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Abstract: VSSS is designed for the users who intend to
achieve high definition security system to secure office or
home. The important features for a security system to be
accessible are authentication as well as authorization. The
human voice includes speech as well as voice. For the system
to operate, speech as well as voice is mandatory to match the
recorded sample. The design of system also involves a GSM
system to provide a feedback message to the prime member of
the unit with the information of user accessing the system.
This project includes the hybrid of all approaches which are
helpful in achieving more accurate result.
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I. INTRODUCTION
Self security as well as security of the belongings is the
critical matter of concern. In order to keep the surrounding
safe, people assure the safety of the assets with biometric
security systems. But these systems are also having
limitations in their own way. Biometric systems (like iris
scanning, thumb print, finger print, password etc) will be
violated by making the authorized user unconscious.

VSSS is a system in which security is provided by user’s
voice as well as speech. Once the system agrees with the
voice & speech of authorized user, then only the locked
structure can become accessible.
As every human voice is unique in nature, so this
characteristic is very helpful in maintaining the dignity of
security. Also, VSSS is unlike biometric systems. It is
difficult to break VSSS as human should be conscious
while accessing the arrangement. Also various feeling
states (anxiety, peaceful, delighted etc) of user, the input
will also be unacceptable for the system, as the human
pitch differs in different state. It is not necessary that the
user will speak at same pitch in test duration as he/she
spoke during train duration.

II. PROJECT DESCRIPTION
In the project, basically is hybrid of methods to acquire
better result. The voice input is served through microphone
of the system. The system is trained by the authorized
person’s voice sample. The analysis of the test duration
voice piece is carried by MATLAB coding. The result of
analysis will determine the accessing of system permitted
or not

A GSM module is connected with the system to ensure the
high definition security. If the system detects authorized
user’s voice, then the locked door will be opened as at the
same time, a message, which contain the information of the
user, will be sent to the principle member of the
organization. Also, in case of intruder, the message is sent.

III. FLOW CHART
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Fig 1: Flow chart of project

IV. Circuit Description
A) Hardware Model

The hardware of the project
consists of following sections.
 Microcontroller
 LCD display
 Serial to parallel module
 GSM module

B) Software Model
The software section of the

project is mainly divided in two categories. Train category
and Test category. Both of these have more or less same
segments.
 For train category
 Record the voice sample
 Sampling
 Crop the above voice sample
 Hamming window
 FFT
 MFCC

 For test category
 Initialize the GSM port
 Record the voice sample
 Sampling
 Crop the above voice sample
 Hamming window
 FFT
 MFCC

 MSE condition calculation
 Euclidean Distance
 Result

V. Explanation

A) Voice sample Recording –
Voice input is taken from microphone and is processed
through MATLAB. The syntax to record the voice
signal is = ( , )
where m = no. of samples of audio/voice
signal

fs = sampling frequency

B) Sampling of audio signal –
Conventionally, a Nyquist criterion is helpful in
sampling the audio signal.
According to the theorem, if the maximum frequency
is fm, then information available in the audio signal
can be reproduced by its samples but the necessary
condition is = ∗

C) Crop audio signal –
As there is a silent portion in the audio signal, so it
should be removed so that the filtering we will
perform in future steps will involve the portions which
contain the relevant information. All the unnecessary
data to be cropped from the signal.

D) Hamming Windowing –
Hamming window is the combination of Hanning
window & rectangular window. The selection of
Hamming window is better for large signals.
Hamming window equation is

( ) = . − . −
where N = no. of samples in each frame.

Windowing is achieved by following formula( ) = ( ) ∗ ( )
Where Y(n) = output signal

x(n) = input signal
w(n) = Hamming window
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E) FFT –
Fast Fourier Transform is the efficient method to
compute Discrete Fourier Transform. FFT is a digital
processing tool. FFT formula is

=
Where k = 0, 1 ….. N-1

F) MFCC –

Mel Frequency Cepstral Coefficient is the best for
speaker recognition as it considers the human
sensitivity of perception with respect to frequency.

Mel is the unit of pitch and it stands for Melody.

Mel filter will divide the wide spectrum to analysis the
energy of signal at various points. Speech signal is
partitioned into certain defined width window and set
of parameters is derived from each window. Formula
for mel filter is

( ) = ∗ +
G) MSE condition calculation –

It is a function that shows the average square of the
difference between the value trained in the system &
the value tested in that particular instant. The formula
for MSE is

= ( − )
H) Euclidean Distance –

It is an effective method of determining the distance
between two vectors. It is used to test the speech of the
user. For instance, vector p and q, so the distance is
calculated by following formula

( , ) = ( − )
VI. RESULTS

(A) For train category
The system is trained by the USER 1 and word to train is –
“SILVY”
 Original voice Signal of speaker Silvy for word

“SILVY”

Fig 2: Voice Signal of USER 1

 Cropped signal

Fig 3: Cropped Signal of USER 1

 FFT of the above resultant signal
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Fig 4: FFT of USER 1 cropped voice signal

 Mel graph of the voice of authorized person

Fig 5: Mel Graph of voice signal of USER 1

(B) For test Category
All the essential steps will be carried for test category like
cropping the original signal, taking FFT & Mel factor.

There exists two cases in this category

Case a) when the user is authorized
 Original voice signal of USER 1 for word

“SILVY”

Fig 6: Voice Signal of USER 1

 After all process, Mel Graph for USER 1 voice
signal

Fig 7: Mel Graph of voice signal of USER 1

It is clear from the Mel graph that USER 1 is authorized to
access the system.

Case b) when the user is unauthorized
 Original voice signal of USER 2 for word

“SILVY”
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Fig 8: Voice Signal of USER 2

 After all process Mel Graph for USER 2 voice
signal

Fig 9: Mel Graph of voice signal of USER 2

Again it is evident from the Mel graph that the USER 2 is
not authorized to access the system.

VII. CONCLUSION
The developed system is will check for the speech as well
as the voice of the user of system. To gain the permission,
both the conditions should be satisfied. Test for speech
refers to check what is said. Test for voice refers to check
who said. The developed system offers 70% of accuracy.

VIII. FUTURE SCOPES
The results can become more specifically accurate by using
vector quantization and dynamic time wrapping.
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