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ABSTRACT

Speech synthesis is a process of making artificial speech which mainly requires computers to
understand the language speaking rules. Even if there are several techniques of producing
synthetic speech, it is still challenging to find one that overcomes all the limitations. One of the
speech synthesis techniques is formant synthesis which is based on the well-known source-filter
model. This project work has aimed at developing a speech synthesizer for Amharic language

words using this technique.

The project started by extracting the resonance which is the most important parameter in formant
synthesis and other parameters like formant bandwidth, fundamental frequency (pitch), etc from
speech file. At the same time the acoustic parameters of the file were passed to the formant
synthesizer to synthesize voiced sounds. The unvoiced sounds were segmented from all Amharic

syllables and stored in appropriate place.

In order to develop the system, there are phases that were performed. These are speech analysis,
text analysis and synthesis. In the speech analysis phase, recording of the speech and extraction
of the acoustic features from the wave files was made. Segmentation process was conducted
before extracting the features of the speech. This process was performed using wavesurfer which

is a speech analysis tool used for studies of acoustic phonetics.

Therefore, every input text that comes to the system had to be transcribed and produced
phonemes from input text. With these phonetic strings, we could generate an artificial speech for
the voiced sounds and selecting the consonants with its co-existing context and concatenate these
units to synthesize a word. The system provided flexibility of a speech with low memory and data

requirements.

viii
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CHAPTER ONE

1. INTRODUCTION

Language is a fundamental part of everyday life. Whether we are using speech, sign language, or
a coding system that conveys meaning through touch, we use language to express our thoughts,

intentions, reactions, and experiences [1].

Speech is one of the oldest and the most widely used means of communication between people
and it plays a great role especially in a human-machine interaction. People have extensively

studied it and often tried to build machines to handle in an automatic way.

The idea that a machine could generate speech has been with us for some time, but the realization
of such machines has only really been practical within the last 50 years. Even more recently, it is

in the last 20 years that we have seen practical examples of text-to-speech systems.

Text-to-speech (TTS) synthesis technology gives machines the ability to convert arbitrary text
into audible speech, with the goal of being able to provide textual information to people via
voice messages. The system takes as input a sequence of words and converts them to speech.
Speech synthesis systems are often called text-to-speech (TTS) systems in reference to their
ability to convert text into speech. The ultimate goal is to have the best human-like speech quality

from the overall system [2].

When an application produces synthesized speech, however, it communicates with users in
human terms, in a natural and efficient way. Using speech, an application can communicate an
almost infinite range of information to the user. Because it is not limited to producing a small set

of sounds, users must learn to associate with specific conditions or actions.



The creation of synthetic speech covers a whole range of processes, and though often they are all
lumped under the general term text-to-speech, a good deal of work has gone into generating
speech from sequences of speech sounds. This would be a speech sound (phoneme) to audio

waveform synthesis, rather than going all the way from text to phonemes, and then to sound [6].

The realization that the speech signal could be decomposed as a source-and-filter model, with the
glottis acting as a sound source and the oral tract being a filter, was used to build analog

electronic devices that could be used to mimic human speech [1].

The prediction of parameters that compactly represent the signal, without the loss of any
information critical for reconstruction, has always been, and still is, difficult. Early versions of

formant synthesis allowed these to be specified by hand, with automatic modeling as a goal.

Today, formant synthesizers can produce high quality, recognizable speech if the parameters are
properly adjusted, and these systems can work very well for some applications. It is still hard to
get fully natural sounding speech from these when the process is fully automatic as it is for all

synthesis methods.

Even if there is a great advancement on the tools used for developing speech synthesizer for
different languages in the global world, very few works were tried for local languages like
Ambharic. Therefore our target will be to build speech synthesizer for Amharic words that will

produce a recognizable speech using formant synthesis technique.

1.1. Statement of the Problem

In the past decade, the performance of automatic speech processing systems like speech
synthesizers have improved dramatically, resulting in an increasingly widespread use of speech

technology in real-world scenario. Whenever we are choosing to develop a speech synthesizer for



Amharic language words, we are considering the following most important predictors [6].
e the current and future number of Amharic language speakers
e the economic and political potential of the countries where this language is spoken
e the information technology needs of the population, etc.

Even though the technology like TTS is growing from time to time to make things easy, people
who are living in developing countries like Ethiopia are unable to utilize it. This is because of the
difficulty to find and use these products easily and lack of knowledge about the foreign language.
Therefore, Amharic is one of the local languages that require language analysis so as to allow
easy access to these TTS applications. For example, it is very hard for visually impaired people to

navigate computer prompts, unless they are supported with some sort of Amharic voice.

Therefore, this project focused to develop Amharic word synthesizer that will play a great role in
supporting human-machine interaction in the area of TTS and solve the problems that exhibit the

teaching of the language.

The reason for choosing a word level synthesis and employing formant-based technique is

described as follow.

It is impossible to create a synthesized speech for a phrase, clause or a sentence of any language,

unless words are synthesized. This is because, words:
e are units of the language that carry meaning
e have phonetical value and consist of one or more morphemes
e used to create phrases , clauses and sentences

Formant speech synthesis techniques is employed because



e it is not computationally intensive process compared to other synthesis techniques.
e it needs very small memory as compared to other techniques.

e it has flexible nature.

1.2. Significance of the Project
The project would have a lot of significance in different areas. Some of them are listed below.
e Automatic telephone-based inquiry systems for every organization

TTS applications play a great role in communication services. In these
systems, textual information can be accessed over the telephone. Mostly, they
are used when the requirement of interactivity is little and texts range from a

word to simple messages.
e Computer based language teaching

Speech Synthesizers are helpful to learn a new language known as computer
aided learning system. In addition, they are very useful to teach kids with new

languages.
e Automatic document reading for the blind

Blind people can benefit from the synthesizer since it gives them access to

written information.

e To synthesize different types of voices in animated movies and self-learn multimedia

education packages in Amharic



1.3. Objective of the Project

The general objective of this project is to develop a speech synthesizer for Amharic words using

formant based technique.
The specific objectives are:

e Collecting acoustic data about Amharic syllables from a given utterance and extract

features appropriate for parameterization.
¢ Identifying and extracting phonetic feature of syllables.

e Synthesizing Amharic words using the selected parameters.

1.4. Scope of the Project
The focus of this project is to develop a speech synthesizer for Amharic words only using
formant based technique.

1.5. Methods and Tools

Different speech synthesis techniques have been studied to identify features that would be

applicable for Amharic and other languages in order to choose the technique for this project.

The tools used and main activities that were conducted to achieve the objectives of this project

were the followings.

e Appropriate and representative parallel Amharic corpus (text versus acoustic) data

were collected to analyze the Amharic phonemes.

e Speech files were segmented into phonemes in order to extract the acoustic

parameters to all voiced sounds from the wave file.



e Wavesurfer and colea, a speech analysis tools, were used to analyze the speech and

extract the formants and other relevant information from the speech file.

e Matlab 7.0 software was used to develop the speech synthesizer.

1.6. Organization of the Report

This project report contains seven chapters including this chapter. Chapter two presents review of
related literature and research works which were conducted previously about speech synthesis on
Ambharic language. In chapter three, analysis of Amharic language is presented. In chapter four,
the requirement analysis of the system is presented. In chapter five, the design and system
development environment of the system is discussed. In chapter six, the implementation of the
system i.e., presentation of the speech synthesizer is described and finally conclusion and future

works are stated.



CHAPTER TWO

2. LITERATURE REVIEW

Speech Technology, one of the major areas in language technology mainly focuses in speech
synthesis and speech recognition. Speech synthesis can be described in simple words as a
machine speaking to people. This mainly requires computers to understand the language speaking
rules. TTS synthesizers belong to this category. Speech recognition can be considered as people
speaking to machine. This requires computers to understand the speech. Speech-to-text systems

belong to this category [10].

In this project work, the speech synthesis component of speech technology has been considered

with reference to Amharic language as required.

2.1. Speech Synthesis

Speech synthesis is the process of converting a written text into speech and this technology gives
machines the ability to convert arbitrary text into audible speech, with the goal of being able to

provide textual information to people via voice messages.

The major purposes of speech synthesis techniques are to convert a chain of phonetic symbols
into artificial speech, to transform a given linguistic representation and to generate speech

automatically with information about intonation and stress i.e. prosody [8].

In TTS systems, the process of converting written text into speech contains a number of steps. In
general, TTS system contains two components: the Natural Language Processing (NLP) and the

Digital Signal Processing (DSP) [7].



NLP is targeted to produce phonetic transcription of the text, together with the desired intonation
and rhythm. The DSP transforms the symbolic information it receives from the NLP module into

speech. These components are discussed in the following section.

2.1.1. The Natural Language Processing component

The NLP component consists of three processing stages: text analysis, automatic phonetization

and prosody generation [7].
Text Analysis

The first stage of natural language processing, the text analysis, consists of four modules: pre-
processing module, morphological analysis module, contextual analysis module and syntactic-

prosodic parser. Each of these modules will be discussed in the following section.

In a pre-processing module, the input sentences are organized into lists of words. The system
must first identify these words or tokens in order to find their pronunciations. In other words, the
first step in the text analysis is to make chunks out of the input text - tokenizing it. There are
many tokens in a text that appear in a way where their pronunciation has no obvious relationship
with their appearance such as abbreviations, acronyms and numbers. Apart from tokenization,

normalization is needed where a transformation of these tokens into full text is done.

In a morphological analysis module, all possible part-of-speech categories for each word are
proposed on the basis of their spelling. For example inflected, derived and compound words are

decomposed into their morphs by simple grammar rules.

A contextual analysis module considers word in their contexts. This is important to be able to
reduce possible part-of-speech categories of the word by simple regular grammars by using

lexicons of stems and affixes.



In a syntactic-prosodic parser, the remaining search space is examined and the text structure is
found. The parser organizes the text into clause and phrase like constituents. After that the parser

tries to relate these into their expected prosodic realization [8].
Phonetization

The second module is the Letter-to-Sound module (LTS), where the words are phonetically
transcribed. In this stage, the module also maps sequences of grapheme into sequences of
phoneme with possible diacritic information, such as stress and other prosodic features that are

important to fluency in naturally sounding speech.
Prosody Generator

The last module, the prosody generator, is where certain properties of the speech signal such as
pitch, loudness and syllable length are processed. Prosodic features create segmentation of the
speech chain into groups of syllables. This gives rise to the grouping of syllables and words in

larger chunks [7].

2.1.2. The Digital Signal Processing Component

Intuitively, the operations involved in the DSP component are the computer analogue of
dynamically controlling the articulatory muscles and the vibratory frequency of the vocal folds so

that the output signal matches the input requirements [8].

In order to do it properly, the DSP component should obviously, in some way, take articulatory
constraints into account, since it has been known for a long time that phonetic transitions are

more important than stable states for the understanding of speech [9].

Computers made it possible to utilize speech synthesis for practical purposes, and several systems



with the function of converting text to speech were developed. TTS systems perform a range of
processes, from text normalization, pronunciation, and several aspects on symbolic and acoustic

prosody, finally generating speech at the last step [2].
This, in turn, can be basically achieved in two ways.

e Explicitly, in the form of a series of rules which formally describe the influence of

phonemes on one another;

e Implicitly, by storing examples of phonetic transitions and co-articulations into a
speech segment database, and using them just as they are, as ultimate acoustic units

i.e. in place of phonemes.

2.2. Speech Synthesis techniques

Even if it is hard to find the best method that satisfies the naturalness of concatenative technique
and intelligibility of the formant method, there exist several methods to synthesize speech. Each
method falls into one of the following categories: articulatory synthesis, concatenative synthesis,

and formant synthesis [3].

2.2.1. Articulatory Synthesis

Articulatory synthesis also mathematically models speech production, but models the speech
production mechanism itself using a complex physical model of the human vocal tract.
Articulatory synthesizers model human speech production mechanisms directly rather than the
sounds generated; in some cases they might give more natural sounding speech than formant
synthesis. They classify speech in terms of movements of the articulators, the tongue, lips and

velum, and the vibrations of the vocal cord. Text to be synthesized is converted from a phonetic

10



and prosodic description into a sequence of such movements and the synchronizations between
their movements calculated. A complex computational model of the physics of a human vocal
tract is then used to generate a speech signal. Articulatory synthesis is a computationally

intensive process and is not widely available outside the laboratory [2].

2.2.2. Concatenative Synthesis

This speech synthesis technique uses actual snippets of recorded speech that were cut from
recordings and stored in an inventory called voice database, either as waveforms (uncoded), or
encoded by a suitable speech coding method. Elementary units i.e., speech segments are, for
example, phones (a vowel or a consonant), or phone-to- phone transitions (diphones) that
encompass the second half of one phone plus the first half of the next phone (e.g., a vowel-to-
consonant transition). Concatenative synthesis itself then strings together (concatenates) units
selected from the voice database, and, after optional decoding, outputs the resulting speech
signal. Because concatenative systems use snippets of recorded speech, they have the highest

potential for sounding "natural”[3].

This method is very suitable for some announcing and information system applications. However,
it is quite clear that we can not create a database of all words and common names in the world.
Most literatures suggested that it is even inappropriate to call this as a method of speech
synthesis, as it contains only recordings. This approach usually needs larger memory to store the
recorded sounds. The problem is not only in the size of the database, but the output from such

system is also limited to one speaker and one voice [21].

2.2.3. Formant Synthesis

Formant synthesis systems synthesize speech using acoustic models of speech production. This

11



means that they model the speech spectrum and its changes in time as we speak, rather than
model the production mechanisms themselves. Parameters such as pitch, voicing, and noise
levels are varied over time to synthesize speech waveforms. This method is also called parametric
based synthesis. Formant synthesis uses a relatively simple system to select from a small number
of parameters, with which to control a mathematical model of the speech sounds. A set of
parameters is picked for each speech sound and they are then joined up to make the speech. This

stream of parameters is so turned into synthetic speech using the model [2].

Formant synthesis systems are sometimes referred to as synthesis-by-rule systems or more
usually formant synthesizers. Commercial TTS engines using formant synthesis have been
around for many years. DecTalk, Apollo, Orpheus and Eloquence are well known TTS engines

that use formant synthesis [4].

The strength of formant synthesis is its relative simplicity and the small memory footprint needed
for the engine and its voice data. This can be important for embedded and mobile computing
applications. Formant synthesis generates highly intelligible, but not completely natural sounding

speech [4].

2.2.4. Mathematical Description of formant Synthesizers

There are two basic structures in formant synthesis: cascade and parallel. But, for better
performance some kind of combination of these is usually used. A cascade formant synthesizer,
as shown in Figure 2.1, consists of band-pass resonators connected in series and the output of

each formant resonator is applied to the input of the following one [21].

12



F1 F2 F3

T b

Excitation Formant 1 % Formant 2 7\ Formant 3 % Speech

Figure 2.1: Basic structure of the cascade formant synthesizer [21].

A parallel formant synthesizer as shown in Figure 2.2 consists of resonators connected in parallel.
Sometimes extra resonators for nasals are used. The excitation signal is applied to all formants
simultaneously and their outputs are summed. Adjacent outputs of formant resonators must be
summed in opposite phase to avoid unwanted zeros or anti-resonances in the frequency response.
The parallel structure enables controlling of bandwidth and gains for each formant individually

and thus needs also more control information [21].

F1  BW1
Al \l/ \l/
% Formant 1
F2 BW2
A2
4 p— !
Excitation % Formant 2 - \>_|.< N, Speech
ey />< s
.l.
F3 BW3
A3 \l/ |/
H%% Formant 3

Figure 2.2: Basic structure of the parallel formant synthesizer [21]
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A parallel formant synthesizer allows for the direct control over formant amplitudes and sums the
outputs of the simultaneously excited formant resonators. But, it is not as good as accurate
acoustic imitation of vocal tract behavior in speech as cascade. Parallel synthesizers are better
adapted at producing consonants, but some vowels can not be modeled with parallel formant

synthesizer [21].

Formant synthesis uses a set of parameters to synthesize the speech. The model explicitly
represents a number of formant resonances (usually from two to six) and this formant resonance
can be implemented with a second-order IIR (Infinite Impulse Response) filter' as shown in

equation (2.1). The H; are the formant resonance where 1 < i <6.

H| E:} = — ]' ] ) 3
) 1-2e U cos(2mf )z +e 2T
(2.1)
With  fi=Fi/Fs and bi=Bi/Fs,

Where Fi is the formant’s center frequency
B; is formant’s bandwidth,
Fsis sampling frequency
Z is a point in a complex plane (z-transform plane).

The point where H(z) becomes zero is called the poles of the transfer function and can be

represented as z=re!’. Poles and zeros exist in complex conjugate and hence z*=re ’is also a

pole. @ defines the formant frequency and r defines the bandwidth of the transfer function.

L1IR is a property of signal processing systems and has an impulse response function which is non-zero over an
infinite length of time.

14



Note that, re ¢ is within the unit circle for all stable systems?, which is shown in figure 2.3.
A

img

A
v

real

Figure 2.3: unit circle

The formants obtained from this equation are important input in the synthesis process. A filter
with several resonances can be constructed by cascading several such second-order sections

(cascade model) or by adding several such sections together (parallel model) [22].

Unlike the cascade model, the parallel model requires gains (G) to be specified for each second-
order section, which are chosen proportional to the formant’s frequency and inversely proportional

to the formant’s bandwidth. So equation (2.1) will be represented in the following manner.

G

-2e™ cos(2x j}):'! +e iz

Hiz)= 1
(2.2)

2.2.5. Formant Extraction Techniques

Formants, the resonance of the vocal tract, are the key parameters in the synthesis of the speech.

The frequency at which they occur is said to be the formant frequency. The equation of the

2 Stable system is a system that all nearby initial conditions remains nearby of an equilibrium
point.

15



transfer function that defines formant frequencies and its bandwidth H; (z) is shown below.

G
Hiz)= 1-a,;z '-a,z

-2

G |
7
Hi(2) = 1—2 a,z &
k=1

G.
= : i : 2.3
(L-re?zH-re %z

This equation describes a single pole equation (z = re'?). However, a speech signal has multiple

formants. An all model of such a formant can be represented by a transfer function

a,z 2.4

M-

Hi(Z): 1-—

=~
]
-

This equation is exactly identical to the transfer function of linear predictive coding which states
the n™ speech sample is a linear combination of past p speech signals plus the current input,

where p is the order of the prediction.

Mathematically

s[n] = Zp: a,s[n — k] + Gx[n]
V2l = Y a2 +GX[2)
V- Y ayizle = GX[7]
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ylzl(1- > 3 ylzlz™*) = GX[Z]

ylz] _ G
iz = hlz] = 1‘Zp . (2.5)

Where, G is the gain factor and ax are the LP (Linear Prediction) coefficients and p is the order of
the linear prediction, where 0< k <P. In Linear Prediction, we assume a signal s[z] to be

“predicted” from a linear combination of its past values and an input x[n].

The Linear Predictor is used to separate speaker dependent information such as vocal-tract
length, pitch, formant frequencies from speech. These information’s are extracted by using

different methods and two of them are discussed in the coming section [23].
Spectral peak picking method

The spectral peak picking methods and its variants have been widely used for a long time in
formant extraction. Usually it requires low computational complexity, but they often seriously
suffer from the peak merger problems [23], where two adjoining formants are identified into a
single one. From the LP coefficients it is possible to construct the inverse filter of H(z)

(prediction error) as follows:
p
H*(2)=A(z)=1-) a2 (2.6)
k=1

This inverse filter provides the spectral shape (carrier signal) given unit impulse as an input.

The vocal tract filter shape in Eq. (2.1) can be obtained from the prediction error using filter Eq.
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(2.6). The spectrum obtained by the above-mentioned procedure, usually called LP spectrum. As
the name suggests, this type of formant extractors tries to find resonances on the spectrum.
Spectral peak picking methods are advantageous in that they show relatively reliable results and

do not require much computation.
Root extraction method

In this method, like the spectral peak picking method, we first compute linear prediction
coefficients and obtain the prediction-error filter A(z). Comparing with Eq. (2.3), we can easily
find that the roots of this polynomial A(z) correspond to the poles of the vocal tract system. Thus,

we can obtain candidates for formants by solving A(z) = 0, using numerical methods.

When poles are kept sufficiently apart, and one of these poles, z =roe! #0 forms a formant, the
formant frequency F, and the formant bandwidth B can be represented by the following

equations:

Feodig, 2.7)

2m
B= —%ln (ra), (2.8)

Where ry is the magnitude of the pole, ¢ is the phase of the pole, fs is the sampling frequency, F
is the formant frequency, and B is the 3-dB formant bandwidth. Thus, if we find the roots of the
prediction-error polynomial, we can obtain the formant frequencies using Eg. (2.7). In addition,

we can get the bandwidth information from Eqg. (2.8).
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Studies show that, root extraction method is not as reliable as the spectral peak picking method
and obtaining roots of A(z) requires very high computational complexity [23]. So, in most cases,

this method is not used in real-time implementation, except for research purposes.

2.2.6. Formant-based Speech Synthesis on Amharic Language

Many formant synthesizers were done for different languages like English, French, Finnish, etc
and it shows promising result. When we consider the Amharic language, very few works were
done on speech synthesis before and some of them are the following. A thesis work which were
done by Laine Birhane [20], TTS system for Amharic language, and a project is also done by
Habtamu Taye[19] on speech synthesis for Amharic language using the same technique., i.e.,

concatenative technique.

Even if these are some of the works done using concatenative approach, there is no significant
research work conducted using formant based speech synthesis techniques except one i.e.,
formant based speech synthesis for Amharic vowels by Nadew Tademe. He has introduced a
method of formant based speech synthesis for Amharic vowels. A synthesizer is developed that
produces vowels according to their context in a given word. The technique models the human
speech production system in the form of source and filter, in which the source is completely
independent from the filter. The source is identified by the air flow from the lung to vocal cord
and the filter represents the resonance of the vocal and nasal tracts, which are also called the
formant that changes from time to time. The resonance is due to the constriction of the vocal tract
while generating different sounds. Finally, the formant synthesizer provides high flexibility, due
to the potential of adjusting any of the acoustic parameters during run time. This potential has

enabled us to produce vowels from different contexts [5].
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CHAPTER THREE

3. ANALYSIS OF AMHARIC LANGUAGE

3.1. Introduction

Ambharic is the official language of Ethiopia. It belongs to the Semitic language family that has
the largest number of speakers after Arabic and is characterized by a quite homogeneous

phonology distinguishing between 234 distinct Consonant-Vowel (CV) syllables [11].

Ambharic uses a unique script, which has originated from ancient language, the Ge’ez alphabet,
which is the liturgical language of the Ethiopian Orthodox Church. Written Ge’ez can be traced
back to at least the 4th century AD. The first versions of the language included consonants only,

while the characters in later versions represent consonant-vowel (CV) phoneme pairs [18].

The script of Amharic language is phonetic in nature. It has 32 consonants and 7 vowels. The
orthographic representation of the language is organized into orders. Each of the 32 consonants
has seven orders (derivatives). Six of them are CV combinations while the seventh is the

consonant itself. For each consonant C, the orthographic ordering is as follows [17]:
Clel Clul Clil Clal Clie/l C Clol.

Unlike the orthographic representation, Amharic language has one special property in its spoken
form (CV sequence of the acoustic form of the orthographic representation). The sixth order
orthographic symbols, which do not have any vowel unit associated to it in the written form (CV
transcription of the orthographic form), may associate the vowel /ix/ in its spoken form which has
important role during syllabification of the word in the language which allows splitting

impermissible consonant clusters [18].

20



Like other languages, Amharic has its own characterizing properties. For example, Amharic has a
set of speech sounds that are not found in other languages, for example English. These are the

glottalized plosives (3,9, p, B and €) which have a sharp click-like character [13].

3.2. Amharic Language Syllable and Phoneme

Amharic words use consonantal roots with vowel variation expressing difference in
interpretation. In modern written Amharic, each syllable pattern comes in seven different forms
(called orders), reflecting the seven vowel sounds. The first order is the basic form; the other
orders are derived from it by more or less regular modifications indicating the different vowels.

There are 33 basic forms, giving 7 * 33 syllable patterns (syllographs), or fidels [18].

Although Amharic is a Semitic language like Hebrew and Arabic, its writing is a syllabic left-to-
right script [18]. The basic Amharic alphabets are shown in Table 3.1 with their derived forms.
They are organized in the form of 33 rows by 7 columns table. Characters in the first column are
called First (First order), the remaining columns are also labelled as: Second, Third, Fourth, Fifth,
Sixth and Seventh according to their position in the table. Another naming system is still
available. The first column characters are called Ge’ez (0°') that is to say first in Ge’ez. Similarly
the remaining characters are named as Ka’ib (Y®w), Sali’s (dMe), Rab’i (*w°), Hami’s (HUe),

Sadi’s (dEe) and Sab’i (dw®) respectively [14].
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Table 3.1: Amharic alphabets with their seven orders

First Second Third Fourth Fifth Sixth Seventh

1] 15 Y, Y 7 U v
i - i, ! s M (i
h v dh, «ly w oh ch
arn o o, a7 1 i "
7y [T oy y vy, A 'l
& 5 & P o f o
il i (L, /) s { (i
i 1] il i il i i
4 ui I; & & + f
N + ., n iL 11 n
-+ |z + G 4 + -
T {5 i i £ ks r
i “F "1, 2 g g &l
‘.- - ) 5 2 7 &
- = 5 o 5 % s
A e f. A H M h
n 15 n, h . n h
il LL T L] . f s
(1] i, P P ‘B (ar m
0 (5 9, % % 1] I3
H i IL H . i L
W W If; W g T "
f 7 &, i & 2 P
1A - 5. 5 Lo & £
4 % E ] [ & X
1 P 1, K 2 ] )
in i in, ] ilh T in
iFL [nF [Anl “E), (an o i
A e 2. 4 % by A
A iy A A N A A
i i 9, 1 7 i r
. & s 4 fo & [
T IS T 7 5 T 7
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A set of 39 phones, seven vowels and thirty-two consonants, makes up the complete inventory of
sounds for the Amharic language. A brief overview of each of these major categories of Amharic

phonemes is given in the following section [13].

3.2.1. Consonants

Ambharic consonants are generally classified as stops, fricatives, nasals, liquids, and semi-vowels
[4]. Table 3.2 shows the phonetic representation of the consonants of Amharic as to their manner

of articulation, voicing, and place of articulation.

Table 3.2: phonetic representation of the Amharic consonants [17]

Labials Alveolar Palatals Velars Labio-Velar | Glotials
Stops Voiceless p| T t + k | h | k b |ax | 0
Voiced b | -l d £ g ? ax 4
Glottalized | px | & | « P q | * | qx *
Fricatives Voiceless f q s N sx | W h | ¥
Voiced v | Al z N | oz | A
Glottalized XX iy hx | 4
Africatives | Voiceless c
Voiced ] e
Glottalized cx | o
Nasals Voiced m | n 1 nx | ¥
. | (
Liquids Voiced ; A
Glides w | @ y | &
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3.2.2. Vowels

The vowels (- ><»>= e »? and *) are categorized as rounded (>< and *) and un rounded (-, ;@ »=

and »?). Another categorization according to the place of articulation is given in table 3.3.

Table 3.3: Categories of Amharic Vowels.

front centre back
high »=[ii] S[ix ] <[ul
mid »?[ie] [e] *[0]
low ce[a]

In general, there are about 39 phonemes of Amharic alphabets. These phonemes have been used
to contain the acoustics units of the formants and speech file, i.e., (acoustic inventory data) which
are then used to get the synthesized speech corresponding to the given word. For this project, we

have used synthesis units consisting of CV clusters along with consonants (C) and vowels (V).

3.3. Transcription and Transliteration of Amharic Scripts

For Amharic language, before transcription is made the transliteration (representation of an
alphabet with letters from a different alphabet) of each character is made by using the ASCII

value of each of the character.

Transliteration is the practice of transcribing a word or text written in one writing system into
another writing system or system of rules for such practice. For this work, the transliteration
scheme proposed by Sebsibe [17] is adopted. The complete list of this transliteration scheme is

show in table 3.4[17].
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Transcription is the process of producing phonetic representation of a given word. For example

the word Petros / 8?@ae / is transcribed as px ie tx iX r 0 s.

Table 3.4: Amharic Phonetic List, IPA Equivalence and its ASCII Transliteration

IPA Tl':l11’5-:'1'i11tic|11I Ambharic
equivalence
Consonants
[p] [p] L)
[] [£] T
[k] [k] n
[?] [ax] 0
[b] [b] 1l
[d] [d] L'
=] [=] 7
[p] [px] A
[t] [tx] T
[c’] [ex] “
[q] [4] +
[f] [f] ik
[s] [s] 0
1 [sx] i
[b] [h] v
[s'] [xx] A
[4] [c] T
(2] bl ¥
[m] [m] g
[n] [n] L
[n’] [nx] ]
[1] (1] A
[z] [1] C
0] [v] £
[w] [w] o
[v] [v] il
[z] [z] L
[z'] [zx] i
Vowels
(2] [e] h
[v] fu] 3
[1] [11] h.
[a] [a] Ah
[e] [ie] v
[%] [1x] A
[o] [o] 2
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CHAPTER FOUR

4. SYSTEM REQUIREMENT ANALYSIS

4.1 Introduction

Requirements are descriptions of how a system should behave or a description of system
properties. It can alternatively be a statement of ‘what’ a proposed system is expected to do. In
the following section, the requirement analysis and different analysis models will be produced

and discussed.

4.2 Requirement Analysis

Requirements analysis is the process of understanding the needs and expectations from a
proposed system. The Requirement analysis contains both functional and non-functional

requirements and those are described in the following section.

4.2.1 Functional Requirements

The developed system is expected to provide different functionalities. First, the system should be
able to accept text as an input, and this input text should be transliterated, i.e., changing of a text
written in one writing system into another writing system as discussed in section 3.3. The system
should also be able to perform phonetiization, i.e., identifying the phonemes (consonants and
vowel) of the given text, the system should also be able to retrieve the parameters from the

inventory data and finally the system should be able to perform synthesis and produces speech.
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4.2.2 Non-Functional Requirement

When designing the system, the following constraints must be taken into account. Those non-
functional requirements are discussed below.

The system should take into consideration the time and storage complexity of the system,
time/space bounds, i.e., the system should need a very small amount of space and time to process.
The system must be expandable, i.e., the system should support the addition of new functionality
without too much effort.

The system must be easy to use, i.e., the system should have very easy interface and easy to learn.

4.3 Analysis Model

To produce a model of the system which is correct, complete and consistent, we need to construct
the analysis model which focuses on structuring and formalizing the requirements of the system.
Analysis model contains functional, object and dynamic models. The functional model can be
described by use case diagrams. Class diagrams can describe the object model. Dynamic model
can also be described in terms of sequence, state chart and activity diagrams. For the purpose of
this project we have described the analysis model in terms of the functional model and dynamic

models using use case, sequence and activity diagrams.
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4.3.1 Use case Diagram

Use cases of the system are identified to be “Phonetize”, “FeatureExtract” , “Transliterate”,
“selectFeature” and “synthesize”.

“FeatureExtract” and*“Transliterate” Use cases are initiated by the user (Actor) of the system.
“SelectFeature” initiate the “featuerExtract” and “synthesize” use cases. The “transliteriate” use

case initiates the “phonetize” use case. Figure 4.1 depicts the use case diagram of the system.

/// .
_— Transliterate
/// |
_— |
//// |
— |
_— <<uses>>
— N
_—
—
Phonetize
User ‘
\
\
\ <<uses>>
|
_ |
< T —
FeatureExtract <<uses>>

SelectFeature
|

“ <<uses>>
|

W/

Synthesize

Figure 4.1: Use Case Diagram of the system
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4.3.2 Sequence Diagram

Sequence diagrams show the interaction between participating objects in a given use case. They
are helpful to identify the missing objects that are not identified in the analysis object model. To
see the interaction between objects, the following describe the sequence diagram of each

identified use cases.

:SynthesizeControl :SelectFeatureControl :FeatureExtract
Control

getSelectedFeature()

|
g

|
u SelectFeature()
|

|

|

|

“1

‘ T ReturnFeature() ‘

‘ SendFeature() u u
Cr%ateSpeech()

= T |

SEveSpeech() ‘ ‘

I | |

Jynthesize() ‘ ‘

= ]

| |

| |

\ \

—

Figure 4.2: Sequence Diagram of synthesize use case

As shown in Figure 4.2, the ““Synthesize™ use case is initiating the ““SelectFeatureControl” object
of “SelectFeature’ use cases. The ““synthesizeControl” object receives the extracted feature data
from “SelectFeatureControl’ object that gets from the “FeatureExtractControl” object. After that,

the ““SynthesizeControl™” object will be responsible to create, save, and synthesize speech.
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.user .userinterface :TransliterateControl :phonetizeControl

insertinput()

pressButton()

/tlrgnsliterate()

<

I sendTransliteratedData()

| |
i \
71 submitinputg |
| |
| |
| |
| B
| |

Figure 4.3: Sequence Diagram of Transliterate use case

“Transliterate” use case is initiated when the user inserts a text to the system. After the
userlInterface is activated by the user, the data will be submitted to *““transliterateControl’” object

for processing.
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:transliterateControl :phonetizeControl :SelectFeatureControl :FeatureExtractinControl

‘ transliteratedData() ‘

phonetize() ‘ ‘
| |
SendPhonetizedData() ‘ ‘
‘ /I—H FeatureExtract() ‘
ReturnFeature()
<7 - 1

Figure 4.4: Sequence Diagram of phonetize use case

“transliterateControl” object initiates the “phonetize” use case. The “phonetizeControl” object
initiates the “SelectFeature” use case and the “selectFeatureControl” object manages the feature

selection process. Finally, the “FeatureExtractionControl” object returns the selected feature.
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:PhonetizeControl :selectFeatureControl :featureExtractionControl :SynthesizeControl

H /u selectFeature()

sendPhonetizedData() %

u returnExtractedFeature()

1

sendFeature()

Figure 4.5: Sequence Diagram of SelectFeature use case

The “PhonetizeControl” object initiates the “selectFeature” use case and the
“SelectFeatureControl” object initiates the “FeatureExtractControl” object and it manages the
feature extraction process. Finally, the “FeatureExtractionControl” object returns to

“selectFeatureControl” object.

32




4.3.3 Activity Diagram

Figure 4.6 shows the activity diagram of the system that can describe the set of operations

executed and the order of execution of these operations.

/

/" Data Inputting ™\

{

\

N

/~ Transliterating ™

feature Extraction

/" phonetizing ™\ )
l] J

feature Selection

l

/" synthesizing ™\

(

\

Figure 4.6: Activity diagram of the system
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4.4 Subsystem Decomposition

Subsystem decompositions will help to reduce the complexity of the system. The subsystems can
be considered as packages holding related classes/objects. The system is decomposed into four
subsystems: Language Processor, Feature selection, inventory Data subsystems and synthesizer

subsystem. Figure 4.7 shows the identified subsystems and their dependency of the system.

Language processor
Subsystem

Feature Selection
subSystem

%/ S
synthesizer

Inventory Data Subsystem
Subsystem I ———

Figure 4.7: subsystems and their dependency of the system
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CHAPTER FIVE

5 SYSTEM DESIGN AND DEVELOPMENT ENVIRONMENT

We have identified the requirements of the system and produced the requirement analysis models
in chapter four. Based on this analysis, the design goals and architecture of the system is

presented in the following section.

5.1 Design Goals

Design goals are used to identify the expected qualities of the system. Most of the design goals of

the system are inferred from non-functional requirements. These are discussed below.

Complexity: complexity refers to the time complexity and space complexity of the desired
system. The system should need a very small amount of time/space bounds since it should be

applied to all types of devices that have even limited CPU and memory resource.

Expandable: the system should be designed to accommodate other additional new functionality

without too much effort.

Usability: the system should be designed in such a way that users should find convenient to

interact with it.

5.2 Architecture of the Speech Synthesizer

The general architecture of the system is shown on figure 5.1. The architecture shows the three

main components of the system. These are the natural language processing component, feature

35



extraction component and the digital signal preprocessing component. Each of the components

will be discussed briefly in the following section.

Feature extraction component

Natural Language Speech file
processing component

UTF to phonetics
(Text Analysis)

Input text

(UTF) Segmentation

A 4

Vowel Formant
extraction

Digital Signal Processing
component

Get parameters Consonant
inventory

database

Synthesizer Vowel formant

parameter Inventory

Speech

Figure 5.1: The architecture of Amharic speech synthesizer
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5.2.1 Natural Language Processing Component

The natural language processing component is responsible for converting the input text into an
internal linguistic description. The conversion of the linguistic description in orthographic form
to phonemes is called phonetic analysis. In general, this component performs grapheme-to-

phoneme conversion.

5.2.2 Digital Signal Processing Component

The digital signal processing component is responsible to generate speech waveforms by getting
the appropriate input parameter from the feature extraction component. The detail is discussed in

the next chapter.

5.2.3 Feature Extraction Component

5.2.3.1 Speech Data Preparation

For the preparation of an inventory data that contains vowel phoneme formants and consonant
phoneme speech for Amharic alphabets, it is necessary to identify all possible consonant and
vowel phoneme of the Amharic language. Amharic has 32 consonant and 7 vowels. This results

in 39 possible phonemes.

The 39 phonemes are collected by taking all the Amharic CV (consonant-vowel) and V (vowel)
type syllables. These are a total of (32 * 7) =224 units. These units are prepared for recording.
While recording the speech, there are parameters that are required to be controlled for each wave
file. These are the sampling frequency, the duration of the recorded segment, the number of bits
used, and the format of the recorded speech. For this project, sampling rate of 8000 Hz and

quantitative level of 16 are taken. The recorded file is saved in RIFF format.
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5.2.3.2 Speech Data Segmentation

At the time of recording, each recording had silence to both end and the syllable at the middle.
Hence, segmentation was performed to extract the required information about the desired unit.

Segmentation of speech signal requires analyzing the speech and analysis tool.

In order to start the speech analysis process, speech files are recorded and prepared as stated
above. A speech analysis program, wavesurfer, is used to analyse the speech. There are numerous
ways to do the analysis. For segmentation, one of the most common ways is to label the wave
spectrogram by hand, i.e., just by looking the speech waveform, the spectrogram and listening

selected segment. This method had been used in this project.

Even if hand segmentation is usually closer to the correct value, it is labor intensive and tedious.
Consequently, a high percentage of hand-correction was made, and then the inventory data was

built. The segment labels were kept for speech unit analysis to do feature extraction

Even if the samples were recorded in area with low background noise, sometimes the
electromagnetic noise generated by the computer got added to the recorded signal and it had a lot

of impact on the feature extraction process.

5.2.3.3 Parameter Extraction

For this project, the most important features are the formant frequencies (F1, F2, and F3), their
bandwidth (B1, B2, and B3), and pitch. There are also other important features though they are

not considered in this project because of different constraints.

Feature extraction is the fundamental process in speech synthesis. Extracting these frequencies
and bandwidth from continuously changing speech signal are very challenging. We tried to

consider the wave to be stationary within a small time frame (10ms). When analysis is performed

38



on a “segment-by-segment” basis, useful information about the segment is obtained. Since our
ear cannot respond to very fast change of speech data content, we normally cut the speech data

into frames before analysis.

Wavesurfer, speech analysis tool, performs several acoustic analysis for the natural words, to
extract a number of parameter values for each time frame of 10 ms, and to store the values in a
parameter file, which was used as input to the formant synthesizer. First, formants (F1, F2, and
F3) and FO parameters were extracted. Second, the bandwidth of each formant frequency will be

calculated.

We have seen how to extract the pole location of Hi‘l(z) that can be used to extract F, andB, .

The corresponding formant frequency and its bandwidth can be computed from a given pole

location using eq.2.7 and.2.8 respectively given the pole of the inverse transform function.

5.2.3.4 Speech waveform

Speech consists of vibrations produced in the vocal tract. The vibrations themselves can be
represented by speech waveforms. It is not possible to read the phonemes in a waveform, but if
we analyze the waveform into its frequency components, we can obtain a spectrogram which can
be deciphered [16]. When we look the speech waveform in figure 5.2 one can read from left to
right as the silence on the left side of the signal, low energy for consonant e, high energy for
vowel , low energy for consonant @ , high energy for vowel ><, low energy for consonant " and

silence on the right side.
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Figure 5.2: speech waveform of the word sixtxun/eO<"/

The characteristics of a speech signal varies with time since it is a sequence of different
phonemes (consonants and vowel) with different frequency characteristics combined with pauses
and periods of silence. To extract these characteristics, we need to chop the signal into segments
which are more stationary and have some predictable behavior across time and frequency. These
segments however should overlap to avoid the effect of discontinuity. To extract the formant
trajectory of the signal, we need first to chop the signal into these overlapping segments and pre-

process it [16].

5.2.3.5 Spectrogram

The spectrogram provides a picture of the energy in a signal as a function of time and frequency.
It is normally displayed as a two-dimensional image, where the x-axis corresponds to time, the y-
axis corresponds to frequency, and the intensity of the grey scale values corresponds to energy.
By inspecting the spectrogram, important speech features can be observed, identified, and

analyzed [16].
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Each thin vertical slice of the spectrogram shows the spectrum during a short period of time,
using darkness to stand for amplitude. Darker areas show those frequencies which have high

amplitude.

Spectrum diagrams are useful for seeing the state of a complex wave during a very short period
of time. But in speech, sounds are constantly changing. Spectrograms are a convenient way to

diagram the changes in spectrum over time.

In Figure 5.3, Spectrogram of the word sixtxun/eO<"/, the vertical axis represents frequencies up
to 8000 Hz, the horizontal axis shows positive time toward the right, and the intensity of the gray
scale represent the most important acoustic peaks for a given time frame, with dark representing

the highest energies, then decreases as the intensity moves toward white.

An experienced spectrogram reader has no trouble identifying the word "sixtxun" from the

visually salient patterns in the image below.

74 WaveSurfer 1.8.5 =] = =

Eile Edit Transform View Help
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Figure 5.3: Spectrogram of the word "sixtxun/e0<’/."

41



5.2.3.6 Formants

Formant features can be interpreted as adaptive non-uniform samples of the signal spectrum that
are located in the resonance frequencies of the vocal tract and normally happen to have higher
signal-to-noise ratio than the other parts. The number and position of these frequencies along the
frequency axis might differ depending on the phonemes and the position of the window along the

phoneme (i.e. beginning or ending part of a phoneme) [16].

For the word sixtxun/ eO<’//, we can see the LP (Linear Predictive) coefficient analysis by taking
a 10ms window near the starting position of the word. In addition, we see the formant frequencies
(F1, F2, and F3) and formant bandwidth as well. To change the size of the window (frame size), it

needs only adjusting the duration in the control window.

To extract the required parameters, first the speech units are divided into short frames (10 ms) of
samples. Then the speech signal is analyzed through a "time window" to obtain a spectral
representation of the unit. Parameterization of successive frames adequately models the speech if
the frames are short compared to vocal tract motion. The first three formant frequencies are

adequate to re-synthesize [13].
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Figure 5.4: formant frequencies for the speech file sixtxun/ eO<’/
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In figure 5.4, we can observe that F1 is at the bottom (with red color), F2 in the second from the
bottom with green), F3 in the third from the bottom with blue) and F4 is at the top (with yellow)
of the speech waveform. The LPC (Linear Predictive coefficients) parameters are dependent on
the sampling frequency taken. In this project, the sampling rate 8000Hz and LPC order of 14 had

been used.

In Figure 5.5, we can visualize the formant frequencies, spectrogram and speech waveform of

the word sixtxun/ e0<"// from the bottom to the top.
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Figure 5.5: formant frequencies, spectrogram and speech waveform of the word sixtxun/ e0<"/
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The formant data values extracted from formant contour with in 10ms interval from the speech

signal, sixtxun/ e0<"//, using wavesurfer as shown in Fig 5.6.

For the word sixtxun/ eO<"//, the LP (Linear Predictive) coefficient analysis can be seen by taking
a 10ms window near the starting position of the word. In addition, the formant frequencies (F1,
F2, F3, and F4) and formant bandwidth as well can be observed. To change the size of the

window (frame size), it needs only adjusting the duration in the control window.

To extract the required parameters, first the speech units are divided into short frames (10 ms) of
samples. Then the speech signal is analyzed through a "time window" to obtain a spectral
representation of the unit. Figure 5.6 shows the formant data values of the speech waveform

sixtxun/ eO<’/.

j stun.frm - Notepad |.E|E|-E_hj
File Edit Format View Help
921.732910136 2394.86332539 3154.87597656 4547.97119141 818, 343444824 248.642379761 649.331481934 344, 331878662 P

1447.60620117 2339.7019043 2921.11206053 4442,0546873 240.402175903 324.230194092 924,622802734 170.759887695

723.199523926 1628.2923584 2501,38769531 4334,74414063 1108, 328125 591.243225098 336.025177002 273.778930664

413,499237061 1493,52941895 2382,35571289 4672.53125 648, 366699219 383.417205811 330, 840118408 120.390693665

347.11831665 1583.51904297 2459.44311523 4693. 34082031 599.669067383 179. 843856812 231.345825195 113. 551757813
475,559448242 1555.20251465 2521.03149414 4811.42529297 1511.72009277 622.541442871 4053.723266602 190.008911133
1272.56140137 1588.57080078 2593,93017578 4487.05908203 631.627197266 745.824768066 257.770812988 710, 324462891
240.35206604 1636.49938965 2563.48291016 4783, 95605469 1100.38256836 605.030273438 230,571975708 264.927703857
240.673034668 1572. 81689453 2504,74243164 3290.43237305 159.909393311 243.589630127 194,29750061 1112.99853516
390.27255249 1378.21362305 2505.57885742 3383.64550781 70.B8084640503 305.352050781 144.285339355 558.450134277
415.135070801 1374.14416504 2507.41235352 3442.05151367 57.5712203979 75.4539337158 173. 883468628 277.651031494
402,094818115 1386, 86560059 2484, 81982422 3271.58984375 54.6680793762 86.0096054077 95.3380584717 617.196166992
394,242767334 1373.72485352 2490.43920898 3453.25830078 64.1037445068 88,4399719238 87.0032577515 166,449981689
374.016174316 1350.76281738 2521.12890625 3477.13232422 65.867149353 55.7189598083 74.7406158447 BB.2977981567

Ln17, Col 22

Figure 5.6: formant data values for speech waveform sixtxun/ eO<"/

44



5.2.3.7 Parameter Adjustment

After parameterization of several features like formants, pitch, bandwidth, etc, adjustments was

needed at least to the major elements that had significant effect on the output.

Formants and bandwidth: Speech analysis using Wavesurfer occasionally failed to extract the
correct formant values. However, this measure led to distortion of the phoneme qualities as well
as in the transitions between phonemes. Eventually, attempts to adjust formant values were
temporarily abandoned, until a better technique was found. Therefore, attempts had been made to

adjust the formant bandwidths, although it often displayed a typical value.

Pitch: Pitch or fundamental frequency is the rate at which the vocal folds in the human speech
production system vibrate, that is the opening and closing of the glottis. Voiced sounds like / >/
cause the vocal folds to vibrate, however, the unvoiced sounds like /e/ does not vibrate the folds.
For the harmonic coding of speech, correct pitch estimation is very important. The quality of the
coded speech is severely degraded at the wrong pitch marks. Pitch adjustment is important since

the pitch contributes to the perceived prosody most [13].
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CHAPTER SIX

6 IMPLEMENTATION OF AMHARIC SPEECH SYNTHESIZER

This chapter provides the implementation details of Amharic speech synthesizer. The tools used
in developing the system, the developed system and the challenges are discussed in the following

section.

6.1 Tools used

Different tools were used to build the system. For the acoustic analysis, the speech analysis
software, wavesurfer and colea were used. For the development of the speech synthesizer that
comprises of the natural language processing (NLP) module and digital signal processing (DSP)

module, matlab7.0 program were used.

Wavesurfer is an audio editor widely used for studies of acoustic phonetics. It is a fairly powerful
program for interactive display of sound pressure waveforms, spectral sections, spectrograms,

pitch tracks and transcriptions. It can read and write a number of transcription file formats.

Colea, a matlab software tool for speech analysis, used for spectrogram displays, displays time-
aligned phonetic, manual segmentation of speech waveforms, formant analysis, Pitch analysis

and the like.

Matlab is high-performance language for technical computing that integrates computation,
visualization, and programming where problems and solutions are expressed in mathematical
notation. Typical uses include Math and computation, algorithm development; signal processing,

modeling, simulation, prototyping, and the like.
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6.2 Transliteration and Phonetic Description of Input Text

In order to develop the Amharic speech synthesizer, synthesis units consisting of CV clusters
along with consonants (C) and vowels (V) were used. Prior to this a transliterate routine perform
transliteration as described in 3.3. The Phonetize routine shown in figure 5.1 reads a text in UTF-
8 format and converts this text into the phonetic description. The phonetic description of the input
is phoneme-based (consonant and Vowel). The text to be spoken out must be expressed in terms
of these sound units: CV (Consonant-Vowel) a consonant followed by a vowel or VC (Vowel-
Consonant) vowel followed by a consonant. This speech synthesizer has a phonetic-to-speech

engine which is capable of generating speech from a suitable phonetic description.

6.3 The Structure of Inventory Data

First, a speech file was recorded for all syllables of Amharic and segmentation process was
conducted, i.e., all possible phonemes (consonants and vowels) were identified. The next was
automatic extraction of acoustic parameters from the segmented voiced speech file which was
then used to generate synthetic versions of the same voiced speech. Consequently, the unvoiced
speech segments were stored in appropriate storage device. The unvoiced speech was kept in the
storage by appending in co-existing voiced signal as context information to improve the quality

of the synthetic speech.

6.4 Speech Synthesizer

As discussed above, language processor component is responsible for generating the phonemic
units of the input text. After identifying and generating the phonetic notation, these units were
given to the digital signal processor so that it would generate the corresponding waveform to the

user.
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6.4.1 Voiced Speech Synthesis Technique

Voiced sound is one in which the vocal cords vibrate periodically. In order to synthesis these
sounds, formant parameters (F1, F2, and F3) and the FO fundamental frequency that were
extracted from the segmented waveform using Wavesurfer in the feature extraction process were
used. Formants are peaks in the frequency spectrum of a sound caused by acoustic resonance of
sounds produced by the vocal tract vibration.

Therefore, the synthesizer takes the formants and corresponding bandwidths values from the
formant inventory and generates the voiced sound and keeps the speech waveform in appropriate

place for joining the different synthesised units.

6.4.2 Unvoiced Speech Synthesis Technique

In the production of unvoiced/voiceless sounds, the vocal cords are left open. These unvoiced
sounds are then taken during the segmentation process. Since the speech waveform was taken
from all Amharic syllables at the time of data preparation the appropriate unvoiced sound
segment was taken from the database. For example when you read the speech waveform of the
syllable so/f/ as shown in figure 6.1, from left to right , first it has silence , then the unvoiced
sound e and the voiced sound * and at last silence would be found. Therefore the unvoiced sound

segment will be taken and stored in the respective directory.
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Figure 6.1: speech wave form of the syllable so/f/

6.4.3 Concatenation of VVoiced and Unvoiced Units

In order to get a word level speech waveform, concatenation of the voiced and unvoiced sounds
synthesized above in their proper order was needed. Concatenation of units was made in the
following way. The final speech file was prepared and a short silence was written on it. Then for
every voiced and unvoiced sound, their order of the word transcription, its synthesized signal was
written on it and the file was saved as a wave file. Finally, it was played with the system

transducer.
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6.5 Interface of the System

The system was developed using matlab 7.0 including the user interface as shown in Figure 6.2.
The interface provides text editor where the user can enter input text. Once the user enters the
text and clicks on the synthesize button then the system would synthesize speech corresponding

to the input text.

n FormantSpeechSynthesizer

Amharic Speech Synthesizer

‘ Enter the word here !‘

Figure 6.2: Interface of speech synthesizer

Finally, the corresponding speech generated by the synthesizer for the input text will be written
and saved as a wave file. For example, if you synthesize the word “eO<’/s ix tx u n/”, you can get
the signal and spectrogram of the synthesized speech as shown below in figure 6.3 and figure 6.4

respectively.
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In general, the main modules of the system and their flow are as follows.

1. The language processor module is used to accept the input text, transliterate and
identify the phonemes of the text.

2. After getting the phonemes, the synthesizer reads the first phoneme of each text
and sends the phoneme to select feature of the phonemic units form the data and
synthesize them accordingly. It will perform repeatedly until it reaches to the last
phoneme of the text.

3. After the corresponding file is stored for each phoneme, those basic sound units

of the word were combined and played out.

6.6 Challenges

One of the challenges of this project was, whenever a different speech analysis tool such as colea
was used, different types of formants, pitch, spectrogram, power spectral magnitude etc. were
obtained. Even though there was a problem of getting good speech analysis tool, extraction of

features was done by using wavesurfer.

The feature extraction process had slightly affected by the electromagnetic noise generated by the

computer as well as the surrounding noise that gets added.
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CHAPTER SEVEN

7 CONCLUSION AND FUTURE WORKS

7.1 Conclusion

Formant synthesis is one of the most popular methods of generating speech, which some times
called synthesis by rule. It uses a set of rules to modify the pitch, formants and its bandwidth and
so on. Even if speech synthesis has a history of many years, it could not still be employed to meet
the demands of human beings in different areas as it requires high memory and computational

power.

In this project work, a synthesizer was developed which would generate a speech for a given
input text. The technique models the human speech production system in the form of source and
filter, in which the source is completely independent from the filter. The source is identified by
the air flow through the vocal and the filter represents the resonance of the vocal tract, which are
also called the formant that changes from time to time. The resonance is due to the constriction of

the vocal tract while generating different sounds.

Parameters like formants, its bandwidth, pitch, etc were extracted from collected speech for
voiced sounds. The unvoiced sounds with co-existing context were segmented from all Amharic
syllables and stored in appropriate place. The voiced sounds were generated by taking parameters
from the inventory data. Finally, in order to synthesize the speech for a given word, the system
should concatenate the voiced sounds and unvoiced sounds. The system would provide flexibility

of a speech with low memory and data requirements.
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7.2 Future works

Developing speech synthesis system needs reasonably good development environment. In order

to improve the quality of the system developed in this project and extend it, the following should

be considered.

The speech analysis phase needs very serious attention. For example, it needs calm
condition in order to get correct feature of the speech file. So, if one can record the
speech in a sound proof room and extract with a very high quality speech analysis tool,
this would improve the quality of the output. Because these were the major challenges of
this project, i.e., absence of good formant extractor and interference of the background
noises.

Using better feature extraction tool helps to get representative features (formants,
bandwidth, pitch, etc) of speech and definitely it would improve the quality of the output.

The scope of this work was to synthesize at word level; but it could be extended to
synthesize any size sentence/document.

This project considered only Amharic language syllables. But it could be extended to all
Ethiopian languages.

This project assumed all words were normalized into appropriate form but normalization
could be considered as a major issue to handle abbreviations, acronyms, numbers,
symbols, etc.

The co-articulation effect and the syllable weight are research issues.
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