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Abstract
In modern speech recognition systems, there are a set of Feature 
Extraction Techniques (FET) like Mel-frequency cepstral 
coefficients (MFCC) or perceptual linear prediction coefficients 
(PLP) are mainly used. As compared to the conventional FET like 
LPCC etc, these approaches are provide a better speech signal 
that contains the relevant information of the speech signal uttered 
by the speaker during training and testing of the Speech To Text 
Detection System (STTDS) for different Indian languages. In 
this paper variation in the parameters values of these FET’s like 
MFCC, PLP are varied at the front end along with dynamic HMM 
topology at the back end and then the speech signals produce 
by these techniques are analysed using HTK toolkit. This paper 
also provided a review of the current state-of-the art & the recent 
research performed in pursuit of these goals. The cornerstone of 
all the current state-of-the-art STTDS is the use of HMM acoustic 
models. In our work the effectiveness of proposed FET(MFCC, 
PLP features) are tested and the comparison is done among the 
FET like MFCC and PLP acoustic features to extract the relevant 
information about what is being spoken from the audio signal and 
experimental results are computed with varying HMM topology 
at the back end. 
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I. Introduction
Speech is the easiest way of communication among people. Speech 
detection is a process of identifying a given utterance of speaker 
(known or unknown) i.e. to identify the speech signal without 
any prior knowledge of the system. During recent years, various 
researches are being carried out, which leads to development 
of a user friendly vocal interface with various parameterization 
techniques like LPC, MFCC, PLP [3-5] and only very few 
works try to appreciate and compare these technique mutually 
and perform experiments with speaker dependent or independent 
isolated or continuous Automatic Speech Recognition (ASR) [6] 
system for different Indian languages are quiet rare. The difficult 
task in speech detection of a given utterance is the selection of 
the best parameterization representation of acoustic data in the 
design of an ASR system. The speech to text conversation involves 
the various steps i.e. it takes speech as an input and divide it into 
smaller segments and these segments are known as Monophones. 
The objective of the paper is to analyze the performance of the 
ASR system with various parameterization techniques (MFCC 
and PLP) to enhance that aspect of the signal that contribute 
significantly to the detection of PHONETIC difference. After 
extraction of relevant information at the front end, the speech 
signal are fed to next phase of the STTD system where information 
are processed with varying states.  One can reduce the loss of 
the useful information by varying different parameters that help 
in obtaining the useful information in decoding phase of the 
system.

II. Tackling Challenges for STTD system
One difference between human and artificial develops STTD 
system is the lack of symmetry between transmitter and receiver 
for speech signals. The vast difference in anatomy and physiology 
between the speech production and perception systems in human 
renders its analysis difficult [15]. Speech recognition performance 
degrades significantly in distant talking environments, where the 
speech signal can be severely distorted by various factors like: 

A. Inter-Speaker Variance
Every person’s speech has its own tract and dialect. Even the same 
person speaker can’t produce the same utterance again. 

1. Environment Variance
While recording background noise, fans etc may affect the training 
of the ASR system that uses unidirectional microphone to check 
the multipath distortion and electric noise.

2. Linguistic Variance
includes the effects of phonetics, phonology, syntax, semantics, 
and discourse on the speech signal.

3. Inter-Speaker Variance
Includes stress, age, humor and Lombard affect that may also 
affect the performance of an ASR system. 
Our objective is to obtain a Punjabi text output for a given utterance 
by matching it with a trained speech input i.e. recorded in noise free 
environment and feature vector of the speech signal are extracted 
by using various parameterization technique like MFCC and PLP 
and at the back end signal are processed with varying HMM 
topology.

III. Speech to Text Detection System
The process of speech recognition of an utterance can be divided 
into two main modules: Front-end, where a speech signal is 
recorded with various recording tool like audacity (.wav file) with 
the help of an unidirectional microphone. The recorded speech 
signal is used in both training and testing of a PSTTD system and 
Back-end involves  the pre-processing, feature extraction, acoustic 
model, pronunciation model and at the end a decoding phase. 
Punjabi speech to text system is comprised of various phases 
i.e. as shown in the figure: Speech signals are recorded by using 
a recording tool i.e. audacity with the help of a unidirectional 
microphone. The .wav files produced by audacity are saved as 
HTK Transcription and are sampled at frequency of 16 KHz.
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Fig. 1. Architecture of STTD System

B. Training Corpus Preparation 
The training corpus preparation involves the labeling of the speech 
signal (.lab files) with labeling tool i.e. wave surfer used to label 
the speech waveform generated with the help of recording tool.

C. Acoustic Analysis
The STTD system can’t process directly on speech waveform. 
There are several ways to process and extract features from 
original waveform such as LPCC, MFCC and PLP etc. These 
feature extraction techniques involve several steps i.e. framing, 
windowing, extracting etc the values of these parameters are present 
in a configuration file (analysis.config) and these parameters are 
executed with the help of HCopy tool of the HTK toolkit. The 
main focus of our paper is to deal with these features extracting 
techniques to produce accurate result.

D. Feature Extraction 
It is the process of extracting the relevant information from high 
dimensional data. Various FET are used to reduce the dimensionality 
of the speech signal, so as to extract the relevant characteristics of 
the original speech and eliminate the extraneous data.

Fig. 2: Block Diagram of Punjabi Word Detection system

The ability of a feature extractor for a PSTT system depends upon 
how well the speaker and environment information are filtered out 
i.e. the purpose of this module is to find a set of properties of an 
utterance that have acoustic correlation in the speech signal. The 
parameters are estimated through processing of signal wave form 
such parameter are termed as features. These features are computed 
on a frame by frame basis using the parameterization techniques 
to improve the tolerance of PSTT system to make system noise 
robust. Our paper deals with the two most popular sets of FET i.e. 
Mel-frequency cepstrum coefficient (MFCC)[3] analyse proposed 
by Davis and Mermelstein in year 1980 and perceptual linear 

predictive (PLP)[4] proposed by Hermansky in 1990. In both 
cases, 39 dimensional features vector are formed with the help 
of filter bank using the knowledge of human auditory system 
and the speech signal is splited into a sequence of overlapping 
frames which serve as the basis of all further processing. We used 
a typical frame-rate of 100 per second, with each frame duration 
of 18-25 milliseconds. After extraction, the resultant speech signal 
will extract the relevant characteristics of the original speech and 
eliminate the extraneous data. The following subsection deals with 
MFCC, PLP in STTDS in detail as shown in Figure below[7]. One 
of the effective ways to improve PSTTD system robustness is to 
find robust features so as to minimize the observation variability 
and the most popular FET used today are MFCC and PLP.

E. MFCC
In MFCC, the mel-scale is mapping from a linear to non linear 
frequency scale based on human auditory perception [8]. A 
spectrum passes through a mel-spaced triangular filter which filter 
out energies is log–compressed and then transform to the ceptral 
domain with the help of discrete cosine transform (DCT). Inspired 
by human auditory system the spacing of filter bank follow the 
mfscale which is defined as

Mel(f) =
The right hand side part of figure3 illustrates the extraction of 
MFCCs from a speech signal. In first step, the speech signal 
is divided into frame of N samples, with adjacent frame being 
separated by G (G<N). The next step in the processing is to window 
each individual frame so as to minimize the signal discontinuities 
at the beginning and end of each frame. Typically the Hamming 
window is used. The next processing step is the Fast Fourier 
Transform(FFT), which converts each frame of N samples from 
the time domain into the frequency domain. After that the scale 
of frequencies converted from linear to Mel scale using mel filter 
bank and then logarithm is taken from the results. In final step, 
the log Mel spectrum is converted back to time domain. The 
result is called Mel Frequency Cepstrum Coefficients (MFCC). To 
implement this filter bank we use short time Fourier Transform 

Fig. 3: Calculation of PLP and MFCC Cepstral Coefficient [7]
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(STFT) for each window of the speech data. Further magnitude 
coefficients are then binned by correlating then with each 
triangular filter and normally first 12 coefficients are enough 
for the representation of signal [9]. Bandwidth of the filter are 
determined by spacing of central frequencies which depends on 
the sampling rate and the number of filter i.e. if the number of 
filter increases, the number of MFCC increases and the bandwidth 
of each filter decreases.

F. PLP
Another feature extraction technique PLP is proposed by 
Hermansky in 1990 that combine both discrete Fourier Transform 
(DFT) and linear prediction using a critical band power spectrum. In 
PLP analysis, a Fourier Transformation is first applied to compute 
the shot-term power spectrum, and the perceptual properties are 
applied while the signal is representing in this filter – bank form. 
The spectrum is transformed to a Bark scale, and this spectrum is 
per-emphasized by a function that approximates the sensitivity of 
human hearing at different frequencies. The output is compressed 
to approximate the non linear relationship between the intensity 
of a sound and its perceived loudness. The all-pole model of 
LPC is then used to give smooth, compact approximations to the 
simulated auditory spectrum, and finally the LP parameters are 
usually transformed to cepstral coefficients for use as recognition 
features. The computational algorithm of the PLP parameterization 
is presented in the left-hand side column of fig. 3. The cepstral 
coefficients used in plp is calculated through various phases 
as shown in left hand side of the figure that generates cepstral 
coefficient from autoregressive coefficient. To obtain the auditory 
spectrum, 17 band pass filter outputs in bark domain are used and 
no of filter depends upon the sampling rate i.e. 20 filter for 16KHz 
and 15 filter for 8KHz [10] their center frequency is given by

where f is a frequency in Hz
 z covers the range of 0-5 KHz, into the range 0-17 Bark(i.e.0<=z<=17 
Bark).
 One of the main advantages of PLP is that its order is significantly 
less then orders generally used in other parameterization technique 
like LPC etc. 
As the key difference between the MFCC and PLP techniques 
are:

Table1. Difference between PLP and MFCC
Techniques PLP MFCC
Filter Bark Filter Triangular Filter
Filter-Shape Trapezoidal Triangular
Compression Cube-root Logarithmic

G. Pattern Detection Using HMM
Due to an efficient algorithm used for training and testing, 
hidden Markov models (HMM)[11] have become a well known 
and widely used statistical approach used to characterizing the 
spectral properties of speech. The concept of HMM is proposed 
by Baum[12] and his colleagues between mid 1960’s to early 
1970’s.[13]. The basic theoretical concept of HMM is that if 
combines modelling of stationary stochastic process and the 
temporal relationship among the process together in a well defined 
probability space. Stochastic sequence in speech recognition are 
called observation sequence O= o1,o2,.....................oT, where T is 

the length of sequence. HMM with n states (S1,S2,S3,.................
.......Sn) can be characterized by parameters λ={π,A,B} where π 
is the initial distribution probability that describe the probability 
distribution of the observation symbol in the initial moment. The 
speech signal is fed to different HMM topology to retrieve the 
spectral properties of speech signal. The proposed work shows 
that as the number of states increases up to some extent in a STTD 
system results in increased in the performance of the system. The 
figure4 shown below the dynamic HMM topology with different 
number of states:-

Fig. 4(a): HMM Topology with 6 States

Fig. 4(b): HMM Topology with 4 States

The HMM approach make use of vector quantization and hidden 
Markov modelling that are combined with a linear predictive 
coding analysis. During decoding of the speech signal the best 
matching state sequence gives an observation sequence and is 
solved by using Viterbi algorithm [14].

IV. Experimental Result
Initially system is trained with four different speakers (male and 
female) that uttered 60 isolated words in Punjabi language. The 
system is tested with three different speakers involved in testing 
or not.

A. Evaluation on Basis of Different Speech Rate
The experiments are performed on PSTTD system on the basis 
of different speech rate during the recording of the speech signal 
at the front end of the system. The evaluation results show that 
the system performed well with the normal speech rate lies in the 
range of 14-18 phones per second. 

0.4

0.6

0.8

1

6 10 14 18 22

W
DR

 (%
)

PPS

WDR versus 
PPS

Fig. 5: Word Detection Rate (WDR) Versus Phones Per Second 
(PPS)



IJCST Vol. 4, ISSue 2, AprIl - June 2013

w w w . i j c s t . c o m InternatIonal Journal of Computer SCIenCe and teChnology  577

 ISSN : 0976-8491 (Online)  |  ISSN : 2229-4333 (Print)

Evaluation Result on the basis of different FET techniques  
Initially system was trained with 20 isolated Punjabi words during 
front end at training.
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Fig. 6: Performance Analysis With Different FET (PLP & 
MFCC)

phase and then analyse the performance of the system with varying 
Parameterisation and then predict the performance of the system. 
The experimental results in figure6 shows that the overall detection 
rate of small vocabulary of Punjabi isolated words using PLP 
technique is equal to that of MFCC but with dynamically change of 
data word during training phase leads to change in performance of 
these two parameterization technique and evaluated results prove 
that the PLP technique performs efficient i.e. with an efficiency of 
93.4% and with MFCC techniques it produces 89.5% results.

C. Experiment on the basis of Varying HMM Topolog:
During evaluation, system produced the transcription of the word 
in correspondence of uttered word spoken by the tester during 
decoding phase. In order to analyze the performance of the system, 
this is provided with dynamic HMM topology at the back end and 
then evaluates the performance of the system with different FET. 
The experiment result in table2 showed that system performed 
better with increase in no of state up to some extent (i.e. from 
4 - 10 states) in HMM topology using different parameterisation 
technique. The overall performance of the 

Table 2: Performance Evaluation With Varying HMM Topology and With Different FET

Speaker ID
No of 
state 
used

No of 
uttered 
word

PLP MFCC

No of 
Detected 
word(D)

WDR WER
No of 
Detected 
word

WDR WER

Speaker 1 4 15 14 93.33 6.67 13 86.6 13.4
Speaker 2 4 28 26 92.8 7.2 22 78.57 21.43
Speaker 3 4 42 37 88.09 11.91 38 90.4 9.6
TOTAL 91.40 8.6 85.19 14.81
Speaker 1 7 23 21 91.3 8.7 21 91.3 8.7
Speaker 2 7 31 29 93.5 6.5 28 90.32 9.68
Speaker 3 7 45 41 91.1 8.9 37 82.2 17.8
TOTAL 91.96 8.04 87.94 12.06
Speaker 1 10 26 24 92.3 7.7 21 88.4 11.6
Speaker 2 10 34 32 94.1 5.9 31 91.1 8.9
Speaker 3 10 42 40 95.2 4.8 38 90.47 9.53
TOTAL 93.86 6.14 89.99 10.01
Overall Performance 92.40 7.59 87.70 12.29

System is evaluated by testing the system with 3 different speaker 
involve in training and not involved in training as showed in 
the table. Overall WDR (Word Detection Rate) is 92.40% and 
WER (Word Error Rate) is 7.59%, when system is implemented 
using PLP technique where as on the other hand system provides 
WDR of 87.70% and WER of 12.29% when we used MFCC as 
a FET.

V. Conclusion & Future Scope
The aim of this paper is to develop a small vocabulary STTD 
system for Punjabi language in a noiseless environment by 
varying various parameters used in feature extraction technique 
i.e. MFCC and PLP during training of the system and wants to 
analyse the performance of the system by implementing it with 
varying HMM topology at the back end. This article provides a 
review that MFCC method is known to give better results when 
audio recordings are of high quality with no background noise and 
with the help of a quality microphone whereas the PLP performs 

better when the quality of audio is poor. The system produced with 
PLP produced better result with heterogeneous and homogeneous 
words for isolated PSTTD system as compared to that of system 
that uses MFCC as a feature extraction technique. In an attempt 
to close the gap between the two methods some modifications to 
the original MFCC and PLP method are presented.  The goal of 
our forthcoming researches is to enhance the performance of the 
recognition system with large corpuses. 
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