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Abstract

This paper aims to design and validate a phonetically balanced speech corpus for Arabic language. Designing and developing
a rich and phonetically balanced corpus in optimal context is one of the key issues in building high quality of text-to-speech
synthesis systems. The rich characteristic is in the sense that it must contain all the possible phonemes on the right and left
context, whereas the balanced characteristic is in the sense that it respects the phonetic distribution in the language. We
propose a new methodology for designing and implementing such corpus for speech synthesis purposes. The paper explains
the whole creation process of this corpus, beginning with the design stage, corpus creation, recording phases, and finally the
segmentation of the speech corpus. The speech corpus contains 202 sentences with 6174 phonemes. In order to validate the
speech corpus, an Arabic speech synthesis system using Hidden Markov Models has been developed.

Keywords Arabic speech corpus - Corpus design - Corpus recording - Phonetically balanced - Text-to-speech synthesis

1 Introduction

Designing a speech corpus is one of the key issues in build-
ing high quality text-to-speech synthesis systems (Amrouche
et al., 2017a; Itunuoluwa et al., 2014). The richness of its
content, the quality of the annotation, the homogeneity of the
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voices and the conditions of recordings, are parameters that
determine the quality of the obtained synthesized speech.
Naturalness and fluency become more and more necessary in
these systems. The preparation of any type of speech corpus
is normally a project on its own. The choice of sentences’
word to be recorded is a hard task. In the literature there are
many method to select texts for building textual corpus; ran-
dom selection of sentences from various topics is one of the
most frequently used techniques for speech corpora design
(Niladri & Ramamoorthy, 2019). But corpus design is a long
and difficult task, therefore some means of optimization are
necessary (Almosallam et al., 2013). When building open
domain applications optimization becomes necessary since
recording every possible speech event is practically impos-
sible, we need to build a short corpus, which contains the
minimum representations of phonemes. The required cor-
pus is not available for Arabic language. We propose a new
methodology for building a corpus. The advantage of the
method is that the corpus is produced with full and specific
knowledge of its intended use.

The main purpose of the work discussed in this paper is
the design and the record of a phonetically balanced speech
corpus intended for speech synthesis system, by building an
optimal rich corpus for the Modern Standard Arabic (MSA)
language.
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This paper is organized as follows: the first section gives
a brief overview of the related works and a description of the
desired corpus characteristics. The second section shows the
Arabic language phonemes and the phonetically balanced
criteria. In the third section, a process of the corpus design
and its final features are described. Then, in the fourth sec-
tion explains, the recording phase and the speaker selection
process. In the last section we present the validation and
some conclusions on the speech corpus.

2 Related works

A corpus-based speech synthesis uses acoustic units result-
ing from reading a carefully chosen textual corpus. The com-
monly used criteria mainly assure the coverage of all units
(phonemes, diphones, triphones, etc.). The “greedy” method
consists of choosing incrementally from a large corpus, a
subset of sentences that reached the desired coverage. The
percentage of existing units in the initial corpus is present in
the built corpus. According to the approaches, the units to be
covered are diphones, diphones in context (Alsulaiman et al.,
2011), triphones or syllables. For each sentence candidate, a
score is calculated to allow the choice of the most useful sen-
tence, which increases the most units’ coverage. The selected
sentence is then moved from the initial corpus to the created
corpus and its units are then removed from the set of units to
cover. Many studies (Abdo et al., 2017; Barbot et al., 2012;
Chrobaka et al., 2006; Muljono et al., 2019; Novitasari et al.,
2020) have used the “Greedy” algorithm for the constitution
of the textual corpus.

Other methods, inspired from the “greedy” method, have
been proposed including the “reversed greedy method” (or
“cracheuse”) (Chrobaka et al., 2006) and the method of
exchange by pairs (Tian et al., 2005).

The algorithm “cracheuse”, in contrast to the greedy algo-
rithm, starts with full coverage, that of the initial corpus. The
sentences are deleted one by one until the deletion of a sen-
tence that has units with the total coverage. As for the pairs
exchange method, it aims to improve the coverage rather
than build, either by increasing the number of units covered
or decreasing coverage as a minimum threshold.

The effectiveness of these three methods depends on the
chosen criteria for calculating the score of each candidate
sentence. Regardless of the method used, the criteria are
related to the number of separate units for a sentence and
the number of coverage units. To control the length of the
selected sentence, the total number of units in the sentence
is considered. In Chrobaka et al. (2006), several criteria were
presented and evaluated as the criteria based on the number
of useful units to coverage in the candidate sentences, or the
presence of the rare units in the sentence.
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Depending on the goal, the score of each candidate sen-
tence could be calculated differently. To achieve the cov-
erage, the easiest way for calculating the score is to nor-
malize the number of new units for a sentence to the total
number of units contained in the same sentence. In addition
to get coverage, the aim is to promote the rare events so
the score calculation uses the frequencies of the observed
units of the initial corpus. In order to obtain a high vari-
ability on the phonetic level, Chalamandaris et al. (2010),
Thao et al. (2011) propose to calculate the score of each unit
(diphones) of the candidate sentence according to his left
and right phonetic contexts. The chosen units are those that
increase the variability of phonetic corpus. This approach
allowed to obtain a better representation of triphones in the
corpus. The objective is to achieve coverage and variability
of the units, which are partially antagonists. A compromise
between the two is necessary. This leads to different scores.
One of the difficulties of the constitution of the textual cor-
pus is in the choice of optimal coverage of units in the sense
of an application target. In the case of the general speech
synthesis, the distribution of the desired units are that limit
redundancy of frequent units and maximizes the presence of
rare units. Full coverage must be reached at least the elemen-
tary units. In addition, adequate representation of the units
must be ensured to anticipate the different contexts of pos-
sible appearance of these units. For synthesis dedicated to
restricted domain, the ideal distribution of the units is one
that reflects a particular application context. In this case,
the strain on the rare units may be less strong. However,
the most frequent units in relation to the domain must be
well represented. The corpus can also be smaller and more
specific to the domain.

For the criteria that look for obtaining a coverage, the
distribution of units in the final corpus is hard to master.
Therefore, we propose a criterion intended to globally con-
trol the distribution of units in the built corpus at each stage
of the process.

In this paper, we propose a method of textual corpus
based on a statistical approach. This approach aims to build
a corpus that the units’ distribution tends to a prior distribu-
tion. The criteria used evaluates the usefulness of a sentence
based on all units in the built corpus.

The creation of such corpus can be divided into three
main stages:

(1) Constitution of reading script;
(2) Recording of the script;
(3) Post-processing of data.

Before going to the constitution of the script, we must
first give some information about phonemes and diphones
of the Modern Standard Arabic. These phonetic units are the
basic elements for the construction of words and sentences
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of a script in the chosen language, therefore it must be
defined beforehand because they are language dependent.

3 The Arabic language

Arabic is a Semitic language of the same family as the Syr-
iac, Aramaic and Hebrew. However it has a rich morphology
and a flexible word order. Nowadays it is spoken by almost
420 million people in the world and 22 countries as well.
The Arabic natural language and automatic signal process-
ing must deal with several complex problems pertinent to the
nature and structure of the Arabic language. For example,
Arabic is written from right to left. Like Chinese, Japanese,
and Korean there is no capitalization in Arabic. In addition,
Arabic letters change shape according to their position in the
word (Amrouche et al., 2015; Attia, 2008; Farghaly et al.,
2009). The research about the automatic processing of Ara-
bic has started in the 1970s. The first studies were primarily
focused on lexicons and morphology. We will state some
particularities of the Arabic language.

Modern Standard Arabic (MSA) consists of 40 phonemes;
28 consonants, six vowels (three long [a, 1, G] and three short
[a, 1, u]) and six vowel variants emphatic context. The pho-
neme is the smallest element of the units of speech, it is the
difference in meaning, the word and the sentence. Arabic
phonemes contain some distinctive classes called uvular,
pharyngeal, glottal and emphatic. These classes characterize
the Semitic languages like Arabic and Hebrew. The uvu-
lar, pharyngeal and glottal phonemes, are also called back
phonemes. The MSA presents four emphatic phonemes:
two plosives and two fricatives (Ferrat & Guerti, 2017).

(Ferrat & Guerti, 2013). Indeed, the sentence [had ara
edarsa] (weod) as) (he attended the lesson) presents a
different sense, compared to the sentence with gemination
[had d ara edarsa] (u= ) as) (he prepared the lesson).
Also the word [naqaba] (to dig) differs from the word
[nagqaba] (to seek) by a gemination of the phoneme [q].
In phonetic writing, gemination is represented by a double
consonant [CC].

There are five types of syllables classified by the fea-
tures: Open/Closed and Short/Long (Table 2) (Satori et al.,
2009).

A syllable is called open (respectively closed) if it
ends with a vowel (respectively a consonant). All sylla-
bles have a single vowel (short or long) and starts with
a consonant followed by a vowel. The syllable [CV] can
be at the beginning, middle or end of the word. (Abed &
Guerti, 2016) Types considered syllables: [CV], [CVC],
[CVV], [CVVC] and [CVCC], where [V], [VV] and [C]
are respectively a short vowel, long vowel and consonant.
As each syllable contains one and only one vowel (short
or long), where the number of syllables of a word is equal
to the number of vowels;

1. Each syllable must begin with a consonant;

2. The kind of syllable [CV] is called short syllable, this is
the most common in the Arabic language;

3. Other types are all long;

4. All syllables can be at the beginning, middle or end of a
word;

Table 2 Classification of

Table 1 shows the emphatic and back phonemes with their  syllables in Arabic Syllable  Open Closed
Speech Assessment Methods Phonetic Alphabet (SAMPA) Short [CV]
equivalents. Long [CVV] [CV(C]
In addition, the MSA is characterized by the gemination [CVV(]

phenomenon. This process is very relevant in this language (Ve
Table 1 . Inventory of the Phoneme Arabic Place of articulation Manner of articulation
emphatic and back phonemes (SAMPA code) character : : : —
of MSA Voiced Emphatic Plosive Fricative

[t] L Dental - + + _

[s'] - Alveolar - + - +

[d] ) Alveodental + + + -

[D] 35 Interdental + + _ +

[q] 3 Uvular - - + _

[x] z Uvular - - _ +

[G] ¢ Uvular + - - +

[X\] T Pharyngeal - - - +

7] ¢ Pharyngeal + - - +

[h] - Glottal - - - +

7] . Glottal - - + -

@ Springer
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5. Types of syllables [CV] and [CV V] are called open,
types of syllables [CVC], [CVVC(C] and [CVCC] are
called closed.

4 Corpus design

The goal of the development of a phonetically rich and bal-
anced corpus is to assure that all the possible phonemes and
some impossible phoneme combinations between words are
occurred in the final corpus. To assure that the speech syn-
thesis system produces at least a natural intelligible sound,
we will have to design the corpus to guarantee that there
are at least all the smallest units. The purpose of the pho-
netically rich and balanced corpus is to keep the appearance
rate of these units in the corpus, as close as possible to their
appearance in the language. In this way, usual phonemes
will appear several times in the recorded corpus, in multiple
contexts, and all rare ones will appear as close as the appear-
ance in the language.

4.1 Textual corpus

The textual corpus, or script, means all the sentences that
will be recorded by the speaker. This may be a literary text
(like a novel), a succession of independent texts (such as
newspaper articles), or a set of isolated sentences without
logical link. The latter is most common in the context of
a synthesis of style “neutral reading”, in which prosodic
consistency between successive sentences is neglected. The
script has a direct impact on the final quality of the synthe-
sized voice, which depends on the variety of its units in the
corpus (Jawaid et al., 2014). The speech synthesis quality
will be better if the system has long segments and adapted
to the context. The goal of our research is to build a pho-
netically rich corpus that provides a certain linguistic rich-
ness, covering all Arab diphones and several presentations
for each diphones. We start from a very rich initial corpus
to arrive at a set of words that represents all the diphones
to construct sentences using these words. Figure 1 gives the
flowchart of the steps for the constitution of the script.

4.2 Initial corpus

The constitution of an initial text corpus is a milestone in
the process of creating a script. The initial corpus allows to
observe the statistics of different events of the language and
thus to establish coverage priorities, for example through a
frequency weighting of the optimization criteria. It can also
pick corpus office for the selection of the sentences that are
added to the script. In all cases, the correction level of the
corpus has a direct impact on the quality of the final script.
If the constitution of a universal representative corpus for
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Initial Corpus ’
v

Statistical analysis and pre-processing

v

" Words Corpus ’

v

‘ Sentences Corpus ‘

v

‘ Final Corpus ‘

Fig. 1 Flowchart of the development of an optimized textual corpus
for Arabic Language

Table 3 Statistics of initial corpus

Sources Number of words

Prose and poetry (1.8 million words)

Scientific texts (1.5 million words)

Newspapers (1.3 million words)
The Quran and Hadith (980,000 words)
Recipes (90,000 words)

a language is out of reach, the aim is to cover a significant
and balanced corpus for most considered applications for the
recognition and speech synthesis (Hafte & Sebsibe, 2018).
To achieve our corpus, we have collected an initial corpus
of 5.67 million words such as newspapers and the Arabic
library Shamela. For this, several sources were assembled.
Table 3 shows the initial corpus details:

We can see that a large part of our initial corpus is taken
from daily used language, which makes 65% of the collected
text data, 40% of the corpus is vowelized. This reflects both
our commitment to move away from traditional use of syn-
thesis voice to address new application fields closer to our
actual modes of communication, and secondly, speakers will
be familiar with the sentences to be recorded.

4.3 Statistical analysis and pre-processing

This step consists primarily to do general statistics on the
initial corpus, to know the distribution of phonemes and
diphones in the Arabic language, and to meet this distribu-
tion in sentence construction.

Table 4 presents 36 pairs, among 758 possible pairs with
the percentage of appearance in the initial corpus. These
pairs are divided into two classes: one containing easy
diphones, which means the frequent (most used) and the
other containing the difficult diphones (less used), which
means the least frequent.
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Table 4 Representation of some

. . - Pairs % Pairs % Pairs % Pairs %

pairs with their appearance

percentage in the initial corpus e 7.09 (o4 2) 1.13 () 0.57 (o) 0.06
(< J) 2.54 (Jeg) 1.04 (5 J) 0.56 (U @) 0.05
(= J) 1.76 om) 0.86 (< @) 0.56 (& 3) 0.04
(oD 1.67 (I o) 0.85 () 0.56 (0=o) 0.04
(I 2) 1.55 (s5 ) 0.84 (@ 0.54 (o ) 0.03
($e3) 1.43 (¢ J) 0.81 ) 0.54 ) 0.03
(Je s 1.37 () 0.80 () 0.54 (¢ ) 0.02
(e¢ J) 1.34 () 0.74 (g¢ ) 0.09 (e ) 0.02
(I ) 1.15 (I o) 0.73 () 0.08 (G k) 0.01

25
20
15
10

0 ‘|||I|IIIIIIIII|III||I---.
L Jg ¢ 500 Qo ,p G d e

proed f B dioak g b

phonems coverage (%)

Fig. 2 Distribution of phonemes in the initial corpus

Figure 2 and Table 5 show the phonemes and vowels cov-
erage of the initial corpus.

By analyzing these statistics, we see that the phonemes
Aliff and Lam J are the most frequent with the percentages
of 19.36% and 12.6% respectively, and the ‘al’ diphoneIsJ is
very frequent. On the other hand the phoneme & [D'] is the
least used because its acoustic characteristics, which pose
conjunction problems with other phonemes. The second
step is to make an acquisition by cleaning and formatting
the initial corpus to reach a small corpus consisting of non-
differentiable words, because we are trying to extract the
diphones in lexical units (root). To facilitate and expedite
this task, we carried out a program consisting in:

— Eliminating all kinds of proposals, pronouns and con-

— Applying for a significant word, stemming to detect pre-
fixes and suffixes and keep only the root;

— Calculating the number of occurrences of a significant
word after stemming and order them descending.

The stemming algorithm is a computational procedure,
which reduces all words having the same root (or, if prefixes
are left untouched, the same stem) to a common form. For a
given word that represents a number of graphemes greater
than three, the program removes the prefixes and suffixes
to keep the root. After that it compares this word with a list
of registered schemes of the Arabic language (Amrouche
et al., 2017b; Tengku & Abu Ata, 2013). If the scheme exist,
it removes the prefixes and suffixes and returns the root as
output. Table 6 gives an illustrative example.

Table 7 presents some stemming results. The words and
their frequencies of appearance in the initial corpus are
presented in descending order. This task is very impor-
tant to select words, it allows to choose the most frequent
words, which means the most used and where speakers are
familiar with them. This means a perfect pronunciation,
which increase the recording quality.

Table 6 Stemming example of the word sl

3 ) Word Suffix Word without suffix Pattern Root
]uIlCthIlS;
Osalapnd b Osalay Oslady ple
T}?b!e 5 f’ercentage of vowels in Fatha Kasrah Dammah Sukun Chaddah Fathatan Kasratan Dammatan
the mnitial corpus fal il I/ Vi Consonant  /an/ lin/ Jun/
doubling
%44.32 %18.68 %16.23 %11.57 %6.47 %0.84 %1.078 %0.77
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Table 7 Example of output

words and their frequencies for

Hizb 59 and 60 of Qur’an S
Jia

1A

J
Sds
pds
bz
e
o
S
]

Stemmer Occurrences

—
(=)

L L L L Q0 O O

4.4 Words corpus

In this step, we made another program that makes the
selection of words. These words are chosen such that they
ensure at least one for each unit (diphone). For a candidate
word containing N phonemes, which consists of n=N — 1
diphones, the selection is as follows:

The units are divided into two classes; a class that con-
tains the most common units C1, and another that contains
the least frequent units C2.The program selects only those
words, which their units are in both classes at the same
time, using (1) and (2).

D; € Ciimoai+1.2) Pixt € Ciimodirny+12) - P € Cramodnt12)

ey

D; € Cooaii+1.2) Divt € Commoaqiry+12) - P € Commodna12)

@)
where D, is the number of diphones in a word; mod is the
rest of the Euclidean division.

We start with the most frequent words to less frequent
to guarantee the familiarity of these by most community.
Which means, the speakers know the exact pronunciation
of the word beforehand. Once a word is selected, it will
stored and deleted from the initial list as well as the con-
stituting diphones from the two classes. The process stops
until the emptying of the two classes.

Table 8 illustrates ten words chosen by the program
with their diphones:

At the end of the implementation, we obtained 535
words that contain all possible diphones for the Arabic
language. So we provided at least one diphone copy. In
all, we received 1605 diphones making up the 535 words,
with a repetition of 120 diphones. This repetition is due to
take some words containing one diphone from a class and
the other was deleted because there was not words con-
tained the diphones from the two classes. In the final step,
we organized the words in lexical fields such as verbs,

@ Springer

Table 8 Words chosen by the program

Diphones Words Translation
A5, el e A5 e Guide
Ca (ali bl “hal Half

00, A0 OA Cycle

By, 0% 0B A B8 Flower
b juarhin BEEIOS Pressure
D5, par D g G Sound
BRSSP BB Damage
Js 558 Fadssa Jsaa Entrance
b bl Juddls ikl Power
53,535,555 S5 Nuclear

contents names and animals’ names. This organization was
made to facilitate the construction of sentences.

4.5 Sentences corpus

We built midsize sentences from 4 to 10 words. As needed,
we added words, proposals, prefixes/suffixes and we make
the prohibited diphones between words. We added also the
diacritic marks for all sentences at the same time of their
construction. We stopped the construction of the sentences
when the 535 words were completed. The added words are
most frequent in the Arabic.

The corpus is built of 202 sentences (1254 words). Fig-
ure 3 shows the coverage of phonemes in the sentences
corpus.

By comparing the phoneme coverage of the initial corpus
and corpus sentences, we notice that the order of phonemes
is quite respected, from the most frequent phonemes to less
frequent.

20

15

10

phonemes coverage(%)

Al
0 ||||||||IIII|||||||||..

Jd o @ e Cu o e gawasdaz oz S TR NSNS N T

Fig. 3 Distribution of phonemes in the sentences corpus
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LTI
L dg e s 0o 0w e

Fig.4 Distribution of phonemes in the final corpus

phonemes coverage
(%)
-
o

Table 9 Final main corpus statistics

Total number of sentences 202
Declarative sentences 180
Interrogative sentences 22
Average of words per sentence 6
Total number of words 1254
Number of different words 975
Total number of phonemes 6174
Total number of diphones 3614

4.6 Final corpus

This last step was to control the phonemes distribution and to
respect this distribution in the initial corpus. To do this, we
added sentences, words as necessary. In each addition of the
words or sentences, we controlled the coverage of phonemes
after the addition by analyzing the main corpus statistically,
and we compared these results with the results obtained by the
analysis of the initial corpus. We stopped the additions once
we got a closer phonemes coverage to the initial analysis fixed
at the beginning.

The final corpus obtained must contains all Arab diphones
and unnecessary diphones between words to insure the distri-
bution of the language fixed before.

Figure 4 and Table 9 show the coverage of phonemes and
vowels of the final main corpus respectively.

By analyzing these results, we found that the final corpus
is a sample of the language, in which all Arab diphones are
presented. Prohibited diphones are shown between words.

Table 10 shows the vowels percentage of the final corpus.
We see that the order of fatha, kasra and damma have the same
vowels representations in the Arabic language.

4.7 Manual processing

Manual treatments can accompany each phase of creating the
script described above.

First, the reading of the initial corpus allows to elimi-
nate aberrant sentences (e.g. Foreign language sentences),
correcting some passages (e.g. Misspellings, abbrevia-
tions), or even completely rewriting poorly formed texts
(e.g. Short Message Service (SMS)). The main objective
of these textual corrections is to facilitate the interpreta-
tion of the initial corpus, which provides a phonetic tran-
scription and prosodic annotation of the corpus that are
consistent with an intuitive reading. The quality of the
final script depends on the relevance of linguistic cov-
erage, and the fluent reading of the expected phonetic
sequence.

If a complete rereading of the initial corpus is out of
reach because it is too costly, we can of course limit our-
selves to its critical parts. For example, instant messaging
traces will benefit much more from manual intervention
than journalistic or literary sources. Throughout the con-
struction of the script, the supervision of selected words
can be very beneficial, for example, to reject too complex
or phonetically wrong words. This pruning can be carried
out as during the construction of the script or later.

It is also possible to correct the phonetic transcription
of some sentences to avoid the discrepancies between the
expected sequences that actually carried out by the speak-
ers. This type of modification or posteriori deletion can
cause holes in the linguistic coverage; a real time treat-
ment (that is to say over the construction of the script),
which is preferable, as well the disappearance of some
units because the deletion of a sentence or phonetic cor-
rection may be automatically compensated in the following
sentences.

The monitoring of some indicators such as coverage
rates of many units types or the length of sentences, also
offers the opportunity to refine or correct the optimization
criteria in real time.

Finally, the final script may be annotated or rewritten
to facilitate the reading and promote conformity between
the expected phonetic sequence and that effectively pro-
duced: simplifying of writing complex words, francization
of foreign words to remove ambiguities in pronunciation,
connection indications, etc. The final corpus answer and
respect our conditions fixed at the beginning. In the next
section, we present the recording of corpus.

Table 10 Percentage of vowels
in the initial corpus

Fatha Kasrah

Dammah

Sukun Chaddah Fathatan Kasratan Dammatan

- 2

%42.45 %18.10 %15.54

w z -

%12.60 %71.37 %1.77 %1.24 %0.93

@ Springer
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5 Recording phase
5.1 The choice of speakers

The choice of speaker and voice is essential for the quality
of speech synthesis. Project management requires some
criteria: the speaker ability to follow sometimes-complex
reading instructions, ability to control his vocal organs,
reading fluency, motivation, etc. Other criteria may be
imposed by mastering the work or jointly identified such
as sex, tone of voice, the reading style, the regional focus,
the level of articulation. A choice can be made on the basis
of simple existing voices recordings, or to carry on dedi-
cated recordings in real conditions, which is preferable.

An Algerian speaker who did not receive any special
instructions to avoid the influence that may affect its spon-
taneity made the recording.

5.2 Recording environment and platform

First, the sound acquisition chain must be constant
throughout the recordings. This limitation is inherent in
the mechanisms of speech synthesis using the unit con-
catenation: the units must provide closest acoustic charac-
teristics as possible. In particular, the room, the furniture,
the equipment acquisition and the position of the speaker
from the microphone must remain unchanged. Then, the
reverberation must be extremely low because it harms the
speech segmental aspects: the stick units on each other
cannot segmented or concatenated properly. Also using
the same microphone and recording device. Ideally, all
sentences should be recorded at once, since the voice qual-
ity of the speaker can vary from time to time (Abushariah
et al., 2012b; Burkhardt et al., 2005).

Finally, the ambient noise must be as “white” as pos-
sible, that is to say that it must not exhibit temporal coher-
ence (successive uncorrelated samples). Non-one-off
sound events such as a background discussion, creaking
doors, passing vehicles, ringing phones, even weak ones,
are to be avoided. The white noise model is theoretical; in
practice, it suffices for the ambient noise to present con-
stant characteristics and for the events, which compose
it to have a duration of evolution, which is significantly
shorter than the phonemes. Under this condition, it is not
incompatible with corpus-based synthesis.

To achieve a high audio quality, the recordings took place
in a soundproof room at SESTEK (Speech Enabled Software
Technologies) studio in Istanbul, Turkey. The soundproof
room system consisted of the following subsystems:

e One Professional Microphone: Rote-NT1A;
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e An AudioBox USB Studio PreSonus.

The sampling rate is 48 Ksample/s with 16 bit resolu-
tion (Janyoi & Seresangtakul, 2020). The speaker were
standing in front of the microphone, with a fixed distance
along the recording of all sentences about 20 cm (see
Fig. 5). The recorded file are monophonic signal and the
202 sentences must be read at a normal speed (from 10 to
12 phonemes/s) by the speaker.

6 Phonetic segmentation

At this stage, each sentence is associated with its pho-
netic transcription. The Segmentation of the speech to
phonemes for each sentences was made in a semi-auto-
matic way. The segmentation phase was divided in three
steps. Firstly we developed an automatic Arabic phonemes
boundary detection system. This system is mainly used to
perform an automatic speech corpus labeling, because the
manual labeling is a hard task and consuming time. We
have used the HTK (Hidden Markov Tools Kit) model to
solve this problem. The Hidden Markov Models imple-
mentation is used to detect phonemes boundaries with the
textual information given by the transcription file (Abed
et al., 2017). Secondly, we proposed an automatic segmen-
tation of speech in phoneme for the Arabic language. This
segmentation is based on two different techniques: Hidden
Markov Models (HMM) and Artificial Neural Networks
(ANN) (Abed et al., 2016). Finally, in order to check the
quality of speech segmentation we heard all the extracted
units, then we make some alterations to the misunderstood
phonemes. The segmented units have been analyzed by
Praat software (Boersma & Weenink, 2019).

Fig.5 Recording studio
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7 Comparison of the achieved corpus
with other works

In this section we will compare our corpus with three other
corpus for the Arabic language that are:

7.1 Twenty lists of ten arabic sentences
for assessment

Boudraa et al. have developed a corpus contains two
hundred sentences distributed on twenty lists of ten sen-
tences (Boudraa et al., 2000). They have based on Pierre
Combescure’s work applied to the French language
(Combescure, 1981). The phonological balance of their
corpus was considered as the presence of phonemes in the
roots of the Arabic lexicon. Their hundred sentences were
formed from these roots. However, this study was not void
of some disadvantages such as: Pre-estimate of the number
of sentences in two hundred: If the French language needs
this number to represent all phonetics aspects, this does
not necessarily apply to the Arabic language. In addition,
the methodology for the preparation of their set of lists
(words or sentences) belongs to speech therapy. Also the
concept of phonological balanced is incompatible with the
purpose of the study and the absence of phonological rich-
ness criteria.

7.2 KACST database of Arabic sounds

King Abdulaziz City of Science and Technology (KACST)
created a database for Arabic language phonemes, on the
basis of a least number of phonetically rich Arabic words.
As aresult, a list of 663 phonetically rich words containing
all Arabic phonemes based on Arabic phonotactic rules
was produced (Abushariah et al., 2012a; Alghamdi et al.,
2003). The authors built 367 phonetically rich and bal-
anced sentences. The database contains all phonetic rules
of Arabic, which means coverage of all Arabic phoneme
clusters. The presence of the least possible number of
words to avoid possible redundancy of Arabic phoneme
clusters. Although the details given in this study, no objec-
tive method for selecting the vocabulary, providing the
required conditions on the word vocabulary level and they
did not differentiate between lexical and speech usage sta-
tistics. The authors considered that the linguistic balance
is the presence of all Arabic phonemes in equal propor-
tions, which means each linguistic sound is given an equal
score to test it and practice it.

7.3 Phonetically rich and balanced text and speech
corpora for Arabic language

Abushariah et al. (2012b) described the preparation,
recording, analyzing, and evaluation of a new speech
corpus for Modern Standard Arabic (MSA). The speech
corpus contains a total of 415 sentences recorded by 40
(20 male and 20 female) Arabic native speakers from 11
different Arab countries representing three major regions
(Levant, Gulf, and Africa). They took the three hundred
and sixty seven sentences of 7 database of Arabic sounds
developed above, The remaining 48 sentences are created
for testing purposes, which are mostly foreign to the train-
ing speech corpus, which is an important requirement for
developing any ASR system.

7.4 A standard Arabic single speaker corpus SASSC

The text corpus included a variety of genres and writing
styles from multiple sources to insure a representative
sample. Furthermore, diversity of pronunciation was also
taken into consideration during the text selection process to
capture the entire phoneme spectrum that exist in the Ara-
bic language. The corpus is divided into sub-categories to
achieve a wide variety of vocabulary and to enable users of
the data set to perhaps extract “exact” relevant phrases if
necessary. For example, the use of numbers, date and time
are very common in most applications (Almosallam et al.,
2013). The text corpus consists of 51,432 words, it con-
tains 627 unique syllables out of a total of 333,981 syllables.
Almosallam did not include several phonemes presented in
this work, which are essential in MSA. The phoneme set
used in the newly-developed corpus included all of theirs
and added phonemes that appeared to have been missed.
Also they ignored the discussion of geminated consonants
and did not describe how they converted diacritised MSA
text to phoneme sequences before alignment (Halabi, 2016).

7.5 What distinguishes our corpus from the others

In addition to the acoustic richness of our corpus, which
means the presence of all phonemes, diphones, and unnec-
essary diphones between words of Arabic language, the
phonetically balanced is into preserve the phonetic distri-
bution of Arabic language. The chosen words are taken from

Table 11 Samples of the phonetically rich and balanced sentences

Sample 1 a2 il (e Ala 2l § 8
Sample 2 dmumui ) e

Sample 3 ROV SR JUATES TP
Sample 4 LRl g e GG 1Y
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the used Language, and the sentences are easy to read and
understand. Our corpus have: minimum word repetitions, an
average of 4—10 words in a single sentence, simple structure
of sentences and a minimum number of sentences. Table 11
shows four samples sentences of our corpus.

The corpus consists of 202 Sentences, which 180 are
declarative and 22 are interrogative, with an average of 6
words per sentence. It totals 1251 words, 2940 syllables,
6174 phonemes whose 2258 short vowels, 421 long vowels,
395 semi-vowels/w/and/y/, 990 fricative consonants, 940
plosive consonants, 650 liquid consonants/t/ and/ 1/, and 520
nasal consonants/m/ and/ n/.

8 Validation of the corpus

In this section, we have tested the corpus for the developed
systems, which are: an HMM-based speech synthesis sys-
tem (HTS) for the Arabic language (Amrouche et al., 2019),
design and implementation of a Diacritic Arabic, Text-To-
Speech System (Amrouche et al., 2017a) and a contribution
to the improvement of the signal synthesis in a TTS system
for Arabic (Amrouche et al., 2014). To assess the intelligibil-
ity and natural aspects of the obtained synthesis voice, we
applied two types of tests for each system.

A listening test was offered to subjects via a web interface
made with HTML/PHP. Beforehand, instructions have been
given to participants to explain what was expected of them
during the evaluation. Each participant fills a set of personal
information: name, gender, age group, educational level,
mother tongue (Arabic or other) and the listening device
used (speakers or headphones). 40 auditors have participated
in the evaluation, divided into three age groups (13 with T1:
15-20; 14 with T2: 21-40; 13 with T3: 41-60), including
20 women and 20 men. Participants have different occupa-
tions, and they know the Arabic language. Their education
level is divided into four levels (10 with A: primary; 10
with B: secondary; 10 with C: high school student; 10 with
D: university). The criteria of acceptance a candidate for
the system output evaluation were: the understanding of the
Arabic language, the absence of hearing disorders, unfa-
miliar to listen to the synthetic voice. The 40 participants
are native speakers, so all participants understand Arabic
(written and spoken).

We applied two tests for comprehensibility (clarity),
where listeners will check their answers to multiple choice.
The choice responses for each subset is forced (1 or 0).
The listener chooses one of the possible answers or opts
for a third choice, which is “not clear speech”. The correct
answers for each participant were coded with a score of 1
and incorrect answers with a score of 0. We get an ‘x’ if
speech is not clear, but when calculating the results for each

@ Springer

test, we change the ‘x’ by 0. The answer is considered cor-
rect if it matches the target heard.

8.1 Testing the overall intelligibility of the synthetic
speech

In this part of the test, we chose 36 words and 18 sentences
that contain all Arabic phonemes.

Both lists allowed the judgment of the synthetic voice
clarity in general. Auditors should identify from the ele-
ments list of each subset with words and sentences randomly
drawn. The answers were rated on a multiple-choice test,
which allow to easily automate the counting stage results.
The final result is expressed as the percentage of words or
sentences correctly identified.

8.2 Test of the intelligibility of the consonants
and vowels

As for the second part of intelligibility, the DRT (Diagnostic
Rhyme Test) has allowed to test vowels as well as conso-
nants no matter their position in a word or sentence. The
scoring was the same as the first part of the test but it was
conducted so as to find a good clarity of synthetic speech.
The test items were classified into subsets (words or sen-
tences) that were distinguished only by a consonant or a
vowel. The number of subsets should be sufficient to test
systematically all consonants, associated with at least several
different vowels. We chose 24 words and 12 sentences for
this test. At the end of the tests, we asked listeners to judge
the quality of the sentence or word heard, based on listening
and give a quality measurement as follows: (5 - Excellent
4 - Very good, 3-good, 2-Fair, 1-Poor). After recovering the
intelligibility test scores for groups of words and sentences,
we calculated the percentage of the correct answers in each
group. Figure 6 and Fig. 7 show the obtained results.

The auditors acknowledged the majority of words and
sentences with percentages of 99.25%, 99.58% respectively.

For the DRT test, the changes words and sentences are
carried out at the consonants and vowels as follows: The
words offered differ in consonants and vowels that have been
replaced by other consonants and vowels, introducing con-
fusion, which prevents the transparency of the sound to the
place of articulation, the position of consonants and vowels
in the sentences and words.

The results obtained are illustrated in Figs. 8 and 9:

The auditors acknowledged the majority of changes of
consonants and vowels in words and sentences with per-
centages of 98.35%, 93.06% respectively. The average per-
centage of these tests is 97.53%, the auditors understood
the majority of the words and sentences and have distin-
guished the words, the changes are made to create confu-
sion and impede comprehensibility, and in addition, there is
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Words Intelligibility Test
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Fig.7 Sentences test results

no discontinuity along the tested sentences. In the regards
of the assessment, the analysis shows the lack of effect of
age and gender, as well as a significant effect of education
where academics have achieved better results compared with
other secondary schools, medium and primary. Words in
context are more intelligible than isolated words. The audi-
tors noted the naturalness with an average of 4.259. Analysis
of the results of these tests suggested that, when it comes to

Word DRT Test
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the system intelligibility, our system is performing. In these
tests, the words in context are more intelligible than isolated
words with percentages of 97.74%, 93.56 respectively.

An objective evaluation is performed using the percep-
tual model PESQ (Perceptual Evaluation of Speech Quality)
programmed in C language by the International Telecom-
munications Unit (ITU 2001). We give the two input signals
(original and synthetic), the value of the sampling frequency
and the bandwidth. The test was performed using the same
signals as the previous tests. After the comparison between
the original signal and the synthesis, the PESQ gives two
ratings: the first ranging from — 0.5 to 4.5 and the other
MOS-LQO (Mean Opinion Score - Listening Quality Objec-
tive) is obtained after processing in the MOS (Mean Opinion
Score) scale of 1 to 5 (Boros et al., 2014; Qiong et al., 2014;
Tadashi et al., 2015).

The similarity was assessed by comparing the actual
recording and synthesis of the sentence, using the PESQ
test. Figure 10 shows the results of MOS and PESQ tests.
The results have a mean of 4.259/5 (standard deviation
0=0.501) for the MOS and equal to 3.734/4.5 (standard

MOS/PESQ
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n 2 = PESQ
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Evaluated Signals

Fig. 10 Results of tests and PESQ MOS
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deviation 6 =0.341) for the PESQ. The MOS gave a good
correlation coefficient (0.924) with the objective PESQ test.

The results of these tests showed that the participants can
hear what was said and recognize the changes of the syn-
thesized speech. The majority of the words and sentences
were correctly recognized and perceived by the majority of
listeners. The overall evaluation quality of the system was
satisfactory. The objective tests rating is lower than subjec-
tive tests.

9 Conclusion

This paper gives an account of the designing and record-
ing a rich balanced Arabic corpus for speech synthesis pur-
poses. The evidence from this study suggests a statistical
method for creating a phonetically balanced and rich script.
The steps that we have followed are detailed from the col-
lection of the initial corpus to the sentence construction.
The final corpus assure the conditions set beforehand, which
contains all phonemes and diphones of the Arabic language.
We have obtained comprehensive results demonstrating that
our phonetically rich and balanced speech corpus have posi-
tive impact on the performance of our speech synthesis sys-
tems for Arabic language. Nevertheless, our work clearly
has some limitations. The speech corpus can be used just for
Arabic speech synthesis applications. To further our research
we plan to record the script by different speakers for use it in
several applications including speaker recognition, speaker
identification and different accents of the Arabic language.
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