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Abstract 
 

The transfer of manual controls to machine controls is automation. Automation is the need of the hour. Home automation is automation 

of home systems to create smart homes. It includes security systems, appliance control and environment control. The increasing need for 

safety and security has brought biometric security systems to the forefront. Speech being unique and individualistic can be used for bio-

metric identification. The proposed system is a prototype which can be fitted for speaker recognition for home security. The system will 

identify the registered speakers and will allow access to the recognized speaker. The system is implemented on Raspberry pi platform 

using Python language. 
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1. Introduction 

There are several techniques that can be used for home automa-

tion. Out of these techniques the proposed system will be using 

speaker recognition. The system checks if the audio input provid-

ed by a speaker matches a registered sample of the system’s data-

base and will then allow or deny access. The proposed system 

finds use where the other biometric scans like facial recognition, 

iris or fingerprint identification is not possible. For real time 

recognition the system is implemented on Raspberry Pi plat-

form[2], a compact and affordable single board computer devel-

oped by Raspberry Pi Foundation. We are using the Raspberry Pi 

3 B model which is faster and more powerful than its predeces-

sors. The Raspberry Pi uses Raspbian which is a Linux kernel-

based operating system. Python is an open source programming 

language which is used to implement the algorithm of the sys-

tem[5].  

There are two major techniques of speaker recognition namely: 

speaker verification or authentication and speaker identification. 

Verification is done when the speaker claims to be of a certain 

identity and the speaker’s voice is used to verify this claim. On the 

other hand, identification is used to determine an unknown speak-

er’s identity. Our system will be using speaker verification.  

Speaker recognition systems have two phases training and testing. 

Training phase includes extracting a template with the help of 

feature extraction from a recorded speaker’s voice. Testing phase 

consists of a comparison of an utterance with the existing voice 

templates in the system’s database. 

2. Need of the System 

Due to the increasing crime rate, there is a growing need for relia-

ble and accurate security systems. The existing systems which are 

already in use, are implemented using wired networks or sensors. 

Our proposed system is a substitute for these heavily wired sys-

tems. By using speaker recognition, we aim to reduce the effort 

and inconvenience caused to the physically impaired as the system 

reduces the need for interaction between the user and the system. 

Our proposed system finds its use in environments where other 

biometrics face limitations. 

3. Description 

The block diagram of the proposed system is given in the follow-

ing Fig. 1. 

 
Fig. 1:  Block Diagram 

 

The system consists of two phases: training phase and testing 

phase. The training phase includes pre-processing, feature extrac-

tion and database generation. The testing phase includes the same 

pre-processing and feature extraction techniques and will be fol-

lowed by a matching algorithm to compare the input audio signal 

of the testing phase with the templates in the database.  

The preprocessing block (shown in Fig. 2.) includes sampling, 

windowing and frame formation and denoising. Preprocessing 
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helps to increase the efficiency and accuracy of subsequent feature 

extraction and matching stages. This improves theoverall system 

performance. 

 
Fig. 2:  Preprocessing Block 

 

The input audio signal provided as input to the system is shown in 

Fig. 3. 

 
Fig. 3: Recorded Audio Signal 

 

The continuous time input audio signal will be sampled and quan-

tized to make it discrete in nature. Windowing function (as shown 

in Fig. 4.) will scale the signal. After dividing the input into a 

sequence of partial signals it is multiplied with a hamming win-

dow (as shown in Fig. 5.) to packetize it into frames. 

 

 
Fig. 4: Hamming Window 

 

 
Fig. 5: Frame of signal multiplied by window 

 

The input signal maybe corrupted by microphone related noise, 

environmental and electrical noise. Denoising and speech en-

hancement is done to improve the quality of speech signal by re-

ducing the noise. The challenge of denoising is to eliminate exter-

nal noise without tampering with the low intensity components of 

the speech input. These denoised samples are given to feature 

extraction block.  

Feature extraction is deriving descriptive features from windowed 

and enhanced signals. Since speech is unique and individualistic, 

the features of each voice sample will be distinctive using which 

the speaker can be recognized. Ideally in this process the signifi-

cant components will be emphasized and all other information will 

be suppressed. Various feature extraction techniques like Mel-

frequency cepstral coefficients (MFCC), linear predictive coding 

(LPC), formants, pitch[1] can be used. Out of these techniques, our 

design uses MFCC analysis[4]. The templates of extracted features 

are stored in a database. The MFCC coefficients of one segment of 

an audio input are given in Fig. 6. 

 
Fig. 6: MFCC of signal 

 

Database of 8 speakers is created considering the average size of 

an Indian family. The input audio signal is taken using a Phillips 

microphone.  

In the testing phase, the preprocessing and feature extraction rou-

tine is followed by a matching algorithm. Various matching algo-

rithms like K nearest neighbor classifier (KNN), Naïve Bayes 

classifier or Euclidean distance can be used. The system is using 

Euclidean distance method as a matching algorithm[4]. 

3.1. Raspberry Pi 

Raspberry Pi 3B model consists of various functional blocks as 

shown in Fig. 7. Out of which the system will use the power sup-

ply, SD card slot, USB ports and LCD interface[2]. 
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Fig. 7: Raspberry Pi 

4. System Development 

The constructional details of the system are as given in the Fig. 8. 

 
Fig. 8: System Layout 

 

The microphone provides audio input to the system. The on-chip 

computer implements the algorithm[3]. The SD card acts as the 

data and instruction storage of the system. The output section 

consisting of a LCD displays if the access to the user is allowed or 

denied. 

  

5. Conclusion 

 
The system is designed for speaker recognition using Raspberry 

Pi. It is a prototype for home security system. Speaker recognition 

based home security systems are not implemented as much as the 

other biometric security systems. This system will not only find its 

use for physically impaired but also ease the basic functionality of 

our lives. The accuracy and efficiency of the system is better due 

to the MFCC analysis used. This system will be low cost, easy to 

handle and user friendly. By making use of other advanced tech-

nologies like the Internet of Things (IoT) the system can adapt to 

other dynamic environments. 
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