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Abstract 

 

Speech is the most natural form of human communication and speech processing has been one 

of the most exciting areas of the signal processing. Speech recognition technology has made 

it possible for computer to follow human voice commands and understand human languages. 

Tigrigna is a widely spoken languages in Northern part of Ethiopia and an official language 

of Eritrea. In spite of its importance, research on Tigrigna Speech Recognition (SR) is 

unfortunately still very limited. 

This thesis proposes and describes a research attempt on designing and developing a speaker-

independent Spontaneous automatic Speech Recognition System for Tigrigna. The acoustic 

model of the Speech Recognition System is developed using the Carnegie Mellon Universityôs 

ASR development tool (Sphinx) while SRIM tool is used for the development of the language 

model. 

The system uses a database containing 3,524 sentences and phonetic dictionary containing 

about 10731 words and their pronunciations among these 349 sentence were used for testing 

the performance of the system. For the Language Model 30937 sentences have been used to 

develop a trigram language that contains 57,847 unigram, 292554 bi-grams and 74,178 tri-

grams.  

Performance tests were then conducted at various stages using test data and finally, 36.83% 

word level accuracy and 13.67% sentence level accuracy were obtained. The results are 

encouraging and with more optimization works better results can be achieved. Finally, 

conclusions were drawn and recommendations were made in line with the analysis and findings
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 CHAPTER ONE  

1. INTRODUCTION  
This chapter initially explains the general introduction to Automatic Speech Recognition. 

Then, it presents the overall objective, methodology, significance of the study, scope and 

limitation of the thesis and problem that has to be addressed finally how the thesis organized 

will be presented. 

1.1 Background 

1.1.1 Overview of Automatic Speech Recognition (ASR) 

Information processing machines have become ubiquitous. However, the current modes of 

human machine communication are geared more towards living with the limitations of 

computer input/output devices rather than the convenience of humans. Speech is the primary 

mode of communication among human beings. On the other hand, prevalent means of input 

to computers is through a keyboard or a mouse. It would be nice if computers could listen to 

human speech and carry out their commands [1]. 

Speech recognition is a field of computer science that deals with designing computer systems 

that recognize spoken words. It is a technology that allows a computer to identify the words 

that a person speaks through a microphone or tele- phone. Speech recognition can be defined 

as the process of converting an acoustic signal captured by a microphone or a telephone, to a 

set of words [2] [3]. ASR is one of the fastest developing fields in the framework of speech 

science and engineering. As the new generation of computing technology, it comes the next 

major innovation in man-machine interaction, after functionality of TTS, supporting IVR 

systems. 

The first attempts (during the 1950s) to develop techniques in ASR, which were based on the 

direct conversion of speech signal into a sequence of phoneme like units, failed [4]. The first 

positive results of spoken word recognition came into existence in the 1970s, when general 

pattern matching techniques were introduced. As the extension of their applications was 

limited, the statistical approach to ASR started to be researched, at the same period. Nowadays, 

the statistical techniques succeed over ASR applications. 

Common Speech Recognition Systems these days can recognize thousands of words. The last 

decade has witnessed dramatic improvement in speech recognition technology, to the extent 
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that high performance algorithms and systems are becoming available. In some cases, the 

transition from laboratory demonstration to commercial deployment has already begun [3].The 

reason for the evolution of ASR, hence improved is due to its applications in many aspects of 

our Command recognition, information inquiry, dictation, personal computer interfaces, and 

automated telephone services, interactive voice response, and special purpose commercial and 

industrial systems are some of the application areas of ASR. It can also be used in education 

for language learning. It has other important applications for handicapped people on helping 

them with their daily life and their communication with the rest of the society. 

In recent years, speech recognition technology has advanced to the point where it is used by 

millions of individuals to automatically create documents from dictation. Medical 

transcriptions listen to dictate recordings made by physicians and other health care 

professionals and transcribe them into medical reports, correspondence and other 

administrative material.  

An increasingly popular method utilizes speech recognition technology, which electronically 

translates sound into text and creates transcripts and drafts of reports. Transcripts and reports 

are then formatted, edited for mistakes in translation, punctuation or grammar and checked for 

consistency and any possible errors. Transcriptions working in areas with standardized 

terminology, such as radiology or pathology, are more likely to encounter speech recognition 

technology. 

1.2 Typical ASR Procedures 

Figure 1.1 illustrates the major processes of ASR systems and their relation to applications. In 

feature extraction, capture of the pressure waves as a series of samples is performed and signal 

processing techniques are applied to the speech signal in order to extract the features that 

distinguish different phonemes from each other. End pointing is necessary to identify where 

speech is present in a captured signal. Given the features extracted from the speech, Acoustic 

Modeling provides probabilities for different phonemes at different [1] time instants. 

Language Modeling, on the other hand, defines what kind of phoneme and word 

Sequences are possible in the target language or application at hand, and what their 

probabilities are. The Acoustic Models and Language Models are used in decoding for 

searching the recognition hypothesis that fits best to the models. Recognition output can then 

be used in various applications [5]. 
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                            Figure1.1 Automatic Speech Recognition process [6]  

 

Classification of Automatic Speech Recognition 
 

Speech Recognition Systems can be separated in several different classes by describing what 

types of utterances they have the ability to recognize. Based on one of the difficulties of ASR 

is the ability to determine when a speaker starts and finishes an utterance. Most ASR packages 

can fit into more than one class. Depending on which mode theyôre using, Speech Recognition 

Systems can be categorized into different groups depending on the constraints imposed on the 

nature of the input speech [5]. 

Number of speakers: - A system is said to be speaker independent if it can recognize 

speech of any and every speaker; such a system has to learn the characteristics of varied and 

large number of speakers. A large amount of usersô speech data is necessary for training a 

speaker dependent system. Such a system does not recognize othersô speech well. Speaker 

adaptive systems, on the other hand, are speaker independent systems to start with, but have 

the capability to adapt to the voice of a new speaker provided that sufficient amount of his/her 

speech is provided for training the system. 

 

Vocabulary size: - An ASR system that can recognize a small number of words is called a 

small vocabulary system. Medium vocabulary systems can recognize a few hundreds of words. 

Large and Very Large ASR systems are trained with several thousands and several tens of 

thousands of words respectively [7]  Examples of application domains of small, medium and 

very large vocabulary systems are telephone/credit card number recognition, command and 

control, dictation systems respectively. 
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Spectral bandwidth (Channel type):- The characteristics of the channel can affect the 

speech signal. It may range from telephone channels (with a bandwidth about 3.4 kHz) to 

wireless channels with fading and with a sophisticated voice [6]  such a speech is called narrow-

band speech. In contrast, normal speech that does not go through such channel is call wide band 

speech; it contains a wider spectrum limited only by the sampling frequency. As a result, 

recognition accuracy of ASR systems trained with wide band speech is better. Moreover, an 

ASR system trained with narrow band speech performs poorly with wide band speech and vice 

versa. 

 

Nature of the utterance:-A user is required to utter words with clear pause between 

words in an Isolated Word Recognition System. A Connected Word Recognition system can 

recognize words, drawn from a small set, spoken without need for a pause between words. On 

the other hand, Continuous Speech Recognition Systems recognize sentences operated on 

speech in which words are connected together that is separated by pause. Spontaneous speech, 

as opposed to planned speech, is a more natural way in which people communicate with each 

other [8]  [7] . However, the recognition of spontaneous speech is made more challenging by 

the severe pronunciation variants and unpredictable pauses or laughter in between words. 

Spontaneous Speech Recognition System can handle such disfluencies events such as ah, am 

or false starts, grammatical errors present in a conversational speech [9]  [10] . Based on this 

categorization, this research was focused on, Speaker independent Spontaneous speech, with 

large vocabulary size. 

1.3 Statement of the Problem and Justification 

Advances in electronic and computer technology are causing an explosive growth in the use 

of machines for processing information. In most cases this information originates from a 

human being and is ultimately used by a human being. There is thus a need for effective ways 

of transferring information between people and machines, in both directions. One very 

convenient way in many cases is in the form of speech, because speech is the communication 

method most widely used between humans; it is therefore extremely natural and requires no 

special training [11]. 

Speech recognition is a rich field of research for both practical and intellectual reasons. With 

this regard, the use of speech to communicate between human beings is inevitable of the 

primary choice and with no substitutes. This is because there are physically disabled people, 
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people, which means handicapped people, who use the language but one or the other way 

lacked the means to interact with the machine. For instance, people with difficulty hearing 

could use a system connected to their telephone to convert the callerôs speech to text. In 

addition to this the domain is rich in variety of application such as dictation, command and 

control, telephony [12]. 

Moreover, some researches on speech technology in Ethiopian languages in general have been 

conducted by different researchers. [13] And [8] made efforts to develop Text-to-Speech 

Synthesis of the Amharic Language and Automatic Speech Recognizer for Afaan Oromo, 

respectively. [7] Hidden Markov Model Based Large Vocabulary, Speaker Independent 

Continuous Tigrigna Speech Recognition and also [14] developed sub word-based isolated 

word recognizers. These works developed speaker dependent and speaker independent 

systems using HMM. In recent years Amharic speech technology stepped towards 

spontaneous speech recognition; developed by [9] speaker independent Spontaneous Speech 

Recognition Systems using HMM as well as [10] BRANA (ḽḊṨ): application of Amharic 

Speech Recognition System for dictation in judicial domain. 

Tigrigna is an agglutinative language and is highly productive in terms of word generation. 

For instance, from a verbal stem one can generate hundreds of distinct words by concatenating 

various suffixes, each of them including different meanings. Taking into account the term 

ñspontaneousò, as the knowledge of the researcher, there is not a system developed for 

Tigrigna, which processes naturally spoken utterances, except, a research made by [7] on 

Hidden Markov Model Based Large Vocabulary, Speaker Independent Continuous Tigrigna 

Speech Recognition using HTK environment. However, recognizing human speech, 

specifically spontaneous speech is necessary to increase the way human and computer 

interacts for the full working recognizer in the language. Spontaneous speech is most 

convenient way because it is the communication method most widely used between humans 

[12]. 

The purpose of this thesis therefore is to design and train a speaker independent Spontaneous 

Speech Recognition Systems that could be used by application developers to develop 

application that will take Tigrigna language speakers aboard to the current information and 

communication technologies to fast-track the benefits of speech. To this end, this study 

attempts to explore and answer the following research questions. 
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¶ How to deal with challenges facing on developing Tigrigna Spontaneous Speech 

Recognition System? 

¶ How the system operates on Context Dependent (CD) and Context Independent(ID) 

¶ What are the effects of modeling non-speech events on speech recognizer 

performance? 

1.4 Objective of the Study 

1.5.1 General Objective 

The general objective of this research is to explore the possibility of developing speaker 

independent large vocabulary Spontaneous Speech Recognizer for Tigrigna language. 

1.5.2 Specific Objective 

In order to achieve the general objective, a set of specific objectives are set. These include:  

¶ Perform a comprehensive literature review of both related to automatic speech 

recognizer and the language under study. 

¶ Explore speech recognition tools and techniques that are appropriate for this research. 

¶ Collect sample data and segmenting into a sentence level, digitize, and perform feature 

extraction with the appropriate tools. 

¶ Developing spontaneous speech corpus from the collected data for training and testing. 

¶ Designing prototype Tigrigna language spontaneous speech recognition sys- tem using 

selected model. 

¶ Evaluate the performance of the recognizer using the test corpus. 

¶ Analyze results and forward conclusion and recommendations for further research in the 

area. 

1.5 Significance of the Study 

Recent progress ASR technology has enabled the development and deployment of more 

sophisticated and more accurate speech recognition applications. This progress, combined 

with an explosion in the capabilities and use of computing devices, makes it feasible for ASR 

to become a common feature and service for current technology. In addition to this, making 

communication between human and machine through speech like humans communication 
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with each other that is through spontaneous speech is most convenient way because it is the 

communication method most widely used between humans [12]. 

Many efforts had been made towards Tigrigna speech recognition to help handicapped and 

blind Tigrigna speakers who speak clearly. After the completion of this research, it will 

provide a valuable model for spontaneous speech recognizer. The findings of this research. 

¶ Supports handicapped and blind Tigrigna speakers to convert their speech to text. 

¶ Extends the general application of ASR to Tigrigna language on command and control, 

telephony and use applications of automatic speech recognizer for disabled people with 

their own language. 

¶ Develops Spontaneous speech recognizer that creates situation in identifying the 

possible way of developing an automatic speech recognizer for Tigrigna language  

¶ It also improves the human computer interaction particularly to the speaker of 

Tigrigna. 

¶ Can also serve as a baseline reference and initiative to conduct further studies in the 

future. 

1.6 Scope and L imitation of the Study 

Language Model, Acoustic Model and pronunciation dictionary are the main part of the 

recognizer. Due to limitation of time and the research, the researcher is limited in working 

with 24 randomly selected interviews and discussions out of which 12 are female speakers and 

the other 12 are male speakers. 

In this work dialect and accent were not considered within the language under investigation, 

because the variation in dialect and accent causes difference in the performance of the 

recognizer and need to perform a lot of acoustic tasks. 

Finally on this work speaker independent Spontaneous speech recognition for Tigrigna 

language with large size (4 hours and 45 minutes of training speech) of corpus have been 

developed, using conversational speech. 
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1.7  Methodology  

To achieve the objective, the applied methodology of the research follows the following 

standards. In the following, literature reviews, data collection and selection, testing and 

training and evaluations method used are detailed. 

1.7.1 Literature Review 

An Extensive literature review was conducted in order to investigate the fundamental 

principles of various approaches, techniques, algorithms and tools that would be best for this 

research. Moreover Hidden Markov Model and its application in speech and researches 

conducted on Ethiopian language speech recognition was also part of the review. To 

understand how the CMU Sphinx works, CMU Sphinx book and various and domain experts 

were consulted. Finally reviews on the Tigrigna languageôs phonetic characteristics also 

assessed so as to have general understanding on the problem domain. 

1.7.2 Data Collection and Preparation Methods 

In order to generate reliable statistics for both acoustic and Language Models, large amounts 

of data are required. It follows that a training corpus should be sufficiently large, consisting of 

speech samples spoken by men and women on different issues. Collecting such data set 

obviously is a major task of this thesis involving tasks like selection of data source. 

Audio data was collected and converted to .wav file extension using .wav converter tools, 

those data were not restricted to any domain rather they were general, such as an interview 

made between two or among many persons on different issues (domains) like sport, 

entertainment, politics, economy, health matter and others. Finally the data were portioned in 

sentence level and speech segments with non-speech segments such as music or noise had 

been filtered out and modeled. 

Many languages have speech corpora that are commercially available or developed by other 

researchers like Amharic developed by [15]. Tigrigna have not any speech corpora either 

commercial or developed by other researchers. For this thesis a database having 4 hours and 

45 minutes of training and 30 minutes of test speech had been prepared. 

The process of learning about the sound units is called training. The process of using the 

knowledge acquired to deduce the most probable sequence of units in a given signal is called 

decoding, or simply recognition.  
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1.7.3  Training and Test Sets 

The process of learning about the sound units is called training. The process of using the 

knowledge acquired to deduce the most probable sequence of units in a given signal is called 

decoding, or simply recognition. The training sets contain the majority of the speech corpora. 

For the development of the training corpus 24 speakers with 12 female and 12 male speakers 

with in di erent agenda were used. The definition of speaker independent, test sets as 

fundamental requirement is that all test speakers must have been unseen for all of the training 

sets 4 of new (unseen) speakers 2 of them were female and 2 of them were male speakers were 

used for testing purposes. 

1.7.4 Modeling Technique 

Hidden Markov Model (HMM) was used to build the recognizer. HMM is a powerful 

technique capable of robust modeling of speech and it is a parametric model that is particularly 

suitable for describing speech events. HMMs have two stochastic processes which enables the 

modeling not only acoustic phenomena but also of timescale distortion. 

Furthermore, efficient algorithms exist for accurate estimation of HMM parameters which will 

be discussed on Chapter three. HMMs are succinct representation of speech events therefore 

they require less storage than many other strategies. HMM is the most widely applied and said 

most successful speech modeling technique in spontaneous speech recognizer. [9] And [10] 

used HMM for spontaneous speech recognizer. As well as [4] also applied HMMs for Tigrigna 

language on developing Large Vocabulary, Speaker Independent Continuous Tigrigna Speech 

Recognizer. 

For developing purpose Sphinx-4 Speech Recognition System was used which is built using 

Hidden Markov Model that became the predominant technique for speech recognition It has 

been built entirely in the Java programming language. This is highly modular and flexible, 

supporting all types of HMM-based Acoustic Models, all standard types of Language Models 

generated using SRILM, Unicode and multiple search strategies [16]. To develop the required 

front end, java programming language was also used. Since Java is rich in Application 

programming Interface (API), platform independent and Sphinx-4 decoder is developed with 

java programming. 
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1.7.5 Evaluation of Performance and Testing Techniques 

Evaluation is perhaps a more objective way to carry out evaluation of speech systems. Usually, 

a set of testing data is first recorded, then the sentence error rate (SER) or word error rate 

(WER) are then found. Sentence error rate are defined as the percentage of the number of 

misrecognized sentence out of all tested utterances. Whereas WER is usually defined as [17] 

  ὃ ρππ                                                                                   (1.1) 

Where: - H is the total number of words in the reference, S is the number of substitution errors, 

I is the number of insertions errors and D is the number of deletions errors. 

1.8 Organization 

This paper is organized into six chapters. The first chapter was a background information about 

ASR, Typical ASR procedures and Types of ASR. It was also justified the need for the study, 

presented the objectives of the study and also discussed the methodology followed throughout 

the work. 

Second chapter will focuses on literature reviews of Basics of Speech Recognition, process of 

Speech perception and production in human beings and how they are represented in digital 

signal processing and related works on the development of Tigrigna language speech 

recognizers and on other languages will be discussed.  

The third chapter introduces Tigrigna phonetics and writing systems. It also deliberates on the 

fundamentals of Tigrigna phonetics place and manner of articulation for Tigrigna language.  

The fourth chapter deals with the basics of HMMs and provides an overview of CMU Sphinx 

and the accompanying used tools based on the CMU Sphinx.  

The fifth chapter discusses the design and implementation details of the Tigrigna Speech 

Recognition System and the analysis made based on the findings and the last chapter presents 

the conclusions drawn and the recommendations made.   


































































































































































