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ABSTRACT 

fu field of T ext-To- Speech (TIS) syntresis is one in which much develqJlTlent and research has 

taken place over the last few decades. As a result of advances made, many laboratay and 

canmercial systems of high qmlity exist today. 

This thesis is an attempt maOO to develop a jrototype TIS system for the Tigrigna language. It is 

based on tre concatenation of di}hones u;rrg TD-PSOLA (Time-Demain Pitch Synchrooou; 

Overlap and Add) technique. I used my voice to record an inventory of speech from which diphone 

tmits were extracted. 

The Tigrigna text to speech system has two major distinct pans, which are text processing followed 

by speech syntresis. Visual C++ prograrnmiq; language is used to develop an int.erfuce and to 

harrlIe text processing and MA1LAB jrograrrtITliq( language is used to hanclle the signal processing. 

Two major activities were made while preparing the diphone database; careful selection of corpu; 

words and extraction of diphones from trese words. To record corpus wocds and then to extract 

diphones from these words the free software called Praat i; used 

For testing this system; the Mean Opinion Score (MOS) testing method was adopted And the 

average result ConlPuted was fOlmd to be 3.05, which is clcser to scale level good ie. 3. fu system 

is a good start to produ:;ing realistic speech from text, but there are several areas that can be 

improved Inclusions of acronym converter to the text processing moclule and jrcsody control are 

scme of the things that need fi.n1her research 
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OVERVIEW 

This thesis is divided into five chaptern: 

Chaptel' 1: provides the defmition of Text-to-speech synthesis, modules of TIS synthesis, statement of 

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

limitatim of the study. 

Cbapter 2: outlines how human speech is produced, and briefly discmses types of speech synthesis, 

and speech units used for concatenation purposes. 

Cbnpter 3: outlines the structure of Tigrigna TIS system, phonology of Tigrigrn, am the jrocesses 

involved in text pucessrrg as well as speech synthesis in this system. And also it briefly discusses the 

ill-PSOrA algcrithm. 

Chapter 4: In this chapter the text processrrg algaithm am speech synthesis algoritlun am their flow 

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

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

reccmmendation for fi.Irthlr research on the area. 
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CHAPTER ONE 

INTRODUCTION 

1.1 Background to the Study 

Speech is the primary mean~ of communication between people. Speech synthesis, automatic 
generation of speech waveforms, has been lIDder development for several decades. Recent progress 
in speech synthesis has prexluced S)'IlIresizers with very high intelligibility 001 the sound quality am 
naturalness still remain a major problem. However, the quality of present produ;ts has reached an 
adequate level fa- several applications, such as multimedia and teleccrnmunications (Lernmetty, S 
1999). 

A Texl·To-Speech (TIS) '¥llthesizer is a computer based system that should be able to read any 
text aulibly, wbether it was directly introduced in the computer by an operator or scanned and 
submitted to an Optical Character Recognition (OCR) system. 

Coovertir:g texts into synthetic speech encompasses, m the OIl) side, a natura11anguage processing 
(NLP) module able to transform the input text into an appropriate intennediate representation 
(includes information m the Iitoneme to be (XOCIuoed, their duration, locatiolE and duration of any 
pauses, and the fimdamental frequency), and on the other side, a digital signal prooessing (DSP) part 
capable of turning this represeIJtation into an output signal. 

I Text.To-Speech Synthesizer I 
Text Natural Language Digital Sigml 

Speech 
Proc"".inj!; (NLP) Prosody Proc"".inj!; (DSP) 

Figure 1.1 Text.T&-Spoocb Syitthesizer Modules 



Figure! .! intnxluces tre functional dlligram of a very general TIS syntresizer. It canprises a natural 
language processing module , which is capible of producing a phonetic tran;cription of the text read 
togelher with tile desired introaticn and rhythm (often telllled as prosody), and a digital signal 
processing module that transfcnns tre symbolic infollllation it receives into speech 

1.1.1 NATURAL LANGUAGE PROCESSIriG MODULE 

The natural language processing module of the syntresizer is used to perfoon text and liq;uistic 
analysis CI1 the input text and can be 1:roken to the following parts. 

1.1.1.1 Text-to-Phoneme Converaion 

In most text-to-speech systems; each in):m sentence is given as input to the text processing module 
of ilie system. The input L~ analyzed in such a way as to: 

• Refomlal everything encountered (e.g., abbreviatiom; aLTCnyrns) into wcrds and punctuation 
• Parse the sentence to establish the syntactic structure 

• Find tm semantically determined locations of contrastive stress 

• D<rive a fhcnemic representation from each word 

• Assign a stress pattern to each word (Kaynar et al., 200!). 

1.1.1.1.1 Text Formatting 

There are some difference; between how hurnam write and how they speak. Therefore the input text 
must be recomtructed fran the written format into a foonat that is awopriate for the spoken This 
process is called text formatting (mllllalizaticn). This module identifies numbers, ab1:reviations, and 
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acrmyms and Inlllsforrns them inlo full alphabetic lext when needed (e .g. $35.61, 35.61, 2000, the 
year 1971, 10: 15 p.l1l.). 

1.1.1.1.2 Letter-To-Phoneme Conversion 

After the text has ooen pn::perly normalized; the letter-to-phOlETle module trrmsfoons this text into 
an intermediate linguistic representation and this representation has two ccmponents: !he 
lrrmsfonnatioo of text into phooetic units am the conversion of text inlo prosodic parameters. The 
phmetic units specify what sounds 10 be produced while the prosodic parameters specify how they 
~ 

are 10 be produced (Kaynar et al., 2001). 

Speech, which is produced by simple coooatenation of segments, has good intelligibility rut pocr 

naturalness. Naturalness i. an essential faclor for user acceptance. It will be obtained by considering 
so-called prosodic parameters (Vosnidis, c., 2001). 

~ Phooomes are the smallest units of SC>.l11d that help to represent semantics of a language 
systematically and unarnbigtnJSly (Rodman, R., 2003). Changes of these units in a word or 
morpheme can bring a difference in meaning. Therefore to treat srnmds that can bring 
meaning difference, !he text has to be converted to these units of sound. 

~ The term prosody refers to the ensemble of properties of speech utteraroes that cannot be 
derived in a straightfaward fashioo from the identity of the Plooemes cons~ the speech 
utterances. Prosody comprises the melody of the speech, word and phrase boundaries, 
word stress, sentence accent, and changes in speaking rale, etc (Vosnidis, c., 2001). 
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1.1.1.1.3 Syntactic Analysis 

Some pronunciation ambiguities can be resolved fi'om ¥TIactic infoonation And he only way to 

pronounce words COirectly is to fJgUre out the syntactic structure of an input sentence. Thus it 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 traditiornlly OOfimd as tOO study of meaning. Semantics 

deals with sense and reference, truth cenditiom and discourse analysis. Pragmatics is often 

considered a part of semantics (Webster-oolir:e-di:tirnary). Semantic and pragmatic koowledge is 

needed to disambiguate sentences. Contrastive stress may be applied to an impcrtant word 

depending en the meaning (Kaynar et ai, 2001). 

1.1.2 DIGITAL SIGNAL PROCESSING MODULE 

Once the text has been Iransfonned into phonemes and their associated durations and a fimdamental 

frequency have been computed, the system is ready to compute tOO speech parameters fer gynthesis. 

Intuitively, the operations in the DSP module are the computer analogy of dynamically ccdro11irg tOO 

articulatory muscles and tOO vilratory frequency of the vccal cords so that the ou!p.Jt signal matches 

tOO iflI:ut requirements. In <rOOr to do it tyqJerly, the DSP module should obviously, in serne way, 

take articulatory crnstraints into account, since it rns been known fer a loog time that phenetic 

transitions are more important than stable states for uoderstanding of speech This, in tum, can be 

basically achieved in two ways (Vosnidis, C., 2001). 
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• Explicitly, in tOO fam of a series of rules which famally descrioo the influence of phooemes 

on one another. 

• Implicitly, by storing examples of poonetic Iran~itioos and co-articulations into speech 

segment database, and using tllem as they are, as ultimate acoustic uni1ll. 

Two main classes of TTS systems rnve emerged from these alternatives to speech synthesis: 

concatenative synthesi~ and rule- based syntOOsis, the former relies heavily 00 the su:cessful cmioe of 

concatenative unils. Concatenative synthesis consis1ll of concatena~ segmental urlihl (dphones, 

P:J.Cl1emes, etc); rule-based synthesis con~is1ll of the computation of control parameters based on 

pre-established rules (Vosnidis, C., 2(01). 

1.1.2.1 Rule-Based Synthesis 

Rule-based app-oaches are memay efficient, smoe they eliminate the need to store speech 

segmen1ll, and they also make it easier in principle to implement new speaker characteristics for 

different voices then ccncatenati:ve synthesis (Vosnidis, c., 2001). 

These systems are restrictive regarding the choice of the parametric rep-esentatim of speech, since 

such schemes rely both on our understmding of the relation ootween the parameters and the acoustic 

signals they represent, and m our ability to compute the dynamics of the ~eters as they move 

Jiom me sauM to another. Thus far only formant-synthesizers and articulatory.synthesizers rnve 

00en used in rule-based systems (Vosnidis, c., 200I).The fonnant-synthesizers try to describe 

speech elements by j:aTIIl11eters related to fannant frequerries, bandwidths and voicirl?; while 

articulatory.synthesizers try to imitate the physical human mouth, wherein each speech element is 

described by ~eters of the actual human mouth's position and movement (Lemmetty, S. 1999). 
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Rule-based synthesizers, however remain potentially powerful approacres to speech synthesis. They 

allow studying speaker-dependent voice features so that switching from one synthetic voice to 

anotrer can be achieved with tre help of specialized rules in the database. Following tre same idea, 

synthesis by rule seems to be a natural way of handling the articulatay aspects of changes in 

speaking styles (as opposed to their p-osodic colIDterparts, which can be acCOlIDted for by 

concatenative-based synthesizers as well). No wonder it has been widely integrated in TIS system 

(MIT ale and lRSU synthesizers for English) (\I amidis, c., 2001 ). 

1.1.2.2 Concatenative Synthesis 

Concatenative synthesis is hased en the concaterntion (er stringing togetrer) of segments of 

prerecorded speech As opposed to rule -based ones, concatenative synthesizers posses a very 

limited koowledge of tre data they handle; most of it is embedded in the segmerrts to be chained up. 

Three design decisions are particularly impa1ant in this type of synthesis; choice of unit, stornge of 

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

1.1.2.3 Comparison of Rule-based and Concatellative Syn thesis 

Rule-based synthesis allows crnsiderable freedom; a high number of adjustable parameters make 

high quality speech ou!pJt possible. But this freedom is also tre biggest disadvantage of rule- based 

synthesis; setting the parameters and devising rule sets such that the resulting speech i~ both 

intelligible and natura1 is very difficult, because as yet, we koow little about tre mechanisms of speech 

production (Wolter, M., 1997). 

On the other han:!, a concatenative approach only needs a reliable acoustic analysis of the language's 

phenetics, a good concatenatiOll algorithm, a patient speaker, and enough time fer segmentiq; the 
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• Aid for Better COllllllunication: Redundaocy in commtmicatim is the key to better 

canmunicatim Redundancy in this contaxt is the innllmission of tre same or cla;ely related 

infomlation to the receiver or leanw through two sensory channels (usually aural and visual 

chanrels). Therefore TIS systems give chance to makirg erren in communicatim become 

minimized (Klatt, 1987) 

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

a need for it Hence the conductcr of this research selected tre topic TTS synthesizer system for 

Tigrigna language, fa- file following reasons. 

• As stated in Girrna's (2001) thesis, according to the office of Populatim and Hous~ 

Census Corrunission 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 country (since 1993), tre total number of Tigrigna 

speakers in Tigray and Eritrea was 4,068,789 as stated in the 1984 census. At present, 

Tigrigna is tre secood most widely spoken Semitic larguage next to Amharic . 

• Literatures, bodes, newspapers, and magazines published in Tigrigna have been inm,asing 

over the years. At the mcment, Tigrigm is the mediwn of imtructim in the pimary and junior 

secondary schools in T igrny based on the new Educatim and Training Policy of Ethiopia 

(MOE, 1994, sub-article 3.5.1). Since the introduction of Geez word jrocessing, electronic 

documents published in Tigrigna have been produced fa- different purposes. CD-ROM's 

publication and Web-page develCllment are also emerg~. 

• Lots ci documen!l! have been prepared with this language. So for Proof reading of trese 

documents a speech synthesizer conneded with wa-d processor is a relpful aid Many users 
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fin:! it easier to detect grammatical and stylistic problems when listening than readilg. Ncnnal 
misspellings are also easier to detect 

• A TTS system for otller ~uages in ilie Semitic family can be develcped wiili less e!fat 

1.3 Objective of the Study 

1.3.1 General Objective 

The main objective of fuis research is to develop a protolype TIS system fer tre Tigrigna larguage 
based m fue concatenation of diphmes using IDPSOLA (Time-Demain Pitch Synchrmoos , 
Overlap and Add) technique. 

1.3.2 Specific Objectives 

The specific objectives of ilie stirly are to: 

• extract sample diphones frem corpus words for database preparation 

• Review ilie various literatures on Natural Language Processing (NLP) and Digital 
Speech Processing (DSP) conCt-'Pts and techniques relevant to TIS synfuesis. 

• Build a prototype TIS syniliesis system for Tigrigna language 

• Test tre system on how it performs fer a limited number ofword3 and sentences. 

• Draw useful cmclusim and forward recommendation for ft.ntrer stuly. 
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1.4 Methods 

The foll~ methcds have been employed while develq:lillg a jTototype. 

1.4.1 Review of related llterature 

A llumber of resources such a.~ boob, research reports, articles in journals, alld other published and 
U!1published documem have been used in order: 

} To urrlerstand the phooology ofT igrigna larguage; 

} To examine and select types of speech synthesis, acoustic units to be used, and concatenation 
method; 

} To identify appropriate tools required to develop a prototype; 

}> To understand the processes involved in text processing; 

} To understand the role of ID -PSOLA algorithm in speech synthesis. 

1.4.2 Development tools and techniques 

Since connecting prereca-ded rntural utternnces is the easier way to produce intelligible and rnturd! 
soumirl?; speech, the ccncaterntioo synthesis method usu~ ID-PSOLA algorithm is \.Bed fa- this ITS 
system develq:lffient 

For the text arnlysis part Visual c++ programming language is used, because of its simplicity to develq:l 
an interface \.Birl?; it am in harrlling strings. And fcr the speech synthesis part Matlab llogtaUuuirl?; 
language is used to ffirrlle the signal processing. 

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

For the evaluation of the system a number of native speakers of thJ language were invited to listen to 
some of the possible words and senteoces that can be synthesized by thJ system (since we have few 
reca-ded diphones) and were asked to give their opinion on the overall quality of thJ synthesized speech 
with respect to scales used in MOS (lvfean Opinion Score). MOS is preferred among others (lvfodified 
Rhyme Test (lvffi.T)), Diagmstic Rhyme Test (DRT)) because it is the most widely used and the simplest 
method to evaluate tile overall speech quality. It is a five level scale fran bad (1) to excellent (5) 
(Lemmetty, S. 1999) 

1.4.4 Scope and Limitation of the study 

Due to shortage of time, only a limited number of COlplIS words were recorded, hence a limited number 
of diphone speech data was stored in the diphone database. Furthernlore the text inpJt could only 
extend up to paragr<q:h level. But the words within the sentences are assumed to be separated only by 
blanks; punctuatim marks like slash, semicolons were not considered and these words could contain 
abbreviations, acronyms and the like. And also only my voice was used to record thJ sample corpus. 

13 



CHAPTER TWO 

SPEECH PRODUCTION 

2.1 Human Speech Production 

Sound is generated in several ways and at several locations in the human vocal tract The most common 
sound generation sources are the quasi-periodic vi1:ration of the vocal ca-e\; and turbulent noise 
generated by the passage of air tbrOJgh a narrow cmstriction, usually in the oral cavity (Eker, B., 2002). 
Vocal organs can be seen in figure 21. 

The main ccmponents of tl18 speech production organs are the lungs, trachea (windpipe), larynx, 
phaty~eal cavity (throat), oral a- bu:ca1 cavity (mouth), and nasal cavity (nose). The Ihuyngeal and 
oral cavities are usually groured into one unit referred to as the vocal tract and the nasal cavity is often 
called the nasal tract Accordingly, the vocal tract begins at the output of the larynx (va:al cords, or 
glottis) and terminates at the input to the lip;. The nasal tract begins at the velum arid ends at the nostrils. 
When the velum (a trapdoor-like mechanism at the back of the oral cavity) is lowered, the nasal tract is 
acoustically coupled to the vocal tract to produce the nasal sounds of speech The pharynx is the tube­
like a-gan exten~ from the back of the mouth to the larynx (Eker, B., 2002). 

Air enters the lungs via the na-mal br~ mechanism. As air is expelled from the lungs tbrrugh the 
IrdChea, the terned vocal core\; within the larynx are caused to vibrate by the airflow. The air flow is 
chopped into quasi-pericxlic j:clses, which are then mcxlulated in frequency in passut through the throat, 
the a-al cavity, and possibly nasal cavity Depenling on the positions of the variOll! articulators (i.e., jaw, 
tongue, vehnn, lips, mouth), dilferent sounds are produced. 
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The vocal tract is botmded by hard and soft tissue structures. These structures are either essentially 
irrunobile (such as 100 hard palate and teeth), or are movable. The movable structures associated with 
speech production are also reierred to as articulators. The tongue, lips, jaw, am velum are the primary 
articulators; movement of these articulators appears to accotmt for most of the variation in vocal tract 
shape associated with spe~. However, additional structures are capable of motion as well. F cr 
instanoe, the glottis can be moved up or down to shorten or lengthen the vocal tract (Eker, B., 2002). 

When the vocal cords are tensed, the airflow causes them to vibrate, p-oducing so-called voioed speech 
sotmds. When 100 vocal cords are relaxed, in order to produce a soun:l, the airflow passes through a 
constriction in the vocal tract and trereby become turbulent, producing so-called unvoioed sounds . 

.. ; .... 

KIll palate 
(v.A=) 

larynx - .. . ... :." . 

Figure 2.1 Vocal Orgam (Eker, B., 2002). 

,..ostn.l 

~ . '~- . Tlath 

. _. ..... 0"'] (buo..J) 

J... 

.. .......... . T""bu 

.. .... . 
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2.2 Speeoh Synthesis Teohniques 

Synthesized speech can be produced by severnl methods (Lemrneliy, S 1999). Each of these methods 

has it own advantage and disadvantage. The methods are usually classified into three group;: Articulatcxy 

synthesis, Formant synthesis and concatenative s]'11h\sis. TIle fut two are coounooly referred as rule-

based synthesis (Lemrneliy, S., 1999). 

2.2.1 Artioulatory Synthesis 

Articulatory synthesis hies to model the human vocal organs as perfectly as pa;sible, so it is potentially 

the moot satisfying method to produce high quality synthetic speech (Donovar~ E, 1996). 

On the other hand it is the moot difficult method to implement and its comp.!lationai load is also 

considerably 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). 

Articulatray synthesis is quite rarely used in present systems but the synthesis methods are develq:>ing 

fast and the ccmputationai resources are increasing rapidly, it might be a potential syntlllSis method in the 

future (Lemmeliy, S., 1999) 

2.2.2 Formant Synthesis 

FOlmant synthesis models pole fi-equencies of speech signal cr transfer fimction of vocal tract based on 

source- filter model. Probably his is the moot widely wed synthesis method during the last decades 

(Lemrneliy, S., 1999) There are two methods of combining the formants to make a modd of the vocal 

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

(Donovan, E., 1996). 
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Formant synthesis provides infinite number of sounds, which makes it more flexible than fa- example 
ooncatenlative syruresis. At least Urree fcrmants are required to produce intelligible speech and up to five 
formants to produ:e high quality speech (Lemmetty, S , 1999) 

Formant synthesis does not require a speech database; therefore they need less memory space. Also 
they are not dependent all speaker. These are the advantages of fonnan! synthesis; however for 
modeling human speech some parameters should be 6.xtracted fa- the filter to be used in this model 
Obtainirg these parameters is a diflicult task:. ALso these parameters should be used according to some 
formula and this requires serne COOlputatimal load in rurrtime. AltInugh compulationalload of these 
systems are much less than articulatory synthesis systems, they are more than concatenative synililsis 
(Donovan, E., 1996). 

2 .2.3 Concatenative Synthesis 

® Concatenating prereccrded natural utterances is probably the easiest way to ~ intelligible speech 
However concatenative synthesizers are usually limited to one speaker an:! one voice and usually require 
--- --- -

more memory capacity than the other methods (Eker, B., 2002). l 

One of the most important aspects in COIDltenative synthesis is to find the oorrect unit length The 
selectim is usually a tradeoff between Irnger and shcrter units. With larger Units high naturalness and less 
concatenation points and good co-articulation are achieved rut the amount of required units arrl memcry 
is increased With shorter units, less memory is needed rut sample collecting and labeling procedures 
beccme more complex (Eker, B., 2002). 

In the lX"esent systems units used are usually words, syllabJlos, demisyllables, phcnemes, an:! diIiloms, ~ -
and sometimes triphones. 
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2.2.3.1 Word Concatenation 

A wcrd cmcatenation is perhap; the most natural tmit for written text am some messaging systems with 

limited vccal:ulary (such as airline reservation, weather forecast reports). The concatenation of words is 

relatively easy to perfonn aId co-articulaticn effects wjthju a word are captured in the stored tmits 

(Vosnidis, C, 2001) 

If the woo are recorded separately, intonation will be Ia;t Morecver the system will be limited with the 

prerecorded Vlords and this makes word concatenation unsuitable tmit for unrestricted ITS systems. In 

additim sUxe wcrds start from zero level am end at zero level, concatenating without !'t.ntrer precessing 

produces a sentence that in evel)' word you stop for a while. If \lOrds are taken from a sentence and 

there is an intonation in the sentence, that will also affect the system. However tllese systems require little 

computation in nm time, since they simply coocatellllte prerecorded words. One other advantage of 

these systems is that quality within the outplt wcrd is almost perfect since they are prerecorded, mt 

created in nm-time (V 05nidis, C., 2001). 

2.2.3.2 Syllable Concatenation -
Syllable units are smaller than woo and larger than phcnemes. The number of different syllables in each 

language is considerably smaller than the number of words, but the size of the database L~ stiJllruger for 

ITS system. But unlike words; co-articulation between syllable tmits may mt be so weak, and as a 

result smooth<mirll across tmit boundaries will not be as such easy (Donovan, E., 1996). 
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2.2.3.3 Phoneme Concatenation 

Phonemes are the normal acoustic presentation of speech. However to obtain ~cEurately the phonemes 

from input sp=h is difficult; sin:e the start and the end of a phoneme in speech sigml can't be 

determined certainly. So a lot of trial may be needed to get tro final r/:loneme set After ol:taining the 

phmeme se~ trose phonemes should be concatenated smoothly however this is aho a difficult task. On 

the other hand, these systems do not require much memory since few speech parts are prerecorded For 

e.x.ample for Tigrigna only 36 phoneme units are to be extracted from apJXopiate corpus data (Eker, B., 

2(02) 

2.2.3.4 Diphone Concatenation 

A diphone is roughly tro 13.>"1 half of one phoneme followed by the lim! half of the rnxt phoneme. So they 

contain the transition between adjacent phones That means the concatenation point will be in the ma;t 

steady state regims of tro signal, which reduces the distortion from concatenation points (Tlaber, C., 

2002) 

em principle the mrnber of diphones is the ~ of r/:lonemes plus allqlhcnes, rut not all combinatims 

of phonemes are needed For example there are no vowel- vowel r/:loneme combinatiom in Tigrigm 

Dir/:lone is a very suitable unit for sample based ITS synthesis as COffiIWOO to others. Therefore this 

speech unit is used fcr concatenation purpose in this thesis. 

Building the unit inventories consists of two main phases. First the natural speech mu;t be recorded so 

that all units witlin <ill possible cmtexts (allqlhones) are included After ~ the units must be labeled 

and segmented Gatherir:g the sample tnuts from natt.na1 speech is u;ually time consml~. 

There are several pr@l~IIlS in ~native synthesis compared to other methods. 
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I. Disccotinuities at concatenation points, which can be reduced using dichones or some special 
melhcd for smoolhirl\ signal 

2. Memory requirements are usually very high especially wilh long concatenaticn tmits (slXh as 
words or sy BabIes). 

3. Data collecting and labelirg of Sj:Xlech is usually time CCIlSlJI11ing. In troory all possible 
alIcphcnes should be included in the mf!terial, but tradeoff between quality an:! number of 
samples must be made. 

Some of the problems may be solved with scphisticated DSP algailhms ; for example algailhms 
that can redtxe mismatch dt.ning concatenation, algailhms that can automatically label speech tmits 
fran CO!pJS data and Ihe like (DonoVaI~ E., 1996). 

2.2.4 Linear predictive synthesis 

Linear predictive (LP) synthesis is a source filter methcd of speech synthesis. The digital filter is 
estimated autcrllatically from a frame of naturnl speech. Usiq; a comp.:rtationally efficient algorithm, 
LP has been used extemively in ccncatenaticn systems, since it enables the rapid ceding of 
concatenaticn tmits. It is mt really suited to rule -based systems since rules are more easily 
expressed in terms famants, and the relationship between Ihe coefficients used to define the LP 
filter and Ihe famants is not a simple one (Donovan, E., 1996). 

The basis of linear prediction theory is the asStm1pbon that current speech srunple yen) can be 
estimated as a linear combination of the jrevioos P srunples , plus a small error term e(n). Thus, 

p 

e(n)= l: a(l)y(n -I) where a(Or1 and the a(i) are tenned as the lin~ predictive coefficienlS , and j:O 

P the lineru jredictive crder. LP coefficients, a(i), are found by rni.nirniziq; the Stm1 of the sqwred 
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errors over the frame of speech lU1der analysis. Two method; of performing Ulls calculation are 
conunonly used, termed the covariance method and Ule autocorrelation method, which diJIer in the 
I'"dfJge of over which the error is minimized (Drnovan, E., 1996). 

Synthetic speech p-oduced using linear prediction synthesis is far from perfect Klatt reports that 
autocorrelation of the LP synthesis does not produce formant frequencies and OOndwidth correctly 
when speech is re-synthesized at diJIerent furxlamental fi·cquency to which it had crigimlly. Even 
when re-synthesizing speech at be original pitch, the speech quality is considerably degraded 
compared to the original. The most noticeable result is that the synthetic speech is p-oduced 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 technique does not synthesize speech itsel£ but merely enables prerecorded 
segment~ of speech to be smoothly concatenated while enabling the pitch and duration of the 
segments to be ahered It is therefore of \Be in concatenation synthesis in place of linear prediction, 
which was tracliticmlly used to perfam this role (Lemmetty, S., 1999). The advantage ofPSOLA 
synthesis over LP synthesis is that the synthetic speech produced is of much highlr quality 
(Donovan, E., 1996). 

Tinle--Dcmain (ID)-PSOLA is the sinlplest, canputaticruilly efficient and the mest widely used 
version of PSOLA (Len1ffietty, S., 1999). The disadvantage of this method, compared to linear 
predictive synthesis is that it can't perform spectral smoothening at concatenation points. 
Consequently, me must choose synthesis unit very carefully to avoid fonnant discontinuities during 
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synthesis. The Frequency-Domain (FD}-PSOLA operates in the frequeocy domain and it can 

overcome this problem (Donovan, E., 1996). 

All versions of PSOLA require a large waveform unit database for concatenation, tut recent 

expansion of canputer st:.ocage made this problem less critical. And also these work in essentially 

the same way (LenuneUy, S., 1999} A natural speech segment is broken into many short-term (ST) 

signals by Hanning windowirg pitclrsynchronously through regions of voiced speech and at a fixed 

interval through regions of tmvoiced speech The ST -signals are then recombined to prcxLoe the 

synthetic speech. The PSOLA algorithm B discussed in detail in section 3.5.3.1 (Traber, G, 2002). 
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CHAPTER THREE 

PHONOLOGY OF TIGRIGNA AND TTS ALGORITHMS 

3.1 The Phonology of Tigrigna 

Tigrigna is me of the NOIth-EthiO-Semitic languages namely Geez, Tigre am Tigrigna It is mainly 
sJXlken in Tigray am Eritrea As the name irrlicales the language is mmed after its home, the Tigray 
administrative region (Gennay, B., 1983). 

Phonology is tre study of how speech sounds are organized in a language. The rhonetic alphabet is 
usually divided ill two main categcries, vowels and consonants. Vowels are always voiced samds 
and trey are produced with vocal cords in vibratim, while cmsornnts may be either voiced or 
I.D1voiced. Vowels have considerably higher arrplitude than cmsonants and they are more stable and 
easy to analyze and describe acoustically. Because consonants involve very rapid changes they are 
comparatively difficuh to synthlsize properly (Lernrnetty, S., 1999). 

3.1.1 Consonant Phonemes 

Consonarls are created when the airflow is directly restricted, or obstructed, so that air cannot 
escape without creating friction that can be heard (Rodman, R., 2003). There are twenty-nine 
consonant rhonernes in Tigrigna All cmsCIJall1s can be geminated except the JXllII)'llgeal and 
laryngeals (Gerrnay, B., 1983). The term geminate consonant refers to a doubled or long consonant; 
for example the 'd' in the wool glddM ("1t./j;) is a geminate consonant CWebsle!'s Online 
Dictionary). Consonants are classified according to voicing, places of articulation, and mannm; of 
articulation (Olsen, S., 2003). 
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.. Voicing: refCi~ to whetller the vocal cords via-ate or not The level ofvitmticn of the vocal 
cords determines whether a souro is voiced or unvoiced. If the vocal cords are apart, then air 
can escape unrestricted. Sounds produced in this way are said tD be unvoiced However, if 
the vocal cords are very close together, the air will blow them apart as it forces its way 
through. This makes the cords vibrate. producing a voiced samd. The sound [S (II) J is called 
unvoiced because there is no vibration and the sound [z CH») is called voiced because the 
vocal cords do vibrate. 

.. Manner of Articulation: The source of speech sounds is the air llll'sing from the lungs 
through the larynx: and intD the cavities in the oral tract These cavities can be modified in 
shape by the different positicos of the articulators (the tongue, lips, velum etc.). The way the 
shape of the cavity charges influerx:es the way the air in it vil:xates gi~ rise to different 
sounds (Olsen, S., 2003). Tigrigna consonants may be classified by the IIllII1rnr of articulation 
as stops, fricatives, affricatives, nasals, liquids. and semi·vowels. 

• The StDps: are produced by a ccmplete closure blocking the air mcmentarily and 
then releasing it abruptly (Olsen, S., 2003). StDps are also called Plosives. There are 
ten stop phonemes out of which three [b (0) , d (t.), g (1)] are voiced and the rest 
[p (T), t ('I'), k (II), P (A),T (m),q ('1'),7 (h)] are unvoiced. [P (A), T (m), q ('1')] 
are the glottalized counteIparts of IP (T), t (1"), K (hJJ. 

• The Fricatives : is made by an inccmplete closure (or stricture) which produces 
friction as the air is forced through it (Olsen, S., 2003). Fricatives are also temled 
contirruants. There are nine fricative ph<Ilemes rut of which furee 
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[1 (n), Z (If), 'e (O)J are voiced and the other SIX 

[f ("-),5 (0), '5 (0), X (ll), h (V), H (.iI)] are UINoiced. 

• The Affricates: canbines a stop with a followin g continuant rut lasts mly as long as 

a siLgle fricative (Olsen, S., 2003). fure are three affricate phonemes 

[J (P:), c ('f), C ("1,)) which are voiced. unvoiced and ejective respectively. The (C) 

is the glottalized counter part of (c). 

• The Nasals: is formed when air escapes through the rose. For. this to happen, the 

soil palate is lowered to allow air to ]XlSS it, whilst a closure is made in the cral cavity 

to stop air escaping through the mouth (Olsen, S., 2CXl3). There are three nasal 

phooemes 1m (OD), n (Il, N (Tn 

• The Liquids: is formed by part:iaI blockage or obstruction of air in the mouth. 

Liquids ocnsiqt of lateral [I (IIll sOImds and flap [r (l)] sOImds (Olsen. S .. 2003). 

Both are voiced and dental plDnemes and they occur in all pcsitions. 

• The Semi Vowels: are vowe~like comonants. They don't involve a Iiockage or 

orn!ruction of air in the mouth as is the case with stqJs and fricatives (Olsen, S., 

2003).There are two semi-vowels [V'/ (ID), Y (t)] in Tigrigna and they occur in all 

pcsitions. 

» Place of Articulation The air stream used in producing speech sOImds cernes from the hrgs 

and resses through the larynx and the vocal cords. Some of the components of the sound so 

produced are filtered out t7y certain ccnfigurations of the vocal tract, while other components 

are sirnultanoously amplified by them (Olsen, S., 2(03). Tigrigna cctlSOIlat1ts may 00 classified 
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by the place of articulation as bilabial (liPl together), labiodentals (lower lip against front 
teeth), denta!s (teeth together), palatals (tongue on hard palate), velar.; (tongue near velum), 
and glottal (space between vocal folds). 

All the twenty nine consonant plnnemes of Tigrigna, which have been cliscussed above, are 
presented here in tabular fomt (Germay, B., 1983). 

---1._-
~jee~~e : 'r (v·~: ~ ............... ;.!. .. ~r. .... ..; ............... ~ ..................................................... . 

·~i:~·;.:~i~ .. ·· .... ·· ................... . ';.:. .... ~,:;;;,:.,..... . .. ........ . . '!-;'I' (-t'> t "' l~~ 'J. j~(.A"/ :;it'{ 

--'---------
Table3_l The consonant Phonemes 

3.1.2 Vowel Phonemes 

Vowels differ fran <DlEonants in that thrre is no noticeable orntnx:tim in the vocallrnct during their 
prcx:loction. Air escapes in a relatively unrestricted way through the mouth and/or mse (Olsen, S., 
2003).There are seven vowel pronemes in Tigrigna. These vowels can be divided into different 
categories depending on how they are fcnnulated Front, central or back positions of the tongue, 
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widenesslrourrlness of the ccnstrictioo pcsition, and place of the tongUl (high, mid a- low) (Rochnan, 

R , 2003). Tigrigna vowels and their categorization are swrunarized below in table 3.2 

» 1lleFrontVowel: these are two in number [I (h.),e(l..) 1 both are mrounded. The mid 

front vowel (e) doesn't =urwa-d finally while the high froot (i) =Ul1l medially as wen as 

» The Central Vowels: there are three central vowels [1 (~P (h),a ("') I which are all 

lIDrourrled. Amrng these (1) never ()(x,'lliS word finally, where as the remaining two are found 

medially an:! finally. 

» The Back Vowels: these are [U ( 1>-), 0 (~) I. Both are rounded and they occur in word 

medially and wa-d final pcsitiom (Germay, B., 1983). 

Front Central Bade 
High ! (I\.) HI\) u (ft.) 
Mid lCll) dO,) o eN 
Low a (h) 

Table 3,2 The VowelPbonemes 

3.2 Intonation 

The li.n1c1amental frequency a- pitch is the frequen:y of voicing, that is, the frequen::y at which the 

vocal folds vicrate. Tre intomtion of a senle~e is the pattern cf the pitch changes that occurs. In 

Tigrigna, three cmtrnstive intonations are recognized. 

} Falli!~ intonatioo: the sentenoe final intonetioo 1m f~ pitch 

} Neutral intonatiorr when the sentence is simple Sentence (declarative) the intonation is neutral 

} Rising intonatiorr there is a relatively high rising intorntion en the interrcgative word or on the 

wh-questions (Germay, B., 1983). 
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lntonation variation can bcing a difference in meaning The statement h1!J;..(he left). for example. 
when spcl<:en with falling irJtcmtim is a declarative, am a questim when slX'ken with rising 
intonation, am with dynamically ris~ intorntion interpreted as sUIpise. 

11.£.1\.. 

h.£.c;. ? 

hM·! 

Fa11iqs intooatiro 

Rising intorntim 

Rising intrnatim 

Declarative 

Question 

Surprise 

Here are some moce examples for each type of intonation discussed above 

• ('10.£ '11111h,. mi.4!i..) Me""" ' I don't know where to go' 4'F~intCt1atun' 
• (:r"'lll. h.l'.P,...) timali kiiy1du. Means 'he went yesterday' 4'Neutml intonatXn' 
• (on11J.e.c;.?) miinlkiiyidu? Means 'whowentT 4 'Risingintorntim' 

• ("1'(<;:! ) g[diifi Means 'don't do it!' 4 'Rising intcmtim' 

3.3 The structure ofTigrigna ITS System 

The efficiency of =aterntive synthesizers to >£oduce high quality speech mainly depends m the 
units chCllen and algorithm used to =atenale the units smoothly. The units chCllen shoold exhibit 
sC£lle of the following >£qJert:ies (Vosnidis, C, 200!). 

They should aooount for as maf\Y co-articulation effects as possible 

II. TIleY should he easily concatenable 

III. Their number and length should he kept as small as palsible 

On the other hand longer units decrease the density of cmcatenation lX'ints, therefore >£oviding 
better sr.eech quality. Similarly an obvious way of accwntirg for articulatory phenomena is to 
provide many variants of each rhmeme. This is in conlradiction with the limited memory cmslrainl 
Some b-aoooff is rncessary; diphmes are often chosen They are not too numerous and they 
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incorpcrate most transitions. They imply, however, a high dens ity of concatenation points (one per 

phoreme), which reinforces the importance of efficient concatenation algorithm (Vosnidis, c., 2(01). 

Therefore for Tigrigna TTS system diphones were chosen as basic speech units and IDPSOLA 

algoritlnn WdS used to cmcaklnat.e the appropriate dirhone units smoothly. 

The Tigrigna TIS system takes a written text as inp.It from user. A sentence is 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 ccrresponding to diphone and finally concatenates the previol.Sly selected speech 

segments using PSOLA a1goritlnn and produces soum The general structure of the system can be 

seen in fJgUfe 3.1 
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• 

Text 

L':'::':;:::=~'----1 Word NorrnalUation 

worrl 

Diphone separation 

If at least one diphone does 
not exist in the database 

Give: error 
mess e 

Speech data 

If all cllpffirns exist in the 
databruoe 

Connect diplx:> nes t!sing 
TD-PSOLA 

Output speech 

Play output speech 

Figure 3.1 The General Structure of Tigrigna TIS System 

3.4 Text processing 

Diphrne 
database 

The text processing part in this system reads each line (sentenoe) om after 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 acrrnym it is send to word normalization part where it!'l'ts expanded And 
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further the words are segmented into units that tile speech synthesis pm. can un::Ierstand (i.e. 

DiplXJre units). 

3.5 Speech synthesis 

The speech synthesis pm. concatenates speech units (diphores) smoothly. PSOLA algorifum is tEed 

in coocatenatim 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 {Teparation is one of the most vital parts in ITS systems that use a concatenation 

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

starts running. In this system since diphones were used as basic concaterntion units, they were 

stored in the dipoone database. Data base preparation part can be divided into two parts; obta.inirg 

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, apprO{Tiate corpus data should be recorded and 

analyzed by sOUlld editor in order to extract the corresponding diphme set For better quality a 

careful selectim of the coq::us data is very inlportant In this system due to time limitatim only up to 

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

3.5.1.2 Obtaining Diphones 
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There are two pcssible teclmiques that can be used for ottaining dij:hone tmits from recorded 
,-peech. These are autcmated and manual teclmiques. In the autanated technique a text is read by a 
speaker and recorded Then, the speech is separated into diphones by using some intelligent 
algcrithms. Althotgh this makes database p-8pm1tion mu::h easier, there are no efficient algorithms 
that are successful enough to be used in a TIS system. Hon et al slated that, the research on 
automating this p-acess is still under conslrlK:tion (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 visualizatim tools fourrl in the PRAAT tool. And lirnlly 
these were stored in the diphone database. 

3.5.2 Diphone Concatenation 

The technique used in the speech synthesis part of this system is dij:hone concatenaticn Diphones 
are selected as basic 'POOch segments becarne they minimize concatenation problems, as they 
include most of the transitions and co-articulatiom between phones, while re~ an affordable 
amount of memay. Moreover diphone concatenation is the easiest method to implement amor~ 
others (Traber, c., 2002). 

3.5.3 PSOLA TYlethod 

11e PSOLA method, put simply, is a way of improviI1; the quality of synthesized speech There are 
several such methods LP-PSOLA (Linear Predictive PSOLA, MBR-PSOLA (MuJt>.Band Re­
synthesis PSOLA) to list a few. The PSOLA can produce a s{:rech of a high starrlard and is also 
relatively simple to implement (Lemmetty, S, 1999). It operates by p-ovi~ a way of smocthly 
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Figure 3.2: Schematic representation of the analysis of speech signal~ as a sequence of 
~ort-tenn signals by extracting double periods and multiplying them with window function. 'U' & 'P' refer to unvoiced and voiced periom respectively (Traber, C.,2(02). 

The next four secticns will describe how to obtain tho pitch rnarlc! of a signal, IXlW to identifY the 

voiced and unvoiced part of a signal, how to generate fragments and finally how to concatenate these 

generated fragments . These are the maja- activities in splOOh analysis arxI syrrthesis in the ID 

PSOLA algocithm. 

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 in section 3.5.3.1.1 , a voiced solIDd was assumed to have roughly CO!1stant pitch 

period So a fragment is fonned a rcund a pitch mark, extending one pitch pericxl m each direction 

roorefcre each fragment has the size of twice the pitch period and e,·~ry sample in the original 

segment has been lifted twice (in a'lScciation with the two pitch-marks on either side cf iil A 

fragment is thenmultil'lied by Hanning window (a cosine waVe , ueh tlm the start and end are 

reduced to zer~ but the amplitude climbs towilJds its original value as it tends towards the center of 

the fragmart). 

, ... 

;··· ··· ·· · ···· · ····· · ~f · · · · ····················: 

~-0v-. 

A .;~.I with ioqti> d «,w, pitoll),"""{ 
'!'<, P'ik), ':er:gm 

Figure 3.3 Multiplic-ation of a signal by Hanning window 

3.5.3.1.4 Fragment concatenation 

Fragment concatenatim involves the assembly of the final speech wavefmn fran the fragments . This 

is the pinci,ru reason for Hanning window multiplicatim and also the reason why PSOLA has its 
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name. To create the final wavefonn, the fragments are merely aciled together at the !X)int where they 
overlap. Here is where the voiced and unvoiced JEl of a signal treated diiIerently. 

y Unvoiced part of a speech segments are synthesized tty direct cmcatenation 
y Voiced JEl of a speech segmentl! are synthesized tty overlapping tile windowed signals with 

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

Before speech segments are ccmbined using overlap-add synthesis method; time and pitch scale 
modifications are performed as described below: 

.. Time Scale Modification: expending the time scale of a signal causes compressim in the 
frequency domain; so the output is a pitch scale ccmp-essed version of the original signal On 
the other hand, wlm the time scale is COlT1p-essed tite pitch will be higher. T'ha aim of time 
scale modificatim is to prevent titese inherent modification; in tite signal spectrum while 
moJifying the time axis and obtain an output tlBt has similar spectra as the aiginal sigrnJ 
(Traber, C , 2002). 

TD-PSOLA modifies tite tempa-al content by repeating a- removing integer munber of 
speech segments. Segment repetition p-oduces a signal that is expanded in the time danain 
while the rulput using ooletim is a time-ecmpressed versim of the original signal (Eker, 
B,2002). 
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~., . . ' . ' : ..... ' . 

Figure 3.4 Time scale expansion (left) and Time scale compression (ri~ht) 

» Pitch Scale Modification In this case. the aim is to modifY the short-time spectral content 

of thl sigIlli without mcdi~ its tempornl characteristics. TD-PSOLA modifies thl amwnt 

of overlap between successive pitcfrsynchrcnous Segments by chmging pitch period 

(Traber, c., 2002). SirY;e modification of pitch period means the modification of duration of 

speech; this should be compensated by time scale modification to avoid undesired result i.e. 

by deleting speech segments cr by replicating speech segments (Eker, B., 2002~ 

~' . . ~ ~" ' :~ ··.i/:· :: :: ' 
.. ' .. :, •. ·:< ..•.•. :.; .. ,i.L.· •. ..: ... ~, ..• ,.> .. :.: •. ; ., ...• ;;:; .. ~: t .... •.• .•.•. i ,.: . . ;J/;/ •. . \f .. ·~·· •.. ,.... ~ '. ' '.~ ',' . ,. '.: .. ;: !:: ~ . . t .. . . .. , ........ 

• , 

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

~ Pitch- marks for a pnticular phone are usually roughly equally slXlOed, since the pitch of a 
phore is unlikely to change by any great amwnt during its utterarx:e (White, S., 2003) 

~ Pitch-matks are not present in all speech Unvoiced speech is oomposed of oomparatively 
random noise. However, pitch-matks must still be assigned cr the PSOLA metlxxl canmt 
deal with them. Since there is no pittem to this kind of speech, it is relatively arbitnny where 
pitch-marks should be placed and they are equally spaced (White, S., 2003). 

3.5.3.1.2 Voiced/Unvoiced signal detection 

Detection of the VoicedlUrwoiced is neces3ary becatrse voiced sigrnls are treated differently frem 
mvoioed signals wlllle modify~ the pitch 

There at'e two approaches to detect the VoicedlUnvoioed parts of a signal (often referred as time 
domain parameters); the Root Mean Square amplilude (RlvlS) aId Zero Crossing Rate (ZCR) 
(Cassidy, S, 2000). 

~ RMS is a measure of the en:rgy in a speech signal. When applied to successive windows of 
a speech signal it gives a measure of the chmge in amplitude over time. RMS is high (i.e 
greater than 025) in voioed signals while in mvoioed signals it is low ( i.e. lower than 025) 

~ ZCR measures the munber of times the signal crosses the zero line per unit of time. ZCR is 
useful in differentiating between voiced and unvoioed sourrls since UINoioed swnck tend to 
have a large ZCR (ie. greater than 0.75) while in voioed sourrls it is smaller (i.e. smalla- than 
075)(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 in ITS systems 

that use a concatenation teclmique in speech syntresis part m necessary speech units smuld be stored 

before the system starts running. In this system since diplx . .mes were used as basic concatenation units, 

they were stored in the diphone database. Due to time constraint only up to 82 words were selected as 

corpus data, fran which 139 diphmes were extracted manually using the PRAAT tool. moo selected 
~ 

corpus data and witll tOOir COlTespmding dipmnes, 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 majer distinct parts, which are text processing followed by 

speech synthesis. For the first part, text processing, Visual C++ programming langrnge was used, 

because of its simplicity to develop an interfaoe using it and in handling slrings. And fa- tOO secorn part, 

speech syntbesis, MA 1LAB prcgr;nnrning language was used to han:IIe the signal processing. The 

algcrithrns used fa this system will be 1:riel1y discussed in lbe following sections. 

4.2 .1 Text processing algorithm 

Text processing is done very simply in this system. m system takes i.q)ut text fran user, then this text is 

processed me sentence a.t time. A sentence is read and it is passed to a word separator. Here the words 
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are asstmled to be separated by blanks; slash and semicolon are nct considered. Until end of lire 

(sentence) is reached each word is processed me after the other. A diphone is then constructed from 

phooomes contained in a word The result is then passed to speech synthesis mille. The next line is 

read and it is passed to word separator and then to the diphone separator and flnally the result is passed 

to speech synthesis module. This process continues iteratively until end of file is reached Figure 4.1 and 

Figure 4.2 flow charts explain the text processing part Here the urxlerscore ( _ ) sign is used to 

represent silence (short break) at tl1e beginning and end of a word and backslash (/) is lSed to indicate 

end of file. 
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Rtd.U ;)tU t.tHlt: ~! 

I 

! 
Word separat lon l 

I 

Yes 

is 
EO L 7 

r 0 

Word 

'------~ 

4 wordtodiphonemo£ule 

Figure 4.1: Flow chart for word separator module 
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--- Read word(l] ::l 
~elect.d dlphon. DB 

for I::zO,1, .. . ,m 
word DB 

I. EOl? ~ Spooch syniho£l£ 
word[IJ.dlphone[ nJ=wordpJ.phoneme(nJ + _ 

Increamen! I 

N 

I Read word(l].phoneme{O] I 

I word[I].dlphono[O)= - + wordV~ phonomo[O) I 
r.ad word[lJ.phoneme[1) 

Y s 

IS EOW7 

"0 
word(I].dlphone O]=wordp].phonemeU-1]+wortlp].phonemeUl 

for j=1, ... ,n -
Incroamon! J 

Figure 4.2 Flow chart for diphone separation module 
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Here is an example which shows how tl1e text-processing module works to construct diphones. 

Read 
sentence 

word 
separator 

diphone 
separator 

salam nfhiZibi tfgiray 

_n niih hiiz ziib bi i_ J tiig giir raay y-

Figure 4.3 Example of text processing for diphone creation 

4.2.2 Speech synthesis algorithm 

Secoo.d part of the system deals mainly with coo.catenatioo. of acoustical units. Here the text H not read 

llIl!:il end of the file (EOF) in order to reduce the users w~ time and to me the merncry efficiently. 

After decornposirl?; input sentence in to diphones units, wavefonns carespo~ to these units are 

retrieved and concatenated Concatenation is carried out using PSOLA for smooth concatenation 

Firnlly the resulting wavefam of the first sentence is played The process contimes iteratively llIl!:il em of 

file is reached In this module prosody generatioo. is not ccnsidered 

In this module there a-e two alten1atives while calculating the pitch marks and finding voicedlunvoiced 

parts of a speech. They can be calculated at run time for rne a- calculated offline ani loaded into 

memory when the system is activated Both of these approaches were implemented but for sake of 

simplicity the first awroach was presented in the algcrithm. 
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1 
sndPlaySound(TempStore.SND_SYNC) 

wavwr~c(y, TcmpStorc) I 
i 

Assign values to pscale & tscale 
y =td psol a(tem p,ls, pscale, tscale, pm, v uv) 

T 
~ ......., I vLN=detect_vuv(temp.fs.pm) I 

selectea I--
...... dlphOnes _ 

I Is=8000 I pm=flnd_pmarks(temp.fs) 

ns 

Read word[I].dlphonern 
Is EOl? 

for i-O,1, .. ,n 

~ p 

temp = concatenate(temp , WOrdSII) 
Increment I Is EOW? 

J=() 

N " 
I word[ij.s[D = w<mead(word(ij . dlphoneDl) I 

temp -concatenate(temp, WQrd[ij,'D]) 
Increment J 

Figure 4.4 Flow chart for speech synthesis module 
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The following figure shows an interface developed for the Tigrigna ITS system prototype. A ll<;ef writes 

Tigrigm text on the edit box using the keyboard and Ulen sulrnits the text to the system by ll'essing tile 

speak button. Internally the text is decomposed into diphmes by the text-prooessing module. The 

speech syntlleSis module will tlJen play the sound if all the resulting dipoone units are preo;ent in the 

dataoose. Otllerwise an error message will be displayed. 

Figure 4.5: Tigrigna TIS System Interface for the Prototype. 

4.3 Testing and Evaluation 

Synthetic speech can be compared and evaluated with respect to intelligibility, naturalIJess, arxl suitability 

for used application. The evaluatim can also be made at several levels, such as pOOneme, word or 

sentence leveL depending m what kiIXI of information is needed It is very difficul~ almost impossible; to 
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say which test method provides the correct data In a text-to-sreech system net only the acou;tic 

characteristics are important, but also text pre-processirg and linguistic reafuation detemline the final 

speech quality (Lemmetty, S., 1999) . 

Several ulclividual test methods fer synthetic speech have been develcped during last decades. The mest 

commmly used methods are Modified Rhyme Test (MRT), Diagnostic Rhyme Test (DRT), and Mean 

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

1999) 

Mean Opinion Serre is proOObly the most widely used and simplest method to evaluate speech quality in 

general. It is a five level scale from bad (I) to exoellent (5). The listener's task is simply to evalllate the 

tested sreech with scale described in Table 4.1 below (Lemmetty, S., 1999) 

MOS 
5 Excellent 
4 Very Rood 

3 Good 
2 Fail 
1 Bad 

Table 4.1 Scales used in MOS 

To evaluate the renomlance of this system, six native speakers ofTigrigna language and 1hree native 

speakers of Amharic hll1guage were invited. Among the six native sp!akers, three of them were asked to 

give their judgment on the Tigrigna test wcrds and their test results were presented in table 4.2. 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 sp!akers of the Amharic language were asked to give their 

jt.Jdgment on the Amharic test sentences and their test results were presented on the rWItrnost column of 

table 4.4. 
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§t\ Word Person! Person2 Per<o03 
1 +...,t-j'. \!gi@y' 3 4 3 
2 r'i"lr !,~,\!!ll 3 3 3 
3 ,}11..(l v.R>.J."b, 3 4 4 
4 '}O.M ,e nfu.§..iWAx 3 3 3 
5 QlJf1-1' m~ita 3 4 3 
6 &.~OJ @,9i.'r,,~ 4 4 4 
7 QlJ '} '1"1. m:' •• 2 3 3 
8 ,.,,., 

f~.f~ 4 5 5 
9 () R. R.t\ j'. ,'d'da)~y: 3 4 4 
10 -I'<.'r1 !&~Ra 2 2 2 
II '>OJ'. • wl.1.~, 3 4 3 
12 R. ,}OC dSru"bar 2 3 3 ·,',·".,......,·· .. ·n' 
13 o(IT(}~ bj},a§.jJJl 3 3 3 
14 -I'(l-l'~ *~j~i\\.% 2 3 3 
15 ..,c;.t- gtw 3 'I 3 
16 ~"'tD mW,\lJ:a 4 4 4 
17 1'1'1 W!!,;m 4 4 4 
18 ,11& njp .. ui. 3 3 3 
19 ..(l+.f. !?1tw.. 2 3 2 
20 U"""l Yl9A,g' 4 5 4 
21 <I. '}.+ (!}mt!. 4 5 4 
22 6.:r'e ~!1t'h:i 4 4 4 
23 ~11t-,e Ab 

!!'~J)J)I~.'i 3 3 3 
24 T=J !,~roM 2 3 3 
25 '}Vo. aMj 3 4 4 
26 "1'JCJC giJ)1J:t'1f 2 2 2 
27 ~1C ab£r 3 3 3 
28 l' t:: c] Jl.N~l1j1 3 4 3 
29 11;J A 

<1 5 4 ~1~ 
30 mT YlJ:Q <1 4 <1 
31 =ilh ~ mad~t%.lti, 3 4 3 
32 1'''1C~ 1~~ 2 2 2 
33 ~.,.] .@J:~n! 3 4 4 
34 1't::O ,(l.~~g 3 3 3 
35 I'l<l. .e ,,[~ 3 4 3 
36 '?'''1'l'';J'?' nigLmJ.&a1Jl 1 1 1 
37 'l/.p~O f1>wik! :2 3 3 
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32 "} P,'l" 
_m 

4 4 3 
39 0lJ1',y.. rnid~! 3 3 3 
40 +HLO 'W ~ ~ 2 3 2 
41 0)11;1· w~adt) 3 3 3 
42 +ftr~ tAsatj!Q. 2 3 ~ 

.> 

43 .... n-t-c dolUl .... .. -............... _'. 4 4 4 
44 'J/'.fr' ro?dolo 3 4 4 

Table 4.2 Test results of the Tigrigna words according to MOS tc~1 

o.:::tt:-t- ~'1C Sentence£ PI P2 P3 
011;:' 'I 'e 't n'io.c .cu;:. 7. !W.gM,~w:i~1t'IY. L1ll.!2M'? :3 3 3 
.o:r"lC~ '}j,p.:::n '}n.o. hl'tMrfP, A . A~ )m\< .]\ ~P..'lMli 0 .. 2 3 2 
i '19" ,:> 'l" 1/4' <:: nil) 11. 1)!&'l)1J&~'!l fJ9..ir!IlA ni1?~ 2: 2 2 
C i..e.f. /'. ,)<>\1.9"7 rlW9. do1okum7 2 2 2 

/1'1 9" ') U11Q l' "IiJ. .c! ~W});! !)lIl!~iN.tt.@;~y l 2 2 2 
oo'}')"t T"I t-.e </>.:::n. m.fuJ!g!l.Ai r1B!Gy~~J~",. 2 2 2 
11L'1ft1. :,. "IiJ. y.. ll1'C 11 6. ~ w W!1b1!<i ~4\\Y ~g~hl>. tllIlW 2 2 2 
r"lC'f. tfg1'Li'P_~ 

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

Since the Praat tool doesn't discriminate between capital and small 1ettm t:a,se insensitive). Some 

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

Test result from Te<l Result from 
'<::i''f' Ylr. Sentence Amharic TTS Tigris1'" TTS 

Pl P2 P3 PI P2 P3 

}o, 1111 11,.. 11 'I 
~9.~« P_~!i .. 9. b@..~: 2 2 2 3 3 3 

o>J:n.-l- -1--(\1"1 
~r!ihet t~~.J.!- 2 J 3 2 3 2 

h4-'r h.n- ht,Il!l. .RC:" ar-'!l kiUO. 'lkg]Lil.!J'\ 9)1'3,; I 2 2 - -
YI .1'._ '\<'l/\. ? 

!}!..~ ~.~.t<.'!l\! ? 2 2 3 3 2 3 

(lrJ of' fl h of' '1".'17 
R~~H.! !m mRl .. · d 2 2 I 1 I 

,,,'- .... hS ~II ruamu miillina miildll. 2 2 1 2 2 2 

nl'!'1~ A~l'lh7 b;;,81am rlBriislk ? 2 2 2 1 1 2 

Table 4.4 Test results of the Amhark sentences according to MOS test 
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4.4 Discussion of the result 

As seen from the test resilis, it was not easy to get high rate of intelligibility. Burst of sruOOs at the 

beg~ and end of a wcrd, elongation of concatenated utteranoes, noise that originate from recording 

and inexactness in extrnc~ dipOOnes while Jreparing dirhones form sample corpus data were major 

Jroblems that limit tbe intelligibility of sytJthJsized utteranoes. 

It was observed that wanE with few numbers of diphmes were recognized easily when canpared to 

words with more number of dipOOnes. Also it was observed that ilie p-eseoce of geminate CCl'lSonant in a 

word decreases the intelligibility of tre wcrd Because a double comonant (eg. 'dd' as in the word 

adcI.ay (h$. f'.») diphone is needed in the diphone database. One way of resolving tre problem is that is 

associated with geminated consonants is to include ccrpus wcrds, which contain tre 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 listeners, but 

it requires more time for long sentenoes. 100 part that consumes most of tre time is tre speech synthesis 

module in particular the PSOLA pert 

Table 4.3 is a test data at a sentence level used for the Ambaric language TIS system. The Amharic 

Text-To-Speech synthesis system was developed by Herock (Henock, 1., 2003). This system was 

developed using Delphi for text processing and Matlab fa- speech synthesis. The sample sentenoes ill 

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 tre same alphabetic 

representation having the same sound except for few additional alphabets fOlIDd in Tigrigna On the tqJ 

of these Amharic language is th3 officialianguage of the govennnent of Ethiopia 
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1m test result fran Tigrigrn TIS, at the right moot column of Table 4.3, was obtained from the exis~ 

database in the Tigrigna TTS system. Fran the result; ccmpIring the two colurrUls, Test Result fran 

Tigrigrn TTS and Test Result from Amharic TIS; therefore a single system could be developed for these 

two languages p:lSSibly by ~ exception dictiomry to manage tOOir difference. 

The average test result was lOund to be 3.05; which is ela;er to tOO scale level good ie., 3. This result 

was encouraging and this in bJm is an indicatim that dij:hOlE units are awropriate acoustic units for 

Tigrigna speech synthesis system fran te.x[ inplt 
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5.1 Conclusion 

CHAPTER FIVE 

CONCULSION 

Text-To-Speech is a Vel)' promising technolcgy, ~ a vay real need in the rapidly growing 
communicatioos marlcet Hel~ handicapped communicate, learning new language, and irueasing 
productivity are just some of the benefIts provided by text-to-speech synthesis. 

'Ihl Tigrigna TTS system is a result of an attempt taken to lIlIderstand the speech p-odu::tion and a 
realization to the possible benefits of the synthesized speech ge_ation fOr Tigrigna The thesis 
objectives were achieved to an acceptable performance in terms of lIlIderstanding speech production 
in gereraJ, relaticn.hip to T igrigna speech productioo, resigning and implementing speech synthesizer 
prototype. 

JvlinimiziIlg mise during recorclirg time, careful selection of capIB data, careful extraction of the 
required diphorn s for diphone database preparation, and a speaker whose voice is to be used to 
c-reate the acoustical unit datahtse are utmost important in imprcwing the synthesized speech 

This system can be LEed as a starting point to develq> TTS systems fer other larguages in particular 
fcc Semitic languages with minor refinements m the linguistic analysis. 
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5.2 Recommendation 

As this worle is an initial attempt there is a roan for irnp-ovement 

.:. Recording coI])us data in sound labomtolY has the adv.mtage of avoiding any source of 

noise while reca-ding the corpus data. So if possible, reca-ding should be cia1e in sound 

laboratory . 

• :. The recording session should be one time (one session) if possible arxl the COtpllS data 

should be checked for constant ene rgy. A great care should be taken while selectiq; 

wordslphrases for the cotpUS data. 

.:. The system is not concerned with numbers. So the inca-poration of runber converter fa- the 

word ncrmali2ation module is irnpa-tant 

.:. Perceptually some soun:ls may be acoustic ally different in different places of a word, 

because phonemes are affected by their neighbor phonemes. Therefore there should be 

different diphones recorded fa- different parts of a word in order to have a quality speech 

One way could be to divide into three: begirming, middle, and end dirhme . 

• :. To apply more experirn ent on the corrus data and hence to complete the diphone database . 

• :. If possible to develop an intelligent algorithm that is able to separate a speech COtpllS data 

into diphone units automatically . 

• :. This thesis worl<: exposes a number of different disciplines such as speech productioo, 

phonology, and digital signal processing on the way reaching the objectives. The 

understanding of phonetic and phomlogical infcrmation for Tigrigna language gives better 

urxlerstanding of the relationship to letter to sound of the language. 

(. After obtaining a sta.!:'le system for one voice, odler voices could be added to the system. 
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.:. Having obtailled on intellisible gpeech, it can be better to P"Y attentim en naturnlnesg. In tlm 

respec~ 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 3: VISUAL C++ SOURCE CODE 

B-1: HEADER FILE OF TIlE IMPLEMENfA nON OF TIlE PROTOTYPE 

header file 

lif 
! defined (AFX_TTSDRAFTDLG H DCMD953_ 25DF _ 4 4D6 _B836_8 FlD7 40A86CF_INCLUDED_ 
I 
Idefine AFX _ TTSDRAFTDLG _ H_DCMD953 _ 2 5DF _ 44 D6_ B83 6_8 FlD7 40A8 6C F 

lif MSC VER > 1000 
Ip ragma once 
'endif I I HSC \fER> 1000 

INCLUDED 

111111111111111111111111111111111111111111111111111111111111111111111111111 
II 
/1 CTTSdraftDlg dialog 

class CTTSdraftDlg : public CDialog 
( 
II Construction 
public: 

void tdpsolaTerminate(l; 
void tdpsolalnitiali ze (l; 
void detect_vuvTerminate()i 
void detect vuvlnitialize(l; 
void find pmarksTerrninate(); 
void find=pmarkslnitialize(); 
void wa"Yr eadtTerminate () ; 
void wavreadtlnitialize(l; 
void concatenateTerminat e() ; 
void concatenatelnitialize{); 
void wavwritetTerminate() ; 
void wavwritetlnitialize (); 

struet }{ 

CSt ring phoneme[100}; 
CString diphone[IOO} ; 

} word[15}; 

int i; 
int j i 
int 1 ; 
int count i 

CSt ring fil e name; 
CStringA rray Abbrevi 

CStringArray Acr onym; 

void ParseToWord(} ; 
void ParseToDip hone(l; 
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void Play I) ; 

void TextNormalization(); 
void ConvertAbbreviations II; 
void ConvertAcronyrns() i 

II void ConvertNurnbers() ; 

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

II Dialog Data 
IlllAFX_DATA(CTTSdraftDlg) 
enum I IDD = IDD_TTSDRAFT_DIALOG ); 
CSt ring ffi_Texti 
I/) )AFX_DATA 

II ClassWizard generated virtual function overrides 
IIIIAFX_VIRTUALICTTSdraftDlg) 
protected: 
virtual void DoDat aE x chang e {CDataExchange* pOX); 

support 
I I) )AFX_ VIRTUAL 

II Implementation 
protected: 

) ; 

HICON m_hIcon; 

1/ Generated message map functions 
111IAFX_MSG(CTTSdraftDlg) 
virtual BOOL OnInitDialog(); 
afx_msg void OnSysCommand(UINT nID, LPARAM lPar&~); 
afx_msg void OnPaint( ); 
afx_msg HCURSOR OnQueryDragIcon(); 
afx_msg void OnExit( ); 
afx_msg void OnSpeak(); 
I/) )AFX J!SG 
DECLARE_MESSAGE_MAP () 

I I I lAFX INSERT_LOCATION)) 

II DDX/DDV 

1/ Hicrosoft Visual c++ will insert additional declarations i mmediately 
before the previous line . 

'endif I I 
! defined (AFX_TTSDRAFTDLG H DCMD953_25DF_ 44D6_B836_8F1D740A8 6CF_INCLUDED_ 
) 
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CAboutDl g ::CAboutDlg () : CDial og (CAbou tDl g :: I DD) 
( 

//((AFX DATA INIT(CAboutDlg) 
//))AFX= DATA=INIT 

void CAboutD l g : : DoDataExchange (CDataExchange* pOX) 
( 

CDialog : :DoDataExchange(pDX); 
/ / ((AFX DATA flAP (CAboutDlg) 
/ /) )AFX= DATA= 11AP 

BEGIN MESSAGE MAP (CAboutDlg , CDialog) 
/ / ( fAFX= MSG _MAP (CAboutDlg) 

/1 No message handlers 
/ II )AFX_HSG_ I1AP 

END_ MES SAGE _ MAP ( ) 

/////////////////////////////////////////////////////////////////////////// 
// 
/ / CTTSdraftDlg dialog 

CTTSdraftDlg : : CTTSd r aftDlg(CWnd* pParent /' =NULL*/i 
: CDialog(CTTSdraftDlg::IDD , pParent) 

Wi n32 

//ffAFX_ DATA_ INIT(CTTSdraftDlg) 
m Text = T(" "); 
/7))AFX DATA INIT 
I I Note- that- Loadlcon does not require a subsequent Destroylcon in 

rn_ hIcon = AfxGetApp()->LoadIcon(IDR_HAINFRAME); 

void CTTSdraftDlg :: DoDataExchange(CDataExchange* pDX) 
f 

CDialog: : DoDataExc hange(pDX); 
/ / f (AFX_ DATA_ I1AP(CTTSd r aftDlg) 
DDX Text(pDX , IDC EDITl , rn Text) ; 
DDV=MaxChars(pDX, - rn_Text , 300); 
/ /) )AFX_ DATA_I1AP 

BEGIN _~lESSAGE _ MAP (CTTSdraftDlg , CDialog ) 
/ / { (AFX_ MSG _11AP (CTTSd raftDl g) 
ON _ WM _ SYSCOMMAND () 
ON_WM_PAI NT() 
ON _ WM _ QUER YDRAGICOIl () 
ON_BN_ CLI CKED (I OC_BUTTONl, OnExit) 
ON_BN_CLICKED (IOC_BUTTON2 , OnSpeak ) 
/ /) )A FX_ HSG_ MAP 

END_ME SSAGE _ MAP () 

/////////////////////////////////////////////////////////////////////////// 
// 
/ / CTTSdraftDlg message handlers 

BOOL CTTSdraftDlg: : OnI nitDialog() 
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CDialog: : OnlnitDialog () ; 

1/ Add "About ... " menu i tern to system menu . 

/ / ID11 ABOUT BOX must be in t he system command range. 
ASSERT(( IDM_ ABOUTBOX & OxFFFO) -- IDM_ABOUTBOX); 
ASSE RT(IDM_ABOUTB OX < OxFOOO); 

CMe nu' pSysMenu = GetSyste~~enu(FALSE); 
if (pSysMenu ! = NULL) 
{ 

CSt ring strAboutMenUi 
s t rAboutHenu. LoadSt ring {IDS _ AB OUTBOX) ; 
if (!strAboutMenu . I sEmpty()) 
{ 

pSyst1enu->AppendMenu (MF _SE P.;FJ,,;"OR) ; 
pSysMenu->AppendMenu (MF .. STRING, rDM _ ABOUTBOX . 

strAboutMenu) i 

} 

/ / Set the icon for t his di31 ·:.g. The framework doe s t his 
a utomat ically 

/1 when the app li ,: .5.c ion' s 
Setlcon {m_r~~con , TRUE) ; 
Setlcon fm _hlcon, FALSE); 

main window is not a d l~~ .': : 

/ I Set big 1: 0:. 

II 3? : ~m al l icon 

1/ TODO: Add e xtra initial ization h~[~ 

return TRUE ; /1 return TRUE '1:-:~ -=; :':Oli se t t he focus to a control 

void CTTSdraftDlg : : OnSy ,·:· - rr.·B:'ct{ UINT nID, LPARM lPara'1l) 
{ 

-'r :.utDlg dlgAbout; 
j lgAbout.DoModal{) ; 

CDialog : :OnSysCommand(nID, lParam) ; 

.: f you add a minimize button to your dialog , you will need the code 
below 
1/ to draw the icon. For I1FC applications using the document/view model , 
II this is automatically done for you by the framew ork. 

voi d CTTSdraf tDl g: :OnPaint() 
{ 

if (Is I eo nie()) 
{ 

CPaintDC dc (this) ; I I device context for painting 

SendHessage (WM _ ICONERASEBKGND , (ViPA RAl1) de. GetSafeHdc () , 0) ; 
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/1 Center icon in client rectangl e 
int cxlco n = Ge tSyst emHet ries (SM_ CX ICOtn ; 
int cyl con = GetSysteml1et rics(SH_C YICON) ; 
CRect recti 
Ge tClientRect( &re c t) ; 
int ~< (re ct . '1'1 1dth() - cxIcon + 1) I 2: 
tnt y = (reet . Hei g ht () - cy l con + Ii I 2; 

II Draw the icon 
de . Drav-Hcon (;.:, y, m_hlcon) ; 

else 

CDi alog : :OnPaint() i 

/! The system calls this to obtain t he cursor to display while the user 
d rags 
/ I the minimized windovi . 
HCURSOR CTTSdraftDlg : : OnQueryDraglcon () 
{ 

retu rn (HCURSOR) m_hlcon; 

void CTT Sdraft Dl g :: OnExit () 
{ 
OnOKI) ; 
) 

void cTTSctraftDlg : :OnSpeak I) 

UpdateData(TRUE); 

i =O i 
int s=O ; 
count=O; 

while (CStringIID_Text[i]) ! - " \\") 

if (CSt ri ng lID_Text [i]) ;; " . "I I CStrinq IID_ Te:<t [i) ) ;; " 7"1 I CSt ring lID_Text [1] ) ;; "! 
") 

s++://react the next line 

i++ ; 
) : 

f or (int t =O;t <s;t4'+) 
( 
ParseTo\>lord () ; 
ParseToDiphone{) : 

Playl) ; 
c ount +=(1+2); 

) 
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void CTTSdraft Dlg : :Te : .. tNormali zation() 

Conv e rtAbb revi at ions () ; 
Conver t Acronyms() i 
IIConvertNumber s () " 

void CTTSdraftDlg : :ConvertAbbreviations () 

Abbrev . Remov eAll ( ) ; 
fu?brev . Se tSi ze(lOOj ; 

I lif (CSt ring (word[j J . phoneme r 0 J) --"D" & &CString (word [j J . phoneme [1 J ) --" I "&&CS 
t ring (word [J J .phoneme (2 J ) == "R") 
if (word [ j J .phoneme [OJ -- "D"&&word [ j J . phoneme [1) ~- " I " &&word [ j J .phoneme [2 J ==" R 
"I 

char DR[]="d okitar"i 

for(int n=O ; CString(DR[nJ) '="\O ";n++) 
r 
wo rd [j J .phoneme(nJ =CString (DR[nJ); 

} 

if (CSt ring (word (j) . phoneme (O ) ) ~- "W" &&CSt r i ng (word [ j J . phoneme [1] ) =-" /" & &CSt r 
ing(word(jJ .phonerne[2J} == "0"1 
r 

char ylO[) ="waylzaro"; 

for(int n-O ;CString(WO[nJ) !- " \O "; n++1 
( 
wo rd[jJ .phoneme[nJ=CString(WO[nJ); 

} 

v oid CTTSdra ftDlg::ConvertAcronyms() 

Acronym. RemoveAll () ; 
Acronym. Se tSiz e(1001 ; 

if (CSt ring (word [j J . phoneme [0 J 1 == "W' &&CSt ring (word (j J . phoneme [1 J 1 =="+ " & &CStr 
ing(word(J J .phoneme(2JI == "R"1 

{ 

char MRT[] = "maHi bar radi?et tiglr:ay"i 

for (int n=O; CS tring (1·!RT(nJ 1 ! - "\ 0 " ;n++ 1 
{ 
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,"o rd[ i ]·phoneme [n] =CS tring (MRT[n ]) ; 

} 

if (CSt ring (wo rd [i} . phoneme [O} } == "M" HCSt ring (wo rd [i} . phoneme (1} ) == " . " .. cs t r 

ing (word [i ] .phoneme (2]) ==" L"} 

( 
cha r MLT[}="maHlbar Hm ' eat tlg1ray"; 

forlint n =0; CStringI11LT[n}) != "\O";n++) 

I 
word [i} . phoneme [n} =CSt ring (l1LT (n} ) ; 

} 

v o id CTTSdraftDlg :: Play() 

i=Oi 
int k=O; 

Il int m=O; 
II int strglen=m_Text.GetLength(} ; 

mxArray *temp; 

rnxArray *InitialSili 
mxAr ray *WordSll ; 
mxArray 1rFileNamei 
rnxArray *Si 

rnxArray '* fS i 

m;.o{Ar ray *pmi 
mxArray *vuv; 
m:-tArray *pscalei 
mxArray *tscalei 
mxArray *y; 
mxArray *TStorei 

;lordSil=mxC reateDoubleMatrix (800 , 1, mxREAL) ; 

Ini tialSi l=mxCreateDoubleMatrix (100,1 , mxREAL) ; 

fs=mxCreateDoubleScalar(8000); 

CString Temp3tore- "D:\\aa10 "; 

TStore=mxCreateStr1ng(TempStore); 

wavreadtlnitialize() i 
c oncatenatelnitialize(}; 
find_pmarksInitialize() ; 

detect_vuvlnitialize(}i 
tdpsolaInitializel) ; 
wavwritetlnitialize(); 
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temp=InitialSil i 

lido 

while (CSt ring (10_ Text [count+ i J ) ! =" . "&&CSt ring (10_ Text [count+i J) ! ="? " HCS t ring 
(ID_ Text [ count+i J ) ! = " ! "I 

( 

.. 
I , 

if{CString{m_Text[count+iJ) !=" ") 
( 

/ / filenarne-"D: \ \ ArnharicDB\ \ " +word [k J . diphone [i J +" . wav" ; 
/ / filename= " D: \ \ tempDB \ \ "+diphone [i J +" . wav "; 
filename-"D : \\ diph oneDB\ \ "+word [ kJ . diphone [iJ +". wav"; 

FileName=mxC reateSt ring (filename) ; 
s=mlfWavreadt(FileName); 

ternp=mlfConcatenate(temp , s) ; 
itt ; 

/ /m++; 

else 
( 

s=vlordSil ; 
temp=mlfConcatenate(temp , s) ; 

i++ ; 
//10=0 ; 
k++; 

! /while (i<strglen-l); 
flint index - count +i ; 
//identify the type of sentence and adjust pitch and duration 

accordingly 

if (CS tring (10_ Text [count+iJ ) ==" . .. ) 
( 
ps cal e=mxC reateDoubl eScal ar (1) ; 
tscale=mxCreateDoubleScalar(l) ; 
J 

else if (CSt ring (m _Text [ count+i]) ==II? ") 

( 
pscale=mxCreateDoubleScalar(1 . 2) ; 
tscale=mxCreateDoubleScalar(0.9) ; 
J 

el se 
( 
pscale=mxCreateDoubleScalar(1.4); 
tsca le=mxCreateDoubleScalar(0.8); 
J 

pm=mlfFind pmarks(ternp , fs) ; 
vuv =mlfDetect vuv(temp , fS , pm) ; 
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y=mltTdpsola( temp, fs , pscale, tscale , pm , vuv) ; 
mltWavwritet (y, TStore) i 

BOOL play=sndPlaySound(TempStore , SND_SYNC) ; 

wavwritetTerminate() ; 
tdpsolaTerminate() ; 
detect_vuvTerminate() ; 
find_pmarksTerminate() ; 
concatenateTerminate() i 
wavreadtTerminate() i 

mxDestroyArray(temp) i 
mxDest royAr ray (WordSH) ; 
rnxDestroyArray(FileName)i 
mxDestroyArray(s) ; 
rnxDestroyArray(fs) ,-
mxDest royArray (pm) ; 
mxDestroyArray (vuv) i 

mxDestroyArray(y) i 
mxDestroyArray(pscale) ; 
mxDestroyArray(tscale) ; 
mxDestroyArray(InitialSil) i 
mxDestroyArray( TStore) ; 

void CTTSdraftDlg : :wavreadtInitialize () 
{ 

void CTTSdraftDlg: :wavreadtTerminate () 
( 

void cTTSdraftDlg: :concatenatelnitialize( ) 

void CTTSdraftDlg :: concatenateTerminate() 

void CTTSdraftDlg: : find_pmarkslnitialize() 
{ 
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void CTTSdraftDlg :: find_pmarksTermlnate() 
( 

void CTTSdraftDlg: :detect_vuvlnitialize() 
( 

void CTTSdraftDlg : :detect_vuvTerminate() 
( 

void CTTSdraftDlg : : tdps ol alnitialize() 

void CTTSdraftDl g: :tdpsolaTe rminate( ) 
( 

void CTTSdraftDlg : :wavwritetlnitialize() 

void CTTSdraftDl g: :wavwritetTerminate{) 
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APPEND IX c: lIlA TLAB SCR IPTS 

C-l: SCRll'T FOR FINDING PITCH MARK OF A SPEJ<:CHDATA 

function pitch_marks = Hnd _pmarks(spee;:h, fs _In) 
% 
% ftmction pitch marks = find pmarks(speech) 
% TItis MA TLAB function calculates and retums tlle pitch marks (placed at 
% peaks in tile short-time energy fimction) for tlle input speech, that is 
% assumed to be sampled at 8 KHz. 
% speech: the input &'Peech data 

pI = t'Olmd(fsJni400); 
p2 = round(fs )n/60); 

speh = speech(:)'; 
)(Samp = lengtJl(spch); 

%calculate the approximate pitch oontour based on energy peaks: 
wlen = round((P!+p2}'3); 
ecwve = conv(harming(wlenJ ,spcll.IY2); 
ecurve = oonv(hanrUngCwleny,ecurve); 
ecurve = ecurve((l:xsamp)+wlen); 
peaks = ([O,difl{ecurve)}>O) & ([difl{ecurve),O]<O); 
index = I :xsamp; 
index(- peaks) = 0; 
Npeaks = lengtll(illdex); 
pitch = difl{index); 
pitch1 = [pitch, pitch(Npeaks -1)]; 
pitch2 = [pitch(l), pitch]; 
mat rowl = max(1Jllin(p2-pl+1,pitchI-p!+1); 
mat - row2 = max(1,min(p2-p!+1,pitch2-pl +1»); 
z1 ~ ecwve([index(2:Npeaks),index(Npeaks)]); 
11. = ecurve([index(1 )Jndex(l: (Npeaks-1 »)]); 

step _size = round(fs jnll92); 
Nbatch2 = oeil(xsampistep _size); 
mat 001 = round(1 +(illdex-I)*(Nbatch2 -JY(xsamp-I )); 
subset = zeros(p2-p!+I,Nbatch2); 
for n = I :length(index) 

end 

subset(matJowl(n)JI1a/ _ ool(n») = zl(n); 
subset(mat _ row2(n)JI1a/ _ ool(n» = t1.(n); 

path = nidem(subset,3)+pl-l ; 
pitch = round(interp I (1: Nbatch2,path)inspace( 1 ,N'batch2,)(Jlamp »); 

8ll1lY = zeros(1,2 'xsamp); 
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n = L 
array(l) = 1: 
while n < xsamp 

end 

n = n + pitch(n): 
array(n) = L 

peaks = 1 :lellgth(array): 
peaks( -array) = []; 

Xres = 500; 
xpts = roundi1inspace(l.xsamp,Xres)); 
M = lengthljleaks); 
N2 = p2; 
N = 2'N2; 

point<"r:l = max(I,min(xsamp,([I: N)'-N2)"ones(I,M)+Olles(N, I)'peaks ) ; 
MAT = i'eshape(abs(spch(poiaters)),N,M).· [harming(N)'ones( I,M)): 
path = rridem(MAT,4); 
peaks = round(peaks+palh-N2); 
pitch _markl; = peaks([peaks>=I)&[peaks<=xsamp)); 
if (pitch _ tna!Xs(1}-=1) 

pitch_markl;=[l pitch_markl;); 
end 
if (pitch _ markl;(Iength(pitch_ rrunks)-ASamp) 

pi tch_ markl;=(pitch_markl; xsamp); 
end 

fetlUll 

function path = rrioom(MAT,N) 
% 
% Y = nidem(lvlA T) 
% 
% TIns function traces a path from the first to the last columns 
% of MAT, one that does not exceed slope = N (N integer >0) when 
% assuming that successive rows are separated by one wnt, and that 
% successive COIWllllil are separated by one unit) and has the maximum 
% possible cwnulative!vIA T values along the path. The output 
% path y adheres to the sample poiats of MAT. 

% calculate best -path cunlulative errors: 
[mrowsJIlcols) = size(lv1A T); 
sf= mean(mean(MA T)); 
!vIA T = [-Illf'ones(N,mcols); MAT; -Illf"ones(N,mcols)): 
bestyaths = zeros(size(MAT) ; 
range = N + (l:mrows); 
T = zeros(I+2'NJllfOws); 
B = zerosC1+2'N,mrows); 
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R = zeros( 1,(1 +2 "N)*mrows): 
for i = -N:N 

B(i+N+ I,:) = ones(l,mrows) * sflsqrt(1 +i*i): 

R(mrows*(i+N)+[I :mrows]) = range + i: 

end 
for 001 = 2:mools 

T = reshape(!v1A T(R,col-I),mrows, I +2"'N)'; 

[templ ,temp2] = max(T +BX 
ivlA T(range,ool) = ivIA T(range,ool) + tempi '; 
best_palhs(range,ool) = temp2'; 

end 

% trace the optimal patll backwards through the cum. error matrix 

bestyaths = bestyaths - N - I; 
path = zeros(l,mools); 
[total_ error,row] = max(!vIA T(:,mools)); 
path(mcol s) = row; 
for 001 = mools:-1:2 

end 

row = row + bestyelhs(row,col); 
path( col- I) = row, 

return 

function W = hanning(N) 

WI = (J + cos(pi"linspace(-I, I,N+2))YI2; 
W = WI(2:(N+J)); 

return 
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C.J: SCRIPT FOR ID-PSOLA ALCORlTI1M 

function y = tdpsola(s,fs,pscale,tscale,pru,vuv); 
% vuv: her pitch marie arasYndaki kYsm}1l vim kanJrY 
% Qengfu(vuv)=length(pm)-I) 
% uv ise pi tch scaling yapY!mwor 

if (pscale = I & tScale=- I) 

"'; else 
%F1nd pitch rrunks if necessaty 
if (nargin= 4) 

pm = fllld ymat'ks(s,fs); 
end 
%Do vim detection ifnecessaty here 
if (mrgin<6) 

%vuv=ones(length(pm)- l, l);%detect viuv here!!! 
vuv=detect vuv(s,fs,pm); 

end 

%Apply pitch scaling on the pitchmatks 
% atld fmd new pitch maries (pm ys) 
pmys=pm; 
if (pscal;r-= I ) 

pshift=O; 
for i = 2:length(pm) 

TO=pm(i)-pm(i-1 ); 
if (vuv(i-I):iJ) 

if Cpscale> 1) 
pshiJt-- pshift -round(TO*Cpscal e-I )ipscale); 

else 
pshift=pshift+round(TO*(Iipscale-1 »; 

end 
end 
pmysCi)=pm(i)tpshiJt 

end 
end 

%Find fimnes to be repeated/deleted for time scaling 
% and store tlus infonnation in useds 
new tscale=tscale*pm(length(pm)ypm ys(lengfu(pm ys»; 
avg~Cdift\pm ys)Y(lengfu(pmys)-l); 
if Cnew tscale> I) 

useds;;'zerosCIJength(pm ys )-2); 
tot=new _ tscale; 
lor i = 1 : lengfu(useds) 

while(tot> I) 
usedsCi)=usedsCi)t I; 
%tot=tot-I; 
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tot=tot-(pm ys(i+ I)-pm ys(i)Yavg; 
end 
tot=tot+new _!scale; 

end 
elseif (new _ t~cale<I) 

useds41nes( IJength(pmys}-2); 
tot=new _!scale; 
for i = I : length(useds) 

while(tot<I) 
useds(i )=useds(i) -I; 
%tot=tot+ I; 
tot=tot+(pm ys(i+ I)-pm ys(ilYavg; 

end 
tot=tot-(I-new !scale); 

end 
end 

%Synthesize the signal with overlBJ)add using pm.JlS and useds 
start=l ; 
courrt=I; 
for i= I :lalgth(useds) 

if (ll~eds(i»O) 
flllal(COunt,:)=[start pm(i) pm(i+2) 0]; 
count=count+ I ; 
starL-start+pm ys(i+ l)-pm .JlS(i)+ I; 

end 
for j=2:useds(i) 

fUlal (CO\lll~:)=(start pm(i) pm(i+2)modG,2)]; 
count=count+ I ; 
start=start+pm ys(i+ 1 )-pmys(i)+ I; 

end 
end 
mnnfrm=si~final, I); 
ylen=max(final(:, I)+( final (: ,3)-final(: ,2)+ I »; 
y=zeros(yl en, I); 
if (pscale> I) 

w=zeros(size(y»; 
end 
for i = 1 : rumflm 

start=final(i, I): 
len=final G,3}-final(i,2)+ I; 
wgt=windov.1)en, 'harr); 
fml=s(tinlil(i.,2):fmaJ(i,3»; 
if (final(i.,4») 

fnn=wrev(frm); 
end 
y(start: start+len-l )=y(startstart+len-I )+fim 'wgt; 
ifi'plcale>I) 

w(start:start+len- I )=w(start:start+len- I )+wgt; 
end 

end 
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if (pSC;J)e> I ) 
for i=l :ylen 

ifw(i)=O 
w(i)=I; 

end 
y(i)=y(iYwCi); 

end 
end 

end 

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

% Thl necessary infonnatim pm, vuv, wave data were placed 
% into a file and this infcm1Stion is loaded into memcry when the 
'Yosystem is activated in order to rcch.Jce ccmputation at nm time. 

functim WriteDataToFile; 
WavPath = 'D:'diphoneDB\'; 
PmkPath = 'D:\PMarl< '; 

VuVPath=D:\v'UV!~ 

AmpPath='D:\amp'; 

FileName=inpu1{'Enter a filename(end in" "): ','s'); 
fidl = fopen([pmkPsthFileName '.pmk'), 'wt'); 

fid2 = fopen([VuVPathFileName '.vuv'), 'wt'); 
fid3= fopen([AmpPath FileName '.amp'], 'wt'); 
while (strcmp(FileName,'qf)-= 1) 

temp=[WavPath FileName '.wav']; 
y = w8vreed(temp); 

tprinti(fid3,''Yos ',FileName); 
fj:J1intf\fid3, '%P, y); 
fprintf\ fid3, ''n'); 

[8=8000; 
pm = findymarks(y, IS); 

fprintf(fidl ,'%8',F ileName); 
fprintf(fidl, '%5d, pm); 

f]:lliJti(fidl, "n'); 

vuv = detect_vuv(y, IS, pm); 
fprintf(fid2,'%s' ,FileName); 
!jJrintf(fid2, ''YoSd', vuv); 
fj:rintf(fid2, 'In'); 
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FiieName=input('Enter a fileuame(end ill " "): ','s'); 
end 

tClose(fidJ ); 
fcla;e(fid2); 
fclose(fid3 ); 
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