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Abstract— Speech and speaker recognition has permeated into everyday technology. Most recognition systems are based on
machine learning techniques employing deep neural networks for the classification. This paper deals with providing a simple
solution to yes/no speech classification using Fourier Transform and histogram based thresholding. Most automatic speech
recognition system use Mel Frequency Coefficients (MFCCs) are features for classification. In this paper instead of using
MFCCs as features directly, correlation coefficients between MFCCs of different frames are used as features and
classification is carried out using Euclidean distance based template matching. An accuracy of 85% and 98.375% was
achieved yes/no classification and speaker recognition respectively.
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I. INTRODUCTION
Speech signals have enormous capacity of carrying information. The human speech contains numerous discriminative features
that can be used to identify speakers. Speech contains significant energy from zero frequency up to around 5 kHz. The property
of speech signal changes markedly as a function of time. Speech and speaker recognition is based on an individual’s speech
characteristics that cannot be stolen, forgotten or lost, thus allowing for a secure method of authenticating speakers.
During the past six decades various feature extraction and feature matching methods were introduced to represent the
voice signal. The method for modeling the human auditory perception system, Mel Frequency Cepstral Coefficients (MFCCs)
is discussed in this paper as feature extraction technique. Due to its advantage of less complexity in implementation of feature
extraction algorithm, certain coefficients of MFCC corresponding to the Mel scale frequencies of speech Cepstrum are extracted
from spoken word samples in database [7]. Also in this paper we have used Fast Fourier Transform method for specific word
recognition.
II. YES/NO CLASSIFICATION
The basic concept in classifying ‘yes’ and ‘no’ speech signals is based on the fact that the power spectral density of the ‘yes’
signal has more energy in the high frequencies compared to the ‘no’ signal because of the ‘s’ sound in yes (Figure 1). Therefore
the sum of the magnitude of the low frequency DFT components to those of the high frequency components has been used as
the classifying feature a. If the

Fig. 1: PSD of yes and no speech signals.
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Table 1: Yes/N O Classification Confusion Matrix.
N-point DFT of an input signal x[n] where n = 0; 1; 2;:::; N-1 is given by,

(2.1)
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Then the classifying feature a is computed by,

(2.2)
A recording that contains the word ‘no’ will usually have a higher value than would be found if the recording contained
‘yes’ i.e. a no > a yes. Since this feature is a ratio, its value is not affected by different volume levels. For classification, 50
samples each of ‘yes’ and ‘no’ from 6 different people in different environments were recorded. 80% of these samples were
used for determining the thresh-old and the remaining were used for testing the accuracy of the system. The histogram, shown
in figure 2, clearly shows a marked difference in the feature values for ‘yes’ and ‘no’. Thus the data can be easily separated by
using a single threshold value. The calculated threshold value was tested on the remaining 20% of data samples and it provided
an accuracy of 85%.
III. SPEAKER RECOGNITION
Mel frequency cepstral coefficients (MFCC) is probably the best known and most widely used for both speech and speaker
recognition [1].

Fig. 2: Histogram for Threshold Calculation.
The extraction of the best parametric representation of acoustic signals is an important task to produce a better
recognition performance. The efficiency of this phase is important for the next phase since it affects its behavior. MFCC is
based on human hearing perceptions which cannot perceive frequencies over 1 kHz. In other words, in MFCC is based on
known variation of the human ear’s critical bandwidth with frequency [1, 3, 4]. MFCC has two types of filters which are spaced
linearly at low frequency below 1000 Hz and logarithmic spacing above 1000 Hz. A subjective pitch is present on Mel
Frequency Scale to capture important characteristic of phonetic in speech. The following formula is used to compute the Mels
for a particular frequency, f
(3.1)
A. Framing and Windowing
The input speech signal is segmented into frames of 20 ms with overlap of 50% of the frame size. Usually the frame size (in
terms of sample points) is equal to power of two in order to facilitate the use of FFT [2 ]. If this is not the case, we need to do
zero padding to the nearest length of power of two. Windows are basically used in speaker recognition to remove discontinuities
in speech. While extracting MFCC the window attenuates both ends of the frame which removes the abrupt changes at the ends.
The window function is convoluted with the input signal. The Hamming window (Eq. 3.2) is used which provides reasonable
side lobe and main lobe characteristics which are required for the DFT computation.
(3.2)
B. Fast Fourier Transform
Spectral analysis shows that different timbres in speech signals corresponds to different energy distribution over frequencies.
Therefore we usually perform FFT to obtain the magnitude frequency response of each frame. When we perform FFT on a
frame, we assume that the signal within a frame is periodic, and continuous when wrapping around.
C. Mel Frequency Warping
In this step, DCT is applied on the energy Ek obtained from the triangular bandpass filters to have L mel-scale cepstral
coefficients.
(3.3)
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Where N is the number of triangular bandpass filters, L is the number of mel-scale cepstral coefficients. In all 24 mel
frequency coefficients were chosen. Since FFT has been performed, DCT transforms the frequency domain into a time-like
domain called quefrency domain. The obtained features are similar to cepstrum, thus it is referred to as the mel-scale cepstral
coefficients [12], or MFCC. MFCC alone can be used as the feature for speech recognition. For better performance, the
correlation coefficients are calculated on the input matrix X whose rows are the frames and columns represent the 24 MFCCs.
(3.4)
Where C(i; j) is the covariance between the MFCCs of the I th and j th frame and is calculated by,
(3.5)
The mean across all the frames then constitutes the feature vector which is used for speaker recognition using template
matching. The Euclidean distance between an input feature vector X and a template feature vector, Y referred to as a global
distance[10, 9] is calculated using,
(3.6)
IV. RESULTS AND CONCLUSION
The template feature vector of ‘yes’ and ‘no’ for two speakers were stored. After classifying the input signal as yes/no, the
Euclidean distance of the input from the template of speaker 1 d 1 and speaker 2 d 2 is calculated. The minimum of these two
values determines the speaker’s identity. By using just the MFCCs as the feature vector, the classification accuracy for speaker
1 was 100% while that of speaker 2 was 91.6%. Istaed by using the correlation coefficients an overall accuracy of 98.375% was
achieved with speaker 1 having an accuracy of 99.6% and speaker 2 having an accuracy of 97.15%. Using the correlation
coefficients of MFCCs as features, an improvement of 1.375% was observed in the identification of speaker 2 with a marginal
decrease in the accuracy of speaker 1 identification. Testing these results on a larger dataset will help in consolidating the fact
if correlation coefficients of MFCCs provide a higher accuracy in speaker recognition.
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