
Abstract
With new advancements in the field of digital signal processing 
has increase the use of speech in different areas like speech 
compression, synthesis, enhancement and recognition. In this 
paper the concept of Hidden Markov Model has been used for 
speech command recognition (speaker dependent) and turned a 
machine into intelligent machine which will respond to human 
speech and activate the operating system commands. Hidden 
Markov Model implements speech recognizer in three steps. The 
first step is preprocessing that includes endpoint detection, framing 
and windowing of the speech signal. The second step includes 
speech feature extraction using Linear Predictive Coefficients, 
Cepstral analysis and then Vector quantization of speech features 
is done, the last step involves the Hidden Markov Model based 
classifier for speech command recognition.
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I. Introduction
Speech is the primary communication medium between people. 
For decades human beings have been dreaming of an intelligent 
machine which can master the natural speech [1,2]. It has lot 
of advantages: it is hands free, relatively fast and it enables 
communication in different situations because the speaker needs 
a microphone and no need to use a keyboard. The communication 
process with machine has a complex structure consisting not only 
of the transmission of voice but gesture, language, subject and 
the capability of the listener contribute to this process. In this 
respect, the performance of a speech recognizer heavily depends 
on how and for which task it is designed [3]. The following table 
1describes the challenges of speech recognition.

Table: 1Challenges of Speech Recognition
Parameters Range
Speaking Mode Isolated words to 

continuous speech 
Speaking Style Read speech to 

spontaneous speech 
Enrollment Speaker-dependent to 

Speaker-Independent 
Vocabulary Small (<20 words) to 

large(>20,000 words)
Perplexity Small (<10) to large 

(>100)
Adverse 
Conditions

Voice-canceling 
microphone to telephone 

Because computer machine is not expected to understand what 
is uttered. The ultimate goal of research on speech command 
recognition is to build machines that are indistinguishable from 
humans in the ability to communicate in natural spoken language. 

The major goal of speech command recognition is to provide 
enhanced access to machine via voice commands as well as 
dictate documents [4]. Obtaining speech command data is very 
easy and does not require any special talent such as keyboard 
skills, in contrast to other data storage methods. Using speech 
commands, transferring texts to electronic form can be extremely 
fast. This method proves the users with freedom of movement 
and the possibility of using their hands for other purposes. We 
will discuss the next points and implement the speech command 
recognition process [5].  
Speech Recognition will be able to listens and responds to 
speech commands in Punjabi language. User can use Speech 
Recognition to run programs and interact with operating system 
and application. The example of Punjabi speech commands are 
[c>lcUlEtr], [a>csEl] etc. 
Type of speech recognition process is Isolated Word [fAeIl], 
Connected Word [sADA cAlj, mErA p>&n], Continues Words [rAm 
sc<l j;dA h>]. The third example will come under the properties 
of continues words if speaker will speak it in a natural way 
because recognizer with continues speech are most difficult to 
create because they must utilize special methods to determine 
utterance boundaries. Continues speech recognizes allow user 
to speak almost naturally. Last one type is Spontaneous Speech 
[aAh, a~h] [6].

II. Speech Recognition Process
The speech recognition process is divided broadly into three parts, 
as shown in fig.1.

Fig.1 : An overview of Speech Recognition Process

A. Pre-Processing of Speech Signal 
Speech signal is an analog signal at the recording time, 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 [7]. The properties of a signal 
change relatively slowly with time, so that the speech can be 
divided into a sequence of uncorrelated samples or frames and 
process the sequence as if each frame has fix properties. The 
process of converting sequences of speech samples to feature 
vectors representing events in the probability space is called Signal 
Modeling [11]. Preprocessing includes the sound recording. FIR 
(Finite Impulse Response) filtering, framing and windowing as 
shown as follows:
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1. Speech can be captured with the help of microphone. The 
sampling frequency is 16 KHz; sample size is 8 bits and mono 
channels.
2. Background noise is removed from the data so that only speech 
samples are the input to the further processing. The energy of 
the speech signal mainly depends upon many factors such as the 
sensitivity of the microphone To find the energy of the speech 
signal, it is formatted into blocks of 10 ms at 16 kHz (160 Samples) 
with each block is 160 samples (10 ms) apart. For each block, 
define S(n), n=1,….,160 to be the nth sample in the block. The 
procedure for removing background noise is as follows:   
• Divide input samples in 10 msec. Frames (L).

• L For 0 ≤   ≤ L-1.
Calculate Log energy Es of a block of length N samples: 

3. To get the required information beginning and end point of the 
sample signal are detected by end point detection. One dimensional 
short term energy in the data sample is the feature for endpoint 
detection [13]. It is given as: 

  

4. Digital Filtering (Pre-emphasis Filter) are used to boost the 
high frequency components.
5. After pre-emphasis filter, discrete samples are divided into 
frames as shown in Fig.2 The frame size is between 5-20 msec. 
Consecutive frames overlap by 10 msec or 160 samples (at 16 
kHz). Overlapping ensures the smooth transition of estimated 
parameters from frame to frame. 

  )()(
~

nMSnX +=   

 0 ≤ n ≤ N-1,   0 ≤  ≤ N-1

Fig.2:  Frame Blocking Process

6. 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 [8]. The purpose of window is to weight or favors 
samples towards the center of the window.

B. Feature Extractor 
Feature extraction is the parameterization of the speech signal, 
subdivided into three basic operations: spectral analysis, parametric 
transformation and statistical modeling .The complete sequence 
of steps is summarized in fig.3.

 
Fig.3 : An overview of Feature Extraction Process

The design of Feature Extractor is as shown as follows:
1. In Auto correlation, 11 LPC Coefficient (e.g.p =11) are used. 
Linear Predictive Coding (LPC) is a very important spectral 
estimation technique because it can provide an estimate of the 
poles (hence the formants) of the vocal tract transfer function [9]. 
The LPC algorithm is a P th order linear predictor which attempts to 
predict the value of any point in a time-various linear system based 
on the values of the previous P samples. The all-pole representation 
of the vocal tract transfer function, H(z) can be represented by 
the following equation: 
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The values a(i) are called the prediction coefficients while G 
represents the amplitude or gain associated with the vocal tract 
excitation.
2. 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 [10].
3. Speech recognition system use extremely sophisticated statistical 
model, as this is one of the fundamental functions of a speech 
recognizer. Vector Quantization (VQ) has been used for speech 
processing applications [11].

Fig.4 : Statistical Models in Speech Recognition

C. Recognition
Pattern recognition approach is being used in this paper because it 
requires no explicit knowledge of speech. This approach has two 
step namely; training of speech patterns based on some generic 
spectral parameter set and recognition of patterns via pattern 
comparison. The popular pattern recognition techniques include 
template matching, Hidden Markov Model [12] recognition is 
done with the help of HMM [13].

1. HMM used to characterize individual words. Transition between 
words is handled by a switch mode from the last of one word 
model, to the first state of another word model, in the building 
implementation. The model are first order left to right Markov 
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model with N states (N=8), in our implementation. This model 
is called left to right model or Bakis model.
2. HMM training involves the following algorithms
• Forward algorithm for evaluation problem P(O|λ).  
• Viterbi algorithm for decoding hidden sequence P(Q,O|λ).
• Baum-Welch algorithm for learning.

3.  HMM testing: During HMM testing firstly speech commands 
(example: SUrU, ie^ntrn>t, mIDIaA plEar, imVI sm;, n~tp>D, vrDp>D, 
f>lDr, n>tvrc, fAeIl, cm;D, pE:t, gEm etc.) to be recorded and 
preprocessing and feature extraction to be performed.
 
4. After that calculate the probability score αj(t) of that word 
which is to be tested using Forward Backward algorithm and 
then re-estimation of parameter is done with the help of  Baum-
Welch algorithm. 

5. Next step is to Compare the probability score for each word 
model and choose the word with maximum score. Then find word 
with maximum score is done and most likely path is computed 
using Viterbi algorithm.

6. Output of the above selected speech will be act as speech 
command, operating system will respond to speech command in 
the form of any operating system command activation.

III. Conclusion 
The aim of this paper is to develop a speech command recognition 
system of Punjabi language in noise less environment. Hidden 
Markov Model approach is using to handle the variability of speech. 
During the training of recognition system speech sample can be 
collected from one or more than one speaker. For accuracy of the 
system training and testing has to be done in noiseless environment. 
Future scope of this work are needed to be more improvement in 
speech command recognition: command recognition accuracy can 
be improved, vocabulary can be increased as so multiple speech 
commands can executed,  with all these implementation a real 
user machine interface and speaker independent system can be 
developed.
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