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Abstract 

An increasingly popular way to interact with machines is to simply talk to 
them. However, there is often a trade-off between ease of use and system 
complexity. Thus, the main objective of this project is to design and 
implement a voice control car using RF technology for wireless data 
transmission it is capable of accurately identifying a single sound while 
remaining simple and fast. For this purpose, an algorithm like Linear 
Predictive Coding is prototyped and tested using MATLAB. On the 
hardware side we interfaced RF module with Microcontroller, speech 
recognition is performed using PC, Microcontroller then convert bits from 
serial port to message and transmit it, receiving side RF respond and order 
car to move, Speech is a complex and non stationary signal produced as a 
result of several and complex transformations, sound signal changes a lot 
due to many factors so it is not possible to have 100% accurate result, Result 
of our system are more than 70 percent, The system as though looks 
astonishing for lay man but we are hoping that this could be a small step for 
helping blind and disable people to solve their everyday problems. 
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Chapter 1 
Introduction 
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Speech recognition has emerged a lot during past few years and project like voice 
controlled browser, wheel chair, speech control home appliances, and most recently used 
by Microsoft for its upcoming gaming machine to control its power and software menu 
through human voice, and ours project voice control robotic car are astonishing for lay 
man. We design a car which could be controlled by human voice. Basic steps for the 
project are: first sound is converted from analog to digital form then voice is converted 
from time domain to frequency domain using Fast Fourier Transform finally matching is 
done using LPC and HMM. First we will train speaker voice by taking average samples 
and then these fingerprints will be compared if it matches. Matlab or Visual Studio will 
send bit through Serial Port to RF module via Microcontroller, RF will convert bit from 
Microcontroller to message and send it to the Receiver, and on the other hand 
Microcontroller will check the received message and move the Car. 

Figure 1.1: General System 

Speech Recognition converts spoken words to machine-readable input; the human hearing 
system is capable of capturing noise over a very wide frequency spectrum, from 20 Hz on 
the low frequency end to upwards of 20,000 Hz on the high frequency end. The human 
voice, however, does not have this kind of range. Typical frequencies for the human voice 
are on the order of 100 Hz to 2,000 Hz. Human voice slightly changes with mood, 
speaking after sleeping, illness, with environment etc. So it is not an easy task to get 100 
percent or even 90 percent perfect results each and every time. 

 
1.1 Objectives: 

• Voice Acquisition 
• A/D Conversion 
• Fourier Transform 
• Linear Predictive Coding 
• Hidden Markov Models 
• Serial Port Interfacing 
• Interfaced Microcontroller with RF Module on both transmitting and receiver side 
• Car Controlling 
 

1.2 How Voice is Generated? 

Speech organs are located in the mouth and throat when we speak air push out from lungs 
through the larynx and epiglottis by breaking the vocal cords producing a continuous tone 
whose pitch can be changed by shape of larynx. 
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Figure 1.2: Human Neck 

Voice production occurs in larynx during breathing vocal cords are separated but during 
speech the cartilages of larynx comes closer by the action of muscles as shown in the 
figure above. The tension of vibrating cord changed when cartilages comes closed to each 
other and this alters the pitch of the spoken sound this way high nodes are produce by the 
vibration of tight vocal cords and low nodes are produced by vibrating loose cords. [1] 

 
1.3 Sound: 

Sounds are pressure waves of air. If there wasn’t any air, we wouldn’t be able to hear 
sounds. When you clap your hands, the air that was between your hands is pushed aside. 
This increases the air pressure in the space near your hands, because more air molecules 
are temporarily compressed into less space. The high pressure pushes the air molecules 
outwards in all directions at the speed of sound, which is about 340 meters per second. 
When the pressure wave reaches your ear, it pushes on your eardrum slightly, causing you 
to hear the clap. [2] 

 
Figure 1.3: Sound Wave 

 
1.3.1 Analog Signal: 

Analog signals were first used in the 1800’s; it is continuous electrical signals that vary in 
time. Analog signals are continuous where digital signals are discrete. [2] 
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Figure 1.4: Analog Signal 

Its two important characteristics are Frequency and Amplitude. Frequency is measured in 
Hz or cycles per second. Humans can hear frequencies between 20 Hz and 20,000 Hz (20 
KHz). Amplitude is measured in decibels; Sound is simply pressure waves in air 
converted to electrical signals by a microphone. Disadvantage of analog signal are signals 
may fade with time and distance, signals may get combined with interference from other 
sources (static) etc. 

 
1.3.2 Digital Signal: 

With a digital signal, we are using an analog signal to transmit numbers, which we 
convert into bits and then transmit the bits. Suppose we want to transmit the number 6. In 
binary, that number is 110. We first decide that, “high” mean a 1 and “low” mean a 0. 
Thus, 6 might look like: 

 
Figure 1.5: Digital Signal 

The black line is the signal, which rises to the maximum to indicate a 1 and falls to the 
minimum to indicate a 0. [2] 

1.3.3 Degradation and Restoration of Digital Signal: 

One the basic advantage of digital signal over analog is that it can be restored because we 
know that each bit is either 0 or 1. Thus, the previous signal might be degraded to the 
following: 
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Figure 1.6: Analog Degraded and Digital Signal 

Despite the general noise of the signal, we can still figure out which are the 0s and which 
are the 1s, and restore it. This restoration isn’t possible with analog signals, because with 
analog there aren’t just two possibilities. Analog signals are continuous where digital 
signals are discrete. Analog signals are continuously varying where digital signals are 
based on 0’s and 1’s (ON’s and OFF’s). As an example, consider a light switch that is 
either ON or OFF (digital) and a dimmer switch (analog) that allows you to vary the light 
in different degrees of brightness. [2] 

 
1.4 Sampling: 

Analog signals are continuous in time. In digital signal processing, we do not use the 
whole analog signal but replace it by its amplitudes taken at regular intervals. This is 
sampling. The problem is we must sample the signal so that from the samples we can 
reconstruct the original analog signal perfectly. In short sampling is taking discrete 
samples after regular time interval. [2] 

 
Figure 1.7: Sampling 

 
1.4.1 Quantization: 

Quantization is defined as the process of converting an analog signal to digital 
representation. It is performed by an analog to digital converter. If we convert analog 
signals to digital data advantage is that we can manipulate or calculate through powerful 
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computer and software’s. To do this we must sample our analog waveform at well 
defined discrete times so we can maintain a close relationship between time in analog 
domain and time in digital domain. If we do this we can construct the signal in the digital 
domain, do our processing on it and then later reconstruct it back to analog if needed. [2] 

Figure 1.8: Quantization 
 

1.4.2 Nyquist Theorem: 

Any analog signal consists of components at various frequencies; the highest frequency 
component in an analog signal determines the bandwidth of that signal. Higher the 
frequency, greater the bandwidth. Suppose the highest frequency component or a given 
analog signal is F (MAX). According to the Nyquist Theorem, the sampling rate must be 
at least 2F (MAX), or twice the highest analog frequency component. If the sampling rate 
is less than 2F (MAX), some of the highest frequency components in the analog input 
signal will not be correctly represented in the digitized output. When such a digital signal 
is converted back to analog form by a digital-to-analog converter, false frequency 
components appear that were not in the original analog signal. This undesirable condition 
is called aliasing. [2] 

 
1.4.3 Sampling Rate: 

Sampling rate determines the sound frequency range; the range of frequencies represented 
in a waveform is called its bandwidth. Waveforms sampled at a high sampling rate can 
represent a broad range of frequencies and hence have broad bandwidth. In fact, the 
maximum bandwidth of a sampled waveform is determined exactly by its sampling rate; 
the maximum frequency represent able in a sampled waveform is called its Nyquist 
Frequency, and is equal to one half the sampling rates. [2] 

 
1.4.4 Aliasing: 

If a signal is sampled at sampling rate smaller than twice the Nyquist frequency false 
lower frequency components appear in the sampled data this is called aliasing. For 
example, the human ear can hear sounds from 20 - 20,000Hz. This means that if we want 
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to recreate an audio signal with the complete range of recorded frequencies we must 
sample the signal at a minimum of 40,000Hz. [2] 

Figure 1.9: Aliasing 

The alias frequency is the absolute value of the difference between the frequency of the 
input signal and the closest integer multiple of the sampling rate as an example, consider 
an input signal containing several frequencies. Assuming Fs the sampling frequency is 
100 Hz therefore the Nyquist frequency = fs/2 = 50Hz. Using the Nyquist theorem 
frequencies below the Nyquist frequency are sampled correctly and the frequencies above 
the Nyquist frequency appear as aliases. 

 
1.5 Time Domain: 

Here is a signal in domain one way to represent this signal is the sum of numbers that 
occurred each point in time take a look at the figure the value of function f(t) at time t1 
here is the number f(t1) at this particular time d(t – t1). [3] 

 
Figure 1.10: Time Domain 

In order to create entire signal rather than just one point representation time is varied to 
have access to all point. So another way to represent this signal is by the sum of the 
numbers that occurs each point in time multiplied by the delta function of each point. 

∑ ݂ ሺݐ௡ሻ ߜሺݐ –  ௡ሻ                    (1.1)ݐ

As this equation show signal in time domain is sum of amplitudes at discrete points in 
time and we sum up the entire signal in time to get our function. 
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1.6 Frequency Domain: 

It is a representation in which signal strength can be represented graphically as a function 
of frequency, instead of a function of time. 

 
1.6.1 Fourier Transform: 

Fourier transform convert signals from time domain to frequency domain, Voice is 
consist of various frequencies of low and high magnitude so in order to extract these 
frequencies Fourier Transform is used. Fourier transform convert signal from time domain 
into frequency domain. 
 
Mathematical Representation: 

׬ ݂ሺݐሻ݁௝ఠ௧ݐߜஶ
ିஶ         (1.2) 

  Where:       ݁േ௝௫ ൌ ሻݔሺݏ݋ܿ   േ  ሻ                            (1.3)ݔሺ݊݅ݏ݆ 

This equation tells us that we have to multiply our function f(t) with ݁௝ఠ௧, so to make it 
easier that function is represented in sine and cosine component. [3] 

Discrete Representation: 

ሺ݊ሻݔ ൌ  ଵ
ே

∑ ܺሺ݇ሻ݁ି௝௞ଶగ௡/ேேିଵ
௞ୀ଴   for: n = 0 --- N-1      (1.4) 

N represents number of DFT points X(k) is our function and k varies from zero to N-1. 

 
Figure 1.11: Fourier Transform Block Diagram 
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1.6.2 Fast Fourier Transform:  

If we look at the equation of discrete Fourier transform you will see that it is complicated 
to work out with many addition and multiplications involving complex numbers as well 
even a single N=8 point DFT requires (N-1)2 complex multiplications and N(N-1) 
complex addition while FFT approach is to break down one large problem into smaller 
chunks and thus it will reduce a lot of calculation resulting fast performance, we can say 
that FFT (Fast Fourier Transform) is the less computation approach for solving DFT 
(Discrete Fourier Transform). [3] 

 
1.7 Linear Predictive Coding: 

Linear Predictive Coding (or LPC) is a method of predicting a sample of a speech signal 
based on several previous samples. We can use the LPC coefficients to separate a speech 
signal into two parts: the transfer function (which contains the vocal quality) and 
the excitation (which contains the pitch). We can predict that the nth sample in a sequence 
of speech samples is represented by the weighted sum of the “p” previous samples: 

ݏ ൌ  ∑ ܽ௞ݔሾ݊ െ ݇ሿ ൅  ݁ሾ݊ሿ௉
௞ୀଵ             (1.5) 

We take the Z-transform of above equation: 

ሺܼሻܧ ൌ ܵሺܼሻ െ  ∑ ܽ௞ܵሾܼሿܼି௞௉
௞ୀଵ         (1.6) 

ሺܼሻܧ ൌ ܵሺܼሻ ሾ1 െ  ∑ ܽ௞ܼି௞ሿ  ൌ  ܵሺܼሻ כ ሺܼሻ௉ܣ
௞ୀଵ        (1.7) 

In speech processing, computing the LPC coefficients of a signal gives us its ak values. 
We can get the filter A(z). A(z) is the transfer function between the original signal s[n] 
and the excitation component e[n]. The transfer function of a speech signal is the part 
dealing with the voice quality: what distinguishes one person’s voice from another. The 
excitation component of a speech signal is the part dealing with the particular sounds and 
words that are produced. In the time domain, the excitation and transfer function are 
convolved to create the output voice signal. As shown in the figure below, we can put the 
original signal through the filter to get the excitation component. Putting the excitation 
component through the inverse filter (1 / A(z)) gives us the original signal back. 

 
Figure 1.12: Using Linear Predictive Coding to separate the two parts of a speech signal 
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deterministic Markov model that is, one where knowledge of the emitted symbol does not 
determine the state-transition. This means that in order to determine the probability of a 
given string, we must take more than one path through the states into account. [9] 

 
1.9.1 Markov Random Processes: 

A random sequence has the Markov property if its distribution is determined solely by its 
current state. Any random process having this property is called Markov Random 
Process. For observable state sequences (state is known from data), this leads to a Markov 
Chain Model. For non-observable states, this leads to a Hidden Markov Model (HMM). 

 
1.9.2 Time-Based Models: 

The models typically examined by statistics: 

• Simple Parametric Distributions 
• Discrete Distribution Estimates  

These are typically based on what is called the “independence assumption”. Each data 
point is independent of the others, and there is no time-sequencing or ordering. 

In Hidden Markov Model: 

• States are not observable. 
• Discrete observations {v1, v2 ..., vM} are recorded; a probabilistic function of the state. 
• Emission probabilities Bj(m) ≡ P(Ot=Vm | Qt=Sj) 
• Example: In each turn, there are balls of different colors, but with different probabilities. 
• For each observation sequence, there are multiple state sequences [9] 

 
1.9.3 From Markov To Hidden Markov: 

The previous model assumes that each state can be uniquely associated with an 
observable event. Once an observation is made, the state of the system is then trivially 
retrieved. His model, however, is too restrictive to be of practical use for most realistic 
problems to make the model more flexible, we will assume that the outcomes or 
observations of the model are a probabilistic function of each state. Each state can 
produce a number of outputs according to a unique probability distribution, and each 
distinct output can potentially be generated at any state. These are known a Hidden 
Markov Models (HMM), because the state sequence is not directly observable, it can only 
be approximated from the sequence of observations produced by the system. [9] 

 
 

 


