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Abstract: In this paper an attempt is made to describe the various basic aspects of speech recognition system using the
pattern recognition approach. Also here a new Autoregressive Hidden Markov Model (HMM) used for the speech recognition
system has been introduced. Furthermore a viterbi Algorithm function is used as pattern matching technique for finding the
best suited path. The main objective of this paper is to summarize the concepts used at various stages of speech recognition
system which is an exciting and challenging field.

1. INTRODUCTION

Speech recognition system means basically the capabilities
of the machine to convert the human speech in the textual
form providing the interpretation of every thing that human
speaks while the machine listening provides the transcription
or interpretation of every thing the human speaks. There are
many types of features, which are derived differently and which
have good impact on recognition rate. In a speech signal,
speaking variation causes non-linear fluctuation in a speech
pattern time axis. The main problem is to eliminate these
fluctuation or time normalization in the speech recognition
system. In this paper we have also discussed the use of AR
Hidden Markov Model for the speech recognition system.

2. HISTORICAL BACKGROUND

It is well known that several methods, algorithms and
mathematical models have been developed to help for speech
analysis and speech recognition. Also discussed are the
advances and techniques that have been and are being
applied in the speech recognition process. Speech
recognition systems have been developing since many
decades starting with the manufacturing in early 1920 in the
form of a machine named, Radio Rex (toy). The speech
recognition system was produced in 1936 at Bell Labs. In
1939, Bell Labs demonstrated a speech synthesis machine
in New York. The automatic speech recognition was first
developed in 1950 s, when various researches tried to exploit
the fundamental ideas of acoustic phonetics. In 1952, at Bell
laboratories, Davis, Biddulph and Balashek built a system
for isolated digit recognition for a single speaker. In 1956,
Olson and Belar tried to recognize 10 distinct syllables of a
single talker, as embodied in 10 monosyllabic words. In

1959, at University College in England, Fry and Denes tried
to build a phoneme recognizer to recognize four vowels and
nine consonants. In 1962, Sakai and Doshita of Kyoto
University build a hardware phoneme recognizer. In late
1960 s, 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. As the DTW was completely highlighted in the
early 1980 s by the Vintsyuk’s work, this was long after the
more formal methods were proposed and implemented by
others. The various ideas have come in existence from 1970 s
to 1980 s such as pattern recognition and linear predictive
coding (LPC). Most Important key technology developed
in the 1980 s is the HMM approach. Another new technology
that was reintroduced in the late 1980 s was the idea of
applying neural networks to problems in Speech
Recognition. In 1980 s, continuous Speech Recognition
systems by Defense Advanced Research Projects Agency
(DARPA) community, which sponsored a large research
program aimed at achieving high word accuracy for 1000
word continuous speech recognition, database management
task. Major research contributions resulted from efforts by
SPHINX system, BBN with the BYBLOS system, Lincoln
Labs, SRI, MIT and AT and T Bell Labs. Many major
techniques including the maximum likelihood linear
regression (MLLR), the Model decomposition, parallel
model compositions (PMS) and the structural maximum
posteriori (SMAP) method for robust Speech Recognition
were introduced in between the period of 1990 to 2000.
Around 2000, a variational Bayesian (VB) estimation and
clustering techniques were developed. In 2005, some
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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 database have been analyzed. In 2008, the authors
have explored the applications of Conditional Random Field
(CRF) to combine local posterior estimates provided by
multilayer perceptions corresponding to frame level
predictor of phone and phonological attributed classes. In
2008, a new approach for speech feature enhancement in
the log spectral domain for noisy speech recognition is
presented with many more techniques by various authors.

3. APPROACHES

Speech Recognition system may have been using various
types of approaches such as acoustic-phonetic approach,
pattern recognition approach, artificial intelligence approach
and neural networks, etc.

In 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),
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 a 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.

In Artificial Intelligence approach (Knowledge Based
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’s 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 enables 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. In
this paper, we have discussed pattern recognition approach,
which involves two steps, first is pattern training and other
one is pattern comparison. In any pattern recognition task
we have a set of input patterns and the corresponding output
patterns. Depending on the nature of the output patterns and
the nature of the task environment the problem could be
identified as one of association or classification or mapping.
The given set of input-output pattern pairs form only a few
samples of an unknown system. From these samples the
pattern recognition model should capture the characteristics
of the system. The essential feature of this approach is that it
uses a well formulated mathematical framework and
establishes consistent speech pattern representations, for
reliable pattern comparison, from a set of label training
samples via a formal training algorithm. A speech pattern
represents can be in the form of a speech template or a
statistical model (HMM) and can be applied to a sound
(smaller than a word), a word, or a phrase. In the pattern
comparison stage 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 the match of the patterns. A block diagram for
pattern recognition approach is shown in the Fig. 1.
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4. AUTO REGRESSIVE HMM

The (AR) autoregressive model is essentially an all pole
infinite impulse response filter with some additional
interpretation placed on it. Autoregressive HMM is very
useful method to represent the statistical characteristics
which are used in the speech recognition system and
enhanced it. In this individual states are assumed to be
stationary stochastic sequences. The stationary state
assumption appears to be reasonable. When a state is
intended to represent piece wise stationary segment of
speech. In case of non-stationary AR model, the parameters
are modeled by polynomial function with linear combination
of M known basis functions. Then the speech signal is
blocked by samples in to fixed length frame and then it is
modeled by non stationary AR Model with frame varying
polynomial function controlled by Markov switching
sequences at each frame or we can say that one possibility
is to deal with non-stationary is to select at each time t a
setting of AR parameters from a discrete set of possible
parameters. Values, with the switching between the
parameters controlled by a Markov Model. However
autoregressive process is too simple to model the strong non-
stationary typically encountered in speech signals.

By this we consider a yt, speech signal represented as a
sequence of samples y1 : T is a linear combination of the
previous samples and a Gaussian distributed innovation η.
So yt may be written as
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In ARHMM the speech signals is therefore considered
as the concatenation of N fixed length segments over which
the state cannot change. This corresponds to the joint
distribution.
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Where tn is the time step at which the nth segment starts.

5. VITERBI ALGORITHM

It is a dynamic programming algorithm for finding due most
likelihood sequence of hidden states. Viterbi Algorithm
separate on a state that is, at any time, the system being
modeled is in some state machine assumption. This algorithm
was firstly conceived by Andrew Viterbi in 1967 as an error
correction scheme for noisy digital communication links,
finding universal application in Speech Recognition System,
etc. In Speech Recognition System the acoustic signal is
treated as observed sequence of events and a string of that
is considered to be the hidden cause of the acoustic signal.
The Viterbi Algorithm finds the most likely string to text
given the acoustic signal. There are a finite number of states,
however large, multiple sequences of states can lead to a
given state, but one is the most likely path to that state, called
the survivor path. This is the main assumption of the
algorithm because the algorithm will examine all possible
paths leading to a state and only keep the once most likely.

6. RESULTS

We have studied the transition probability for changing the
states. We define the state probability vector of a discrete
time Markov chain with 3 states after the nth transition given
some initial state probability vectors P (0) to be

P (n) = (P1 (n) P2 (n)..........Pm (n))

Fig. 1: Pattern Recognition Approach

S. no. Initial Probability No. of transition state probability
remains unchanged after state

1. 0.2, 0.4, 0.4 16

2. 0.8, 0.1, 0.1 21

3. 0.1, 0.3, 0.6 17

4. 1, 0, 0 19

5. 0.9, 0.1, 0 19

Where Pi (n) is the probability that the system is in state
i after transition n1 given P (0). We have taken the Markov
chain described by the state transition diagram in Fig. 2 given
here and these results are simulated on Matlab.
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7. DISCUSSIONS AND CONCLUSION

In this paper we have studied that the autoregressive HMM
is efficient and consistent where as most of the current
models has only one of the desirable properties. Speech
recognition is one of the most integrating areas of machine
intelligence, since human do a daily activity of speech
recognition. Further here we have also studied a compre-
hensive approach of research on speech recognition.
However there may be practical limitations which hinder a
widespread deployment of application and service. In last
two decades there has been a significant development in
speech recognition systems; however still there is lot of work
has to be done in future. Speech Recognition is a challenging
and interesting problem. We have attempted here in this
paper to provide a comprehensive cursory, look and review
of how much speech recognition technology progressed in
the last sixty years. We have simulated some results using
Matlab on state transition probability. This paper brings
various critical aspects about Speech Recognition system
which will unable the researcher working in this field for
the understanding of the topic and will inspire them for
carrying out the advance research in the area of speech
recognition system.
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