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Abstract

Speaker recognition is the process which is used to identify a particular person. A human voice is one of the medium using which any person
can be recognized. Human voice has many characteristics which may vary for individuals. Speaker identification or recognition can been
done by analyzing individual voice signal hence it is commonly referred as speech recognition. However; voice signal is one of the most
common factors which can be copied easily. Copying the voice signal of one person is known as mimic and many mimicry artists can mimic
many famous personalities. Mimicry is done for the entertainment purpose and it is popular worldwide. However its dark side may raise
various unethical activities. Hence speech recognition is a sensitive matter which gives a broad area to the researchers so that authenticity
may be maintained. Many research have been done in this field however existing techniques does not have 100% efficiency and many more
research can be done to achieve better results. In this paper formant frequency estimation is done using computation auditory scene technique
for the purpose of speaker identification and recognition. The result shows that proposed technique performs better in comparison with the
other existing techniques.

INTRODUCTION

In the last few decades many automatic speech and speaker recognition techniques have been introduces which are used to
recognize the speaker by using their sample voice signals[1-5]. These techniques can be done in two different domain viz. time
or spatial domain and frequency or spectral domain[6-7]. Each method has its own advantages but simultaneously some
limitations which restricts the performance of individual methods[8]. Hence it can be say that there is still has a scope to get
better technique for the same purpose. Each technique has its two steps. In the first step feature is to be extracted from the
sample signal while in the second step features of the signal would be compared[9]. To understand the progress in this field
many papers have been studied and found some limitations of the existing techniques[10-14]. In the next section; methodology
part have been discussed which illustrates the working of proposed method.

Methodology:

In this part we will discuss computational auditory scene analysis (CASA) which is used to extract the information from data
set of human voice signal[13,15-18]. As aforementioned; speech analysis is to be done in two stages:

1. Feature extraction: In this step various feature is to be extracted using various spatial and/or spectral analysis[19-21]. Fig.
show the simplified block diagram of feature extraction step. Feature extraction can be done using various methods e. g. hidden
Markov Model (HMM), support Vector Mavhines (SVM), Template Matching (TM) etc.
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Fig.1: Feature extraction of speech sample
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2. Speech analysis: In this technique various features extracted from the sampled signals are to be compared with the authentic
person’s speech so that speaker can be recognized [2-5, 20-27]. Sppech analysis done in the spectral domain gives better results

as compare to that of spatial domain. Wavelet transform based technique gives better results.
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Fig.2: Comparison of various measures to identify authentic speaker

Based on the above two steps proposed system has been introduced. Fig. 3 shows a simplified block diagram of CASA system
which uses peripheral for the analysis of acoustic input signal which is the mixer of various audible signals[28-30]. This
peripheral converts the given mix signal into its time frequency representation which is done by an auditory filter bank[31,32].

The frequency range of this filter bank ranges from 50 Hz to 8KHz. The next stage is used for the feature extraction.
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Fig. 3: A typical computational auditory scene analysis system

Results and Discussion:

To know the efficacy of the proposed method various tests have been performed. For this purpose three different noise signals
have been considered viz. factory noise, babble noise and bottle noise.
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Fig.4: Accuracy v/s SNR for different level of noise singals

Conclusion:

From the results; it is clear that the proposed technique for the speaker recognition gives satisfactory results as compared to the
other existing techniques. This method is the integration of acoustic model with enhanced feature which improves the efficacy
of the proposed technique. Hence we can say that the proposed technique covers various aspects of speech separation and

provides automatic speech recognition system.
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