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Abstract

In recent World Technological Applications Person Recognition plays a major role in biometric security applications and it is a process
of authenticating true identity of a speaker using speech or face image. This automatically recognizes the person speaking based on the
speech information which includes the individual speech signals. It’s one of applications is Bio-metric applications and in order to verify
each person identity, the speaker’s voice or face images have been used in the database. The importance of it becoming more popular
now-a-days for security purpose and identification. In the existing work using visualization eye scan, impressions, expression scan, fin-
ger print, speech print, script for individuals of identifying the chances of theft and fraud are increasing. To address these issues, bio-
metric voice recognition and real time face recognition system are proposed, the exclusive speaker physical appearance of a distinct can
be identified. In general the individuals have different speed of speaking; therefore the sound should be adjusted, in order to match with
the speed of the stored sounds templates in the memory of the proposed system. The proposed work is implemented and simulated using
on Mat lab 2014A. The parallel hardware structure of the proposed work significantly reduces the time-consumption. The proposed re-
search work provides maximum False Acceptance Rate (FAR) of 1.1765%, False Rejection Rate of 10% with an accuracy of 98.89%.
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1. Introduction

In current technologies, Facial expressions depend on the paramet-
ric such as kind of background noises and facial expressions. Prin-
cipal Component Analysis (PCA) and Hidden Markov Model
(HMM) are used for face recognition. Artificial Neural Networks
(ANN) is used for classification. This method provides a recogni-
tion rate of 96% reduced FAR and FRR [1] Speech identification
process recognizes the person identity by keeping individual’s
information from speech waves [2]. Speech recognition and face
recognition forms a multimodal biometric system for better recog-
nition rate and reduced FAR and FRR .In this histogram based
method is used for Face feature extraction and Least Mean Square
(LMS) algorithm is used for speech feature extraction. Adaptive
filter is employed for removing noise in the speech signal. This
method provides a recognition rate of 95% for 20 databases of
both face and speech [2] [3].

Speech signals are mainly used for anthropological communica-
tion [22] [25].Human Speech represents the information with dif-
ferent levels of knowledge based information of sources like se-
mantics, phonetic, acoustic and articulators. These parameters help
in analysing speech processing with various fields [13].

Voice information is produced by combining the air with the vocal
cords from the human body [13] [20]. The speech information
produced by human is formed by vocal cavity. The speech source
is one of the source within the speech system. In this processing,
the features are extracted from raw input data which helps inter-
preting the speech signal [14] [15] [22] [27].

_~— NASAL CavITY
. VELUM

<~ TONGUE
“’if~~ EPIGLOTTIS
© — VOCAL FOLDS
-~ ESOPHAGUS

_—SPINAL
<" COLUMN

@ G) Copyright © 2018 Dinesh Kumar. D. S 1, Dr. P. V. Rao. This is an open access article distributed under the Creative Commons Attribution Li-
E cense, which permits unrestricted use, distribution, and reproduction in any medium, provided the original work is properly cited.


http://creativecommons.org/licenses/by/3.0/
http://creativecommons.org/licenses/by/3.0/

146

International Journal of Engineering & Technology

=. Wocal tracit
Cpharyrmgeal, oral, amnd maasal
cawities)

2. L aarywrusa
fimclude s wvwocal folds)

1. Respiratorry swysterms
Cluamogs + trackhe=)

Fig. 1: Human Speech Production System.

Speech features are represented as prosodic features and acoustic
features and time convolved signal [15] [20] [22]. Fig.1 represents
the human speech production system. Front end means adaptation
of speech wave form into parametric form. The speech processing
are applied in most of the applications like; analysis, recognition
and synthesis of speech to extract features as an important stage in
speech processing [13] [22]. Speech analysis is the major step in
processing the speech signal. There are several analysis methods
available for speech. Cepstral analysis, MFCC, PLP, LPC, STFT
and Wavelet transforms are used to identify the speech infor-
mation.

Time domain analysis: In general human speech signals are non-
stationary with short varying time amplitude. The speech is gener-
ally not smooth due to sudden transitions and is having irregular
shapes at different instant. Analysing these irregular shapes of
speech signals and obtaining desired signal transitions using ordi-
nary transformations such as Discrete Cosine Transformation
(DCT), Fast Fourier Transform (FFT) and conventional Discrete
Wavelet Transform (DWT) is difficult. The DCT and FFT have
more disadvantages and hence not suitable for high speed and
large memory. The Short Time Fourier transform (STFT) is to be
one of the suitable transform to analyze and for the represent the
speech [20] [26].

2. Problem statement

For real time implementation of speech The Mel Frequency
Cepstral Coefficient (MFCC) is not enough for synthesis for fea-
tures extraction. MFCC is problematic due to its hard invertibility
of the transform and MFCC are a destructive of speech signal
particularly for fundamental frequency information and instanta-
neous phase. The person recognition using face image and audio
signal of a particular person is main challenging task .hence pre-
diction based coefficients are used to address the issues in real
time. In the proposed work both real time captured face image and
real time recorded speech signal are used as database for pro-
cessing.

3. Methodology

Speaker or face recognition is broadly categorized into two stages;
identification or verification and authentication [2]. Speaker iden-
tification is the process of linking unknown person identity to an
individual with known identity. Authentication is the process of
proving secure data against false identity. Fig. 2 represents the
basic building blocks of speaker identification. In this proposed
work both face and speech are combined to identify the person.
Features for face and speech are obtained by using prediction
based coefficients to find the recognition rate.
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Fig. 2: Speaker Identification System.

The speaker validation is one process for person recognition and
process of accommodating or rejection of the distinctiveness treat
of a speaker. Fig. 3 represents the basic steps involved in feature
extraction and matching is represented by speaker verification
system. In this process, it extracts the required portion of the
speech information with characteristics from the given voice data-
base.
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Fig. 3: Speaker Verification System.

STFT is mainly used as a tool for audio signal processing with
more accuracy. Fundamental Frequency Information (FFI) and
Instantaneous Phase (IP) features are extracted without any losses
using STFT. In the proposed work, both STFT and Advanced
Wavelet Transforms like; Symlet and Bi orthogonal sub band
filters are used for face and speech feature extractions.

STFT uses small window of fixed length. The Fourier trans-
form of the signal is a 2D signal represented using equation 1

S (o,7)=If(t)*g(t-1) exp(-jot)dt Q)
Where, g (t) is the fixed width integral square short time window
and is shifted along the time axis by a factor 1. f (t) is the Fourier
transform of resultant signal.

For a discrete real time signal X (n), the energy E (n) is given by
equation 2

E(n) = X5 x*(N) O]

The speech signals are non-stationary, whose energies are calcu-
lated by equation 3

E () = X6 wm)x(n — m)? ®)
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Where, N= number of samples of x (m) selected through a weigh-
ing window w (m).

Normally unvoiced sounds represent lower energy level than
voiced sounds. Hence, auto correlation function is used to estimate
the speech.

The auto correlation function @ (m)of a signal x (n) can be calcu-
lated using equation 4

1 N
0 2N+1

@ (m) = llm _yx (). x(n+m) 4)

Frequency Domain Analysis:

In quantum, physics to know arbitrary precision the position and
momentum properties of Heisenberg uncertainty is applied. These
properties of position and momentum can be applied for image
processing to analyse precisely both time and frequency.The

product of g;0,, must be greater than 12 where a; is the devia-
tions in time domain and o, is the deviation in frequency domain.
The wavelet transform function is \/_(p( ), where the parameter

s is always inversely proportional to the frequency. Based on the
value of s, low and high frequency signals can be extracted. The
variation of s value represents increase in flexibility with respect
to time-frequency analysis.

For 2D, the signal information is modified and represented by
eUMti+Walz) jnstead of e™t. Now scaling and wavelet functions
are represented as @(x,y) and Y(x,y). After applying separable
theorem to scaling and wavelet functions, the new window func-
tions are represented in equations 5 and

Wy (j, m,n) —FZM Y2 z0 fGY)Bjmn (X, Y) (5)
Wy (Gom,n) = e SV S8 £ 063 mn (2,7) (6)
Where

f06Y) = Jme T 20 Wo (s 1 1) 8 (x,7)

Zi:H,V,D Z?:O Zm Zn W(D (]" m, n) (Z)j,m,n (x' Y)j,m,n (x' Y)

Here wavelet transformation is used to detect low frequency com-
ponents from wavelet function equation 7 is applied.

Wy = 1= w (54) T @

From equation 7, the low frequency signal can be determined at
large of s while high frequency components can be located at
small s and s inversely proportional to the frequency . Every non
border pixel usually has eight adjacent neighbouring pixels. These
eight neighbours are used to traverse the matrix. When the eight
neighbors are moved bidirectional i.e. right-to-left and vice versa
then the 2-D DWT coefficients remains constant. Hence four de-
composition directions such as 0, 45, 90 and 135- are sufficient.
The results obtained from two levels DWT are found to yield sig-
nificant features. The output feature vectors are represented by
equation 8.

Y@ =Ha+zHE

)+ (1- 272D} ®)
In order to reduce the (1 — Z~1) polynomial terms the Symlets
and Biorthogonal wavelet sub-bands filters have been included in
the proposed work.

DWT produces a spectrum for a speech signal [8]. The discrete
short time spectrums of a given speech signal x (n) is represented
by equation 9.

x(w) = Z,L»F _x(n).h(l —n). e—jwn ©)

Where, h (I-n) represents windowing function of filter represented
by equation 10.

X, (w)] e/ = ay(w) — jb,(w) (10)
The short term spectrum can be computed by the equation 11
Xi(w) = INZgx(n).w(n). e /wn (11)
Where

x(n)=x(n+L), n=0toN—1&L=0,L,2L.

The window length N specifies the resolution. The large window
is selected for better estimation of acoustic pitch and vocal tract
function [8] [13] [25].
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Fig. 4: Block Diagram for Power Cepstrum of Input Speech Signal.
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Fig. 5: Block Diagram for Complex Cepstrum of Input Speech Signal

Fig. 4 & Fig. 5 represent the block diagrams of input signal power
and complex Cepstrum for a given speech signal. Fig. 6 represents
the basic building blocks while computing for the Cepstral coeffi-
cients.
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Fig. 6: Block Diagram for Computing the Cepstral Coefficients.

4. Cepstral analysis of speech:

The coefficients of Cepstral are obtained from the analysis and are
used in speech recognition, speaker verification, etc. These coeffi-
cients are obtained represents Fourier Transform of the log spec-
trum signal. Cepstrum is categorized as Power and Complex
Cestrum [10] [8] [20].

5. Mel frequency cepstral coefficients (MFCC)

The MFCC coefficients are obtained from speech signal spectrum
[11] [12]. This work splits into two parts: i) design of band pass
filters ii) measurement of Mel scale and bark scale .The Mel fre-
quency and linear frequency scale is represented using equations
12 and 13.

Mel frequency=2595*log (1+linear frequency/700) (12)

=1127 Ln (linear frequency/700 +1) (13)

The conversion frequency (f) for a bark scale can be obtained by
using equation 14
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QW) =6l [% + [(12;”0n)2 +1 ]0'5] (14)
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Fig.7: Block Diagram for Computation of MFCC.
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Fig. 8: Block Diagram Showing LPC Model.

Using IDFT the Cepstral coefficients are obtained and finally
perform the spectral smoothing is done to obtain MFCC coeffi-
cients. Fig 7 represents the procedure for computation of MFCC.
The Cepstral coefficients can be determined by performing the
DCT of Mel-bin log energies. The Cepstral coefficients are repre-
sented in equation 15.

i (b-0.5)m
oo ) (15)

Ci(t) = ¥5_, logm, (t).cos(

Where, B = number of triangular shaped filter bank functions.

S (n) H (n) Fig. 8 represents the block diagram of LPC model. The
speech signal can be estimated as a linear combination of previous
speaker sample signal is fundamental idea of LPC. The difference
between speaker voice and their linearly predicted samples is the
sum of the squared and these signal must be minimized to get
obtain the coefficients of predictions [17] [12]. In speech signals
the acoustic parameters represents intensity and pitch. The vocal
tract system forms a structure characterized by formants.

7. Perceptual linear prediction (PLP) coeffi-
cients

PLP is a combined DFT and LP technique and adopts the percep-
tual property of the human ear. By using AR model, speech audi-
tory spectrum is estimated [five] [24] [28].
Trapezoidal shaped filters are used in PLP technique in order to
estimate the bark frequency on bark scale. The equal loudness pre
emphasis is carried out using equation 15.

(W2+56.8 x 10°)w*
(W2+6.3 x 106)(W2+0.38x 10%)(W6+9.58 x 1026)

E(w) =

(15)

Where w = angular linear frequency, E (w) = energy at a given
frequency

8. Artificial neural network (ANN) for classi-
fication

The main parts of the neural network are synaptic, processing cell
called perceptron and weights to process the input signal and deci-
sion of the output. Between neuron to neuron, the strength can
increase or decrease so that subsequence neurons can excite from
one neuron to another neuron. This process is used for the storage
of information. The perceptron accepts the inputs in terms real
value and then it calculates the combination inputs and produces
the outputs based on the following conditions

output = {—1, the result < threshold
1,the result > threshold

Let the real input value range is from xito xn, the outputs are xi,
X2, xn. The inputs and outputs are computed by using processing
cell when wo + wixi + ... + wnXn > 0. The number of inputs, hid-
den layer, learning rate, momentum parameters and output layer
are decided by trial and error methods. To fix one parameter, re-
maining parameter must be fixed for some constant and vary the
one parameter until to get expected output and similarly remaining
parameters can be fixed. The main contributions of ANN architec-
ture are data collection, training and testing the data separation,
initialization of weight, data transformation and finally production
of the output.

9. Results and discussion

A speech signal can be characterized as supernatural vectors.
Speech spectrogram is a visual representation of log magnitude
amplitude (dB) versus time and frequency as shown in Fig. 10(a b).
From the spectrogram, the voiced and unvoiced regions of speech
is distinguished which helps in detecting the acoustic parameters
like formants of speech signal. The speech sounds can be detected
by the formants and their transitions as shown in Fig.11 (a-b).

The spectrograms are calculated from the time signal using the
STFT. Spectrogram represents spectra computed by the Discrete
Wavelet Transform (DWT) displayed parallel to the Y-axis.
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Fig. 10: (A) Enrolment of Speaker and Record the Voice Signal.
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For analysis of speech, narrow band spectrogram is used which
provides low frequency resolution as shown in Fig.12 (a-b). A
narrow band spectrogram displays individual harmonics for analy-
sis of pitch and vocal tract excitation. The filtered and its reso-
nance frequency curves are shown in Fig.13 (a-b).finally training
the data set with ANN architecture for both speech signal and
database of face images produces the result as whether the person
is identified or not as shown in Fig.14(a-b). Table.1 represents the
comparison of FAR and FRR values with different databases.
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Table 1: Comparison of FAR and FRR Values with Different Databases

Number of Databases FAR (%) FRR (%) Accuracy (%)
10 0.8772 5.2632 98.8920

20 0.7772 41632 97.120

30 0.399 9.4 98.4444

40 0.2299 10 96.4444

50 1.1765 10 95.5714

10. Conclusion

Multimodal biometrics is widely used to overcome the demerits of
single mode trait. In the proposed method, both face and speech
signals are used for person recognition. MFCC is not enough for
feature extraction, prediction based analysis methods like; PLP,
LPC are used along with MFCC for better recognition. Both face
and speech features are extracted using MFCC, PLP and LPC
methods and finally classification is done using artificial neural
networks. Real time data bases of face and speech are used for
verification. The proposed work is implemented and simulated
using Mat lab 2014A tool. The parallel hardware structure of the
proposed work can significantly reduce the time-consumption.
The algorithm is tested for different data bases. The proposed
method provides maximum False Acceptance Rate (FAR) of
1.1765%, False Rejection Rate (FRR) of 10% with an accuracy of
98.89%.
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