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Abstract
This report starts off by looking into the progression and demands for advanced capacity in mobile networks, examining some capacity optimisation techniques. Then comparing TDMA with WCDMA to see which was better. Second, it looks at using MATLAB to analyse a ringing sound and removing the unwanted frequencies. The sound produced can be analysed then to see the difference after removing those frequencies. Moving on, task four creates a moving average filter to remove a random generated noise to try to replicate the original signal by altering the filter lengths. Finally, task four uses MATLAB to generate graphs showing an original signal and graphs to show a low-pass filter and high-pass filter outputs. The results of this can be analysed to show what each type of filter can be used for.

[bookmark: _Toc197289109]Introduction
The growing demand for faster mobile networks, along with the rapidly growing advancements in the technologies, showcase the many significant engineering challenges faced. However, there are several ways that these issues can be addressed to aid reliability and optimise data transmission. 
There were many benefits to TDMA when it released but ultimately it ended up being replaced by WCDMA. The change was necessary for the faster transfer of essential data and better communication. 
Tests run on MATLAB show how signals can be affected by noise and interference, but there are techniques to remove them. Techniques such as filtration using FIR filters and low or high pass filters allow for chosen frequencies to remain.
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[bookmark: _Toc197289111]Capacity Optimisation
“Network capacity can be defined as the maximum amount of data that a network can handle per unit of time. This capacity depends on various network properties such as the physical and logical topology (traffic profile), optical reach, link capacity, node structure, etc.” (Pires, 2024) The more network capacity is increased, the more data that can be transmitted.
Network Densification
“As the demand for mobile data continues to surge, network densification has emerged as a critical strategy for enhancing the capacity and performance of 5G networks. Network densification involves increasing the number of base stations and small cells within a given area to improve coverage and reduce congestion.” (Edet, et al., 2025) Densifying a network is where the available capacity is increased within an area. This method is highly popular as it allows for faster network speeds. 
Network Virtualisation	
“Network virtualization involves creating a virtual network by abstracting physical network components such as routers, switches, firewalls, and load balancers. These components are converted into virtual instances or software applications, which are centrally managed through software-defined networking (SDN). The result is a decoupling of physical infrastructure from the network’s operation, enabling users to design, configure, and manage networks more efficiently.” (Cooper, 2025) This technique can increase a network’s capacity by optimising its use of resources. This allows multiple networks to run on a single physical structure. It also allows for efficient allocation of bandwidth and processing power.
Edge Computing and Caching
“In edge computing, the content caching strategy to cache the content on the way from its centralized location to end users in cache enabled mobile networks is crucial to reduce the delay and enhance the QoE for the users.” (Safavat, et al., 2020) Content caching is a prominent strategy that is used with edge computing. Edge servers use algorithms to determine what content they will store and how long they will do it for. Effective uses of this strategy can predict content popularity which improves scalability.
Backhaul and Transport Optimization
Backhaul in 5G networks refers to the structures connecting small cells to a core network it serves as a major pathway for data transmission however, the capacity can have its limitations especially in small cell environments. The backhaul is responsible for moving the data between central network components and base stations. When not efficiently managed it can hinder performance especially if the traffic demands exceed its rated capacity. But, when backhaul is optimised based on the real-time network needs, it can improve the performance of data transfer through 5G systems. This is even possible during high traffic conditions. (Rony, et al., 2018)
Energy-Efficient Network Expansion
The expansion of networks using energy-efficient methods is essential in modern systems to allow for increased connectivity and data demands. When networks expand it is crucial to employ strategies that can reduce power consumption without a drop in performance. This involves using energy aware solutions that optimise network topologies. This involves using adaptive hardware to adjust data traffic at peak times. These methods require complex planning as the placements of routers and data switches needs to be calculated accurately. Using cloud storage can reduce the needs of physical infrastructures, this also in-turn support global goals of lowering the overall carbon footprint. (Zeadally, et al., 2011)

[bookmark: _Toc197289112]2.a TDMA in GSM and WCDMA in UMTS
Time Division Multiple Access is a critical technology used in the structure of ASM mobile communication, providing a crucial role allowing multiple users to simultaneously share the same frequency channel to communicate. TDMA divided the frequency spectrum into time slots to allow multiple users to access the same frequency.  (Rose, 2023)  “The users can ask for requests and this system will provide grants to the users. The users transmit in rapid succession, one after the other, each using its own time slot. A major advantage of TDMA is that the radio part of the mobile only needs to listen and broadcast for its own time slot.” (Gupta, 2018)  This was the main reason TDMA was phased out, as users wanted a more advanced form of communication.
Universal Mobile Telecommunications System (UMTS) is best known as the third generation (3G) cellular network it allowed for faster data transfer than its previous counterpart and operates using WCDMA.  (BasuMallick, 2022)
TDMA, allocates certain distinct time slots between users that share the same frequency band. This makes it suitable for basic voice communication and very limited data transfer capabilities. Oppositely, WCDMA allows multiple users to communicate over different frequencies using their own unique user code. This approach allows for higher rates of data transfer and can accommodate a larger range of services, including media content. The widescale swap-over was pushed by the modern demand for services that TDMA could no longer provide, including faster data transfer. Subsequently, WCDMA offers that service along with higher capacity transfers which TDMA based systems were no longer efficient for. 

3.Frequency Reuse and Interference mitigation

“Frequency reuse is the process of using the same radio frequencies on radio transmitter sites within a geographic area that are separated by sufficient distance to cause minimal interference with each other. Frequency reuse allows for a dramatic increase in the number of customers that can be served (capacity) within a geographic area on a limited amount of radio spectrum (limited number of radio channels). The ability to reuse frequencies depends on various factors that include the ability of channels to operate in with interference signal energy attenuation between the transmitters.” (Harte, n.d.)
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[bookmark: _Toc196151479][bookmark: _Toc197285060][bookmark: _Toc197289132]Figure 1. The image above shows the original signal plot, plotted using Volts and set number of samples.
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[bookmark: _Toc196151480][bookmark: _Toc197285061][bookmark: _Toc197289133]Figure 2. The screenshot above shows the original voice signal, zoomed in for clarity
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[bookmark: _Toc196151481][bookmark: _Toc197285062][bookmark: _Toc197289134]Figure 3. The image above shows the plot for the original signal when it starts at 0
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[bookmark: _Toc196151482][bookmark: _Toc197285063][bookmark: _Toc197289135]Figure 4. The screenshot above shows the FFT for the signal identifying the 5 frequencies used
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[bookmark: _Toc196151483][bookmark: _Toc197285064][bookmark: _Toc197289136]Figure 5. The screenshot above shows the new voice signal, zoomed in for clarity
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[bookmark: _Toc196151484][bookmark: _Toc197285065][bookmark: _Toc197289137]Figure 6. The image above shows the FFT for the new signal with two frequencies removed.

[bookmark: _Toc197289116]Analysis

In figure 1, the graph created shows the plot for the original voice at samples starting at the 1000th sample. This is the reason that when zoomed in as shown in figure 7 below where the signal starts at approximately 0.05 seconds. The signal y axis ranges from -1 to 1 volt and the signal starts to dip until over a second where it starts to level for a bit before starting to increase again.
In figure 2, the graph generated here shows the original signal once zoomed in to see the details. As show, it is a simple sine wave with regularly occurring small spikes in the amplitude.
In figure 3, the graph created as figure 3 shows the same signal as figure 1 however, in this graph the signal starts at zero instead of after the small delay
In figure 4, the graph generated as figure 4 represents the 5 frequencies that are used to form this signal with their magnitude. To cancel out f3 and f4 a band-stop filter was used to cancel out any frequency magnitude from 1500 to 1900 Hz for f3 and 2300 to 2700 Hz for f4.
In figure 5, the graph that was generated here depicts the new voice signal that was created when the unwanted frequencies of f3 and f4 were removed. This new voice signal shows them removed in the voltage dips as these indicate that the frequencies were removed successfully. This is further evidenced when hearing the sound that gets generated.
In figure 6, the final graph created shows how the remaining frequencies after filtration. As shown, they have an increased magnitude, this could be due to more energy being split between the remaining frequencies. This shows that the filter was designed correctly to pass the unwanted frequencies and keep the ones that we wanted it to.

[bookmark: _Toc197289117]Task 3 
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Filter length 5 results
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[bookmark: _Toc196151485][bookmark: _Toc197285066][bookmark: _Toc197289138]Figure 7. The screenshot above shows the subplots for the signal with a filter length of 5.

Filter length 10 results
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[bookmark: _Toc196151486][bookmark: _Toc197285067][bookmark: _Toc197289139]Figure 8. The screenshot above shows the subplots when the filter length is 10.

Analysis
As shown in figure 7 the top plots represent the original signal, free of corruption and the random noise generation. They are combined in the bottom left and create a complex signal following the uncorrupted signal with extra ripples and peaks. The bottom right then shows that once the Moving Average FIR filter was added, the signal regained more of the original signals’ quality.
Figure 8 then shows the outcome when the filter length was doubled, this resulted in the output signal being clearer again due to the higher length of filtration. This resulted in a closer representation of the original uncorrupted signal. 
The change in the output signals shape shows that the higher filter length used results in a signal more closely matching the original, proving that the moving average FIR filter is effective when removing randomised noise from a signal.
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The images below show the MATLAB code designed to create FIR Moving Average Filter simulation 
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[bookmark: _Toc196151487][bookmark: _Toc197285068][bookmark: _Toc197289140]Figure 9. The image above shows the subplots when the filter length was set to 5
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[bookmark: _Toc196151488][bookmark: _Toc197285069][bookmark: _Toc197289141]Figure 10. The screenshot above shows the subplots for the signals when the filter length was set to 10


Analysis
The top graphs sub plotted above using 5 as the filter length are the original signals that are used to create the more complex signal in the bottom left called input signal. The output signal shown in the bottom right subplot shows how the signal was refined using the moving average filter to remove the excess noise within the signal. This test proves how effectiveness of filtration within noisy signals to restore clarity to them.
As shown when changing the filter length to 10, the output signal is smoother than the smaller filter length. The output here closer resembles the first signal that was added, proving that higher filter lengths increase the clarity of a signal and remove more unwanted noise.

[bookmark: _Toc197289120]Task 4
[bookmark: _Toc197289121]4A
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[bookmark: _Toc197289142]Figure 11. The screenshot above shows the impulse response for the original signal using the x and y coefficients from the given difference equation
The screenshots above show the original signal and the impulse response signal that was generated using the coefficients of x and y from the difference equation that was given. As shown in red, the amplitude increases exponentially as the sample numbers increase. These values were used in part B in the filter command

[bookmark: _Toc197289122]4B
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[bookmark: _Toc197289143]Figure 12. The screenshot above compares the original signal to the low pass filtered signal
[bookmark: _Int_awAJkJx1]As shown above, when the low pass filter was used on the original signal, the higher frequency components were reduced. This left a smoother waveform, keeping the lower frequencies.
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[bookmark: _Toc197289144]Figure 13 The screenshot above shows the original signal and the impulse signal from the difference equation given
The results above show the original signal and the impulse response when the different given difference equation was used. Unlike the previous impulse response from the other equation, this one seems to have no pattern for the increase in amplitude. 

[bookmark: _Toc197289124]4D
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[bookmark: _Toc197289145]Figure 14. The screenshot above shows the original signal, and the high pass filtered signal
The MATLAB results above compare the original signal and the signal output using the high pass filter. Unlike the previous filter, this one has removed the low frequency components resulting in sharper changes in amplitude as only the high frequency components were left. 

[bookmark: _Toc197289125]Conclusion
To conclude, this report has summarised the critical points of capacity optimisation in signal processing. These include the engineering demands and challenges involved for higher speed mobile communications. The comparison between TDMA and WCDMA along with the ideas on frequency reuse and capacity optimisation show the importance of efficiency during communication and data transfer. 
It has shown the practical techniques involved when reducing unwanted noise and frequencies within signals. These small-scale techniques help to show how on a larger scale signals can be purified while preserving the key wanted information.
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sound(s, Ts); % Generate sound using variables s and fs
% Using the FFT to calculate f1, 2, 3, 4 and f5

pause(d + 0.5); % waiting for sound to end
p=fft(s);

L=length(s); % Lis Variable for signal length
p2=abs(p/L); % sets the variable p2
p1=p2(1:L/2+1); % Sets the variable pl
k1=Ts*(0:L/2)/L; % Frequency axis

Figure(4)
plot(kl,pl); % Plots ki and pl
plot(k1(1:14000),p1(1:14000),'s");

xlabel('Frequency in Hz'); % Titles the x axis
ylabel('Magnitude'); % Titles the y axis

title('FFT of original voice signal'); % Titles the graph

% Elimiating frequencies £3 and 4 using fir filter

% Eliminating frequency f3 using FIR filter
LCutoffl =1500/(Ts/2); % Low Frequency Cutoff for 3

HCutoff1 = 1900/(Ts/2); % High Frequency Cutoff for 3

ORD1=500;

Filtcoeff1=Firl(ORD1, [LCutoffl,HCutoffl], stop’);

voicl=filter(filtcoeffl,1,5); % Generates a voice using the remaining four frequencies

% Eliminating frequency f4 using FIR filter
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pause(d+0.5); % Waiting for the sound to end

LCutoff2 = 2300/(Ts/2); % Low Frequency Cutoff for f4

HCutoff2 = 2700/(Ts/2); % High Frequency Cutoff for f4

ORD2=500;

Filtcoeff2=Firl(ORD2, [LCutoff2, HCutoff2], 'stop');

voic2=filter(filtcoeff2,1,voicl);

sound(voic2,Ts); % Generates the new voice signal using the remaining three frequencies

% Plotting the new sound
Figure(s)

plot(t(1000:w-1),voic2 (1000:w-1),'b");
xlabel('time in s'); % Labels the x axis
ylabel('signal in Volts'); % Labels the y axis
title('New voice plot'); % Titles the graph
pause(d+0.5);

Figure(6)

Fl=length(voic2); % Sets FL as filtered length
magl=abs (Fft(voic2));

k2=Ts*((@: (FL-1))/FL);
plot(k2(1:14000),magl(1:14000), 'g');
xlabel('frequency in Hz'); % Labels the x axis
ylabel('magnitude’); % Labels the y axis
title('FFT for the new voice'); % Titles the graph

audiowrite(outputfile,voic2,Ts);
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cle;

:99; % Sets n value between © and 99
-1; % Sets r value at 100
*n.%(0.9.%n); % Set uncorrupt signal as S

% Plotting uncorrupted signal
subplot(2,2,1); % Subplots in the upper left corner
plot(n,s,"'r'); % Plots the graph for n,S in red
title('Uncorrupt signal'); % Titles the graph

% Plotting a randomised noise signal

noi:

.5%(rand(r,1)-0.5); % The equation for a random noise signal

subplot(2,2,2); % Subplots in the upper right corner
plot(n,noi); % Plots the graph for n,noi
title('Random noise'); % Titles the graph

% Adding random signal and uncorrupted signal

subplot(2,2,3); % Subplots in the lower left corner
plot(n,S+noi’, 'g'); % Plots the graph with adding the original signal to the random noise
title(’ Combined Random and Uncorrupt signal'); % Titles the graph

% Adding the Moving Average FIR

Cor_S=S+noi'; % Sets label for S+noi'

M=5; % Sets filter length

num=ones (1,M); % Variable M e.g. 5
y=Ffilter(num,1,Cor_S)/M; % The equation for the FIR filter
subplot(2,2,4); % Subplots in lower right corner
plot(n,y); % Plots the graph

title('Moving Average FIR filter'); % Titles the graph
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clc;

clear‘;\

% Simulation for Moving filter average

% Creating Input signal

n=0:100; % sets upper and lower n values
sl=cos(2*pi*@.05*n); % Low frequency signal
s2=cos(2*pi*@.47*n); % High frequency signal
x=s1+s2; % Adding signals sl and s2

%setting th emoving average filter

M= input('Desired length of the filter='); % This allows for different M values
% Applying the filter

% y=filter(num,1,x); Filter coding

num=ones(1,M); %Variable M e.g. 5

y=filter(num,1,x)/M;

% Display the input and output signals
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subplot(2,2,1); % Plots signal one in the top left

plot(n,s1); % Plots a graph using n and s1
axis([0,100,-2,2]); % sets axis for n and amplitude
xlabel('Time (n)'); ylabel('Amplitude'); % Labels x and y axis
title('Signal 1'); % Titles the graph

|

subplot(2,2,2); % Plots signal 2 in top right

plot(n,s2); % Plots graph using n and s2

axis([0,100,-2,2]); % sets axis for n and amplitude
xlabel('Time (n)'); ylabel('Amplitude'); % Labels x and y axis
title('Signal 2'); % Titles the graph

subplot(2,2,3); % Plots Input in bottom left

plot(n,x, 'r'); % Plots graph using n and x values
axis([0,100,-2,2]); % sets axis for n and amplitude
xlabel('Time (n)'); ylabel('Amplitude'); % Labels x and y axis
title('Input signal'); % Titles the graph

subplot(2,2,4); % Plots Output in bottom right

plot(n,y,'e'); % Plots graph using n and Y (Applying filter)
axis([0,100,-2,2]); % sets axis for n and amplitude
xlabel('Time (n)'); ylabel('Amplitude'); % Labels x and y axis
title('Output signal'); % Titles the graph

axds;
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% Original signal
x1 = [-0.001 -0.0045 -0.01 -0.0042 0.002 0.005 0.006 0.007 0.004 -0.001 ];
X [-0.005 -0.009 -0.01 -0.001 0.005 0.004-0.001 0.005 0.004 -0.002 ];
x3= [0.007 0.008 -0.004 -0.005 -0.012 -0.007 -0.005 -0.001];

x=[x1 x2 x3]; % adds up the broken down signal

% Plot the original signal
stem (x);

title('Original Signal'); % Titles the graph
xlabel('n'); % Labels the x axis
ylabel('y[n]'); % Labels the y axis

% Calculating the Low-pass impulse response
% y[n] difference equation for low pass
% 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]

a=[0.013 -0.032 0.044 -0.033 0.013]; % x coefficients
b=[1 -3.6 -5 3.2 -0.82]; % y coefficients

N=8; % Number of samples

h=impz(a,b,N); % Setting the impulse command as variable h

figure; % Plots the impulse as a seperate figure

stem(h, 'r');
h % Prints the h values in the command window
xlabel('n') % Labels the x axis
ylabel('y[n]') % Labels the y axis

title(' impulse response’) % Titles the graph




image21.png
[#] Figure 1 - a X 4] Figure 2 - [u}] X
File Edit View Insert Tools Desktop Window Help ™ File Edit View Insert Tools Desktop Window Help ~
Neds @08 kE FEE DR
3 Original Signal impulse response
g K10 gl g 0 P o
6 o]
250
4
2
T 200
0
g e ] 3
< 2 <. 150
-4
100
-6
-8
50
-10
=12 0 2 ?
5 10 15 20 25 1 2 3 4 5 6 7 8
n n





image22.png
% Original signal;
x1 [-0.001 -0.0045 -0.01 -0.0042 0.002 0.005 0.006 0.007 0.004 -0.001 ];
x2= [-0.005 -0.009 -0.01 -0.001 0.005 0.004-0.001 0.005 0.004 -0.002 ];

X [0.007 0.008 -0.004 -0.005 -0.012 -0.007 -0.005 -0.001];

x=[x1 x2 x3]; % adds up the broken down signal

stem(x);
title('original signal') % titles the graph
xlabel('n'); % Labels the x axis
ylabel('y[n]'); % Labels the y axis

figure; % plots the original signal as a seperate figure
h=[0.013 0.0148 0.1623 0.5836 2.8887 12.8102 58.8255 267.0575]; % Impulse values
Y=filter(h,1,x); % sets Y as variable for the filter command

stem(Y, 'r');

xlabel('n') % Labels the x axis

ylabel('Y[n]') % Labels the y axis

title('low-pass filter output') % Titles the graph
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% Original signal
x1 = [-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 ];

X [0.007 0.008 -0.004 -0.005 -0.012 -0.007 -0.005 -0.001];

x=[x1 x2 x3]; % adds up the broken down signal

% Plot the original signal
stem (x);

title('Original Signal'); % Titles the graph
xlabel('n'); % Labels the x axis
ylabel('y[n]'); % Labels the y axis

% Calculating the Low-pass impulse response
% y[n] difference equation for low pass
% 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]

a=[0.35 -1.3 2 -1.3 0.35]; % x coefficients

b=[1 -2.7 3.3 -2 0.57]; % y coefficients

N=8; % Number of samples

h=impz(a,b,N); % Setting the impulse command as variable h

figure; % Plots the graph as seperate figure

stem(h, 'r');
h % Prints the h variables in the command window
xlabel('n') % Labels the x axis

ylabel('y[n]') % Labels the y axis
title('impulse response’) % Titles the eraph
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% Original signal;
x1 [-0.001 -0.0045 -0.01 -0.0042 0.002 0.005 0.006 0.007 0.004 -0.001 ];
x2= [-0.005 -0.009 -0.01 -0.001 0.005 0.004-0.001 0.005 0.004 -0.002 ];
x3= [0.007 0.008 -0.004 -0.005 -0.012 -0.007 -0.005 -0.001];

x=[x1 x2 x3]; % adds up the broken down signal

stem(x);
title('original signal') % titles the graph
xlabel('n'); % Labels the x axis
ylabel('y[n]'); % Labels the y axis

figure; % plots the original signal as a seperate figure
h= [0.3500 -0.3550 -0.1135 0.2650 0.5307 0.5335 0.2841 -0.0834]; % Impulse values
Y=filter(h,1,x); % sets Y as variable for the filter command

stem(Y, 'r');

xlabel('n') % Labels the x axis

ylabel('Y[n]') % Labels the y axis

title('high-pass filter output') % Titles the graph
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% Removing unwanted noise and frequencies from a signal
clc % Clears any current open tabs and command window

% Generating a sound file from 5 frequency inputs

outputfile = (‘output_results l.wav'); % Writes the new file name
4=6.0; % Waiting time of 6 seconds

[s,Ts]=audioread('wav_Matthew.wav'); % Selects which file to read

Ts % Sampling rate

t = (0:length(s)-1)/Ts; % Sets the t variable between @ and length(s)-1/fs

Figure(1)
w=length(t); % Time vector
plot(t(1000:w-1),5(1000:w-1), 'r'); % Plots figure 1 in red

xlabel ('time in s'); % Labels the x axis
ylabel ('signal value in V'); % Labels the y axis
title('Plot for a voice'); % Titles the first graph

Figure(2)
n=6500; % plotting part of the voice signal
plot(t(1:n),s(1:n));

xlabel('time'); % Lables the x axis
ylabel('s[n]'); % Labels the y axis
title('Original sound') % Titles figure 2

Figure(3)
plot(t,s,'r'); % Plots t and s in red

xlabel('time in s'); % Lables the x axis
ylabel('signal value in V'); % Lables the y axis
title('Plot for a voice signal') % Titles the graph





