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Investigating Mobile Network Capacity and Interference
Management

Network Slicin

Network slicing is a way of splitting a network into multiple virtual networks made for specific
use cases, Used mostly in 5G networks because operators can allocate different parts of the
network to specific types of traffic such as video calling, fast responders and special events.
Each of these slices can be optimized to suit the specific use case. This enhances the
overall capacity of the network maximizing the use of available resources.

Small Cells and Dense HetNet (Heterogeneous Networks)

To increase Network capacity, mobile operators deploy low power short range access points
designed to offload traffic from macro cells; these cells are typically installed in high traffic
areas like in city centres, stadiums and in airports. The combination of small cells and macro
cells forms a heterogeneous network also known as a HetNet. HetNets boost coverage and
capacity by using a mix of different types of cells as well as an unlicensed spectrum.

(Gbenga-llori, Enerqy efficiency techniques in ultra-dense wireless heterogeneous networks:
An overview an look 202




Wireless Backhaul using mmWave and Satellite

Sub-6 gNBs or LTE eNBs can be wirelessly connected to your current core network system
via 5G mmWave wireless backhaul, also known as wireless transport. The lack of cable
infrastructure in contrast to conventional fiber-based solutions enables quick and affordable
deployment.By extending or enabling greenfield deployments, 5G mmWave backhaul is the
ideal method to significantly boost the capabilities of current LTE/5G Sub-6 Ghz
infrastructure.
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(Microamp, The most powerful 5G mmwave backhaul 2024)

High capacity Fiber Backhaul

Fiber is able to transfer data as light allowing for Gigabit to terabit bandwidth which is a lot
more bandwidth than you would get with copper or wireless data links, this large bandwidth
is crucial for handling the large amounts of data used by 4G/5G users. Fiber also allows for a
latency as low as 1 millisecond which is essential for autonomous industrial use cases.

Fiber backhaul will enable mobile networks to keep up with the growing demand in data
usage and demand for high speed connectivity.
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Edge computing

Multi- access edge computing is a way of bringing the data processing closer to the end
user, this reduces the need to send data to central cloud servers. By processing data locally
it reduces traffic load on backhaul links. Because the data happens closer to the user it helps
to reduce latency and offload the traffic from the core network . Edge computing has a
positive effect on security cameras and sensors as they process data locally on a 5g
network.

Edge Computing

Bigelow, What i. mputing? everythin n know 2021

Content Caching (Content Delivery Networks)

Content delivery networks also known as CDN'’s work by storing frequently accessed content
more local to the user which reduced the need for repeated data transfer Content caching
helps enhance network capacity by storing popular web pages videos or frequently used
software updates in local caches that helps reduce traffic and minimises the load on the core
network. Because data is cached locally users can experience faster loading times this is
due to the data being fetched from the local caches rather than distant data centres

How does a CDN Work?
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Comparing TDMA and WCDMA Systems

TMDA

Time Division Multiple Access, also known as TMDA, is a core technology used in the
general system for mobile networks (GSM) that allows networks to efficiently allocate
bandwidth and users access to the frequency channel. It also allows for users to use the
same frequency as it divides the frequency into eight different time slots.
These time slots are repeated in a cycle every 4.6ms, fast enough for the user not to realise
it's even happened, allowing for clear phone calls and smooth data transition.
The advantages of TMDA are listed below

e 8 Users can use the same frequency at once thanks to the allocated time slots

e Time based separation reduces the risk of overlapping signals

e Time slot structure aids in call transfers
However there are some limitations of TMDA like for example each user only has access to
one eighth of the channels capacity and the fact that it is not optimal for big bursts of data
that happens on 4g and 5g networks.

(Perez. Time Division Multiple Access 1998)

WCDMA

WCDMA also known as wideband code division multiple access is a core radio access used
in UTMS also known as universal mobile telecommunication systems in 3g mobile networks
it is designed to support higher rates of data, multimedia services and greater user capacity,
WCDMA is completely different to TDMA in how it allows multiple users to share the same
frequency as WCDMA uses codes to separate users allowing for instant transmission over
the same frequency band.
WCDMA uses direct-sequence spread spectrums. A user's data signal is multiplied by a high
rate pseudo-random code sending it across a wider bandwidth which is usually 5MHz per
user. Allowing for users to transmit on the same frequency at the same time separated by
unique codes.
The advantages of WCDMA are listed below:

e Has a high bandwidth allowing for higher data output per user

e Allows multi user access on the same frequency separated by a unique code

e |t has more flexible data that's supported voice video and mobile broadband

Comparison

There are a few differences between TDMA and WCDMA one of these differences is the
way they allow other users to use the same frequency TDMA allows users to use the same
frequency by giving each user a different time slot the way WCDMA dose it is by giving
users an unique code allowing for a better use of available spectrum. WCDMA also allows
for a lower latency which is better for all services but TDMAs latency is a lot higher due to
the rigid slot timing.

(Olamide, The comparison of Time Division Multiple Access (TDMA) ... 2014)



Frequency Reuse and Interference Management in TDMA and
WCDMA

Frequency Reuse in TDMA

The way that frequency reuse works in TDMA is that the coverage area is divided into
hexagonal cells each has its own set of frequencies; these frequencies are reused
systematically across distant cells.

In order to prevent interference when doing this methods like frequency hopping or power
control can be used. Frequency hopping reduces interference and improves the quality of a
link by switching frequencies regularly and power control works by adjusting the
transmission power of the mobile and base station in order to minimize interference to
neighboring cells.

Frequency Reuse in WCDMA

Because WCDMA uses individual codes to separate users the frequency resume factor
actually equals to one, this is because all the cells use the same frequency band made
possible by the individual codes and the fact that all users transmit on the same 5 MHz
channel.

Interference is controlled by using a RAKE receiver which combines multipath signals
constructively; this then helps improve signal quality and recover signal paths that would
cause interference.

(C.Y. Lee, Frequency Reuse 2002)



Evaluation and Filtering of a Telephone Mobile Power Ringing
System (TMPRS)

newfilename="josh_wave_output.wav';
d=4.8;

[s,fs]=audioread("wav_Josh.wav');
fs
t = (@:length(s)-1)/fs;

figure(l);

w=length(t);
plot(t{leee:w-1),s(10ee:w-1), k" );
grid

xlabel( Time(s)")

ylabel( signal valus{Vv)}")
title('voice plot’)
figure(2);

n = 2@ea;
plot(t(1:n},s{1:n));

xlabel( Time")
ylabel("s[N]")

figure(3);

plot(t,s, 'r');

grid

xlabel( " Time(s)")

ylabel( 'signal valus{v}")
title('simple voice signal’)

The first step to purify the sound file that was given is to set a new file name so the code can
save the new sound and tell the code this was done by using the line of code ‘newfilename=’
to read the sound file that i was given by using the line of code ‘[s,fs]=audioread’

After that ‘fs’ is used to create a display then plot the first three figures that are shown below
Figure one shows the voice plot figure two shows part of a voice plot and figure three shows
a simple vice single
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33 sound(s,fs);

34 pause(d + 8.5);

35

36 p=fft(s);

37 L=length(s);

38 p2=abs(p/L};

19 pl=p2(1:L/241);

49 k=fs*(@:{L/2))/L;

41

42 Figure (4)

43 plot({k,pl)

44 plot(k(1:15800),pl(1:15886), 'b")

45 grid

46 wxlabel("Frequency{Hz}")

47 ylabel( Magnitiude"')
title('Voice FFT')

[
[=1]

1

The next step is to process f1-5 and identify them. In order to do this the line of code
‘p=fft(s)’ will be necessary. What that does is tell matlab to perform a fourier transform and
changes the signal from the time domain into the frequency domain. The line of code
‘p2=abs(p/L)’ computes the magnitude of the FFT and normalizes it by the length of the
signal it also gets rid of the imaginary part giving the signal actual magnitude and the line of
code ‘p1 = p2(1:L/2+1) only keeps the first half of the FFT result.

The graph below shows this once it has been plotted.
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LCoffl = 258/(fs/2);

HCoffl= 1250/ (fs/2);

ORD1=58@;

filtcoeffl = firl(ORD1,[LCoffl, HCoffl], 'stop'});
voicl=Ffilter(filtcoeffl,1,s);

sound (voicl,fs);

pause(d+8.5);

LCoff2 = sea/(fs/2);

HCoff2 = 28ee/(fs/2);

0ORD2 = 588;

filtcoeff2=firl(ORD2, [LCoff2,HCoff2], "stop');
voic2=Ffilter(filtcoeff2,1,voicl});

sound (voic2,fs);

The third step is to use a bandstop filter which filters the voice signal twice and plays the
result at each stage. The lines of code ‘LCoff1’ and ‘HCoff1’ are the normal cutoff frequency
for the filter in this case the cut offs are set at 250Hz and 1250Hz. The line of code ‘ORD1=’
is what orders the filter the higher the number next to it the sharper the cutoff however that
requires more processing time.

The line of code ‘filtcoeff1 = fir1(ORD1,[LCoff1, HCoff1], ‘stop’)’ is what designs the band
stop filter then removes the frequencies stated above the two lines of code below that on
the image above is what applies the filter then plays the new filtered voice, this step is
repeated but removing different frequencies from the first one

65 figure (5]

66 plot(t(18@6:w-1),voic2 (lB@@:w-1),'r"')
67 grid

68 xlabel( time(s)

69 ylabel {'signal Valus(v)')

78 title ('Mew Voice')

7l

72 pause(d+ ©.5);

73

The fourth and final step is to plot the new sound. Figure 5 plots a portion of the filtered voic2
signal which will show the new filtered waveform over time; this is shown in the image below.
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74 figure(s)

75 L1=length({woic2);

76 magl=abs (fft({voic2));

77 kk=fs*({@:{L1-1))/L1);

78 plot (kk(1:1588@),magl({1:15868)," r")
79 grid

ae xlabel( ' Frequency(Hz)")

31 ylabel( "Magnitude")

32 title('Mew Voice FFT")

83

84 audiowrite({newfilename,voic2,fs);

What figure six dose is computes the fft of the signal of voic2. Using the line of code
‘mag1=abs’ to obtain the magnitude spectrum. Then only the first 15000Hz are plotted. The
graph below shows which frequencies are present once both of the filters have been applied.
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Biomedical Signal Processing Using Moving Average Filtering

1 clec;

2 r=80;

3 n=@:r-1;

4 s=3*n.*(@.9.%n);

5 noi=1.5*(rand(r,1)-@.5);
6 cor=s+hoi’;

7 subplot(2,2,1);

2 plot (n,s);

9 title('Uncorrupt")
10

11 subplot(2,2,2);

12 plot (n,noi);

13 title ('Noise')

14

15 subplot(2,2,3);

16 plot(n,s+noi');

17 title('corrupt');
18

19 M= 20;

20 num = ones(1,M);
21 y=filter(num,1,cor)/M;
22 subplot(2,2,4);

23 plot(n,y);

24 title('filter'})

The first step is to add the originalsignal to the code to do this you need to add the line of
code ‘s=3*n.*(0.9.An)n the signal is increasing laterally due to the 3*n in the code, next the
noise is added by using the line of code ‘noi=1.5*(rand(r,1)-0.5), the noi is a vector that uses
a random number in this case 1 to -0.5 to simulate static disruption in the signal .

The next step is to then combine the original signal and then add the noise. This is done by
using the line of code ‘cor=s+noi’.

The third step is to plot the uncorrupted, noise and the corrupted signals all the pots are
shown in the image below

After this, the moving filter has to be added, ‘M="is an average over a number of samples, in
this case it's 20. ‘num =’ defines the shape of the filter, in this case it's a rectangular filter.
The line of code ‘y=filter(num,1,cor)/M’ is what applies the FIR filter to the corrupted signal
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Generating and Filtering a Complex Signal Using MATLAB

2
3 n=A:58;
4 sl=cos(2*pi*a.05*n);
z s2=cos(2*pi®*@.47*n};
[ x=51+51;
7
] M=input ('length of Filter');
E]| y=Filter(num,1,x);
1@ num=ones {1,M};
11 y=Filter(num,1,x)/M;
12
13 subplot(2,2,1};
14 plot{n,s1);
15 ¥1label("Time {N}"};
16 ylabel("amplitude"};
17 title ("s1'};
18
19 subplot(2,2,2);
2a plot{n,s2);
21 x1label("Time (N}"};
22 ylabel("amplitude"};
23 title ('S2');
24
25
25 subplot(2,2,3};
27 plot{n,x,'b"};
28 ¥label("Time (M)"};
29 ylabel("amplitude};
3@ title ("Input’};
31
32
33 subplot(2,2,4);
34 plot{n,y,'r'};
35 ¥1label("'Time (N)"};
36 ylabel("Amplitude"};
37 title ("Output');

The way the moving filter works is by adding ‘s1’ which is the low frequency cosine wave

and ‘s2’ the high frequency cosine wave creating a signal containing both components what
the moving average filter dose is reduce the high frequency parts by smoothing the signal
‘m=input’ allows you to choose the strength of the filtering the higher the number the smother
it gets, in the graph below 10 was used as the signal strength
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Signal Analysis and Filtering in a Communication System

Low-pass Filter

[ T T S TT R =

0O =l

9
18
11
12
13
14
15
16
17
18

N = 5a;

¥ = Zeros{l, N};
x(1) = 1;

¥ = zeros{l, N};

[8.813, -2.832, A.844, -9.833, 8.813];
[1, -3.5, -5.@, 3.2, -@.82];

a
h = filter{b, a, x);

stem({@:nN-1, h, "filled")

xlabeli'n"}

ylabel{"h[n]'}

title( 'Impulse Response of the Low-Pass Filter')
grid on

The first step is to set the number of samples to compute. To do this you need to input ‘N=’
then the number of samples you want to compute for this example 50 has been used.

The next line of code is what creates the input signal. The line of code ‘y = zeros(1, N)’ is
what initializes the output signal, the two lines of code underneath ‘b="and ‘a=" corresponds
do the input and output terms ‘b=" corresponds to the (x[n]) term and ‘a=’ corresponds to the
(y[n]) term then by using ‘h = filter() matlab simulates the filters output as shown below.
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Low-Pass Filter Output

1 clc
2 N = 58;
3 N_input=188;
4 ¥_input=sin(2¥pi®@.@5%(@:N_input-1));
5 y_output=conv(x_input, h, "same’);
6 x = zeros(l, MN);
7 x(1) = 1;
8 y = zeros(1l, N);
9
18 b = [@.013, -0.832, 0.044, -0.833, 0.813];
11 a=[1, -3.6, -5.8, 3.2, -8.82];
12 h = filter(b, &, x);
1z
14 stem({@:N-1, h, 'filled')
15 xlabel('n")
16 ylabel( h[n]")
17 title( ' Impulse Response of the Low-Pass Filter')
18 grid on
18
28 subplot(2,1,1);
21 plot(x_input);
22 title( ' Input Signal’);
23 xlabel('n');
24 ylabel( 'x[n]");
25
26 subplot(2,1,2);
27 plot(y_output);
28 title( 'Output of Low-Pass Filter')};
23 xlabel('n");
30 ylabel( y[n]");

In order to get the output of the low-pass filter a few new lines of code where added to the
previous code, at first a example signal is defined by using the lines of code ‘N_input’ and
x_input’ after that the line of code ‘y_output=conv()’ is input into matlab inorder to calculate
the output. All that's left to do then is plot a graph for the input and output which are shown in
the image below
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Hi-Pass Filter

N = 58;

x = zeros(l, N);
x(1) = 1;
y = zeros(l, N);

b = [@.35, -1.3, 2.8, -1.3, 8.35];
a=1[1, -2.7, 3.3, -2.8, 8.57];
h = filter(b, a, x);

stem(@:N-1, h, 'filled");

xlabel{'n"});

ylabel( "h[n]");

title( ' Impulse Response of the High-Pass Filter');
grid on;

The first step is to set the number of samples to compute. To do this you need to input ‘N=’
then the number of samples you want to compute for this example 50 has been used.

The next line of code is what creates the input signal. The line of code ‘y = zeros(1, N)’ is
what initializes the output signal, the two lines of code underneath ‘b="and ‘a=’" corresponds
do the input and output terms ‘b=" corresponds to the (x[n]) term and ‘a=" corresponds to the
(y[n]) term then by using ‘h = filter() matlab simulates the filters output as shown below.
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High-pass Filter Output

N = 58;

X = zeros(1l, N);

x(1) = 1;

y = zeros(1, N);

N_input = 1@@;

X_input = sin(2*pi*@.1*(8:N_input-1));
y_output = conv(x_ input, h, 'same');

b = [©.35, -1.3, 2.8, -1.3, ©.35];
a=[1, -2.7, 3.3, -2.8, 0.57];
h filter(b, a, x);

stem(8:N-1, h, "filled');

xlabel('n");

ylabel('h[n]");

title( 'Impulse Response of the High-Pass Filter');
grid on;

subplot(2,1,1);
plot(x_input);

title( 'Input Signal’);
xlabel('n");
ylabel('x[n]");

subplot(2,1,2);

plot(y_output);

title('Output of High-Pass Filter');
xlabel('n");

ylabel('y[n]");

In order to get the output of the high-pass filter a few new lines of code where added to the
previous code, at first a example signal is defined by using the lines of code ‘N_input’ and
x_input’ after that the line of code ‘y_output=conv()’ is input into matlab inorder to calculate
the output. All that's left to do then is plot a graph for the input and output which are shown in
the image below
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