
Chapter 1 

Introduction 

1.1 Research Background 

Children with congenital hearing impairments have difficulties in speaking, and even in 
making the basic sounds associated with speech. Such children require speech therapy to 
improve their ability to speak. Speech therapists use specialized methods to train mem. 
The dearth of qualified speech therapists and other facilities hinder the speech 
development of many children in need of such training. As alleviation to the problem, it 
arises the interest in the development of a low cost self-learning speech training tool. 

During speech therapy sessions, children are first trained to pronounce vowel sounds. 
Then the training process proceeds to consonants and thereafter combinations of vowels 
and consonants. Lip-reading can also be used as an aid to improve speech training during 
above stages. For this purpose, trainees are able to play back pre-recorded video clips 
during a training session. 

The main tasks of the study are to find an appropriate speech processing technique for the 
speech trainer and to indicate the level of success of an attempt of a trainee as a game. 

The sounds of speech are shaped by the continuously moving articulators: the tongue, the 
lips and the jaw. The tongue is hidden from view as it does its main work[l ], [2]. 

A vowel can be defined as a relatively long-lasting, unchanging sound in which the oral 
tract is kept relatively open from the glottis to the lips, allowing the vocal tract to act as a 
resonator. Vowels are stable segments during which the articulators do not move. They 
almost always carry the greatest energy in the speech signal, because during vowel 
phonation the vocal tract is most open. Because of these characteristics, vowels are 
probably the easiest speech category to recognize in a speech signal analysis[3]. 

What gives vowels their individual character is the existence of a different set of formants 
in the spectrogram for each vowel. Formants are those frequency ranges, which emerge 
from the mouth and nose with the greatest relative amplitude. Formants may be 
recognized as the resonant frequencies of the vocal tract. 

To commence the study, only a few vowel sounds are selected for speech training. 



1.2 Overview of the work 

1.2.1 Speech Training 

Sophisticated training equipments are available today to carry out the entire basic speech 
training process. Even though such trainers are extremely expensive, it requires in 
addition to the software, only a PC with multimedia facilities, which is commonly 
available at affordable price. The speech trainer is developed to run on common desktop 
PCs having a sound card and a microphone. 

The study describes several digital signal processing (DSP) techniques used in the 
development of a computer-based speech trainer for hearing-impaired children. 

Software for the speech trainer includes DSP techniques for speech signal analysis and 
user interface for real-time interactive speech training. DSP techniques are implemented 
using MATLAB and it is integrated to the user interface developed through Visual C++. 

The trainee can continuously practice a sound until correctly pronounced. Any deviations 
from the correct sound are indicated visually. 

To compare the normal and hearing impaired utterance, a model or template for each 
sound is prepared using correctly pronounced samples of normal speakers. The template 
utterance and the hearing impaired speaker's utterance are compared using a comparison 
algorithm. Therefore an algorithm for each sound has to be prepared. 

The training tool developed, will aid a child with initial guidance from an adult, to master 
the pronunciation of initial sounds taught in a speech therapy programme, in a game-like 
environment. In its current status, the training tool can guide children in pronouncing the 
five vowel sounds, the first step in a speech therapy course. 

1.2.2 Methods used for speech signal processing 

There are several methods, which can be used for extraction of proper characteristics of 
speech signals. 

• Spectral analysis 
• Formant analysis 
• Neural Network based approach 



Each technique was studied as a possible option for the speech trainer, and the degree of 
success was measured by comparing the agreement of results with those of a human 
trainer. 
The major tasks of the analysis are, 

© Extraction of speech characteristics 
• Design templates 
• Comparison of speech samples and template values. 

As the first step, the selected vowel sounds were recorded as samples for designing the 
templates. For each sound the samples were taken from about 40-50 normal speakers. 
Speech samples of 40-50 hearing impaired children were also taken for testing purposes. 

1.2.3 Basic Operation 

The basic operation of the trainer is shown in the block diagram in Figure 1.1. 
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Figure 1.1 - Block diagram of the Speech Trainer 

The DSP block is used to abstract speaker's utterance, which is used to compare with the 
template utterance. The MATLAB program examines a set of predefined conditions to 
arrive at a decision, whether the trainee's utterance is correct or not. Source code in 
MATLAB is converted to a stand-alone application using MATLAB compiler and then 
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integrated with the button controls in the Dialog Box developed through Visual C++. The 
decision is conveyed to the trainee through the visual interface. A trainee can also watch a 
pre-recorded video clip for lip-reading. 

The display is designed as a game with colored balloons, which shows the difference 
between the utterances of the template and the trainee. If the two utterances can be 
considered equal, the trainee has achieved the goal and is successful in pronunciation of 
the particular sound. If the utterances are not equal the level of correctness or the number 
of colored balloons obtained is shown in the game so that the trainee can improve his/her 
pronunciation. 



Chapter 2 

Speech Processing 

2.1 Speech 

Speech conveys three different kinds of information simultaneously. The most important 
of these is called linguistic information. This is the kind of information that is generally 
regarded as the meaning of an utterance. At the same time an utterance also provides 
socio-linguistic information. It gives an idea that the speaker comes from a particular 
region and a particular socio-economic class. Furthermore, an utterance also conveys 
personal information about the identity of the speaker in so far as the voice quality and 
articulatory habits are distinguished from those of other speakers. These three kinds of 
information - linguistic, socio-linguistic and personal - are all complexly coded together 
in the speech signaling system[4]. 

2.1.1 Organs of Speech 

The vocal organs can be divided into three main subsystems. 
• lungs and trachea 
• larynx 
• vocal tract 

The lungs and trachea are the power supply of the system. The larynx contains the 
principal sound-generating mechanism. The vocal tract modulates the resulting sound[5]. 

2.1.2 Speech Production 

The operation of the sound system is most readily divided into two functions, excitation 
and modulation. Excitation takes place mostly at the glottis while modulation is done by 
the various organs of the vocal tract. The opening and closing of the vocal cords breaks 
the air-stream up into pulses[5]. 

2.1.3 Hearing and Perception 

The process by which sound is received and converted into nerve pulses is termed as 
hearing. The post-processing within the brain by which the sounds are interpreted and 
given meaning is perception[5]. 



2.1.4 Features of Speech 

Speech can generally be divided into two broad classes, voiced and unvoiced speech. 
Sounds produced when the vocal cords are vibrating are said to be voiced, as opposed to 
those in which the vocal cords are apart, which are said to be voiceless[4]. Voiced speech 
consists mostly, but not solely of vowels, which can be represented by a filtered periodic 
pulse train. The vowel energy is present from about 100 Hz and can extend up to 4500 Hz 
for an adult male. However, most of its power spectrum is contained in the range below 
1000Hz[6]. 

The sounds of speech are shaped by the continuously moving articulators such as the 
tongue, the lips and the jaw. Due to following reasons the lips have been the most 
commonly modeled articulatory system. 
• visibility 
• relationship to critical information in the spoken signal 
• usefulness in speech-reading (lip-reading) 
• ease of graphical representation, etc. 

Modeling the tongue presents a number of unique problems. In general, this articulator is 
hidden from view as it does its main work[l]. 
Humans usually can communicate by using the acoustic speech signal alone, but often 
communication also involves visible gestures from the speaker's face and body. In 
situations where environment noise is present or the listener is hearing impaired, these 
visual sources of information become crucial to understanding what has been said. Loss 
of information in the acoustic signal can be compensated for by using information about 
speech articulation from the movements around the mouth, or by using semantic 
information conveyed by facial expressions and other gestures[7]. Speech perception can 
be improved greatly by watching the face of the speaker[8]. 

2.1.5 Speech as Symbols 

The phoneme is the shortest distinguishing unit of a given language. Phonemes are the 
distinctive elements, which a language can combine to form different words. Vowel 
phonemes vary widely across accents of English. Generally this will rarely be a problem 
with the consonants. Vowel sounds are most intense and consonants are least intense. 
While the phonemes are linguistic abstractions, the speech sound themselves are 
identified as phones. Phones are descriptive of a set of speech sounds, whereas phonemes 
are functional characterizations that can distinguish one word from another. When the 
same word is pronounced differently by two individuals, then the same phoneme in that 
word may be represented by two different phones[3],[7],[9]. 

The vowel sounds are identified by phonetic symbols as illustrated in Table 2.1 
[4],[5],[10]. 
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Southern 
British 
English 
(SSB) 
[101 

American 
English 

[4] 

British 
English 

[4] 

International 
Phonetic 
Alphabet 

(IPA) 
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Single 

Character 
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Two 

Character 
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Examples 

/a:/ / a / /a/ — — — Bard, 
Father 

/ a e / Ixl / a e / / a e / m /AE/ Bad, 
Had 

/u:/ /u/ /u/ /u/ IvJ /UW/ Who, 
Boot 

lets/ /oco/ /Oft)/ /o/ lol /ow/ Hoed, 
Boat 

/el/ / e i / / e i / /e / Id /EY/ Bay, 
Hate 

Table 2.1. Different types of symbols used for vowels 

2.2 Speech processing techniques 

Acoustic speech signals are often represented by the magnitude of their short-term power 
spectrum. Practically every aspect of speech communication has greatly benefited from 
time-frequency (TF) analysis, through the widespread application of short-time analysis 
methods. State-of-the-art systems for speech recognition, coding, and synthesis segment 
the speech into short intervals on the order of tens of milliseconds. This representation 
assumes that the signals are approximately stationary over the interval and that the phase 
component of the spectrum does not play an important role in speech recognition [7], [11 ]. 

Spectrograms are graphical representations of the running spectra of sound. Typically 
they show time from left to right along the horizontal x-axis and frequency from bottom 
to top along the y-axis representing 0 to 4kHz[l 2]. 

Short-time analysis of the spectrogram, the principal tool of the speech community, 
suffers from the well-known trade-off between time and frequency resolution. Using a 
short window for good time resolution reduces the frequency resolution, and vice-versa. 

Vocal tract modeling and source separation, which reduce the sensitivity of the speech 
parameters to speaker variations, are more difficult when the vocal tract or the 
fundamental frequency of the excitation is non-stationary[2]. 



The resonances of the vocal-tract filter appear as peaks in the envelope of the short-term 
power spectrum of the acoustic signal and are called formants[7]. The vowel sounds are 
characterized by the vertical striations corresponding to the glottal pulses and the typical 
formant structure of vowels. In vowel sounds the formants are areas within the frequency 
domain of relatively high energy or amplitude. In the spectrogram the formants can be 
seen clearly as prominent bands running horizontally during the utterance. They do not 
hold steady in time (left to right) at any particular frequency: their frequency varies over 
time[13]. 

The first two formants are most important in vowel recognition. A plot of the measured 
values of first formant frequency, Fl versus second formant frequency, F2 reveals that the 
vowels cluster into distinct regions, defining what is commonly known as vowel 
triangle[ll]. Another important study of the spectral characteristics of speech concerned 
the relationships between vowel formant frequencies and bandwidths [14], showing how 
bandwidths increase with increasing formant frequency, and providing an important 
corroboration of calculations made from vocal tract models[2]. 

Another important area of speech analysis is modeling of the speech production process. 
The acoustic waveform produced by the vocal tract is well-described by the source-filter 
model of speech production, which simply states that speech is completely determined by 
the characteristics of a source and a filter that are both time varying. The filter 
corresponds to the vocal tract in this model of speech production, whose response is 
defined as the ratio of sound pressure in front of the speaker to the sound pressure at the 
source of excitation. The vocal tract may be modeled as a lossy acoustic tube, whose 
response is approximately all-pole for vowels. Zeros have to be included for nasals due to 
the coupling to the nasal cavity, and for consonants of which excitation is not confined at 
one end of the vocal tract. The pole locations define the resonance frequencies of the 
vocal tract that correspond to the formant structure observed in spectrograms. The 
movement of formants in TF displays of speech results from movement of articulators, 
primarily the lips, jaw, tongue, and velum and corresponds to time-varying resonances[2]. 

The parameters of the vocal tract model may be estimated using linear predictive analysis. 
Linear Predictive Coding (LPC) enables speech to be encoded by an analytic method of 
source/system separation, whereby the signal can be reconstructed within an arbitrary 
error. LPC makes it possible to represent the system function parsimoniously using 
transforms of the LPC coefficients. All the power of modern speech processing has been 
brought to bear on squeezing out the last drops of redundancy from the LPC residual, but 
there is still a belief that more could be done with non-linear methods. This is where 
Neural Networks may have some application[15]. 

AR modeling yields the all-pole spectrum of the speech waveform, from which one may 
obtain the frequencies and bandwidths of the individual resonances. 
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Short-time autoregressive (AR) modeling is used to estimate the parameters of acoustic 
tube models of the vocal tract based on a linear system framework. The AR model is 
based on frequency-domain analysis and should be windowed. Both AR modeling and 
cepstral analysis attempt to separate the glottal excitation function from the vocal tract[2]. 
Cepstrum representations of speech is used in pattern recognition problems associated 
with speech processing such as speaker identification, speaker verification and speech 
recognition[16]. 


