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[bookmark: _Toc197119513]Abstract
[bookmark: _Hlk189740003]This report looks at Fourier analysis including Fourier transforms, Fourier series, waveform analysis and classification. Then focusing on their applications within signal processing. MATLAB simulations were generated for sawtooth and rectangular waveforms, adding harmonics to improve signal accuracy. The Fourier transform was applied to aperiodic signals to examine frequency components, validating the results through theory and analysis. FFT and IFFT were used to reconstruct signals, highlighting the roles of frequency components. The results then proved the importance of Fourier analysis in Electrical engineering, communication, and waveform analysis.


[bookmark: _Toc197119514]Introduction
Fourier analysis is an important tool within signal processing, communications and electrical analysis. It allows waveforms to be split into smaller components for easier investigation. The addition of harmonics are looked at and the effect they have on waveform shapes.
Different techniques like the fast Fourier transform and IFFT are used when restoring signals and can be used to help find the amplitude spectrum of a signal. When plotted this then shows the frequencies that make up the signal.



[bookmark: _Toc197119515]Task 1
[bookmark: _Toc197119516][bookmark: _Hlk189763712]Types of Waveforms
Generally, a waveform is presented as a simple periodic however, sometimes other shape waveforms need to be produced. These include, triangle, sawtooth and rectangular waveforms. Analog waveforms are shown as sine waveforms due to their constant string of data. However, digital waveforms are presented as square or have sharper angles due to them having discrete data available.
[bookmark: _Toc197119517][bookmark: _Hlk189740074]Simple periodic
A simple periodic waveform is a waveform created with a signal that repeats at regular intervals. It can take different forms by adding harmonics. A sine wave is the most common AC signal and is continuously varying.

[image: Sinusoidal Waveform - an overview | ScienceDirect Topics] (Garcia, 2022)
[bookmark: _Toc193185081][bookmark: _Toc197119619]Figure 1. The image above shows a simple periodic sine wave.

[bookmark: _Toc197119518]Complex periodic
“A complex waveform is the result of combining the instantaneous amplitudes of two (or more) sine waves.” (Stolet, n.d.) They are created by adding harmonics. For a square waveform, only the odd harmonics (1, 3, 5 etc.) However, the sawtooth adds both odd and even harmonic. More harmonics give a smoother waveform.

[bookmark: _Toc197119519]Impulse
“The impulse response is the signal that exits a system when a delta function (unit impulse) is the input ” (Smith, 1997) This results in a short sudden burst when the amplitude is only high for a short period after which it returns to its low state. As shown below with the Dirac delta function, with a delayed signal 
[image: TheFourierTransform.com - The Dirac-Delta Function - The Impulse] (TheFourierTransform.com, n.d.)
[bookmark: _Toc197119620]Figure 2. The image above shows an impulse waveform.

[bookmark: _Toc197119520]Noise
Noise waveforms can appear as chaotic and hard to analyse. “Noise can be defined as any unwanted signals, random or deterministic, which interfere with the faithful reproduction of the desired signal in a system. Stated another way, any interfering signal, which is usually noticed as random fluctuations in voltage or current tending to obscure and mask the desired signals is known as noise. These unwanted signals arise from a variety of sources and can be classified as man-made or naturally occurring.” (Karlsruhe Institute of Technology (KIT), 2025)
[image: A screenshot of a graph

AI-generated content may be incorrect.] (Karlsruhe Institute of Technology (KIT), 2025)
[bookmark: _Toc197119621]Figure 3. The image above shows a noise waveform.

[bookmark: _Toc197119521]Fourier transform vs Fourier series
The Fourier transform is a tool applicable to periodic and non-periodic signals while, Fourier series is designed for periodic signals. “a generalisation of the concept of frequency response. It is equivalent to the decomposition of a discrete time signal into an infinite sum of complex discrete time sinusoids.” (Diniz & Et al., 2010) The Fourier transform is the continuous version of the Fourier series. 

[bookmark: _Toc197119522]Using the Fourier Series in Electrical analysis
“For all signals of practical interest, the Fourier series exists, meaning that the sum of the sinusoidal components converges to the original waveform.” (Arar, 2022) This simplifies the signal reconstruction and analysis, by summing the components with appropriate amplitude and phase.

[bookmark: _Toc197119523]Harmonics in Power Systems
Harmonics are represented as sums of sines and cosines, at multiples of the fundamental frequency. The more harmonics that get added to a signal, the more accurate it becomes 
For example, 6 harmonics are more accurate than 4.
[image: A graph of a function
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[bookmark: _Toc197119622]Figure 4. The image above shows two MATLAB graphs for adding harmonics.
As shown in the screenshot above the 6th harmonics waveform is more of a desired square waveform design than the 4th harmonic one.
Harmonics are important in power systems by managing signal distortion which can result in, equipment damage, reliability issues and reduced efficiency. 

[bookmark: _Toc197119524]Harmonic patterns in waveforms 
The harmonics added to a waveform define its shape. Square waveforms only contain the odd harmonics, where the amplitude decreases at 1/n where n is odd. Triangular waveforms also contain only odd harmonics but decrease in a pattern of 1/n^2. However, the sawtooth waveform contains both odd and even harmonics. They decrease amplitude in the pattern of 1/n for all. These patterns for the harmonics are what causes the different shaped waveforms.

[bookmark: _Toc197119525]Limits of the FFT (Fast Fourier Transform)
“A disadvantage associated with the FFT is the restricted range of waveform data that can be transformed.” (DATAQ instruments, 2024). Because the number of required calculations is lower, the information is only provided at discrete frequency stops. So further calculations are required to get estimates of peak frequencies and amplitudes.

Noise sensitivity: The noise sensitivity affects FFT functions negatively by reducing the accuracy of frequency signals, as this noise often introduces unwanted components into the signal. This obscures the true output signals which then needs filtering to improve accuracy.

Resolution limits: The resolution limits of the FFT are affected by several factors. These include: the sampling frequency, Block length and FFT size
Sampling frequency – If the sampling frequency is set too low then aliasing can occur this means that the signal would cause a frequency overlap in the signal meaning that the different frequencies would become indistinguishable and blend together.

Block length – This is the term commonly used for the frame size, this value is what determines the Frequency resolution, the FFT output size and many more. A larger block would provide a finer resolution allowing you to see the difference between closely spaced frequencies. “The Fast Fourier Transform requires a block size that is a power of two (1024, 2048, 4096, etc.) and is computationally quicker than the DFT, which can use any number of data points.” (Siemens, 2019)

FFT size – the FFT size relates to the number of samples taken in the process for each computation similarly to block length this also affects the frequency resolution for the signal.


[bookmark: _Toc197119526]Task 2
[bookmark: _Toc197119527]MATLAB code
Rectangular Waveform
[image: A screenshot of a computer program
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Sawtooth Waveform
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[bookmark: _Toc197119528]MATLAB results
Rectangular waveform
[image: A group of graphs showing different colors
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[bookmark: _Toc197119623]Figure 5. The image above shows rectangular waveforms with different numbers of harmonics.
Sawtooth waveform
[image: A group of graphs showing different colors
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[bookmark: _Toc197119624]Figure 6. The image above shows sawtooth waveforms with different numbers of harmonics.

[bookmark: _Toc197119529]Analysis and Discussion
[bookmark: _Hlk189740124]With the rectangular waveform, when adding more odd harmonics they give a more distinct shape. Adding more of them gives a more accurate reading. This is similar with the sawtooth waveform as when more harmonics are added the signals ripples become smaller and more uniform. Both signals start as a simple sine wave but when only the off harmonics are added the results is a rectangular waveform. However, when adding both the even and odd harmonics the resulting wave has a sawtooth shape to it. Higher harmonics are crucial for shaping the waveform as they increase the accuracy of it with more added. 
This is evidenced below where rectangular and sawtooth waveforms are created each using 50 harmonics.
[image: A screenshot of a computer
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[bookmark: _Toc197119625]Figure 7. The image above shows what happens when more harmonics are added to a waveform.
[bookmark: _Hlk189740137]As explained previously and shown in the graphs above the signals become clearer when more harmonics get added.
The waveforms above are created using the ‘FOR’ statement which is shown in the code below.
[image: A screenshot of a computer program

AI-generated content may be incorrect.]
[image: A screenshot of a computer screen
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[bookmark: _Toc197119530]Task 3
A. [bookmark: _Toc197119531]Signal = 





  


The complex form of  


In this case  is 



[bookmark: _Toc197119532]MATLAB Fourier transform.
MATLAB Fourier transforms of X(if)=4 sinc(4πf) as a real function
[image: A screenshot of a computer program

AI-generated content may be incorrect.]
[image: A screen shot of a graph
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[bookmark: _Toc197119626]Figure 8. The image above shows the signal plotted as a real function.
[bookmark: _Hlk189740154]As shown above when plotting X(if)=4 sinc(4πf) as a real function, the sinc function is characterised by a central spike in when the frequency reaches zero, it gradually increases before this frequency and then gradually decreases before settling back at 0 for higher frequencies.


MATLAB Fourier transforms of x(t) as a complex function
[image: A screenshot of a computer program

AI-generated content may be incorrect.]
[image: A screenshot of a computer screen
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[bookmark: _Toc197119627]Figure 9. The screenshot above plots the function as both its real and imaginary parts.
[bookmark: _Hlk189735520]The graph consists of two subplots representing the real and imaginary parts. The top plot shows the real part, which follows the sinc function, was analysed in the graph above. The bottom plot shows that the imaginary part is identically zero across all frequencies, indicating that this signal is purely real. This leads to a Fourier transform with no imaginary component.
MATLAB amplitude and phase spectra.
[image: A screenshot of a computer program
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[image: A screenshot of a computer

AI-generated content may be incorrect.] 
[bookmark: _Toc197119628][bookmark: _Hlk189740174]Figure 10. The image above shows the amplitude and phase spectrum of the signal.
The top plot shows the amplitude spectrum, this follows the regular patterns of a sinc function, where the frequency peaks at 0 and is mirrored in the positive and negative x axis.
The bottom plot shows the phase spectrum, which remains constant at either 0 or π radians, alternating at different frequencies. This indicates that the signal is real and symmetric, leading to a phase shift of π at certain points due to oscillation with the function.


[bookmark: _Toc197119533]B. Signal = 

















[bookmark: _Toc197119534]Task 4
Plotting original signal 

[image: A white screen with green text
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[image: A screen shot of a computer screen
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[bookmark: _Toc197119629]Figure 11. The image above shows the original complex sine waveform created in MATLAB.
The graph above shows the complex sine signal created by plotting the input signal against a time of 0.2 seconds


Plotting the Amplitude Spectrum
[image: A screenshot of a computer program
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[image: A screenshot of a computer screen
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Figure 12. The above image shows the amplitude spectrum of the signal.
As shown in the graph above the Amplitude of the signal peaks at the frequencies that were specified in the code
Fourier transform of x(t)
[image: A screenshot of a computer program
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[image: A screen shot of a graph

AI-generated content may be incorrect.]
Figure 13. The image above shows the Fourier transform of the signal using FFT.
The FFT graph above shows the positive and negative frequencies where the input signal peaks. This indicates that multiple frequencies were in the original signal.
Recovering a Signal using IFFT
[image: A screenshot of a computer program
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[bookmark: _Toc197119630]Figure 14. The image above shows the original signal and the recreated version using the inverse FFT.
[bookmark: _Hlk189740214]As shown in the graphs above the original signal can be recreated identically using the IFFT. When recovered they look identical, showing that no changes were made to the frequency range that was chosen.

Recovering a signal only using low frequencies
[image: ]
[image: A screenshot of a computer program
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[bookmark: _Toc197119631]Figure 15. The image above shows the original signal against the one created only using the low frequencies.
[bookmark: _Hlk189740224]As shown in the graphs above, when a signal gets reconstructed only using the low frequencies the results are not as accurate as some of the original signal’s detail is lost. This results in a smoother, less sharp waveform. This is because the signal lacks the higher frequencies, making it appear to have a more sinusoidal shape. 


[bookmark: _Toc197119535][bookmark: _Hlk193184332]Conclusion
In conclusion, this report looked at the theory behind the Fourier analysis, this included the Fourier transforms, different types of waveforms and the uses of Fourier series. I have shown how harmonics are important when generating sawtooth and square waveforms and what happens when more are added. Through MATLAB simulations, I generated a rectangular (square) waveform and sawtooth waveform with graphs showing the stages of adding in additional harmonics to improve signal accuracy. Using Fourier transform calculations and integration, I was able to show how the Fourier transform can plot real and complex functions using the solutions and MATLAB codes. I have shown how to use the FFT and IFFT to reconstruct signals and how to reconstruct them only using the low frequencies. 
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Figure 4.1: A random noise waveform and its average value
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% original waveform

w=1l; %=2*pi*f (angular frequency)

a@=0; % DC constant peramiter

n=1; % set n value for each harmonic number
1=0:0.01:6*pi; % sets the time between © and 6*pi
y=a@+(2/(n*pi))*sin(w*t*n); % first harmonic
subplot(2,2,1) % plots the graph in the top left corner
plot(t,y,'y'); % plots the graph in green

title('original Sine waveform'); % gives graph a title
ylabel('Amplitude') % labels Y axis
xlabel('Time (s)') % labels X axis

% 5 odd harmonics waveform

w=1l; %=2*pi*f (angular frequency)

a@=0; % DC constant peramiter

n=1; % set n value for each harmonic number
1=0:0.01:6*pi; % sets the time between © and 6*pi
y1=a0+(2/(n*pi))*sin(w*t*n); % first odd harmonic
n=3; % n=3 for second harmonic
y3=a0+(2/(n*pi))*sin(w*t*n); % second odd Harmonic
n=5; % n=5 for third harmonic
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y5=a0+(2/(n*pi))*sin(w*t*n); % third odd harmonic
n=7; % n=7 for fourth harmonic
y7=a0+(2/(n*pi))*sin(w*t*n); % fourth odd harmonic
n=9; % n=7 for fifth harmonic
y9=a0+(2/(n*pi))*sin(w*t*n); % fifth odd harmonic

z=(yl+y3+y5+y7+y9); % adding all the harmonics to a single wave
subplot(2,2,2); % subplots the graph in the lower right corner
plot (t,z,'g'); % plots the graph

title('5 Harmonics waveform'); % gives graph a title
ylabel('Amplitude') % labels Y axis
xlabel('Time (s)') % labels X axis

% 9 odd harmonics waveform

w=1l; %=2*pi*f (angular frequency)

a@=0; % DC constant peramiter

n=1; % set n value for each harmonic number
1=0:0.01:6*pi; % sets the time between © and 6*pi
y1=a0+(2/(n*pi))*sin(w*t*n); % first odd harmonic
n=3; % n=3 for second harmonic
y3=a0+(2/(n*pi))*sin(w*t*n); % second odd Harmonic
n=5; % n=5 for third harmonic
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y5=a0+(2/(n*pi))*sin(w*t*n); % third odd harmonic
n=7; % n=7 for fourth harmonic
y7=a0+(2/(n*pi))*sin(w*t*n); % fourth odd harmonic
n=9; % n=9 for fifth harmonic
y9=a0+(2/(n*pi))*sin(w*t*n); % fifth odd harmonic
n=11; % n=11 for sixth harmonic
y11=a0+(2/(n*pi))*sin(w*t*n); % sixth odd harmonic
n=13; % n=13 for seventh harmonics
y13=a0+(2/(n*pi))*sin(w*t*n); % seventh odd harmonic
n=15; % n=15 for eighth harmonic
y15=a0+(2/(n*pi))*sin(w*t*n); % eighth odd harmonic
n=17; % n=15 for ninth harmonic
y17=a0+(2/(n*pi))*sin(w*t*n); % ninth odd harmonic

z=(yl+y3+y5+y7+y9+y11l+y13+y15+y17); % adding all the harmonics to a single wave
subplot(2,2,3); % subplots the graph in the lower right corner
plot (t,z,'r'); % plots the graph

title('9 Harmonics waveform'); % gives graph a title
ylabel('Amplitude') % labels Y axis
xlabel('Time (s)') % labels X axis




image9.png
71
72
73
74
75
76
77
78
79
80
81
82
83
84
85
86
87
88
89
L)
91
92
93
94

% 11 odd harmonics waveform

w=1l; %=2*pi*f (angular frequency)

a@=0; % DC constant peramiter

n=1; % set n value for each harmonic number
1=0:0.01:6*pi; % sets the time between © and 6*pi
y1=ae+(2/(n*pi))*sin(w*t*n); % first harmonic

n=3; % n=3 for second harmonic
y3=a0+(2/(n*pi))*sin(w*t*n); % second odd Harmonic
n=5; % n=5 for third harmonic
y5=a0+(2/(n*pi))*sin(w*t*n); % third odd harmonic
n=7; % n=7 for fourth harmonic
y7=a0+(2/(n*pi))*sin(w*t*n); % fourth odd harmonic
n=9; % n=9 for fifth harmonic
y9=a0+(2/(n*pi))*sin(w*t*n); % fifth odd harmonic
n=11; % n=11 for sixth harmonic
y11=a0+(2/(n*pi))*sin(w*t*n); % sixth odd harmonic
n=13; % n=13 for seventh harmonics
y13=a0+(2/(n*pi))*sin(w*t*n); % seventh odd harmonic
n=15; % n=15 for eighth harmonic
y15=a0+(2/(n*pi))*sin(w*t*n); % eighth odd harmonic
n=17; % n=17 for ninth harmonic
y17=a0+(2/(n*pi))*sin(w*t*n); % ninth odd harmonic
n=19; % n=19 for tenth harmonic
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y19=a0+(2/(n*pi))*sin(w*t*n); % tenth odd harmonic
n=21; % n=19 for eleventh harmonic
y21=a0+(2/(n*pi))*sin(w*t*n); % eleventh odd harmonic

2=(y1+y3+y5+y7+y9+y11l+y13+y15+y17+y19+y21); % adding all the harmonics to a single wave
subplot(2,2,4); % subplots the graph in the lower right corner
plot (t,z,'b'); % plots the graph

title('11 Harmonics waveform'); % gives graph a title
ylabel('Amplitude') % labels Y axis
xlabel('Time (s)') % labels X axis
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% Sawtooth Waveform

% original waveform

w=1l; %=2*pi*f (angular frequency)

a@=0; % DC constant peramiter

n=1; % set n value for each harmonic number
1=0:0.01:6*pi; % sets the time between © and 6*pi
y=a@+(2/(n*pi))*sin(w*t*n); % first harmonic
subplot(3,2,1) % plots the graph in the top left corner
plot(t,y,'y'); % plots the graph in green

title('original Sine waveform'); % gives graph a title
ylabel('Amplitude') % labels Y axis
xlabel('Time (s)') % labels X axis

% three harmonics waveform

w=1l; %=2*pi*f (angular frequency)

a@=0; % DC constant peramiter

n=1; % set n value for each harmonic number
1=0:0.01:6*pi; % sets the time between © and 6*pi
y1=ae+(2/(n*pi))*sin(w*t*n); % first harmonic
n=2;

y2=a0+(2/(n*pi))*sin(w*t*n); % second harmonic
n=3;
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y3=a0+(2/(n*pi))*sin(w*t*n); % third harmonic

z=(yl+y2+y3); % adding all the harmonics to a single wave
subplot(3,2,2); % subplots the graph in the lower right corner

plot (t,z,'g'); % plots the graph

title('3 Harmonics waveform'); % gives graph a title
ylabel('Amplitude') % labels Y axis
xlabel('Time (s)') % labels X axis

% five harmonics waveform

w=1l; %=2*pi*f (angular frequency)

a@=0; % DC constant peramiter

; % set n value for each harmonic number
:0.01:6%pi; % sets the time between @ and 6*pi
a0+(2/(n*pi))*sin(w*t*n); % first harmonic

n=3;
a0+(2/(n*pi))*sin(w*t*n); % third harmonic

y4=a0+(2/(n*pi))*sin(w*t*n); % fourth harmonic
n=5;
y5=a0+(2/(n*pi))*sin(w*t*n); % fifth harmonic
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z=(yl+y2+y3+y4+y5); % adding all the harmonics to a single wave
subplot(3,2,3); % subplots the graph in the lower right corner

plot (t,z,'b'); % plots the graph

title('5 Harmonics waveform'); % gives graph a title
ylabel('Amplitude') % labels Y axis
xlabel('Time (s)') % labels X axis

% nine harmonics waveform

w=1l; %=2*pi*f (angular frequency)

a@=0; % DC constant peramiter

n=1; % set n value for each harmonic number
1=0:0.01:6*pi; % sets the time between © and 6*pi
y1=ae+(2/(n*pi))*sin(w*t*n); % first harmonic
n=2;

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

y3=a0+(2/(n*pi))*sin(w*t*n); % third harmonic
n=4;

y4=a0+(2/(n*pi))*sin(w*t*n); % fourth harmonic
n=5;

y5=a0+(2/(n*pi))*sin(w*t*n); % fifth harmonic
n=6;
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y6=a0+(2/(n*pi))*sin(w*t*n); % sixth harmonic

n=7;

y7=a0+(2/(n*pi))*sin(w*t*n); % seventh harmonic
n=8;

y8=a0+(2/(n*pi))*sin(w*t*n); % eighth harmonic
n=9;

y9=a0+(2/(n*pi))*sin(w*t*n); % ninth harmonic

z=(yl+y2+y3+y4+y5+y6+y7+y8+y9); % adding all the harmonics to a single wave
subplot(3,2,4); % subplots the graph in the lower right corner
plot (t,z,'r'); % plots the graph

title('9 Harmonics waveform'); % gives graph a title
ylabel('Amplitude') % labels Y axis
xlabel('Time (s)') % labels X axis

% eleven harmonics waveform

w=1l; %=2*pi*f (angular frequency)

a@=0; % DC constant peramiter

n=1; % set n value for each harmonic number
1=0:0.01:6*pi; % sets the time between © and 6*pi
y1=ae+(2/(n*pi))*sin(w*t*n); % first harmonic
n=2;
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97 y2=a0+(2/(n*pi))*sin(w*t*n); % second harmonic

n=3;

99 y3=a0+(2/(n*pi))*sin(w*t*n); % third harmonic
1e0 n=4;

1e1 y4=a0+(2/(n*pi))*sin(w*t*n); % fourth harmonic
102 n=s;

1e3 y5=a0+(2/(n*pi))*sin(w*t*n); % fifth harmonic
1e4 n=6;

105 y6=a0+(2/(n*pi))*sin(w*t*n); % sixth harmonic
106 n=7;

107 y7=a0+(2/(n*pi))*sin(w*t*n); % seventh harmonic
108 n=g8;

109 y8=a0+(2/(n*pi))*sin(w*t*n); % eighth harmonic
110 n=9;

111 y9=a0+(2/(n*pi))*sin(w*t*n); % ninth harmonic
112 n=1e;

113 y10=a0+(2/(n*pi))*sin(w*t*n); % tenth harmonic
114 n=11;

115 y11=a0+(2/(n*pi))*sin(w*t*n); % eleventh harmonic
116

117 2= (y1+y2+y3+y4+y5+y6+y7+y8+y9+y10+yll); % adding all the harmonics to a single wave
118 subplot(3,2,5); % subplots the graph in the lower right corner

119 plot (t,z,'b'); % plots the graph




image16.png
120
121
122
123
124

title('11 Harmonics waveform'); % gives graph a title
ylabel('Amplitude') % labels Y axis
xlabel('Time (s)') % labels X axis
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% Rectangular with 5@ harmonics
w = 1; %=2*pi*f (angular frequency)

a0 % DC constant parameter

t = 0:0.01:6%pi; % sets the time from @ to 6%pi

y = a0; % Initialize the waveform to start with a0

% Add 50 odd harmonics
for k = 1:50

n = 2% - 1; % 0dd harmonic number

y =y + (2/(n*pi)) * sin(w * t * n); % Equation for adding harmonics

end

% Plot the resulting waveform
plot(t, y, 'y'); % Plot the waveform in yellow

title('Rectangular Waveform with 50 0dd Harmonics'); % Titles the graph
xlabel('Time'); % Labels the x axis

ylabel('Amplitude'); % Labels the y axis

% Sawtooth with 50 harmonics
w = 1; %=2*pi*f (angular frequency)

t .01:6%pi; % sets the time from 0 to 6%pi
y = 0; % Initialize the waveform

% Add the first 50 harmonics (both odd and even)
for n 50
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y =y + (1/n) * sin(w * t * n); % Equation for adding harmonics
end

% Plot the resulting waveform

figure; % Sets the new graph as figure 2

plot(t, y, 'b'); % Plots the sawtooth waveform

title(’Sawtooth Waveform with 50 Harmonics'); % Titles the graph
xlabel('Time'); % Labels the x axis

ylabel('Amplitude'); % Labels the y axis
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% Plot the Fourier transform

= linspace(-2, 2, 1000); % Frequency range from -2 to 2 Hz
X_f = 4 * sinc(4 *pi* f); % X_f set as fourier transform variable
plot(f, X_f, 'r'); % plots frequency against x(f)

xlabel('Frequency (£)'); % titles the x axis
ylabel('X()'); % titles the y axis
title('graph of X(f) = 4 * sinc(4 * pi * £)'); % titles the graph




image23.png
& Figure 3

File Edit View Insert Tools Desktop Window Help

REE I EDY:

graph of X(f) = 4 * sinc(4 * pi * f)

2 -1.5 -1 0.5 0 0.5 1
Frequency (f)




image24.png
CENO VA WN R

10
11
12
13
14
15
16
17
18
19
20
21
22

cle
f = linspace(-2, 2, 1000); % set f from -2 to 2 Hz

X_f =4 * sinc(4 * £); % set X(f) = 4 * sinc(4 * pi * f)
X_f_real = real(X_f); % Real part of X(f)

mag = imag(X_f); % Imaginary part of X(f)

% Plot Real part

subplot(2, 1, 1); % Subplots the graph on the top
plot(f, X_f_real, 'r');

xlabel('Frequency (£)'); % Labels the X axis
ylabel('Real[X(f)]');% Labels the Y axis
title('Real part of X(f)'); % Titles the graph
ylim([-1 4]); % Sets a suitable y limit

% Plot Imaginary part

subplot(2, 1, 2); % Subplots the graph on the bottom
plot(f, X_f_imag);

xlabel('Frequency ()');% Labels the X axis
ylabel('Inaginary[X(f)]'); % Labels the Y axis
title(' Imaginary part of X(f)'); % Titles the graph
ylim([-1 41); % Sets a suitable y limit
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cle
£ = linspace(-2, 2, 1000); % Sets frequency range from -2 to 2 Hz
X_f =4 * sinc(4 * £); % set X(f) as the fourier transform variable

amplitude_spectrum = abs(X_f); % setting abs(X_f) as amplitude spectrum

% Plotting Amplitude Spectrum

subplot(2, 1, 1); % plots graph on the top

plot(f, amplitude_spectrum,'g');

xlabel('Frequency (£)'); % Lables the X axis
ylabel('Amplitude [X(f)|'); % Lables the Y axis
title('Amplitude Spectrum of X(f)'); % Titles the graph
ylim([-1 41); % LInits the Y axis betwen -1 and 4

phase_spectrum = angle(X_f); % Setting angle(X_f) as phase spectrum

% Plot Phase Spectrum

subplot(2, 1, 2); % plots graph on the bottom
plot(f, phase_spectrum,'y');

xlabel('Frequency (£)'); % Lables the X axis
ylabel('Phase (radians)'); % Lables the Y axis
title('Phase Spectrum of X(f)'); % Titles the graph
ylim([-1 41); % LInits the Y axis betwen -1 and 4
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clc
Fs = 5000; % Sampling frequency (Hz)
= 1/Fs; % Sampling period

N = 1000; % Number of samples
(@:N-1) * T; % Time vector

o
"

.
"

% Original signal
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);

% Plotting the signal
plot(t, x,'g'); % Plots the graph in green
xlabel('Time (s)'); % Labels the x axis
ylabel('Amplitude'); % Labels the Y axis
title('Signal x(t)'); % Titles the graph
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cle; |
Fs = 1/0.0002; % Sampling frequency
Ts = 1/Fs; % Sampling period

N = 1000; % Number of samples
t = (0:N-1) * Ts; % Time vector

% Origninal signal
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);

X_f = Fft(x); % FFT command
Amplitude = abs(X_f) / N; % amplitude
f_Vector = (@:N-1) * (Fs/N); % Frequency vector

Amp_ss = 2 * Amplitude(1:N/2); % Amplitude spectrum single sided
freq_ss = f_Vector(1:N/2); % Frequency vector single sided

% Plotting the amplitude spectrum
plot(freq_ss, Amp_ss, 'r' ); % Plots the graph in red
xlabel('Frequency (Hz)'); % Gives X axis a title
ylabel('Amplitude'); % Gives Y axis a title
title('Amplitude Spectrum of x(t)'); % Gives graph a title
xLim([@ 500]); % Limit x-axis for better visibility
ylin([@ 4]); % Limit x-axis for better visibility
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Fs = 5000; % Sampling frequency
Ts = 1/Fs; % Sampling period
N = 1000; % Number of samples

t = (:N-1) * Ts; % Time vector

% Original signal

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);
X = FF£(x); % Sets X as the variable for the fft of x
£ = (-N/2:N/2-1) * (Fs/N); % Frequency vector (centered at zero)

X_shifted = Fftshift(X); % Shift the FFT to center zero frequency
magnitude X = abs(X_shifted) / N; % sets the zero frequency component for FFT

% Plot the Fourier Transfor
plot(f, magnitude X); % Plots the graph

xlabel('Frequency (Hz)'); % Labels the X axis
ylabel('Magnitude'); % Labels the Y axis

title('FFT of x(t)'); % Labels the graph

x1im([-500 500]); % Limits the X axis between -500 and 500
ylim([@ 2]); % Limits the Y axis between © and 2
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cle;

Fs = 1/0.0002; % Sampling frequency (5000 Hz)

T =0.2; % Set the time duration 0.2s

t = 0:1/Fs:T-1/Fs; % Time vector

% Original signal

x_original = 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);

% Plotting the original signal
subplot(2,1,1); % plots graph on the top

plot(t, x_original, 'g');

title('Original Signal x(t)'); % Titles the graph
xlabel('Time (s)'); % Labels the X axis
ylabel('Amplitude'); % Labels the Y axis

X_freq = fft(x_original); % Fast Fourier Transform on original signal
x_recovered = ifft(X_freq); % using IFFT to recover original signal

% Plotting the recovered signal
subplot(2,1,2); % Plots the graph at the bottom
plot(t,x_recovered);

title('Recovered Signal using IFFT'); % Titles the graph
xlabel('Time (s)'); % Labels the X axis
ylabel('Amplitude'); % Labels the Y axis
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Ic;

Fs = 1/0.0002; % Sampling frequency (5000 Hz)

T
t
x

0.2; % Total time duration
/Fs:T-1/Fs; % Time vector
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); % Original signal
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% Plotting the original signal
subplot(2,1,1); % Plots graph on the top
plot(t, x,'g");

title('Original Signal x(t)'); % Titles the graph

xlabel('Time (s)'); % Lables the X axis
ylabel('Amplitude'); % Labels the Y axis

FFTX = fft(x); % Using FFT on the original signal

% Removing the high frequency components
N = length(FFTX); % Length of FFT signal
£ = (0:N-1)*(Fs/N); % Frequency vector

f_350Hz

£_420Hz

find(abs(f - 350) < Fs/N);
find(abs(f - 420) < Fs/N);

% Making the High frequency components = @
FFTX(f_356Hz) = 0; % FFT index for 350Hz
FFTX(f_420Hz) = 0; % FT index for 420Hz

% Applying IFFT to recover the signal using 140 Hz and 160 Hz

x_recon_low_freq = ifft(FFTX); % Inverse FFT

% Plotting the low frequency only signal
subplot(2,1,2); % Plots graph on the bottom
plot(t, real(x_recon_low_freq));

title('Reconstructed Signal using 14@Hz and 160Hz'); % Titles the graph

xlabel('Time (s)'); % Labels the X axis
ylabel('Amplitude'); % Labels the Y axis
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