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ABSTRACT 

Electronically control of household activities has long been explored in various ways. From electronic remote 

control using infra-red sensors, to voice-controlled application, we are continuously trying to find a better way to control 

electrical and electronic devices to ease our daily life. This paper presents the development of a low cost remote home 

control system using speech recognition. The system focused on controlling fan and lamp wirelessly by applying speech 

recognition into the system, with Arduino Uno as the controller.  Two different units were developed: the main control unit 

which also act as the transmitter and the receiver unit which controls the fan and lamp. The main control unit accept voice 

command from the user and convert it into text by using Easy VR shield. The signal is then transmitted to the receiver 

using RF signal. With the use of RF technology, the system is able to work wirelessly. This system is hoped to be able to 

help people to use the electronics devices effectively besides provide improved convenience and comfort to user especially 

for elderly and disabled who live alone and help them to be more independent. 

 

Keywords: arduino uno, easyVR, home control.  

 

INTRODUCTION 

Smart home technology has long been explored, 

since the early 1980s when the “intelligent building” 
concept was used. The concept proposed an intelligent 

implementation of consumer electronic devices, electrical 

equipment, and security devices. It aimed for the 

automation of domestic tasks, easy communication, and 

human-friendly control, as well as safety [1]. Some smart 

house systems allow home control via LAN (Local Area 

Network), and WAN (Wide Area Network). This type of 

home control system allows   devices to be controlled 

through computers and Android smart phones at the same 

time [2].  There are many methods available to control 

electric appliances at home. The most common way is by 

using an electronic remote control. Home appliances can 

also be controlled via voice control, or it can also 

implement home automation based on predefined user 

profiles or independent sensors. In this paper, voice 

control method is used to control home electric devices. 

Voice control method offers a more user 

interactive approach in delivering control commands [3].  

By applying speech recognition system, a system can be 

developed to help user control devices remotely. Voice 

control system for ZigBee based home automation has 

been introduced in journal of “ZigBee based voice 
Controlled Wireless Smart Home System”. Speaker 
independent automatic speech recognition technique has 

been used. In this system Zig Bee network receives voice 

command as input to an ARM9 controller, which converts 

the data into a required format to be used in the 

microcontroller. Finally, the system generates some 

control characters to switch ON/OFF the home appliances 

[4]. 

There are two types of speech recognition system. 

They are speaker–dependent and speaker–independent 

system. Speaker–dependent system is designed for a 

specific speaker that works by learning the unique 

characteristics of a single person's voice [5]. It is also 

known as voice recognition. New users must first "train" 

the software by speaking to it, so the computer will 

analysed how the person talks. This system is useful as the 

security system. Speaker-independent systems on the other 

hand, require no training phase with data of users, and are 

desirable to many applications where training is difficult 

to conduct [6].   

Arduino UNO is a multi-purpose microcontroller 

board based on the ATmega328P. It has 14 digital 

input/output pins and 6 analog inputs. Each of the 14 

digital pins on the Uno can be used as an input or output. 

An Arduino Uno board can either be powered via USB 

connection or with an external power supply (AC-to-DC 

adapter or battery).  Leads from a battery can also be 

inserted in the Gnd and Vin pin headers of the power 

connector. The board can operate on an external supply of 

6 to 20 volts [7] [8]. Arduino Uno can communicate with 

other devices such as a computer, another Arduino board, 

or any other types of microcontrollers. Its software serial 

library allows serial communication on any of the Uno's 

digital pins [9]. 

In the journal of title “Improved Authentication 
Using Arduino Based Voice & Iris Recognition 

Technology”, a voice recognition system is proposed to 
build as security function. The Arduino board as important 

role integrate with EasyVR Shield [10]. The proposed 

system is using speaker-dependent system to train the 

password command. In this project also using the 

password command rolled as the security of the system. 

Therefore, the usage of both boards can be used to develop 

a speech recognition system. The model of the system in 

EasyVR Module is HMM Model. 
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METHODOLOGY 

The main objective of this paper is to design a 

system to detect and recognize human voice commands as 

an input to control the electrical appliances wirelessly. 

This objective is achieved by dividing the system into two 

different modules which are the transmitter module and 

receiver module. The transmitter module’s main purpose 
is to accept human voice as the input and perform speech 

recognition process to identify the corresponding 

command control. Then the control signal is transmitted 

wirelessly at 315 MHz to the receiver module. Attached to 

the receiver module are both the fan and lamp switches. 

Upon receiving the signal, the receiver module will first 

analyse the signal. Then it will proceed to control the fan 

and lamp accordingly. Figure-1 shows the flowchart of the 

whole system. 

 

 
 

Figure-1. Flowchart of the whole system. 

 

Transmitter module 

The transmitter module is designed to be 

portable- and voice operated. The main part of the 

transmitter is Arduino Uno, as the microcontroller and 

EasyVR 2.0 board as the speech recognizer. EasyVR 

works as a slave board and communicates by using 

UART. The baud rate used is 9600 and the frame consists 

of 8 Data bits, No parity and one stop bit. Figure-2 shows 

the circuit diagram of transmitter module. 

Voice recognition for this system is implemented 

using Arduino EasyVR 2.0 module. EasyVR is chosen 

because of it’s ablility to integrate with Arduino boards, 

and its’ low power consumption where it only uses 3.3V to 
5V. In this system, the user-defined Speaker Dependent 

(SD) triggers is use to activate the system while the built-

in Speaker Independent (SI) commands is use to run the 

output device by using US English language. It used 

hidden Markov model HMM to train the command for the 

system.. 

 

 
 

Figure-2. Circuit diagram of the transmitter module. 

 

The EasyVr is embedded with RSC Family 428 

which handles speech recognition process. It uses Hidden 

Markov Model (HMM) to train the command for the 

system. HMM portrayed speech signal the need to make 

two assumptions, one internal state of the transfer is only 

related to a previous state, and the other is that the output 

value is only relevant to the current state (or the current 

state of the transfer), these two assumptions greatly 

reduced the model complexity. The acoustic 

characteristics of the system and the output values are 

usually calculated from the respective frames [10]. 

Attached to the EasyVR module is a 

unidirectional electret condenser microphone which uses 

3V for operating voltage. The load impedance is 2.2K and 

the sensitivity of the microphone is -38dB. The others kind 

of microphones are not supported by EasyVR module.  

EasyVR Commander Software, which comes 

with the hardware, is used to configure and to program 

commands and sounds into an EasyVR module, with the 

provided “bridge” program. The coding for “bridge” 
program is developed in the Arduino IDE. There are 

several types of ready to run basic control, speaker 

independent commands in the software. All of them have 

their own function according to the user needs and 

available in different languages such as US English, 

Italian, Japanese, German, Spanish, and French. EasyVR 

also supports up to 32 user-defined Speaker Dependent 

(SD) triggers or commands (any language) as well as 

Voice Passwords. Table- 1 shows the types of commands 

in the software which are ‘Trigger’, ‘Group’, ‘Password’ 
and ‘Word set’. All of them have their own function 

according to the user needs [10].  
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Table-1. Types of commands in EasyVR commander 

software. 
 

 
 

In this paper, trigger and word set group are used 

for the voice command. All the voice command and the 

output of the system are listed in Table-2. In trigger 

command, the word of “System On” is trained. It is used 
to activate the system. For the usage of Word set 

Command in this project, all the three word set group are 

used as command word to control the output device.  

 

Table-2. Voice command and output of the system. 
 

 
 

Output from EasyVR module is transmitted to 

receiver module via a simple wireless data link using 315 

MHz RF transmitter. It is a low cost RF transmitter that 

can transmit signal up to 100 meters which provide an 

adequate one-way data communication. The transmitting 

frequency is 315MHz and an external antenna use in this 

project is 13cm single-core line. These features are enough 

for this system because the system is intended to be 

implemented for a standard room size. However, the 

antenna design, working environment and supply voltage 

seriously impact the effective distance. 

The operating voltage is 3.5V to 12V and the 

operating current is 4mA @ 5V while 15mA @ 9V. It is 

using ASK modulation which is very simple modulation 

and demodulation. The transfer rate of the signal data is 

4KB/S with transmitting power 10mW. 

 

Receiver module  
The heart of the receiver module is Arduino Pro 

Mini, which is a microcontroller board based on the 

ATmega328. It runs at 5V and 16 MHz and has 14 digital 

input/output pins (of which 6 can be used as PWM 

outputs), 6 analog inputs, an on-board resonator, a reset 

button, and holes for mounting pin headers. A six pin 

header can be connected to an FTDI cable or Spark fun 

breakout board to provide USB power and communication 

to the board. This microcontroller controls the RF receiver 

and both outputs: the lamp and fan. The receiver module 

can work well for low performance, non-critical 

applications. The operating voltage is 5V DC with 

receiving frequency of 315MHz. The receiver sensitivity 

is 105dB with the help of external antenna 32cm single 

core wire, wound into a spiral. Figure-3 below shows the 

circuit diagram for the receiver module. 

 

 
 

Figure-3. Circuit diagram for the receiver module. 

 

There are four pins on the RF Receiver which are 

source pin, ground pin, and two pins of data. The source 

and ground pin is connected with the Vin and Gnd pin of 

Arduino Pro Mini. Pin A03 on Arduino Pro Mini is used 

to connect the data pin of RF Receiver. This connection is 

very important to make the communication between these 

two devices functioning well. Figure-3 shows the receiver 

module of the system. 

 

Virtual wire library  

Virtual Wire is a library for Arduino that provides 

features to send short messages in one way transmission 

signal over wireless, using ASK (amplitude shift keying). 

It supports a number of inexpensive radio transmitters and 

receivers including 315MHz RF Transmitter Receiver. 

Therefore, it is very useful in the communication between 

the RF transmitter and receiver to produce the output of 

the system. Messages are sent with 4-to-6 bit encoding for 

good DC balance. ASK receiver require a burst of training 

pulses to synchronize the transmitter and receiver and also 

requires good balance between 0s and 1s in the message 

stream in order to maintain the DC balance of the 

message.  
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In this system, a motor and LEDs are used to 

represent the fan and lamp. In addition, an 8Ω speaker is 

also used to guide the user for the timing to speak the 

correct command. Other than that, LEDs circuit is 

developed to gives the information to user about the 

current condition of the system. The motor used in this 

system is RF-300CA DC motor which only needs 0.5V to 

4.0V to power it up.  

 

RESULTS AND ANALYSIS 
Figure-4 shows the full system working which 

consist of transmitter part, receiver part and the output of 

the system.  

 

 
 

Figure-4. Whole system running. 

 

Experiment 1: The effective working distance between 

transmitter and receiver 

An experiment was conducted to test the distance 

between transmitter and receiver modules in order to 

ensure the effectiveness of the wireless system. It is done 

in a room with dimensions 5 x 12 meters. In this 

experiment, the distance between user and the microphone 

is fixed to 60 cm. The distance between transmitter and 

receiver is varied from 1 meter until 8 meters apart. User 

then spoke the command control words at the transmitter 

module. Each command word was repeated five times. At 

the receiver’s end, the correctness of the output based on 

command given is observed and recorded.  

Table- 3 shows the results of the experiment. Based 

on result in Table- 3, the wireless system works well for 

the first 6 meters. When the receiver was moved further 

than 6 meters, the receptions began to drop. Commands 

had to be repeated in order for the system to work well.  

So based on the results, it can be seen that the maximum 

working distance for the wireless system is 6 meters. 

 

Table-3. Results of experiment 1. 

 

Experiment 2: Accuracy of the command  

The purpose of this experiment is to test the 

accuracy of the voice command received, at the receiver’s 
end. Accuracy of voice command is the most important 

outcomes in this system’s speech recognition module. The 

aim is for the system to be able to recognize each 

command correctly and produce the correct output at the 

receiver’s end. This experiment was conducted in a room 

with dimensions 4 x 5 meters. The distance between 

transmitter and receiver is fixed at 2 meters. The distance 

between user and the microphone is also fixed; at 60 cm. 

20 persons were chosen as samples. The samples are aged 

between 20 to 23 years old and can speak English fairly 

well.  

A set of 10 word commands are then given to 

each participant. Then each of them was asked to speak 

each command three times to the microphone at the 

transmitter module. In total, there are 60 samples for each 

command word spoken by all participants. The output at 

the receiver’s end is observed. For each command, the 
number of incorrect output produced (the number of error) 

is recorded.  

In Table- 4, the result of the experiment is shown. 

Figure-6 shows the percentage of accuracy for each 

command. The accuracy depends on the pronunciation 

spoken by the user. Based on the overall observation from 

the result above, there are four command words that have 

more than 90% of accuracy. They are “Action”, “Down”, 
“One”, and “Stop”. This means that all of them are easy to 

be pronounced by the user. The hardest word to recognize 

by the system is “Turn” which scored about 63% of 

accuracy. This system is using US English and the 

pronunciation of the word should have been in that accent. 

For the “Up” command, it is the second lowest of accuracy 
which is 76.67%. Some of the error occurs because the 

command is spoken with slow speed. So the system cannot 

detect the correct command. When the user improved the 

“Up” word pronunciation with the correct tone and 

loudness, the system detect the “Up” command and it 
works well.  

 

Table- 4. Results of experiment 2. 
Word Command No. of correct 

command 

No. of errors 

UP 40 14 

RUN 50 10 

TURN 38 22 

ONE 55 5 

TWO 48 12 

THREE 50 10 

ZERO 52 8 

ACTION 56 4 

DOWN 55 5 

STOP 57 3 

 

http://www.arpnjournals.com/


                             VOL. 10, NO. 23, DECEMBER 2015                                                                                                            ISSN 1819-6608            

ARPN Journal of Engineering and Applied Sciences 
 

©2006-2015 Asian Research Publishing Network (ARPN). All rights reserved.

 
www.arpnjournals.com 

 

 

17496 

 
 

Figure-5. Percentage of command accuracy. 

 

Experiment 3:  Effect of accent/dialect command to the 

system 

Each individual sounds different from each other 

because of the different in our vocal tract shapes, larynx 

sizes, and other parts of our voice production organ. We 

also have different manner of speaking, with variety of 

accent, rhythm, intonation style, pronunciation pattern, 

and choice of vocabulary [12]. The aim of this experiment 

is to analyse the effect of accent/dialect command to the 

system. Accent is defined as words and the musicality of 

their speech. Dialect on the other hand is a person’s accent 
and the grammatical features of the way that person talks. 

Both of them are alike and effect the pronunciation of their 

speech. In this experiment, only three commands were 

used, which are “Zero”, “Three” and “Run”. These words 

are chosen because it they are clearly different in 

pronunciation. 

The distance between transmitter and receiver is 

fixed to 2 meters and the distance between user and the 

microphone is also fixed to 60 cm.  For each accent, three 

samples were chosen. The same numbers of sample is also 

chosen for each dialect. Each command word was repeated 

three times by each speaker.  Thus, each group of accent 

and dialect have a total 27 samples of command words. 

Then the output at the receiver’s end was observed and 
recorded.  

Table-5 shows the result of this experiment. 

Three different groups are listed in accent category. They 

are: Malay accent, Chinese accent and Indian accent. Then 

there are three different groups for dialect categories, 

which are Kelantan’s Terengganu’s and Kedah’s dialect. 

The results show the highest number of error occurs is 9 

out of 27 which is for sample of Kelantan’s dialect. It was 

followed by Terengganu’s and Chinese with 7 and 5 error 

occurs out of 27. 

 

Table-5 Experiment 3 result. 
 

 
 

Figure-6 shows the percentage of correct 

command based on different accent and dialect. The 

percentage for Kelantan’s is 73.33%, Terengganu’s is 
77.78% and Kedah’s is 88.89%. But for Malay, Chinese 
and Indian, three of them are around 90% and above. 

From the results, it can be seen that different accent and 

dialects affects the way a person pronounce command 

word.  As the result shows, wrong pronunciation did affect 

the performances of the system.  

 

 
 

Figure-6. Percentage of correct output based on different 

dialect/accent. 

 

Experiment 4: Effects of user’s age to the system 

Generally, speech performance is significantly 

worse in the case of elderly speaker compared to young 

adult speaker. One of the reason for this is because some 

parameters of the speech signal (e.g. speech rate, F0, jitter, 

shimmer) change with age [13]. Thus the aim of this 

experiment is to study about the effectiveness of the 

system for different age group. Four different groups of 

age were chosen, with ten speakers for each group. Each 

speaker was then asked to repeat the command word 

“One” four times.  Therefore the total number of samples 
for each group of age is 40. The distance between 

transmitter and receiver is fixed to 2 meters and the 

distance between user and the microphone is also fixed to 

60 cm.   

Table- 6 and Figure- 8 show the results of this 

experiment. From the results, it can be seen that elderly 

user tend to produced more incorrect output compared to 

younger users. This could be because of the pronunciation 

of the command word is incorrect.  

 

Table-6. Experiment 4 result. 
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Figure-7. Percentage of correct output based on different 

age group. 

 

Experiment 5: Speaker to microphone distance 

 The purpose of this experiment is to study the 

effect of the distance of the transmitter’s microphone from 
the user. In this experiment, the distance between 

transmitter and receiver is fixed to 2 meters and the 

distance between user and the microphone is varied 

between 1 cm and 100cm, with 10cm increment value. 

Ten speakers were involved in this experiment, with each 

speaker spoke the command word four times. Thus the 

total sample at each distance marker is 40.   

 Figure-9 show the results from this experiment. 

The results show that the number of correct output 

deteriorates when the distance between the user and 

microphone is increased. It also shows that the ideal range 

of distance between user and microphone is in between 

1cm to 60 cm. 

 

 
 

Figure- 8. Number of correct output for different speaker 

to microphone distance. 

 

Experiment 6: Environment challenge  

The speech recognition system is quite sensitive 

to the environment noise. This experiment is done to study 

the impact of environment challenges for this system. 

Therefore, the speech recognition system has been set up 

at different places around UMP Pekan Campus. It was 

tested by five speakers who were required to speak three 

command words which are “Down”, “Stop” and “Action”.  
Each speaker was then asked to repeat each command 

word three times.  Therefore the total number of samples 

at each location is 45. The distance between transmitter 

and receiver is fixed to 2 meters and the distance between 

user and the microphone is also fixed to 60 cm.   

The result of the experiment is shown in    

Figure-10.The result of this experiment shows that, the 

library have the maximum number of correct command 

which is 100 accuracy and the Cafeteria have the lowest 

number of correct command which is only around 60%. 

Therefore, the conclusion of this experiment is that the 

level of noise affected the system’s performance. It is 

shown that quieter environment give the best performance 

of the systems. 

 

 
 

Figure-9. Percentage of system based on different places. 

 

CONCLUSIONS  

Implementing speech recognition technique for 

home control system can make our life easier. This type of 

control systems can be applied to situations where it is not 

feasible to manually control home appliances. It can help 

disabled and elderly living at home.  

The effectiveness of the system depends on 

several factors, which are the user pronunciation, the level 

of noise in the room where the system is set up and the 

distances between the transmitter and receiver modules. 

The system could be further improve by using better 

performance RF transmitter and receiver.  
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