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" thesis describes the construction of an Arabic Grapheme-To-Phoneme system for
fale dewices based on the Android operating system. The input to the system is a full
o= Arsbic Sentences and the output is the Phonetic text for these sentences. The system
s=d by including prosody to increase the naturalness of the generated voice. Grapheme-
PSumeme is a substantial process of the Natural Language Processing module of any
fesis. the proposed approach exploits a set of Arabic Letter-To-Sound rules used by this
These rules include tanween, el Shaddeh, Atta almarbouta, definite article"d!" , the
somant relationship, and other rules that are used to get the pronunciation of a sentence
_ A novel algorithm has been developed for the syllabification process which
wn mark. Tokenization is done at the level of the word before syllabification. So
> of syllables and the algorithm searches for pattemn syllables within these syllables.
< have been examined to verify the performance of our algorthim, we found that our
s=duces the number of iterations needed to get the syllables for a word against what 1s
ster algorithm; this means less energy consumption and thus higher efficiency.
-<:s we have implemented the Grapheme-To-Phoneme in two methods namely: One-By-
F and the Selective call methods. In the first method, all the rules are called serially one
i 2nd the output of one rule is the input for the next rule, in the second only a subset of the
~ smgured rules are called while other rules are not. The second method saves a lot of processes
$s power and this is what any developer for limited resources devices is secking for. The
' method proved to be more efficient by decreasing the execution time for the conversion
by §8.5% compawe.ie ike time needed to perform the conversion process for the first
X fraining set of eight sentences have been used to train the system for the rules ; a
= Correctness Test was performed on a Test set of Thirty five sentences to verify the
. emeo-sound rules, the obtained result showed a satisfactory and promising result and most of
. $e semsences were converted successfully. This indicates the promising potential of these
seorthms. However, more and more sentences must be tested before declaring the correctness

@ Sese techniques.
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1 Introduction

With the rapid growth of the economy and market opportunities in the Arab world, spoken
language technologies for Arabic have become an area of interest in recent years. Speech
synthesis is one of the major areas of Speech Technology. Speech synthesis or Text-To-Speech
(TTS) system is the automatic generation of speech from text. In the last few years, several
approaches have been developed for TTS systems for English, but for Arabic, TTS system is still
in its early development stage.

In this thesis we have introduced an Arabic Text-To-Speech system for mobile devices that is
based on Android as its operating system. The application of text-to-speech for mobile devices is
getting increasingly interesting because the speech allows users to communicate with minimum
effort. For example, people who do not speak the same language can communicate with each
other using two systems; Speech-To-Text System is needed to translate the speech into text for
the first language then the translation to the second language is done, after that, Text-To-Speech
system is used to generate the speech from the translated content. Many techniques are used to
produce the TTS system such as Articulatory synthesis, Formant synthesis and Concatenative
synthesis [Assaf, 2005]. Less memory and less computations is needed for concatenative
synthesis so it is suitable for mobile applications.

Phonetic level s : 1 .
Input text Natural lan_guage . Digital Sl.gnai Synthesized
processing i processing Speech

Figure 1.1 A general TTS system [Dutoit, 2008]

A general TTS system is composed of two main modules (figure 1.1), the natural language
processing and the digital signal processing. The natural language processing deals with the
conversion of the sentences from the written form into the pronunciation form. The natural
language processing is composed of Pre-processing, Grapheme-To-phoneme and prosody
generation stages. In the pre-processing stage, analysis to the sentence is done to prepare it to the
next stages such as replacing abbreviations, translating numbers from digits to counterpart
alphabet form, etc. In the Grapheme-To-phoneme stage, a set of Letter-To-Sound rules and an
exceptional words database is needed to translate the text from its grapheme into its phoneme i.e.
from the written form into the pronunciation form. The rules set are language dependent and
need expertise in the language to specify these rules. The exceptional words database is needed
for the sentences that contain words that the rules do not apply on to get its phonemes. The
database stores every exceptional grapheme or word and its counterpart phonemes; accessing to
the database is done before applying the rules set. Prosody generation stage enhances the TTS
svstem by increasing the naturalness of the generated voice because prosody indicates the mood
of the speaker and the meaning of the sentence.



Android 1s an open source mobile operating system that works on tablet, PDA, or other
digital mobile devices. We have chosen the Android for our application because it is now the
most dominant mobile OS related to bestselling and developing [Lee, 2011].

1.1 Objective of the thesis

In this thesis we will introduce a Text-To-Speech application for Arabic language that includes
the automatic generation of stress to make the generated voice as natural as possible. The
application is developed to run on mobile devices that are based on Android operating system.
The system will have a user interface which enables the user to input a Diacritized Arabic
Sentences then synthesized speech will be generated for that sentence. The Arabic Text-To-
Speech Including Prosody system (ATTSIP ) introduced in this thesis will be divided in two
parts namely: the natural language processing which will be discussed and implemented in this
thesis and the Digital signal processing which will be implemented by the master degree student
Miss Nuha Ouda. So in this thesis we will discuss the stages of the natural language processing
specially the Grapheme-To-Phoneme stage and how it can convert the input text from the written
form to the pronounce form.

1.2 Contributions

The proposed Arabic Text-To-Speech including prosody, ATTSIP, system will include the most
important prosodic feature which is the stress level to increase the intelligibility and naturalness
of the generated voice; stress level will be generated automatically for the input text. At our
knowledge, until now no Arabic Text-To-speech application for mobile devices based on
Android OS has included the automatic generation for stress level from input Arabic text.

We have developed an algorithm for the syllabification of the sentence that is making use of the
Soukon mark ( ¢ ) instead of neglecting it. [El-Imam, 2003] presented algorithm for
svllabification that did not make use of the Sokoun because he considered that it did not have
any pronunciation. The numbers of iterations needed for syllabification process for a sentence by
our algorithm has been reduced by half against the algorithm which have been developed by El-
Imam. We will show that our developed algorithm for the syllabification process gives more
performance than El-Imam algorithm.

A database for exceptional words has been included for the Arabic language for mobile devices.
This database is small in size but contains the most frequently used exceptional words in Arabic
language speech.



1.3 Thesis Organization

The organization of the thesis is as follow: Chapter two introduces the related works that have
been done so far by other researchers interested in text-to-speech synthesis.

Chapter three gives a short introduction to speech synthesis and its techniques and applications.
The two components of Text-to-Speech synthesis, the Natural Language Processing (NLP) and
the Digital Signal Processing, are discussed. Then we discuss Android and its version and
structure. The chapter ends with the introduction of the Arabic language, its alphabet and
syllables structures.

In chapter four we have introduced the proposed Arabic Text-To-Speech Including Prosody
(ATTSIP) System and structures. In this chapter we have presented the letter-to-sound rules and
the syllabification algorithm used by our system.

In chapter five, we explore the training set sentences used in the training process for the system,
after that a test for the ATTSIP synthesis is performed in order to examine the correctness of the
letter-to-sound rules. Chapters six and seven will be dedicated for the discussion and conclusion
of the ATTSIP system and future direction and enhancement that can be done to increase its
performance.



2 Literature Survey

Many systems have been developed for the generation of voice from text. [ITunes, 2012] has
been designed as an application for both iPhone , iPad and iPod. Figure 2.1 shows the graphical
user interface for the application.

Figure 2.1 Graphical user interface for Takalam application [ITunes, 2012]

The application enables the users to enter a standard Arabic sentence and listen to it aloud. The
application did not support any prosody features and according to the customers reviewers the
generated sound is very weak [ITunes, 2012]. [ISpeech, 2012] developed an application for a
Variety of voices in many different languages including Arabic language for iPhone, iPad, iPod
Touch devices.

Figure 2.2 Graphical user interface for ISpeech application [ISpeech, 2012]
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No customers review for this application, but according to the website the specification for their
application include:

L]

Human quality speech.

Variety of voices in many different languages.
Fast text-to-speech conversions.

For any 10S device: iPhone, iPad, iPod Touch.

iSpeech can convert text to speech, convert documents to speech, convert web content to speech,
or convert blogs to speech.

[Sakhr, 2009] provides software for Arabic Text-to-Speech, Sakhr TTS converts Arabic text into
a natural, human-sounding synthetic voice for iPhone devices. Sakhr system features include:

Embedded TTS engine for mobile devices

Rules-based powerful diacritizer with 97% accuracy

Normalizes ambiguous text such as dates, time, currencies, abbreviations
Unlimited vocabulary, text size, raw text, phonetic and prosodic input.

They did not speak about what prosodic features their system support, no mention for stressed
level feature at all.

[SVOX, 2011] have been implemented a text-to-speech Malik application for Arabic language
based on Android OS. Figure 2.3 shows the user interface for the Malik Application from

A Y/ 8%
YU/
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Figure 2.3 Graphical user interface for Malik application [SVOX, 2011]



When combined with TTS-enabled apps, Malik can give directions, read a notification
containing the caller / sender's name, and read the content of an incoming call / sms / mms /
email. Many customers’ reviewers have expressed their dissatisfaction. From the user interface
of Malik application we can detect that, No stress level automatic generation for prosody because
the user is required to enter the values for many parameters such as pitch and speed.

Different approaches have been developed for TTS system and it uses different mechanisms.
[Al-Muhtaseb, Elshafei, Al-Ghamdi2, 2000] proposed diphone/sub-syllable method for Arabic
Text-to-speech systems. They define a set of Arabic diphones/sub-syllables for concatenative
Arabic text-to-Speech synthesis. In this method the boundaries of the speech segments are
chosen to occur only at the sustained portion of vowels. The speech segments consist of
consonants, half vowels, half vowel-consonants, middle portion of vowels, and suffix
consonants. They also proposed extension of the Arabic diphones/sub-syllables set to improve
the quality of the speech and to incorporate the common co-articulation effects found in modern
standard Arabic.

[Rashad, El-Bakry, Isma'il, 2010] have proposed Diphone Speech Synthesis System for Arabic
using MARY TTS. They choose the Diphone unit because Diphones have the advantage of
modeling coarticulation by including the transition to the next phone inside the diphone itself.
The modular design of the MARY system has many advantages: it is easy to modify a certain
module without affecting other modules; any module with a similar interface can be used instead
of an employed module. To integrate two modules, the only requirement is that the output data
types of the first module must match the input data types of the second module. The MARY TTS
accepts two types of input text plain text and markup text (such as SABLE-annotated text or
SSML-annotated text). The use of SABLE-annotated text for example as input gives the users
the ability to add information to the text that improve the way it is spoken such as pausing at the
right places or emphasizing on certain words. MARY TTS has been evaluated by two types of
tests which are the Diagnostic Rhyme Test (DRT) that measures the intelligibility of the
synthesized speech. In this test, twenty pairs of words that differ only in a single consonant are
uttered and the listeners are asked to mark on an answer sheet which word of each pair of the
words they think is correct. The listener identifies 89.3% of the test words in the Ist listening
session and this percent increases slightly and becomes 90.9% in the 2nd listening session. The
other evaluation test was the Categorical Estimation (CE) test that measures the overall quality of
the synthesized speech, in this test the listeners were asked a few questions about several
attributes such as the speed, the pronunciation, the stress of the speech and they were asked to
rank the voice quality using a five level scale. The second test shows that the results of the CE
need more improvements.

[Zeki, KhAlifa, Naji, 2010] proposed a rule based text- to- speech Hybrid synthesis system
which is a combination of formant and concatenation techniques. Their system has the flexibility
of changing the speaker from male to female and other sound variants like whispering and has
the ability to enrich the exception dictionary by listing the exact pronunciation of the common
words. Their system features include small size, high accuracy, and vocabulary independence.

Many grapheme-to-phoneme algorithms have been developed. A possible model topology for
grapheme-to-phoneme conversion is Hidden Markov Models [Taylor, 2005]. The model is
designed to be based on the use of hidden states representing phonemes which generate
graphemes as observations. The model topology is different from that used in automatic speech
recognition in that there are no looping states, but instead all the states have an arc to the final,
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non-emitting state. The observation probabilities are represented as a discrete quantity, since the
observations are letters. Taylor identifies a number of advantages to the use of HMMs as a model
for grapheme to phoneme conversion. While data driven techniques rely on a separate model to
align graphemes to phonemes, for HMM-based models, alignment and decoding can be
performed on the same model. HMMs are flexible in that a topology can be chosen to optimize
the model for the problem domain, and the powerful Baum-Welch training algorithm can be used
to optimize the model parameters.

Other techniques have been developed to achieve the conversion process, [Damper, Marchand ,
Adamson, Gustafson,1999] have proposed driven technique called Pronunciation by Analogy
Grapheme-to-Phoneme for English language . In this method, a directed graph is built from
substrings in the input word and their partial pronunciations. A letter to phoneme alignment is
created automatically from the lexical database. The input word is then scanned for substrings
that match the alignment database, and a pronunciation lattice is created. The decision function
finds a possible pronunciation for the word by traversing the lattice and concatenating the
phoneme labels on the arcs. The path chosen is shortest, and in the case of a tie, a heuristic is
used. The result scored 71.8% words correct conversion. A statistical method have been
developed by [Chen, 2003], this method uses a model which is similar to that used in machine
translation. The problem is framed as follows: given a letter sequence G, find the phoneme
sequence S that maximizes P(S | G). He claims that word error rates are significantly lower using
this model compared with any of the rule-based approaches.

[El-Imam,2003] has been presented transcription of written text into sounds based on a set of
letter-to-sound rules for Arabic language. He divides the rules into types namely: phonemic and
phonetic rules. Phonemic rules operate on the graphemes to convert them into phonemes.
Phonetic rules operate onto the phonemes and convert them into phones or actual sounds. He
also presented an algorithm for syllabification process, every phonemic word is scanned in a
backward manner (right-to-left scan starting from the end of the phonemic word) looking for
vowels. Whenever a vowel is detected, another more localized scan is performed looking for a
syllable match for any of the six syllable types. He deletes the Sokoun mark before applying the
letter-to-sound rules because this mark has no pronunciation. His letter-to-sound transcription
system was tested using a list of most frequently used Arabic words and proper names. His -
letter-to-sound system reported few transcription errors on both words and phonemes/phones.
The overall score of the system is over 98% phonemes correct while the percentage of correctly
pronounced words is around 92% correct words.

Recent work have been done for Arabic stressed syllable, [Chentire,Guerti and Hirst,2009]
proposed discriminant analysis classifier for syllables detection for standard Arabic words that
have the structure (CVCVCV). They use the fundamental frequency and energy parameters for
the classifier. After segmenting and transcribing manually the corpus, they applied their
algorithm based on discriminant analysis. The result shows that 89.81% in the learning phase and
83.33% 1n the recognition phase scored. And a percentage of detection equal to 85 % of the
primary stressed syllable was obtained.

[Hamiti, Dika, 2010} develop algorithm for Albanian language for speech generation based on
written text through using the most frequent words and syllables. They create a list for the words
that are used often. For the words that do not exist in the list they used a list of syllable used to
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get these words. During the conversion, for words that cannot convert as complete words, or by
using syllables from the list of those most frequent, they extend the conversion to be letter-by-
letter. [Zemirli , Mosteghanem ,2007] proposed an algorithmic approach for the automatic
generation of the stressing in Arabic language. They adapted diagrams, generated for the text
processing that act on the size of the sentences to reading with intonative contours of natural
speech. The performance of syllabification information is improved in [Chen, 2003] by using n-
gram model. He inserts syllable boundaries using a model which is trained on supervised data
and dynamic programming is used for placement of syllables.[ Braham, Belghith, 2001] specify
Letter-To-sound rules in a neural network based Diphone system. Phonemes are represented by a
feature vectors. These vectors are composition of their constituent phonemes.

[Al-Dakkak, Ghneim, Abou Zliekha, Al-Moubayed, 2006] have proposed Arabic text-to-speech
system based on Orthographic-Phonetic Transliteration language. They generate speech using
the MBROLA diphones, because MBROLA permits the control of some prosodic features
(fundamental frequency F0, duration) so they construct their prosodic models and test it. For
prosody they focus their sentences for the four types (informative, interrogative, exclamation,
ban) of sentences. These sentences were analyzed and we have the curves for the fundamental
frequency FO and the intensity versus time, after analyzing the sentences they notice that FQ for
all types of the sentences is increasing in the beginning, decreasing at the end, except for the
interrogative sentences. An automated tool has been developed for emotional Arabic synthesis. It
i1s based on an automatic prosody rough generation model, which performs intonation
modification taking into account some punctuation marks (', "', !, and '?") and the number of
phonemes in the sentence.

[Jong, Zawaydeh, 1999] presents the results of a study of the expression of word-level prosody
in Jordanian Arabic. They examine the phonetic correlates of Arabic stress, an apparent
prominence marker at the level of the word, and also examine similar effects of word final
Juncture. Their study investigates the extent to which word-level prosodic effects are sensitive to
higher levels of prosodic structure. The study focuses on the durational, spectral, and
fundamental frequency correlates of stress and word final juncture in the speech of four speakers.
Stress lengthening correlates with higher first formants, while penultimate lengthening does not.
Analyses of fundamental frequency pattemns support an analysis in terms of pitch accents
associated with stressed syllables and juncture-marking phrasal pitch specifications. They found
extensive word final lengthening effects, on the order of 60% for word (and phrase) final, to
100% for utterance final syllables.



AU 34291 pald Alaall Uyl i 5 g 1) o all ol 5
aiad) dana Jaolal daa salas|

A8 o cud 8 0l

Akl

Lﬂ@ﬁa@bmé\hﬂlubuﬁ&wd.jﬂ% eﬁ;umm&-?‘;})ﬁ
;Um; & \;sL’.:.'.l‘ faa “ g__,;_.ql‘ _Ie_)_ﬂ M\ ‘;LLJL_;‘DJ.\.LH_JL.’_\M e b_)@AY‘LJ wald 4.14;.“ Y
uc-ralja_jll'l..égjl‘L)_u.;—eJ Alaz.lljnél&;)bd_n_@]h_ﬂ_dllmcﬂ1 JASL_-)R_\J\J_}AM‘)G
dﬁ\u@!mwbﬁﬁ‘mﬁﬂmﬁ Juaﬂclas.q.\\@ba,_sua_miimwt%ﬁ
RTINS A T TR 6 A e e RN T
L\ﬂ\a&d&iﬁ_wlafmuﬁem&dl Ghill 2ol B yoes Ly geid SUA g il 4y g2l
L;?Ji;a.::jll'ltg_)iylx_\éj M\}w\j(d'n?)ﬂ QQ‘}'\) g ab o yall LUl 53RN g g0l
thud\dlcdwaﬂw_;.mjj ?Jun_s.aj\_)a_\]cqzn.al\da_j|u_‘cdy.a;_ﬂm
b () L dipemnnd Helas Yt oS} Rl Nl 15y 8 G sl 0 Aol A0
@uiabj\ulcw'lckﬁd‘. paa JAly Cadd a3 () oSl Al el Je 4 iS4l Z\,alS.‘.\c__\..EBl;
d';'l.:\.laLa_‘:Y'lLylcQ@&Qﬂéﬂﬂjmsﬁmc&ﬁd\ﬁg\é@\&;&dyﬂ
GL".;:; M\UJ;JJQLASJlL“m.\.g_\.:J'I,_lc-tm_}J\a';]\BcLé_daﬁaSjeLg_@:ulﬁ\LL\JUJ}CHEA\
G5 138 5 5 Al Sl s aladiul Aol 5y ALl Ll anhafil 4y glhaall Cilileall e S8 Sldee
4y sk Auaé\t_&\b\aﬂ\&j;_m‘; r-;U:uJ'l o;\jdﬁjt_,,_\u‘l_jié\_l:l'ldj.&_\ulﬁ‘;\
@@@Hf—“dﬂmm‘ﬁtﬁLAJY‘%ﬁ)&‘&‘w‘ s34 J@Y%JL‘MM\L&.U’I
Aleal) st Ay ghaall 2o g8l Lad clesiol o adiad s AN 45 yhall o ddleadt B8 o A1 2es 32aly
Al ael gl @l Jia o sgad Y 4 gl Alaall of dum SOLYT Je eaiid Y a8 el
b s dheanll Adac daml o glhadll Cre sl Anilly 9418.5 Aty I W1 45 ,hll e 13l cadl 400Gl
La‘.;\.ﬁJzél_énll@&\@étﬂb;dﬂ\@wg\cﬁgiupﬁw\aﬁﬂﬁmﬂl;ﬁi}lﬁll
Laaiall Bhill aol @ JS Jelii Jea (Al oo skl dal je (A alaH Cu 28 o5 ) shas (5} 4l ek
Gkl e Bl Alen 500 5 Ased oo LT G5 ALl okt (e el oy <A g phaY 102 B
sara e N G pai (e Aleall Jygad Llenl S e a0 @ elal 5 2o g8l e3¢ puaiall
ol O8 S0 S Jeall S8 e 2 Y clld pe 5 il sal) 038 (e Bae )y IS e Jyy 18
il sda Aaa e ey

85



7 Conclusion and Future works

The purpose of this thesis is to explore the full steps for designing an Arabic text-to-speech
system for mobile devices based on Android operating system. The overall architecture and
general features of ATTSIP Text-To-Speech system for Arabic language has been presented. We
have discussed the natural language process of the ATTSIP system and its modules; the Pre-
processing module has been presented to handle abbreviations and detecting the sentence type.
We have presented a small database which stored exceptional words used by the Text Analysis
module to handle exceptional Arabic words. Many methods for developing the Grapheme-to-
Phoneme module have been explored, Rule-based method has been chosen because it is suitable
for mobile application, it needs a small database for exception words and a letter-to-sound rules
for the conversion process. To implement this method, letter-to-sound rules have been presented
to get the pronunciation of the sentence. The phonemic output of Grapheme-to-Phoneme module
is a function of the precision of the letter-to-sound rules and the completeness of the exceptional
dictionary. A syllabification algorithm have been developed to extract the syllables for the words
which form the sentence, these syllables are used by another developed stress level algorithm to
put the prosody information between the syllables. The syllabification algorithm search for a
pattern matching within each word of the sentence for the specified Arabic language syllables
patterns (cv,cvv,cve,cvve,cvee and the rare cvvee) . Every Arabic syllable starts at Sokoun mark,
we have used this Arabic linguistic rule in our algorithm to speed up the algorithm by reducing
the number of iterations for extracting the syllables comparable with what is needed for the El-
Imam work. El-Imam removes the Sokoun mark before syllabification because he consider it
does not have any pronunciation and start scan left to right or right to left within the word
looking for pattern matching. In our algorithm we have been kept it in the words , we have been
started the syllabification process by tokenizing the word based on the Sokoun mark, after we get
the initial syllables produced from tokenization process, we search for a pattern matching within
these syllables instead of the word itself. We need syllabication for putting prosody data between
these syllables. The generated voice without prosody sounds robotic. A stress level prosody
feature algorithm have been developed according to the rules have been discussed in section
(3.1.3) to enhance the generated voice to give it the human being nature.

It has been described why we choose the Android for our mobile application, Android nowadays
the most dominant and effective OS for mobile devices. We train the system on eight sentences
to ensures that all the letter-to-sound rules have been covered, after training the system we used
thirty five sentences in testing the correctness of the letter-to-sound rules. We think the result
was satisfied but more letter-to-sound rules is needed to cover the special cases as we have seen
in sentence(11) of the Testing set , but more rules means more processing and this will affect on
the overall system speed performance.

The grapheme-to-phoneme module has been implemented in twc ways, the one-by-one call and
the selective call methods. We have show the difference between the two methods and show that
the second method is better than the first by 18.5 % so it is suitable for limited resources devices
and deserve more future developments.

Future development can be done to the system to increase its performance and capabilities.
Reading incoming SMS or reading the directions in a map while driving the car are features that
can be added to the system. Now ATTSIP only accept full diacritic plain text, but the system can
be developed to allow modern standard Arabic to be processed. This needs a new module to add
the diacritic to the text “Al-Tashkeel”. In our thesis. we have been used a set of static rules to
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implements the grapheme- to- phoneme conversion process; another approach could be designed
to use a dynamic rule based system. In such a system, you will need a small library of sounds
and the corresponding text; both will be used to derive the required rules dynamically to be used
in the conversion process.

Continued work is required to develop the system further and to increase its performance.
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