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[bookmark: _Toc134611183]Abstract
In ‘Electrical Principle Theory – Fourier Transforms with MATLAB, Redocument’, the following topics will be condensed, slightly renovated and evidenced with code and images with appropriate formats:
· MATLAB and mathematical solutions with function analyses including:
· Sawtooth wave analysis
· Fundamental wave, 3rd harmonic, 5th harmonic and 10th harmonic.
· Analysis with larger harmonic numbers i.e: 20, 50 and 125.
· Fourier transform of aperiodic pulses
· Mathematical explanations for two given equations
· Trapezoid numerical integration of an integral via. ‘trapz’
· Fourier transform of an infinite duration signal
· Inverse Fast Fourier Transformation


[bookmark: _Toc134611184]Task 2
a) [bookmark: _Toc134611185]MATLAB Computing and Plotting of Sawtooth Waveforms
Given the following statements that ‘angular frequency = 1’ and must be implemented into a ‘theta’ variable. Two periods per waveform can be examined. Subplots are to be used when one, three, five and ten harmonics of the sine waveform are used.
The current code below allows two graphs to display at a time. When the ‘Enter/Return’ button is pressed, another pair of graphs will show depending on the command window text.
Subplots allow simultaneous graph display, albeit limited to rectangular panes displayed row-wise.
The task requests that a number harmonic must be displayed with two different periods between graphs of the same harmonic. The latest code version for 2a) is as displayed below.

clc;            % clears Command Window content
clear;          % clears workspace variables
subplot(1,1,1); % sets the figures so that only one graph is shown

%  Unused line of code: line 6. Because the program/code simulates a sawtooth
% waveform, both odd and even harmonics are used for the simulation.
%  aHarm  = input('What sine harmonics of odd and even are to be observed?: ');


%  The program/'.m' file asks for the initial position of y for all
% displayed waves. 
aInit = input('How much should all waves displace from the x-axis? ');


angular_frequency = 1; %  Angular Frequency is set to '1' per assignment specification.

t1 = 0:0.02:2*(2*pi);  %  A complete cycle is small omega, or '2*pi'.
                       %  2 complete cycles are specified per assignment specification.
t2 = 0:0.02:5*(2*pi);  %  Five cycles will be produced instead of two cycles.


%  Assigned variable to simulate the 'theta' purpose.
theta1 = angular_frequency*t1;
theta2 = angular_frequency*t2;

%  'w' variable next to a number means what harmonic waveform the individual wave represent.
%  'aInit/2' means that the initial wave starting amplitude is divided by two since basic trigonometric identities influence this.
%  '1/N*pi', where N is the number of that harmonic. Same applies to
% 'theta*N' at the right of each equation.
w11 = aInit/2 + (1/1*pi)*sin(theta1*1);
w12 = aInit/2 + (1/2*pi)*sin(theta1*2);
w13 = aInit/2 + (1/3*pi)*sin(theta1*3);
w14 = aInit/2 + (1/4*pi)*sin(theta1*4);
w15 = aInit/2 + (1/5*pi)*sin(theta1*5);
w16 = aInit/2 + (1/6*pi)*sin(theta1*6);
w17 = aInit/2 + (1/7*pi)*sin(theta1*7);
w18 = aInit/2 + (1/8*pi)*sin(theta1*8);
w19 = aInit/2 + (1/9*pi)*sin(theta1*9);
w1a = aInit/2 + (1/10*pi)*sin(theta1*10);
%  The next set of 'w' variables will produce for the second period.
w21 = aInit/2 + (1/1*pi)*sin(theta2*1*2.5);
w22 = aInit/2 + (1/2*pi)*sin(theta2*2*2.5);
w23 = aInit/2 + (1/3*pi)*sin(theta2*3*2.5);
w24 = aInit/2 + (1/4*pi)*sin(theta2*4*2.5);
w25 = aInit/2 + (1/5*pi)*sin(theta2*5*2.5);
w26 = aInit/2 + (1/6*pi)*sin(theta2*6*2.5);
w27 = aInit/2 + (1/7*pi)*sin(theta2*7*2.5);
w28 = aInit/2 + (1/8*pi)*sin(theta2*8*2.5);
w29 = aInit/2 + (1/9*pi)*sin(theta2*9*2.5);
w2a = aInit/2 + (1/10*pi)*sin(theta2*10*2.5);
%  The relation between amplitude and frequency for sawtooth is reciprocal.
%  'wa' is the 10th 'w' variable/harmonic, labelled after hexadecimal labelling convention.

%  Accumulations of harmonics.
v11 = w11;
v12 = w11 + w12 + w13;
v13 = w11 + w12 + w13 + w14 + w15;
v14 = w11 + w12 + w13 + w14 + w15 + w16 + w17 + w18 + w19 + w1a;
%  Accumulation of harmonics for another period.
v21 = w21;
v22 = w21 + w22 + w23;
v23 = w21 + w22 + w23 + w24 + w25;
v24 = w21 + w22 + w23 + w24 + w25 + w26 + w27 + w28 + w29 + w2a;
%  Accumulations start to rise in total's amplitude and slow as further inclusions of harmonics are added.
%  And the "bumpiness" of the total wave smoothens.

clc;

% Repeat explanation of lines 76 - 107 for remaining repetitions.
subplot(1,2,1);        %  Assigns a plot graph to a grid of placements.
                       %  Column of position, row of position, then in left-to-right, up-to-down order.
plot(theta1,v11,'k');  %   Plots a graph via. ...
                       %  Time length (x-numbers), given results (y-numbers), and decorative adjustments like colours. 'k' is black, 'r' is red, 'b' is blue and 'm' is magenta.
xlabel('Distance');    %  Labels the x-axis of the graph.
ylabel('Amplitude');   %  Labels the y-axis of the graph.
xlim([0, 12]);         %  Sets the positive and negative maximum 'x' values for the graph, negative and positive values respectively.
ylim([-6, 6]);         %  Sets the positive and negative maximum 'y' values for the graph, negative and positive values respectively.
title("1st Harmonic / 'Sine Wave'","Cycles: 2"); % Gives a title 
                                                 % for the graph.
grid('on');                 %  Gives major grids for the graph.
grid('minor');              %  Gives minor grids for the graph.

subplot(1,2,2);
plot(theta2,v21,'k');
xlabel('Distance');
ylabel('Amplitude');
xlim([0, 12]);
ylim([-6, 6]);
title("1st Harmonic / 'Sine Wave'","Cycles: 5");
grid('on');
grid('minor');


input("Press Enter/Return to display 3 Harmonic graphs.")
                        %  A mid-program prompt to allow the user to
                        % press Enter/Return to display the next two
                        % set of graphs.

clc;

subplot(1,2,1);
plot(theta1,v12,'r');
xlabel('Distance');
ylabel('Amplitude');
xlim([0, 12]);
ylim([-6, 6]);
title('3 Harmonic Total','Cycles: 2');
grid('on');
grid('minor');

subplot(1,2,2);
plot(theta2,v22,'r');
xlabel('Distance');
ylabel('Amplitude');
xlim([0, 12]);
ylim([-6, 6]);
title('3 Harmonic Total','Cycles: 5');
grid('on');
grid('minor');

input("Press Enter/Return to display 5 Harmonic graphs.")

clc;

subplot(1,2,1);
plot(theta1,v13,'b');
xlabel('Distance');
ylabel('Amplitude');
xlim([0, 12]);
ylim([-6, 6]);
title('5 Harmonic Total','Cycles: 2');
grid('on');
grid('minor');

subplot(1,2,2);
plot(theta2,v23,'b');
xlabel('Distance');
ylabel('Amplitude');
xlim([0, 12]);
ylim([-6, 6]);
title('5 Harmonic Total','Cycles: 5');
grid('on');
grid('minor');

input("Press Enter/Return to display 10 Harmonic graphs.")

clc;

subplot(1,2,1);
plot(theta1,v14,'m');
xlabel('Distance');
ylabel('Amplitude');
xlim([0, 12]);
ylim([-6, 6]);
title('10 Harmonic Total','Cycles: 2');
grid('on');
grid('minor');

subplot(1,2,2);
plot(theta2,v24,'m');
xlabel('Distance');
ylabel('Amplitude');
xlim([0, 12]);
ylim([-6, 6]);
title('10 Harmonic Total', 'Cycles: 5');
grid('on');
grid('minor');

Multiplication of 2.5 is implemented in the second set of ‘w’ variables inside each sine bracket (see page 4) to shrink the size of sine repetitions since modifying the maximum x-domain of a variable designated as a range (see variables ‘t1’ and ‘t2’ on page 3) will extend the waveform with more repetitions.
An alternate way of implementing the multiplication is to address the amends of 2.5 to a variable where it can multiply on theta2 in which it affects the second set of sine brackets of ‘w’s.

See next page for images that display respective outputs for Task 2a).
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The resulting improvement is caused by setting each ‘w’ variable to contain a multiple of 2.5 inside each of their sine brackets and updating the viewable x-limits of the 5-cycle graphs from 30 to 12.

b) [bookmark: _Toc134611186]‘.m’ file modified to allow more harmonics – allowing User Input
In the next set of code, the program allows the user to enter an integer (except for 0 and below) to provide the harmonics quantity to display.
Waveform smoothing is requested. (following wave smoothing set to 5)
The following code is as displayed for editions provided compatible for website/online builds. 
%% User Clearance
clc;   % clears Command Window content
clear; % clears workspace variables


%% User Variables
%  The program/'.m' file asks you for the initial position of y for all displayed waves. 
aInit = input('How much should the graph displace from the x-axis? ');

%  The program/'.m' file asks you for the initial position of y for 
% displayed total harmonic wave. 
%  'fix()' rounds a number to the lowest rounded integer.
% Intentionally for a title-validating purpose.
n = fix(input('Choose an integer to supply accumulation of harmonics. The higher, the more a smoothened positive sawtooth waveform will be displayed. '));

%  Modifies how smooth the graph should be. 
readers = input("Enter how smooth should your graph be, in euler's power (e^x). Small, single-digit positive integer recommended. (Default: 5) ");


%% Calculated Variables
angular_frequency = 1; %  Angular Frequency is set to '1' per assignment specification.

t = 0:(exp(sym(1)))^(-readers):2*(2*pi);    
        %  A complete cycle is small omega, or '2*pi'.
        %  (exp(sym(1))) is classified as 2.71828... Euler's number.
        %  The numbers between the colons present the size of the samples taken within the two limits represented by the other numbers.

%  Assigned variable to simulate the 'theta' purpose.
theta = angular_frequency*t;

%% For Loop
v = 0;                 %  Variable must be included or 'for' loop will not understand the existence of that variable.

for aAcc = 1:1:n       %  The variable next to 'for' will be the value that repeats (in this instance) how many order harmonics will be produced.
    w = aInit/2 + (1/aAcc*pi)*sin(theta*aAcc);
                       %  The formula that produces the current order harmonic. As in how frequent and shrunk the resulting order wave becomes.
    v = v + w;
                       %  Simple accumulator for produced harmonics.
end
                       %  End of the loop.

%% Figure Plotting
subplot(1,1,1);        %  Assigns a plot graph to a grid of placements.
                       %  Column of position, row of position, then in left-to-right, up-to-down order.

plot(theta,v,'r');     %  Plots a graph via. ...
                       %  Time length (x-numbers), given results (y-numbers), and decorative adjustments like colours.

ylim([-6,6]);          %  Defines y-limits displayable in the graph.             

title(['Sawtooth Harmonic Accumulation - Harmonic ', + num2str(n), + ' - Offset by ' num2str((aInit/2)*n)]); 
    %  Gives a title for the graph. num2str with square brackets where located is used so to change the title to show what number sum of harmonic is used by manual command.
xlabel('Distance');              %  Labels the x-axis of the graph.
ylabel('Amplitude');             %  Labels the y-axis of the graph.
grid('on');                      % Gives major grids for the graph.
grid('minor');                   % Gives minor grids for the graph.


For desktop builds, change:
t = 0:(exp(sym(1)))^(-readers):2*(2*pi); 
to  the below substitute:
t = 0:(exp(1))^(-readers):2*(2*pi);
For graphs displaying differing harmonic quantities of 20, 50 and 125 respectively,
 see next pages.
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As the waveform accumulates more harmonics, the peaks start to reach closer to the maximum possible amplitude. The oscillation becomes more frequent, regarding a sawtooth wave’s amplitude-frequency relationship. The transition of amplitude, as it reaches a rise, becomes denser yet sharper. The periodic cycle however, remains the same.
The rising (up-shift) per cycle become sharper as harmonic accumulation increases.
For example:
· Where harmonic ∑ = 20, [6.27977, -0.214743] to [6.2865, 0.208499] indicate an increase rise ratio of 62.889…
· Where harmonic ∑ = 50, [6.27977, -0.536112] to [6.2865, 0.520564] indicates a rise ratio of 157.010…
· ∑ = 125, [6.27977, -1.32881] to [6.2865, 1.29091] indicates a rise ratio of 389.260…


Assumably, dividing the rise ratio by the sum of harmonics can approximate to π (pi, 3.14…)
· 62.889… ÷ 20 = 3.1445…
· 157.010… ÷ 50 = 3.1402…
· 389.260… ÷ 125 = 3.1141…
It is given as such since π is involved in the for loop in the code. 

[bookmark: _Toc134611187]Task 3 - Fourier Transforms of Aperiodic Pulse(s)
[bookmark: _Toc134611188]a) Calculate the following integral equation:

Substitute ‘t’ from the X(iF) frequency function with the time domain equivalents that equal to 1.

The X(iF) equation means that the integral of an ‘e’ power function becomes the reciprocal of the contents of the power that contains a ‘t’. Its other multiplying product provides the difference that multiplies the powers by the given time domain ranges equalling 1 (2 taking away from minus 2 due to 1 when ).

Shifting the j2 into the exponential bracket visualises as:

Multiplying both the numerator and denominator of the non-imaginary fraction by 4 shows:


See next page for more.

Leading to the current state of the equation likening towards the following formulae (see right):




Therefore, the integral solution results as:

[bookmark: _Toc134611189]b) Program the real part of the integral solution provided in a) using MATLAB.
The functions as provided in a) must be manually typed out and re-interpreted for MATLAB to process. Afterwards, the integral solution will be programmed in MATLAB.
The signal that presents  will be re-interpreted by:
signalLoY = (-2 <= x0);
signalHiY = (x0 <=  2);
signalAll = (signalLoY + signalHiY) -1;  % Time of FT: x(t)

Keep note that the ‘≤’ sign include that -2 and 2 will be 1 in the step functions.
	‘x0’ signifies as the ‘x’ domain of -5 to 5. 
The signal that presents  will be re-interpreted by:
intour = @(symb) (signalAll .* (exp(1).^(-1i.*2.*pi.*symb.*x0))); 
inside = integral(intour,-Inf,Inf,'ArrayValued',true);

It will be presumed that the real part from the answer from a) will be re-interpreted in that ‘f’ will substitute as ‘x’. Or for code’s context: ‘x0’.
‘x’ in code’s context will be a symbol for integration in interest of ‘@’.
The parameters are as user-submitted:
4 for ‘userfreq’; the frequency in;
4 for ‘useramps’; the numerator amplitude of the integral solution;
50 for ‘usersplt’; the time interval per sample; reciprocal of ‘usertime’;
See next page for a set of full code for tasks 3b) and 3c).
%% User Clearance... Date of Initial Development: 26/04/2023
clc;            % Clears the command window
clear;          % Clears current existing workplace variables
subplot(1,1,1); % Displays an empty full-sized x-y graph to restore
                % graph processing mechanics to one graph.

%% Variables - Time               
disp("Sinc wave boundary between -5 to +5.");
disp("Sinc wave restricted to domain of -2 to 2.")
userfreq = input("Insert frequency for wave: (type '4') ");
useramps = input("Insert amplitude for wave: (type '4') ");
usertime = input("Insert sample rate for wave: (a 2 or 3-digit number will do) ");

usersplt = 1/usertime;

   x0 = -5:usersplt:5;    % <- Time View
   y0 = 0:1:length(x0)-1; % <-  FFT View

signalLoY = (-2 <= x0);
signalHiY = (x0 <=  2);
signalAll = (signalLoY + signalHiY) -1;  % Time of FT: x(t)

signalWdh = x0 .* signalAll;

%% Variables - Frequency
signal = useramps*sinc(pi*x0*-userfreq);  % INTEGRAL SOLUTION
signalF = fft(signal);


%% Variables - Combination
signalFi1 = signal .* signalWdh; 
signalFi2 = signal .* signalAll; 

signalFF1 = fft(signalFi1);
signalFF2 = fft(signalFi2);
signalFFi = fft(imag(signalFi2));

%% Variables - Integral Production
intour = @(symb) (signalAll .* (exp(1).^(-1i.*2.*pi.*symb.*x0))); % INTEGRAL OF FT: X(iF)
inside = integral(intour,-Inf,Inf,'ArrayValued',true);

%% Plotting - Intended Instructions
plot(x0, signalAll);
grid on;
grid minor;
ylabel("Amplitude")
title("Time Signal to affect Integral")
input("Press Enter/Return to view plotted integrals of the Fourier Equation as real part. ");
clc;

plot(x0, real(inside));
grid on;
grid minor;
ylabel("Amplitude");
title("Time's Integral Function - Real");
input("Press Enter/Return to view plotted integrals of the Fourier Equation as an imaginary part. ");
clc;

plot(x0, imag(inside));
grid on;
grid minor;
ylabel("Amplitude");
title("Time's Integral Function - Imaginary");
input("Press Enter/Return to view real part as x-axis and imaginary part as y-axis. ");
clc;

plot(y0, fft(real(inside)));
grid on;
grid minor;
ylabel("Magnitude");
title("FFT Integral Function - Real");
input("Press Enter/Return to view FFT of the imaginary part of the integrals of the Fourier Equation. ");
clc;

plot(y0, fft(imag(inside)));
grid on;
grid minor;
ylabel("Magnitude");
title("FFT Integral Function - Imaginary");
input("Press Enter/Return to view FFT-Shift of the real part of the integral solution. ");
clc;

% Should be the point where 3c) should be presented.

plot(y0, fftshift(real(signal)));
grid on;
grid minor;
xlabel("Frequency (Hz)");
ylabel("Magnitude");
title("FFT Integral Function Magnitudes - Real");
input("Press Enter/Return to view FFT-Shift of the imaginary part of the integral solution. ");
clc;

plot(y0, fftshift(imag(signal)));
grid on;
grid minor;
xlabel("Frequency (Hz)");
ylabel("Magnitude");
title("FFT Integral Function Magnitudes - Imaginary");
input("Press Enter/Return to view FFT-shift of the unwrapped phase of the real part of the integral solution, but in phase readings. ");
clc;

plot(y0, fftshift(unwrap(angle(real(signal)))));
grid on;
grid minor;
xlabel("Angle");
ylabel("Offset");
title("Phase of FFT Integral Function - Real");
input("Press Enter/Return to view FFT-shift of the unwrapped phase of the imaginary part of the integral solution, but in phase readings. ");
clc;

plot(y0, fftshift(unwrap(angle(imag(signal)))));
grid on;
grid minor;
xlabel("Angle");
ylabel("Offset");
title("Phase of FFT Integral Function - Imaginary");
clc;

‘ArrayValued’, true is needed per integral variable creation to let MATLAB provide a visual graph with arrays. 

See next pages for respective graph/plot results.
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See next pages for integral function’s time and FFT graphs, plus absolutes of FFT graphs.
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The code for the integral solution is given below:
%% User Clearance... Date of Initial Development: 26/04/2023
clc;            % Clears the command window
clear;          % Clears current existing workplace variables
subplot(1,1,1); % Displays an empty full-sized x-y graph to restore
                % graph processing mechanics to one graph.

%% User Input 
disp("Integral Solution is 'Amplitude multiplied by Sinc(pi * f * Frequency)");
disp("Sinc wave boundary between -5 to +5.");
userfreq = input("Insert frequency for wave: (type '4') ");
useramps = input("Insert amplitude for wave: (type '4') ");
usertime = input("Insert sample rate for wave: (a 3 or 4-digit number will do) ");

%% Assigned Variables
usersplt = 1/usertime;

x0 = -5:usersplt:5;
x1 = -2:usersplt:2;

signal = useramps*sinc(pi*x1*-userfreq);

%% Plotting
plot(x1, real(signal),'r');
hold off;
title("Sinc Wave: 4Sinc(4\pif) - Real");

The user-input variables are as assigned for the purpose of task 3b):
‘userfreq’ set to 4 since the solution’s frequency contains the number.
‘useramps’ set to 4 for the same reason as above variable.
‘usertime’ set to 50, but does not affect the resulting real part graph.
The integral solution is as provided below:


See next page for the graph that shows the integral solution.
[image: A screen shot of a graph
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[bookmark: _Toc134611190]c) Plot the below Fourier Transforms as a complex function, plotting the amplitude and phase spectrum separately.

The following graph(s) below will be provided to show what happens if the sinc wave as a result from integration is processed into Fast Fourier transformation.
The parameters of ‘4, 4, 200’ are also set for the first set of graphs for task 3c).
See page 17 and 18 for code pertaining to task 3c).
See next page for graphs that provide results with incorrect parameters.


Imaginary values for both graphs are zero.
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[bookmark: _Toc134611191]d) Find the Fourier Transform of another exponential signal using the Fourier Transform formula:
 and 
Because  is a defined value, it is available to immediately substitute the frequency domain’s  to obtain the multiple fraction:

Performing power addition due to multiplication of powers and that the ‘’ in  is absolute should provide the following exponential and integrals:


And because the Euler’s power (e to the power of anything) contain values of ‘’, a reciprocated multiple multiplied by the resulting integral equation will give split and equal co-efficients and the outcome of the current integration(s):

(+)                 (–)

Since  to the power of  gives 1, and  to the power of minus infinity gives 0, the equations will spread out as:


The final answer requires a conjugating division operation due to imaginary numbers:




[bookmark: _Toc134611192]e) Plot the above integration using the real part from d) using the ‘trapz’ command in MATLAB.
The functions as provided in d) must be manually typed out and re-interpreted for MATLAB to process.
The parameters are as user-submitted:
14 for ‘useramps’; the numerator amplitude of the integral solution (for ‘3e)’);
50 for ‘usersplt’; the time interval per sample (for both ‘3e)’ and ‘3f)’);
5 for ‘rangeview’; how far the sample can be viewed from the negative of x-domain to positive (for both ‘3e)’ and ‘3f)’).
It will be presumed that the real part from the answer from d) will be re-interpreted in that ‘f’ will substitute as ‘x’. Or for code’s context: ‘x0’.
‘x’ in code’s context will be a symbol for integration in interest of ‘@’.
As reminder, the answer/’integral solution’ of d) is: 
  signal = useramps ./ (49 + ((pi^2) .* (x0.^2)));     % INTEGRAL SOLUTION
It should be that e0 must be replaced with its respective y-displacement.
     e0 = exp(1).^(-7*abs(x0));                        % TIME OF FT: y(t)
interior = @(x) (e0 .* (exp(1).^(-1i.*2.*pi.*x.*x0))); % INTEGRAL OF FT: Y(iF)

See next page for code for task 3e) and its results.

The code for task 3e) is as displayed below (only compatible with desktop format):
useramps = input("Insert amplitude for wave: (type '14') ");
usertime = input("Insert sample rate for wave: (a 2 or 3-digit number will do) ");
usersplt = 1/usertime;
rangeview = input("How far would you like to see the graph? ");
clc;
   x0 = -rangeview:usersplt:rangeview;    % <- Time View
   y0 = 0:1:length(x0)-1;                 % <-  FFT View
   e0 = exp(1).^(-7*abs(x0));             % TIME OF FT: y(t)

%% Trapezoid Result
signal = useramps ./ (49 + ((pi^2) * (x0.^2)));  % INTEGRAL SOLUTION
plot(x0, signal);
xlabel("Distance");
ylabel("Amplitude");
title("Integral Solution");
signalTRT = trapz(signal);
disp("The trapezoidal numerical integration states that the area of the real part of the integral solution is: ");
disp(signalTRT);
disp("");
input("Press Enter/Return to view plotted integrals of the Fourier Equation as a real part. ");


See next page for graph and command window results.
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Note that when ‘rangeview’ is set to a massive number, it can go as high as around 100.
See 3f) for Fast Fourier-transformed integral equations.

[bookmark: _Toc134611193]f) Real part of the transform with plotted frequencies in a logarithmic spectrum graph.
 and 
Produce an FFT for the integral but as displayed as a logarithmic spectrum graph.
‘semilogx’ is a function in which the x-axis of the graph is logarithmic whereas the y-axis is linear while still rendering as a plot graph.
useramps = input("Insert amplitude for wave: (type '14') ");

usertime = input("Insert sample rate for wave: (a 2 or 3-digit number will do) ");
usersplt = 1/usertime;

rangeview = input("How far would you like to see the graph? ");
clc;

   x0 = -rangeview:usersplt:rangeview;    % <- Time View
   y0 = 0:1:length(x0)-1;                 % <-  FFT View
   e0 = exp(1).^(-7*abs(x0));             % TIME OF FT: y(t)

%% Variables - Frequency
signal = useramps ./ (49 + ((pi^2) * (x0.^2)));  % INTEGRAL SOLUTION
plot(x0, signal);
xlabel("Distance");
ylabel("Amplitude");
title("Integral Solution");

signalTRT = trapz(signal);

%% Command Window Display, Trapezoid Result
disp("The trapezoidal numerical integration states that the area of the real part of the integral solution is: ");
disp(signalTRT);
disp("");
input("Press Enter/Return to view FFT of the real part of the integrals of the Fourier Equation on an x-logarithmic graph. ");
clc;

See next page for more code and graphed result of 3f). 

%% Variables - Integral Production
interior = @(x) (e0 .* (exp(1).^(-1i.*2.*pi.*x.*x0))); % INTEGRAL OF FT: Y(iF)
intently = integral(interior,-Inf,Inf,'ArrayValued',true);

semilogx(y0, fft(real(intently)));
grid on;
grid minor;
xlabel("Frequency (Hz), Logarithmic");
ylabel("Amplitude");
title("FFT Integral Function - Real, Logarithmic X");
input("Press Enter/Return to exit. ");
clc;
 
[image: A graph of a function
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[bookmark: _Toc134611194]Task 4 - Fourier Transforms of an Infinite Duration Signal
The following signal is provided for low-pass filtering:

[bookmark: _Toc134611195]a) Using MATLAB to plot the amplitude spectrum of the given signal by creating a vector x, with sampled values of the continuous time function.
Sample signal every 0.0002 seconds, and set sample limit to 1000 samples.

The following lines of code specifically for a) is as given:
[image: ]
[image: ][image: ]
The default input numbers are as given in chronological order per test: 
1. 0.2 for maximum time range
2. 1,000 for the number of samples taken 
3. 1,000 for the regular frequency signal range from 0
4. 300 for the low-pass filter (see answers for ‘d)’ for active effect)
min:sample_rate:max defines both limits and the sample sizes that occupy within, starting from the minimum.

Quantitative sampling is not considered “continuous” if the sample rate is not infinitesimally small that a hypothetical frequency of sampling to infinity is used. 
Discrete sampling performs with modern machinery since sampling of extreme quantities is deemed impossible and costly with time and memory to perform.
[image: ]
The ‘Unfiltered Time Signal’ (see above) displays a complex sinusoidal waveform containing a combination of 160Hz, 170Hz, 580Hz and 600Hz sine waves with differing amplitudes of 5, 4, 0.75 and 1.5 respectively. Half of the accumulated amplitudes make up the peak of the waveform – 11.25.
See previous page, line 58 for proof of complex waveform to sample.
Maximum time range of 0.2 seconds is achieved by prompting to view a time range of 0.2 seconds and 1,000 samples taken. This lets the program know that for every 0.0002 seconds, a sample is taken.

[bookmark: _Toc134611196]b) Use Fast Fourier Transform (FFT) to plot the Fourier Transform of the time domain equation from a), producing a maximum sample limit of 1000 spaced every 0.0002 seconds. It should produce a frequency domain for the signal.
[image: ][image: ]
[image: ]
The use of fft() indicates that Fast Fourier Transform is implemented in the program. 
fft() computes the discrete Fourier transform (DFT) of a function using a fast Fourier transform algorithm. (MathWorks, n.d.)

[image: ]
The frequency graph for the unfiltered signal (see above) displays the four combined sine waves being sampled for the program.
Despite amplitudes being assigned 5, 4, 0.75 and 1.5 respectively, the graph shows interestingly larger amplitudes.

See next page for mirror image of spectrum and the troughs of the signals.

[image: ]
Zooming out the x-domain past the regular frequency spectrum shows that a mirror-copy of the frequencies appear up to 5,000 hertz. It also shows how deep the troughs of the frequency signals show.
[image: ]
[image: ]
The magnifications of the remainder graphs show the amplitude of the troughs produced in the spectrum.

[bookmark: _Toc134611197]c) Apply Inverse Fourier Transform (IFFT) to reconvert the FFT signal from frequency domain to time domain with all frequency components intact.
Visualise the recovered signal, compare with the unaltered signal and discuss results.
[image: ]
What the figures show is that converting and inverse converting a time signal from Fourier transforming simply produces the same result as each other.
Error rates may be able to cause miniscule (but smoothed out) imperfections in the output.
[image: ]
[image: ][image: ][image: ]
ifft() performs the inverse of fast Fourier Transform, converting the readings of a frequency spectrum back into a time domain-equivalent complex waveform.

[bookmark: _Toc134611198]d) Apply the same transform from c), but only maintaining the lowest two frequency components.
Visualise the reconstructed signal in time domain, compare with the original signal from 4), and discuss results.
[image: ]
[image: ][image: ]
[image: ]A reason for troughs (local maximums that read less than zero) existing in frequency spectrums are so that calculations compensate with excesses estimated against interval 
gap-induced rounding, especially with manually computed error rates in regards with digital paraphernalia.
For observation expansion up to maximum readable frequency domain, see next page.

[image: ]
There appear peaks that occur in the frequency signals from the furthest-possible frequency.
From the code used for the finding, the number ‘5,000’ has not been written in the program nor has it been classified as a maximum number output. The number ‘1000’ is inputted as is given by manual recommendation.
The signals from 0 hertz to somewhere around 2,500 end up producing a mirror effect, 
assumedly from program analysis limitations and previous page’s reasons.
[image: ]
[image: ]
For modified resulting signal comparison against ideal signal, see next pages.
[image: ]The comparison of the modified resulting signal and ideal signal is that tweaking the resulting signal comprises of: doubling the resulting amplitude; determining whether to attach an equal sign to modify comparisons; and if sampling zero from the sample input makes confirmation.


[image: ] 
[image: ]The modifications are as stated:
Lines 124 and 125 signify as the selected domain of frequency in which to sample as limits.
As for concerns regarding combinations, answers provide up to four different answers, depending whether either variable’s bracketed comparison contain an equal sign and if the lower limit uses the negative of specified low-pass input or zero.
[image: ]They also retain the specific number specified where to initiate the low-pass filtering. 
Line 126 ensures that when sampling occurs, only the domain between limits are sampled, and not beyond specified limit. i.e: the domain between the negative of the user-submitted filter frequency and the positive of it; or from zero / after zero to user-submitted filter frequency.
Line 127 sets both sampling limits as defined range for the program to read.
Line 128 modifies the signal so that the resulting waveform amplifies to double its amplitude, compromising the loss of the high-frequency spike (see next page).
[image: ] 
The result of low-pass filtering the input waveform removes the higher frequencies that appear to double the input signal. See page 39 for similar reason.
See next page for full code.


%% User Clearance
clc;            %  Clears the command window
clear;          %  Clears current existing workplace variables
subplot(1,1,1); %  Displays an empty full-sized x-y graph to restore
                % graph processing mechanics to one graph.
hold off;       %  Overwrites figures instead of overlapping.

% IF COMMAND WINDOW DOES NOT SHOW CHARACTERS, JUST TYPE '0.2' AND ENTER/RETURN.
%% Introduction + User Variables
disp("The signal wave contain the following values:"); 
disp("5.00 Cos(160t tau) + 4.00 Cos(170t tau) + 0.75 Cos(580t tau) + 0.80 Cos(600t tau)");  
disp("Wave boundaries starting at 0."); 
disp(" ");
           %  Line of characters viewable on command window.
           %  Line 10 means to produce a blank line.

usermxrn0 = input("Insert maximum range of the signal to view for time graphs (Recommended Value: 0.2) ");
           %  'usermxrn0' is the variable in which the time's viewing range from 0 is to be viewed.

N = input("Select number of samples. (Recommended: 1000) ");
           %  The value the frequency range will be viewed in respective graphs.
           %  Shortened for speed of accessibility.
Ts = usermxrn0/N;                                             
%Ts = input("Select delay between samples. (Recommended: 0.0002) ");
TTOL = N*Ts;
t = 0:usermxrn0/N:TTOL;
           %  Maximum x-domain that the user can observe on the researched signal's graph.
           %  Fitting all samples within 0 to the furthest possible.

usermxrn1 = input("Insert maximum range for Fast Fourier signals to view: (Recommended Value: 1000) ");
           %  Maximum x-domain that the user can observe on the Fast Fourier outcomes.


freqlowcut = input("Insert maximum range for Fast Fourier signals to process: (Recommended Value: 200 to 500) ");
           %  Maximum x-domain that the program will process unfiltered or remained on the Fast Fourier outcomes.


%% Calculated Variables + Figure Plotting
% 'signal1' of both signals is the subject signal to low-pass filter.
% 'signalW' is the ideal signal to replicate in this file.
signal1 = 5*cos(2*pi*160*t) + 4*cos(2*pi*170*t) + 0.75*cos(2*pi*580*t) + 1.5*cos(2*pi*600*t);
signalW = 5*cos(2*pi*160*t) + 4*cos(2*pi*170*t);

% 'f' is assigned as the 'frequency domain'.
f = (0:N)*(1/TTOL);


%  The following paragraphs show a smaller-sized graph of each of the provided subplots below.


%  Subplot in which it shows the signal within the first maximum x-value.
plot(t, signal1, 'color', '[0.7 0 0.2]');
axis([0, usermxrn0, -15, 15]);
hold on;
grid on;
xlabel("Time (s)");
ylabel("Amplitude");
title("Unfiltered Time Signal");

input("Press Enter/Return to see Unfiltered Frequency Signal Waveform. ");

%  Subplot in which it shows the spikes that involve the spikes that provide frequencies are involved as absolute values. 
%  Will be a large y-range.
%  Answering sub-questions a) and b).
plot(f, fft(signal1), 'b');
axis([0, usermxrn1, 0, 3000]);
hold off;
grid on;
xlabel("Frequency (Hz)");
ylabel("Amplitude");
title("Frequency Spectrum of Unfiltered Signal");

input("Press Enter/Return to see Inverse-Converted Unfiltered Time Signal Waveform. ");

%  Subplot in which it means to invert the second subplot's contents back into a time-domain signal.
%  Answers sub-question c).



signali1 = fft(signal1); 
%  Shortcut variable for Fast Fourier Transformed signal.

plot(t, ifft(signali1), 'k');
axis([0, usermxrn0, -15, 15]);
grid on;
xlabel("Time (s)");
ylabel("Amplitude");
title("Inverse Conversion of Frequency Spectrum");

input("Press Enter/Return to see Ideal Time Signal Waveform. ");

%  Subplot in which it means to invert and re-invert the signal manually modified to read only the lower two frequencies from time to frequency and back into time domain.
%  The 'ideal' solution as visualised.

plot(t, ifft(fft(signalW)), 'm');
axis([0, usermxrn0, -15, 15]);
grid on;
xlabel("Time (s)");
ylabel("Amplitude");
title("Ideal Time Signal Waveform");

input("Press Enter/Return to see Resulting Time Signal Waveform. ");

%  Subplot in which it means to invert the second subplot's contents back into a time-domain signal... except it only recovers the slower two individual waves in the complex wave. 5A, 160Hz & 4A, 170Hz

%  Answers sub-question d).

%signali2 = signali1 - 2000;
%signalX = abs(lowpass(lowpass(lowpass(lowpass(lowpass(lowpass(signali2,180,N),180,N),180,N),180,N),180,N),180,N));
%  The line above is needlessly repetitive to implement.
%signalneut = stepfun(f, -freqlowcut); 
signalneut = (f>-freqlowcut);
signalcut1 = (f>=freqlowcut);             %  But it did result in a 
signalcuti1 = -signalcut1;                % subtly smaller signal.
signalmod = signalneut + signalcuti1;
signalX = signali1 .* signalmod;          %  Attach abs() here to set output frequency readings all to positive. [CANCELLED]

                                          %  Multiplied signalX by 2 since resulting signal shrinks by half. Then remainder of results will not regard multiplying by 2. [CANCELLED]

plot(t, ifft(signalX), "r");
axis([0, usermxrn0, -15, 15]);
grid on;
xlabel("Time (s)");
ylabel("Amplitude");
title("Resulting Time Signal");

input("Press Enter/Return to see Resulting Frequency Signal. ");

plot(f, (signalX), "r");
axis([0, usermxrn1, 0, 3000]);
hold on;
grid on;
xlabel("Frequency (Hz)");
ylabel("Amplitude");
title("Resulting Frequency Signal");

%% Ideal Frequency Signal instead of Ideal Time Signal
input("Press Enter/Return to see Ideal Frequency Signal Waveform. ");

plot(f, fft(signalW), 'm');
axis([0, usermxrn1, 0, 3000]);
grid on;
xlabel("Frequency (Hz)");
ylabel("Amplitude");
title("Ideal Frequency Signal Waveform");

%% Comparison of both Unfiltered and Reconverted Time Signals
input("Press Enter/Return to compare Unfiltered and Reconverted time signals. - Task 4c");

subplot(2,1,1);
plot(t, signal1, 'color', '[0.7 0 0.2]');
axis([0, usermxrn0, -15, 15]);
grid on;
xlabel("Time (s)");
ylabel("Amplitude");
title("Unfiltered Time Signal");

subplot(2,1,2);
plot(t, ifft(signali1), 'k');
axis([0, usermxrn0, -15, 15]);
grid on;
xlabel("Time (s)");
ylabel("Amplitude");
title("Inverse Conversion of Unfiltered Frequency Spectrum");
%% Comparison of both Unfiltered and Ideal Frequency Signals
input("Press Enter/Return to compare Unfiltered and Ideal frequency signals. - Task 4d");

subplot(2,1,1);
plot(f, fft(signal1), 'b');
axis([0, usermxrn1, 0, 3000]);
grid on;
xlabel("Frequency (Hz)");
ylabel("Amplitude");
title("Frequency Spectrum of Unfiltered Signal");

subplot(2,1,2);
plot(f, fft(signalW), 'm');
axis([0, usermxrn1, 0, 3000]);
grid on;
xlabel("Frequency (Hz)");
ylabel("Amplitude");
title("Ideal Frequency Signal Waveform");

%% Comparison of both Resulting and Frequency Ideal Signals
input("Press Enter/Return to compare Resulting and Ideal frequency signals.");

subplot(2,1,1);
plot(f, (signalX), "r");
axis([0, usermxrn1, 0, 3000]);
grid on;
xlabel("Frequency (Hz)");
ylabel("Amplitude");
title("Resulting Frequency Signal");

%% Comparison of both Resulting and Ideal Time Signals
input("Press Enter/Return to compare Resulting and Ideal time signals.");

subplot(1,1,1);
subplot(1,2,1);
plot(t, ifft(signalX), "r");
axis([0, usermxrn0, -10, 10]);
grid on;
xlabel("Time (s)");
ylabel("Amplitude");
title("Resulting Time Signal");

subplot(1,2,2);
plot(t, ifft(fft(signalW)), 'm');
axis([0, usermxrn0, -10, 10]);
grid on;
xlabel("Time (s)");
ylabel("Amplitude");
title("Ideal Time Signal Waveform");
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The trapezoidal numerical integration states that the area of the real part of the integral solution is:
73.3118

i Press Enter/Return to view plotted integrals of the Fourier Equation as a real part.
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% 'signall’ of both signals is the subject signal to low-pass filter.
% "signalll’ is the ideal signal to replicate in this file.

signall = 5"cos(2°pi*160%t) + 4%cos(2°pi®170°t) + 0.75%C0s(27Pi*SE0%t) + 1.5%cos(27pi®600%t);
signalil = 5*cos(2°pi¥160%t) + 4%cos(2°pi®170%t);

% "' is assigned as the 'frequency domain’.
£ = (e:N)*(1/TTOL);

% The following paragraphs show a smaller-sized graph of each of the
% provided subplots below.

% Subplot in which it shous the signal within the first maximum x-value.
plot(t, signall, 'color’, '[0.7 © 8.2]');

axis([0, vsermxrne, -15, 15]);

hold on;

grid on;
xlabel("Tine (s)
ylabel("Amplitude”);
‘title("Unfiltered Time Signal");
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% 'signall’ of both signals is the subject signal to low-pass filter.
% "signalll’ is the ideal signal to replicate in this file.

signall = 5"cos(2°pi*160%t) + 4%cos(2°pi®170°t) + 0.75%C0s(27Pi*SE0%t) + 1.5%cos(27pi®600%t);
signalil = 5*cos(2°pi¥160%t) + 4%cos(2°pi®170%t);

% "' is assigned as the 'frequency domain’.
(@:N)*(1/TTO0L) 5
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plot(f, fft(signall), '0');
axis([0, usermcrnl, 0, 3000]);
hold off;

grid on;

xlabel("Frequency (Hz)
ylabel("amplitude");
title("Frequency Spectrum of Unfiltered

s

Signal’
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signall = 5*cos(2%pi*160*t) + 4*cos(2%pi*17@%t) + @.75%cos(2*pi*580*t) + 1.5%cos(2*pi*e@et);




image32.png
% Subplot in which it shows the signal within
subplot(6,1,1);

plot(t, signall, color’, '[0.7 @ 0.2]');
axis([0, usermxrng, -15, 15]);

hold on;

grid on;

title("Unfiltered Time Signal™);

the first maximum x-value.
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% Subplot in which it shows the spikes that involve the spikes that provide
% what frequencies are involved as absolute values.

% Will be a large y-range.

% Answering sub-questions a) and b).

subplot(s,1,2);

Plot(f, abs(Fft(signall)), 'o');

axis([0, usermxrnl, 0, 3000]);

hold on;

grid on;

title("Frequency Spectrum of Unfiltered Signal™);

% Subplot in which it means to invert the second subplot's contents back
% into a time-domain signal.
% Answers sub-question c).

signalil = Fft(signall);
% Shortcut variable for Fast Fourier Transformed signal.

subplot(s,1,3);
plot(t, ifft(signalil), 'k');

axis([0, usermxrne, -15, 15]);

hold on;

grid on;

title("Inverse Conversion of Freguency Spectrum’);

% Subplot in which it means to invert and re-invert the signal manually
% modified to read only the lower two frequencies from time to

% frequency and back into time domain.

% The 'ideal’ solution as visualised.
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(Recommended Value: 1000) "
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% 'signall’ of both signals is the subject signal to low-pass filter.
% "signalll’ is the ideal signal to replicate in this file.

signall
signalw

5%cos(2°pi®160°t) + 4°cos(2°pi®1707t) + 0.75%cos(27pi*58E%t) + 1.5%C0s(2%pi*600°t);
S*cos(2%pi*160*t) + 4%cos(2%pi*170%t);
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subplot(2,1,1);
plot(f, fft(signall), '6');

axis([e, usermxrnl, 0, 3000]);

grid on;

xlabel("Frequency (Hz)");

ylabel("amplitude™);

title("Frequency Spectrum of Unfiltered Signal);

subplot(2,1,2);
plot(f, fft(signali), 'm');

axis([e, usermxrnl, 0, 3000]);
grid on;
xlabel("Frequency (Hz)
ylabel("amplitude™);
‘title("Ideal Frequency Signal Waveform");
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freqlowcut = input("Insert maximum range for Fast Fourier signals to process
% Maximum x-domain that the
% program will process
% unfiltered or remained on
% the Fast Fourier outcomes.

(Recommended Value: 200 to 500)
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signalneut
signaleutl = (f
signaleutil
signalmod

signalX = abs(signalil

-freqlowcut);

reqlowcut);
-signaleutl;

signalneut + signalcutil;

.* signalmod®2);

e

a2t 2k a0 at 2t

But it did result in a
subtly smaller signal.

Attach abs() here to set
output frequency readings

all to positive.

Multiplied signalX by 2 since
resulting signal shrinks by
half.
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