
IJCST Vol. 3, ISSue 1, Jan. - MarCh 2012ISSN : 0976-8491 (Online)  |  ISSN : 2229-4333 (Print)

w w w . i j c s t . c o m InternatIonal Journal of Computer SCIenCe and teChnology 709

Abstract
This paper presents a brief survey on Speech Recognition and 
discusses the major themes and advances made in the past 60 
years of research, so as to provide a technological perspective 
and an appreciation of the fundamental progress that has been 
accomplished in this  important area of speech communication. 
After years of research and development the accuracy of automatic 
speech recognition remains one of the important research challenges 
e.g. variations of the context, speakers, and environment).The 
design of Speech Recognition system requires careful attentions 
to the following issues: Definition of various types of speech 
classes, speech representation, feature extraction techniques, 
speech classifiers, and database and performance evaluation. The 
problems that are existing in ASR and the various techniques to 
solve these problems constructed by various research workers 
have been presented in a chronological order.  Hence authors 
hope that this work shall be a contribution in the area of speech 
recognition. The objective of this review paper is to summarize 
and compare me. Some of the well known methods used in various 
stages of speech recognition system and identify research topic 
and applications which are at the forefront of this exciting and 
challenging field.
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I.  Introduction  

A. Definition of Speech Recognition
Speech Recognition (is also known as Automatic Speech Recognit-
ion (ASR) or computer speech recognition) is the process of 
converting a speech signal to a sequence of words, by means of 
an algorithm implemented as a computer program.   

B. Basic Model of Speech Recognition
Research in speech processing and communication for the most 
part, was motivated by people s desire to build mechanical models 
to emulate human verbal communication capabilities. Speech 
is the most natural form of humancommunication 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. The main goal of speech recognition area is to develop 
techniques and systems for speech input to machine.  Speech is the 
primary means of communication between  humans. For reasons 
ranging from technological curiosity  about the mechanisms for 
mechanical realization of human speech capabilities to desire 
to automate simple tasks which necessitates human machine 
interactions and research in automatic speech recognition by 
machines has attracted a great deal of attention for sixty years. 
Based on major advances in statistical modeling of speech, 
automatic speech recognition systems today find widespread 
application in tasks that require human machine interface, such as 
automatic call processing  in telephone networks, and query based 
information systems that provide updated travel information, stock 

price quotations,  weather reports, Data entry, voice dictation, 
access to  information: travel, banking, Commands, Avoinics,  
Automobile portal, speech transcription, Handicapped people 
(blind people) supermarket, railway reservations etc. Speech 
recognition technology was increasingly used within telephone 
networks to automate as well as to enhance the operatorservices. 
This report reviews major highlights during the last six decades 
in the research and development of automatic speech recognition, 
so as to provide a technological perspective. Although many 
technological progresses have been made, still there remain many 
research issues that need to be tackled.  
Fig. 1, shows a mathematical representation of speech recognition 
system in  simple equations which contain front  end unit, model 
unit, language model unit, and search unit. The recognition process 
is shown below (fig .1).

Fig. 1: Basic Model of Speech Recognition

The standard approach to large vocabulary continuous speech 
recognition is to assume a simple probabilistic model of speech 
production whereby a specified word sequence, W, produces an 
acoustic observation sequence Y, with probability P (W,Y). The 
goal is then to decode the word string, based on the acoustic 
observation sequence, so that the decoded string has the Maximum 
a Posteriori (MAP) probability.

    (1)
Using Baye's rule, Eq. (1) can be written as

    (2)       
1. Since P (A) is independent of W, the MAP decoding rule of 
equation (1) is  
      ^    ^ 
W=argmaxw P (A/W) P (W)   (3)  
The first term in equation (3) P(A/W), is generally called the 
acoustic model, as it estimates the probability of a  sequence of 
acoustic observations, conditioned on the word  string. Hence 
P (A/W) is computed. For large vocabulary speech recognition 
systems, it is necessary to build statistical models for sub word 
speech units, build up word models  from these sub word speech 
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unit models (using a lexicon to  describe the composition of words), 
and then postulate word  sequences and evaluate the acoustic 
model probabilities  via  standard concatenation methods. The 
second term in equation.
 2.  P (W) is called the language model.  It describes the probability 
associated with a postulated sequence of words. 
Such language models can incorporate both syntactic and semantic 
constraints of the language and the recognition task.  

C. Types of Speech Recognition 
Speech recognition systems can be separated in several different 
classes by describing what types of utterances they have the ability 
to recognize. These classes are classified as the following: 

1. Isolated Words
Isolated word recognizers usually require each utterance to have 
quiet (lack of an audio signal) on both sides of the sample window. 
It accepts single words or single utterance at a time. These systems 
have “Listen/Not-Listen” states, where they require the speaker 
to wait between utterances (usually doing processing during 
the pauses). Isolated Utterance might be a better name for this 
class.   

2. Connected Words
Connected word systems (or more correctly ‘connected utterances’) 
are similar to isolated words, but allows separate utterances to be 
‘run-together’ with a minimal pause between them.  

3. Continuous Speech
Continuous speech recognizers allow users to speak almost 
naturally, while the computer determines the content. (Basically, 
it’s computer dictation). Recognizers with continuous speech 
capabilities are some of the most difficult to create because they 
utilize special methods to determine utterance boundaries.  

4. Spontaneous Speech
At a basic level, it can be thought of as speech that is natural 
sounding and not rehearsed. An ASR system with spontaneous 
speech ability should be able to handle a variety of natural              
P(A)  
Since P (A) is independent of W, the MAP decoding rule of 
equation(1) is  
      ^    ^ 
W=argmaxw P (A/W) P (W)                   ... (3)  
The first term in equation (3) P (A/W), is generally called the 
acoustic model, as it estimates the probability of a sequence of 
acoustic observations, conditioned on the word string. Hence P 
(A/W) is computed. For large vocabulary speech recognition 
systems, it is necessary to build statistical models for sub word 
speech units, build up word models from these sub word speech 
unit models (using a lexicon to describe the composition of words), 
and then postulate word sequences and evaluate the acoustic model 
probabilities via standard concatenation methods. The second term 
in equation (3) P (W), is called the language model. It describes 
the probability associated with a postulated sequence of words. 
Such language models can incorporate both syntactic and semantic 
constraints of the language and the recognition task. 

II. Artificial Intelligence Approach  

A. Acoustic Phonetic Approach
The earliest approaches to speech recognition were based on 
finding speech sounds and providing appropriate labels to these 
sounds. This is the basis of the acoustic phonetic approach 
(Hemdal and Hughes 1967), which postulates that there exist 
finite, distinctive phonetic units (phonemes) in spoken language 
and that these units are broadly characterized by a set of acoustics 
properties that are manifested in the speech signal over time. 
Even though, the acoustic properties of phonetic units are highly 
variable, both with speakers and with neighboring sounds (the 
so-called co articulation effect), it is assumed in the acoustic-
phonetic approach that the rules governing the variability are 
straightforward and can be readily learned by a machine. The 
first step in the acoustic phonetic approach is a spectral analysis 
of the speech combined with feature detection that converts the 
spectral measurements to a set of features that describe the broad 
acoustic properties of the different phonetic units. The next  step is 
a segmentation and labeling phase in which the speech  signal is 
segmented into stable acoustic regions, followed by  attaching one 
or more phonetic labels to each segmented  region, resulting in a 
phoneme lattice characterization of the  speech. The last step in this 
approach attempts to determine a  valid word (or string of words) 
from the phonetic label  sequences produced by the segmentation 
to labeling. In the validation process, linguistic constraints on the 
task (i.e., the vocabulary, the syntax, and other semantic rules) are 
invoked in order to access the lexicon for word decoding based 
on the phoneme lattice. The acoustic phonetic approach has not 
been widely used in most commercial applications [76], Refer 
fig.2.32. p.81).The following table 3 broadly gives the different 
speech recognition techniques.

Table 1: Speech Recognitions Technique

B. Pattern Recognition Approach 
The pattern-matching approach (Itakura 1975; Rabiner 1989; 
Rabiner and Juang 1993) involves two essential steps namely, 
pattern training and pattern comparison. The essential  feature of this  
approach  is that it uses a well  formulated  mathematical framework 
and establishes consistent  speech  pattern representations, for 
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reliable pattern comparison, from a set of labeled training samples 
via a formal training algorithm. A speech pattern representation 
can be in the form of a speech template or a statistical model (e.g., 
a  HIDDEN MARKOV MODEL or HMM) and can be applied to 
a sound (smaller  than a word), a word, or a phrase. In the pattern-
comparison  stage of the  approach, a direct comparison is made 
between the unknown speeches (the speech to be recognized) 
with each  possible pattern learned in the training stage in order to 
determine the identity of the unknown according to the  goodness 
of match of the patterns. The pattern-matching  approach has 
become the predominant method for  speech  recognition in the 
last six decades. 
A block schematic diagram of pattern recognition is presented in 
fig. 2, below. In this, there exists two methods namely template 
approach and stochastic approach.
 

Fig. 2: Block Diagram of Pattern recognitionspeech recognizer 

1. Template Based Approach
Template based approach to speech recognition have provided a 
family of techniques that have advanced the field  considerably 
during the last six decades. The underlying idea is simple. A 
collection of prototypical speech patterns are stored as reference 
patterns representing the dictionary of candidate’s words. 
Recognition is then carried out by matching an unknown spoken 
utterance with each of these reference templates and selecting 
the category of the best matching pattern. Usually templates for 
entire words are constructed. This has the advantage that, errors 
due to segmentation or classification of smaller acoustically more 
variable units such as phonemes can be avoided. In turn, each word 
must have its own full reference template; template preparation 
and matching become prohibitively expensive or impractical as 
vocabulary size increases beyond a few hundred words. One key 
idea in template method is to derive typical sequences of speech 
frames for a pattern (a word) via some averaging procedure, 
and to rely on the use of local spectral distance measures to 
compare patterns. Another key idea is to use some form of 
dynamic programming to temporarily align patterns to account 
for differences in speaking rates across talkers as well as across 
repetitions of the word by the same talker.  

2. Stochastic Approach
Stochastic modeling entails the use of probabilistic models 
to deal with uncertain or incomplete information. In speech 
recognition, uncertainty and incompleteness arise from many 
sources; for example, confusable sounds, speaker variability 

s, contextual effects, and homophones words. Thus, stochastic 
models are particularly suitable approach to speech recognition. 
The most popular stochastic approach today is hidden Markov 
modeling. A hidden Markov model is characterized by a finite 
state markov model and a set of output distributions. The transition 
parameters in the Markov chain models, temporal variabilities, 
while the parameters in the output distribution model, spectral 
variabilities. These two types of variabilites are the essence of 
speech recognition. Compared to template based approach, hidden 
Markov modeling is more general and has a firmer mathematical 
foundation. A template based model is simply a continuous density 
HMM, with identity covariance matrices and a slope constrained 
topology. Although templates can be trained on fewer instances, 
they lack the probabilistic formulation of full HMMs and 
typically underperform HMMs. Compared to knowledge based 
approaches; HMMs enable easy integration of knowledge sources 
into a compiled architecture. A negative side effect of this is that 
HMMs do not provide much insight on the recognition process. 
As a result, it is often difficult to analyze the errors of an HMM 
system in an attempt to improve its performance. Nevertheless, 
prudent incorporation of knowledge has significantly improved 
HMM based systems. 

3. Artificial Intelligence Approach (Knowledge Based 
Approach)
The Artificial Intelligence approach is a hybrid of the acoustic 
phonetic approach and pattern recognition approach. In this, 
it exploits the ideas and concepts of Acoustic phonetic and 
pattern recognition methods. Knowledge based approach uses 
the information regarding linguistic, phonetic and spectrogram. 
Some speech researchers developed recognition  system that used 
acoustic phonetic knowledge to develop classification rules for 
speech sounds. While template based approaches have been very 
effective in the design of a variety of speech recognition systems; 
they provided little insight about human speech processing, thereby 
making error analysis and knowledge-based system enhancement 
difficult. On the other hand, a large body of linguistic and phonetic 
literature  provided insights and understanding to human speech 
processing. In its pure form, knowledge engineering design involves 
the direct and explicit incorporation of expert speech knowledge 
into a recognition system. This knowledge is usually derived from 
careful study of spectrograms and is  incorporated using rules or 
procedures. Pure knowledge engineering was also motivated by 
the interest and research in expert systems. However, this approach 
had only limited success, largely due to the difficulty in quantifying 
expert knowledge. Another difficult problem is the integration 
of many levels of human knowledge phonetics, phonotactics, 
lexical access, syntax, semantics and pragmatics. Alternatively, 
combining independent and asynchronous knowledge sources 
optimally remains an unsolved problem. In more indirect forms, 
knowledge has also been used to guide the design of the models 
and algorithms of other techniques such as template matching 
and stochastic modeling. This form of knowledge application 
makes an important distinction between knowledge and algorithms 
Algorithms enable us to solve problems. Knowledge enable the 
algorithms to work  better. This form of knowledge based system 
enhancement has contributed considerably to the design of all 
successful strategies reported. It plays an important role in the 
selection of a suitable input representation, the definition of units 
of  speech, or the design of the recognition algorithm itself.  
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III. Literature Survey of Speech Recognition: (year 
Vise)

A. 1920-1960s
In the early 1920s machine recognition came into existence.  
The first machine to recognize speech to any significant  degree 
commercially named, Radio Rex (toy) was manufactured in 
1920. Research into the concepts of  speech technology began 
as early as 1936 at Bell Labs. In  1939, Bell Labs demonstrated 
a speech synthesis machine (which simulates talking) at the 
World Fair in New York. Bell  Labs later abandoned  efforts  
to develop speech-simulated  listening and recognition; based 
on an incorrect conclusion  that artificial intelligence would 
ultimately be necessary for  success.   The earliest attempts to 
devise systems for automatic speech  recognition by machine 
were made in 1950s, when various researchers tried to exploit 
the fundamental ideas of acoustic phonetics. During 1950s [1], 
most of the speech recognition  systems investigated spectral 
resonances during the vowel  region of each utterance which 
were extracted from output  signals of an analogue filter bank 
and logic circuits. In 1952, at Bell laboratories, Davis, Biddulph, 
and Balashek built a  system for isolated digit recognition for 
a single speaker [2]. The system relied heavily on measuring 
spectral resonances  during the vowel region of each digit. In 
an independent effort  at RCA Laboratories in 1956, Olson and 
Belar tried to  recognize 10 distinct syllables of a single talker, as 
embodied  in 10 monosyllabic words [3]. The system again relied 
on  spectral measurements (as provided by an analog filter bank)  
primarily during vowel regions. In 1959, at University College  
in England, Fry and Denes tried to build a phoneme recognizer  
to recognize four vowels and nine consonants [4]. They used a 
spectrum analyzer and a pattern matcher to make the recognition 
decision. A novel aspect of this research was the use of statistical 
information about allowable sequences of  phonemes in English 
( a rudimentary form of language syntax)  to improve overall 
phoneme accuracy for words consisting of  two or more phonemes. 
Another effort of note in this period  was the vowel recognizer 
of Forgie and Forgie constructed at MIT Licoln laboratories in 
1959 in which 10 vowels embedded in a /b/-vowel/t/ format were 
recognized in a speaker independent manner [5]. Again a Filter 
bank analyzer was used to provide spectral information and a 
time varying estimate of the vocal tract resonances was made to 
deicide  which vowel was spoken.  

B. 1960-1970
In the 1960s several fundamental ideas in speech recognition 
surfaced and were published. In the 1960s since computers were 
still not fast enough, several special purpose hardware were 
built [6]. However, the decade started with several Japanese 
laboratories entering the recognition arena and building special 
purpose hardware as part of their systems. On early Japanese 
system, described by Suzuki and Nakata of the  Radio Research 
Lab in Tokyo, was a hardware vowel  recognizer [6]. An elaborate 
filter bank spectrum analyzer was used along with logic that 
connected the outputs of each channel of the spectrum analyzer 
(in a weighted manner) to a vowel decision circuit, and majority 
decisions logic scheme was used to choose the spoken vowel. 
Another hardware effort in Japan was the work of Sakai and 
Doshita of kyoto University in 1962, who built a hardware 
phoneme recognizer. A hardware speech segmented was used 
along with a zero crossing analysis of different regions of the 
spoken input to  provide the recognition output. A third Japanese 

effort was the  digit recognizer hardware of Nagata and coworkers 
at NEC  Laboratories in 1963. This effort was perhaps most notable  
as the initial attempt at speech recognition at NEC and led to a 
long and highly productive research program. One of the  difficult 
problems of speech recognition exists in the non  uniformity of 
time scales in speech events. In the 1960s three  key research 
projects were initiated that have had major  implications on the 
research and development of speech  recognition for the past 
20 years. The first of these projects  was the efforts of Martin 
and his colleagues at RCA  Laboratories, beginning in the late 
1960s, to develop realistic solutions to the problems associated 
with non-uniformity of  time scales in speech events. Martin 
developed a set of elementary time normalization methods, 
based on the ability  to reliably detect speech starts and ends, 
that significantly  reduce the variability of the recognition scores. 
Martin ultimately developed the method and founded one of the 
first speech recognition companies, Threshold Technology, which 
was built, marketed and was sold speech recognition products.  At 
about the same time, in the Soviet Union, Vintsyuk  proposed the 
use of dynamic programming methods for time  aligning a pair 
of speech utterances(generally known as Dynamic Time Warping 
(DTW), including algorithms for connected word recognition. 
Although the essence of the concepts of dynamic time warping, 
as well as rudimentary versions of the algorithms for connected 
word recognition, were embodied in Vintsyuk s work, it was 
largely unknown in  the West and did not come to light until the 
early 1980 s; this was long after the more formal methods were 
proposed and  implemented by others. At the same time in an 
independent effort in Japan Sakoe and Chiba at NEC Laboratories 
also started to use a dynamic Programming technique to solve the 
non uniformity problems. A final achievement of note in the 1960s 
was the pioneering research of Reddy in the field of continuous 
speech recognition by dynamic tracking of phonemes. Reddy s 
research eventually spawned a long and highly successful speech 
recognition research program at Carnegie Mellon University (to 
which Reddy moved in the late 1960s) which, to this today, remains 
a world leader in continuous speech recognition systems.  

C. 2000-2009

1. General
Around 2000, a Variational Bayesian (VB) estimation and clustering 
techniques were developed. Unlike Maximum Likelihood, this 
VB approach is based on a posterior distribution of parameters. 
Giuseppe Richardi, have developed the technique to solve the 
problem of adaptive learning, in automatic speech recognition 
and also proposed some improvements have been worked out on 
Large Vocabulary Continuous Speech Recognition, system on 
performance improvement. In 2007, the difference in acoustic 
features between spontaneous and read speech using a large scale 
speech data base i.e, CSJ have been analyzed.  Sadaoki Furui, 
investigated SR methods that can adapt to speech variation using 
a large number of models trained based on clustering techniques. 
In 2008, the authors, have explored the application of Conditional 
Random Field (CRF) to combine local posterior estimates 
provided by multilayer perceptions corresponding to the frame 
level prediction of phone and phonological attributed classes. 
De-wachter et.al., attempted to over-come the time dependencies, 
problems in speech recognition by using straight forward template 
matching method. Xinwei Li et.al., proposed a new optimization 
method i.e., Semi Definite Programming (SDP) to solve the 
Large Margin Estimation (LME) problem of continuous density 
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HMM (CDHMM) in speech recognition. Discriminate training 
of acoustic models for speech recognition was proposed under 
Maximum Mutual Information (MMI) . Around 2007 Rajesh 
M.Hegde et.al, proposed an alternative method for processing 
the Fourier transform phase for extraction speech features, which 
process the Group Delay Feature (GDF) that can be directly 
computed for the speech signal. 
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