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Speech technology; Synthesis of natural sounding speech is state of the art in the field of speech technology. Imi-
-(I:—Ii;catenative speech tation of the dynamic human voice is required to generate this. The aim of this work is to
B develop and deploy a natural speech synthesizer for visually impaired persons. The synthesizer

has been developed via an integrated approach of adding localization in expressive speech
using a personalized speech corpus. A genetic algorithm has been implemented for optimal
selection of acoustic phonetic units of speech. This concept has many applications. We tested
one of those applications here in different aspects. Its performance is compared on various cat-
egories of listeners using a subjective listening test. Encouraging results on various parameters
are received from visually impaired listeners.
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Unit selection synthesis

research has been conducted for several decades in the field
of speech synthesis. Various characteristics of human voice
have been used to mimic it. But this requires great effort as

Introduction

Speech is a major way for people to communicate. For

effective communication, clear, high-quality speech is
required. To attain speech similar to human beings,
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it is very hard to incorporate all parameters of human voice
in synthesized speech. This challenge is the source of
motivation for this work. Lots of researchers have tried in
a number of ways to attain natural and intelligible speech.
Various proposals have been used to imitate vocalizations.
The best known is MBROLA (Dutoit, Pagel, Pierret,
Bataille, and van der Vrecken (1996); (“MBROLA,”). It has
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been used internationally to develop a multilingual Text To
Speech Synthesis System. Professionals of different
countries and languages worked in collaboration to generate
high quality diphone based speech using a time domain
algorithm. A time domain algorithm requires less work for
computation, so this has been used for modifying speech
prosody. The Pitch Synchronization Overlap and Add
algorithm (PSOLA) (Moulines & Charpentier, 1990) modifies
the pitch and duration of speech signals. Small overlapping
segments are formed from the waveforms of speech. These
segments are moved closer to increase pitch and moved
apart to decrease the pitch. In order to increase or decrease
the duration of signal the segments are replicated or
removed respectively. It is also used in voice conversion
and synthesis of expressive speech using neutral speech by
modifying prosodic characteristics (Valbret, Moulines, &
Tubach, 1992). But PSOLA has no control over formant
features. Natural speech synthesis can be done by
modifying some combination of prosodic features such
as line formants and pitch (Erro, Navas, Hernaez, &
Saratxaga, 2010).

One important parameter that influences generation of
natural speech is expression. Prominent methods used for
embedding expression involve changing the prosody fea-
tures and corpus base. Generation of emotional speech
can be accomplished by manipulating prosodic features
of neutral speech (Govind, Smily, Biju, & Binilkumar,
2014) or conversion of emotion by modifying various pro-
sody features (Erro et al., 2010). Emotional speech has
been also synthesized by doing adjustment in FO (funda-
mental frequency) and transitions in formant (Zhang &
Yang, 2012). Another method involves concatenation of
pre-recorded audio files by selecting the most appropriate
unit from a speech corpus (lida, Campbell, Higuchi, &
Yasumura, 2003). This uses a unit selection algorithm
(Black, 2003) to select the best annotated speech unit
from the database. This method has been used to develop
screen readers (Chalamandaris, Karabetsos, Tsiakoulis, &
Raptis, 2010). Speech synthesis can be based on statistical
parameters for generating intelligible speech (Zen,
Tokuda, & Black, 2009), for instance, Hidden Markov Model
(HMM) based synthesis (Zen et al., 2007). A hybrid
approach can be used for further improvement (Barra-
Chicote, Jamagishi, King, Montero, & Macias-Guarasa,
2010). The benefits of HMM and unit selection can be put
together to generate better speech quality (Taylor,
2006). Emotions are not only limited to text to speech
but emotions have been considered for analyzing affect
based on text (Ptaszynski et al., 2013) also.

There are some parameters that are imperative for
natural speech generation but are rarely found in the
literature. This includes addition of spatial positioning to
increase the naturalness of speech. Research and develop-
ment for spatial sounds are not so commonly found in
speech synthesis. Some of the milestones of this field are
cited here. Tonnesen & Steinmetz worked for three dimen-
sional speech synthesis and suggested ways to produce spa-
tial sound, its application and challenges associated with
it. A U.S. Patent was filled by Moore and Farrett (1996)
for 3D Speech Synthesis. Sodnik and Tomazi¢ (2010) devel-
oped 3D Text To Speech System in Java. Sodnik, Jakus, and
Tomazic (2010) developed an application for blind persons

using spatial sounds coming from multiple directions. But
they got degraded performance from multiple spatial sig-
nals as compared to non-spatial sounds. 3D spatial sounds
have much more potential that require profound explo-
ration in different circumstances. This paper discusses
one such approach wherein the single spatial sound is inte-
grated with expressive speech along with some additional
parameters.

Most of the work towards natural vocalization is
mainly mono parametric which aims to develop the
speech either by modifying a parameter such as pitch,
fundamental frequency, accent or other prosodic fea-
tures or by generating emotional speech or by developing
spatial sounds. But the present research is an attempt to
apply multiple human characteristics to make synthesized
speech more natural. Expressions, dynamic positioning of
speakers in three dimensional spaces, accent and a
personalized speech corpus have been collectively used
to produce natural, intelligible and vibrant speech. The
concept has different applications in areas like animated
movies, theater shows for blind persons and many more.
An expressive audio visual story is deployed and a
responsiveness analysis has been done for different
aspects of it.

System design

This developed natural speech synthesizer converts plain
text to emotionally rich and spatial audio in local
narrator intonation. Four parameters, i.e. expression,
dynamic positioning of speaker in three dimensional
space, local accent and personalized speech corpus are
implemented. Fig. 1 illustrates a block diagram of the
proposed system.

Recording of textual content

The first step is to select the relevant textual content
for the specific domain. The domain chosen here is class-
room learning for visually impaired students. All the
words and sentences that can be used in the class room
environment are selected. The selected material has
been recorded using Audacity (“Audacity,”) and files
are recorded as .wav files. The units for recording taken
are words and sentences. Various options of speakers are
available including speakers of different gender, different
dialectal backgrounds and different ages. A non-
professional non-native female speaker was chosen for
the recording of content in the English language under
studio recording conditions.

Annotations of speech

The process of annotation involves the segmentation, label-
ing of speech and phonetic transcription. Both manual and
automatic segmentation have been performed on the
speech corpus. The wavesurfer tool (“WaveSurfer,”) was
used for manual segmentation. It is very time consuming
and demands lots of manual effort. Due to the fact that
manual segmentation is most precise this has been used
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