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Preface

Speech is the most natural way for humans to communicate with each other. Synthe-
sis of artificial human speech provides efficient human-computer communication.
Nowadays, the speech synthesis systems are widely used in various applications
such as screen readers for visually challenged people, speech interface for mobile
devices, navigation, and personal guidance gadgets. As humans are very sensitive in
perceiving even the slightest distortions in the speech signal, speech synthesizers
with suboptimal quality make them unfit for usage in commercial applications.
The main goal of this book is to improve the quality of statistical parametric
speech synthesis (SPSS) by efficiently modeling the source or excitation signal.
The excitation signal used in synthesis should preserve all natural variations so
that the synthesized speech is close to natural quality. The work presented in this
book confines its scope to the (1) accurate estimation of pitch (F0) and (2) precise
modeling of excitation signal. For modeling the excitation signal, both parametric
and hybrid approaches are explored. In this work, creaky voice has been synthesized
at appropriate places by proposing appropriate methods and models.

The contents of the book are useful for both researchers and system developers.
For researchers, the book will be useful for knowing the current state-of-the-
art excitation source models for SPSS and further refining the source models
to incorporate the realistic semantics present in the text. For system developers,
the book will be useful to integrate the sophisticated excitation source models
mentioned in the book to the latest models of mobile/smart phones. The book has
been organized as follows:

• Chapter 1 introduces the topic of text-to-speech synthesis. Different speech
synthesis approaches are briefly discussed.

• Chapter 2 provides a review of the state-of-the-art methods for F0 estimation and
parametric and hybrid source modeling approaches.

• Chapter 3 discusses the design of a voicing detection and F0 estimation method
by adaptively choosing appropriate window size for zero-frequency filtering
method.

• Chapter 4 presents two parametric source modeling methods.
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• Chapter 5 describes two proposed hybrid methods of modeling the excitation
signal.

• Chapter 6 deals with the generation of creaky voice by addressing two main
issues, namely, automatic detection of creaky voice and source modeling of
creaky voice.

• Chapter 7 summarizes the contributions of the book along with some important
conclusions. Directions toward the scope for possible future work are also
discussed.

We would especially like to thank all professors of the Department of Computer
Science and Engineering, IIT Kharagpur, for their consistent support during the
course of editing and organization of the book. Special thanks to our colleagues
at Indian Institute of Technology, Kharagpur, India, for their cooperation to carry
out the work. We are grateful to our parents and family members for their constant
support and encouragement. Finally, we thank all our friends and well-wishers.

Kharagpur, India K. Sreenivasa Rao
Espoo, Finland N. P. Narendra
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