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Abstract
In this paper the concept of Hidden Markov Model has been 
implemented and tested in noiseless environment for speech 
command recognition (speaker dependent) and convert a machine 
into intelligent machine which is responding to human speech and 
activating the operating system commands. Preprocessing, Feature 
Extraction and Recognition these three steps of Hidden Markov 
Model are used to complete this Automatic Speech Recognition 
System. Endpoint detection, Framing and Windowing of the 
speech signal include in first step preprocessing. Linear Predictive 
Coefficients, Cepstral analysis, Vector quantization includes in 
second step Feature Extraction and HMM based classifier used 
in last step Speech Command Recognition.
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I. Introduction
Speech Recognition gives to human the ability to control computer 
machine with speech commands as well as dictate documents. 
Every one knows that computer machine is not expected to 
understand what is uttered by humans. The main goal of research 
on Automatic Speech Recognition (ASR) is to build machines that 
are indistinguishable from humans in the ability to communicate 
in natural spoken language. In this sense, speech recognition is 
not a mature science but an emerging one. The major goal of 
speech recognition is to provide enhanced access to machine via 
speech commands or we can say that a computer machine is able 
to understand (recognized) speech commands as well as respond 
them accordingly in the form of to activate operating system 
commands or to write words in word pad etc. 

II. Speech Recognition
Automatic speech recognition by computers is a process where 
speech signals are automatically converted into the corresponding 
sequence of words in text. With recent advances, speech recognizers 
based upon Hidden Markov Models (HMM’s) have achieved a 
high level of performance in controlled environment. In real life 
applications, however, speech recognizers are used in adverse 
environments. The recognition performance is typically degraded 
if the training and the testing environments are not the same. The 
goal of Automatic Speech Recognition is to develop techniques 
and systems that enable computers to accept speech input [1].

A. Types of Speech Recognition:
Speech recognition systems can be separated in several different 
classes by describing what type of utterances they have and the 
ability to recognize. These classes are based on the fact that one of 
the difficulties of ASR is the ability to determine when a speaker 
starts and finishes an utterance. 

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 doesn’t mean that it accepts single words, but does require a 
single utterance at a time [2].

2. Connected Words
Connected word systems (or more correctly connected utterances) 
are similar to isolated words, but allow separate utterances to be 
run-together with a minimal pause between them [3-4].

3. Continuous Speech
Special methods are used to determine utterance boundaries of 
continuous speech signal because recognition of this signal is 
difficult to create. Continuous speech recognizers allow users to 
speak almost naturally, while the computer determines the content. 
Basically, it’s computer dictation.

5. Spontaneous Speech
An ASR system with spontaneous speech recognition ability 
should be able to handle a variety of natural speech features such 
as words being run together, “ums” and “ahs”, and even slight 
stutters. This is most difficult type of speech to be recognized.  

B. Features of Speech
To understand the speech, there is need to know about features 
of speech. These are as follows: Phone, Phoneme, Allophones, 
Vowels, Consonants, Syllables, Word, Sentences, Utterance, 
Vocabularies, Accuracy and Acoustic phonetics.

III. Speech Recognition Process
The speech recognition process is divided broadly into three parts, 
as shown as follows:

Fig. 1: The Process of Speech Recognition

A. Preprocessing
During recording time Speech signal is an analog signal which 
varies with time. To process the signal by digital means, it is 
necessary to sample the continuous-time signal into a discrete-
time discrete-valued (digital) signal. The process of converting 
sequences of speech samples to feature vectors representing events 
in the probability space is called Signal Modeling [5]. The latter 
approaches are more widely used in speech recognition.
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1. Background Noise Removal
Background noise is usually produced by air conditioning system, 
fans, fluorescent lamps, type writers, computer systems, back 
conversation, footsteps, traffic, opening and closing the doors 
etc. the designers of speech recognition system usually have litter 
control over these things in the real life environments. Type of 
noise additive in nature and usually steady state except for impulse 
noise sources like type writers [6]. The filter used to remove the 
background noise is as follows: 

2. End Point Detection
The detection of the presence of speech embedded in the various 
types of non-speech events and background noise is called an end 
point detection, speech detection or speech activity detection. A 
good end point detection algorithm affects and performance of 
system in the terms of accuracy and speech for several reasons. 
Firstly the silence frame can be removed prior to recognition, the 
accumulated utterance likelihood score will focus more on the 
speech portion of an utterance instead of on both noise and speech 
[7]. Second, it is hard to model noise and silence accurately in 
changing environments [8]. Third, removing non-speech frames 
when the number of non speech frames is large can significantly 
reduce the computation time [9-10].

3. Framing
Speech is a quasi-stationary signal and is stationary only for a 
short interval of time. This allows us to use block processing 
techniques such as Discrete Fourier Transform (DFT) to analyze 
speech signal. In this step the pre-emphasized speech signal, so(n), 
is blocked into frame buffers of N samples with an adjacent frame 
separated by M sample. Speech is typically analyzed in overlapping 
short frames of about 20 msec long with a 10 msec frame shift. 
Overlapping ensures the smooth transition of estimated parameters 
from frame to frame. 

4. Windowing
The next step in the process is to window each individual frame 
so as to minimize the signal discontinuities at the beginning and 
end of each frame. The window w(n), determines the portion of 
the speech signal that is to be processed by zeroing out the signal 
outside the region of interest [5]. Hamming Window is used for 
windowing. 
Hamming window: w(n)=

B. Feature Extraction
Feature extraction is the process of retaining useful information of 
the signal while discarding redundant and unwanted information. 
The goal is to find a set of properties of an utterance that have 
acoustic correlates in the speech signal, that is, parameters that 
can somehow be computed or estimated through processing of 
the signal waveform,. Such parameters are termed features. Next 
step Feature extraction used for parameterization of the speech 
signal. This is intended to produce a perceptually meaningful 
representation of the speech signal. Feature extraction typically 
includes the process of converting the signal to a digital from. 
Feature extraction can be subdivided into three basic operations: 
spectral analysis, parametric transformation and statistical 

modeling [9]. The complete sequence of steps is summarized in 
following figure:

Fig. 2: Statistical Models in Speech Recognition

C. Recognition

1. Feature Extraction Process

(i). Spectral Analysis
When speech is produced in the sense of time varying signal, 
its characteristics can be represented via parameterization of the 
spectral activity. There are six major classes of spectral of analysis 
algorithms i.e. Digital filter bank (Power estimation), Fourier 
Transform (FT Derived Filter Bank Amplitudes, FT Derived 
Cepstral Coefficients), Linear Prediction (LP, LP Derived Filer 
Bank Amplitudes, LP Derived Cepstral Coefficients) used in 
speech recognition system. From these classes, linear prediction 
gives best results. Types of Linear Prediction are explained as 
below:

LPC (LPC analysis).• 
LP-derived filter bank amplitudes.• 
LP-derived cepstral coefficients.• 

(ii). Parameter Transforms
Signal parameters are generated from signal measurements through 
two fundamental operations: differentiation and concatenation. 
The output of this stage of processing is a parameter vector 
containing our raw estimates of the signal.

(iii). Statistical Modeling
The third step of the feature extraction process is Statistical 
Modeling. Here, it assumes that the signal parameters were 
generated from some underlying multivariate random process. 
The only information about the process is its observed outputs, 
the signal parameters that have been computed. For this reason, 
the parameter vector output from this stage of processing is often 
called the signal observation. Recognizers deal with speech 
variability and account for learning the relationship between 
specific utterances and the corresponding word or words [11]. 
There has been steady progress in the field of speech recognition 
over the recent yeas with two trends. There are three approaches 
to speech recognition [12-13].

Acoustic-phonetic approach.• 
Knowledge based approach.• 
Pattern recognition approach. The popular pattern recognition • 
techniques include template matching, Hidden Markov Model 
[14].

(a). Hidden Markov Models (HMM)
The basic theory behind the Hidden Markov Models (HMM) 
dates back to the late 1900s when Russian statistician Andrej 
Markov first presented Markov chains. Baum and his colleagues 
introduced the Hidden Markov Model as an extension to the 
first-order stochastic Markov process and developed an efficient 
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method for optimizing the HMM parameter estimation in the late 
1960s and early 1970s.  Baker at Carnegie Mellon University 
and Jelinek at IBM provided the first HMM implementations 
to speech processing applications in the 1970s [15]. Proper 
credit should also be given to Jank ferguson at the Institute for 
defense Analysis for explaining the theoretical aspects of three 
central problems associated with HMMs, which will be further 
discussed in the following sections The technique of HMM has 
been broadly accepted in today’s modern state-or-the art ASR 
systems mainly for two reasons: its capability to model the non-
linear dependencies of each speech unit on the adjacent units and 
a powerful set of analytical approaches provided for estimating 
model parameters.

Use of HMM in Speech Recognition
HMM can be used to model a unit of speech whether it is a 
phoneme, or a word, or a sentence. LPC analysis followed by 
the vector quantization of the unit of speech, gives a sequence of 
symbols (VQ indices). HMM is one of the ways to capture the 
structure in this sequence of symbols. In order to use HMMs in 
speech recognition, one should have some means to achieve the 
following:

Evaluation: Given the observation sequence O = (o• 1, o2, …,oT) 
and a HMM λ = (A,B, π)  to choose a corresponding state 
sequence Q = q1, q2,…,qT which optimal in some meaningful 
sense, given the HMM.
Training: To adjust the HMM parameters λ = (A,B, π) to • 
maximize P(O | λ).

The following are some of the assumptions in the Hidden Markov 
Modeling for speech. 

Successive observations (frames of speech) are independent • 
and therefore the probability of sequence of observation P = 
(o1, o2, …,oT) can be written as a product of probabilities of 
individual observations, i.e. O = (o1, o2, ….oT) =∏=

T

i
ioP

1

)( .
Markov assumption: The probability of being in a state at • 
time t, depends only on the state at time t-1.

IV. Results and Discussion
User Machine Interface is trained and tested in a noiseless room 
conditions environment, the size of vocabulary size is 130 different 
speech commands. The testing results are given in following table. 
Results show that the recognition accuracy is not same for each 
speech command; it varies from one speech command to another 
speech command.

Table 1: Testing Results for Speech Commands

Speech 
Commands

No. of 
Samples

No. of 
Correctly 
Recognized 
Commands

Accuracy 
(%)

surU 10 10 100%

kMmiputr 10 9 90%

nY~tvrk 10 8 80%

ieMtrnY~t 10 7 70%

Polfr 10 8 80%

vrf 10 10 100%

pwvrpuAwieMt 10 6 60%

mIfIAwplyAr 10 7 70%

mdd 10 8 80%

rn 10 9 90%

Kyf 10 8 80%

ivnANYp 10 8 80%

AYksY~l 10 7 70%
130                 105 80.76%

Voice Based User Machine Interface using Hidden Markov Model 
is implemented and tested with 10 Speech Commands vocabulary, 
the results shown in last table and figure. The result shows that 
the accuracy of the overall system depends upon the background 
environment and may vary due to room environment condition 
as well depends upon the voice of speaker. In this paper Hidden 
Markov Model approach has been used to handle the variability 
of speech. For accuracy of the system training and testing has to 
be done in noiseless environment.
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