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[bookmark: _Toc133319327]Telecommunication Systems Explanations
[bookmark: _Toc133319328]Achievement of Ever-Increasing Demand on Capacity in Mobile Networks
Electromagnetic radiation devices or ‘radio technology’ establishes, especially as commercial communication systems, around the start of the 1900s in credit to numerous patentors such as Guglielmo Marconi, Antonio Meucci, Alexander Graham Bell, et al.
In 1973, the first cellular phone system was demonstrated by Motorola by performing a call from John F. Mitchell and Martin Cooper.
In 1979, a cellular network was launched in Japan by ‘Nippon Telegraph and Telephone’. And in around 1981 until the early 2000s, another cellular network named ‘Nordisk MobilTelefon’ (NMT) developed by Nordic PTT (Postal, Telegraph Telephone) launches in Finland, Denmark, Norway and Sweden. The latter comes in two versions: NMT450 and NMT900 – 450MHz and 900MHz bands respectively. Such networks can be classified as analogue systems since more innovative and digital approaches have not been fully implemented just yet. (Eriksen, 2019; Mpirical, n.d.)
As demand for cellular communication rises, factors including storage capacity, security and performance start becoming more recurrent and exponential to deal with. Digital technology’s high prominence led to mobile phone companies to shift from analogue methods to more quantifiable digital systems to overcome the aforementioned factors. The resulting outcomes years later demonstrate ‘high risk, high reward’ given telecommunications’ now global demographic and commercial reputation years past and now.
Numerous systems were developed to meet the ever-increasing needs like US Digital Cellular (Time-Division Multiple Access [TDMA], 2G), cdmaOne (Code-Division Multiple Access [CDMA], 2G), and Global System for Mobile communications (GSM, 3G).
GSM introduces unique features including Subscriber Identity Module (SIM) cards that demonstrate identification to individual phone users and physically function like inserting an SD card to any compatible computer. In context of mobile phones, inserting to other such purchased phones.
GSM also initiated the dawn of the quickly popularised communication method of sending text messages, though uses a capability originally intended for engineering messages for the network.
As more innovations, technologies and generations start to unveil, sending and receiving of data become more of a primary demand and gradually a convenient social necessity.
Within the 3G generation, Universal Mobile Telecommunications System (UMTS, based on
a wide-band CDMA occupying 5MHz channels instead of 1.25MHz) initiates and takes on upgrades and maintenances of GSM standards. UMTS initially had a top data transfer of 384kbps, but an enhancement named High Speed Packet Access (HSPA) enables a faster data rate to transfer. (electronics-notes, n.d.)


See next page for more.

In 4G, a new standard from Long Term Evolution (LTE) uses Orthogonal Frequency-Division Multiple Access (OFDMA) in which it occupies almost all bands of a frequency spectrum allowing multiple user packets taking suitable ranges to transmit user input to reduce as much delay between communication. Phones can change transmission powers so that other phones can also send and receive data within faster times. (Juve Patent, 2020)
Such rising demand of mobile network capacity can be compared with innovative items or recipes developed through future generations e.g: laptops, cars, cameras, medicines, etc.
[bookmark: _Toc133319329]Time-Division Multiple Access
[image: ]Time-Division Multiple Access is a 2G network, a synchronised multi-carrier digital modulation technique where ‘frames’ from minuscule time intervals contain a series of a given timeslot duration split into respective users’ input data (packets) in a set slot order with varying frequencies shared between slot inputs. The system’s frequency is designated to a high frequency range and is divided into carrier frequencies. For example, a 25MHz frequency range holds 124 single chains bandwidth of each kHz as there are 200 carrier frequencies; each frequency channel containing 8 TDMA conversation channels that can be simultaneously conducted.
(In classical TDMAs,) 
Each frame period starts with a frame sync (a unique bit pattern transmitted by appropriate cells [or base stations]) and frame gap before allocated user inputs in frame periods are transmitted. Some transmission technologies e.g: transformer coupling) require the use of frame gaps to allow time for cell(s) to return to a quiescent state. 
[image: ]Each slot input data is separated by (smaller, yet time-consuming) guard intervals/periods to prevent data collisions and accommodate renovating timing skews among oscillators of the nodes. Each interval taking around 30 to 50 microseconds depending on the method. Each frame period repeats per interval with user message data differing throughout.
(Koopman, 1995)
TDMA permits flexible rates i.e: users can assign themselves with several slots. For example, if a given time interval translates 32kbps, the user can assign themselves with two 64 kbps slots per frame.
The wideband system for TDMA does not need a guard band nor a narrowband filter to function. (tutorialspoint, n.d. a)
See next page for more.

The amount of phone calls with TDMA limits to a specific number of callers at a time splitting each frame of time like an 8-track cartridge player but with a rapidly fast, automated track changing mechanism. So fast that transitions between tape areas are close to being unable to be noticed.
Because it is limited to a number of slots, excess of those in need to call can be met with a hold signal within the occupied period(s). Idle callers will be an obstacle against telecommunication efficiency for needlessly occupying assigned timeslots from other waiting users. (Curricular Linux Environment at Rice, n.d.)
Complex signal processing plus high energy consumption (of its burst mode) is required due to high bit rates and data rates. And call time is needed in each slot to accommodate time to inaccuracies due to clock instability. (tutorialspoint, n.d. a)

[bookmark: _Toc133319330]Wideband Code-Division Multiple Access
[image: ]Wideband Code-Division Multiple Access is a 3G network, an upgrade of CDMA which specific encryptions per device can transmit data per user while allowing the use of the entire frequency range through time. ‘Wideband’ allows a wider frequency range – upgraded from 1.25MHz channels to 5 MHz – to allow more devices and from being affected by data collisions. (electronics-notes, n.d.) 
Its service flexibility supports multiple parallel variable rate service on each connection, and its high data transmission rates amount up to 384kbps/2Mbps, wide to local coverage. (Tech-FAQ, n.d.)
WCDMA ran along and combined with GSM networks (and other techniques) during their generation(s) due to an existing standard named the Third Generation Partnership Project (3GPP). 
WCDMA is part of and is interchanged with UMTS due being the most used variant. 
WCDMA allows multiple transmitters to send both voice and data at the same time through the same communication channel. And it uses ‘spread spectrum technology’, allowing multiple users to share bandwidth without interference. (Capterra, n.d.)
Spread-spectrum (SS) uses sequential noise-like signals to spread normally narrowband information signals over a wide band of radio frequencies. The noise-like signals are difficult to detect, demodulate, jam or intercept; and proves why, for example: the military, have relied on it for a long time. 
Because SS signals are very wide, transmission is of much lower spectral power density, measured in watts per hertz, then narrow band transmitters. 
SS and narrowband signals can occupy the same band with insignificant interference. (Prabakaran, 2003; EDN, 2014)
WCDMA employs under two division duplex methods: Frequency Division Duplex (FDD) and Time Division Duplex (TDD).
FDD employs two separate frequency bands for uplink and downlink transmissions. A pair of frequency bands with specified separation is assigned for a connection. FDD separates users by employing both codes and frequencies. 
TDD separates users by employing codes, frequencies and time. In the same frequency band through synchronised time intervals, time slots in a physical channel are divided into transmission and reception.
Since regional differences induce different frequency allocation schemes, a capability to operate in either FDD or TDD allows for efficient utilisation of the available spectrum. (Rouse, 2012; Tech-FAQ, n.d.) Said allocation schemes ensure that the European and Asian frequency band is at least 2,100MHz and North America having 1,900MHz and 850MHz. (GSMArena, n.d.)

[bookmark: _Toc133319331]Comparisons between TDMA and WCDMA
Time-Division Multiple Access is a 2G network (1990s) while Wideband Code-Division Multiple Access is a 3G network (2000s). They are both digital encoding techniques and interoperate with SIM cards.
TDMA can be commonly interfered with electronics such as amplifiers likely that they can emit unwanted signals that can overtake the processing of the transmitters, while WCDMA has no commonly known cause of interference as signals are encoded to ensure its prevention.
Handoff is where the process of transferring a mobile telephone call from one cell to another without dropping the call. Mobile users may traverse through a few cells during conversation(s), sometimes requiring high-speed handoff during automotive travelling.
What determines if handoff is hard or soft is that soft handoff uses multiple active cells in range of transmitting signals to their recipient mobile phones gathering a consistent presence of recurring transmission, in which overlapping station radius is available and safely processed to non-stationary users. Hard handoff requires that breaks in connectivity should be done when switching between base stations.
TDMA has hard handoff while WCDMA has soft handoff. (Gandhi, 2016)
And because of the use of reliable encryption, WCDMA offers greater data rates and system flexibility compared to TDMA. (Awati, n.d.)
[bookmark: _Toc133319332]How Frequencies are re-used along with Different Approaches to Interface-related Problems
Not to be confused with Frequency Division Multiple Access (FDMA) where bands of frequencies become assigned per user device to communicate for their respective channel(s).
Frequency Reuse (FR) is a technique of using the same frequencies across a cellular system. As each cell only use radio frequencies only within cell’s boundaries, the same frequency can be reused in other adjacent cells for minimised interference and prevent increase of allocated bandwidth. FR schemes require isolation among the signals using the same frequencies so that mutual interference amongst them is controlled at an acceptable level.  (Gartner, n.d.; LexisNexis, n.d.)
Benefits of FR are that multiple conversations are allowed to use the same frequency, and escaping power is limited to adjacent cells. Each cell can use many frequencies - around 10 to 50 frequencies – and that FR can allow frequency re-use in nearby cells.
(tutorialspoint, n.d. b)

[bookmark: _Toc133319333]Telephone Mobile Power Ringing System (TMPRS) Filtering
A Telephone Mobile Power Ringing System (TMPRS) waveform/wave file of four frequencies is provided where two unwanted frequencies are requested to be filtered so to provide a more aurally tolerable iteration. An exponentially decaying frequency and an exponentially growing frequency are the signals to be filtered.
Using MATLAB’s Digital Signal Processing (DSP) filter, generate the appropriate resulting signal while providing appropriate commentary for each phase in development.
The four tones emitted from the .wav signal are as given in hertz: 250, 750, 1,300 and 2,700.
The 250Hz signal starts with large amplitude and begins to decrease from time.
The 1,300Hz signal starts quiet and gradually amplifies.
The two signals in priority are to be eliminated in the process to play the remaining two waves; thus resulting in the remainder frequencies of 750 and 2,700Hz playing throughout its given waveform duration.
[image: ]
The above signal given consists of the four frequencies as described above the image.
Ideally, the audio sample should become a complex wave of two frequencies in a consistent magnitude omitting the increasing and decreasing signals.
For evidence of frequencies, see next page.

[image: ][image: ]
For filtered waveform and its results, filter order 500 with respective tolerance against the 250Hz and 1,300Hz frequencies with ±200 and ±350 have been programmed to filter to generate a close result. See next page for evidence.

[image: ][image: ][image: Chart

Description automatically generated][image: ]
For Fast Fourier results for when order filter number is set to 1,000, see next page.


[image: ][image: ]
A result from applying an order filter of a number too high can result in residual effects such as an input spike in the beginning of the filtered signal. An order filter number too low will still leave larger traces of the unwanted signals.
For code for TMPRS filtering, see next pages.
%% Basic User Code Clearance... Date of Initial Dev.: 05/04/2023
clc;            % Clears the command window
clf;            % Clears existing/present figure
clear;          % Clears current existing workplace variables
hold off;       % Prevents overlapping of existing figures by erasure.

%% Assigned Constants and Variables
%   Figure 1 - Audio Waveform; PLEASE MODIFY 'filename' TO APPROPRIATE PATH IF TESTING.
filename = 'D:\Users\Ronan Pesarillo\Downloads\TMPRS_req.wav';
d        = 4.0;                    % assigned waiting time
[s,fs]   = audioread(filename);    % Reading Amplitudes 
t        = (0:length(s)-1)/fs;     % Duration of Wave File

%   Figure 2 - Snippet of Waveform from the beginning
disp("How many samples from the beginning would you like to observe in Figure 2? ")
nEnd = input("Recommended: 5000\n");
clc;

%   Saving Snippet
savers = 0;

%   Figures 3 and 4 - Fast Fourier Graphs
p  = fft(s);
L  = length(s);
p2 = abs(p/L);
p1 = p2(1:(L/2)+1);
k  = fs * (0:(L/2))/L;

% %   Figure 5; Different Method, Demanded Omission
% filtout1l = (p<240);   %  Removing frequency signal of 250Hz, by
% filtout1h = (p>260);   % 10Hz tolerance.
% filtout2l = (p<1280);  %  Removing frequency signal of 1,300Hz, by
% filtout2h = (p>1320);  % 20Hz tolerance.
% filtout1o = (p>=240);  %  Removing excess range reading by
% filtout2o = (p<=1320); % subtracting spare quantities of a range.
% filt_loST = filtout1l + filtout1h;       
%                        %  Keeps the signals not pertaining between the decaying signal.
% filt_hiST = filtout2l + filtout2h;      
%                        %  Keeps the signals not pertaining between the growing signal.
% filt_spST = filtout1o + filtout2o;       
%                        %  Removes the doubled signal from amplifying twice in a figure.
% filt_totl = filt_loST + filt_hiST - filt_spST; 
%                                        %  Accumulates all frequencies gathered by requested values, excluding those specified without equal sign.

%   SOUND 1
lcoff1     =   50/(fs/2);                         % Low-Cut
hcoff1     =  450/(fs/2);                         % High-Cut
ORD1       =  500;                                % Order of Filter
filtcoeff1 = fir1(ORD1,[lcoff1, hcoff1], 'stop'); % What type of filter?
voic1      = filter(filtcoeff1,1,s);       % 's' is the sample.
                                           %  Cut Freq.:      250Hz
                                           %  Cut Tolerance:  200Hz
%   SOUND 2
lcoff2     =  950/(fs/2);
hcoff2     = 1650/(fs/2);
ORD2       =  500;
filtcoeff2 = fir1(ORD2,[lcoff2, hcoff2], 'stop');
voic2      = filter(filtcoeff2,1,voic1);   % 'voic1' is the sample.
                                           %  Cut Freq.:     1,300Hz
                                           %  Cut Tolerance:   350Hz
%   Figure 6
w          = length(t);                           %  Length of 't', 
                                                  % see Figure 1.

%   Figure 7
L1         = length(voic2);
mag1       = abs(fft(voic2));
kk         = fs*((0:(L1-1))/L1);

%%  Variable Explanations

%   d
%      Assigned value. In this instance: '4'.
%     Functionally the manually-given duration of unprocessed wave file.
%   filename
%      Assigned 'char' variable.
%      In speech marks, a string of characters.
%     Functionally, the specific directory location and file type in
%     a user's device.
%   s
%      The size of the wave file of 'filename'. 
%     Individual sample values.
%   fs
%      The bitrate of the Wave File per second. 
%      In this case, 22050Hz.


    %   k
    %       Simply quarter the range of L i.e: '0:L'. Divided by two.
    %   kk
    %       Simply quarter the range of L1 minus one sample.
    %   L
    %       Length of 's'.
    %   L1
    %       Length of 'voic2'.
    %   mag1
    %       Absolute Fast Fourier Transform of 'voic2'.
    %   p
    %       The Fast Fourier Transform of 's'.
    %   p1
    %       
    %   p2; abs(p/L)
    %       The absolute values of the FFT of 's' divided by the length of 's'.
    %   t
    %       Length/time of the wave file divided by 'fs'; vector. 
    %           (i.e: 4 seconds)
        %   w
        %       Largest array dimension of 't'. Defined as a number 88200
        %       instead of an 88200x1 double.

%   hcoff1 & hcoff2
%        The higher frequency to specify the point where further 
%       frequencies will be read.
%   lcoff1 & lcoff2
%         The lower frequency to specify that frequencies below the given
%        number will be read.
%            Note: Frequencies between lcoffN & hcoffN will not be read and
%           must be eliminated for proof of filtering.
%            Note: The range between the lcoffN & hcoffN must be wide
%           enough so that residual frequencies around the central
%           frequency to 'stop' does not emit such sound.
%   ORD1 & ORD2
%        Designated Filter Order Lengths for 
%       the fir1() function of 'filtcoeffN'.
%            Note: Set to 500 since increasing the quantity can produce 
%           unwanted distortions produced in the resulting time domain.


%   filtcoeff1 & filtcoeff2
%        Involving fir1() with three arguments involving:
%       Order Quantity;
%       [lcoffN, hcoffN];
%       Specified filter type by character string e.g: 'stop'.
%        However, the method of filtering can still leave a trace of the
%       cut frequency where not professionally set.
%   voic1 & voic2
%        The resulting waveform produced from filtering filtcoeffN via.
%       'filter()'. With arguments involving:
%       filtcoeffN;
%       1 - in response to Nyquist frequency.
%       Provided sample e.g: 's' & 'voic1' respectively.

%   nEnd
%        User-selected number which determines a length of a preferred 
%       size of audio snippet(s).
%   [x,y]
%        The left variable is the x-values of its given equation.
%        The right variable gives y-values of its given equation.

%   savers
%       Pending function in which the user to the program choose whether
%       to save the cut snippet of the unprocessed wave audio file to 
%       a specified directory location.
%   newfilename
%       The second "filename" that specifies which point in the device's
%       directory is to save at & how it is to be named (incl. file type).

%   filtoutNL
%        N for number; L for high (h), low (l) or unwanted (o).
%        Designates what point of 's' is to be detected if it were to
%       modify a frequency spectrum.
%   filt_LLST
%        LL for high or low, ST standing for 'subtotal'.
%   filt_totl
%        Supposedly the entire range of a spectrum to replicate.




%% Plotting
figure(1)                                %  Displays the waveform of the signal needed to be filtered.

plot(t,s,'color',[0.3, 0, 0]);           
xlabel("Time (seconds)");
ylabel("Signal Amplitude (voltage)");
title("Plotted Audio Sample");

figure(2)
plot(t(1:nEnd),s(1:nEnd),'b');
xlabel("Time");
ylabel("Amplitude (voltage)");
title("Selected Snippet of Audio Sample");

% disp("Would you like to save the audio snippet?");
% disp("Enter/Return for Unfiltered Wave File sample.");
% disp("Enter '1' for Yes.")
% savers = input("Enter anything else for No.\n");
% if savers == "1"
    newfilename = 'D:\Users\Ronan Pesarillo\Downloads\TMPRS_reqsnip.wav';
    audiowrite(newfilename,nEnd,fs);
% end
clc;

input("Press Enter to display filtered audio sample's frequency domain.\n")
clc;

figure(3)
plot(k(1:nEnd),p1(1:nEnd),'b');
grid on;
axis([0, 6000, 0, 0.12]);
xlabel("Frequency (Hz)");
ylabel("Magnitude");
title("Fast Fourier Transform of Selected Audio Sample");

figure(4)
plot(k(1:fs),p1(1:fs),'color',[0.3, 0, 0]);
grid on;
axis([0, 6000, 0, 0.12]);
xlabel("Frequency (Hz)");
ylabel("Magnitude");
title("Fast Fourier Transform of Entire Audio Sample");




% figure(5)
% plot(p2,filt_totl, 'r');
% grid on;
% xlabel("Frequency (Hz)");
% ylabel("Magnitude");
% title("Fast Fourier Transform of Filtered Audio Sample");

sound(voic1,fs);

input("Press Enter to hear the entirely filtered signal.");
clc;

sound(voic2,fs);

pause((length(voic2)/fs)+0.5);                                      
                                    %  Delays program to entire latest wave's duration and half a second.

input("Press Enter for Time and Frequency domains graphs of new signal.");
clc;

figure(6)
plot(t(1000:w-1),voic2(1000:w-1),'r');
grid on;
xlabel("Time (seconds)");
ylabel("Amplitude (voltage)");
title("Plot and Time Domain of New Signal");

figure(7)
plot(kk(1:fs),mag1(1:fs),'r');
grid on;
grid minor;
xlabel("Frequency (Hz)");
ylabel("Magnitude");
title("Fast Fourier Transform of New Signal");



[bookmark: _Toc133319334]Biomedical Signal Processing
[bookmark: _Toc133319335]ECG Heart Pulse Simulation
As with imperfect biomedical systems, their digital signal processing procedures will contain hints of noise i.e: ‘fluctuations’ emitting throughout the processing of numerous behaviours and variables such as: oxygen saturation; brain activity; stomach acidity; heart rate; nerve conduction; etc.
Fluctuation-free signals can provide beneficial information in which clinicians can produce insights in physiological processes and aid in clinical assessments.
Types of signals can differ between activities such as those stated in the first paragraph. Heart beats can be seen as periodic signals that pulse accordingly with its rate of pulse. 
[image: Chart, line chart

Description automatically generated]
For an example iteration, user-submitted numbers will be inputted in order: 50, 5, 15 and 25.
50 is the chosen milliseconds, starting from 1, to provide the maximum viewing range of all displayed signals.
The remaining three numbers, in order, designate the user-inputted filter lengths (how filtered the resulting signals are) per smoothened signal.
For code adhering to 3a), see next page.

%% Basic User Code Clearance... Date of Initial Dev.: 07/03/2023
clc;            % Clears the command window
clf;            % Clears existing/present figure
clear;          % Clears current existing workplace variables
figure(1);      % Readings will be written to 'Figure 1'.

%% Assigned Constants and Variables
r = input("How much do you want to see the pulse range? (Recommended: 50) ");
n = 0:r-1;
clc;

s = 3*n.*0.9.^n;            %  i)   Creating a clean signal.

noi = 2*(rand(r,1)-0.5);    %  ii)  Creating a noise signal.

signal = s + noi';          %  iii) Generating a corrupted signal by adding the 's' constant with the transpose of 'noi' by putting an apostrophe to the latter.
                 %  This will swap matrix row and column quantities.

M1 = input("Insert filter length number for Filter 1. ");
num1 = ones(1, M1);         %  iv)  Implementing a moving average Finite
clc;                        % Impulse Response (FIR) filter function of order 'M' to smoothen the corrupted signal.
y1 = filter(num1,1,signal)/M1;

M2 = input("Insert filter length number for Filter 2. ");
clc;
M3 = input("Insert filter length number for Filter 3. ");
num2 = ones(1, M2);         %  v)   Allowing the user to supply different
num3 = ones(1, M3);         % filter length numbers by assigning an
clc;                        % 'input' of a variable named 'M'.
y2 = filter(num2,1,signal)/M2;
y3 = filter(num3,1,signal)/M3;

%% Plotting
hold on;                    %  Allows more figure to be shown in one graph.
plot(s,'color',[0.47, 0.47, 0.47]);
                            %  The clean signal will be displayed with the given plot.
                            % sqrt(2)/3 = 0.47 by 2 d.p.
plot(signal,'color',[0.7, 0, 0]);
plot(y1,'color',[1, 0, 0]);
plot(y2,'color',[0.2, 0.1, 0.8]);
plot(y3,'color',[0.1, 0.5, 0.9]);
grid on;                    %  Shows the major grid for the figure.
axis([1, r, -2, 12]);
xlabel("Time (ms)");
ylabel("Amplitude (Volts)");
legend('Clean Signal','Realistic Signal','Smoothened Signal 1','Smoothened Signal 2','Smoothened Signal 3');
title("ECG Heart Pulse Simulation");


· r is the length of the pulse range viewable by user choice. *Suggestion is as stated.
· n acts as a sequential accumulation for ‘s’ that decays near zero per result after reaching amplitude of 10.46 or past the tenth millisecond. 
· Maximum of 3n × 0.9n ≈ 10.475; and where y = 1, x = 0.346 and 46.962*
i. s is the clean signal, an equation that forms the shape of a heart pulse.
ii. noi being the accumulating noise signal offsetting from -1 to 1. 
· Multiplied by 2 to provide offset strength instead of ‘0 to 1’.
· Deducted by 0.5 to provide negative amplitude.
· signal creates the accumulation of both clean and noise signals together to produce a realistic signal for comparison.
· noi’ creates the transpose of the noise signal to allow accumulation compatibility regarding matrix addition since noi is an ‘r × 1’ double instead of a ‘1 × r’ double as is all other variables involved in the program.
· M[number] sets the filter length of each output.
· num[number] sets a length of ones by r so that a relevant range will be calculated.
· y[number] creates a double per output that presents a filtered noise signal into the graph.
· axis([x min.], [x max.], [y min.], [y max.]) sets viewable parameters of the figure automatically.

[bookmark: _Toc133319336]Low-Pass Filter Demonstration
For more examples of signal smoothing/filtering, two frequency sinusoids of 0.05Hz and 0.47Hz will be implemented as one complex signal.
A moving average FIR (Finite Impulse Response) filter function of manually-input order ‘M’ is ordered to filter out higher frequencies (i.e: generating a 0.05Hz wave via. low-pass filtering) from the complex signal.
Fast Fourier Transform graphs will also be provided for evidence of signal filtering.
[image: ]
Filter lengths can determine how much the combined cosine wave can be filtered and can be chosen to be filtered to the point that an approximation of a line is formed. 
In the first examples, waveform viewing length is set to 100 and filter length is set to 3.
The next examples set said variables to 750 and 5 respectively.
[image: ]
For Fast Fourier graphs while regarding same user-defined constants, see next page.
[image: ][image: ]
For next examples of variables set to 1,000 and 5, see next two pages.

[image: ][image: ][image: Chart

Description automatically generated with low confidence][image: ]
For program code, see next two pages.

%% Basic User Code Clearance... Date of Initial Dev.: 06/04/2023
clc;            % Clears the command window
clf;            % Clears existing/present figure
clear;          % Clears current existing workplace variables
figure(1);      % Readings will be written to 'Figure 1'.

%% Assigned Variables and Equations
% M-Point Moving Average Finite Impulse Response (FIR) Filter

% Waveform Length Viewing
disp("How much would you like to view the waveforms? ");
disp("It will also affect intervals between frequency domain readings. ");
n0  = input("(Recommended Value: 100) ");
n   = (0:abs(n0));

% Sinusoid Creation
disp("The following cosine waveforms will be produced and combined:");
sine1 = cos(2*pi*0.05*n);
disp("Sine Wave 1: 0.05Hz")
sine2 = cos(2*pi*0.47*n);
disp("Sine Wave 2: 0.47Hz")
sineS = sine1 + sine2;         % Combined sine waves.
input("Press Enter/Return to continue.");

% M-Length Filter
M = input("Insert length of filter as integer: (Recommended Values: 1 to 10) ");
M = round(M);         % Input Filtering to avoid erroneous results.
Mtx = M;              % Extra variable to avoid corrupted title processing.

clc;

num = ones(1,M);      % Creates an array of ones
                      % for the 'M' variable.
y = filter(num,1,sineS)/M;       

%% Plotting
subplot(2,2,1);
plot(n,sine1);
title("Cosine Wave: 0.05Hz")
ylabel("Amplitude")
axis([0, abs(n0), -2.5, 2.5]);
grid on;
grid minor;

subplot(2,2,2);
plot(n,sine2);
title("Cosine Wave: 0.47Hz")
ylabel("Amplitude")
axis([0, abs(n0), -2.5, 2.5]);
grid on;
grid minor;

subplot(2,2,3);
plot(n,sineS);
title("Combined Cosine Wave")
ylabel("Amplitude")
axis([0, abs(n0), -2.5, 2.5]);
grid on;
grid minor;

subplot(2,2,4);
plot(n,y);
title(['Resultant Wave - Filter Length ', + num2str(Mtx)]);
axis([0, abs(n0), -2.5, 2.5]);
grid on;
grid minor;
ylabel("Amplitude")

clc;
input(['Press Enter/Return to view only the filtered waveform of length ', + num2str(Mtx), + '. ']);
clc;

%% More Graphs - Filtered Waveform
subplot(1,1,1);
plot(n,y);
title(['Resultant Wave - Filter Length ', + num2str(Mtx)]);
axis([0, abs(n0), -2.5, 2.5]);
grid on;
grid minor;
ylabel("Amplitude")

input("Press Enter/Return to view Fast Fourier graphs of unfiltered signal. ");
clc;

%% More Graphs - Fast Fourier Transforms

nFs    = abs(n0);
nT     = 1/nFs;
nL     = abs(n0);
nt     = (0:nL-1)*nT;
nf     = nFs*(0:(nL/2))/nL;

sineSF = fft(sineS);
p2a = abs(sineSF/nL);
p1a = p2a(1:nL/2+1);
p1a(2:end-1) = 2*p1a(2:end-1);

sineYF = fft(y);
p2b = abs(sineYF/nL);
p1b = p2b(1:nL/2+1);
p1b(2:end-1) = 2*p1b(2:end-1);


subplot(1,1,1);
plot(nf/abs(n0),p1a/100);
title("Fast Fourier of Unfiltered Resultant Signal");
xlabel("Frequency (Hz)");
axis([0, 0.5, 0, 0.011]);
grid on;
grid minor;

input("Press Enter/Return to view Fast Fourier graphs of filtered signal. ");
clc;

plot(nf/abs(n0),p1b/100);
title(['Fast Fourier of Filtered Resultant Signal - Filter Length ', + num2str(Mtx)]);
xlabel("Frequency (Hz)");
axis([0, 0.5, 0, 0.011]);
grid on;
grid minor;


[bookmark: _Toc133319337]Low and High Pass Filters; Filtering and Impulse Function
The following signals are as given and must have findings discussed about their visual results, preferably in appropriate graphs.
Display the low frequency signal and its filtered counterparts using the filter(b, a, x, Zi) and filtic(b, a, Yi, Xi) functions with the pass function equations given below.
Low Frequency Signal / ‘x’:
x = [-0.001 -0.0045 -0.01 -0.0042 0.002 0.005 0.006 0.007 0.004 -0.001 -0.005 -0.009 -0.01 
-0.001 0.005 0.004 -0.001 0.005 0.004 -0.002 0.007 0.008 -0.004 -0.005 -0.012 -0.007 -0.005 -0.001];
Low Pass Function:
y[n] = 3.6y[n–1] + 5.0y[n-2] - 3.2y[n-3] + 0.82y[n-4] 
+ 0.013x[n] - 0.032x[n-1] + 0.044x[n-2] - 0.033x[n-3] + 0.013x[n-4]
High Pass Function:
y[n] = 2.7y[n-1] - 3.3y[n-2] + 2.0y[n-3] - 0.57y[n-4] 
+ 0.35x[n] - 1.3x[n-1] + 2.0x[n-2] - 1.3x[n-3] + 0.35x[n-4]
Separate y[n-k] from x[n-k], then write each (x and y in separate lists) from [n] to [n-max].
Results will vary.

Low Pass units to be encoded to MATLAB as:
Y: [1, -3.6, -5, 3.2, -0.82];
X: [0.013, -0.032, 0.044, -0.003, 0.013];

High Pass units to be encoded to MATLAB as:
	Y: [1, -2.7, 3.3, -2, 0.57];
X: [0.35, -1.3, 2, -1.3, 0.35];

Y numbers should be numerator values, and X numbers should be assigned as denominator values and initial conditions for the filter. 

But due to research uncertainty, the ‘ic’ (“initial condition”) suffix is assigned to the X values as well as reciprocated complications in the first set of practice graphs, then the suffix is assigned to the Y values with reciprocation being reverted in the second set.


[bookmark: _Toc133319338]Low Frequency Signal – Graphed, Plot and Stem
[image: ]
The y-axis contains a scientific notation of 10 to the power of minus 3 because the values inside the ‘x’ matrix can be written with its equivalents below.
i.e: -0.0042, 0.002, 0.005 can be written as: 4.2 × 10-3, 2 × 10-3 and 5 × 10-3.
[image: Chart

Description automatically generated]
See pages 26 to 29 for rehearsed filtered results where Y numbers for both filters are not inverted except for ‘1’. 
See pages 30 and 31 for filtered results where Y numbers for both filters are inverted instead. 

[bookmark: _Toc133319339]Graph Filter Practice – Y not inverted except for ‘1’
[bookmark: _Toc133319340]Low Frequency Signal, Low-Pass Filtered 
[image: Chart, line chart

Description automatically generated]
[bookmark: _Toc133319341]Low Frequency Signal, High-Pass Filtered 
[image: Chart, line chart

Description automatically generated]
Ideally, both results should not show signs of exponential growth or initial loudness that decays over time. And if either output occurs in either graph, then such result will be deemed erroneous. 


[bookmark: _Toc133319342]Signal Analysis Exemplars
‘Signal Analyzer’ from MATLAB is used in the two images displayed in the current page. [image: Chart, line chart

Description automatically generated]
Where ‘x’ is the unprocessed signal and ‘y1’ is the low-pass filtered result, filtering the unprocessed signal results in an enlarged convolution. The result is deemed satisfactory.
[image: Chart

Description automatically generated with medium confidence]
Applying the high-pass filter results in an exponentially amplifying signal that can cause damage where larger sample sizes are processed. See next page where y-axes scaled to ±100.
[image: ]
The above image should hypothetically demonstrate that clipping may occur if failsafe features are implemented i.e: saturation. 
However, due to the exponential output, the signal shifting between positive and negative maximum can cause damage to a real-life system built with the given functions.
[bookmark: _Toc133319343]Impulse Readings
[image: ][image: ]
Applying the impulse function i.e: impz(numerator, denominator, length) will result in exponential results in both figures.
Because the y-axis of ‘x’ is labelled in an exponent of ‘×10-3’, both of the lower two graphs in the current page read will display ‘x’ almost as a straight line when compared to each other. 
See next page for visual demonstration between ‘x’ and the low pass impulse result, rotate clockwise to view.

[image: ]
The above image shows what happens if ‘x’ is compared to the impulse low-pass filtering result.
See next page for redone filter results where Y numbers for both filters are inverted.
As long as the viewable time range is as long as the length of ‘x’, then increasing the third number in the impz() function does not change the results any further.
[bookmark: _Toc133319344]Graph Filter Practice 2 – Y Numbers Inverted 
[bookmark: _Toc133319345]Low Frequency Signal, Low-Pass Filtered
[image: Chart

Description automatically generated]
The result of filtering low-pass with the Y numbers inverted ends up producing an exponentially growing signal.
[bookmark: _Toc133319346]Low Frequency Signal, High-Pass Filtered 
[image: ]
However, the high-pass result shows an oscillating and consistent waveform.
[bookmark: _Toc133319347]Signal Analysis Exemplar
[image: ]
The above image shows the comparison between ‘x’ and the high-pass filtered result.
[bookmark: _Toc133319348]Impulse Readings
[image: Graphical user interface

Description automatically generated][image: Chart, histogram

Description automatically generated]The low-pass result displays a range of samples that extends exponentially i.e: unstable output. The high-pass result provides what looks to be an oscillating waveform.


[bookmark: _Toc133319349]Comparison with Selected filter() Results incl. impz() Graphs
Due to conflicting results including exponential anomalies, a comparison to differ between non-exponential ‘filter()’ outputs will be prepared, including a table containing series of readings.
For both filters to produce non-anomalous results, the following lines of code are to be implemented as is given, disregarding array quantity uniformity:
	Low-Pass – Reciprocated in need of Stable Output:
		Y / Numerator: [-3.6, -5, 3.2, -0.82];
		X / Denominator: [1, 0.013, -0.032, 0.044, -0.003, 0.013];
	Low-Pass - Exponential Error; not used for visual comparison, yet was provided as default:
		Y / Numerator: [0.013, -0.032, 0.044, -0.003, 0.013];
		X / Denominator: [1, -3.6, -5, 3.2, -0.82];
	High-Pass – Non-Reciprocated, according to supply:
		Y / Numerator: [0.35, -1.3, 2, -1.3, 0.35];
		X / Denominator: [1, -2.7, 3.3, -2, 0.57];
The below table displays ‘x’, the reciprocated low-pass filter result and the non-reciprocated high-pass result.
[image: ]
See next page for output table.

[bookmark: _Toc133319350]Amplitude of Selected Samples by 3 Decimal Places
	Page Reference
	Page 25
	Page 27
	Page 31

	Name of Samples
	‘x’ - Input
	‘y1’ P1 – Reciprocated
	‘y2’ P2 – Default

	Filter?
	No
	Low-Pass
	High-Pass

	Sample Numbers
	×100
	×10-3
	×100
	×10-3
	×100
	×10-3

	0
	-0.001
	-1
	0.004
	4
	0.000
	0

	1
	-0.004
	-4
	0.021
	21
	-0.001
	-1

	2
	-0.010
	-10
	0.055
	55
	-0.002
	-2

	3
	-0.004
	-4
	0.051
	51
	0.002
	2

	4
	0.002
	2
	-0.014
	-14
	0.002
	2

	5
	0.005
	5
	-0.034
	-34
	-0.004
	-4

	6
	0.006
	6
	-0.039
	-39
	-0.009
	-9

	7
	0.007
	7
	-0.041
	-41
	-0.008
	-8

	8
	0.004
	4
	-0.034
	-34
	-0.004
	-4

	9
	-0.001
	-1
	0.002
	2
	0.005
	5

	10
	-0.005
	-5
	0.031
	31
	0.014
	14

	11
	-0.009
	-9
	0.052
	52
	0.017
	17

	12
	-0.010
	-10
	0.066
	66
	0.014
	14

	13
	-0.001
	-1
	0.029
	29
	0.007
	7

	14
	0.005
	5
	-0.038
	-38
	-0.009
	-9

	15
	0.004
	4
	-0.036
	-36
	-0.025
	-25

	16
	-0.001
	-1
	-0.002
	-2
	-0.031
	-31

	17
	0.005
	5
	-0.005
	-5
	-0.017
	-17

	18
	0.004
	4
	-0.045
	-45
	-0.001
	-1

	19
	-0.002
	-2
	0.005
	5
	0.014
	14

	20
	0.007
	7
	-0.007
	-7
	0.030
	30

	21
	0.008
	8
	-0.071
	-71
	0.029
	29

	22
	-0.004
	-4
	-0.001
	-1
	0.015
	15

	23
	-0.005
	-5
	0.057
	57
	0.005
	5

	24
	-0.012
	-12
	0.051
	51
	-0.008
	-8

	25
	-0.007
	-7
	0.074
	74
	-0.013
	-13

	26
	-0.007
	-7
	0.074
	74
	-0.013
	-13

	27
	-0.001
	-1
	0.016
	16
	-0.022
	-22



See pages 30 and 31 for program code and issued variant within lines 7 to 15. 


[bookmark: _Toc133319351]Evidence of Program Code for Filtering and Impulse
Turn right on page 34 for lines 1 to 60.
%% Basic User Code Clearance... Date of Initial Dev.: 05/04/2023
clc;            % Clears the command window.
clf;            % Clears contents from currently-displayed figure.
clear;          % Clears current existing workplace variables.
hold off;       % Ensures that overwriting of figures happens instead of overlapping.

%% Assigned Variables 1 - Basic Filter Function

x = [-0.001 -0.0045 -0.01 -0.0042 0.002 0.005 0.006 0.007 0.004 -0.001 -0.005 -0.009 -0.01 -0.001 0.005 0.004 -0.001 0.005 0.004 -0.002 0.007 0.008 -0.004 -0.005 -0.012 -0.007 -0.005 -0.001];
                   %  Input "Low Frequency" Signal;                 
% The following assortment of lines 13 to 16 follow task demand. Refer to Page 33 of Ronan Pesarillo's Original Paper 2 of Electrical Principles.
filt_low    = [-3.6, -5, 3.2, -0.82];               % LO Initial Conditions
filt_lowic  = [1, 0.013, -0.032, 0.044, -0.003, 0.013];
filt_high   = [2.7, -3.3, 2, -0.57];
filt_highic = [1, -0.35, 1.3, -2, 1.3, -0.35];      % HI Initial Conditions

       xlen = length(x);
% 28 for x + 6 for filtic + 4 for filt - 1 for difference = 37, but as long as third argument for impz() is equal or longer than length of 'x', then results will not alter any further.

     y1     = filter(filt_low, filt_lowic, x);
     y1impz = impz(filt_low, filt_lowic, xlen);
     y1timp = y1impz';
     y2     = filter(filt_high, filt_highic, x);
     y2impz = impz(filt_high, filt_highic, xlen);
     y2timp = y2impz';

    %  6 Initial Conditions
    %  4         Conditions
    % 10 Numbers for each Filter

% Considering that H[n] = y[n]/x[n], then the initial conditions should contain a 1 in the beginning?





%% Plotting 1
figure(1)
stem(x,'color',[0.7, 0, 0]);
xlabel("Time");
ylabel("Amplitude");
title("Low Frequency Signal to Filter");

figure(2)
stem(y1,'color',[0, 0, 0.5]);
xlabel("Time");
ylabel("Amplitude");
title("Low Frequency-Filtered Signal");

figure(3)
stem(y2,'color',[0.3, 0.3, 1]);
xlabel("Time");
ylabel("Amplitude");
title("High Frequency-Filtered Signal");

disp("Currently: 'Filter'-only Functions")
input("Press Enter/Return to view FiltIc demonstration. ")
clc;

%% Assigned Variables 2 - Filter and FiltIC
Yi = 0;
Xi = 0;

Zi1 = filtic(filt_low, filt_lowic, Yi, Xi);
yA1 = filter(filt_low, filt_lowic, x, Zi1);

Zi2 = filtic(filt_high, filt_highic, Yi, Xi);
yA2 = filter(filt_high, filt_highic, x, Zi2);

%% Plotting 2
figure(2);
stem(yA1,'color',[0.3, 0.3, 1]);  % Low-Pass Filtered Output of 'x'
xlabel("Time");
ylabel("Amplitude");
title("Low Frequency Filtered Signal with filtic()");

figure(3);
stem(yA2,'color',[0, 0.8, 0.8]);  % High-Pass Filtered Output of 'x'
xlabel("Time");
ylabel("Amplitude");
title("High Frequency Filtered Signal with filtic()");

disp("Currently: 'Filter' and 'FiltIc' Functions");
input("Press Enter/Return to view graphed filter methods if an impulse occurs. ");
figure(2);
stem(y1timp, 'color', [0.2, 0.7, 0.1]);
xlabel("Time");
ylabel("Amplitude");
title("Low Frequency Filter with impz()");

figure(3);
stem(y2timp, 'color', [0.3, 0.7, 0.25]);
xlabel("Time");
ylabel("Amplitude");
title("High Frequency Filter with impz()");


%% Append Feature - Comparison with 'x' and High Pass Filter result.
input("Press Enter/Return to view comparison between input and high-pass filter function.");

figure(4)
plot(x, 'color', [0.7, 0, 0.3]);
hold on;
plot(y1, 'color', [0.2, 0.9, 0.1]);
plot(y2, 'color', [0.1, 0.4, 1]);
grid on;
grid minor;
xlabel("Time");
ylabel("Amplitude");
title("Low Frequency Filter with impz()");
title("Comparison between Input 'x', Low-Pass Filtering and High-Pass Filtering");
legend('Input', 'Low-Pass Filter Function', 'High-Pass Filter Function');

The code below is a variant of lines 12 to 15 where the assigned filter numbers were reciprocated due to misinterpretation of the impulse formula. However, to recall the exact lines that lead to exponential error is left unclear.
filt_lowic  = [1, 3.6, 5, -3.2, 0.82];        % LO Initial Conditions
filt_low    = [0.013, -0.032, 0.044, -0.003, 0.013];
filt_highic = [1, 2.7, -3.3, 2, -0.57];
filt_high   = [-0.35, 1.3, -2, 1.3, -0.35];      % HI Initial Conditions
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