Dafydd Evans







DSP and Communications Assignment 
Ty Coch College
Dafydd Evans










Contents
Task 1	3
Task 2	3
Task 3	9
A	9
B	12
Task 4	13
A	14
B	15
C	17
D	18
References	20














[bookmark: _Toc137484288]Task 1
The evolution of mobile communications places ever increasing demands on capacity in mobile networks. Discuss how this is achieved in practice, and compare the approach used in a TDMA GSM system with that employed in a WCDMA (UMTS) system. 
 
You should describe how frequencies are re-used along with the different approaches to the problems related to interference. 

Various strategies have been used to accommodate the expanding capacity needs of mobile networks. The Time Division Multiple Access Global System for Mobile Communications (TDMA GSM) and the Wideband Code Division Multiple Access (WCDMA) or UMTS (Universal Mobile Telecommunications System) are two significant systems.
For the TDMA GSM system, it enables simultaneous communication between multiple users.  It does this by allocating a user a different time slot within a frame.  It uses frequency spectrum to divide into time slots, showing clear separation. It is limited when it comes to varied data slots as it is a fixed time slot.
(TDMA) - F/TDMA and GSM - Wireless Telecommunication Systems - Wiley Online Library
The capacity of a WCDMA system is achieved through code-division multiplexing.  All users of WCDMA can simultaneously share the whole available frequency band. Multiple signals can be delivered simultaneously thanks to the unique spreading code that is given to each user.  This has an efficient use of frequency spectrum as it uses the entire bandwidth simultaneously.  It is limited when it comes to the increased complexity in processing and design.
[bookmark: _GoBack]In conclusion, WCDMA uses code-division multiplexing to enable simultaneous transmission throughout the full frequency band, whereas TDMA GSM uses time-division multiplexing to assign specific time slots for users. WCDMA provides more capacity, adaptability for varying data rates, and improved performance in difficult conditions. It is more prone to interference and needs more complicated signal processing. Both systems have had a big impact on mobile communications, with WCDMA/UMTS opening the way for later technologies like 3G and 4G and GSM being extensively used.
(TDMA GSM + WCDMA) -Difference Between Cellular Technologies: GSM, CDMA, UMTS, and LTE (wilsonamplifiers.com)
[bookmark: _Toc137484289]Task 2
You have been tasked to look at a Telephone Mobile Power Ringing System (TMPRS) generates an audio sound consists of four different frequencies f1, f2, f3 and f4. The amplitude of the frequency f1 exponentially decays with time from very loud (high amplitude) to low amplitude. While the amplitude of f3 exponentially growth with time from low to high. The two frequency f1 & f3 cause unpleasant sound of the ringing system. As specialist you need to identify, and completely silence and remove the unwanted frequencies (f1&f3) using Matlab DSP filter that stop these two signals at the output. You will be provided with an audio file which contains the telephone mobile power ringing with audio tone. 
 
This task requires you to write fully functioning Matlab code to achieve the following objectives: 
Each objective contains an output which should be displayed in Matlab’s output window. The coursework submission should contain the full code with appropriate comments. 
 
It is recommended that the code is copied and pasted directly from Matlab into your word-processing document with no further formatting so that we may copy and paste it back into Matlab for testing when marking. Your task is to write Matlab Computer program doing the following: - 
 
a. Read the provided TMPRS .wav file. 
b. Determine the frequencies of the tones. 
c. Design a filter to remove the cause of the unpleasant sound. 
d. Retaining clean version of tone contain only two frequencies. 
e. Provide a new version of the uncorrupted TMPRS. 

[image: A screenshot of a computer program

Description automatically generated with medium confidence]
[image: A picture containing text, plot, screenshot, diagram

Description automatically generated]
This shows the plotting of my given sound clip.
[image: A picture containing text, screenshot, font, receipt

Description automatically generated]
[image: A picture containing text, screenshot, plot, line

Description automatically generated]
This shows the plotting of part of the sound clip.
[image: A picture containing text, screenshot, font, number

Description automatically generated]
This shows the process of generating a sound and sampling the frequency across all points.
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Description automatically generated]
This graph shows the points of unpleasant sounds. I now need to design a filter to eliminate these sounds.
[image: A screenshot of a computer program

Description automatically generated with medium confidence]
This design shows how I have used a low cut and high cut off frequency to eliminate the first unpleasant frequency.  I got these values from the output of figure 3.
[image: A screenshot of a computer program

Description automatically generated with low confidence]
This shows how I have eliminated the 3rd frequency (F3) from figure 3.  Again, I have used values from figure 3 to determine my low and high cut off frequencies.
[image: A screenshot of a computer code

Description automatically generated with low confidence]
This shows the plotting of the new filtered sound.
[image: A picture containing text, screenshot, display, plot

Description automatically generated]

If we compare this to figure 1, it shows that I have eliminated the unpleasant noise.  This shows a clear tone, only showing 2 frequencies.
[image: A picture containing text, screenshot, font
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Description automatically generated]
This now shows the uncorrupted version of the TMPRS sound. Again, you can see that there are no unpleasant sounds present after the sound has passed through the filter I have designed.




[bookmark: _Toc137484290]Task 3
[bookmark: _Toc137484291]A
Biomedical signal processing involves the application of digital signal processing techniques for smoothing signals slightly corrupted by noise that represent for example heart rate, Oxygen saturation levels, Nerve conduction, Brain activity.  Signal free of fluctuation can provide useful information upon which clinicians can gain insights into the physiological process and aid in clinical assessments. In different cases, the response of these signals consists of exponential positive growth, followed by a slowly negative growth or decay. As specialist you need to reduce the fluctuation in such digital signal using Moving average filtering techniques with different filter length, compare and analyse the results. 
 
 This task requires you to write fully functioning Matlab code to achieve the following objectives: 
 
Generate an uncorrupted signal ‘s’ consists of linear growth followed by a slowly real exponentially decay given by: 
 
s=3n0.9n     Where n is a sampling point 
 
Generate a random noise ‘noi’ uniformly distributed between (-1 and 1) 
 
noi=2.(rand(r,1)−0.5)   where r is length of the sampling points

Generate a corrupted signal by adding the uncorrupted signal ‘s’ and the transpose of the noise i.e.   noi′
 
Implement a moving average FIR filter Matlab function of order M to smooth the complex signal. 

Run the program for different filter length M and compare and analyse the results. 
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Description automatically generated with low confidence]
[image: A picture containing text, screenshot, font

Description automatically generated]
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Description automatically generated]
Above shows a filter length of 1, whereas the below shows a filter length of 10.
[image: A picture containing text, diagram, font, screenshot

Description automatically generated]
Then with a filter length of 50.
[image: A picture containing text, diagram, screenshot, plot

Description automatically generated]
As you can see, the higher the filter length, the smoother the output signal.
[bookmark: _Toc137484292]B
Using MATLAB codes, generate a complex signal consists of low frequency sinusoid f1=0.05Hz signal and high frequency sinusoidal signal f2=0.47Hz.   Implement a moving average FIR filter Matlab function of order M in filtering the high frequency component of the complex signal.
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Description automatically generated with medium confidence]
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By looking at the graph, the higher the ‘M’ the more delay on the signal.

[bookmark: _Toc137484293]Task 4
Low frequency signal given by: 
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]; 
 
Compute the impulse response of the low pass function: 
 y[n] = 3.6y[n–1]+5.0y[n–2]–3.2y[n–3]+.82y[n–4] +.013x[n]–.032x[n–1]+.044x[n–2]–.033x[n–3] +.013x[n–4] 
 
Compute the output low pass filter.
 
Compute the impulse response of the high pass function:
y[n] = 2.7y[n–1]–3.3y[n–2] +2.0y[n–3]–.57y[n–4] +.35x[n]–1.3x[n-1] +2.0x[n–2]–1.3x[n–3] +.35x[n–4] 
 
Compute the output high pass filter.
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I’ve used F1 and F2 as different values as I couldn’t fit them all in one.  This is why my F is the equivalent of F1 and F2.

[image: A graph with green dots and numbers

Description automatically generated with low confidence]
[image: A picture containing text, diagram, plot, line

Description automatically generated]






[bookmark: _Toc137484296]C
[image: A screenshot of a computer program

Description automatically generated with medium confidence]
[image: A picture containing text, number, plot, line

Description automatically generated]







[image: A picture containing text, screenshot, number, diagram

Description automatically generated]
[image: A screenshot of a computer

Description automatically generated with low confidence]

[bookmark: _Toc137484297]D
[image: A screenshot of a computer

Description automatically generated]
For the same reason as task 4 b, I’ve used F1 and F2 as different values as I couldn’t fit them all in one.  This is why my F is the equivalent of F1 and F2.
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After creating the outputs of the low and high pass filters, I can now compare them. Low-pass filters allow low-frequency signals and reduce high-frequency signals, while high-pass filters do the opposite, letting high-frequency signals pass and reducing low-frequency signals. The choice of filter depends on the application and the desired frequency range to be filtered.
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clear all
close all
clc

newfilename = 'Uncorrupted_Wave.wave'; % This will be the new uncorrupted wave

TT7=5.8; % Time in seconds to listen to sound

[s,fs]=audioread('wav_Dafydd.wav'); % Reading the soundwave of given soundclip

fs ;% Display (Sampling Frequency)

t = (@:length(s)-1)/fs;

figure(1)

plot(t,s,'b")

xlabel('Time in Seconds')
ylabel('Voltage')
title('Plotting Sound Clip')
grid on

%Plotting soundclip in blue
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figure(2)

n = 10000;

plot(t(1:n),s(1:n)) % Plotting part of sounclip
xlabel('Time in Seconds')

ylabel('s[n]")

title('Plotting Part of Signal')

grid on
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%Process
sound(s,fs);

pause(TT + @.5);

F = fft(s);
L = length(s);
A2 = abs(F/L);

1 = A2(1:L/2+1);
X = fs*(0:(L/2))/L;

% Generating sound

% Waiting for sound to end
% F = Fourier

% Absolute value

% Absolute value over all points
% Sampling frequency across all points
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figure(3)
plot(X(1:12000),A1(1:12000), r")
xlabel('Frequency (Hz)')
ylabel('Magnitude')
title('Fourier of the Soundclip')
grid on

% Changing from time domain into frequency domain
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% Eliminating the first frequency from the signal (F1)

LCoffl = 100/ (fs/2);
HCoffl = 300/(fs/2);
ORD1 = 508;

% Low cut off frequency
% High cut off Frequency
% Order of Filter

filtcoeffl = firl(ORD1, [LCoffl,HCoffl], 'stop');

% Returns the filter coefficients in length ORD1 + 1 vector filtcoesffl

%%%y = filter(b,a,x);

SC1 = filter(filtcoeffl,1,s); % Sound after filtering F1

sound(SC1,fs);

pause(TT + @.5);

% Displays the sound

% Waiting for sound to end
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% Eliminating the first frequency from the signal (F3)

LCoff2 = 1608/(fs/2);
HCoff2 = 1400/ (fs/2);
ORD2 = 500;

% Low cut off frequency
% High cut off Frequency
% Order of Filter

filtcoeff2 = firl(ORD2, [LCoff2,HCoff2], 'stop');

% Returns the filter coefficients in length ORD2 + 1 vector filtcoeff2

SC2 = filter(filtcoeff2,1,SC1); % Sound after filtering F3

sound(SC2,fs);

% Displays the sound
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figure(4) % Plotting the new filtered time domain sound
w = length(t);

plot(t(1000:w-1),5C2(1000:w-1),'g")
xlabel('Time in Seconds')
ylabel('Voltage')

title('Plotting the new Sound')
grid on

pause(TT + 0.5); %Waiting for sound to end
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87 figure(5) % Plotting the new frequency sound

88 L1 = length(sC2);

89 magl = abs(fft(SC2));

%0 XX = fs*((@:(L1-1))/L1);
91

92 plot(XX(1:15000),magl(1:15008), - ')
93 xlabel('Frequency (Hz)')
94 ylabel('Magnitude')

95 title('FFT of new Sound')
96 grid on

97

98

99

1ee

101 audiowrite(newfilename,s,fs);
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R = 201;

noi = 2*(rand(R,1) - ©.5); %Generating a random noise

n = R-1;

S = 3*n.*(0.9.%n); %Generating an uncorrupted signal
NCS = S + noi'; %Generating a noise corrupted signal

% (noi' is the transpose of noi)
M = input('Desired length of the filter =');
num = ones(1,M);

Y = filter(num,1,NCS)/M;

%clf; %Reset
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subplot(2,2,1)
plot(n,S,'G")
axis([@,100,-2,12])
xlabel('Time Index')
ylabel('Amplittude')
title('Uncorrupted Signal')
grid on

subplot(2,2,2)
plot(n,noi)
axis([@,100,-2,2])
xlabel('Time Index')
ylabel('Amplitude')
title('Nosie Signal')
grid on

%Plotting the uncorrupted signal

%Plotting the noise signal
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subplot(2,2,3)
plot(n,NCS, 'R")
axis([0,100,-1.5,12])
xlabel('Time Index')
ylabel('Amplitude')
title('Corrupted Input Signal
grid on

subplot(2,2,4)

plot(n,Y,'M")
axis([@,100,-2,12])
xlabel('Time Index')
ylabel('Amplitude')
title('Smooth Output Signal')
grid on

%Plotting corrupted input signal

)

%Plotting the smooth output signal
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1 fs = 100; % Sampling frequency (Hz)

2 T = 18; % Duration of the signal (seconds)

3 LowF = ©.85; % Low frequency (Hz)

4 HighF = ©.47; % High frequency (Hz)

5 M1 = 10; % Order of the moving average filter
6 M2 = 20;

7 M3 = 40;

8

9 % Time vector

10 t = 8:1/fs:T-1/Fs;

11

12 % Generate complex signal

13 x = exp(1li*2*pi*LowF*t) + exp(1li*2*pi*HighF*t); %Used 1i instead of j
14

15 numl = ones(1,M1)/M1; % Filter coefficients

16 Y1 = filter(numl, 1, real(x)); % Apply the filter to the real component of the signal
17

18 num2 = ones(1,M2)/M2; % Filter coefficients

19 Y2 = filter(num2, 1, real(x));

20

21 num3 = ones(1,M3)/M3; % Filter coefficients

22 Y3 = filter(num3, 1, real(x));
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subplot(2,1,1);

plot(t, real(x))

title('Original Complex Signal')
xlabel('Time (s)')
ylabel('Amplitude')

grid on

subplot(2,1,2);

plot(t, Y1,'G',t,Y2,'R',t,Y3)
title('Filtered Signal')
xlabel('Time (s)')
ylabel('Amplitude')

grid on
legend('M1','M2', 'M3")
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1 N=7;
2

B] num = [©.013 -6.32 ©.044 -0.033 0.013];
4 den = [1 -3.6 -5 3.2 -0.82];

5

6 H = impz(num,den,N);

7

8 hold on

9 stem(H, 'r');

10 xlabel('Time Index')

11 ylabel('Amplitude")

12 title('Impulse Response')

13 grid on
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1 H = [0.0130 -8.2732 -0.8745 -4.5889 -19.9946 -92.3506 -418.4681];
2

B] F1 = [-0.001 -0.0045 -0.01 -0.0042 ©.002 ©.085 ©.006 ©.007 ©.004 -0.001 -0.005 -8.009 -0.01 0.001 ©.005 0.004];
4 F2 = [-0.001 ©.005 ©.004 -0.002 ©.007 ©.008 -8.004 -0.805 -0.012 -0.007 -0.005 -8.001];
5

6 F = [F1 F2]; %Filters

7 S1 = filter(H,1,F);

8

9 figure(1) %Plotting Impulse Response

10 stem(F,'G");

11 xlabel('Time Index')

12 ylabel('Amplitude")

13 title('Impulse Response')

14 grid on

15

16 figure(2) %Plotting Output of low pass filter
17 stem(S1,'M")

18 xlabel('Time Index')

19 ylabel('Y[N]")

20 title('Output Of Low Pass Filter')

21 grid on

22
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num = [.35 -1.3 2.0 -1.3 .35];
den = [1 -2.7 3.3 -2.8 0.57];

1
2
B]
4
5 H = impz(num,den,N);
6
7
8
9

hold on %Plotting the impulse response
stem(H, 'b")
xlabel('Time Index')

10 ylabel('Amplitude")

11 title('Impulse Response')

12 grid on
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1 H = [6.3500 - ©.3550 -8.1135 ©.2650 ©.5387 ©.5335 0.2841];
2

B] F1 [-©.001 -0.0045 -0.01 -0.0042 ©.002 ©.005 0.006 ©.007 ©.004 -0.001 -0.905 -0.009 -0.01 -0.001 0.005 0.004];
4 F2 = [-0.001 ©.005 ©.004 -0.002 ©.007 ©.008 -8.004 -0.805 -0.012 -0.007 -0.005 -8.001];
5

6 F = [F1 F2];

7

8 S1 = filter(H,1,F);

9

10 figure(1) %Plotting the impulse response
11 stem(F, 'B");

12 xlabel('Time Index')

13 ylabel('Amplitude')

14 title('Impulse Response')

15 grid on

16

17 figure(2) %Plotting the high pass output
18 stem(S1, 'R")

19 xlabel('Time Index')

20 ylabel('Amplitude")

21 title('High Pass Output')

22 grid on
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