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Abstract

Robotic products are introduced to provide ease and convenience
to human beings. Various researchers are working for designing
and improving the concepts of robotic cars. In this paper we have
presented a voice controlled model for robotic car. The proposed
model uses MEL Frequency Cepstrum Coefficient (MFCC) and
Hidden Markov Model (HMM) for voice recognition. MFCC is
used for feature extraction while HMM is used to perform
recognition task. Based on the recognized command the car will
perform certain actions. Complete architecture of the proposed
system including mobile application, recognition algorithm and
hardware design. The model can be extended to various
applications and may prove useful for special or handicapped
people.
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1. Introduction

Speech recognition is the methodology used to recognize
spoken words by a speaker. It is a very useful area having
many applications in our daily life. Speech recognition
enables a computer to capture the words spoken by a
human with the help of microphone [1]. These words are
later on recognized by speech recognizer and in the end,
system outputs the recognized words [2]. It is the
discipline of communicating with the computer using voice,
and having it correctly understood by the computer.
Generally, speech recognizer is a machine which recognize
humans and their vocalized word in some way and can act
thereafter [3]. Today speech recognition is automating lot
of things in our environment and easing our lives [4]. We
can control our homes, gadgets and machines through our
voice [5] [6]. Although different techniques have been
developed for automatic speech recognition, ranging from
knowledge-based systems to neural networks, the main
engine behind this progress and currently the dominant
technology, has been the data driven statistical approach
based on Hidden Markov models [7] [8]. In this paper, we
have used Mel Frequency Cepstrum Coefficient (MFCC)
for feature extraction and Hidden Markov Model (HMM)
for temporal pattern to recognize speech input [9]. Hidden
Markov Model (HMM) is often used now a day in Speech
recognition [10] [11]. In this paper, we are going to present
the design and structure of voice Controlled Robotic car
using Hidden Markov Model (HMM) and Mel Frequency
Cepstrum Coefficient (MFCC) for feature extraction.
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2. Requirement Analysis

The main objective is to build a system that can detect
the familiar voice and should not respond to
unauthorized users. Using this type of security feature;
we can make the system efficient and help users to
protect their vehicles. Generally, these kinds of systems
are  known as Speech Controlled Automation
System(SCAS). Our system will be a prototype of the
same. We are not aiming to build a robot which can
recognize a lot of words. Our basic idea is to develop
some sort of menu drive control of our robot. For
example, when the recognized or familiar speaker speaks
FORWARD, robot should recognize this speech and
move forward. When the speaker says BACKWARD it
should move backward. When the speaker says TURN
LEFT, it should turn left. When the speaker says TURN
30° AROUND, it should turn around 30°. When the
speaker says STOP, it should stops doing current task.
The robot should have some user feedback, such as if the
robot doesn’t understand the user commands, it gives the
user feedback- “I don’t understand”. Our Robot should
understand the complex statement as well. For example,
when speaker says MOVE 10 CM BACKWARD AND
TURN RIGHT, the car should move back to 10 cm
distance and then should turn to right. Our Robot should
also capable of identifying obstacles and has a capability
to avoid them to happen. There can be other features as
well in the Robotic car like when speaker says PLAY
MUSIC, it will ask for the track and music will be
played. When the speaker says STOP MUSIC, it will
stop the music. Other features can be opening door when
the speaker uttered OPEN THE DOOR and closing the
door when the speaker uttered CLOSE THE DOOR. Our
system should recognize voice commands efficiently and
should perform following action in response: (1) Build
Robotic Car (2) Controlled using familiar voice
commands (3) Recognize Uttered Speech (4) Action in
response to authorized voice (5) Should protect vehicles
(6) Menu driven (8) Commands to recognize Move,
Turn R/L, Stop, Turn 30 around (9) Should response to
open/close door, start/ stop music (10) Should provide
user feedback such as NR, NU (11) Should understand
complex statement, Move x c¢cm F/B/T (12) should
identify obstacles (13) Capability to avoid obstacles. It is
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important to distinguish between need and wishes at this
stage for e.g. module which are need of desired system
are: Voice recognizer, Speech recognizer and Visual
recognizer while wish list includes: Robotic car should
understand low voice as well as loud, Robotic car should
looks like a real car. Maintenance of sample requirement
analysis table is very helpful in future change
management as shown in Table 1.

Table 1 Sample Requirement Analysis Table

ID People = Process = Rules Tools

SW HW
2 Yes Yes Yes Yes  Yes
3 - Yes Yes Yes  Yes
4 Yes -- Yes Yes  Yes
5 Yes -- Yes - -
6 - - - Yes  Yes
7 - Yes - Yes  Yes

3. High Level Design

The high-level design is the complete picture of our
project on which we are going to work. As we are going to
build voice robotic control car, it’s high level design
comprise of three main components, Smart phone, Arduino
and robotic car. The high level design is showing in Fig. 1
and below we discuss its components one by one:
e Smart phone

Smart phone is the component in which we have kept our
Voice recognition software. First, we will capture the voice
using smart phone and then this voice message is sent to
voice recognition software to verify that this voice is of
authorized user or not and if it is of authorized user then it
will decode the command and would send signal to
Arduino to do action and in case if the voice is of other
than its owner, it will simply tell that it is not legal.

e Arduino
Arduino is a microcontroller and will do the controlling of
input and output signals. It is connected to smart phone
using USB cable. When the message is decoded using
voice recognition software, it will signal 0, 1 to particular
motor depending on the message content.

e Robotic Car
Robotic car is the toy-based car in which we have the
functionalities of moving the car forward/backward,
turning car left and right, opening and closing the door,
and stopping the car. These operations are done by regular
motors use in toy cars. These motors are controlled by
Arduino. On getting enable signal for the particular motor,
it will do the operation.

4. Architectural Design

As already discussed in high level design section, the three
main components are: smart phone, Arduino and robotic
car. First component is a smart phone that could be kept
inside of a car between car seats or could be bound to the
roof of a car. Any authorized user would send its voice
through Bluetooth signal to smart phone, as smart phone
can detect the voice. The purpose of using the smart phone
is to detect the voice or to capture the voice through
Bluetooth signal and the other main purpose is to keep the
voice recognizer application in smart phone. When the
voice signal would be captured through Bluetooth, it
would be proceeded to voice recognizer application that is
built in android. The voice recognizer would recognize the
voice, and would send a message to Arduino through serial
communication.

The Arduino message is basically a structure that would
consist of 4 parameters. These parameters are message
start, message ID, delay and message end respectively.
Message start will tell Arduino that it is the start of new
message, or new command is ordered. Message ID will tell
Arduino that which pin is this, either it is turn left, turn
right, move forward, move backward, open door, close
door, stop etc. Delay will tell that for how much time, it
would give delay after turning this specific motor. Message
end will tell Arduino that the message is end. When the
Arduino will get the message using com port, then it will
read the message or decode the message by tracking its
Message ID. After decoding the message structure,
Arduino will enable that pin no against some Message 1D,
and would give some delay with whatever delay value, this
message has passed to Arduino. On the basis of Message
ID, Arduino will send signal to enable that pin. If the
Message structure consist of AE, 1, 3000, AF, then how
Arduino will decode it? AE tells as discussed above that it
is the start of new message, 1 is the Message ID, 3000 is
the delay time of 3000 milliseconds, and AF is the end of
that message. Message ID 1 tells Arduino to Turn Right
car, and give delay of 3000 milliseconds after turn and it is
the way that how voice controlled robotic car will work.
The system architecture is given in Figure 2.

5. Low Level Design

5.1 Controlling car through Arduino

Arduino would work with two motor driver chips, Lx293D
to control the voice controlled robotic car [12]. Arduino
mega 2560 board is used, which has 54 digital input/output
pins, from which 20 pins are used in our system. Lx293D
driver motors chips are used. Each chip has 2 motors
driver. Each driver has 2 input pins and two output pins.
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HIGH-LEVEL COMPOMNENT DIAGRAM OF VOICE CONTROLLED ROBOTIC CAR
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Fig 1: Architecture diagram of proposed system
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Fig 2: Architecture diagram of proposed system
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Pin number 8 of each IC will be used to gain motor power
from battery pack. Battery pack is the external power
supply to run motors. Pin no 16 of each IC will be Each IC
has 4 input pins and 2 input pins for each driver motors.
Each IC has 4 pins that will have common ground.
connected to Arduino’s Vec that will supply 5 volts to IC
to start up. These connections of ICs are built on Printed
Circuit Board. Basically, we have run 3 analogue motors.
Driver motor that will allow the car to move forward or
backward, turn motor to allow car to turn left or right and
door motor to open or close the door.

The question is how Arduino and the connection of ICS
that are built on PCB are connected to each other to
control those 3 motors? Here is the detailed description of
these connections:
. IC#1 ‘s (DRIVER MOTOR) pin number 1, that is
one of the Enable pins of this IC is connected to
Arduino’s digital pin number 4.
. IC#1 ‘s (TURN MOTOR) pin number 9, that is
one of the Enable pins of this IC is connected to
Arduino’s digital pin number 7.
. IC#1 ‘s (DRIVER MOTOR) pin number 2, that is
one of the input pins of this IC is connected to Arduino’s
digital pin number 3.
. IC#1 ‘s (DRIVER MOTOR) pin number 7, that is
one of the input pins of this IC is connected to Arduino’s
digital pin number 2.
. IC#1 ‘s (TURN MOTOR) pin number 15, that is
one of the input pins of this IC is connected to Arduino’s
digital pin number 5.
. IC#1 ‘s (TURN MOTOR) pin number 10, that is
one of the input pins of this IC is connected to Arduino’s
digital pin number 6.
. IC#2 ‘s (DOOR MOTOR) pin number 1 and 9,
that are Enable pins of this IC is connected to Arduino’s
digital pin number 8.
. IC#2 ‘s (DOOR MOTOR) pin number 10, that is
one of the input pins of this IC is connected to Arduino’s
digital pin number 9.
. IC#2 ‘s (DOOR MOTOR) pin number 15, that is
one of the input pins of this IC is connected to Arduino’s
digital pin number 10.

There are 4 more pins of Arduino that we would use to
drive the overall connections.
e VCC: - 5 volts provided by Arduino
e GND: - common ground for both Arduino and
ICS.
e GND: - common ground for both Arduino and
ICS.
e Vin: - provided by battery pack to the Arduino,
around 8-9volts.

5.2 Message processing in Arduino
There is some sequence of steps followed by Arduino to
process the message.
» Wait for the message on serial port. As we have already
discussed above that every message start from “AE”, so
when it will see “AE” on serial port, it will understand that
it is the start of the new message and would ready to
receive the message.
« It will open the message body
+ Read command
+ Switch case
1. Case Turn Right
—  Make pin no 7 (enable pin) of Arduino’s=1
— Make pin no 5 of Arduino’s =1
—  Make pin no 6 of Arduino’s =0
2. Case Turn Left
—  Make pin no 7 (enable pin) of Arduino’s=1
— Make pin no 5 of Arduino’s =0
—  Make pin no 6 of Arduino’s =1
3. Case Move Forward
—  Make pin no 4 (enable pin) of Arduino’s
— Make pin no 3 of Arduino’s =1
—  Make pin no 2 of Arduino’s =0
4. Case Move Backward
—  Make pin no 4 (enable pin) of Arduino’s=1
— Make pin no 3 of Arduino’s =0
—  Make pin no 2 of Arduino’s =1
5. Case Stop
— Make enable pin 1 that is connected to
Arduino’s pin number =0, regardless of input
pins
6. Case Open the door
—  Make pin no 8 (enable pin) of Arduino’s=1
— Make pin no 9 of Arduino’s =0
—  Make pin no 10 of Arduino’s =1
7. Case Close the door
—  Make pin no 8 (enable pin) of Arduino’s=1
— Make pin no 9 of Arduino’s =0
— Make pin no 10 of Arduino’s =0

5.3 Serial Message Structure

The structure of message consists of four parameters.
These parameters are message start, message ID, delay and
message end respectively. Message start will tell Arduino
that it is the start of new message, or new command is
ordered. Message ID will tell Arduino that which pin is
this, either it is turn left, turn right, move forward, move
backward, open door, close door, stop etc. Delay will tell
that for how much time, it would give delay after turning
this specific motor. Message end will tell Arduino that the
message is finished. When the Arduino will get the
message using com port, it will read the message or decode
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the message by tracking its Message ID. After decoding
the message structure, Arduino will enable that pin number
against some Message ID, and will give some delay with
the provided delay value. On the basis of Message ID,
Arduino will send signal to enable that pin. If the Message
structure consist of AE, 1, 3000, AF, then AE is the start of
new message, 1 is the Message 1D, 3000 is the delay time
of 3000 milliseconds, and AF is the end of that message.
Message ID 1 tells Arduino to Turn Right car, and give
delay of 3000 milliseconds after turn and it is the way that
how voice controlled robotic car will work. The structure
of message is elucidated in Figure 3. Message response
from Arduino is explained in this block diagram given in
Figure 4.

O

v
wait for . give some
serial msg Switch case “ delay ]
Msg Case '
Recieved "Turn Right” Disable input

pin

open Msg Enable input S8
body pin of Right @
Read Make the
Command wheel turn

right

L_/ L —

Fig. 4 Response algorithm of Structured Message

Msg Start | MsglD Msg End
DELAY
DELAY
DELAY
AE 3 (SEC) AF
DELAY
DELAY
DELAY
DELAY

Fig 3: Serial message structure
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6. Speech Recognition

The overall architecture of a speech recognition or speaker
verification system is shown in Figure 5 which begins from
speech uttering to speech recognition. When user utters
speech signal, it will first go for preprocessing.
Preprocessing is the mandatory step to do in speech
recognition because speech signal involves noise and we
can’t send it to the machine learning model directly, we
have to process it first. After preprocessing, this speech
signal is sent to Feature extraction algorithm that is MFCC
here [13]. It will extract the important features from voice
and cut down other irrelevant information. Then these
feature vectors will go for training in pattern matching
algorithm that is Hidden Markov Model (HMM) [14] [15].
This model will predict the pattern of the feature algorithm
and will result in recognized word at the end [16]. The
block diagram is shown in Figure 6.

Feature Vectors

DIepracessing Feature Extraction
- ad [ (FCO) 'Wm

Speech Signal

Fig 6. Preprocessing and Feature extraction

MEL FREQUENCY CEPSTRUM COEFFICIENT
MFCC converts a speech signal into a sequence of acoustic
feature vector to identify the components of linguistic
content and discarding all the other stuff which carries
information like background noise, emotion etc. The
purpose of this module is to convert the speech waveform
to some type of parametric representation. MFCC is used
to extract the unique features of speech samples. It
represents the short-term power spectrum of human speech
[17]. The MFCC technique makes use of two types of
filters, namely, linearly spaced filters and logarithmically
spaced filters. To capture the phonetically important
characteristics of speech, signal is expressed in the Mel
frequency scale. The Mel scale is mainly based on the
study of observing the pitch or frequency perceived by the
human. The scale is divided into the units mel. The Mel
scale is normally a linear mapping below 1000 Hz and
logarithmically spaced above 1000 Hz. MFCC consists of
six computational steps. Each step has its own function and
mathematical approaches as discussed briefly in the
following:

STEP 1: PRE-EMPHASIS

This step processes the passing of signal through a filter
which emphasizes higher frequency in the band of
frequencies the magnitude of some higher frequencies with
respect to magnitude of other lower frequencies in order to

improve the overall SNR. It increases & with this process
will increase the energy of signal at higher frequency.
STEP 2: FRAMING
The process of segmenting the sampled speech samples
into a small frame. The speech signal is divided into
frames of N samples. Adjacent frames are being separated
by M (M<N). Typical values used are M = 100 and N=
256(which is equivalent to ~ 30 m sec windowing).
STEP 3: HAMMING WINDOWING
Each individual frame is windowed so as to minimize the
signal discontinuities at the beginning and end of each
frame. Hamming window is used as window and it
integrates all the closest frequency lines. The Hamming
window equation is given as:

If the window is defined as

W (n), 0 <n <N-1 where

N = number of samples in each frame

Y[n] = Output signal

X (n) = input signal
W (n) = Hamming window, then the result of
windowing signal is shown below:
Y (n) =X (n) *W (n)
W (n) =0.54-0.46 Cos (2[[ n/N-1); 0 <n<N-1
STEP 4: FAST FOURIER TRANSFORM
To convert each frame of N samples from time domain
into frequency domain FFT is applied.
STEP 5: MEL FILTER BANK PROCESSING
The frequencies range in FFT spectrum is very wide and
voice signal does not follow the linear scale. The bank of
filters according to Mel scale as shown in Fig 6 is then
performed.
STEP 6: DISCRETE COSINE TRANSFORM
This is the process to convert the log Mel spectrum into
time domain using Discrete Cosine Transform (DCT). The
result of the conversion is called Mel Frequency Cepstrum
Coefficients. The set of coefficients is called acoustic
vectors. Therefore, each input utterance is transformed into
a sequence of acoustic vector.

7. Machine Learning Model for Speech
Recognition:

Hidden Markov Model (HMM) is a doubly stochastic
process with an underlying stochastic process that is not
observable (it is hidden), but can only be observed through
another set of stochastic processes that produce the
sequence of observed symbols [18], [19]. HMM creates
stochastic models from known utterances and compares the
probability that the unknown utterance was generated by
each model [17]. HMM can be characterized by following:

+ Transition probability matrix

» Emission probability matrix

+ Initial probability matrix
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* A=(A, B, n), is shorthand notation for an HMM.
Other notation is used in Hidden Markov Models are:
* 7= initial state distribution (i)
» A= state transition probabilities (aij)
» B = observation probability matrix (bj(k))
* N = number of states in the model {1,2...N} or the

state at time t —st

M = number of output observation symbols per
state

« 0={00, 01, ... OM-1} = Set of observation
symbols

» T = length of the observation sequence

* Q=1{q0,ql,..., gN—1} = Set of Hidden states

Smart-phone

Android App

Different Modules has been written in
Python which can be requested at author
email for testing.

Fig 7. System Flow Diagram

Fig 7. Clearly Shows that first the voice is captured
through smart-phone built in microphone in .3gpp
extension and then it writes to the external storage(SD) of
mobile phone and then it is transmitted to the laptop (using
socket connection) on which our speech recognizer is
running. When the .3gpp file is transmitted to the laptop

6. Conclusion and future work:

In this paper we have presented a voice recognition model
using MEL frequency cepstrum coefficient and Hidden
Markov Model for controlling a robotic car. This model
uses MFCC for voice feature extraction and then those
features are sent to HMM for voice recognition. This
model can be extended further in future to work in a noisy
environment by introducing some noise reduction
techniques. Moreover, various sensors can be added for
object detection and distance measurements with other
objects so as to improve the robotic car for autonomy [20].
Same voice recognition model can be applied to various
other application areas like voice controlled wheel chairs
for disabled and controlling various electronic devices and
appliances at home using voice.

Laptop

Java Application (.java)

¥

File storage Directory

4
Detect Changes in directory (.py)

¥

Wav converter (.py)

v

Silence remaoval {.py)

!

Speech Recognizer(.py)

from android phone, we cannot process .3gpp file from our
recognizer directly. We have to first convert it in .wav file

and then have to apply silence detection algorithm to
remove silence and then pass it to the recognizer and this
process continues. Note that we are calling Android
Program as Server and Java program as client only because
of Java program is sending the request to the android
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application and only has the permission to receive the file
while Android application has the right to accept the
connection and send file to the Java program. In our
speech recognition program, training is done on training
data once, but the program is running in infinite loop for
the testing file. Whenever new file is received, it will get
notified and process it and then recognize it. Now the
question is how it will be notified when new file is
received using java program in some directory. So, there is
the Python program which is watching the directory in
which Java program is receiving the new file and whenever
any new file is added in directory, it will check the
directory process the file and send it to the recognizer for
testing. When we record wav file through laptop mic in
wav format, there is much noise in the voice signal. And
after capturing the signal when we applied silence removal
on that signal, silence is not detected, it is recognizing
silence as noise and silence removal program could not
remove the silence. So, we write a simple application on
android, which capture the voice from built in microphone
of smart phone and without changing the signal, it writes
the file in SD card. Android phone does automatically
voice file saved in .3gpp extension and then we have sent
this file to our laptop and then convert it to wav file using
some library and then write it in new file with .wav
extension. So, | decided to use smart-phone to record
samples for training of my speech recognizer and for the
testing. purpose. Whenever data is available on serial, first
we will check that either it is a start of new message or not,
by checking first character that if it is ‘S’ or not, if it is a
start of message, it will reset the current index status to
zero, which is showing that we have not parse message 1D
and Delay value yet for the new message structure. After
checking for the start of message, it will parse MSG ID
char by char and when it encounters “,” in this message, it
will understand that MSD 1D is parsed, current index status
will be now “1” and then DELAY value will be parsed.
While parsing DELAY, char by char, when it encounters
“E”, that will show that it is the end of the message. Both
MSG ID and DELAY value would be store in array name
“Val”. It means at the index=0 of Val array, MSG ID will
be stored, and at index=1 of Val array, DELAY value will
be stored. When the message structure is parsed
successfully, then HIGH the enable pins, because we know
that we are using L293D IC and each IC has two enable
pins, and to do run any motor of any IC, we have to HIGH
the corresponding enable PINs. A lot of speech aware
applications are already there in the market. Various
dictations software has been developed by Dragon, IBM
and Philips. Genie is an interactive speech recognition
software developed by Microsoft. Various voice
navigation applications, one developed by AT&T, allow
users to control their computer by voice, like browsing the
Internet by voice. Many more applications of this kind are

appearing every day. Google Car developed by the big
giant google is also a big progress in the field of speech in
the field of speech recognition. But the thing is that, behind
these apps there are giants like google, Microsoft, iphone,
IBM. Such work at Universities lab will motivate
graduates and postgrads to develop these kinds of
application.
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