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Abstract. This paper will presents a mathematical model of finding a relations between dissimilar speeches
signals which are speaker independent taken from common set of samples of Chhattisgarhi language and
dialects commonly spoken at different regions of Chhattisgarh. The objective of this paper is to detect similar
and dissimilar patterns of different Chhattisgarhi dialects through wavelet analysis methods which are useful
for complex speech signal analysis.
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1. Introduction
Speech is the primary means of communication between people. For reasons ranging from technological
curiosity about the mechanisms for mechanical realization of human speech capabilities, to the desire to
automate simple tasks inherently requiring human-machine interactions, research in automatic speech
recognition (and speech synthesis) by machine has attracted a great deal of attention over the past five
decades. The speech signal conveys many levels of information to the listener. At the primary level, speech
conveys a message via words. But at other levels speech conveys information about the language being
spoken and the emotion, gender and, generally, the identity of the speaker. While speech recognition aims at
recognizing the word spoken in speech, the goal of automatic speaker recognition systems is to extract,
characterize and recognize the information in the speech signal conveying speaker identity.
Chhattisgarhi is a dialect of Hindi Language or language of its own right and it is spoken and understood
by the majority of people in Chhattisgarh. Chhattisgarhi was also known as Khaltahi to surrounding people
and as Laria to Oriya speakers. Chhattisgarhi has several identified dialects of its own, in addition to
Chhattisgarhi proper. Overall Chhattisgarhi can be divided into 26 different types of dialects.
In this paper the system will be focus on 3 types of dialects that are Baheliya, Bhunjwari and Bilaspuri.
The system works on speech parameterization using Filter bank-based cepstral parameters. Based on
different filters, histogram, standard deviation, mean and mode the system will be able to analysis difference
among different dialects and also able to conclude the similarities.

2. Analysis of Chhattisgarhi dialects using wavelet transformation
The fundamental idea behind wavelets is to analyze according to the scale. Indeed, some researchers in
the wavelet field feel that, by using wavelets, one is adopting a whole new mindset or perspective in
processing data. Wavelets are functions which satisfy certain mathematical requirements and are used in
representing data or other functions. Approximation using superposition of functions has existed since the
early 1800's, when Joseph Fourier discovered that he could superpose sins and cosines to represent other
functions. However, in wavelet analysis, the scale that one uses for looking at data plays a vital role.

2.1.

Wavelet Algorithm
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Wavelet algorithms process data at different scales or resolutions. If we look at a signal with a large
“window," we would notice gross features. Similarly, if we look at a signal with a small "window," we
would notice small discontinuities.

Fig. 2.1.Fourier basis functions, time-frequency tiles and Coverage of the Time-frequency plane

Fig. 2.1 shows a windowed Fourier transform, where the window is simply a square wave [10-11]. The
square wave window truncates the sine or cosine function to fit a window of a particular width. Because a
single window is used for all frequencies in the WFT, the resolution of the analysis is same at all locations in
the time-frequency plane.
For the analysis of this model the system load the signal from wavelet menu and then get the sample
analyzed waveform for baheliya dialect for sentence “Main Jao Chu” as depicted in figure 2

Figure 2.2: Analyzed acoustic wave signal of Sentence “Main Jao Chu”.

Figure 2.3: Original Wave signal of Bhunjwari Dialect

Fig. 2.4 Calculated Histogram of Bhunjwari Dialect

148

Fig. 2.5: Sample Calculated Cumulative Histogram of Bhunjwari Dialect

To calculate the statistical distribution of wavelet coefficients, the standard deviation is considered in
terms of second momentum coefficient. It is noted that the mean of speech signal is zero. If we assume that
the wavelet coefficients distribution is modeled as Laplace density function, then distribution of these
coefficients is related directly to its standard deviation. In this way, assume that the output signal, y, is
achieved summation of input, w, and noise, n. Then the variance of output is as follows (Eq. 1).
VAR[y] =VAR[w]+VAR[n]

(1)

The mean of speech and noise signals is zero, so we have:
VAR[y] = MEAN [y2]

(2)

The standard deviation is calculated as follows:
(3)
ˆ
]The original signal is shown in figure 2.3; on the basis of original signal the system will generate a
histogram and cumulative histogram. Histogram and Cumulative histogram of calculated standard deviations
is shown in figure 2.4 and 2.5.

3. Speech Parameterization
Speech parameterization consists in transforming the speech signal to a set of features vectors. The aim
of this transformation is to obtain a new representation which is more suitable for statistical modeling and the
calculation of a distance or any other kind of score. Most of the speech paramerization used in speaker
verification systems relies on a cepstral representation of speech.

3.1.

Filter bank-based cepstral parameters

The speech signal is first pre-emphasized, that is, a filter is applied to it. The goal of this filter is to
enhance the high frequencies of the spectrum, which are generally reduced by the speech production process.
The pre-emphasized signal is obtained by applying the following filter:
xp(t) = x(t) − a · x(t − 1).
(4)
Values of a are generally taken in the interval [0.95, 0.98]. This filter is not always applied, and some
people prefer not to pre-emphasize the signal before processing it. The analysis of the speech signal is done
locally by the application with a window whose duration in time is shorter than the whole signal. This
window is first applied to the beginning of the signal, and then moved further until the end of the signal is
reached. Each application of the window to a portion of the speech signal provides a spectral vector. For the
length of the window, two values are most often used: 20 milliseconds and 30 milliseconds.

4. Detection of similar pattern via likelihood detection
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Given a segment of speech Y and a hypothesized speaker S, the task of speaker verification, also referred
to as detection, is to determine if Y was spoken by S. An implicit assumption often used is that Y contains
speech from only one speaker. Thus, the task is better termed single speaker verification. If there is no prior
information that Y contains speech from a single speaker, the task becomes multispeaker detection.
The system essentially implements a likelihood ratio test to distinguish between two hypotheses: the test
speech comes from the claimed speaker or from an imposter. Features extracted from the speech signal in
front-end processing are compared to a model representing the claimed speaker, obtained from a previous
enrolment, and to some model(s) representing potential imposter speakers (i.e., those not the claimed
speaker). The ratio (or difference in the log domain) of speaker and imposter match scores is the likelihood
ratio statistic (), which is then compared to a threshold () to decide whether to accept or reject the
speaker. The general techniques used for the three main components, front-end processing, speaker models,
and imposter models, are briefly described next.
The optimum test to decide between these two hypotheses is a likelihood ratio (LR) test given by
(5)
Where p (Y|H0) is the probability density function for the hypothesis H0 evaluated for the observed
speech segment Y, also referred to as the “likelihood” of the hypothesisH0 given the speech segment.2 The
likelihood function for H1 is likewise p(Y|H1). The decision threshold for accepting or rejecting H0 is θ. One
main goal in designing a speaker detection system is to determine techniques to compute values for the two
likelihoods p (Y|H0) and p (Y|H1).

5. 5. Result
On the basis of Mean, Median, Mode and SD the system will be able to differentiate among three
dialects i.e. Baheliya, Bhunjwari and Bilaspuri.
Table1: Result for the different dialects
Criteria

Baheliya

Bhnjwari

Bilaspuri

Mean

0.0001097

0.0001093

0.0002385

Median

0.0007324

0.0002441

0.0004883

Mode

-0.03345

0.0188

-0.3345

SD

0.2139

0.5367

0.2001

6. Conclusion
On the basis of different criteria the system will able to conclude the dissimilar patterns of Chhattisgarhi
dialects. The result can be useful for the creation of database for the particular state as well as for the security
purpose. The future enhancement for the error fining and noise reduction can be possible for the new
modeling of the system.
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