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[bookmark: _Toc193185568]Abstract
This report covers Fourier Transform and how it is essential to applications of engineering and science. It will discuss the many types of waveforms and how to recognise them. Fourier transform vs Fourier Series. Harmonics in power systems and waveforms. MATLAB is used to generate and analyse waveforms, including different methods of fourier analysis. The code used in MATLAB is explained to support the analysis. 


[bookmark: _Toc193185569]Introduction
This assignment provides extensive research of fourier analysis techniques, supported by reliable evidence. It explores the different types of waveforms and some recognition methods to differentiate between them. The report shows the application of Fourier analysis methods with its benefits and limitations. The report aims to demonstrate the importance of Fourier transform in engineering through code on MATLAB. MATLAB has been used to generate various graphs using Fast Fourier Transform (FFT) and Inverse Fourier Transform (IFFT) techniques. 


[bookmark: _Toc193185570]Task 1
[bookmark: _Toc193185571]Types of Waveforms
The most common periodic waveforms are sine, triangle, square and sawtooth. These are called periodic as they can be repeated to produce a constant tone. (Comeau, 2019a)
[bookmark: _Toc193185572]Simple Periodic
A sine wave looks smooth and clean, just as it sounds. It is the most basic waveform there is, the sound or frequency is only made up of 1 thing. A square wave is very recognizable since it is either “ON” or “OFF” making it look like a square when it moves from 0 to 1 and 1 to 0. A triangle waveform looks just like it sounds and it’s like a sine wave but with straight lines. The sawtooth waveform is much more jagged than the rest, it is the richest in terms of harmonics. This means it is a great choice for when you are working with subtractive synthesis, which is when you construct a sound by filtering out frequencies. (Robehmed, 2019)
[bookmark: _Toc193185573]Complex Periodic
Complex periodic waveforms are the result of combining the instantaneous amplitudes of two or more sine waves. (LearnAboutElectronics, 2020) Impulse waveforms refer to an upward movement in uptrends or downward movement in downtrend, meaning it has irregular pulses or spikes. (Chen, 2023) Noise waveforms or audio waveforms is the vibration of air molecules, which is how sound travels. A waveform describes a wave by graphing how an air molecule is displaced, over time. Amplitude is the strength of a wave's effect; the higher the amplitude, the more the air molecules are displaced. (Comeau, 2019b)


[bookmark: _Toc193185574]Fourier Transform vs Fourier Series
Fourier Transform is an important mathematical tool used in many fields including vibration analysis, audio engineering, and image processing. Fourier Transform is used to transform a time domain signal into the frequency domain. This usually makes the signal easier to understand. (Siemens, 2020) The Fourier series are applicable to periodic signals. They were discovered by the famous French mathematician Joseph Fourier in 1807. By using the Fourier series, a periodic signal satisfying certain conditions can be expanded into an infinite sum of sine and cosine functions. (Testbook, 2024) Therefore, the difference between transform and series transform is the application ability. The fourier transform can only be applied to non-periodic signals. The fourier series can only be applied to periodic signals. Fourier series can be expanded into an infinite sum of sine and cosine functions. Fourier series can help break down complex signals into sine waves for easy understanding.
[bookmark: _Toc193185575]Harmonics in Power Systems
Harmonics represent the periodic function in the fourier series. For example. N=1, 3, 5 are all harmonics and will each contribute to the shape of a sine wave. Harmonics play a crucial role in power systems because they control signal quality and system performance. The objective of harmonic analysis in power systems is to find both the origin and intensity of harmonic distortion present within the system. This analysis involves performing measurements at various locations throughout the power system, followed by methods to detect and quantify harmonics and their impact on system performance. 



[bookmark: _Toc193185576]Harmonic Patterns in Waveforms
The triangular waveform is built from odd-numbered harmonics, with each harmonic getting smaller as the harmonic number increases. This waveform decreases as 1/n2  This setup of harmonics and their sizes gives the triangular waveform size, setting it apart from other types of waveforms like square waves or sawtooth waves, which have different harmonic patterns. (Allelco Limited, 2023)A sawtooth waveform contains both odd and even harmonics with amplitudes that decreases as 1/n. A square wave only uses odd harmonics, like triangular, but the amplitudes decrease as 1/n, also like a sawtooth. 
[bookmark: _Toc193185577]Limits of the FFT (Fast Fourier Transform)
Resolution limits: If the sampling rate is too low higher frequencies will be misinterpreted as lower frequencies.
Noise Sensitivity: The FFT is sensitive to noise. This sensitivity can make it challenging to analyse signals with low signal. (NTi Audio, 2019)
Periodicity: The FFT needs input signals that are periodic. When a signal is not periodic, the FFT will produce inaccurate results of the signals frequency.
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[bookmark: _Toc193185579]Rectangular Generation
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[bookmark: _Toc193184937]Figure 1: Graph shows rectangular waveforms with different number of harmonics applied



[bookmark: _Toc193185580]Sawtooth Generation
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[bookmark: _Toc193184938]Figure 2: Graphs show sawtooth waveforms with different number of harmonics applied

[bookmark: _Toc193185581]Analysis and Discussion
After plotting both waveforms, I found the amount of frequency ripples increases with the number of harmonics added. The sawtooth waveform shape gets closer to the original appearance the more harmonics added. Whereas the rectangular waveform does not, it just appears more distorted. High harmonics are important for waveforms like sawtooth and rectangular as they require this to shape smooth or sharp edges and lines. Without high harmonics, like my examples, the waveform does not develop the shape they are usually familiarised with.


[bookmark: _Toc193185582]Task 3
[bookmark: _Toc193185583]Task A
Signal = x = 4 sinc (4πf)
x(t) = {1,-2 ≤ +n< 2} {0, otherwise}









Plot the Fourier Transform as a Real Function
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[bookmark: _Toc193184939]Figure 3: Graph shows the fourier transform as a real function

Plot the Fourier Transform of x(t) as a Complex Function
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[bookmark: _Toc193184940]Figure 4:  The top graph represents the real part of the fourier transform and the bottom represents the imaginary part. This is a complex function.


Separate the Amplitude and Phase Spectrum
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[bookmark: _Toc193184941]Figure 5: The top graph shows the amplitude spectrum. The bottom graph shows the phase spectrum.

[bookmark: _Toc193185584]Analysis
The first graph shows the real part of the signal. The height of the results shows that most of the signal’s energy is concentrated at low frequencies. The width shows the time used (T=4) results in a narrow frequency response. 
The second graph focuses on the complex function of x(t). This image shows 2 graphs, the real and imaginary. The imaginary graph is flat which means there is not any frequency, frequency = 0. 
The third part of this section stated that I needed to separate the amplitude and phase spectrum. There are 2 graphs to look at here. The first graph (Amplitude Spectrum) shows a spike towards the middle like the results of the real part. The second graph (Phase spectrum) has high frequency where all frequency is at 3 throughout but skips at 0.



[bookmark: _Toc193185585]Part B
Signal = y(t) = e-7|t|





e(7-2jπf)t = 0 when t = 0

Fourier transform: 


MATLAB Code[image: A screenshot of a computer program
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[bookmark: _Toc193184942]Figure 6: This graph shows the real part of the fourier transform.

[bookmark: _Toc193185586]Analysis
Using MATLAB’s trapz function this graph shows a high peak when the frequency comes close to 0. This shows there is a low frequency signal. To reconstruct the original signal the imaginary and magnitude is needed.
[bookmark: _Toc193185587]Task 4
[bookmark: _Toc193185588]Plot the Amplitude Spectrum and Applying FFT 
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[bookmark: _Toc193184943]Figure 7: This graph shows the original signal of x(t)
Analysis
The graph shows the original signal of x(t), measured in time (s) and amplitude. 
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[bookmark: _Toc193184944]Figure 8: This graph shows the amplitude spectrum and applied FFT to the original signal
[bookmark: _Toc193185589]Analysis
The results show high amplitude frequency jumps at 4 points. The amplitude jumps at these points because of the numbers inside of the x(t) signal. The numbers are 140, 160, 350 and 420 in Hz.

[bookmark: _Toc193185590]Signal Recovery in Inverse FFT (IFFT) with Full Frequency Components
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[bookmark: _Toc193184945]Figure 9 This graph shows the original and IFFT signal with all frequency components
[bookmark: _Toc193185591]Analysis
The results shown are the inverse of the original signal, but they share the same amplitude and time.

[bookmark: _Toc193185592]Signal Recovery with Partial Frequency Components
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[bookmark: _Toc193184946]Figure 10 This graph shows the original signal and the filtered signal with only 140 and 160hz.
[bookmark: _Toc193185593]Analysis
This is the only noticeable signal difference. The difference here is that I have filtered out the higher frequency numbers of 350 and 420Hz. The results show a much calmer amplitude.

[bookmark: _Toc193185594]Conclusion
This assignment contains information backed by reliable evidence. The report explained the types of waveforms and how to recognise them. The report includes different methods of fourier analysis, including fourier transform and series. Inside of these fourier analysis methods comes benefits and limitations, particularly in use of power systems and signal processing. Using MATLAB, there has been a number of graphs and code generated to calculate and present the questions. Some of the graphs inside this report include the use of Fast Fourier Transfer (FFT) and Inverse Fourier Transform (IFFT). 
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y4=a0+(2/n*pi)*sin(n*w*t);

n=9;
y5=a0+(2/n*pi)*sin(n*w*t);
z=(y1l+y2+y3+y4+y5);
subplot(2,2,2);
plot(t,z,'b");

title('Five Harmonics') %title for graph
xlabel('Time(s)') %labels the x axis
ylabel('Amplitude') %labels the y axis

%Nine Harmonics

n=1;
yl=a0+(2/n*pi)*sin(n*w*t);

n=3;
y2=a0+(2/n*pi)*sin(n*w*t);

n=5;
y3=a0+(2/n*pi)*sin(n*w*t);

n=7;
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y4=a0+(2/n*pi)*sin(n*w*t);

n=9;
y5=a0+(2/n*pi)*sin(n*w*t);

n=11;
y6=a0+(2/n*pi)*sin(n*w*t);

n=13;
y7=a0+(2/n*pi)*sin(n*w*t);

n=15;
y8=a0+(2/n*pi)*sin(n*w*t);

n=17;
y9=a0+(2/n*pi)*sin(n*w*t);

z1=(y1+y2+y3+y4+y5+y6+y7+y8+y9);
subplot(2,2,3);

plot(t,z1,'g");

title('Nine Harmonics') %title for graph
xlabel('Time(s)') %labels the x axis
ylabel('Amplitude') %labels the y axis
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%Eleven Harmonics

n=1;
yl=a0+(2/n*pi)*sin(n*w*t);

n=3;
y2=a0+(2/n*pi)*sin(n*w*t);

n=5;
y3=a0+(2/n*pi)*sin(n*w*t);

n=7;
y4=a0+(2/n*pi)*sin(n*w*t);

n=9;
y5=a0+(2/n*pi)*sin(n*w*t);

n=11;
y6=a0+(2/n*pi)*sin(n*w*t);

n=13;
y7=a0+(2/n*pi)*sin(n*w*t);

n=15;
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y8=ae+(2/n*pi)*sin(n*w*t);

n=17;
y9=a0+(2/n*pi)*sin(n*w*t);

n=19;
y10=2a0+(2/n*pi)*sin(n*w*t);

n=21;
y11=a0+(2/n*pi)*sin(n*w*t);

22=(y1+y2+y3+y4+y5+y6+y7+y8+y9+y10+yll);
subplot(2,2,4);

plot(t,z2);

title('Eleven Harmonics') %title for graph
xlabel('Time(s)') %labels the x axis
ylabel('Amplitude') %labels the y axis
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% Creating a Sawtooth Waveform
w=1; %omega value

n=1; %number of harmonics

a0=0; %constant DC parameter
t=0:0.01:6*pi; %time between table

%Three Harmonics
n=1; %1st Harmonic
yl=a0+(2/n*pi)*sin(n*w*t);

n=2; %2nd Harmonic
y2=a0+(2/n*pi)*sin(n*w*t);

n=3; %3rd Harmonic
y3=a0+(2/n*pi)*sin(n*w*t);

z3=(yl+y2+y3);

subplot(2,2,1);

plot(t,z3,'r");

title('Three Harmonics') %title for graph
xlabel('Time(s)') %labels the x axis
ylabel('Amplitude') %labels the y axis

%Five harmonics
n=1; %1st Harmonic
yl=a0+(2/n*pi)*sin(n*w*t);




image9.png
26
27
28
29
30
31
32
33
34
35
36
37
38
39
40
41
42
43
a4
45
46
47
48
49
50

n=2; %2nd Harmonic
y2=a0+(2/n*pi)*sin(n*w*t);

n=3; %3rd Harmonic
y3=a0+(2/n*pi)*sin(n*w*t);

n=4; %A4th Harmonic
y4=a0+(2/n*pi)*sin(n*w*t);

n=5; %5th Harmonic
y5=a0+(2/n*pi)*sin(n*w*t);
z=(y1l+y2+y3+y4+y5);

subplot(2,2,2);

plot(t,z,'b");

title('Five Harmonics') %title for graph
xlabel('Time(s)') %labels the x axis
ylabel('Amplitude') %labels the y axis

%Nine Harmonics

n=1; %1st Harmonic
yl=a0+(2/n*pi)*sin(n*w*t);

n=2; %2nd Harmonic
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y2=a0+(2/n*pi)*sin(n*w*t);

n=3; %3rd Harmonic
y3=a0+(2/n*pi)*sin(n*w*t);

n=4; %A4rd Harmonic
y4=a0+(2/n*pi)*sin(n*w*t);

n=5; %5th Harmonic
y5=a0+(2/n*pi)*sin(n*w*t);

n=6; %6th Harmonic
y6=a0+(2/n*pi)*sin(n*w*t);

n=7; %7th Harmonic
y7=a0+(2/n*pi)*sin(n*w*t);

n=8; %8th Harmonic
y8=a0+(2/n*pi)*sin(n*w*t);

n=9; %9th Harmonic
y9=a0+(2/n*pi)*sin(n*w*t);

z1=(y1+y2+y3+y4+y5+y6+y7+y8+y9);

subplot(2,2,3);
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76 plot(t,z1,'g");

77 title('Nine Harmonics') %title for graph
78 xlabel('Time(s)') %labels the x axis
79 ylabel('Amplitude') %labels the y axis
80

81 %Eleven Harmonics

82

83 n=1; %1st Harmonic

84 yl=a0+(2/n*pi)*sin(n*w*t);

85

86 n=2; %2nd Harmonic

87 y2=a0+(2/n*pi)*sin(n*w*t);

88

89 n=3; %3rd Harmonic

90 y3=a0+(2/n*pi)*sin(n*w*t);

91

92 n=4; %A4th Harmonic

93 y4=a0+(2/n*pi)*sin(n*w*t);

94

95 n=5; %5th Harmonic

96 y5=a0+(2/n*pi)*sin(n*w*t);

97

98 n=6; %6th Harmonic

99 y6=a0+(2/n*pi)*sin(n*w*t);

100
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n=7; %7th Harmonic
y7=a0+(2/n*pi)*sin(n*w*t);

n=8; %8th Harmonic
y8=a0+(2/n*pi)*sin(n*w*t);

n=9; %9th Harmonic
y9=a0+(2/n*pi)*sin(n*w*t);

n=10; %10th Harmonic
y10=2a0+(2/n*pi)*sin(n*w*t);

n=11; %11th Harmonic
y11=a0+(2/n*pi)*sin(n*w*t);

22=(y1+y2+y3+y4+y5+y6+y7+y8+y9+y10+yll);
subplot(2,2,4);

plot(t,z2);

title('Eleven Harmonics') %title for graph
xlabel('Time(s)') %labels the x axis
ylabel('Amplitude') %labels the y axis
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%Fourier Transforms of a periodic pulse
%Plot the fourier transform X(if)=4sinc(4*pi*f) as a real function

f= linspace(-15,15,1000); %Frequency range from -15hz to 15hz
X_f=4*sinc(4*f); %Fourier transform

figure;

plot(f,X_f);

xlabel('Frquency(f)'); %X Axis label

ylabel('X(f)'); %Y Axis label

title('Plot of X(f) = 4*sinc(4*pi*f'); %Title of the graph
grid on;
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%Plot the fourier transform of x(t) as a complex function
f = linspace(-15,15,1000); %Frequency range from -15hz to 15hz
X_f = 4 * sinc(4 * f); %Fourier transform

%differentiate real and imaginary parts
X_f_real = real(X_f);
X_f_imag = imag(X_f);

figure;

%plotting real

subplot(2,1,1);

plot(f,X_f_real);

xlabel('Frequency(f)') %X Axis label

ylabel('Real[X(f)]"); %Y Axis label

title('Real part of X(f) = 4 * sinc(4 * pi * f'); %Title of the graph
grid on;

%plotting imaginary

subplot(2, 1, 2);

plot(f, X_f_imag);

xlabel('Frequency (f)'); %X Axis label

ylabel('Imaginary[X(f)]'); %Y Axis label

title('Imaginary part of X(f) = 4 * sinc(4 * pi * f)'); %Title of the graph
erid on:
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%Separate the amplitude and phase spectra
f = linspace(-5, 5, 1000); % Frequency range from -5 to 5 Hz
X_f = 4 * sinc(4 * f); %Fourier transform

amplitude_spectrum = abs(X_f); %Amplitude Spectrum
phase_spectrum = angle(X_f); %Phase Spectrum

% Plotting the Amplitude Spectrum

figure;

subplot(2, 1, 1);

plot(f, amplitude_spectrum);

xlabel('Frequency (f)'); %X Axis label

ylabel('Amplitude |X(f)|'); %Y Axis label

title('Amplitude Spectrum of X(f) = 4 * sinc(4 * pi * f)'); %Title of the graph
grid on;

% Plotting the Phase Spectrum

subplot(2, 1, 2);

plot(f, phase_spectrum);

xlabel('Frequency (f)'); %X Axis label

ylabel('Phase (radians)'); %Y Axis label

title('Phase Spectrum of X(f) = 4 * sinc(4 * pi * f)'); %Title of the graph
grid on;
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‘%Parameters

t = -10:0.01:10; %Time vector
f = -50:0.1:50; %Frequency range
y = exp(-7 * abs(t)); %Time-domain signal

Y_real = zeros(size(f)); %Real Part

%Fourier Transform

for k = 1:length(f)

Y_real(k) = trapz(t, y .* cos(-2 * pi * f(k) * t));
end

%Plotting the real part of the Fourier Transform
plot(f, Y_real);

xlabel('Frequency (f)');

ylabel('Real Part of Y(if)');

title('Real Part of the Fourier Transform');

%Real part
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%Parameters

L = 1000; %Number of samples
Ts = 0.0002; %sampling interval (seconds)
fs = 1/Ts; %sampling frequency (Hz)

t = (8:L-1) * Ts; XTime

%original Signal
Xt = 3*cos(2*pi*140%t) + 3*cos(2*pi*16%t) + 2*cos(2*pi*356*t) + 8.5%cos(2*pi*420*t);

%Plotting the Signal

plot(t, xt);

xlabel('Time (s)'); %X Axis Label
ylabel('Amplitude'); %Y Axis Label
title('Original Signal'); %Title of the Graph
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%Task 4
%A)Plot the Amplitude Spectrum of a Signal
%Parameters

Fs = 5000; ¥Sampling frequency (Hz)

T = 1/Fs; %sampling period
L = 1000; %Length of the sequence (measured in samples)
t = (0:L-1) * T; %Time vector

%signal definition
X = 3*cos(2*pi*140*t) + 3*cos(2*pi*160*t) + 2*cos(2*pi*350*t) + 0.5*cos(2*pi*420*t)

%Finding FFT
££t(x); %Fourier transform of x
= Fs*(0:(L/2))/L; %Frequency vector

-
"o

%Finding the Amplitude Spectrum
Amplitude = abs(X/L);

%abs = Absolute Value, it represents the magnitude of the complex number
Amplitude = 2*Amplitude(1:L/2+1); %Single-sided spectrums

%Plotting Amplitude Spectrum
plot(f, Amplitude);

xlabel('Frequency (Hz)'); %Label for X Axis
ylabel('Amplitude'); %Label for Y Axis
title('Amplitude Spectrum of x(t)'); %Title for Graph
axis([0,500,0,3.5]); %Adjusting graph for size
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%Parameters

Fs = 5000; %sampling frequency (1/Ts)
Ts = 1/Fs; %sampling interval

L = 1000; ZNumber of samples

t = (0:L-1)*Ts; %Time

%signal

Xt = 3*cos(2*pi*140%t) + 3*cos(2*pi*16*t) + 2*cos(2*pi*356*t) + 8.5*cos(2*pi*420*t);

HFFT
X = fft(xt); %Applyign Fast Fourier Transform

KIFFT
Recoveredsignal = ifft(X); %Applying Inverse FFT to Original Signal

%Plotting Original and Recovered Signal
subplot(2,2,1);

plot(t, xt, 'b');

title('Original Signal'); %Title of the Graph
Xlabel('Time (s)'); %Label for X Axis
ylabel('Amplitude’); %Label for Y Axis

subplot(2,2,2);
plot(t, RecoveredSignal, 'r');|

title('IFFT Signal '); %Title of the Graph
xlabel('Time (s)'); %Label for X Axis
ylabel('Amplitude’); %Label for Y Axis
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% Parameters

Fs = 5000; %sampling frequency

Ts = 1/Fs; %sampling interval
1000; ZNumber of samples

t = (0:L-1)*Ts; %Time

f = Fs*(@:(L/2))/L; %Frequency range

%signal

Xt = 3*cos(2*pi*146%t) + 3*cos(2*pi*16%t) + 2*cos(2*pi*356*t) + 8.5%cos(2*pi*420*t);

XFFT
X = fft(xt); %Applying Fast Fourier Transform

%Frequency vector
£ = Fs*(8:(L/2))/L; %Frequency range for plotting

%Removing components other than 140 Hz and 160 Hz
Filtered = X;

%Setting 350 Hz and 420 Hz to zero
Filtered(1:round(350*L/Fs)-1) = @;
Filtered(1:round(140*L/Fs)-1) = @;

XIFFT (Inverse FFT) of the filtered signal

Recoveredsignal = ifft(Filtered); % Recovered signal after filtering

% Plotting
subplot(2,2,1);

plot(t, xt, 'b');
title('Original Signal');
xlabel('Time (s)');
ylabel('Amplitude');
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subplot(2,2,2);

plot(t, RecoveredSignal, 'r');
title('Filtered Signal (140 Hz and 160 Hz)');
xlabel('Time (s)');

ylabel('Amplitude’);

axis([@,0.2,-10,10]);
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% Creating a Rectangular Waveform
w=1; %omega value

n=1; %number of harmonics

a0=0; %constant DC parameter
t=0:0.01:6*pi; %time between table

yl=a0+(2/n*pi)*sin(n*w*t); % First harmonic
subplot(2,2,1);

plot(t,yl,'r");

title('Sine Wave/1l Harmonic') %title for graph
xlabel('Time(s)') %labels the x axis
ylabel('Amplitude') %labels the y axis

%Five harmonics
n=1;
yl=a0+(2/n*pi)*sin(n*w*t);

n=3;
y2=a0+(2/n*pi)*sin(n*w*t);

n=5;
y3=a0+(2/n*pi)*sin(n*w*t);

n=7;




