (Lemmetty, S., 1999),

2.2.1 Articulatory Synthesis

Articulatory synthesis tries to model the human vocal organs as perfectly as possible, so it is potentially
the most satisfymg method to produce high quality synthetic speech (Donovary, E., 1996).

On the other hand it is the most difficult method to implement and its computational load is also
corsiderably higher than with the other common methods. Thus it has received less attention than other
synthesis methods and has not achieved the same level of success (Donovan, E., 1996).

Articulatroy synthesis is quite rarely used in present systems but the syrithesis methods are developing
fast and the computational resources are increasing rapidly, it might be a potential synthesis method in the

fulure (Lemmetty, S., 1599}

2.2.2 Formant Synthesis

Formart synthesis models pole frequencies of speech signal or transfer fimction of vocal tract based on
source-filter model. Probably his is the most widely used synthesis method during the last decades
(Lemmetty, S., 1999). There are two methods of combining the formants to make a model of the vocal

tract. These are parallel and cascade, but for better performance some kind of combmatin is used

(Donovan, E., 1996).

16



concatentative synthesis. At least three formants are required to produce intelligible speech and up to five

formants to produce high quality speech (Lemmetty, S 1999)

systems are much less than articulatory synthesis systems, they are more than concatenative synthesis

(Donovan, E,, 1996).

2.2.3 Concatenative Synthesis

& Concatenating prerecorded natural utterances is probably the easjest way to produce intelligible speech

However concatenative synthesizers > are ustally limited to one speaker and one voice and usually require

\

ere memory capaoity than the other methods (Eker, B., 2002),

become more complex (Eker, B., 2002 ).

In the present systems units used are usually words, Syl_{able& demisyllables, phonemes, and diphones,

and sometimes triphones.

17



2.2.3.1 Word Concatenation

A word concatenation is perhaps the most natural unit for written text and some messaging systems with

Iimited vocabulary Guch as airline reservation, weather forecast reports). The concatenation of words is
relatively easy to perform ad co-articulation effects within a word are captured i the stored vnits

(Vosnidis, C., 2001).

If the words are recorded separately, intonation will be lost. Moreover the system will be limited with the
prerecorded words and this makes word concatenation unsuitable unit for urestricted TTS systems. In

addition since words start from zero level and end at zero level, concatenating without firther processing

produces a sentenice that in every word you stop for a while. If words are taken from a sentence and
there is an intonation in the sentence, that will also affect the system. However these systems require little
computation in run time, since they simply concatenate prerecorded words. One other advantage of
these systems is that quality within the output word is almost perfect since they are prerecorded, not

created In nin-time (Vosmdis, C., 2001).

2.2.3.2 Syllable Concatenation

Syllable units are smaller than words and larger than phonemes. The mmber of differert syllables in each
language is considerably smaller than the mumber of words, but the size of the database is still larger for
TTS system. But unlike words; co-articulation between syllable units may not be so weak, and as a

result smoothening across unit boundaries will not be as such easy (Donovan, E., 1996),

18



2.2.3.3 Phoneme Concatenation

Phonemes are the normal acoustic presentation of speech. However to obtain accurately the phonemes
from input speech is difficult: since the start and the end of a phoneme in speech signal can’t be
determined certainly. So a lot of trial may be needed to get the fimal phoneme set. After obtaining the
phoneme set, these phonemes should be concatenated smoothly however this is also a difficult task. On
the other hand, these systems do not require much memory since few speech parts are prerecorded. For

example for Tigrigna only 36 phoneme wnits are to be extracted from appropriate corpus data (Eker, B,

2002).

2.2.3.4 Diphone Concatenation

A diphone is oughly the last half of one phoneme followed by the first half of the next phoneme. So they
contamn the transition between adjacent phones. That means the concatenation point will be in the most
steady state regions of the signal, which reduces the distortion from concatenation points (Traber, C,,
2002).

7 In principle the mumber of diphones is the square of phonemes plus allophones, but not all combimations
of phonemes are needed. For example there are no vowel vowel phoneme combinatiors in Tigrigna
Diphone is a very suitable unit for sample based TTS synthesis as compared to others. Therefore this
speech umit is used for concatenation purpose in this thesis.

Building the unit inventories corsists of two main phases. First the natural speech must be recorded so
that all units within all possible contexts (allophones) are included. After that, the units must be labeled
and segmented. Gathering the sarnple urits from natural speech is wsually time consuming.

There are several problems in concaterative synthesis compared to other methods.

19



1. Discontimities at concatenation pomts, which can be reduced using diphones or some special
methed for smoothing signal

2. Memory requiremerts are usually very high especially with long concatenation vmits (such as
words or syllables),

3. Data collecting and labeling of speech ig wsually time consuming. In theory all possible
allophones should be included in the material, but tradeoff between quality and munber of
samples must be made.

Some of the problems may be solved with sophisticated DSP algorithms ; for example algorithms

that can reduce mismatch during concatenation algorithms that can automatically label speech urits

from corpus data and the like (Donovan, E,, 1996).

2.2.4 Linear predictive synthesis

Linear predictive (LP) synthesis is a source filter method of speech synthesis. The digital filter is

concatenation umifs, It is not really sutted to rule-based systems smce rules are more easily
expressed in terms formants, and the relationship between the coefficients used to define the 1P
filter and the formants is not a simple one (Donovan, E, 1996).

The basis of linear prediction theory is the assurmption that current speech sample y(n) can be

estimated as a linear combination of the previous P samples , plus a small error tenm e(n). Thus,

‘D
e(m)=>" a(t)y(n—1) where a(0)=1 and the a(i) are termed as the linear predictive coefficients , and

i=0

P the linear predictive arder. P coefficients, a(1), are found by minimizing the sum of the squared

20



errors over the frame of speech under analysis. Two methods of performing this calculation are
commonly used, termed the covanance method and the autocorrelation method. which differ m the
range of over which the error js minimized (Donovan, E., 1996),

Synthetic speech produced using linear prediction synthesis is far from perfect Klatt reports that
autocorrelation of the LP synthesis does not produce formant frequencies and bandwidih correctly
when speech s re-synthesized at different fundamental frequency to which it had oniginally. Bven
when re-synthesizing speech at he original pitch, the speech quality is considerably degraded
compared to the criginal. The most noticeable result is that the synthetic speech is produced with

characteristics of buzz sound (Klatt, D, 1987).

2.2.5 PSoLA synthesis

The Pitch Synchronous Overlap and Add (PSOLA) algorithm was developed by France Telecom
at CNET. The techmque does not synthesize speech itself, but merely enables prerecorded
segments of speech to be smoothly concatenated while enabling the pitch and duration of the
segments to be altered. It is therefore of tse n concatenation synthesis in place of linear prediction,
which was traditionally used to perform ths role (Lemmetty, S., 1999). The advantage of PSOLA
synthesis over [P synthesis is that the synthetic speech produced is of much higher quality
(Donovan, E,, 1996).

Time-Domain (TD)-PSOLA s the simplest, computationally efficient and the mast widely used
version of PSOLA (Lemmetty, S, 1999). The disadvantage of this method, compared to linear
predictive synthesis is that it can’t perform spectral smoothening at concatenation pomts.
Comsequently, one must choose synthesis unit very carefully to avoid formant discontinuities during



synthesis. The Frequency-Domain (FD)}PSOLA operates in the frequency domain and it can
overcome this problem (Donovan, E., 1996).

All versions of PSOLA requre a large waveform unit database for concatenation, but recent
expansion of computer storage made this problem less critical And also these work in essentially
the same way (Lemmetty, S., 1999). A natural speech segment is broken into many short-term (ST)
signals by Hanning wmdowing pitch synchronously through regions of voiced speech and at a fixed
interval through regions of unvoiced speech. The ST-signals are then recombined to produce the

synthetic speech. The PSOLA algorithm s discussed i detail in section 3.5.3.1 (Traber, C., 2002).
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CHAPTER THREE
PHONOLOGY OF TIGRIGNA AND TTS ALGORITHMS

3.1 The Phonology of Tigrigna
Tigrigna is one of the North- Ethio- Semnitic languages namely Geez, Tigre and Tigrigna It is mainly
spoken in Tigray and Erifrea As the name indicates the language is named after jts home, the Tigray

administrative region (Germay, B, 1983).

laryngeals (Germay, B, 1983). The term geminate consonant refers to a doubled or long consonant:
for example the ‘¢ in the word giddaf (78F) 5 4 geminate consonant (Webster's Online
Dictionary). Corsonants are classified according to voicing, places of articulation, and marmers of

articulation (Olsen, 3., 2003).



N7

unvoiced because there s no vibration, and the sound [2 (M)] 5 called voiced because the

vocal cords do vibrate,

shape by the different posttions of the articulators (the tongue, lips, velum etc.). The way the
shapeofﬂ}ecavitychang&e mfluences the way the air in it vibrates gIving 1ise to different
sounds (Olsen, S, 2003). Tigrigna consonants may be classified by the marmer of articulation

as stops, fricatives, affricatives, nasals, liquids, and semi-vowels.

* The Stops: are produced by a complete closure blocking the air momentarily and
then releasing it abruptly (Olsery, S, 2003). Stops are also called Plosives. There are
ten stop phonemes out of which three [b (M), d (£), g (1] yre voiced and the rest
[P CT) L), k (), P(A),T (.0 (3,2 (A)] are unvoiced, [P (%), T(m), q(#)]

are the glottalized counterparts of 1p (T), L{t), k(R

* The Fricatives: is made by an incomplete closure (or stricture) which produces
friction as the air is forced through it (Olsen, S, 2003). Fricatives are also termed

confimuants. There are nine fricative phonemes out of which three
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[z (1), Z (), e (0)} are votced and the other SIX

(M (&), S, *S (8), X (70), h (1), H ()] are unvoiced.

* The Affricates combines a stop with a followin g contimant but lasts cnly as long as
a single fricative (Olsen, S, 2003). There are three affricate phonemes
[ (R), € (F), C (4)] which are voiced, unvoiced and ejective respectively. The ©

18 the glottalized counter part of (c).

* The Nasals: is formed when air escapes through the nose. For this to happen, the
soft palate is lowered to allow air to pass it, whilst a closure is made in the oral cavity
to stop air escaping through the mouth (Olsen, S., 2003). There are three masal

phonemm [ (@2}, n (1), N (7).

* The Liguids: is formed by partial blockage or obstruction of air in the mouth.
Liquids consist of lateral [' ()] gounds and flap I (£)] sounds (Olsen. S., 2003).

Both are voiced and dental phonemes and they oceur in all positions.

* The Semi Vowels: are vowellike consonans, They don’t involve a Hockage or
obstruction of air in the mouth a3 is the case with stops and fricatives (Olsen, S.,
2003).There are two semi-vowels [W (@), y ()] m Tigrigna and they occur in all
positions.

» Place of Articulation The air stream used in producing speech sounds comes fromthe hungs
and passes through the Jarynx and the vocal cords, Some of the components of the sound so
produced are filtered out by certain configurations of the vocal tract, while ofher components

are simultaneously amplified by them (Olsen, S, 2003). Tigrigna consonants may be classified



by the place of articulation as bilabial (lips together), labiodentals (lower lip against front

teeth), dentals (teeth together), palatals (tongue on hard palate), velars (tongue near velum),

and glottal (space between vocal folds).

All the twenty nine consonamt phonemes of Tigrigna, which have been discussed above, are

presented here m tabular form (Genmay, B., 1983).
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Table 3.1 The consonant Phonemes

3.1.2 Vowel Phonemes

Vowels differ from comsonants in that there is no noticeable obstruction in the vocal tract during their

production. Arr escapes in a relatively urrestricted way through the mouth and/or nose (Olsen, S,

2003).There are seven vowel phonemes in Tigrigna These vowels can be dvided into different

categories depending on how they are formulated: Front certra] or back positions of the tongue,
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wideness/roundness of the constriction position, and place of the tonigue (high, mid or low) (Rodman,
R., 2003). Tigrigna vowels and their categorization are summarized below in table 3.2.

» The Front Vowel: these are two in mumber [| (A.):€ (%) ] both are unrounded. The mid
front vowel (&) doesn’t oceur word finally while the high front (1) occcurs medially as well as
el )

» The Central Vowels: there are three central vowels [ (A, (A),2 (A)] which are all
urrounded. Among these (1) never occurs word finally, where as the remaining two are found
medially and finally.

» The Back Vowels: these are [U { &), 0 (#)1. Both are rounded and they oceur in word

medially and ward final positions (Germay, B., 1 983).

Front Clentral Bacle
High i(h) (X6 u (M)
Mid it e (%) a (&)
Low a (A) Al

Table 5.2 The Vowel Phoneme s

3.2 Intonation

The fundamental frequency or pitch is the frequency of voicing, that i, the frequency at swhich he
vocal folds vibrate. The intonation of a sentence 1s the pattern o the pitch changes that oceurs. In

Tigrigna, three confrastive infonations are recogrized.

> Falling intonation: the sentence final intonation has falling pitch
» Neutral infonation: when the senfance 18 simple sentence (declarative) the intonation 18 neutral
» Rising intonation: there is a relatively high rising intonation on the interrogative word or on the

wh-questions (Germay, B, 1983).
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Intonation variation can bring a difference in meaning. The statement BLE. (he left), for example,
when spoken with falling intonation is a declarative, and a question when spoken with 1ising

intonation, and with dynamically rising infonation nterpreted as surprise,

R4, Falling mtonaticn Declarative
hes? Rising mtomation Question
e8! Rising intonation Surprise

Here are some more examples for each type of intonation discussed above
o (N2 TNHRA myey )} Means ‘I don’t know where to go’ = ‘Falling irtonaticr
o (T REA.) fimali kiyidu Means “he went yesterday * = Neutral intonation’
o (™% hes?) ménikayidu? Means ‘who went?” => ‘Rising intonation’

o (PAF) gidal Means ‘don’t do it - ‘Rising irtonation’

3.3 The structure of Tigrigna TTS System

some of the following properties (Vosnidis, C., 2001).
L They should account for as many co-articulation effects as possible
Il They should be eastly concatenable

Il Their number and length should be kept as small as possible



mcorporate most transitions. They imply, however, a high dens ity of concatenation points (one per

phoneme), which reinforces the importance of efficient concateration algorithm (Vosnidis, C., 2001 ).

Therefore for Tigrigna TTS system diphones were chosen as basic speech units and TD-PSOLA
algonthm was used to concalenate the appropriate diphone units smoothly.

The Tigrigna TTS system takes a written text as mput from user. A sentence 15 read and is then
passed to word separator. The word separator progresses word by word and words are assumed
to be separated by blanks. When a word is obtained from the text it is passed to a unit that can
process a word, This part separates the word into diphones; using diphone database where it gets
speech data corresponding to diphone and finally concatenates the previowsly selected speech

segments using PSOLA algorithm and produces sound. The general structire of the system can be

seen in figure 3.1
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Text

Read Sentence
Word Separation Word Normalization
word
Diphono
Diphone separation Diphane
] database

\ Speech data

If all diphones exist in the

If at least one diphone does database
not exist n the databage \
/ Connect diphones using
Give eror TD-PSOLA
message ‘
Output speech
' Play output speech

Figure 3.1 The General Structure of Tigrigna TTS System

3.4 Text processing

The text processing part in this system reads each line (sentence) one afier the other until the whole
text is read. The word separator separates the given sentence word by word and if a word contains

an abbreviation or an acronym it 5 send to word normalization part where it gets expanded. And

30



further the words are segmented into units that the speech synthesis part can understand (1e.

Diphone units),

3.5 Speech syathesis

The speech synthesis part concatenates speech units (diphones) smoothly. PSOLA algorithm is wsed
m concatenation of voiced parts while unvoiced parts are concatenated directly. In this system a

sentence is read and played before the next line (sentence) is read

3.5.1 Database preparation

Database preparation is one of the most vital parts in TTS systems that use a concatenation

technique in speech synthesis part. The necessary speech units should be stored before the system

starts runming. In this system since diphones were used as basic concatenation units, they were

stored 1n the diphone database. Data base preparation part can be divided into two parts; obtaining

words to be recorded and extracting diphones from the recorded speech.

3.5.1.1 Obtaining corpus data

As mentioned before, to create diphone database, appropriate corpus data should be recorded and

analyzed by sound editor in order to extract the corresponding diphone set. For better quality a
careful selection of the corpus data is very importartt. In this system due to time limitation only up to

82 words were selected as sample corpus data and these are shown in appendix A.

3.5.1.2 Obtaining Diphones
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speaker and recorded. Then, the speech is separated into diphones by using somte intelligent
algorithms. Although this makes database preparation much easier, there are no efficient algorithms
that are successful enough to be used in a TTS system. Hon et al stated that, the research on
automating this process is still under construction (Eker, B,, 2002). In this system 82 words were
recorded using the PRAAT tool (Boersma, P. and Weenink, D., 2003), and about 139 diphones
were extracted manually with the help of the visualization tools found in the PRAAT tool. And fimally

these were stored i the diphone database.

3.5.2 Diphone Concatenation

The techmque used in the speech synthesis part of this system is diphone concatenation, Diphones
are selected as basic peech segments becawse they minimize concatenation problems, as they
include most of the transitions and co-articulations between phones, while requiring an affordable
amount of memory. Moreover diphone concatenation is the easiest method to implement aniong

others (Traber, C., 2002).

3.5.3 PSOLA HMethod

The PSOLA method, put simply, is a way of improving the quality of synthesized speech. There are

several such methods LP-PSOLA (Lnear Predictive PSOLA, MBR-PSOLA (Multi-Band Re-

synthesis PSOLA) to list a few. The PSOLA canproduce a speech of a high standard and is also

relatively simple to implement (Lemmetty, S, 1999). It operates by providing a way of smoothly
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Figure 3.2: Schematic representation of the analysis of Speech signals as a sequence of
short-term signals by extracting double periods and multiplying them with window function,
‘U &P’ refer to unvoiced and voiced periods respectively (Traber, C., 2002).

The next four sections will describe how to obtain the pitch marks of 3 signal, how to identify the
voiced and unvoiced part of a sigral, how to generate fragments and finally how to concatenate these
generated fragments. These are the major activities in speech analyss and synthesis in the TD-

PSOLA algorithm,

3.5.3.1.1 Pitch-mark identification
Pitch-mark identification is Perhaps the most complex part of PSOLA to implement. As stated
previously, PSOLA smoothly concatenates speech segments, while at the same time adjusting their

pitch to synthesize more realistic speech (White, S., 2003).
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3.5.3.1.3 Fragment generation

As discussed m section 3.5.3.1.1, a voiced sound was assumed to have roughly constant pitch
period. So a fragmert is formed a round a pitch mark, extending one pitch period ¢n each direction,
Therefore each fragment has the size of twice the pitch period and every sample i the original
segment has been lifted twice (in association with the two pitch-mnarks on either sicde «f it A
fragment is then multiplied by Hanmmg window (a cosine wave <uch that the start and end are
recuced to zero. but the amplitude climbs towards its original value as it tends towards the center of

the fragment).

A wansl wath lergth of swa piteh period

To Fih iength

Hiusdng Window (Jenuth of heo pitsh peenoil)

Witdowed nanal {(Muhintiad reslt)

Figure 3.3 Multiplication of a signal by Hanning window

3.5.3.1.4 Fragment concatenation
Fragment concatenation involves the assembly of the final speech waveform from the fragments. This

is the principal reason for Hanning window multiplication and also the reason why PSOLA has its
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naie. To create the final waveform, the fragments are merely added together at the point where they
overlap. Here is where the voiced and unvoiced part of a signal treated differently.

» Unvoiced part of a speech segments are synthesized by direct concatenation,

> Voiced part of 4 speech segments are synthesized by overlapping the windowed signals with

the proper spacing and adding thern, (White, S., 2003).

Before speech segmenis are combined using overlap-add synthesis method: time and pitch scale

modifications are performed as described below:

» Time Secale Modification: expanding the time scale of a signal causes compression in the
frequency domain; so the output is a pitch scale compressed version of the original signal On
the other hand, when the time scale 1s compressed the pitch will be higher. The aim of time
scale modification is to prevent these inherent modifications in the signal spectrum while
modifying the time axis and obtain an output that has similar spectra as the anginal sieral
(Traber, C., 2002).

TD-PSOLA modifies the temporal content by repealing or removing mteger number of
speech segments. Segment repetition produces a signal that is expanded in the time domain
while the output using deletion is a time-compressed version of the origmal signal (Eker,

B.,2002).
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Figure 3.4 Time scale expansion (left) and Time scale compression (right)

¥ Pitch Scale Modification In this case, the aim is to modify the short-time spectral contert
of the signal without modifying 1ts temnporal characteristics, TD-PSOLA modifies the amount
of overlap between successive pitch synchronous  Segmertts by changing pitch period
(Traber, C., 2002). Since modification of pitch period mears the modification of duration of
speecly, this should be compensated by time scale modification to avoid undesired result Le.

by deleting speech segments or by replicating speech segments (Eker, B., 2002).

Figure 3.5 Pitch scale expansion (left) and Pitch scale compression (right)
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Pitch-matks are points in the speech signal, which correspond to the moments of principal
excitation m the vocal tract. They are often identified visually when looking at the waveform
since they usually appear at high peaks,

Pitch-marks for a particular phone are usually roughly equally spaced, since the pitch of a
phone is unlikely to change by any great amount during its utterance (White, S, 2003).
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pitcir marks should be placed and they are equally spaced (White, S., 2003).

3.5.3.1.2 Voiced/Unvoiced signal detection
Detection of the Voiced/Unvoiced is necessary because voiced signals are treated differently from
unvoiced signals while modifying the pitch
There are two approaches to detect the Voiced/Unvoiced parts of a signal (often referred as tme
domain barameters); the Root Mean Square amplitude (RMS) ad Zero Crossing Rate (ZCR)
(Cassidy, S., 2000),
» RMS is a measure of the energy in a speech signal. When applied to successive windows of
a speech signal it gives a measure of the change in amplitude over time. RMS is high (ie.
greater than 0.25) in voiced signals while in unvoiced signals it s Jow ( ie. lower than 0.25)
» ZCR measures the number of times the signal crosses the zero line per unit of time. ZCR s
useful in differentiating between voiced and unvoiced sounds since urvoiced sounds tend to
have a large ZCR (ie. greater than 0.75) while in voiced sounds i is smaller (i.e. smaller than

0.75) (Cassidy, S., 2000).
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CHAPTER FOUR

IMPLEMENTATION AND EXPERIMENTATION

4.1 Database preparation

As mentioned in the section 3.5.1, database preparation is one of the most vital parts inn TTS systems
that use a concatenation technique m speech synthesis part The necessary speech units should be stored
before the system starts running. In this system since diphones were wed as basic concatenation units,
they were stored in the diphone database. Due to tine constraint only up to 82 words were selected as
corpus data, from which 139 diphones wers extracted marally using the PRAAT tool. These selected
corpus data and with their corresponding diphones, which were selected to construct the diphone

database, are shown in the appendix A.

4.2 Implementation

The Tigrigna text to speech system has two major distinet parts, which are text processing followed by
speech synthesis. For the first part, text processing, Visual G programming language was used,
because of its simplicity to develop an interface wsing it and in handling strings. And for the second part,
speech synthesis, MATLAB programming language was used to handle the signal processing. The

algorithms used for this system will be briefly discussed in the following sections.

4.2.1 Text processing algorithm

Text processing is done very simply in this system. The system takes input text from user; then ths text is

processed ane sentence at time. A sentence is read and it is passed to a word separator. Here the words
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are assumed to be separated by blanks; slash and semicolon are not considered. Until end of line
(sentence) is reached each word 1s processed one after the other A diphone is then constructed from
phonemes contained m a word, The result is then passed to speech synthesis module. The next line 1S
read and it is passed to word separator and then to the diphone separator and finally the result is passed
to speech synthesis module. This process confinues iteratively ntil end of file is reached Figure 4.1 and
Figure 42 flow charts explain the text processing part. Here the underscore { _ ) sign i used to
represert silence (short break) at the beginning and end of a word and backslash (/) is wsed to indicate

end of file,
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Figure 4.1: Flow chart for word separator module
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Read word[l] '\-_.__.—-

Selected diphone DB

Speach synthesls
word[i}l.diphone[ n]ﬂwordm.phoname[n] +_

Increamant |

i

ugad word({l].phonems{0]

y
word[ll.diphone[0 _ + word[l] phoneme[0]
road word[lLphoneme[1]

forj=1,...n
increament |

word[il.tﬂphona[i]:word[l}.phonamaﬁ-1]+word[l].phnnamem ‘

Figuie 4.2 Flow chart for diphone separation module
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Here 1s an example which shows how the text-processing module works to corstruct diphones.

o séam i gy
] word o= gy (e
| salam [— nihizibi | tigiray
| separator

!
diphone s — ——
separator ‘.[ _ssadllaamm_r—» nnithhikzzithbij_ tilggiirraayy_

Figure 4.3 Example of text processing for diphone creation

4.2.2 Speech synthesis algorithm

Second part of the system deals mainly with concatenation of acoustical units. Here the text & not read
until end of the file (EOF) in order to reduce the users waiting time and to wse the memoary efficiently.
After decomposing input sentence in to diphones unifs, waveforms coresponding to these units are
retrieved and concatenated. Concatenation is carried out using PSOLA for smooth concatenation,
Finally the resulting waveform of the first sertence is played. The process confimes tteratively until end of

file 18 reached. In this module prosody generation is not considered.

In this module there ae two alternatives while caleulating the pitch marks and findmg voicedAmvoiced
parts of a speech. They can be calculated at nun time for wse o calculated offline and loaded into
memory when the system is activated. Both of these approaches were mplemented but for sake of

stmplicity the first approach was presented in the algorithm.
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sndPlay Sound({TempStore,SND_SYNC)

1

wavwrite(y, TempStore)

4

Assign values to pscale & tscale
y=tdpsola(temp,fs,pscale,tscale, pm,vuv)

1

vuv=detect_vuv(temp,fs,pm)

selected
diphones

F )

fs=8000
pm=find_pmarks(temp,fs)

3

Read word[l].diphone[]]
for i=0,1,..,n

r

=

temp = concatenate(temp , Wordsit)
increment |
j=0

word[l].s[]] = wavread(word[l] . diphone[]])

temp =concatenate{temp , word[i].s[[])
increment |

Figure 4.4 Flow chart for speech synthesis module



The following figure shows an interface developed for the Tigrigna TTS system prototype. A user writes
Tigrigma text on the edit box using the keyboard and then submits the text to the system by pressing the
speak button. Internally the text is decomposed into diphones by the text-processing module. The
speech synthesis module will then play the sound if all the resulting diphone units are present m the

database. Otherwise an error message will be displayed.

A ot AT dhw A4 PRCT R
FOP L0 WM Lot AR AT BE
NG g gl L Ldlh RAS::

it ¥ & exFoeC ¢ gAY i WHLL AN
WEELPH PIC har

Figure 4.5: Tigrigna TTS System Interface for the Profotype.

4.3 Testing and Evaluation

Synthetic speech can be compared and evaluated with respect to intelligibility, naturakness, ard suitability
for used application. The evaluation can also be made at several levels, such as phoneme, word or

sentence level. depending on what kind of information is needed It is very difficult, almost impossible; to
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say which test method provides the correct data. In a text-to-speech system not only the acoustic
characteristics are important, but also text pre-processing and linguistic realization determine the final

speech quality (Lemmetty, 5., 1996).

Several individual test methods for synthetic speech have been developed during last decades. The maost
commonly used methods are Modified Rhyme Test (MRT), Diagnostic Rhyme Test (DRT), and Mean

Opmion Score (MOS) to list a few. In this system the MOS test method was adopted (Lemmetty, S.,

1999).

Mean Opimion Scare is probably the most widely used and simplest method to evaluate speach quality in
general. It is a five level scale from bad (1) to excellent (5). The listener's task is simply to evaluate the

tested speech with scale described in Table 4.1 below (Lemmetty, S.. 1599).

MOS
Excellent
Very good
Good
Fair

Bad

Table 4.1 Secales used in MOS

=R WA s

To evaluate the performance of this system, six native speakers of Tigrigna language and three native
speakers of Amharic language were invited Among the six native speakers, three of them were asked to
give their judgment on the Tigrigna test words and their test results were presented in table 42, The rest
three were asked to give their judgment on the Tigrigna test sentences and their test results were
presented in table 4.3 All the three native speakers of the Amharic language were asked to give their
judgment on the Ambharic test sentences and their test results were preserted on the right most column of

table 4.4,



N Word Personl | Person? | Percond
1 T2 ligiray 3 4 3
2 g s8lam 3 3 3
3 04 nibab 3 4 4
4 Here nibdyindy | 3 3 3
5 anyt masitd 3 4 3
6 1o fBnawa % 4 4
7 Al winigidi | 2 3 3
8 (AL fafa 4 5 5
9 NELAL sidadalay A 4 4
10 LT tardla 2 2 2
11 SL nabay. 3 4 3
12 | g30c danibir 2 3 3
13 i N bildsifa 3 3 3
4 [ rory tihatind 2 3 3
15 Tt Bita 3 4 3
16 &tm GlAwa ] 4 4
12 T gfrana 4 4 4
13 |9z | ndbau 3 3 3
e Bitito 2 3 2
20 | UR7T Vidag! 4 3 4
21 4.7} fanita 4 5 4
22 b e Rrawi 4 4 4
23 e L. nabaray 3 3 2
24 + vy tAman 2 3 3
55 | 3w, nihibi 3 4 i
26 7300 ginibar 2 2 2
27 FETR négdr 3 3 2
28 P40 qirdba 3 4 3
2% | fo claa 7 5 7
30 | b Vig 4 4 4
31 an RAD midaldws |3 4 3
32 er tigliRa 2 2 2
33 ey fatind 3 4 4
XA zaha 3 3 :
35 Né. 2 sifay 3 4 3
36 R o i) gmig 1 1 1
37 HeLil zigdrib ﬁ 2 = E

s
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ET] 1Rge gidam 4 4 3
39 auhi g, miday 3 3 3
40 FHZN tarardba 2 3 2
41 @A wisado 3 3 3
42 b6 tasarifo 2 3 3
43 &[0 dekdtar 4 4 4
44 FENe godolo 3 4 4

Table 4.2 Test results of the Tigrigna words according to MOS test

AN I b Ty Sentences Pi P2 | P3
TEAE TNHL LURT madaldwi dsifay, yihiddge 3 3 |3
ARG Hb 211 FA). bitieirPa zigdrabi pibab 2 3 |2
R PG A, nlgAmieam zigirsba nibab. 2 2 |2
LALE AynyT riyito dalokum? 2 2 2
M5 JVHL T16-£] sélam pihizibi fziray! 2 2 |2
aoIVK, N2 bl minfeidi tiglray aérdba. 2 2 |2
WML 9L BECN &ro | bihizbi dekay sofdb Gnawa | 2 2 [z
i [ fieiriPa

Table 4.3 Test results of the Tigrigna sentences according to MOS test

Since the Praat tool doesn’t discriminate between capital and small letters (ase msensitive). Some

changes were made. The letters V and P were used instead of H, N respectively to test the system.

Test result from | Test Result from
0L+ YIC Sentence Ambharne TTS Tigrigna TTS

P1 | P2 | P3 Pl | P2 | P3
et syahd baso billa 2 |2 |z |3 |2 |3
oL F oA u@:ﬁbet tﬁmﬁlégg. 2 2 2 2 3 2
AGF Tt REALREA [ oo v s2zr 11 |2 | o
Pudhemes el vl slému makin nadda 2 12 11 |2 |2 |2

Table 4.4 Test results of the Amharic sentences according to MOS test




4.4 Discussion of the result

As seen from the test resuts. it was not easy to get high rate of mtelligibility. Burst of sounds at the
begmming and end of a ward, elongation of concatenated utterances, noise that originate from recording
and inexactness in extracting diphones while preparmg diphones form sample corpus data were major

problems that limit the intelligibility of synthesized utterances,

It was observed that words with few numbers of diphones were recognized easily when compared to
words with more number of diphones. Also it was observed that the presence of geminate consonant in a
word decreases the mtelligibility of the word. Because a double comsonant (eg. “dd’ as in the word
adday (AR 2)) diphone i3 needed in the diphone database. One way of resolving the problem is that is
associated with gemmated consonants is to nclude corpus wards, which contain the required geminate

consonants and add these consonants to the diphone database

It was observed that the system produces output in acceptable delay for short sentences by listeniers, but
it requires more time for long sentences. The part that consumes most of the time is the speech synthesis

module in particular the PSOLA part.

Table 4.3 is a test data at a sentence level used for the Amharic language TTS system. The Ambharic
Text-To-Speech synthesis system was developed by Henock (Henock, L., 2003). This system was
developed using Delphi for text processing and Matlab for speech synthesis. The sample sentences on
this table were taken for testing to see if the same (closer result) could be obtained, because the
Languages Tigrigna and Amharic are both Semitic. Furthermore both languages have the same alphabetic
representation having the same sound except for few additional alphabets found n Tigrigna On the top

of these Ambharic language is the official language of the govemnment of Ethiopia.
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The test result from Tigrigna TTS, at the right most cohunn of Table 4.3, was obtained from the existing
database in the Tigrigna TTS system. From the result; comparing the two columns, Test Result from
Tigrigra TTS and Test Result from Amharic TTS; therefore a single system could be developed for these

two languages possibly by preparing exception dictionary to manage their difference.

The average test result was found to be 3.05; which 1s cleser to the scale level good Le.. 3. This result
was encouragmg and this i1 tum 1s an indication that diphone umits are appropriate acoustic units for

Tigrigna speech synthesis system from text nput.
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CHAPTER FIVE

CONCULSION

5.1 Conclusion

Text-To-Speech is a Very promising technology, fulfilling a very real need in the rapidly growing
commumncations market Helping handicapped commurticate, leamning new language, and ncreasing

productivity are just some of fhe benefits provided by text-to-speech synthesis.
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5.2 Recommendation

As this work is an mmtial attemnpt. there is a room for improvement
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Recording corpus dafa in sound laboratory has the advantage of avoiding any source of
noise while recording the corpus data. So if possible, recording should be done m sound
laboratory.

The recording session should be one time (one session) if possible and the corpus data
should be checked for constant energy. A great care should be taken while selecting
words/phrases' for the corpus data.

The system is not concermned with numbers. So the incorporation of mumber converter for the
word normalization module 1s important

Perceptually some sounds may be acoustically different in different places of a word,
because phonemes are affected by their neighbor phonemes. Therefore there should be
different diphones recorded for different parts of a word in order to have a quality speech.
One way could be to divide into three: begiiming, middle, and end diphone.

To apply more experiment on the corpus data and hence to complete the diphone database.
If possible to develop an intelligent algorithm that is able to separate a speech corpus data
into diphone units automatically.

This thesis work exposes a number of different disciplines such as speech production,
phonology, and digital signal processing on the way reaching the objectives. The
understanding of phonetic and phonological mformation for Tigrigna language gives better
understanding of the relationship to letter to sound of the language.

After obtaining a stable system for one voice, other voices could be added to the system.
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+%* Having obtained an intelligible speech, it can be better to pay attention on naturalness. In this
respect, a better text processor according to the need should be implemented and modules

on intonation or prosody, etc should be developed.
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APPENDIX B: YISUAL C++ SOURCE CODE

B-1: HEADER FILE OF THE IMPLEMENTATION OF THE PROTOTYPE

// Tigrigna TTS_SystemDlg.h : header file

Bif
ldefined (AFX_TTSDRAFTDLG H_DCA4D953 25DF 44D6 B836 8F1DT40A86CF_ INCLUDED_

)
$define AFX_TTSDRAFTDLG H_ DCA4D953 25DF 44D6_B836_8F1DT40A86CF__ INCLUDED

$#if MSC VER > 1000
§pragma once
fendif // MSC VER > 1000

FIVLITIETEELILLLITIL 27 EI IR ERPEELET AR AT P LI PP LETIEIT LTI iEiiiiiiil i/

frr
// CTTSdraftDlg dialog

class CTTSdraftDlg : public CDialog
{

// Construction

public:

void tdpsolaTerminate();
void tdpsolalnitialize();
vold detect vuvTerminate();
void detect vuvinitialize();
void find pmarksTerminate{);
void find pmarksInitialize{);
void wavreadtTerminate();
void wavreadtInitialize()};
void concatenateTerminate();
void concatenateInitialize();
void wavwritetTerminate();
void wavwritetInitialize(};

struct =
{

String phoneme[100});
Cstring diphone[100};
} word[15]1;

int 1i;

int j;

int 1;

int count;

Cstring filename;
CStringArray Abbrev;

CstringArray AcCronym;
void ParseToWord();

void ParseToDiphone () ;
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void Play();

vold TextNormalization();

vold ConvertAbbreviations():;

void ConvertAcronymsi);
//void ConvertNumbers{);

CTTSdraftDlg (CWnd* pParent = NULL); // standard constructor

// Dialog Data
//{{AFX_DATA(CTTSdraftDlg}
enum { IDD = IDD _TTSDRAFT_DIALOG };
C3tring m_Text;
//}}AFX_DATA

// ClassWizard generated virtual function overrides
//{{AFX_VIRTUAL(CTTSdraftDlg)

protected:

virtual void DoDataExchange (CDataExchange* pDX); // DDX/DDV

support
//}}AFX VIRTUAL

// Implementaticn
protected:
HICON m_hIcon;

// Generated message map functions
//{{AEX_MSG{CTTSdraftDlg)
virtual BCOL OnInitDialeg():
afx_msg void OnSysCommand (UINT nID, LPARAM lParam);
afx_msg void CnPaint{);
afx_msg HCURSOR onQueryDragIcon(}
afz_msg void OonExit();
afx _msg void OnSpeak{):
//1IAFX MSG
DECLARE MESSAGE_MAP()

}i

//{{AFX_INSERT LOCATION}}
// Microsoft Visual C++ will insert additional declarations immediately

before the previous line.

tendif //

!defined (AFX_TTSDRAFTDLG_H_ DCR4D953_25DF_44D6_B836_8F1D7T40R86CEF__INCLUDED_
)
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CAboutDlg::CAboutDlg () : CPialog(CAboutDlg::IDD)
{
//[{AFX_DATAﬁINIT(CAboutDlg)
//}}AFX_DATA_INIT

}

void CAboutDlg::DoDataExchange(CDataExchange* pDX)
{
CDhialog: :DoDataExchange (pDX) ;
//[{AFX_DATAﬁMAP(CAboutqu)
//}}ARFX_DATAR MAP
}

BEGIN MESSAGE MAP(CAboutDlg, CDialog)
//{{AFX_MSG_MAP(CAboutDlg)
// No message handlers
//}}AFX_HSGﬁMAP
END MESSAGE MAP()

FITIIIIILLEEILERITLET LTI ELE it I TEdfeier i iliiesiitiiilriiiisitiiliirtiiiil

/!
// CTTSdraftDlg dialog

CTTSdraftDlg: :CTTSdraftDlg(CWnd* pParent /*=NULL*/)
: Cbhialog{CTT3draftDlg::IDD, pParent)
{
//{{AFX_DATAAINIT(CTTSdraftDlg)
m Text = _T("");
//}}AFX_DATA INIT
// Note that LoadIcon does mot require a subsequent DestroyIcon in
Win32
m_hIcon = AfxGetApp () ->LoadIcon(IDR_MAINFRAME);
}

void CTTSdraftDlg::DoDataExchange(CDataExchange* pDX}
{
CDialog: :DoDataExchange (pDX) ;
//{{AFX_DATA MAP(CTTSdraftDlg)
DDX Text (pDX, IDC_EDIT1, m_Text};
DDV_MaxChars (pDX, m_Text, 300);
//}}RFX DRTA MAP

}

BEGINﬁMESSAGE_MAP(CTTSdraftDlg, CDialog)
//{{AFX_MSG_MAP(CTTSdraftDlg)
ON_WM_SYSCOMHAND()

ON_WM_PAINT()

ON_WM_QUERYDRAGICON()
ON_BNWCLICKED(IDC_BUTTONl, OnExit)
ON_BN_CLICKED(IDC_BUTTONZ, OnSpeak)
//}}AFX MSG MAP

END MESSAGE_MAP()

////!/////f//////////f////////f/////////////////f//////f/////l///////////f/

L

// CTTSdraftDlg message handlers

BOOL CTTSdraftDlg::OnInitDialoeg(}
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CDialog::0OnInitDialog() ;
// RAdd "About..." menu item to system menu.

// IDM_ABOUTBOX must be in the system command range.
ASSERT ((IDM ABOUTBOX & OxFFFO) == IDM_ABOUTBOX);
ASSERT (IDM_ABOUTBOX < 0xF000);

CMenu* pSysMenu = GetSystemMenu (FALSE);

if (pSysMenu != NULL)

{
CString strAboutMenu;
strAboutMenu.LoadString (IDS_ABCUTBOX) /
if (!strAboutMenu.IsEmpty())

{
pSysMenu->AppendMenu {MF_SEPARLTOR) ;

pSysMenu->AppendMenu (KF ZTRING, IDM RBOUTBOX,
strBboutMenu) ; :

}
}
// 3=t the icon for this dizlog. The framework does this
automatically
// when the application's main window
SetIconim _hIcom, TRUE); Fif
SetIconim nIcon, FALSE); /!

// TODO: Add extra initialization he=r=z

return TRUE; // return: TRUE unies: vou set the focus to a control
1
void CTTSdraftDlyg: :0nSys ~mmand{UINT niID, LPARAM lParam)
{
i€ {((nIT ¢ MuFFFQ) == IDM _ABCUTBOX)
[§
“rroutDlg dlgRbout;
4lgRbout .DoModal() ;
CDhialeg: :OnSysCommand (nID, lParam);
}
“f you add a minimize button to your dialog, you will need the code
below

// to draw the icomn. For MFC applications using the document/view model,
// this is automatically done for you by the framework.

void CTTSdraftDlg: :OnPaint ()
{

if {(IsIconici))

{
CPaintDC dc(this); // device context for painting
sendMessage (WM ICONERASEBKGND, (WPARRM) dc.GetSafeHdc(), 0);
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// Center icon in client rectangle
int cxIcon = GetSystemMetrics({SM _CXICON);
int cylcon = GetSystemMetrics({SM_CYICOH);
CRect rect;
GetClientRect {&rect);
int u = (rect.Width({) - culcom + 1) / 2;
int y = {rect.Height{) - cyIcon + /2
// Draw the icon
dc.Drawlcoen(x, y, m _hIcon);
}
else
{
Chialog: :OnPaint();
}
}
// The system calls this to obtain the cursor to display while the user
drags
// the minimized window.
HCURSOR crTredraftDlyg: 1 OnQuerybraglcon(;
I
return (HCURSOR) m_hIcon;
N
!
void CTTSdraftDlg::OnEXit()

vold CTTSdraftDly

f
1

pdateData{TRUE};
i=0;
int s=0;

count=0;

while (CString

if{C8tring{m_Text

"}

::0OnSpeak ()

{m_Text[i]) !="\\")

{i])=:"."ilCString(m_Text[i})=="?"1iCStzing(m_T

s++://read the next line

i+4;

bi

for{int t=0;t

{

<g; t++)

ParseToWord(};

ParseToDi
Play ()

phone(};

count +={i+2};

}
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void CTTSdraftDlg::TextNormalization{)

ConvertAbbreviations{();
ConvertAcronyms () ;
J/ConvertNumbers() ;

}

void CTTSdraftDlg::ConvertAbbreviations()

!
i

Abbrev.RemoveBll (),
ABbbrev.Set8ize (100} ;

/7if(CString(word(j].phoneme[0])=="D"4&CString{word[j].phoneme{l]}=="/"&&CS
tring{word([j].phoneme[Z])=="R"}
if{word[]j] .phoneme[0]==" "seword (3] .phoneme[1]=="/"&&word (3] .phoneme[2]}=="R
")

{

char DR[}="dokitar";
for{int n=0;CString (DR{n}) {="\0";nt+)
{

word(j] .phoneme [n]=CString (DR[n});

}

}
if(CString(word{j].phoneme[@]}=="W"&&CString{word[j].phoneme[l})=="{"&&€3tr
ing {word(j] .phoneme(2])=="0")

{

char WO[)}="wayiz&ro";

for(int n=0;CString(WO[n]) !="\0"; n++)
{
word[j) .phoneme [n]=CString (WO[n]};

}

1

void CTTSdraftDlg::ConvertAcronyms ()
{

Acronym.RemoveAll () ;
Bcocronym.Setsize (100}

if(CString {word(j].phoneme[0])=="M"&&C5tring (word[]].phoneme [1])=="+"LaCELL
ing (word[j].phoneme(2])=="R")
{

char MRT[]="maHibar radizet tigiray";

for(int n=0;CString (MRT[n])!="\0";n+t)
r
1
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word[j].phoneme[n]zCString(MRT[n]);
)

if(CString(word[j].phoneme{O];=="M"&&C8tringiword[j].phoneme[l])=="."&&CStr
ing {word[j] .phonems(2])=="L")
{
char MLT[]="maHibar lim'eat tigiray";

for(int n=0;CString (MLT[n]) !="\0";n++)
{

word{j].phoneme[n]=cstring(HLT[n]);

}

yvoid CTTsdraftDlg::Play{)
{
i=0;
int k=0;
//int m=0;
/7 int stzglen=m7Text.GetLength();

mEArray *temp;
mxArray *Initial3il;
mxArray *WordSil;
mxArray *FileName;
mxBrray *s;
mxArray *fsi
mxArray *pm;
mEATTay *vuv;
mxArray *pscale;
myArray *tscale;
mxArray *y;
mEArray *TStore;

WOrdSil=mereateDoubleMatrix(800,1,meEAL);
Initialsil=mxcreateDoubleMatrix(100,1,meEAL);
fs=mxCreateDoublescalar (8000);

CString TempStore="D:\\aal0";
TStore=mereateString(Tempstore);

wavreadtInitialize ()
concatenateInitialize(}s
find pmarksInitialize();
detect vuvInitialize(};
tdpsolaInitialize();
wavwritetInitialize();



temp=Initialsil;

//do
while(CString(m_Text[count+i])E=”."&&CString(meext[count+i])!:"?"&&Cstring
(m_Text[count+i])!="1")
{
if(CString{m Text[count+i]) =" ")
{
//filename="D:\\AmharicDB\\"+word(k].diphone [i}+".wav";
//filename="D:\\tempDB\\ "+diphone [1]+" .wav";
filename="D:\\diphoneDB\\"+word{k].diphone(i]+".wav";
FileName=mxCreateString (filename);
s=ml fWavreadt {FileName);
temp=mlfConcatenate{temp, s);
i++5
/it
1
I
else
[§
1
s=Wordsil;
temp=mlfConcatenate{temp, s);
1++;
//m=0;
k++;
!
1.
I

//while(i<strglen-1);

/7int index = count+i;

//identify the type of sentence and adjust pitch and duration
accordingly

if(CString(m Text({count+i])==".")

{
pscale=mxCreateDoublesScalar(l);
tscale=mzCreateDoublescalar(l);

1

else if(CString(m_Text[connt+i])=="?")
{

pscale=mxcreateDoubleScalar(1.2);
tscale=mxCreateDoubleScalar(0.9);

}

else
{
pscale=maCreateDonblescalar{l.4);
tscale=mxCreateDoubleScalar(0.8});

1
I

pm=mlfFind pmarks(temp, fs);
vuv=mlfDetectﬁvuv{temp,fs,pm):
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y=mlfTdpsola(temp, fs, pscale, tscale, pm, vuv) ;
mltWavwritet (y, TStore) ;

BOOL play=sndPlaySound(TempsStore, SND SYNC);

wavwritetTerminate () ;
tdpsolaTerminate();
detect_vuvTerminate();
find pmarksTerminate();
concatenateTerminate(};
wavreadtTerminate();

mxDestroyArray({temp);
mxDestroyArray (Wordsil);
mxDestroyArray(FileName) ;
mxDestroyArray(s);
mxDestroyArray(fs);
mxDestroyArray (pm) ;
mxDestroyArray (vuv) ;
mxDestroyArray(y);
mxDestroyArray(pscale);
mxDestroyArray(tscale);
mxDestroyArray(Initialsil);
mxDestroyArray(TStore);

vold CTTSdraftDlg: :wavreadtInitialize(}
{

1

void CTTSdraftDlg: :wavreadtTerminate()
{

}
void CTrSdraftDlg: :concatenateInitialize()
{
}

void CTTSdraftDlg::concatenateTerminate ()

{
1

void CTTsdraftDlg::find pmarksinitialize()
{



1
I

void CTTSdraftDlg::find pmarksTerminate ()

{
}

void CTT3draftDlg::detect vuvInitialize()

{
1

vold CTTSdraftDlg::detect vuvTerminate()

{
1

void CTTSdraftDlg::tdpsolainitialize()

{
}

void CTTSdraftDlg::tdpsolaTerminate()

{
]

void CTTSdraftDlg:  :wavwritetInitialize()

{
}

vold CTT3draftDlg::wavwritetTerminate ()

{
}

69



APPENDIX C: MATLAB SCRIPTS

C-1: SCRIFT FOR FINDING PITCHMARK OF A SPEECH DATA

function pitch_marks = find_pmarks(speech, fs_in)
Yo
% function pitch marks = find pmarks(speech)
% This MATLAB function calculates and refurns the pitch marks (placed at
% peaks in the short-time energy function) for the input speech, that is
% assumed to be sampled at 8 KHz
% speech:  the inpuf speech data

pl = round(fs_in/400),
p2 = round(fs in/60),

spch = speech(’)';
xsamp = length(spch),

%calculate the approximate pitch contour based on energy peaks:
wlen = round((p1+p2)3);

ectrve = conv(hanning(wien) spch."2),

eclrve = conv{ hanning(wlenY,ecurve),

ecurve = ecurve(( 1:xsampHwlen),

peaks = ([0,diflecurve)>0) & ([diffecurve),0]<0),
index = 1:xsamp,

index(~peaks) = [

Npeaks = length{index),

pitch = diff{index);

pitch1 = [pitch, pitch(Npeaks-1)];

pitch2 = [pitch(1), pitch];

mat_rowl = max(1,min{p2-pl+1,pitchi-pl+1)),
mat_row2 = max( 1,min{p2-pl+1,pitch2-pi+1)),

71 = ecurve([index(2: Npeaks) index(Npeaks)]),

72 = ecurve{[index(1),index( 1:(Npeaks-1))]),

step size = round(fs_in/192);
Nbatch2 = ceil(xsamp/step_size},
mat_col = round(1+{(index-1)*(Nbatch2 - 1)/(xsammp-1));
subset = zeros(p2-p1+1,Nbatch2);
for n = 1:length(index)
subset{mat row1(n),mat _col(n)) = zl(n),
subset(mat row2(n),mat_col{n)) = Z2(n),
end
path = midem(subset,3)}+pl-1;
pitch = round(interp 1 1:Nbatch2, path, linspace( 1, Nbatch2 xsamp)));

array = zeros(1,2*xsamp),
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=1

array(1)=1;

while n < xsamp
1 =n + pitch(n);
array(n) = 1;

end

peaks = 1:length(array);

peaks(~array) = [,

Xres = 500,

xpts = roundilinspace( 1. xsamp, Xres)),
M = length{peaks),

N2 =pZ,

N =2*N2;

pointers = max(1,min(xsamp,([ 1:N}-N2Y*ones(1,M+ones(N,1)*peaks)),
MAT = teshape(abs(spch(pointers)),N,M) .* Thanning(N)*ones{1,M)],
path = tridem(MAT.4),
peaks = round(peaks+path-N2),
pitch marks = peaks([peaks>=1]&[peaks<=xsamp]);
if (pitch_marks(1)=1)
pitch_marks=[1 pitch_marks},
end
if (pitch marks(lengthpitch marks)=xsamp))
pitch marks=[pitch_marks xsamp];
end

return

function path = rridem(MAT,N)
%

% y = rridern{MAT)

%
% This function traces a path from the first o the last columns

% of MAT, one that does not exceed slope == N (N integer >0) when
% assuming that successive rows are separated by one unit, and that

% successive columns are separated by one unit) and has the maximum
% possible cumulative MAT values along the path. The output

% path y adheres to the sample points of MAT.

% calculate best-path cumulative errors:

[mrows,mcols] = size(MATY),

sf = mean{mean{MAT)};

MAT = [-Inf*ones(N,mcols); MAT, Inf*ones(N,mcols)];
best paths = zeros(size(MAT)),

range = N + (1:mrows),

T = zeros(1+2*N,mrows),

B = zeros(1+2*N,mrows),
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R = zeros( 1,(14+2"N)*mrows),

fori=-NN
B(i+N+1,:) = ones( 1, mrows) * sfsqrt(1+i™1).
R(mrows*(i+N )+ 1:mrows]) = range + i

end

for col = 2:mcols
T = reshape(MAT(R,col-1),mrows, 1+2"NJ’;
[temp],temp2] = max(T+B);
MAT(range,col) = MAT(range,col) + templ’,
best_paths(range,col) = temp2’;

end

% trace the optimal path backwards through the cum. error mafrix:
best paths = best_paths - N - 13
path = zeros(1,mceols),
[total_errorrow] = max(MAT(:,meols));
path(meols) = row;
for col = meols-1:2
row = row + best_paths(row,col),
path{cok-1) = row,
end

path = path - N,

refurn

function W = hanning(N)

W1 = (1 + cos(pi™inspace(-1, LN+2Z))}/2;
W=WIZN+D);

retumn
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C-3: SCRIPT FOR TD-PSOLA ALGORITHM

function y = tdpsola(s,fs,pscale tscale,pm,vuv);
% vuv: her pitch mark arasyndaki kysmyn v/uv karary
%  (length{vuv)=length(pm)-1)

%  uvise pitch scaling yapylmyyor

if (pscale =1 & tscale==1)
s,
else
%Find pitch marks if necessary
if (nargin=4)
pm = find pmarks(s,fs),
end
% Do viuw detection if necessary here
if (nargin<6)
Y%evuv=ones(length(pm)-1,1);%detect v/uy herel!!
vuv=detect vuv(s,fs,pm);
end

%Apply pitch scaling on the pitch marks
% and find new pitch marks (pm_ps)
pm_psTpm,
if (pscale~=1)
pshift=0;,
fori = 2:1engthipm)
TO=pm({i)-pm(i-1);
if (vuv(i-13-0)
if (pscaie>1)
pshifi=pshift-round(TO*(pscale-1)/pscale),
else
pshi fi=pshift-+round(TO{ 1/pscale-1));
end
end
pm_ps(i)=pm(i ypshift;
end
end

%Find frames to be repeated/deleted for time scaling
% and store this information in useds
new_tscale=tscale*pm(length(pm)Ypm_ps(length(pm_ps));
avg=sum(difftpm_ps)y(length(pm _ps)-1);
if (new tscale>1)
useds=zeros(1,length(pm_ps)-2),
tot=new tscale;
fori=1: length{useds)
while(tot>1)
useds(iy=useds(iH1;
Y%tot=tot-1,
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tot=tot-(pm ps(i+1)-pm_ps(i)yavg.
end
tot=tot+new _tscale;
end
elseif (new tscale<l)
useds=ones(1,length(pm_ps)-2);
tot=new _tscale;
fori=1: length(useds)
while{tot<1)
useds(i Fuseds(i)- 1,
Yoetot=tot+1;
tot=totHpm _ps(i+1)-pm_ps(i)yave;
end
tot=tot-{ 1-new _tscale),
end
end

%Synthesize the signal with overlapadd using pm_ps and useds
start=1;
court=1;
for i=1:length(useds)
if (useds(i>=0)
final{count,: y={start pm(i) pm(i+2) 0];
count=count+1;
start=start+pm_ps(i+1)-pm ps(i}1;
end
for j=2:useds(i)
final(count,; ={start pm{i) pm(i+2) mod(,2)],
counf=count+1;
start=start+pm ps(i+1)-pm_ps(iy1;
end
end
munfim=size(final,1);
ylen=max(final(:, DH(final(:,3)-final(: 2)+1));
y=zeros(ylen,1);
if (pscale>1)
w=zeros(size(y)),
end
fori =1: mmfim
start=final(i,1);
ten=tinal (3,3 »final(i,2)+1;
wgt=window(len, han'),
fim=s(final(i,2):final(i,3)),
if (final(,4))
frm=wrev(frm);
end
y(start:start-Hen-1)=y(start:start+Hen-1 y+rm. *wgt,
if (pscale>1)
w(start:start-+Hen-1)y=w(start:start+len- 1 Hwet,
end
end
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if (pscale>1)
for i=1:ylen
if w(i)=0
Wi)=1;
end

yar=yyw(;
end

end
end

C-4: SCRIPT FOR WRITING PM, YUV, WAVE DATA INTO FILE

% The necessary information pm, vuv, wave data were placed
% into a file and this information is loaded into memory when the
%esystem is activated in order to reduce computation at nun time.

fimction Write DataToFile;
WavPath = 'D:\diphoneDB\';
PmkPath = D:\PMark",
VuVPath=D:\wuv',
AmpPatt=D:\amp';

FileName=mput{"Enter a filename{end in" ") : ''s";
fidl = fopen([PmkPath FileName ' pmk'], 'wt');
fid2 = fopen([VuVPath FileName ' yuv'], "wt);
fid3= fopen({[AmpPath FileName ' amp'], 'wt');
while (stremp(FileNamae,'qt'}—=1)

temp=[ WavPath FileName ' wav'];

y = wavread(temp),
fprintf{id3,'%6s ' FileName),
fprntf{fid3, '%f, y)
fprmtf{fid3, "n);

fs=8000;

pm = find pmarks(y, f58);

fonntf{fidl '%s’ FileName);
fprintf(fidl, '%5d, pm);
fpontR fidl, "),

vuv = detect_vuv(y, {5, pm);
fprintf(fid2,'%s' FileName);
fprintRfid2, ‘%5, vuv);
forintf{fid2, \n');
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FileName=mpul('Enter a filename({end in " ") - 's').
end

felose(fidl );

felose(fid2);

fclose(fid3):

Tl
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