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Abstract:

In the last 30 years, Text-to-speech methods have been developed for many
European languages. However, Arabic text-to-speech (ATTS) has not exceeded
laboratories and experiments. This is the first ATTS which is available for researchers and
ready for application in different areas such as Human-Machine Communication and
reading various Arabic texts. The system is based on a text-to-speech method called
concatenation. Two types of speech units were used independently: The first consists of
375 diphones that cover Arabic sounds, and the other has 178 allophones which cover
Arabic and English sounds. A bunch of Arabic linguistic rules was designed to fit the
system including: Arabic pronunciation rules, irregularly pronounced Arabic words, and
rules for speech unit selection and concatenation for diphones and allophones. The system
consists of several programs and algorithms that are integrated in the form of modules to
be easily modified and developed individually in the future. Algorithms were designed to
convert Arabic graphemes to speech sound symbols. A parametric model was built to
synthesize the speech and to give the user control over the pitch rate and speech tempo.
Since ATTS requires fully vocalized text, while almost all Arabic texts nowadays are
unvocalized, an attempt has been made to develop a vocalization system. The system is
included in the ATTS but needs further research and development. ATTS system has been
tested and evaluated. ATTS speech is intelligible, however, the system still requires further
research and developments in many directions including handling various Arabic texts

such as dates, abbreviations, foreign names and numbers.
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