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Abstract—This paper examined a novel approach to the DSP
of sinusoids with MATLAB using the Discrete Fourier
Transform. A sinusoid is a mathematical curve that describes a
smooth periodic oscillation, and it can be used to study and
solve many real-world problems. In the field of computer
engineering, it can be used for studies on sampling of digital
signals and plotting in the time/frequency domain of discrete
signals. The study determined the effect of the sampling rate on
DFT. Findings reveal that an increase in sampling frequency or
duration will increase the size of the DFT. Also, a time and
frequency domain plot of the DFT signal was implemented. It
was concluded that more research should be encouraged in the
area of digital signal processing to study and solve real-life
problems. This article submitted a comprehensive introduction
to analogue signals and how to convert them to digital signals
supported by a theorem. It also submitted the importance of the
study and methodology of solution with a proposed method.

Keywords— DSP, Sinusoid Signal, Discrete Fourier Transform,
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I. INTRODUCTION

Signals are part of our daily lives and we are surrounded
by all kinds of signals in various forms. These signals are
either natural or manmade. Some examples of these natural
signals are speech, music, etc. Signals can be defined as any
time-varying or spatial-varying quantity. Examples include
speech or audio signal, which would be sound amplitude that
changes in time, electrical signals and temperature
measurements at various hours of a day, and variations in
stock prices over days. From an engineering standpoint,
signals are used for representing information [1, 2-6]. This
makes signal processing very important. Signal processing
operations include: capturing, enhancing, storing, and
transmitting useful information. In specific terms, signals
can exist in analogue and digital forms and digital signal
processing involves processes for capturing analogue
signals, converting them to digital signals, processing the
signal, analysing the signal and producing an output. Signals
can be classified as continuous or discrete [7, 8, 9]. In time
and amplitude, analogue signals change continuously and are
processed by electrical devices comprising active and
passive elements of the circuit. For example, analogue signal
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processing (ASP) includes the utilized of electrical tools like
multipliers, logic components, and the utilized of special-
purpose microprocessors for radio and television receivers.
When analogue signals are converted into a form suitable for
digital hardware, it is called a digital signal. A discrete-time
signal is a time sequence, sampled from a continuous-time
signal. A digital signal is a signal of discrete time which only
takes on a discrete set of values. Digital signal processing is
concerned with manipulation of signals by filtering analogue
signals to get desired digital output [10, 11, and 12]. Binary
numbers represent digital signals. Therefore, digital signal
processing is called the processing of digital signals. Signals
can be interpreted digitally as sinusoids, a mathematical
curve describing a smooth periodic oscillation. A continuous
wave is a sine wave flow. It is named after the sine function,
which is the graph of that function. In physics, the sine wave
is significant because when applied to another sine wave of
the same frequency and arbitrary phase, it maintains its wave
form [13, 14]. DSP functions such as sinusoid generation
can be applied to solve real life problems. MATLAB can be
used to incorporate digital signal processing. MATLAB is a
language for interactive programming that can be used to
implement DSP applications. It is a language for
programming at a high level. In research and industry, the kit
is widely used. In the following fields, it is particularly well
known: meteorology, aerospace and defence; automotive;
biotechnology, pharmaceutical, medical; and
communications [15, 16]. Specialist toolboxes are available
for a number of other applications, including static
applications, including Statistical research, financial
modelling, processing of photographs and so on. In this
paper, MATLAB is used to implement the digital signal
processing of sinusoids using Discrete Fourier Transform
(DFT) - Fast Fourier Transform.
¢ Importance of the study
This study is important in the following ways:

1. The study will help point out clearly how Discrete
Fourier Transform (DFT) is applied in DSP.

2. Simulation of signal sampling of sinusoids will be
implemented, thereby promoting knowledge in that
area of DSP.

3. The study will reveal how MATLAB can be used to
implement signal sampling of sinusoids using
Discrete Fourier Transform (DFT).

4. The study will reveal how a time domain and
frequency domain plot of DFT signal is
implemented.
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5. One of the premiere uses of MATLAB is in the
analysis of signal processing and control systems
this study will provide an application of signal
sampling.

6. In many technologies and applications, DSP is now
becoming a first choice primarily because of its
benefits, making it very important. It will help
stimulate interest in this area of research.

e Statement of problem and methodology of solution

There are many real life problems that can be solved by
studying their flow or pattern using digital signal processing
sinusoidal solution. These problems exist in different
spheres such as electronics, meteorology, health care, music,
entertainment, biology, waves, tides, electricity, etc.
Absence of an effective digital processing system brings
about error in interpretations, inaccuracy of measurements
and rates of flow. With sinusoids, patterns can be easily
recognized and relevant solution found and decision taken.
The DSP problem in this work is to simulate the effect of
sampling rate on DFT signals. Also, another problem is,
given a DFT signal, how can the time domain and frequency
domain of the signal be plotted. The methodology used for
solving the problem is applying DFT mathematical model
implemented as Fast Fourier Transform (FFT) by coding in
MATLAB.

o Concept of digital signal processing (DSP)

Digital signal processing can be viewed as the analysis
and handling of a data signal, such as sound, video, and
temperature, with the intention of using mathematical
models, such as Fourier Transform, to modify or enhance
them for a specific reason. DSP is used to act on various
types of signals in order to process, calculate or compress.
Analogue signals then contrast again by capturing the
necessary data and translating it into electrical pulses of
changing amplitude, while digital signal data is translated
into binary configuration where two discernible amplitudes
convey each bit of information. It is possible to interpret
analogue signals as sine waves, and digital signals are
described as square waves. DSP is applied in different
fields, such as image processing, chemical processing, radar
and sonar, and telecommunications. It is basically applied
when signals need to be compressed and reproduced. Figure
1 and 2 show the analogue and digital signal respectively
[17, 18].
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Figure 1. Analogue signal
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Figure 2. Digital signal
In implementing DSP, analogue signals are first caught.
Signals like sound, video, pressure, and temperature are

digitized and handled mathematically. This data will then be
expressed in a discrete time, a discrete frequency or other
discrete structures in order to be able to treat the data
carefully. In fact, an analogue-to - digital converter is
required for a digital design to take analogue signals and
convert them into Os and 1s [19, 20].

¢ Analogue to Digital Converter (ADC) & Digital to
Analogue Converter (DAC)

Interfaces are being modified by ADC and DAC. For any
variety of DSP in any region, analogue to digital converters
(ADC) and digital to analogue converters (DAC) are basic
ingredients. It is necessary for these two interfaces to modify
real signals to consider digital electronic devices in order to
receive and manipulate any analogue signal. For example,
ADC converts into a digital signal over the analogue signal
captured by an input to a sound device that can be generated
by speakers or screens [21].

e Sampling concept in digital signal processing

At a point in time and/or space, a sample is a value or set
of values. A sampler is a subsystem that generates samples
from continuous signal. Sampling is the reduction of a
continuous-time signal to a discrete-time signal in digital
signal processing. A typical example is the conversion to a
series of samples (a discrete-time signal) of a sound wave (a
continuous signal). At desired stages, a theoretical ideal
sampler generates samples equal to the instantaneous value
of the continuous signal. The original signal can be collected
from a sample sequence up to the Nyquist limit by passing
the sample sequence across a type of low-pass filter named a
reconstruction filter [21, 22].

For functions that vary in space, time, or any dimension,
sampling should be possible, and comparable results are
acquired in at least 2 or more dimensions. For functions that
change with time, let s(t) be a continuous function (or
'signal’) to be sampled, and let sampling be achieved by
measuring the continuous function value every T seconds,
which is called the sampling interval or the duration of the
sampling. A sampled function is then defined by the
sequence:

S (nT), for integer values of n. The average number of
samples obtained in one second (samples per second) is the
sampling frequency or sampling rate, fs, so fs = 1/T. A
traditional sampling application is sound sampling. For
sound reproduction, pulse-code modulation and digital
signals are used in sound sampling. This involves analogue-
to-digital (ADC), digital-to-analogue (DAC), storage, and
transmission conversion. In fact, the device widely referred
to as digital is actually a discrete-time, discrete-level analog
of a previous electrical analogue [21, 22].

Il. RESEARCH METHODOLOGY
The methodology of research is the basic techniques or
methods used to classify, pick, process, and evaluate
knowledge about a topic. The methodology can also be
seen as the general research approach that describes the
manner in which research is to be performed and defines
the methods to be used in it, among other items. This
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research used both qualitative and quantitative methods
and the sources of data collection were from secondary
sources such as, journal papers, text books, internet, etc.

I1l. RELATED WORKS

Several research works have been carried out that apply
sinusoidal solution to solving problems. For instance, [23]
wrote a paper on modelling and estimation of Climatic
Variable using Time Series Trigonometric Analysis. The
article focused on the effect of cyclical or sinusoidal
movement in some climatic variables on rainfall as factor
that maybe responsible for climate change in south western
Nigeria. The study revealed that analysis of sinusoidal
pattern can help in proper monitoring of climatic variables.

Also, [24] Modelling and simulation of disturbance of
power quality using MATLAB / SIMULINK were studied.
To evaluate the power efficiency, sinusoidal wave forms are
used. The wave was studied mainly via the four equations of
transformation. The results of the simulation and the
theoretical analysis indicate that the model could well
simulate the change in voltage and harmonic disturbance,
which can provide data and bases for power quality (PQ)
detection and identification, and further control steps.

In addition, [25], a study was conducted on simple, fast
and reliable sinusoidal signal frequency four-point
estimators. Two new sinusoidal signal frequency estimators
are introduced in this paper, measured on the basis of four
evenly spaced signal samples. These estimators are called
estimators of four points. Frequency tracking was also
conducted through simulation and experimental simulation.

Finally, [26] A journal paper was written on the
development and modelling of the Three-Phase Inverter for
Harmonic Change Sinusoidal Pulse Width Modulation
(SPWM) Control Technique. This paper demonstrated the
design of a 400 V, three-phase voltage source inverter
device using the Sinusoidal Pulse Width Modulation
(SPWM) control technique. An internal control technique is
Pulse Width Modulation (PWM) for inverters. The aim is to
reduce the harmonics that the inverter produces.

IV.MODELS AND RELATED THEORY

o Mathematical model of discrete Fourier transform
(DFT)

In science and engineering, discrete Fourier Transform
(DFT) is applied to discrete data processing, for example for
optical and acoustic signal processing, spectrum analysis,
etc. Applications for data processing in electronic
measurements, — for example for signal separation,
amplitude and phase measurement, and filtering of discrete
data, are increasingly being defined by the DFT.

The following need to be understood about Discrete
Fourier Transform (DFT) [19]:

1. DFT of a time signal is a sampled version of the
spectrum of the signal over some finite frequency
range.

2. DFT is very useful in computationally intensive
filtering, convolution, or correlation applications
where it is often more efficient to do calculations in
the frequency domain instead of the time domain.

3. DFT can be well computed using Fast Fourier
Transform technique.
The mathematical expression of Fourier transform (FT) is
defined as in Equation 1 and Equation 2 below [19]:

x(t) = | X(H*™ df (1)

X(f) = [ x(t)e?™ dt 2

Where the signal x(t) is a general analogue time signal
while X(f) is the spectrum of the time signal. Both are
analogue. Sampling the analogue time signal results to the
Discrete-Time Fourier Transform (DTFT) as shown in
Equation 3 and Equation 4 [19]:

x(n) = [ X (fe™™" df ?)
n=too

Xp(h) = ¥ x(n)e*™ 4)
N=-oco

To avoid aliasing, the time signal, x (t), must be
sampled at a sufficient rate. Sampling Xp(f) over one period
or an integer number of periods leads to the Discrete Fourier
Transform (DFT) as shown in Equation 5 and Equation 6
[19]:

N-1
x(n) = (I/N) ¥ Xq(K)e”™ N (5)
K=0
N-1
Xr(k) = ¥, x(n)e”™™ (6)
K=0

The signal x(n) is created by taking N samples of
the original signal x(t) over some finite duration of time, D.

The signal XT(k) is the DFT of the analogue time signal
X(t).
¢ Nyquist-Shannon Sampling Theory

In the form of equidistant discrete points or samples, the
Nyquist-Shannon  Sampling principle states that a
continuous-time (or analogue) signal can be stored in a
digital computer. The greater the sampling rate (or sampling
frequency, fS), the more precise the information stored and
the reconstruction of the signal from its samples will be.
However, a high sampling rate generates a large amount of
data to be processed and the use of a very fast analogue-to -
digital converter is mandatory. The Nyquist-Shannon
sampling theorem is a theorem in the digital signal
processing field that serves as a fundamental bridge between
continuous-time and discrete-time signals. It sets a suitable
condition for a sample rate that allows a discrete sequence of
samples to collect all information from a continuous-time
signal of finite bandwidth.
Strictly speaking, the theorem only applies to a class of
mathematical functions that have a zero Fourier
transformation outside of a finite frequency region. The
sampling theorem presents the concept of a sample rate that
is sufficient for perfect fidelity for the class of functions that
are band-limited to a given bandwidth, so that no real
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information is lost in the sampling process. It outlines the
sufficient sampling rate in terms of bandwidth for the class
of functions. In addition, the theorem leads to a function for
the original continuous-time feature from the samples to be
consummately reconstructed.

V. PROPOSED METHOD

In order to see the effects of sampling rate in DFT,
two different sampling frequencies are chosen: 5 Hz and 32
Hz. This study revealed that an increase in sampling
frequency or duration will increase the size of the DFT
which in turn increases computational complexity. The
effect of increasing the sampling rate (from 5Hz to 32Hz) on
the accuracy of the DFT. at the lower sampling rate of 5 Hz,
the accuracy of the signal starts to degrade around 0.5 Hz
due to sampling. However, a sampling rate of 32 Hz
produces a very accurate sampled spectrum.

VI.RESULTS AND DISCUSSION

In this study, a simulation of the effect of sampling
rate on DFT signal is executed with MATLAB using DFT-
FFT function. The signal is defined by the decaying
exponential Equation 7:

X(t) =te' (2X(f) = U(1+2rd)>  (7)

The signal and its spectrum are first plotted using MATLAB
code as shown in Figure 3 below:
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Figure 3. Spectrum plot of signal

To compute a Discrete Fourier Transform (DFT),
the time signal x (t) needs to be sampled over a duration of
time (D). The duration of time used is 10 seconds. Following
the Nyquist Theorem, the sampling frequency should be at
least twice the bandwidth of the signal. In order to see the
effects of sampling rate, two different sampling frequencies
are chosen: 5 Hz and 32 Hz. The output of the MATLAB
code shows that an increase in sampling frequency or
duration will increase the size of the DFT which in turn
increases computational complexity. Figure 4 shows the
effect of increasing the sampling rate (from 5Hz to 32Hz) on
the accuracy of the DFT. at the lower sampling rate of 5 Hz,
the accuracy of the signal starts to degrade around 0.5 Hz
due to sampling. However, a sampling rate of 32 Hz
produces a very accurate sampled spectrum.

Figure 4. DFT FFT plot of signal

And Figure 5 shows the time domain signal and the
frequency domain DFT-FFT signal. The observation time
NDFT T sample is an integer multiple of the period T, of the
signal.
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Figure 5. Time domain signal and frequency Domain DFT-
FFT signal

VII. CONCLUSION

This paper focused on novel approach to digital
signal processing of sinusoids with MATLAB using Discrete
Fourier Transform (DFT). It was revealed that sinusoids can
be applied to model and solve many real life problems Such
as: signal sampling, engineering applications, daylight hours
over time, population growth / decay over time, heights of
ocean waves (high and low tides) over time, sound waves,
environmental issues, and electric currents. In this work,
sinusoidal solution was applied to model the effect of
sampling rate on a signal at a given frequency and number of
samples, a sinusoidal of the signal is plotted using
MATLAB DFT-FFT function. It is very important that
research in the area of applying sinusoids to solve problems
be encouraged.
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