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ABSTRACT 

In this study, the potential of developing an Amharic TTS system uSlllg the TD-PSOLA 

algorithm has been investigated. In doing thi s thesis work, the Delphi programming language and 

the MATLAB software have been used. Additionally, a spectrograph ic analysis too l call ed Praat 

had been used for the purpose of data preparation. 

All the acoustic speech units have been extracted from a corpus recorded at a sampling rate of 

I 1,025, and the whole of the corpus had been recorded at one time. Two acoustic unit types have 

been extracted from the corpus data: diphones and CY-Syllables. CY-Syllables are suitable for 

the Amharic language because most of the symbols in the Am haric writing system represent a 

CY -Sy llable, and this makes tasks like grapheme-to-phoneme transcription easy. Due to time 

constraints on ly a limited number of CY-Syl lables and dip hones have been extracted from the 

corpus. 

Testi ng performance of TTS systems is one of the difficult tasks because there is no single 

measure to pinpoint the quality of the system. Although no standard test is available, a number of 

testing methods have been developed. The Open Rhyme Test (ORT) and Mean Opinion Score 

(MOS) test have been used in thi s wo rk to test performance. 

The res ul ts obtained from the experiment are prOiTIlslllg and indicative of the possibility of 

producing high quali ty TTS system for Amharic using other advanced algorithms than the one 

used in this work. 
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CHAPTER ONE 

INTRODUCTION 

1.1. BACKGROUND 

T he advent of microcomputers with fast processing speeds, succeeded by the present informat ion 

and comm unication techno logy has declared the start of the information age and resulted in major 

adva ncements in fulfilling the ever unsati sfied informatio n need of mankind . Us ing the currentl y 

avai lable technology, mankind can reach to a pile of useful information anywhere in the world as 

if it is at the fingertips. The influence of geographical distance on info rmation sharing has 

become nearly history because anyone si tting at a terminal can reach to any information source or 

any other person with a few clicks of mouse buttons. 

Although the advancements have shown sign ifi cant resu lts, the increasing demand of information 

is adding the burden on currently avai lable technologies to provide universal access. Users do not 

know (or do not need to know) what goes on behind the curtain when they access info rmation. 

They onl y interact with the front-end interface. 

Front-end interfaces abstract processes and unnecessary detail s from the user, thereby making the 

task of users fairly simple. The deve lopment of user fri end ly interfaces has been and still is one 

of the many problem areas of research in the world. One approach to address this problem is to 

impart human like capabilities onto machines, so that they can speak and hear, just li ke the users 

with whom they interact (Lemmelty, 1999). 
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The question of hav ing human like capabilities im parted on machines is not only limited to 

address ing the user friend liness of interfaces, but also takes into consideration the information 

need of handicapped people. One of such human li ke capabilities is the ability to speak (Ibid). 

The idea of synthesizing speech artificially in machines has been with human bei ngs for quite 

some time. But the realization of such machines has been practical within the last 50 years. Even 

more recently, it is in the last 20 years or so that practical examples had been observed (Black & 

Lenzo, 2003). 

Nevertheless, the task of making an appl ication speak or understand its users' commands - which 

has been regarded as science fiction once upon a time - could be accomplished with relative ease 

and good performance with today ' s computers and speech tech nology (Long, 200 1). 

1.1.1. OVERVIEW OF SPEECH SYNTHESIS 

Speech is the usual and common mode of communication between human beings. When a person 

hears speech in his/her own language, the person hears the individual wo rds and sounds. Thi s can 

be eas ily proven in that speech can be written using di screte letters and spaces between words. 

But thi s is not true if the person hearing the speech is not familiar with the language . In thi s case 

all the words and sounds seem to run together in a continuous stream (Rodman, 1999). 

Th is creates a debate on whether speech is discrete or continuous. According to Rodman ( 1999), 

speech is both discrete and continuous. This is from two different points of v i e~. On a phys ical 

level, speech is continuous (except where the speaker pauses to take a breath) . But from 

psychologica l leve l, speech can be considered as di screte because it is perce ived as composed of 

di screte sounds (Ibid). 

I 
) 



1.1.2. OVERVIEW OF TEXT-TO-SPEECH (TTS) SYSTEMS 

Text-To-S peech (TTS) systems are well known for contributing much in the man-machine 

communication environment. A TTS system takes a human readable text as an input and 

co rrespondingly delivers speech utterances as an output. A TTS system is not merely expected to 

play back prerecorded speech sounds, as in the case of voice res ponse systems (Dutoit, 1997). 

Voice response systems are systems that produce artifici al speech by sim ply concatenating 

iso lated words or other bi gger uni ts like phrases. Such systems are often recommended when a 

lim ited voca bulary is requ ired and the sentences to be pronounced have a common restricted 

structure, as in the case of some announcement systems in train stations (Ibid). 

But thi s is not the case with TTS systems. In a sense, TTS systems are able to produce new 

sentences; not only prerecorded words and phrases . Bes ides, the re are a number of tas ks (such as 

Natural language process ing and signal process ing) invo lved in TTS systems than mere 

concatenation of words and phrases (Dutoit, 1997). 

The speech uttered by a TTS system is expected to be intelligible and natural (M inghui, 2000). 

Both inte lligibi li ty and naturalness depend on two factors: segmenfai qualify and suprasegmenfai 

quality. Segmental qual ity refers to the ability of the machine to produce natural sounding speech 

utterances given the required hi gh-q uali ty info rmat ion. On the other hand , suprasegmental quality 

re fers to the richness of prosodic features that the machine is capable of exploiti ng (Dutoit, 

1997). 

Although the qual ity of the speech synthesized by the currently available TTS systems is 

adequate enough to apply it in app lications such as mu ltimed ia and telecomm unicatio ns, it is not 
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1.2. STATEMENT OF THE PROBLEM AND JUSTIFICATION OF THE STUDY 

TTS systems are needed rather for universal set of problems. Some of these problems are 

mentioned below. 

~ Aid 10 people with disabilities: -Probably the most important field of application of a TTS 

system is its aid in the communication of visuall y disabled people. TTS systems can be of 

invaluable support with thi s respect in that it somehow addresses the visually impaired 

people 's need to get as much information as there exists in written texts (Dutoit, 1997). 

People who have hearing difficulties often have a difficulty to speak too. Therefore, 

synthesized speech gives such people the ability to communicate with people who do not 

understand the sign language (Lemmetty, 1999). 

~ Educational purposes: -The application of TTS systems may further go up to educational 

level. Computers with speech synthesizer can teach 24 hours a day and 365 days a year. 

Especially those interactive educational applications need a TTS system. A high quality TTS 

system can be programmed for special tasks like spelling and proDunciation teaching of 

various languages (Dutoit, 1997). 

~ Telecommunication services: - TTS systems can also be used in communications and 

multimedia areas. With the present day's quality of synthesized speech, it is poss ible to use 

TTS systems in telephone inquiry systems. Obviously electronic mail (e-mail) has become 

very popular over the past few years. Sometimes, however, it would be impossible to read e­

mail messages if there is no proper computer available. In such cases, TTS systems can help 

to read e-mail messages via plain telephone lines (Lemmetty, 1999). 
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>- Mall-machine communication: - Generally, TTS systems can be used in any kind of human-

machine interactions. Warning alarm systems, for instance, can be used to give more accurate 

information of the situation rather than the warning li ghts and buzzers which give plain alert 

signal s (Lemmetty , 1999). 

>- Fundamelltal alld applied research: - ITS synthesizer can serve as laboratory tools for 

lingui sts. Since they are completely under control , repeated experiments wou ld definitely 

provide identical resu lts. This makes TTS systems a good candidate to investigate issues like 

the efficiency of prosodic models. But this is not the case with human beings (Dutoit, 1997). 

The area of TTS synthesis is very wide and has got many appl ications . With the aid of TTS 

systems a number of drastic changes can be attained in the way we li ve. Keeping the invaluable 

support that TTS systems give to disabled people on one side, creating an easy environment to 

interact with machines allows the smooth rLlIUling of life. Using the coupled effort of TTS 

synthesis and speech recognition, an easy, two-way kind of communication between man and 

machines could be estab li shed. 

A number of TTS systems have been developed so far. Some of them are flexible in that they 

support more than one language (multilingual TTS systems). Others support only one specific 

language. Systems like MErola, Klafl, Festival, HTK, IPOX, rsynth and Plain Talk are some of ,.. 

the famous speech synthesizers and TTS systems that could be cited as an example. 

Amharic is one of the widely spoken languages in Ethiopia. The amount of digital data in the 

Amha ric language is growing everyday . There are a lot of digital (electronic) documents in the 

Amhar ic language that de li ver a great deal of information to users. News items are prepared in 

Amhari c and posted on the web for users. Even writing an e-mail message using Amharic 
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symbo ls has been possible these days. Along with such advancements, the possibi lity of 

incorporating accessories like Amharic text or e-mail readers should be given attent ion. 

But there had not been many researches done on the development of a TTS system for the 

Am har ic language . Laine (1998) had attempted to develop a TTS system for the Am haric 

language using the linear pred ict ive coding (LPC) method. In his work, La ine used diphones as 

speech units, and his work was up to sentence level. 

However, Laine did not take prosodic effects into account. Besides he fai led to consider other 

techniques li ke the Pitch Synchronous Overlap ADD (PSOLA), which give much better quality 

than the LPC technique. Nevertheless, he has recommended the poss ibility of considering 

prosodic effects using other methods than LPC 

In the li ght of these facts, the thesis work is a mere attem pt to discover the potential of 

developing concatenative type of TTS synthes is for the Amharic language, by taking prosodic 

effects into consideration . Two acoustic units are to be considered in thi s wo rk. These are 

diphones and sy ll ables. The performance of these two wil l be compared and contrasted based on 

test results. 

1.3. OBJECTIVES OF THE STUDY 

1.3.1. GENERAL OBJECTIVES 

The general objective of thi s study is to investigate the poss ibil ity of developing a prototype of 

concatenati ve TTS system for the Am haric language, taking prosodic effects into consideration; 

and then test the result on two speech unit types (d iphones and sy llables). 



1.3.2. SPECIFIC OBJECTIVES 

The spec ific objectives of thi s research are: 

~ To rev iew related literatu re on the concept ofTTS systems. 

~ To review related li terature on different Natural Language Process ing (NLP) and Digital 

Signal Process ing (DSP) techniques used in TTS systems. 

~ To review literature on the phonology of the Amharic language and compi le a li st of 

diphones and syllables. 

~ To design and bui ld a prototype and test it. 

~ To report the resul ts obtained and forward conclus ions and recommendations. 

1.4. METHODS 

1.4.1. LITERATURE REVIEW 

Various related literature in the area of TTS systems had been rev iewed. Especia lly, literature in 

areas of Natural Language ProceSSing (NLS) and Digital Signal Processing (DSP), as well as 

different speech synthesis techniques have been rev iewed. 

1.4.2. DATA COLLECTION AND PREPARATION 

Data fo r concatenative speech synthesis is a set of speech segments. These speech segments are 

obtained fro l11 prereco rded data corpus. Therefore the data coll ection procedure consists of two 

major tasks. One is the recording of the speech corpus. The other is the extraction of the desired 

speech segments (d iphones and CV-sy llables in thi s case) fro m the corpus. 



Before extracti ng the acousti c units, though, the ampl itude (energy) of the reco rded corpus 

should be norma lized usi ng equalization algorithm . Such variations come from inconsistence in 

speaker 's vo ice. If left without any correct ion, the vari ation in energy between the co rpus 

members may result in quality degradation in the fi nal output. 

A speech analysis too l call ed Praat has been used to record the corpus, normalize the corpus, and 

extract the acoustic units. Thi s software is deve loped by Paul Boersma and David Weenink for 

the purpose of doi ng phonetics by computer, and is freely distributed . It incorporates a num ber of 

fu nctions, such as spectra l analys is, sound recording, sound segmentation, amplitude 

equa lization, segment concatenatio n, and many more. 

1.4.3. TECHNIQUES AND PROTOTYPE DEVELOPMENT TOOLS 

The TTS system is developed using concatenati ve synthesis method. PSOLA (Pitch Synchronous 

Overl ap Add) method is used in the synthesis part. Thi s method is preferred because it gives a 

good qua li ty of synthes ized speech. The PSOLA method is also good at handling intonation and 

duration changes because it enables the direct modifi cation of pitch and duration of the 

synthes ized speech (Dutoit, 1997). 

The Borland Delphi programming language has been used to develop the prototype TTS system. 

Thi s deve lopment environment is chosen because of its fa mil iarity to the conductor of the 

research and because of its simplic ity in deve lop ing user interfaces . Apart from Delphi , the 

MA TLAB (Matrix Laboratory) software is used, especiall y to handle the signal processing part. 

1.4.4. PERFORMANCE EVALUATION 

Due to the complex ity of speech assessment problem and rather vague notions of intell igibi lity 

and naturalness, no clear standard method of pe rfo rmance testing has been deve loped yet. 

10 
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Nevertheless, a number of tests are carried out to test the performance of TTS systems. To 

ment ion some, the Diagnostic Rhyme Test (DRT), the Modified Rhyme Test (MRT) and Cluster 

Identification tests (consonant-volVel-consonant (C VC) or vowel-consonant-vowel (VC V)) for 

phoneme- leve l intelligibi li ty; the Semantically Unpredictable Sentence (SUS) test for sentence-

level intelligibility; and Paired Comparison and the Mean Opinion Score (MOS) test for both 

intelligibility and naturalness are some of the performance testing methods (Outo it, 1997). 

MRT and ORT basica ll y fo llow the same principle. Accord ing to these testing schemes a listener 

is a ll owed to hear a sequence of iso lated words and is made to select what he/she heard from a 

li st of rhyming alternatives. The number of alternatives is usually six (Donovan, 1996). The 

alternatives di ffe r by thei r ini tial consonant in ORT and by their initial or fina l consonants in the 

M RT (Outoit, 1997). 

The ORT and MRT tests have a weakness in that they test on ly initial and final phonemic 

transitions. Besides, the limited number of alternatives ~ds to propel li steners to mod ify their 

perception. But, the two tests also have an advantage in that they are easy to conduct because 

each of them requires only a less number of li steners (Outoit, 1997). 

It is also possi ble to modify these tests to have an Open Rhyme Test (ORT) . In this case, the user 

wil l not be given any alternative wo rds. Rather he/she will be plainly asked of what he/she heard 

(Donovan, 1996). 

The cluster identification test evaluates the intell igibili ty of sequences of one or more consonants 

(consonant c lusters) and seq uences of one or more vowels (vowel clusters). Most of the test 

wo rds generated here are meaningless. An open response is expected from the li stener, stating 

what he/she lias heard (Outoit, 1997). 
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The SUS test eva luates the sentence-level intell igibility of a TTS system. This test involves 

semantically unpred ictable sentences. In thi s test, a number of sentences are generated fo r 

different sentence structu res, witho ut worry ing about the semantics, and li steners are sim ply 

as ked to write down what they hear. The sentences are generated by fill ing the raw sentence 

structures, filled by random selection of words out of predefined lists of poss ible candidates 

(D uto it, 1997). 

Testi ng the naturalness and overall quality of speech synthes ized by a TTS system is one of the 

difficult tasks in TTS synthesis. One poss ibili ty to testing the natura lness of synthesized speech 

cou ld be to present pairs of sentences each synthesized by two different systems and ask the 

listeners preference. The other alternative is to ask li steners describe their impression of the 

qua li ty of the synthes ized speech in terms of, say, labels ranging from ' unsatisfactory' to 

'excellent' (Donovan, 1996). 

In thi s thesis work, the latter (which is also call ed the MOS test) has been used to test the overall 

qual ity and intelligibility of speech synthesized by the prototype. This test rates a system for the 

sentence-level intell igibili ty and overa ll quality based on the opinion of li stene rs. Listeners are 

all owed to li sten to a number of test sentences and will be asked to give their opinion about the 

overa ll quality of the speech. 

The nu mber of acoustic un its extracted from the corpus is limited because it takes a lot of time to 

reco rd a fu lly representative corpus and extract all the avail ab le CY-Sy ll ab les and diphones. 

According to the MRT and DRT tests, the user shoul d be given alternative words that di ffe r fro m 

the uttered one by the first or last consonant. Fi nding such alternatives, while being li mited by the 
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number of acoustic units, is difficult and time taking. Hence, the ORT test had been preferred to 

MRT and DRT to test phoneme-based intelligi bility in this thesis wo rk . 

1.5. SCOPE AND LIMITATIONS OF THE STUDY 

First and most of all, the prototype to be deve loped considers and works for only the Amharic 

language (i.e. it is not multilingual). Additiona lly, only general intonation rules for two statement 

types (yes/no interrogative type statements and simple statements) are considered because 

bu ilding prosod ic rules for all cases is another research by itse lf and needs the compilation of a 

ru le dictionary. In general , Interrogative statements are uttered with ri sing intonation; and the 

reverse is true for simple statement. 

One of the limitations in thi s thes is wo rk is the unava il ability of already made corpus data. Due to 

this, onl y a limited number of diphones and sy llables are extracted from a limited number of 

recorded speech utterances. Later in the testing phase, only those sentences or words for which 

all the diphones or sy llables are avail ab le could be uttered. 

The unavailability of an already made data also limits the TTS system to use the voice of one 

speaker only , because it takes a longer time to consider the incorporation of other alternative 

speaker vo ices. 

The unava ilability of well suited, noi se free lab to record the corpus data is the other limitation. 

The environmental condition of the recording lab has got its own impact on the quality of the 

fi nal speech later at synthesis time. Thus, external 'noise incorporated into the data during the 

corpus reco rding sess ion may resu lt in the quality degradation of the fi nal synthesized spee~h. 
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The other obv ious constrai nt is time. Had it not been for the limited time avai lable, it would have 

been poss ible to record more utterances and extract a relatively larger number of acoustic units. 

Besides, it wou ld have been possible to incorporate more than one speaker voice and more 

intonation rul es. 

One other limitation that had been sucking away the already shortened time was the problem of 

power interruption that occurs every two days in a week in Addis Ababa town. Th is problem has 

inflicted its own impact on the timely submiss ion of thi s thesis work. 

1.6. ORGANIZATION OF THE THESIS 

Thi s paper is divided into five chapters . The first chapter gives a brief highlight of speech 

synthesis and TTS systems. I n addition to this, statements of the problem and justification of the 

study, the general and specific objectives of the research. and the methods employed in do ing the 

research are briefly outlined. 

The next chapter (chapter two) presents the hi storical background of speech synthesis, highlights 

of the human speech production system, the Amharic sounds, and a brief introd uction of acoustic 

phonetics. Signal analys is and representation as well as some core terms used in speech signal 

ana lys is are also introduced briefly in this chapter. 

Chapter three di scusses about waveform synthesis techniques ava ilable in the concatenative 

speech synthes is. In thi s chapter, major synthesi s techniques are briefly introduced and a special 

emphasis is given to the PSOLA techniq ue. 
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Chapter fou r discusses the experimentation part of the work as a major issue. Every 

implementation detail of the TTS system, the tests and results obtained are discussed in detail in 

this chapter. 

Fina ll y, Chapter five discusses the conclusions drawn from the results of the experiment and the 

recommenda t ions. 
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CHAPTER TWO 

FUNDAMENTALS OF SPEECH SYNTHESIS 
/ 

) 
2.1. INTRODUCTION 

The deve lopment of TTS systems requires a knowledge of the phonology of the target language, 

as well as technical knowledge li ke signal processing. Most often speech synthesis researches are 

conducted with the co ll aborati on of technical experts and lingui sts. 

There are two basic aspects to speech synthes is. One is the physical process of producing the 

speech sounds. This is equ ivalent to making the machine vocalize. The other aspect involves 

telling the machine what to say, thereby teachi ng it to read symbols (Rodman, 1999). In this 

chapter a number of concepts abo ut speech and speech synthesis are discussed. 

The chapter starts with the discussion of hi storical background of speech synthesis. The various 

attempts made through time to produce speech artificially and the resulting hi storical 

advancements had been touched upon briefly. Thi s chapter also tries to di scuss about the human 

articulatory system and basics of the Amharic phonetics. The discussion covers a topic about the 

different sounds of Amharic, the places of articulation, the seven ord ers of Amharic symbols and 

the Amharic writing system. 

The other aspect rai sed in thi s chapter is about speech signals and thei r digital representation. 

Some bas ic concepts and terms are discussed here . Lastly, basic components of Text-To-Speech 

systems, synthesis uni ts, and various speech synthesis methods are discussed briefly. 
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Most of the ideas in sections 2.2 and 2.3.1 had been taken from Rodman ( 1999). Therefore, 

unless specified expl icitl y, all the ideas in the above mentioned sect ions are acknowledged to be 

from Rodman ( 1999). 

2.2. HISTORICAL BACKGROUND 

Speech science could be believed to start about 2,500 years ago. T hi s conclusion is reached from 

what the fa mous Greek physician called Hippocrates had said. Hippocrates wrote in hi s writings: 

"The voice is articulated by the lips and the tongue. Man speaks by means of the 

air which he inhales into his entire body and particularly into the body cavities. 

When the air is expelled through th~ empty space it produces a sound, because of 

the resonances in the skull. The tongue articulates by its strokes; it gathers the air 

in the throat and pushes it against the palate and the teeth, thereby giving the 

sound a definite shape. If the tongue would not articulate each time, by means of 

its strokes, man would not speak clearly and would only be able to produce a few 

simple sounds" (Hippocrates, n.d. quoted by Rodman, 1999). 

The first talking machine was built by a person called Christian Gottlieb Kratzenstein, at about 

the same time the United States of America was brought forth as a new nation. Kratzenstein ' s 

mach ine was composed of tube li ke acoustic resonators - each with its own shape - and each of 

which produced specific vowe l sounds. The speci ficity resulted from the different shapes of the 

tubes. A reed forced to vibrate in a stream of air had been used to resonate the acoustic 

resonators. The machine had managed to accurately express vowel sounds. 

Some time later, Wolfgang Von Kempelen succeeded in constructing a more elaborate sort of 

machine in Vienna. Unlike Kratzenstein ' s machine, this machine used bellows to produce an air 
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stream. Constri cted passages contro lled by the fingers had been used to produce consonant 

sounds ; and a conical, hand controll ed leather resonator had been used to produce vowel sounds. 

~~~N~O~5lt;d:15i[::~::::::~]::1~~~~~~~~~~ Mouth 
@ .. ------

S mall bel low!> 

n '5' lever 

U 'Sh'lever 

'S h ' pip" 

Figure 2. 1: Kempelcn's talking machine (taken from Dutiot, 1997). 

Inspired by Von Kempelen's achievements, Alexander Graham Bell , in collaboration with hi s 

: Q.rQ!b..er Melville, bui lt the " talking head." The two brothers simulated the human articu latory 

system in their tal king head. First, they made a cast of the human skull and then they inserted 

vocal parts made from wire, rubber, cotton and wood into it. T he vocal cords as well as the 

larynx were s imulated by rubber bands. Bellows were used to produce air stream, and a system of 

levers contro ll ed the synthesizer. 

A number of people have tried to improve Bell 's model. However no one had been successful in 

showing progress. Actually one dares to say that Bell 's model had been waiting for the electroni c 

age to show progress, because no improvements had been made up until an engineer built the 

fi rst synthes izer that wo rks electrically in 1920. Th is machine consisted of an oscillator and two 

electri cal resonators, and was able to produce vowels. nasals and a few words. 
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The Voder (l ater ca ll ed the Vocoder), built in 1939, had been a big hit at its time. The voder 

reco rds speech in an abridged format and later the recorded speech wo uld be played back with 

some mod ifi cati ons. The voder needed an operator to manipulate keys to simulate the aco ustic 

parameters of the speech to be synthes ized. One pro blem with the voder was that it was not easy 

to manipulate and as a result it needed a trained operator. 

So fa r, the synthesizers constructed needed human intervention. In other words, operators needed 

to get their hands dirty by setting up parameters mechanically through the use of levers and keys 

- as observed in the case of mus ical instruments. The construction of a hands-off device that 

accepts symbolic inputs and returns speech output had not been possible until the 1950s. Later, 

the invention of integrated circuits led to the poss ibili ty of producing high quality electronic 

speech synthes is systems. 

Al l the attempts in the past have thei r own marks on the ex istence of the present day intelligent 

artificia l speech ~ynthes i zers . Although the quali ty of speech synthes ized by the currently 

avail able systems is adequate enoul/,Il to be applicable in areas such as multimedia and 

te lecommunicati ons, one dares not say that the quality is hi gh because there still exist threats, 

such as loss of naturalness, that still need to be addressed (Lemmetty, 1999) . 

2.3. ARTICULATORY PHONETICS 

The sC ience of phonetics studi es the speech sounds of the human language. Articulatory 

phonetics is one branch of the sc ience of phonetics that deals with the phys ical process of human 

speech prod uction. The articu lators, their position when creating a certain sound , places of 

artic ul ation, categories of sounds of human speech, and the like are studied in the science of 

articu latory phonetics (Rod man, 1999). 
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2.3.1. THE HUMAN SPEECH PRODUCTION SYSTEM 

The human speech production system is composed of organs ranging from the diaphragm and the 

lungs to the vocal and nasa l cavities. In between there are a number of components like the 

tongue, hard palate, velum (soft palate), pharynx, larynx and the vocal fold s (vocal cords). 

The main energy source in the human speech production system is the lungs with the diaphragm. 

When speaking, the air from the lungs is forced through the vocal cords and the larynx to the 

three main cav ities of the vocal tract; namely the pharynx, the oral cavity and the nasal cavity. 

The voca l cords tighten up and vibrate by the air from the lungs if voiced consonants and vowels 

are to be produced. On the other hand, the vocal cords relax and let the air from the lungs pass 

smoothly if the sound to be produced is an unvoiced one. 

pharynx 

trac ea 

hard palate 

glo t is 
vocal cords 

lips 

Figure 2.2: The human art iculatory system (taken from Dutict, 1997) 

A v-shaped opening between the vocal cords, called the glotti s, modulates the air flow by rapidly 

opening and closing. The rapid openi ng and closing of the glottis result in the production of 

different buzzing sounds, each with different fundamental frequencies. 
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The next station for the air passing out of the lungs is the so called soft palate or velum. The 

velum serves as a porta l to the nasal cavity. When it is open, air can pass through both the oral 

and nasa l cavities. Sounds in which air is a ll owed to pass through the nasal cavity are called nasal 

sounds. On the other hand, speech sounds that do not need the passage of a i r to the nasal cavity 

are ca lled oral sounds. 

A ir passing through the nasa l cavity won't encounter any further obstacles. But, thi s is not true 

for the air pass ing through the oral cavity. When air passes through the oral cavity, the tongue, 

the teeth and the lips are potenti al obstacles. Amongst the three, the tongue plays a chief ro le in 

the articu lation of most sounds. it moves around the mouth as needed and may block or narrow 

the air now passage. The lips close, open, or move agai nst the teeth as necessa ry. 

The vocal' cords, the tongue, the ve lum and the lips are moveable parts of the human vocal tract. 

They work together to produce speech utterances. On the other hand , the teeth, the alveo lar ridge 

(a small protrusion of the hard palate just beh ind the upper front teeth), the hard palate, and the 

ve lum play pass ive roles in the human speech production system. Note that the vel um (soft 

pa late) plays both act ive and passive roles. 

2.3.2. THE AMHARIC PHONOLOGY 

In most languages, two basic types of speech sound are of importance. These are consonants and 

vowels. Speech itself can be defined as a stream of vowe l sounds with interfering consonants fo r 

that matter. 

Amharic is one of the so called Semiti c languages. Semitic languages are thought to descend 

from the Afro-Asiatic languages. Apart from Amharic, Hebrew, Arabic and Tigrinya are other 

common Sem itic languages (McCarthy, n.d. ). Just like any other language, Am haric incorporates 
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consonant and vowel sounds that make up the language. One thing to note about these sounds is 

that they are not separate ly treated because most Amharic symbols represent a combination of 

one consonant and one vowel. 

2.3.2.1. CONSONANT SOUNDS 

When producing consonants, articulators come close to each other and form obstructions. 

Sometimes the articulators even touch with each other. According to Rodman (1999), three major 

factors determine the sound of a given consonant. These are: 

=:0 The place of articulation: - the location of the obstruction in the vocal tract. , 

=:0 Manner of Articulation: - the relative position and activity of articulators while 

forming the obstruction. 

=:0 Voicing: - the state of the vocal cords. 

In Amharic there are about 27 consonant sounds. These conSOl1ants are differentiated by the 

manner and places of articulation, and their voicing. 

There could be a number of possibilities regarding the manner of articulation. One possibility is 

complete blockage. Such an articulation is observed in the articu lation of the so cal led s!Qp 

c~lI1so nants (e.g. the initial sounds of the Amhar ic wo rds ' WI' (lbella!) and 'Y.Lo' (lderese/)). Air 

could also be blocked only in the mouth but pass through the nasal cavity. Consonants created in 

this manner are called nasal stops. Sounds represented by '9'" (lml in English) and ' "}' (lnl in 

Engli sh) are good examples of flasal stogs. 

Another poss ible manner of articulation is the case where two articulators are ver~ _close but not 

touching. Such an articulation manner creates partial obstruct ion apd the resulting sounds are 
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0: 
w 
z z 
~ 
z 
0 
>= :s 
=> 
S! 
!-

" « 

call ed fri cati ves (e.g. sounds represented by ' 'i: ' [eq ui va lent to 1f'1 In English] and ' .'ii' 

[eq ui va lent to Ivl in Engli sh]) . 

T he fo ll owi ng table summari zes the place of articulation, manner of arti cul ation and voicing of 

the Amharic consonants. 

ARTICULATIOi\' PLACE 

Bilabial Labio-dental Alveolar Palatal Velar Labio- Velar Glollal 

Voiced -fl Ibl .P: Idl "1 lg1 /\ Ig"l 
'" %- Voiceless T Ipl ~. It I h /kl Ik"l () (?) 

<>i 
Ejective *' Ip' l 'I' It' l T /k'i Ik "vI 

Voiced -jj Ivl 11 Iz/ 'If IZJ 
~ r;. I f I h lsi l'i lsi H/h/ : ." Voiceless " Ih"l " ~ R' Is'l Plos ive 

~ 
Voiced !': Ij l 

'8 T /el Voiceless 
~ 
~ Plosivc 'l" Ic'l 

-': ~u Iml '~ Inl "i Iftl 
" '" ~ 

'" ~ A I II P /rl 
~ 
". ::; 

::: lD· Iwl 'I' 

'" Iyl G 

Table 2. 1: The Amharic consonants and their correspond ing place and manner of articulation 

2.3.2.2. VOWEL SOUNDS 

Vowels are created whenever the air stream from the lungs is unobstructed . Besides, vowels are 

more prolonged than consonants. Vowels can be classifi ed by the position of the tongue and the 

lips. T he tongue and the lips produce different vowels by altering the shape of the vocal tract and 
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enabling the vibrating a,,· produce sounds 111 which different frequencies are emphasized 

(Rodman, 1999). 

The Amharic vowels are seven in number. These seven vowels can be categor ized based on the 

pos ition of the tongue. The tongue may be positioned high, mid, or low verticall y and front, 

centra l, or back horizo ntally when producing vowe ls. The lips may also be rounded or 

unro unded. The fo llowing table summarizes the vowel sounds of the Amharic language. 

Front C entral Back 
Rounded Unrounded Rounded Unrounded Rounded Unrounded 

High a I Iii A lii a l ui 
Mid a? lei lei I 101 
Low • Ia! 

Table 2.2: The Amhari c vowel sounds 

The Amharic language consists of 33 basic symbols and a few other additi onal symbols. Each of 

these basic symbols has seven different orders. The orders are created by combination of each 

consonant with the seven different vowel sounds. The vowels and the consonants cannot be 

separated apart and treated alone (as stated previously) . Thus, most Amhari c symbo ls are 

consonant-vowel combinations (or CV-Sy ll ables). 

Consider the consonant sound A (I I/). By combining it with the seven vowe ls, the seven orders 

are created as follows . 

Orders 
r 2'" 3"" 4'" 5'" 6'" 7" 

Symbol II II· II. " II. A II .. 
I lel I lul I l il 11a! I lel I lrl 1101 

Tab le 2.3: An exam pl e of seven orders of Amharic 

Bender, e/ af. ( 1976) ment ioned two basic limitations regarding Amharic. 
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• There is no mechanism of distingui shing simple sounds from geminate consonants . In 

English or some other languages, germination is denoted by double consonants . But 

this is not the case with Amharic because the consonants are not separable from the 

vowels. For instance, an Am haric worcl "Vi' can be pronounced as /gena! or /genna! 

depending on the context, and yet there is no indication at the symbolic level. 

• Sometimes, on ly the consonant part of the sixth order needs to be taken. But Amharic 

lacks the indication of whether to take out the '"I' sound or not. If the last symbol of a 

word is in its sixth order, then it can be taken as a rule that the vowel sound '"I' shou ld 

be omitted. 

For instance, in the Am haric word (l'l'O), the last symbol is at its sixth order and only 

the consonant part of the last symbol is considered . Therefo re, the transcription will 

be /si"b/, not /si"b"il. But the case is not as simple as this always. Sometimes, it would be 

appropriate to omit the vowe l part of a sixth order symbol in the middle of a word, 

and other times it is not appropriate. Am haric lacks the ability to exactl y indicate such 

situations. 

2.4. ACOUSTIC PHONETICS 

Contrary to articulatory phonetics, acoustic phonetics studies the physical prop:,"rties of the sound 

waves of speech. Aspects of speech signal repr:sentation, analysis and processing are studied in 

the sc ience of acoustic phonetics (Rodman, 1999). 
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2.4.1. SPEECH SIGNAL ANALYSIS 

At the acoustic leve l, speech is nothing but a combination of different signa ls whose amplitude is 

changing with time. Waves of pressure variation oscillate relative to the surro unding medi um 

(usually ai r), thereby creating sound. 

2.4.1.1. SPECTROGRAPHIC ANALYS IS 

Speech waveforms can be graphed as pressure variation, the y-ax is representing the amplitude 

and the x-ax is representing time. But to determine those phgnetic properties that allow li steners 

to di fferen ti ate one sound fro m another, the different wave signals in the sample speech should be 

decomposed into ind ivid ual waves . Then the ampli tude and frequency of the individual waves 

can be examined. Such an approach towards the analys is of speech waveforms is ca lled 

Spectrographic analysis (Ibid). 

One thing to observe in spectrographic analysis is the fo rmant frequenc ies. Formant frequencies, 

also call ed formants, are bands of hi gh energy frequencies that occur in vowels. At the fo rmant 

frequencies, the amplitude of the wave will be rel atively higher. For instance, when pronouncing 

the vowel '0' frequencies centered about 700 Hz, 1, 120 Hz and 2,240 Hz have much higher 

am plitudes than the other freq uencies (Rodman, 1999). 

The forma nt frequencies are named as fi rst formant (F I ), second fo rmant (F2) , third formant (F3) 

and so on starting from the lowest one. For the above case, 700 Hz will be F I, 1, 120 Hz wi ll be 

F2 and 2,240 will be F3. The formant frequenc ies are nothing but harmonics (multiples) of a 

certain initial frequency called fundamental frequency (FO). For instance, the above given 

formants of '0' are the 51h
, 81h and 161h harmonics respectively (Ibid). 
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The formant frequencies cannot be seen on a simple x-y graph. A better visual representation is 

the spectrogram, which is a plot of frequency on the y-axis versus time on the x-ax is. The th ird 

dimension (amplitude) is represented by the degree of darkness of the plot. I.e. the darker a 

certain portion on the graph is, the higher the amplitude at that location; and thi s indicates that the 

particul ar frequency (frequency range) is a formant frequency. Below are the waveform and 

spectrogram of the vowel sound ' 0 ' . 

Phonetic 

40 

20 
o 

Figure 2.3: Waveform of the vowel sound '0' 

Figure 2.4: Spectrogram of the utterance of the sound '0' 
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As can be seen from the figu re above, the darker spots indicate the freque ncies at which the 

speech signal wi ll have hi gher energy (or amplitude) when generating the sound represented by 

'0 ' . 

2.4.1.2. CLASS IFICATION OF SOUNDS 

Speech sounds are divided into two majo r types; voiced and unvo iced. Voiced sounds are 

produced with the vibration of the vocal cords. Voiced sounds are fo und to be period ic when 

plotted. Vowels and some consonants (ca lled voiced consonants) are voiced sounds (Minghui , 

2000). 

Unvoiced sounds, on the other hand , are random signal segments of speech. Unvoiced sounds are 

uttered without the vibration of the vocal cords. Most consonant sounds are known to be 

unvo iced. See the fi gure below. 

unvoice d I voiced 

Figure 2.5: Voiced and unvoiced parts of speech 

When a speech waveform is analyzed in the frequency domain, many frequency elements are 

observed. The first formant observed is the fundamenta l freq uency and it is usually denoted as 

FO. The fundamental frequency is also referred to as pitch. The term pitch app lies on ly to voiced 
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sounds. Because unvoiced speech has no periodicity, it won' t have pitch. Pitch of a speech signal 

varies with time. The vari ation of pitch with time is expressed in terms of pitch contour. 

While the frequency (or the number of oscillations within a second) determines the pitch of the 

sound , the size of pressure vari ations on the other hand determines the loudness (or intensity) of 

the sound (M inghui , 2000). Frequency is measured in hertz (Hz) , which simply refers to the 

amount of wiggliness of the wave signal within a given time. Intensity or loudness, on the other 

hand , is measured in decibels (dB). This is a relative intensity, which is defined as 20 times the 

base 10 logar ithm of the rati o of the pressure level of the sound in question, to a certain reference 

pressure level which usuall y corresponds to the fa intest sound perceptible by normal ears 

(Rodman , 1999). 

2.4.2. REPRESENTATION OF SPEECH IN THE COMPUTER 

Sound, by its very nature, is an analog signal. [n other words, the signal varies in smooth and 

continuous manner with time. On the other hand, the computer is digital, representing every data 

in terms of Os and I s. Therefore, in order for sound signals to be stored and processed within a 

computer, there should be a mechanism to convert the analog speech data into the corresponding 

dig ital form. 

The microphone (considered as the ear of the computer) is a device wh ich traps sound vibrations 

and converts them into an electrical signal. [t consi sts of a diaphragm and a component which 

converts vibrations into electrical signa l. Any sound whose frequency is within the range of 

operation of the microphone vibrates the diaphragm. These osci ll at ions of the diaphragm are then 

converted to the equivalent electrical signal s (Rod man, 1999). 
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The electrical signal from the microphone is sti ll analog. That means the electrical signal is a 

smooth vo ltage vari ation through time. If one represents the signal on the x-y ax is - the x-ax is 

representing time and the y-axis representing the voltage (amp li tude), the outcome will be a 

continuo usly wiggling li ne. This analog signal is then converted to the corresponding digital form 

by an Analog-Io-Digital (A to D) converter. 

Analog signals are cont inuous in that they have infinitely many points. But how can a computer 

represent infinitely many points digitally? The onl y option is to represent the infin itely many 

poi nts by taki ng finitely many points (sam ples) and pray that the samples represent the signal 

wel l. 

Each of the infi nitely many samples is taken within equal intervals. This is cal led the sampling 

rale. For insta nce, if samples are taken wi th a sampling rate of 1000, then this indicates that 1000 

representative points are taken from the speech signal withi n a second. In other words, a single 

sample will be taken each milli second. The interva l that elapses between each sample is ca lled 

the sampling period. In the above case, Ims wi ll be the samp li ng period 

But how can one kno w whether the sampling rate is suffi cient or not? This can be known by 

reconstructing back the analog signal from the samples. If the results of the reconstruction are 

acceptable then the sampling rate can be considered as good. The choice of sampling rate is 

actua ll y a tracie-off between quali ty and storage space requirement. If the sampling rate is too 

high, the ti me and computer storage needed will be high, but the sOLind will be of high quali ty. 

On the contrary, if the sampling rate is too small , ti me and storage space will be saved but 

important info rmation may be lost. 
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Under-sampling is not the onl y cause of error in the representation of analog signals. Precis ion is 

al so another pro blem. Any computer, no matter how big or fast it is, cannot represent most 

numbers precisely. Rather, the computer approxi mates numbers in terms of bits. Usi ng a fi xed 

number of bits (Os and I s), a range of numbers can be represented . The process of representing a 

range of numbers with a fi xed number of digits is called quantization. A dev ice that performs 

qua nti zation is called a quantizeI'. T he number of bits used for quanti zation is termed as the 

resolution. A quantizer of n bits is termed as an n-bit quanti zer and it is capable of representing 

2" distinct values . 

But the case of quanti zation is not that simple. As an example, assume that a wave has an 

ampl itude value of 51 1 (meaning its range is between -5 11 and 51 1). Usi ng a 10 bit quantizeI', 

one can represent all numbers starting from -51 I to 51 1 with a step size of I. But the question is 

how can ampli tude va lues like 21 1.13 he represented using the given I O-b it quanti zer? 

The only option is to represent it with the nearest integer (i.e. 2 11 ). But thi s somehow introduces 

quantization error. The sum of such quantization errors creates dev iations when the signal is 

reconstructed later. Increasing the resolution ofa quanti zer may help in reducing the error, but as 

the reso lution increases, more and more storage space is required. Because of thi s, most 

quantizers do not exceed a reso lution of 16-bits in real life applications. 

2.5. THE BASICS OF TEXT-TO-SPEECH (TTS) SYSTEMS 

As described earlier, any TTS system takes in a text input and gives back speech utterances. In 

other wo rds, TTS systems are developed for the purpose of reading out a given text. Any Text-

To-Speech synthesis practically involves two major tasks. The first one is text analysis . [n this 
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phase, a n input text is transcribed into a phonetic equivalent or some other linguistic 

representation. This phase is also called hi gh level synthesis (Lemmetty, 1999). 

The second phase is the speech synthes is phase. Speech waveforms are produced from the 

phonetic data of the first phase and some prosodic information. This phase is known as low-level 

synthesis. A pictorial representation showing these two phases is g iven below: 

Phonetic Synthesized 
Input text 

Text and linguistic transcription Prosody and Speech 
analysis of text speech generation 

Figure 2.6: A Simple ITS System 

Any TTS system contain components performing the above two phases. The hi gh level synthesis 

is carried out by the Natural Language Processing (NLP) component of the TTS system. The low 

leve l synthes is on the other hand is carried out by the Digital Signal Processing (DSP) 

component of the TTS system (Lemmetty, 1999). 

, \ 
2.5.1. THE NLP COMPONENT - ) '.. ~ e 

The natu ra l language processing part of TTS synthesis is often the complex one of the two 

components. To beg in with, numeral s, abbrev iations and acronyms all need some preprocessing 

techniques to convert them into the corresponding full words. C.,9!Ie.cLJll:.QSQdy and pronunciation 
~ 

analysis from written text is also a d ifficult task because written text does not contain explicit 

emotions that are expressed wh ile speaking (Lemmetty, 1999). 

The conversion of text into the correspondi ng linguistic representation (grap heme-to-phoneme 

conversion) may be sim ple or difficult depending on the spec ific language. If the written text 

corresponds to its pronunciation, as in the case of Am hari c, then the grapheme-to-phoneme 
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conversion will be relati vely easy. But if the wr itten text doesn' t correspond to the pronunciation 

(as in the case of some English and French words), the task will be more difficu lt (Minghui, 

2000). 

Pro blems regarding pronunciation often arISe due to some words called homographs. 

Homographs are wo rds wh ich are spelled the same 111 different contexts but differ in 

pronunciation. For example, the Engli sh word "lives" is pronounced differently in the two 

sentences "Three lives were lost" and "One lives to eat" although its spell ing is the same in both 

of them (Lemmetty, 1999) . 

In Amhari c also, the same word may be pronounced differently depending on the context. 

Although the pronunciation doesn' t change completely, as observed in some Engl ish words, 

consonants will sometimes be geminated and as a result a change in pronunciation occurs. 

The other challenging task of the N LP module is to find correct intonat ion, stress and duration 

from written text. These features together are called prosod ic or suprasegmental features. Simply 

speaking, prosody refers to vari ations in the pitch, duration and stress of speech. Nobody speaks 

without varying pitch under normal circumstances. Prosody gives additional information that the 

uttered words cannot give alone. As a result, prosody can even change the meaning of a sentence 

(Rodman, 1999). 

Prosod ic properties may also convey emotional or other connotations in addition to chang ing the 

meaning of a sentence or a word (Rodman, 1999). For example, the Amharic sentence "Mlfl 

anr'I " becomes a statement when spoken with falling intonation. But the very same sentence 

becomes a question if spoken with ri sing intonation. This shows a change in meaning infli cted by 
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a change in intonation. On the other hand, the above Amharic sentence may be uttered with some 

emot ional expression, like sadness or happiness. 

Prosody can also be understood at different levels. At linguistic level , we know the tone, 

intonation stress of a speech. That is what prosody exhibits in linguistic level. Prosody is also 

perce ived by human as pitch, loudness, length and strength. ·Thi s is what we get at perceptual 

level. Prosody, if expressed at aco usti c level, is actuall y fundamenta l frequency, duration, 

amplitude etc ... , and that is what we can operate on in the synthesis process. The proper 

combination of these acoustic factors makes speech natural , express ive and active (Minghu i, 

2000). 

The prosodic features of speech gepend on a number of factors such as the meaning of the 

sentence and the speaker characteristics and emotions. But, since written text contains very little 

information about such things, and because some of the characteristics change dynamically 

during speech, it is very difficult to elicit prosodic features from written text (Lemmetty , 1999). 

The diagram below shows some of the factors contributing to prosodic features. 

Feelings 
• Anger 

Speaker Characteristics 

• Happiness 
• Sadness The meaning orthe Sentence 

• Neutral 
• Gender 
• Age 

• Imperative 
• Question 

Prosody 

Fundamental frequency 
• Duration 
• Stress 

Figure 2.7: Factors contributing to prosodic features 
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~----~~L ____ ~ 
Excitation 

Speech 

G 

Figure 2.9: Parallel Formant Synthesizer 

G 

_E_X_c_i_ta_ti_o_n--l.~~ F] H F2 H 
L-____ ~ L ____ ~ L-____ ~ 

Speech 

Figure 2. 10: Cascade Formant Synthesizer 

2.6.2.2. CONCA TENA TlVE SVNTHESIS 

Concatenative synthesis is a method that is gaining much attention recently. Concatenative 

synthesis operates in such a manner that appropriate speech units are concatenated to construct 

the required speech. In thi s speech synthesis method, signal processing techniques should be 

applied to alter parameters li ke pitch and duration, and to smooth the di scontinuity created by 

concatenation points (Minghui , 2000). 

Concatenati ve synthes is is probably the easiest way to produce intelligible and natural sounding 

synthetic speech. But, despite its easiness, concatenative synthesis is usually limited to only one 

speaker and one voice. The other limitation of concatenative synthes is is that the method often 

requires more memory capaci ty than other methods (Lemmetty, 1999). 

38 



One of the most important aspects of concatenative synthesis is the proper choice of speech units 

(acoustic units). The speech units are smail segments of speech that wiil be concatenated to form 

the desired speech utterance. The selection of an appropriate speech unit is usuail y a trade-off 

between naturalness and database size. The longer the units, the higher the naturalness and the 

lesser the number of concatenation pointes will be (i.e. less discontinuity is perceived). But the 

problem is that as the size of the speech unit gets larger, the number of units required wiil also 

increase, which implies that large storage space is required. This creates a problem in li sting ail 

poss ible units, as well as causes memory shortage because all the units need to be loaded into 

memory at runtime. Some of the frequently used speech units are: 

• Word: - a word is probably the most natural unit for written text and some messaging systems 

that have a very limited vocabulary. It is easy to perform concatenation of words, for 

information like prosodic and co-articulation effects are already contained in the unit (i.e. the 

word) itself (Lemmetty, 1999). 

But the problem is that there is a big difference between a word spoken in isolation and in a 

continuous sentence. This makes the result a little bit unnatural and difficult to understand 

because of the pitch and formant di scontinuities at the boundaries of the words. Such a 

problem can be treated by signal processing techniques (Donovan, 1996). 

Words spoken in iso lation are often longer than words in sentences. Besides, the acoustic as 

we ll as phonetic reali zations of a given word can vary depending on the context. Therefore, it 

is recommended to have multiple versions of a word , spoken in different contexts, if a high 

level of naturalness is to be achieved (Ibid). 
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Anothe r problem in using words as acoustic unit is their num ber being so large, making it 

difficult to handle them. In a g iven language, there are hundreds of thousands of words. This 

makes it very difficult to address a ll of them as speech units in the speech unit database. This 

makes words unsuitable for an unrestricted TTS system (LelTlmetty, 1999). 

• Syllable: - Sy llables are considerably sma ller than wo rds in size. However, the size of the 

speech uni t database will still be too large fo r TTS systems. Sy llables may preserve co­

arti cu lation effects li ke words do. But unlike wo rds, co-arti cul ation between sy llab le units 

may not be weak, and as a result smoothing across unit boundaries will not be that easy 

(Donovan, 1996). 

The number of syllab les in a language is very large. T hi s creates signi ficant problems in 

recording and sto rage. Add itiona lly, the above mentioned co-articul ation problem needs to be 

hand led anyway. T herefore, it is sensible to look for other units wh ich are less numerous and 

easy to concatenate (Ibid) . 

• Demisyllable: - Demisy llables refer to the initial and final halves of sy ll ab les. Demi syll ables 

are cons iderably smaller in number than syll ab les. For example , about 1,000 dem isy llables 

are needed to construct the 10.000 sy llab les of English (Donova n, 1996). Demisy llables take 

into account co-arti cul ation effects and a ll ophonic variations due to the separation of initial 

and final consonant clusters (Lemmetty , 1999). 

T he prob lem with demisyllables is that the co-articulation between sy ll ables can still be 

prob lematic. Another problem regarding demisy ll ables is that it is often bard to define the 

exact number of dellli sy ll ab les in a language. Hence, if a TTS system is deve loped based on 

delllisyllab les, it most likely would not synthes ize all possible words (Lelllllletty, 1999). 
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In genera l, some of the problems encountered in concatenative synthesis, when compared to 

other synthesis methods are: 

• Distortion fro m discontinuities at concatenation points. Such distortions can be reduced 

by using steady state units like diphones, or by using signal smoothing methods. 

• Memory requirements are often higher than that of the other speech synthes is meihods. 

Thi s memory requirement increases when longer concatenation units (which means larger 

unit database) are used. 

• Data co ll ection and labeling IS often time consuming 111 concatenative synthesis 

(Lemmetty, 1999). 

42 

I 
I 
I 

j 



CHAPTER THREE 

SPEECH WAVEFORM SYNTHESIS ALGORITHMS 

3.1. INTRODUCTION 

Concatenative synthesis is one of the frequent ly used speech synthesis methods now·a-days . 

When compared to other syn thesis methods such as formant synthes is and articu latory synthesis, 

it is relati vely easy. But the case is not as easy as merel y concatenati ng prerecorded acoustic 

units. Rather there are a number of signal processing techniques appli ed on the speech units 

before and after concatenation, to ensure a better quality output. 

Donovan ( 1996) points out two basic reasons for applying signal processing techniques 111 

concatenati ve synthes is. These are: 

• Signal process ing techniques must be applied to the synthesis speech units so as to change 

their fundamental frequencies and durations to those required in the synthetic speech. 

• Signal process ing techniq ues must also be applied to smooth away spectral concatenation 

discontinuities between units. 

The com Ing sections di scuss about the commonly used waveform synthesis techniques in 

concatenati ve synthesis. Since this thesi s work uses the PSOLA technique an emphasis is given 

to the part discussing about PSOLA. 

3.2. PITCH SYNCHRONOUS OVERLAP ADD (PSOLA) METHOD 

Amo ng the recently developed TTS synthesis techniques, the PSOLA technique has drawn 

considerable attention because of its segmental and suprasegmental efficiency and simplicity. 
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The maIO ipea behind the algorithm is that it is poss ible to perform pitch and duration 

modifi cations directly on continuous waveforms, without using any parametric model (D utoit, 

1997). 

The Pitch ~ynchro nous Overlap Add (PSOLA) technique was first introduced by France telecom 

at CNET. The PSOLA technique does not synthesize speech signals by itself. Rather, it 

manipulates prerecorded speech segments and enables the altering of pitch and duration of 

speech stlgments. The algorithm has got a number of va ri eties but all wo rk essentially the same 

way (Donovan, 1996). 

Accord ing to the PSOLA algorithm, the natural speech is first d ivided into a number of short­

term (ST) signals. This is done by using a windowing function. Whenever analyzing a signal, the ' 

assUJ'l1ption is that the signal has a constant frequency. But for thi s assumption to be true, the 

signal should nrst be di vided into a number of small portions whose frequency is constant or 

nearl y constant. The process of segmenting a signal into very small portions is call ed windowing 

(Cqss id y, 2002). 

A windowing function segments :l given speech signa l into a number of smaller overlapping 

units. Windowing can be seen as multiplying a signal by a window which is zero everywhere 

except for the region of interest, where it is one. Since we pretend that our signals are infinite, we 

can discard all of the resulting zeros and concentrate on just the windowed portion of the signal 

(Ibid). 

The above expla ined window, which mUltiplies the portion of interest with one and everyth ing 

else with zero, is known as a rectangular wi ndow because of its shape . One problem with thi s 
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kind of window is the abrupt change at the edge. Th is can cause di stortion in the signal be ing 

ana lyzed (Cassidy, 2002). 

To reduce thi s di stortion there are smoother window functions li ke Hamming and Hanning. 

These wi ndows are zero at the edges and ri se grad ually to be one in the middle . When one of 

these wi ndows is used, the edges of the signal are de-emphasized and as a res ul t, the edge effects 

are reduced (Ibid) . See the diagram below. 

Original Signal 

Windowing Function 

Windowed Signal 

Figure 3.1: Windowing a signal 

The length of the ST signa ls depends on the pitch period. Pitch and duration modifications are 

ap pli ed on the ST signals. For instance, the pitch is raised or lowered by varying the distance 

between the ST signals. On the other hand, duration is handled by repeating or deleting ST 

signal s as necessary (Pasanen, 200 I). 

T he final step in the PSOLA algorithm IS to recombine (concatenate) the ST signals. 

Recombination is acco mpli shed by using an overlap-add technique . See the figu re below. 
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Original signal 

-0.75 P ---1 

ST-Segments of the original signal 

Synthesized signal 

Figure 3.2: Waveform Synthesis 

As can be seen from the above fi gure, first the original signal was segmented into ST-Signals 

using a windowing function. Originally, the signal had a pitch period of P. At the time of overlap-

add, thi s pitch period was reduced by a factor of 0.25 (i.e. the pitch period P became 0.75 Pl· 

Hence the pi tch of the synthesized speech will increase. Pitch can also be decreased by increas ing 

the pitch period in the synthes ized speech. Decreasing and increasing the pi tch period can easily 

be done by adjusting the amount of overlap (TUrk, 2000). 
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most computationally efficient version than the other variants such as Frequency-Domain PSOLA 

(FO-PSOLA). The coming sub section discusses about the TO-PSOLA algorithm in detail. 

3.3.1. TD-PSOLA 

The TD-PSOLA algoritlull works exactly as described above. The algorithm has got two main 

components. One is the analysis part, which analyzes speech and stores the analysis result into a 

database . The other component is the synthesis p3li which synthesizes speech utterances using 

the appropriate data from the speech database (Minghui , 2000) . 

Corpus 

Prosody Phonetic 

parametel's transcription 

t t 
__ U::n~it~D::a~ta~b~a:s:e:..... ___ ./ ____ ~~1 Syn thesis I 

Figure 3.4: Components of the TD-PSOLA method 

3.3.1.1. THE ANALYSIS PART 

T he analysis part of the TO-PSOLA algorithm has three basic steps. 

• Voiced / Unvoiced delection: - Once the necessary acoustic units are extracted from the 

speech corpus, the next task will be to identify the voiced and unvoiced part of each acoustic 

unit. This is necessary because pitch modifications are carried out on the voiced part of the 

units. Vo iced I unvoiced detc;;,!on is carried out through the use of time doma in parameters 

such as the Root Mean Square (!?MS) and Zero Crossing Rale (ZCR) (Cassidy, 2002) . . 
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RMS is a measure of the energy in speech signals. The RMS of success ive signal windows 

gives the measure of change in amplitude through time. Voiced signals have high RMS 

values whil e unvoiced ones have low RMS va lues (Cassidy, 2002). 

The ZCR, on the other hand, measures the number of times the signal crosses the zero line 

per unit of time. T hi s parameter is also often used to detect between voiced and unvoiced 

signals. Voiced signals have low ZCR values whi le unvoiced signals have high ZCR values 

( Ibid). 

• Pitch marking: - the next task is to mark the location of pitch pulses. Pitch pulses are the 

locations at the energy peak of the ST signals. They are often found at the positive or negative 

extremes of every pitch cycle (Goncharoff & Gries, 1998). Finding the pitch marks is 

necessary because the pitch marks serve as a reference point for the overlap between ST­

Signals (Chen & Kao, 200 I). 

• Storage: - the last task is to store the data into the database. The speech units, the pitch marks, 

and the voiced/unvoiced detection data should be stored so that they could be used by loading 

into memory at synthesis time. 

3.3.1.2. THE SYNTHESIS PART 

The synthesis part of the TD-PSOLA takes the data stored in the speech database and then 

reconstructs speech by concatenating the appropriate speech units. There are three basic steps in 

the synthesis part: 

• Appropriate dala selection: - the first task in the synthesis part is to select the appropriate data 

units to be concatenated. The selection can be done by look ing at the result of the grapheme-

to-phoneme conversion. 

49 

. ) 



• Synthesis of unvoiced part: - the unvoiced part of the speech can be synthes ized by simply 

copying it from the database. 

• Synthesis of/he voiced part: - synthesis of the voiced part invo lves overlapping the wi ndowed 

signals with the proper displacement and add ing them. The di splacement is determined by the 

target pi tch. If the displacement offset is high then the pitch will be low, and vice versa 

(Minghui ,2000). 

Altho ugh the TD-PSOLA techn iq ue produces good quali ty speech utterances, it has al so got 

some li mitations. One of the limi tations is the problem faced when increasing significantly the 

duration of unvo iced sounds. In such cases a local period icity may resu lt and the unvo iced part 

wi ll be perceived as tonal noi se as a resu lt. Of course it is poss ible to overcome this problem by 

reversing the time axis of the repeated ST signal. But this solution works on ly for purely 

unvoiced sounds and does not work for voiced fric~tivcs (Minghu i, 2000). 

T he other problem with the TD-PSOLA algori thm is the lack of smoothness at the concatenation 

points. Unless the speech units are prepared and selected carefully, the di scontinuities at the 

concatenation points would be perceived (Donovan, 1996). 

Some of the limitations of TD-PSOLA can be easil y overcome by using other variants like the 

FD-PSOLA. 

3.3.2. OTHER VARIANTS OF PSOLA 

The sim plest one be ing TD-PSOLA, the PSOLA technique has also got other versions. The FD-

PSOLA, LP-PSOLA and MBR-PSOLA are some to mention. 
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T he FD- PSO LA algori thm is a vari ant of the PSOLA algorithm which operates at frequency 

domain . The algorithm theoretica lly gives better result than the T D-PSOLA algorithm . However, 

the FD-PSOLA algori thm has a drawback in that it requires high computational power (TUrk, 

2000). 

The LP-PSOLA (Linear Predicti ve PSOLA) algori thm, on the other hand, is a combination of 

PSOLA with parametri c synthes is techniques. In thi s approach prosodic mod ifications are ca rried 

out usi ng T D-PSOLA on the exc itation of all pole synthesis fil ters rather than on direct speech 

(D uto it, 1997). 

Both FD-PSOLA and LP-PSOLA have and advantage over TD-PSOLA in that they provide 

independent control over the spectral envelope of the synthesis signal (Lemmetty, 1999). 

The MR R- PSO LA (M ul ti-Band Re-synthes is PSOLA) technique was first proposed by Dutoit. 

T hi s technique in vo lves the modi ficat ion of acoustic speech units using a computati onally 

expensive Mul ti-Band-Excited (MBE) analysis-synthes is procedure, so as to make the aco ustic 

uni t inve ntory more suitable fo r the TD-PSOLA algorithm (Minghui , 2000). 

Speci ti ca ll y, all segments are re-synthes ized to have the same constant pitch, with the new pitch­

marks. Th is avo ids the prob lem of trying to locate the pitch-marks in the segment inventory, and 

reduces the discontinui ty problems, which can otherwise ari se when concatenating spectral 

sim ilar segments of speech with very different pitches (Ibid) . 
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3.4. OTHER WAVEFORM SYNTHESIS TECHNIQUES 

3.4.1. LINEAR PREDICTIVE CODING (LPC) 

Like formant synthesis, the LPC method is a source-filter method of speech synthesis. T he 

source-fi lter model is a model whi ch assumes excitation signal source is independent from the 

vocal tract. But thi s is approximately true because resonance of the vocal tract may affect the 

vibration pattern of the vocal cords by bui ld ing up pressure waves (Donovan, 1996). 

T he LPC method has been used extensive ly in concatenative systems, since it enables the rapid 

coding of concatenation units. The basic theory behind the LPC is the assumpt ion that the current 

speech sample y(n) can be predicted as a linear combination of the previous P samples of speech, 

plus a small error term e(n). See the following d iagram: 

Pitch Period .. 
Voiced 
Source 

Unvoiced 
Source 

G 

Vocal Tract 
Paramcters 

Time Vary ing 
Digi tal Fi lter 

I---.~ s(n) 

Figure 3.5: Speech generated with the LPC method 

According to the LPC method , the current speech sample s(n) can be expressed in terms of the 

past p speech samples. In other words, s(n) is expressed as a linear prediction or order p on a 

sequence {s(O), s(I), ... , s(N- I)} representing N speech samples. A set of prediction coefficients 

{a " a2, .. . , apl are searched to verify the following 
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sen) = L - a,.s(n - i) For n = p, p+ I, .. . , N-I .... . . . . . .. . .. .. (3 .1 ) 

;=1 

Introducing a pred iction error factor fe n) im plicitly into the above equatio n leads to: 

I' 

sen) = L - a,s(n - i) + fen) For n = p, p+ l , ... . , N- I ...... (3.2) 

i : 1 

N- I 

The values of the coeffi cients ai, a2, . .. , apare chosen in such a way that the value of L f(n)' IS 

n= 1' 

minim um (Dutoit, 1997). 

The LPC method does not produce the formant frequencies correctly, especially when speech is 

re-synthes ized at a different fundamental freq uency to that of the ori ginal. Because of thi s, speech 

synthes ized by the LPC method is far fro m perfect. The most noticeab le effect in the resulting 

speech is the ex istence of a buzzing sound. Most of these problems could be solved by using 

another varia nt of the LPC method called multi-pulse linear prediction (Donovan, 1996). 

3.4.2. HMM (HIDDEN MARKOV MODEL) BASED SYNTHESIS 

Synthes is systems can be made in such a way that they can be trained. This makes it easy to 

create synthes is systems for new voices or even new languages . HMM based speech synthesis is 

a full y corpus based method, and therefore, it is a trainable method. New vo ice can be easil y got 

by providing new speech data. Thi s is a promising method in this sense (Minghui , 2000). 
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3.4.3. HNM (HARMONIC PULSE NOISE MODEL) 

HNM is also one of the concatenation synthesis techniques. T hi s method is reported to give a 

higher synthes ized speech quality than PSOLA. HNM is based on a pitch-synchronous harmonic 

plus noise representation of the speech signal (Minghui , 2000) . 

HN M ana lysis consists of two basic steps. The first step of the HNM analys is consists of 

estimat ing pitch and maxim um voiced frequency based on pi tch detection. The second step of the 

HNM analysis consists of esti mating a continuous spectra l and phase envelope per voiced frame. 

At synthesi s time, the HNM frames are concatenated and the prosody of units is altered 

accordingly (Ibid). 
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4.1. INTRODUCTION 

CHAPTER FOUR 

EXPERMENTA TION 

Th is chapter di scusses the experiment and the steps undergone in doing it starting fro m data 

preparation. In thi s experiment, diphones and sy ll ab les have been used as acoustic units to bu ild 

the prototype . The sy llable units are of CV-Sy ll able type, which are commonly used in the 

Amharic wr iting system. 

Excluding the data preparation part, two basic modules have been developed in des igning the 

prototype. One is the grapheme-to-phoneme converter, whi ch converts input Amharic texts into 

the ir equi va lent phonetic transcriptions. The other one is the speech waveform synthesis module, 

which incorporates tasks like pitch & duration modification. 

In add ition to these two bas ic modules, there have also been add itional tasks like data recording 

and segmentation. These tasks are categori zed as data preparation. T hi s chapter di scusses in 

detail these mentioned tasks, starting from the data preparation; and then the actual 

experi mentation and the obtai ned results are discussed. 

4.2. THE EXPERIMENT 

4.2.1. DATA PREPARATION 

The data preparation step is the first step 111 th is experiment. Thi s is probably true for the 

deve lopment of other TTS synthesis systems too. The basic data req ui red for concatenat ive TTS 
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systems is a co ll ection of speech segments (acoustic data units). These speech uni ts are extracted 

from prerecorded speech utterances. 

Four basic steps are involved in the data preparation process. 

4.2.1.1. ACOUSTIC UN IT INVENT ORY DESIG N 

In the acoustic unit inventory de, ign process the acoustic units that are to be used in the 

experiment are selected. Those se lected units are later to be extracted from prerecorded speech 

utte rances and stored in a database so as to use them in the concatenation synthes is process later. 

The Am haric language has got about 28 consonants, and seven vowels which come together wi th 

each of the consonants. The combination of a consonant with each of the seven vowe ls gives the 

seven orders (La ine, 1998). Totally, there are about 196 (28 X 7) basic CV -sy ll ables in the 

Amharic language. T he number of symbols representing these CV -sy ll ab les is somewhat higher 

than 196 because sOllie CV-syllables have more than one representative symbol in the Am haric 

wri ti ng system. 

On the other hand, there are abo ut 39 phonemes in the Am hari c language (ki n fe , 2002). By 

tak ing the combination of each phoneme wi th the others, there will be about 152 1 (39 X 39) 

diphones. Of course thi s fi gure is a littl e bit exaggerated because there are some combinations 

that do not ex ist in the Amharic language. ror instance, there are no vowe l-vowel (V-V) 

combinations in the Am haric language (Laine, 1998) . But, even omitting those non-existent 

diphones fo r thi s specific language, the Ilumber of diphones wi II still be di fficu lt to handle. 

Therefore, havi ng a database of all the diphones and sy ll ables is out of questi on, mainly because 

of the time limitatio n. T herefore, U,ose CV-sy llables and diphones that are frequent ly used in the 
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Amharic language have been considered in this experiment. Given a frequently used consonant 

sound , all the seven orders of that sound have been included in the acoustic unit inventory. 

For instance, the sound Iml is one of the frequently used sounds in the Amharic language (Baye, 

1997). Therefore, all the seven orders of Iml (i.e. ' £f'" Imel, (II'" Imul, '''I. 1m ii , '''l ima!, '''I. /me/, 

9" ImI/, 'In Imol) are considered. 

The sixth order of a given Amharic CV ·Syllable is read in two different ways depending on its 

location in the word and the context. One way is reading it with the vowel sound Iii and the other 

is omitting the vowel sound. The latter is often true when the sixth order symbol comes at the end 

of a word. For the sixth order CV -syllables though, two acoustic units are stored. For instance, 

for the sixth order CV -sy llable ' 9"' , ImYI and Iml are stored separately. 

When it cnmes to selecting diphones, again it is not possible to consider a ll combinations of a 

given phoneme with the others. For instance, the CV-syllable ' £I'" (Imel) is constructed from the 

phonemes Iml and leI. However, it is not possible to consider all combi nations of Iml or lei with 

the other phonemes. 

Therefore, only the combinatiot, of the most frequently used sounds with the seven vowels is 

considered in th is work. In other words, all consonant-consonant combinations are omitted even 

though they exist in the Amharic language. For a given consonant sound , there are about );l (2 X 

7) diphones according to this convention. The number is doubled to 14 because the order of the 

phonemes matters. As an example, Iml and lei can be coupled as Imel and leml to form two 

different d i phones. 
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The sy llables and diphones are extracted fro m prerecorded word utterances. The Sy ll ab les and 

diphones constituting the aco ustic unit inventory and the corresponding words from which they 

are extracted are given in Appendi x A. 

4.2.1.2. RECORDING THE CORPUS 

Once the aco ustic unit inventory is designed, the next task is to record the corpus data, fro m 

which the aco ustic units (CY -sy llab les and Diphones) are extracted. Recording is carried out 

using Praat. Only the voice of one speaker has been recorded because of the time limitation. 

4.2.1.3. ACOUSTIC UNIT EXTRACTION 

Once the corpus is recorded, the next stage is to extract the acoustic units from the corpus. The 

extraction can be performed using any signal visualization tool. For thi s ex periment, Praat has 

been uscd to obtain the waveform of the recorded words and subsequently extract the aco ustic 

units manually. The extraction process takes a long time because it is often diffi cult to identify 

the boundaries of u-nits. 

4.2.1.4. ACOUSTIC UNIT NORMA LIZATION 

Once the acoustic units are extracted, the final step to thi s end is to normali ze the extracted units . 

Due to a number of factors, the different acoustic units have differe nt energy (amplitude). To 

mention some, speaker 's instabil ity and the variation in the di stance of the microphone are some 

L. 
of the causa l factors for the variation in amplitude of the acoustic units. 

Such amplitude variations must be corrected so as to avo id di sasters like vOice quality 

degradation that would be infli cted later at the synthesis time. The normali zation tool packaged 

with Praat has been used to scale the am pli tude of the acoustic units within some range . 
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All the above steps, excl uding the first one, have been done using the Praat software. The 

software gives capabi lities of recording a speech utterance; vlewll1g the spectrograph and 

waveform of a speech; extracting, cutting, copying and deleting parts of the speech utterance; 

norma li zing waveforms; and many others . The following figure shows the spectrograph and 

waveform segmentation of the Amharic word " '.""t\r)' (ltemelesel) using Praat. 

Figure 4. I : Segmentation of the word Itemelesel 

Once the above four steps are accompl ished successfu lly, then the acoust ic units are stored in the 

speech database and wou ld be readily available at synthesis time. 

4.2.2. ADDITIONAL TASKS 

Right after the above data prepamtion steps, there are other add itional steps (two in number to be 

precise) that are worth considering. These two steps invo lve the extraction of some useful data 

(voiced/unvoiced detection data and pitch mark location data) from the acoustic speech units. 
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Of course these two steps can be performed at the time of waveform synthes is only for the 

currentl y se lected acoustic uni ts. But this will defin itely add to the computational overhead and 

may make the system rather slow. Therefore it is preferred to store such information in a database 

and read them from memory at run time. 

4.2.2.1. PITCH MARK IDENTIFICATION 

T he pitch mark identification step can also be considered as part of the data preparation step. 

Pitch marks are locations at the energy peaks of ST-signals. The location of pitch marks is later 

used in the detect ion of voiced and unvoiced parts of an acoust ic unit, as well as in the 

appli cation of the TD-PSOLA algorithm. 

A MA TLAB script has been used to extract the location of pitch marks of each acoustic unit in 

the acoustic unit inventory. The script takes as an input a co lum n vector representation of the 

aco ustic units and the sampling rate. T he output is the location of the pitch marks in the form ofa 

row vector. The algorithm for pitch mark identification is given below: 

4.2.2.2. VOI CED/UNVOICED (V/U V) DETECTION 

Once the pitch marks are identified, the next step is to identify the voiced and unvo iced parts of a 

given acoust ic unit. This is done over the sequence of pitch mark locations and the fina l resu lt is 

a sequence of zeros and ones, zeros indicating unvoiced and ones indicating vo iced sounds. 

The voiced/unvo iced data for CV -Sy llables often starts with a stream of Os and at some point it 

changes to a stream of I s. This is logical because CV -Sy ll ables start with consonants, which are 

often un voiced, and end with the vowels, whi ch are voiced. 
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Both the pitch mark and v/uv data are stored in simple text fi les . When the TTS program starts, 

a ll these data and the aco ustic units wi ll be loaded onto memory. A structure (also call ed record 

in Delphi) has been defined to hold a descripti ve name of each acoustic unit, and the ·numeric 

data of the waveform of each acoustic un it with the corresponding pitch mark and the v/uv data. 

The speech data, pitch mark data and the v/uv data are all in the for m of one dimensional array. 

The name is obv iously used for matching and se lecting the appropriate aco ustic units at run time, 

based on the resu lt orthe grapheme-to-phoneme transcription. 

The fl owchart for generating v/uv data is given be low: 
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Input Y, F, PM 

Set I = I 

Define frl11 to contai n all points ~_--, 

bin the eh & i+ 1 th PM values 

Yes 

Defi ne VUV to be a vector 

with a length of size(PM) - I 

Assign 0 to points with 

energy less than the threshol 

(energy-based detection) 

Assign 0 to points with zero 

crossing rates greater than threshol 

(zero cross ing rate-based detect ion) 

No 

Figure 4.2: Flowchart for V/UV detecti on 
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4.2.3. GRAPHEME-TO-I'HONEI\1F, TRANSCRIPTION 

As has been mentioned prev iously, the grapheme-to-phoneme transcription mod ul e is one of the 

two basic components (modules) . The other one is the speech wave form synthes is mod ul e. T he 

grapheme-Io-phoneme transcription process invol ves the transcri ption of the in put Amharic 

symbo ls to the co rrespondi ng scqucdce of phonetic simbols that represent the aco usti c units to be 

used. 

For th is ex periment two ty pes of transcriptiun have been implemented because two acousti c unit 

types had been used (diphones and sy llables). 

4.2.3.1. SYLLA IlLE T RANSC RIPTION 

In thi s transcription process, the Am haric symbols are transcribed to the corresponding symbols 

representing the sound of each CV-Sy ll able. To illustrate thi s, consider the Amharic wo rd 

' .,.m'tln ' (ltemelesef). At the time of Sy llable based synthes is thi s word will be transcribed as 

/te/-/me/-/ le/-/se/. A hyphen separates subsequent sy ll ab le representat ives . Based on th is 

transcription, the sy ll able sounds ' te' , ' me', ' Ie' and 'se' will be se lected from the acoustic uni t 

in ven to ry. 

T he transcription in sy ll able based synthes is looks straight forward and simple. But thi s is not 

true in cases like gemination. Gemination refers to the lengthening of a consonant when 

produced. The Amharic word ' 1'." can be read as Igenal or Igennal depending on the context. The 

Amharic writ ing system lacks the ab ili ty to differentiate between geminated and non geminated 

consonants. Hence there is no simple way of kno wing whether a consonant is read in its 

geminated form or not, if it has one. 
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But this prob lem can be so lved by usi ng some special character after a consonant to show that it 

is geminated. In thi s ex periment, an apostrophe (') has been used after CV-sy ll ab les to show that 

the consonant part is geminated. Therefore, the previous word 1 ... ' is written as 1., ' to show 

gemi nation. Any time the transcriber finds the apostrophe symbol , it doubles the consonant part 

of the CV -sy ll ab le before the apostrophe. 

The other problem faced during syll able based transcription is due to presence of a sequence of 

sixth order CV-syllables. As mentioned previously, the sixth order CV-sy ll ables can be read in 

two form s: one with the vowel sound til and the other without the vowel sound til. The 

transcription becomes relatively si mple when a sixth order symbol comes at the end of a word. 

When this is the case the til sound will simply be omitted. 

But the problem arises when a cluster of sixth order CV-sy ll ables come in the middle of a word. 

I n such cases there is no straight forward way of determining which one of the sixth order CV­

sy ll ables is read with the vowel sound and which one is not. In thi s thesis work, a set of simple 

rul es have been used to so lve thi s problem. But these rules do not work for a ll cases. 

4.2.3.2. DIPllONE TRANSCRIPTION 

In diphone based synthesis, the input text is transcribed into a string of diphones that represent 

the di phone sounds. The transcription is a straight forward one. For instance, the previous word 

' .,.m.t\() ' (/temelese/) is transcribed into diphones as 

ls i l-tJ-/tel -/eml -/me/-/el/-/le/-/es/-/se/-/e-si II 

T he 's il ' part at the beginning and the end of the transcripti on ind icates sil ence. 
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The above transcription can easily be obtained by using the syllable transcription as an input. 

O nce the syl lable transcription is obtained, the remaining task is to add the s il ence element at the 

beginning and the end, and then to take the phonemes two by two with a step factor of one, 

sta rting from the silence element. 

Consider the fo llowing example. 

Sellfell ce t,OO 9""NI O~ 

Phonetic Jorm fa bebe mOigoib bela! 

.Iyllable framcripfioll l allbellbellsill!m 'illg'il/bllsi II/be/llal 

D if! lum e f Nil/.\' cri pf i oll i s i I-alia -bllb-ell e-bllb-ell e-s i II! s i 1-mil m -'il li-gil g -'iI Ii -bllb-s i111 s i 1-bllb-ell e-II/I-all a -si II 

The grapheme-to-phoneme transcription module is coded using the Delphi programming 

language. The module uses a look-up dictionary to identify the proper phonetic eq uivalents of the 

Amharic symbols. Subseq uently, the module removes I ii from sixth order symbols, if there are 

any, based on the above mentioned set of rul es. 

The module then looks fo r any geminated consonant. As mentioned before, the apostrophe 

symbol is used after an Amharic symbol to show that it is geminated. The moment the module 

find s an apostrophe symbol, it doubles the consonant part of the CY -sy llable before the 

apostrophe. 

Once the Syll able based transcription of a word or a sentence is obta ined, it is easy to derive the 

correspond ing diphone based transcription. The same principle mentioned previously is used in 

obtai ning diphone based transcriptions from sy ll able based transcriptions. 
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4.2.4. SPEECH WAVEFORM SYNTHESIS 

Once a g iven input text is transcribed, the next step is to synthes ize the speech waveform by 

concatenati ng the appropriate acoustic units. The waveform synthes is part has got two basic 

parts. T he first and the eas iest is the selection of appropriate units from the acoustic unit database. 

The other one invo lves concatenating the selected acoustic speech units with the application of 

the proper pitch and durati on modi Rcations. 

The first thing that the system does when allowed to run is to load a ll the acoustic speech units 

and the other data, like the pitch mark data, into the RAM. This exp loits the memo ry available, 

espec iall y if the size of the aco ustic inventory is large. But the movement of the data from the 

hard disk to the memory is very important in making the system fas ter, especia ll y at times of 

searching. 

The acoustic in vento ry elements (acoustic uni ts) are stored in wave file format on the hard disk. 

A MA TLAB script has been used to read the wave data to memory. Given the name of the wave 

I"il e, the MAT LAB wave reading script returns a co lumn vector representation of the wave file. 

The vector elements represent amplitude va lues of the wave file at specific times. 

On the other hand , the pitch mark and vluv data are already written in text files in vector form, 

and therefo re reading them into memory is straight fo rward. 

4.2.4.1. ACOUSTIC UN IT SELECTIO N 

The acoustic unit selection process is a simpl e alid straightforward task, given that the speech 

data and the phonetic transcripti on of a text are available. The moment the transcription is 
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delivered by the transcriber, a search algorithm starts searching for the appropriate aco ustic units. 

This is done by simply comparing the name of each acoustic unit with the transcription . 

Let' s take the same example we have seen before to illustrate thi s. For the Amharic word 

" "O"lIr'I ' (/temelese/). The sy llable based and diphone based transcriptions are It-elim-ell l-elis-el 

ancl Is il -tllt-elle-mllm-elle- llll-elle-slls-elle-sill respectively. T herefore, in case of sy ll ab le based 

synt hesis, aco ustic units wi th the name of ' te ', ' me', ' Ie' and ' se' are searched and selected. The 

same principle could be applied to select diphones. 

Once the appropriate items have been se lected , the remaining IS to apply signal processing 

technique on the selected units and concatenate them. 

4.2.4.2. PITCH AN D DURA TION MODIFICATION 

The pitch and duration mod ifi cat ion step is the last step involved before concatenating the 

selected units. The TD-PSOLA technique has been used to modi fY pitch and duration. The 

module is coded 111 MA TLAB. Given a vector representation of an acoustic unit and its 

co rresponding pitch mark and v/uv data, the module mod ifies the signal to have the des ired 

du ration and pitch. 

In thi s experiment, onl y two general cases are considered : the case of simple statements and the 

case of yes/no questions. Considering all avail able cases is imposs ible here because it needs a 

tho rough investigati on of prosodic features of the Am haric language. 

In general , statement type utterances are spoken with falling intonation whil e yes/no question 

types are spoken with ri sing intonat ion. Statements are recogni zed by the punctuation mark they 

have at the end. If a statement is fo und to be an interrogative one, then the pitch increases 
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gradually . On the other hand, if the statement IS a simple statement, then its pitch gradually 

decreases. 

4.2 .4.2. CONCATENATION 

The last step in the synthesis part is the concatenation of the synthesized units. The processed 

uni ts are concatenated wh ile they are in their vector representation using MA TLAB. Then the 

resulting speech is written into a temporary fi le and played. 

Below is a fl owchart briefly showing the overall process. 

Yes 

No 
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Simple 
Statement? 

Ves 

End 

No 

Figure 4.3: A flowchart showing briefly the TIS synthes is 

4.2.5. TTS SYSTEM EVALUA nON 

As described before, two tests (ORT and MOS) had been conducted to test the performance of 

the cleveloped prototype. For each of the tests two different test sets had been prepared. For the 

ORT test, twenty words which can be uttered using the available acoustic data had been prepared. 

For the MOS test, seven sent~nce~ had been prepared. 

In the ORT test case, six users (three for diphone based synthesi s and three for sy llable based 

synthes is) were se lected to simply li sten to the words and say them back. The resu lts obtained 

from the tests are given below: 
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Words Person 1 Pel'soll 2 Persoll 3 

Mifl labebel X .J .J 

hauG. /kemmcrel .J .J .J 

fI~ / bellal V .J .J 

>,0'''., lammenel .J V .J 

~\y. <. / adderel .J X .J 

{lIY.Y. /weddedel V V .J 

Jl t. r.m Ikerremel .J .J V 

0,<.Y. /werredel X .J .J 

(..II /reddal .J .J X 

OI()Y. /wesedel .J .J .J 

:J<' S'.. / "arredel V V .J 

~\()fI /assebel .J .J .J 

'l·tI '! ~ / gumarrel V V V 

' /Y./\ /~eddelel 
V .J .J 

~/<'fI<' /berebberel X .J V 

MIMI /sebessebel V .J V 

Y.<.o Ideresel V .J V 

'/'a,,~o() /temelall esel .J v v 

F.auc'Ji'I jdcmcssese/ .J .J .J 

o .~(} / Ieggasl X X X 

·'··U.rm /tegerreme/ .J .J V 

Mifl labebel .J V .J 

hrmt. / kemmerel V V .J 

fI~ /bellal V .J V 

~\0'l)'1 /al11I11ene/ .J V .J 

~\y.<. /adderel V V V 

{lIY.Y. /weddedel .J V V 

11t.£1lJ Ikerremel X V V 

OI<'Y. /werredel X X .J 

(..II / reddal V V V 

Tab le 4. 1: Result table of ORT test for diphone based syn thesis. 
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Words Persoll I Person 2 Person 3 

~,IIII labebel " " X 

llrmt. / kemmere/ " " " 
II~ / bell al " " " 
t,UIJ', /ammenei " " X 

hl.t. /adderel X .-' " " 
011.1. /weddedel " " X 

ht.r.m Ikerremel " " " 
mt.1. /werredel X " X 

t. .'~ / reddal X X " 
0101. /wesedel X " " 
:)t.1. /~arredel X " X 

~,oll /assebel X " " 
'1-"'1t.. /gumarrel " " " 
'11.11 /geddelel " " " 
lI t. ll t. /berebberel " " X 

011011 / sebessebel X " " 
I.t.O Ideresel " " " 
' /"""~IIO /Iemela llesel " " " 
f.ouf'f'l /demessesel " " " 
11 : )1'1 / leggasl " X X 

-,·'It,OIl Itegerremel " " " 
M'I'I lavelel " " " 
' /'W}: I.t. Ilewedadderel " " " 
:J"/O Ilaggesel " " " 
"/~,?" /gIruml " " " 
"'rmA /gi'mell " " " 
',;J IllegaJ X " X 

·/" Illt. Ilegebberel X X X 

.'I-r::J' Inrilal " X " 
"r; ·1 ' Annat! " " " 

Table 4.2: Resu lt lable of ORT lesl fo r syll able based synlhesis. 
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Using the a RT test, an average of 88% of the wo rd s had been recogni zed correctl y by li steners in 

case of di phone based synthes is. On the other hand, an average of75% of the test words had been 

recogni zed correctly by li steners in case of sy llable based synthes is. 

The resul ts of the MaS tests are given below: 

Sentence Person 1 Person 2 Person 3 

MI(J (J{I (J" 2 4 2 

(I) ~(J.:" "'r", t\ t'l 1 3 2 

~,t·:" 11.1'1" ~,t]IJn. ~t.t'l 2 2 2 

~ ., j!.mJI'Il)t\ ·7 3 2 1 

t'l1J :,. M, :,. '/"" 7 2 2 2 

t,t\.(Jo. #'In II. " ~.v. " 2 2 ~ 

(JM9" ~t.r)h7 2 " " ~ ~ 

Table 4.3: Result table of MOS test for syllable based synthesis. 

Sentence Person 1 Person 2 Person 3 

MI(J (J {I (J" I I 1 

(Jl ~(l, :,. "'an t\ t'l 1 2 2 

~,t.:,. 11.1\" ~,t]IJ(\. ~t.t'l 0 1 1 

',1 .eant\l) t\·7 I 1 2 

t'l1J ·1· M,:J· '/""7 1 1 1 

)" t\. 00. on I J. C; 'I'V. 1 1 0 

(JM9" ~t.r)h7 1 1 1 

Table 4.3: Resul t table of MOS test for di phone based synthesis. 

Key: 0 - Poor 
I - Fair 
2 - Good 
3 - Vel'y Good 
4 - Excellent 
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4.2.6. ANALYSIS OF RESULTS 

In the ORT test, the words synthesized using diphones are more intelligible than the words 

synthesized using sy ll ab les. One of the problems observed with the sy llable based synthesis is the 

problem of germination. Most words with geminated symbols had not been uttered correctly by 

the system. The recorded co rpus itself doesn' t have geminated data. Germi nat ion is handled by 

doubling the consonant part of the gem inated symbol. 

But extracting the consonant part is very hard because it needs the identifi cation of the exact 

boundari es. As a result the symbol to be geminated may not be geminated correctly. Another 

prob lem that has been observed in both diphone based and sy ll able based syntheses was the 

problem to utter words with six th order endings. 

As mentioned previously, the vowel part of a sixth order symbol wou ld be omitted if the sixth 

order symbol comes at the end of a word. Thi s means that a sixth ord er symbol at the end of a 

wo rd is represented onl y by its consonant sound. But the problem with such an event is that it is 

d iffic ult to extract out consonant parts of a CV-Syllable from the speech corpus, as described in 

the previous paragraph, and as a resu lt the synthesized word utterance may not be intellig ible. 

A better way to handle the problem of germination is to incorporate the geminated form of each 

aco usti c unit in the acoustic inventory. 

Although it is not as much as the sy ll ab le based synthesis, the gemination problem is observed in 

diphone based synthesis too . In case of diphone based transcription, however, the consonant part 

of the gemi nated symbol has a chance of being repeated more than once. Th is is easily ill ustrated 

using the fo llowing example. 
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Word Diphone Transcription Syllable Transcription 

~,nn IAbbebel Is ii-a! la -bl Ibl Ib-el le-bllb-el le-s i II I a! Ib belibel 

As can be seen from the above example, the consonant part of the middle symbol (i. e. 'b') is 

repeated three times in the diphone based transcription and two times in the sy ll ab le based 

transcription. The more times a consonant sound is repeated, the more its duration would be and 

as a resu lt, the more geminated it wou ld be. 

The other problem that results in incomprehensible utterances in both diphone based and sy ll able 

based syntheses is pitch mismatch. If the acoustic units have different pitches then the 

concatenation result wi ll somewhat be of less quality, showing pitch variation from one acoustic 

unit to another. This problem can be minimized by recruiting professional speakers to record the 

corpus with constant pitch (Dutoit, 1997) 

From the MOS test result, it is apparent that sy llable based synthesis gives a better overall 

quality. Th is is because of the fact that discontinuity problem is observed more in diphone based 

synthesis than syllab le based synthesis. Since the concatenation points for diphone based 

synthesis are larger in number, the perceivable discontinuity increases correspondingly. The 

discontinuity is easi ly perceived by the li steners and most listeners do not seem to like perceiving 

di scontinuiti es. 

The MOS test result is al so affected by the inability to utter some words intel li gibly 111 both 

diphone based and sy ll ab le based syntheses . 
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CHAPTER FIVE 

CONCLUSION AND RECOMMENDATION 

5.1. CONCLUSION 

This thes is work is an attempt to see into the poss ibility of developing a TTS system for the 

Amharic language, by taking into consideration intonation and duration changes. The TO­

PSOLA techn ique has been used to modify pitch and duration of speech segments and 

subsequentl y synthesize the desired speech utterance. 

As can be seen from the ORT result, the intelligibility of the utterances is much better in case of 

diphone based synthes is. Those words with gemi nated sounds are often the ones that create 

problem in case of both syllable based and diphone based synthes is. Germination is handled by 

doubling the consonant part of the geminated Amharic symbol. But extracting out the consonant 

part of CV-Syllables is difficult because it is not easy to detect the boundary correctly. Even if 

the exact boundaries are identified, increasing the length of the consonant sound may end up with 

a nOise. 

The problem of germinati on cou ld best be handled by recording the geminated version of the 

sy llab les as a stand alone unit. This may add some burden to the memo ry of the system , but 

would give a better result. 

On the other hand , the diphone based synthesis seems a little better than sy ll able based synthesi s 

in that more words haVe been recognized correctly by the listeners. But diphone based synthes is 

suffers from the problem of perceivable di scontinuity. The di scontinuity is caused due to the 

boundary mismatches of the subsequent diphones . 
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5.2. RECOMMENDA nON 

This thesis work is an attempt to develop a TTS system for Amharic language, considering the 

possibi lity of handling prosodic effects using the TD-PSOLA. From what has been observed 

during the test sess ion , the quality of the recorded co rpus has a direct impact on the final results. 

Recording of corpus data should be carried out in a noise free laboratory . 

The other impact of the recording sess ion on the final result is the problem of pitch mismatch. 

The acoustic units are extracted from different word/phrase utterances. Ifthere is a high variation 

in pitch of these utterances, then a resulting pi tch variation will be imposed on the acoustic units, 

which in turn causes a pitch mismatch in the synthesized speech. Therefore, care should be taken 

in recording the data with more or less the same pitch. It is also good to record the whole corpus 

at one time because recording the corpus at different times may impose variations of pitch and 

amplitude (energy) between the corpus members. 

The major quali ty prob lem observed , espec ially in the case of diphone based synthesis, was the 

prob lem of discontinuity. This problem arises partly due to the inability to exactly identify the 

steady state regions of the acoustic units. This has been observed especially when trying to 

extract out sixth order consonants of the Amharic language from the corpus data. Additionally, 

the TD-PSOLA algorithm, being a time-domain synthesi s technique, lacks a means of adapting 

the spectral enve lops of concatenated segments to one another. 

Such a prob lem of spectral envelop mismatch can be handled by using the other variants of 

PSOLA techniq ue, like FD-PSOLA, MBR-PSOLA, LP-PSOLA, which can operate in the 

frequency domain and give a better quality than the TD-PSOLA. It is also poss ible to use other 
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hi gh qua lity techniques like the HNM which are be lieved to g ive hi gh quality than the PSOLA 

technique. 

Last but not least, care should be taken in se lecting the corpus member words or phrases because 

sometimes a g iven word may produce something different ti'om the actually needed sound 

because of the nature of the word in the language. Hence, it is advi sable to record two or three 

alternat ives for a single acoustic unit. 
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APPENDICES 

APPENDIX A: CORPUS WORDS AND THE CORRESPONDING ACOUSTIC UNITS 

Word Syllables Diphones Word Syllables Diphones 

,-mch·n me, ke me, ke, er ~M Is 

f/1J·ht.· Illll , ra I11l1 , uk, ra It,",/:" Ie Ie, em 

(1'1. "'1. Inl mi , im (11). A (lU. A UI 

",}(H· II'Jr. l11a ma, as, em, ar Mill Be be, ab, eb 

(1'/.'1(11 me, me, en Ih:'!L Bu, ke bu, ke,ur, ak 

9"~1l m"l, la mY, "II , la 11.':'1\,(:' bi, ro bi, ir, ro 

9"/'l :JC; ga, na ga, an , !laSs 1\unO.:'· 
., I 

(to t.J': 111 0 , re mo, or, re (lctt bo, sa bo, sa 

. '~II'1 t te, ri te, ri .;·c ru ru 

-/-Il.!'(' Ie Ie, el -/l/fo re re 

-/:1] tll , ba tll, ub, ba tiC kI kI 

-1;"'/-1:9" ti ti C'I"" rr (( 

:)·~.f l ta, ni , ka ta , ni , ik, ka Il :J 5"' sI 

-/:9" -IIC te, bI teo hI, "lr fl-I]~ .. su su 

-)-(: '1-9" n,gu t'I ,gu, lim 'IAIl, si si 

-r'II" tO, lo to, 1o, 01 alJ~h'fL se us, se 

','ltl ge, se, ne ge, se, ne, eg, es (t t. ~ so 

'/."/ I1U nu, ug 'I. 'i'I' gi gi, in 

'I. c~ }i. (Il~ fl ni cd, os ~,(:"I- ge ge, og 

r,tj":~1~·1· ot -)111/ go go, ob 

~\£w).:J· ne am, ne y'I]A de de 

-)"lc -1' nY, gr nY, Yg, gr ,Ii. ,l~ da id , da 

ij't.. 11 0 110 .1': ,11 dI dI, ·'b 

II " 
ek O •• t~ .It .. de de, ad, ud 

~,I\·I]A:)· Ill , a1 )l. "'/ do do, om 

II. :JI] Ii Ii , ig 

Vowel Example 

e t. 

1I l,·f. ·1· 
, h.'l"'1 

a l,'H' 

e lbf.·} 

'j "uu(t ."t-

o J,( ~'tr) 

f , 



APPENDIX B. THE AMHARIC CHARACTER SET 

Adapted/rom : Bender et af. (1 976) 

Order Labialised 

I " 1 2"u I 3'u I 4'" I 5'" I 6'" I 7'" 

II II· 'I. '/ 't II U' 

tI tI· tI. " tI. A tI .. '.l. 
,h rho rho ", ,h. ;" ," 
au flO. 177. III/ 0"/. 9" lill "J.. 
,p w. "I. "I .... /, P' Y' 

t- O;. t'. /.. &, C (!" ;:: 

r'I r'I. r'I. I'! r'I. () (I I). 

0 0· 0. i'j 0. 7i j'I' ri. 
'I' 'l: 'I: :.I' 'Il 

;,~ ,II ('r. 4" * *1 'I'"·· 

(l (l. (l . I] (], .(l (l IJ. 
'I' -I: 'I: ;J' -I; -} 'f' :t 

'I: 'I; 'I: :r ''; :)', ,y. ;f; 

'~ ,~, ,t :'> '~. 1 ( '~. ' ~~ :.\ :.\. ' ~" 

~ • ,. ~, r, ~, '} '" , s: 
~~ ," / ' 1. ~ '1, '} 'll' ~ 

>, A' A, A A. ~, >. 
OJ w, 'C 'P '/I OJ' 9' 
(I (I, '}, '} ,}, () }' 

h h, h, t-, tL 11 " tI- tl' ':I, I-t h', 

'Ii 'Ii, 'fl, 'Ij 'Ii. 1'1 'ti 

" ", I/, 'I II. 'II I' \1, 

'If' '/I: 'It: '.(' '1(; 'j'1' "" ' \1,' 

f' {~ 1'., ,f' {Jo ~ r' ., ." l ,'J 'I. "/ 'J ". .,.. 'l 'I. 'I', 

f, c' ' I' .~. P, f.. Y.: p, ~, 

;(>: 'c" 
, I' }( :4' ( ~: 'ji. 

(fl (fl' (fl, a, (fl. 'I' (Il a), 

('I;}' (.J;\: lXI, 6"J. td.\? 6V' ,fib fJ/). 

l'. l'., l'., l\ l'., l'.' X .. -~ 1,1, 

(I fl· 'I, 'I 'I, () P 

* *' *, Jl *. *' P-

I., 1· 6. 1. I." lj: c;: 5: 
T 'r: '{ :r 'r; T T 

n il, il, 7j il. ·il (i' 

/ 
I 
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