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Abstract-Automatic speech recognition (ASR) is the
technology that allows a computer to transcribe spoken
words into text. As one of an enabling technology, speech
recognition systems are commonly recommended as an
assistive tool in recognition and/or detection of speech
disorders in speech pathology. In as much as we
acknowledge the use of speech recognition systems for
speech intelligibility assessments, our general view is
that, there has not been much speech technology
research studies for people with speech disorders
focusing on some of the local South African indigenous
languages. This research project focuses on enhancing
the existing automatic speech recognition system for
Northern Sotho language to recognize speech produced
by people with disorders. The speech recognition
experiments are carried out using the open source
software system called a Hidden Markov Model Toolkit
(HTK).
Index Terms—Speech disorder, automatic speech
recognition system, Hidden Markov Model, HTK,
Artificial Neural Networks
1.

Tian-Swee et al [8] also presented automatic stuttering
recognition system using HMM technique to evaluate
speech problem for children such as stuttering. They
achieved an accuracy of 90% for the artificial stutter speech.
The HMMs have been widely used in speech recognition, to
recognize speech dysfluency such as prolongation and
repetition [2, 3]. They have proved to be more successful
than other approaches which have been based on specific
knowledge about speech, and most of the current successful
systems for automatic speech recognition are based on
Hidden Markov Models.
Despite the fact that the use of speech processing methods
for speech intelligibility assessments is getting more and
more popular in speech pathology [2], the truth is, a speech
disorder leaves the individual with low confidence and
morale. Some orally challenged individuals feel that people
treat them as if they are stupid, especially when a listener
says something like “slow down” or “take it easy”.
Therefore, in the domain of assistive computer-based manmachine interface technology, there is a need for the
development of automatic speech recognition systems that
can transcribe disordered speech into equivalent text.

INTRODUCTION

A speech disorder is a type of communication disorders
where normal speech is disrupted. It may range from a
simple sound repetition such as stuttering, to occasional
misarticulation of words to a complete inability to use
speech and language for communications. In many cases the
cause is unknown [1]. However, there are various known
causes of speech disorders such as hearing loss, or brain
injury such as stroke, etc. [7]. Many of these types of speech
disorders can be treated by a medical doctor in speech
therapy [1, 4, 6, 8], but others require attention by a medical
doctor in phoniatrics.
Much research studies for automatic recognition of speech
disorders have been done previously. Ravikumar et al. [4]
proposed an automatic detection method for syllable
repetition in reading speech for objective assessment for
stuttered dysfluencies. They used Artificial Neural Networks
(ANNs) and achieved an average of 83% of accuracy.
Wiśniewski et al. [2] presented a paper about automatic
detection of disorders in a continuous speech using HMMs
approach. They achieved the best recognition accuracy of
70%. They further proposed an automatic detection system
fully concentrate on recognition of prolonged fricative
phonemes with HMM as the classification method [3]. The
best results of approximately 80% were achieved.

The development of such a tool can be used by people with
speech disorders to automatically and easily transfer their
ideas into print. In fact, individuals with learning
disabilities, those who have problems with thought-to-paper
communication skills can benefit from such a software tool.
The remainder of the paper is outlined as follows: Section 2
focuses on speech recognition system. Section 3 outlines
experimental approach. Section 4 gives concluding remarks.
2.

SPEECH RECOGNITION SYSTEM

When a speaker talks to a computer system, the ASR
software accepts the analogue speech signals before
breaking them down into discreet digital signal
representation form in order to facilitate easy conversion of
the utterance into its text format. Fig. 1 illustrates the block
diagram of a speech recognition system.
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Fig. 1. Block diagram of a speech recognition system
The speech recognition system uses acoustic and language
models to find the word recognition rate of the speech input,
that is, the number of correctly recognized words. Acoustic
modeling plays a very important role in improving the
accuracy of ASR systems. For the given acoustic

observation X , the goal of speech recognition is to find the
most probable word sequence, Ŵ, that has the maximum
posterior probability P(W|X), that is,
(

)

where X represents the acoustic feature of the word
sequence W, P(W) is the language model. The language
model contains a set of rules for a language that is used as
the primary context for recognizing words. It is important in
this process because it helps to reduce the search space and
resolve acoustic ambiguity.
3. EXPERIMENTAL APPROACH TO ASR
SYSTEM DESIGN

-------------------------Overall Results----------------------------SENT: %Correct=9.92 [H=130, S=1181, N=1311]
WORD: %Corr=77.13, Acc=66.05 [H=20782, D=2456,
S=3707, I=2984, N=26945]
3.

The resultant speech recognition system to be built in this
study will be used by all Northern Sotho speakers to
automatically and easily transfer their ideas into print. This
research project forms part of a broader speech technology
project that aims at developing systems for human-human
interaction using the eleven official languages of south
Africa.
4.

2.1 Sampling and Data collection
The simulated speeches have been collected from Northern
Sotho speakers. There was no age restriction since speech
disorders affect all people irrespective of their age.
Phonetically balanced sentences in Northern Sotho were
used for recordings. The recording process took place in an
environment with minimal less noise for ensuring acceptable
speech quality. Other additional speech data that is available
at the Centre of Excellence for Speech Technology was used
to create an ASR baseline system. The system was created
on Linux operation system (Ubuntu 11.10). The language of
implementation was Perl scripts and bash.
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2.2 System Training and Testing
A Hidden Markov Model Toolkit (HTK) was used to train
and test the ASR baseline system. Out of 1642 speech
samples that is available at the CoE for ST, 1361samples
(80%) was used for training and 280 samples (20%) was
used for testing. To enhance the ASR baseline system,
training and testing of the ASR system using speech
disorders samples will be done repeatedly so as to realize
improved speech recognition accuracy.
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2.3 Speech Analysis
Typically, in speech analysis, time shifts of a few ms are
employed, for example, pitch pulses in voiced speech to be
measured [2]. The speech data will be divided into adjacent
frames of 10ms duration. For each frame, a correlation
function will be obtained for 20 time shifts from 100ms to
1050ms, in 50ms. The correlation function is a correlation of
the speech signal with its time-shifted version. The analysis
will be performed at successive points in time steps.
2.4 Preliminary Results
_______________________________________________

CONCLUSION
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Table 1: the preliminary results after creating the ASR
baseline system using HTK
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