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ABSTRACT  
 
In helping people to access information the use of speech 
technology presents a very attractive alternative to other 
methods. In South Africa, there are many people who 
cannot access computer information due to language and 
educational level, yet over 15 million of these people own 
or use cellphones. This paper discusses the work we are 
doing to enable these users to access information using 
their speech. We looked at three ways in which the system 
can be implemented and chose an implementation that will 
have fewer requirements in terms of the cellphones users 
can use.  We used the HTK toolkit to experiment with 
system and found that the idea is practical. The next step 
would be to design the complete system. 
 
1. INTRODUCTION 
 
This is a work in progress paper covering the work that I will 
be doing towards my Masters degree. I will be looking into a 
technology that will assist in solving the digital divide.  
 
One of the goals of the South African government is to 
provide services to its citizens via internet technology. 
Everyone agrees on one thing: someday, in the future, we’ll be 
talking with computers as easily as we do with humans [1]. 
For the past couple of years, the South African government 
has voiced the intention of offering services of an e-
government organization a body where information can be 
accessed at any time by phone or Internet, with public Internet 
kiosks provided for universal access [2]. This is seen as a 
process that will enrich and benefit the citizens.  
 
 SITA, the state information technology agency is tasked with 
the development of such a service. According to SITA, the 
current model of state services requires that users be 
integrators of services. That is a user wanting to start a 
business has to go to over three departments to get the go 
ahead. For example the user might need to visit the South 
African Revenue Services (SARS) to ensure that their tax 
status is correct, visit a police station or the justice department 
to confirm that they have no criminal record, and maybe also 
go to the Department on Trade to register a close corporation 
and may be go to another department for zoning issues where 
the business is going to be located. The citizen must do all this 
and it is inefficient and wastes time. In the model where the 
government is the integrator the use will be presented with one 

point of contact where all the forms could be filled and the 
citizen could save on transport costs and time. It will also be 
easier for the government to have records of the citizen’s 
activities. 
 
All this is wonderful if the citizens can access the information 
and make use of it. In South Africa where the majority of the 
people have no access to computer technology and are not 
fluent in English this may present a problem and contribute to 
increasing the digital divide between the haves and the have 
nots. SITA’s method of enabling citizens to access this 
information is by building kiosks in all public places such as 
schools, libraries, shopping malls and other public places. This 
system will provide a center of excellence in SITA for the 
skills needed to support clients in the e-Government effort. It 
will also facilitate the integrative deployment and use of the e-
Government concept throughout the Government [3]. The 
ideal of having kiosks will cost by building the kiosks. As well 
if kiosks ideal is to be implemented most probably people in 
the rural areas might not be reached by the services that will 
be offered by the kiosks because the kiosks would not be build 
every where. Lack of experience in some individuals will 
cause them to have fear in experimenting using the kiosk 
because they would not want to look inexperienced to others.  

In this study we propose to use speech technology to help 
enable SITA’s plans. We note that the cellular technology has 
grown so much in the country. Looking at the availability of 
the cellphone to the citizens of South Africa, we see the 
opportunity of facilitating the e-government by using the 
technology that already exists and that most people are 
comfortable with which could even allow them to speak in 
their own languages. 

Now speech technology has matured to the point where it can 
be considered for practical applications. The two areas of 
speech technology that we will need in order to satisfy the 
requirements for speech access are the automatic speech 
recognition (ASR) and the text-to-speech (TTS) systems. The 
ASR is still experiencing active development and works well 
in noise free environments. TTS is use to speak out the text. 
TTS is more matured than ASR although it sounds like a 
computer. Work is being done to make systems that are 
natural sounding. Our major challenge is the set-up of the 
system. The system can be set-up in at least three different 
ways. This is discussed in Section 2 in detail. The other 
challenge is the performance of the systems. We have done a 
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preliminary test, which is discussed in Section 4. It shows that 
there is a possibility of getting a working system. The factors 
that are likely to impact on performance are the noise in the 
GSM channel. The areas of research that can be explored are 
discussed in Section 5.  
 
2. RESEARCH ISSUES 
 
There are two main issues, the implementation and the 
performance of the system. Therefore, the objective of this 
project is to implement the SITA’s vision of e-government 
plans by providing a system that uses voice input via 
cellphone to access government information for the citizens of 
South Africa. The research will be on how this speech 
technology can be implemented considering the capability of 
speech processing power of a cellphone. There are several 
ways in which the proposed cellular GSM phone access to the 
e-government can be done:  
 
2.1 Possible implementations 
 
A typical speech recognition system can be divided into two 
main functional blocks, the front-end (FE) and the back-end 
(BE). The front-end transforms the input speech to a sequence 
of feature vectors. The back-end has a recognition engine, 
which takes the feature vectors and outputs the recognized 
speech as text. Hence there are three basic ways how speech 
recognition systems can be implemented in cellular networks 
(see Figure 1). 

1. Speech recognition in the phone 
2. Speech recognition at the base station 
3. Distributed speech recognition. 

 
handset                 network      service                      2.1.3 Distributed speech recognition 
                                                station 

Figure 1: speech recognition systems 

These methods are discussed further in this document. 

2.1.1    Speech recognition in the phone  

 In the first scheme (Figure 1a) the whole speech recognition 
system is built in the handset. However, in practice the 
resources in a handset cannot support large vocabulary 
continuous speech recognition.  Even though it possible to 
perform recognition in the cellphone but the processors need 
to be considered for all variety of cellphone available. The 
processing power on cellphones is expected to increase over 
time but considering our project, it is not expected that people 
should start buying new cellphones. However, at the moment 
existing cellphones have enough computational power to 
support on-board small-vocabulary speech recognition 
systems.  The general guideline is that a system with a 
minimum of a 40-50 MIPS processor can typically provide 
enough processing horsepower for real-time voice recognition 
and can still perform other system function. The table below 
shows the estimated RAM and ROM usage to perform 
recognition in the cellphone. 
 
Features Description ROM 

usage 
RAM 
usage 

Recognitio
n only 

Topics 
compiled 
offline 

Applicable for 
command and 
control 
environment 

1.21M 70K 

Recognitio
n only 

Runtime 
topic 
compilation 

For command 
and control 
environments 
and voice 
enabling 
dynamic 
content (e.g. 
WAP) 

1.8M 80K 

 
 
2.1.2 Speech recognition at the base station 
 
In the second scheme (Figure Ib) the whole speech recognition 
system is located in a network server. Now, even if a high-
quality microphone is used in the handset, the quality of 
speech is degraded by noise and distortion in the 
communication channel. One of the problems encountered in 
this approach is that artifacts are introduced in the speech 
through the use of codecs. Although these artifacts do not 
affect speech intelligibility, they have a definite impact on 
speech recognition performance. 
 

 
The third scheme (Figure 1c), referred to as distributed speech 
recognition, is the one, which will most likely yield successful 
applications in the near future. In the DSR scheme the front-
end is built in the handset and the backend is located in a 
network server. The front-end feature extraction needs 
relatively little memory and can run on low-power CPUs used 



in handsets. In order to obtain high-quality features from 
speech, it would be recommendable to use high-quality 
microphone and a high sampling rate in the handset. Also in 
practice, the features need to be compressed before 
transmission. However, it is expected that the compression 
does not affect the system performance. As the feature data is 
transmitted with full error correction through the cellular data 
channel, the back-end sees the speech just as high quality as a 
monolithic speech recognition system including both the front-
end and the back-end. The network server will be a shared 
multi-user server to minimize the costs. According to the 
above discussion it should be obvious that currently the DSR 
scheme provides the best cost/performance ratio for large 
vocabulary speech recognition applications implemented in 
cellular networks [4]. 
 
The performance of speech recognition systems receiving 
speech that has been transmitted over mobile channels can be 
significantly degraded when compared to using an unmodified 
signal. The degradations are as a result of both the low bit rate 
speech coding and channel transmission errors. A Distributed 
Speech Recognition (DSR) system overcomes these problems 
by eliminating the speech channel and instead using an error 
protected data channel to send a parameterized representation 
of the speech, which is suitable for recognition. The 
processing is distributed between the terminal and the 
network. The terminal performs the feature parameter 
extraction, or the front-end of the speech recognition system. 
These features are transmitted over a data channel to a remote 
"back-end" recognizer. The end result is that the transmission 
channel does not affect the recognition system performance 
and channel invariability is achieved. The particular front-end 
used is called the Mel-Cepstrum which has been used 
extensively in speech recognition systems. 
 
3. DISCUSSION ON THE IMPLEMENTATION 
 
Method (2) which refers to speech recognition been done at 
the base station is the ideal for this project. The reason behind 
is that looking at the method (1), which implements the whole 
speech recognition system in the handset, in practice the 
resources in a handset cannot support large vocabulary 
continuous speech recognition, so the lack of processing 
power will be an issue. Method (3), which refers to distribute 
speech recognition, is the one, which will most likely yield 
successful applications in the near future but is not an ideal for 
our project because cellphones will have to be modified by 
building the front-end of the speech recognition in the handset. 
 
We propose to implement the method (2), which performs the 
speech recognition at the base station after the speech has been 
transmitted through GSM voice communication channel. 
 
4. EXPERIMENTAL SETUP 
 
First, the PC Soundcard Interface for mobile was built. This 
allowed the connection from the cellphone to the soundcard 
microphone input. When testing the system the presence of 
noise in the speech that has been transmitted through GSM 
and recognized was noticed. 

  
HTK version 3.2 is the software package that will be used to 
achieve the research study for building the recognition system 
that uses Hidden Markov Models (HMMs). Front-end model 
commonly known are MFCC, PLP, and LPCC. For the 
purpose of good performance, MFCC feature extraction 
method will be used because research was done and it showed 
that MFCC is the feature extraction method with good 
performance and is the choice for many Automatic Speech 
Recognition (ASR)[5]. The TIMIT database of speech files 
was used to train and test the system for the purpose of the 
research. The speech files in TIMIT are sampled at 16kHz 
with 16 bit samples. 
 
Two categories of experiment were conducted, recognition of 
clean data and recognition of data that has been transmitted 
through GSM voice communication channel. This data was 
transmitted through two cellphone and recorded back in the 
computer due to unavailability of database with GSM data. 
One cellphone was used to transmit speech signal from TIMIT 
and the other was used to receive the signal and record them 
through computer. These files were recorded at 16kHz. The 
TIMIT database of speech files transmitted through GSM 
voice communication channel was used for the purpose of 
experiments of the performance of GSM data. 
 

===HTK Results Analysis=== 
   
----------- Overall Results ------------- 
SENT: %Correct=66.15 [H=127, S=65, N=192] 
WORD: %Corr=92.86, Acc=92.22 [H=1457, 
D=21, S=91, I=10, N=1569] 
========================================= 
 
----------- Overall Results ------------- 
SENT: %Correct=6.19 [H=12, S=182, N=194] 
WORD: %Corr=24.92, Acc=11.36 [H=395, 
D=131, S=1059, I=215, N=1585] 
========================================= 
  
5. POSSIBLE WAYS FOR IMPROVEMENT OF 

THE RECOGNITION 
 
The areas of work that will be investigated and implemented 
to improve the performance of the system are: 
 

• Channel normalization 
• Robustness 
• Noise cancellation techniques 
• Explore better feature extraction methods 
• Combine some of the above methods  

 
One of the first approaches will be on noise cancellation 
techniques. This will involve looking at the front-end of the 
speech recognition. It has been shown that the robustness of 
the MFCC feature extraction process can be improved by 
using noise compensation methods [6].  
 
 



6.     CONCLUSION 
 
In this paper it has been shown that GSM speech recognition 
is poor compare to clean speech. Performance of even best 
performing clean speech recognition systems degrades 
significantly when they are used to recognize speech that has 
been transmitted through GSM voice communication channel 
and this poor performance is mainly due to GSM channel 
noise [7]. 
  
In solving the digital we recognize the cellular phones as a 
useful tool. In South Africa, recent reports show that over 15 
million South African own cellphones. This is attractive, as it 
will enable the government e-service to succeed. Our project 
will investigate possible ways of making this possible. We see 
speech technology as one way to tackle this. Since cellular 
phones are generally available and using voice input/output 
makes it universally applicable. If success in the project is 
reached, there is no question that the citizens will appreciate 
since complicated instructions that users have to enter will be 
entered via voice input after dialing the appropriate number, 
where they can interact with the system, for instance in a case 
where one want to know where to register for voting, as well 
finding when will one get their pension by providing their ID 
number.   
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