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Introduction

Digital signal processing (DSP) is a big part of modern engineering and shows up everywhere in phones, medical gear, and loads of other tech. As wireless stuff keeps getting better, it's more important than ever to make good use of the bandwidth we've got and get rid of any noise that messes up the signal. This coursework covers the basics of DSP, starting with how mobile networks can be made to work better. It looks at TDMA and WCDMA, explains how they work, and how well they share out bandwidth and deal with loads of people using them at once.

The rest of the work gets more hands-on using MATLAB. In Task 2, the focus is on a Telephone Mobile Power Ringing System (TMPRS). The goal here is to find the messed-up parts of the sound and use custom digital filters to clean it up. Then in Task 3, it switches over to biomedical signals. This part uses Moving Average filters to tidy up noisy signals that follow an exponential pattern.

There’s also some testing with FIR filters to see how well they can split a signal into high and low-frequency bits. The last part of the project uses filters built from repeating equations, to help make sense of signals that change over time.

All in all, it’s a proper intro to how DSP works in real-world stuff – not just the theory, but how to apply it to proper signals using MATLAB.

Abstract

This coursework helped me get my head around digital signal processing (DSP) and how it fits into mobile phone systems. For the first task, I looked at how to make mobile networks work better by comparing TDMA, which is used in GSM, with WCDMA, used in UMTS.I also investigated how to deal with things like frequency reuse and interference

In the second task, I worked on improving a Telephone Mobile Power Ringing System (TMPRS) by spotting and removing unwanted sounds using MATLAB. The third task focused on biomedical signals, where I used a Moving Average FIR filter to clean up a noisy signal. I also made a mixed signal myself and tested different filter lengths to see how they changed the results.

For the last task, I used digital low-pass and high-pass filters with recursive equations to break down a real discrete-time signal into its different frequency bits. I did everything in MATLAB – from building and testing to showing the results. Overall, this coursework gave me proper hands-on experience with DSP tools that are useful in both engineering and healthcare work.





Task 1: Investigating Mobile Network Capacity and Interference Management

1.	Investigate Capacity Optimisation
Capacity optimisation in mobile networks refers to the strategies and technologies used to ensure that networks can handle increasing amounts of data traffic while maintaining performance and service quality as the demand for mobile networks and mobile data increases due to the streaming of videos, loT devices and cloud services, people must find the optimal way to increase capacity. Below is a breakdown of how increased network capacity is achieved in practise. (Powell, 2024)

Spectrum management

Spectrum is the most important resource for wireless communication. Some of these strategies include:

· Getting more spectrum: Mobile operators buy extra frequency bands during auctions to increase their own overall bandwidth to their customers.
· Refarming: Making use of existing spectrum by upgrading 2G or 3G to the newer technologies like 4G or 5G.
· Carrier Aggregation: This is a technique that is used in LTE and 5G to combine multiple frequency bands into a single channel for higher data throughout. (U.S. Department of Transportation, 2019)

Advanced Radio Technologies

Modern wireless technologies improve spectral efficiency:

Technological advancements that simplify our work have become common nowadays. Wireless technology is one of them, revolutionising various tasks in almost every business industry. (UK, 2022)

· MIMO (Multiple input, Multiple output):  Uses multiple antennas at both the transmitter and receiver ends to increase data capacity.
· Massive MIMO: Extends MIMO with hundreds of antennas, more commonly used in 5G
· Beamforming: Directs signals more accurately to users.

Network Densification

Network densification refers to the process of increasing the number of cells cites or access points within a given area to make the network capacity, coverage and performance better. This has become increasingly important as the demand for mobile data has skyrocketed over the last few years (Tracy, 2016)

Increasing the number of cell sites enhances capacity and coverage:

- Small cells: Low-power cellular nodes placed closely together in urban areas to offload traffic from macro cells.
- HetNet’s: Also known as Heterogeneous Networks combine macro cells with small cells and WIFI to improve the overall capacity and coverage.

Network Virtualisation and Cloudification

Technology developments in the fields of hardware and software disaggregation, network function virtualization and containerization allow for radical architectural changes across mobile network domains. Yet, to fully reap the benefits of network virtualization, telco operators need to rethink sourcing and deployment models as well as corresponding organizational setups.

Optimising backend infrastructure to support higher loads:

· C-RAN: Also known as centralised radio access network, pools baseband resources in a centralised location to dynamically allocate processing power where needed.
· NFV (Network function virtualisation) and SDN (Software Defined Networking): Allow for flexible, scalable network management that adjusts resources on-demand.

Offloading Techniques

WiFi offloading or mobile data offloading refers to the process of diverting cellular network traffic to alternative networks, typically WiFi, to reduce the burden on the cellular network infrastructure while improving connectivity. This innovative technique redirects data traffic from licensed spectrum to unlicensed spectrum, enhancing network performance, alleviating congestion, and advancing user experience.

Reducing burden on the cellular network by redirecting traffic:

· Wi-Fi Offloading: Transfers data traffic to Wi-Fi networks where available.
· Edge computing: Processes data closer to the user to reduce core network load and latency.


Summary
Capacity optimisation involves both technical upgrades and careful planning. To meet increasing demand, mobile network operators must regularly improve infrastructure, use spectrum more efficiently, and apply smart traffic management strategies.







2.	Compare Time Division Multiple Access (TDMA) and Wideband Code Division Multiple Access (WCDMA) Systems
TDMA works by allocating time slots in a cyclic pattern over a single frequency band. Each user is given a unique time slot during which they can transmit or receive data. This method ensures that users do not interfere with each other despite sharing the same frequency channel. TDMA is widely used in digital cellular technologies, satellite communication, and in some wireless LAN applications, serving as the foundation for various telecommunications standards, including GSM (Global System for Mobile communications).

TDMA in GSM: Describe how Time Division Multiple Access (TDMA) functions in Global System for Mobile Communications (GSM) networks to allocate bandwidth and manage user access.


Time division multiple access (TDMA) is a very important technology using in GSM mobile communications. This plays the biggest role in allowing people to use the same frequency channel at the same time. (Science Direct, n.d.)

How does it function?
GSM uses a combination of frequency division multiple access and TDMA. The frequency band is divided into carrier frequencies (FDMA), and each carrier is further divided into 8 time slots, which forms a frame.

What is the bandwidth allocation?
Each user gets one time slot per frame, allowing the most efficient bandwidth usage while avoiding interference.

What are the limitations?
The data range is limited due to the fixed time slot assignment and narrow bandwidth, which is 200kHz per carrier, making TDMA less suitable for high data rate applications.

WCDMA in UMTS: Explain how Wideband Code Division Multiple Access (WCDMA) operates within Universal Mobile Telecommunications System (UMTS) networks, supporting higher data rates and increased capacity.


Wideband code division multiple access (WCDMA) is a type of cellular technology that was made as a third generation moblie communication (3G). It is mostly based of CDMA that was developed in and around the 1980s. It uses a wider frequency band and will produce higher data rates than previous versions of CDMA (Rohde, 2025)

How does it function?
Each user’s data is spread over a wide bandwidth ((typically 5MHz) using a unique random code. This allows multiple users to occupy the same channel without interfering with others.


What are the advantages?
WCDMA supports a much higher data rate and increased capacity, this is thanks to features like variable data rate support and better spectral efficiency.

Flexibility
It is more adaptive to varying traffic conditions and user demands, making it better suited for multimedia and internet-based services.

Conclusion of everything that has been said
TDMA in GSM works well mostly for voice communication as it allocates time slots for users in a fixed and predictable way. However, with this we have some drawbacks in terms of bandwidth and flexibility. Whereas, in WCDMA which is used in UMTS networks, provides better performance for modern mobile services by allowing more users to share the same bandwidth efficiency and supporting higher data rates. The move-over from TDMA to WCDMA marks the transition from 2G to 3G mobile networks, this makes it possible to support data heavy applications and internet-based services more effectively.





























3. Frequency Reuse and Interference Mitigation

interference mitigation is a important part of high altitude platform (HAP) wireless communication to enable it to be more coexistence with other systems. Both systems may operate within the same spectrum, new methods are needed to manage interference and make sure they can work without disrupting each other. This can be achieved through appropriate separation distances and/or coordination strategies that minimise interference. Advanced coordination techniques, such as Coordinated Multi-Point (CoMP) and Inter-Cell Interference Coordination (ICIC), offer potential solutions.

However, several important questions remain. For instance, what message formats will be used during coordination? How frequently will these messages be exchanged? If the HAP and terrestrial systems are operated by different Mobile Network Operators (MNOs), is coordination still feasible? If so, how will the associated security challenges be handled? These questions are the subject of ongoing research and are essential for advancing the use of Radio Environment Maps (REMs) for interference mitigation and Radio Resource Management (RRM) in a heterogeneous network involving both HAP and terrestrial systems. Future work could explore a new method that allows both systems to securely access and utilise the REM database for improved coordination and performance.
To maintain the quality of service and reduce interference between cells using the same frequencies, various interference mitigation techniques are employed.

Power control: 
Power control changes the transmission power of mobile devices and base stations so that it stays at the lowest level needed for a reliable connection. This helps reduce interference with other users and saves battery power on the mobile device. It is especially important in systems like WCDMA, where all users operate on the same frequency band.

Interference cancellation: 
Advanced signal processing is used to identify and remove interfering signals from the received signal. This helps improve how clear the signal is and keeps the connection stable, especially in areas where there are many users.

Cell planning and sectoring:
Carefully plans how cells are arranged and using directional antenna helps reduce interference by stopping some signals from spreading into nearby cells that use the same frequency. 

Frequency planning and handoff management:
In GSM, frequency planning makes sure that cells nearby use different frequency sets which will lower the chance of interference between channels. Handoff processes also help keep the connection stable when a user moves from one cell to another.

Frequency reuse and interference control work together to improve how the network performs, support more users, and keep the service quality steady across the mobile system.

Task 2: Evaluation and Filtering of a Telephone Mobile Power Ringing System (TMPRS)
This MATLAB script focuses on analysing and processing a voice signal using both time-domain and frequency-domain methods, followed by digital filtering to remove selected frequency components. The structure of the code reflects core digital signal processing principles often used in communication systems.

The process starts by setting up the workspace and reading a `.wav` audio file. A time vector is created based on the sampling rate to support accurate time-domain visualisation. Several plots of the signal are generated: one trimmed to exclude initial transients, a zoomed-in view of the first 5000 samples for more detailed inspection, and a full-length plot showing the complete waveform. These visualisations help in understanding the signal’s time-based behaviour.

After that, the script looks at the signal in the frequency domain using an FFT (Fast Fourier Transform). This basically shows what frequencies make up the sound. It only plots the positive frequencies, since that’s the bit that tells us anything useful. You can easily spot which parts of the sound are strongest by looking at this graph.

Next, it uses two FIR band stop filters one after the other. The first one cuts out the frequencies between 1000 and 1600 Hz, and the second one gets rid of stuff between 2000 and 2600 Hz. These filters are made using standard methods and are there to take out certain parts of the signal. After each filter’s been used, the new version of the sound plays so you can hear what’s changed.

Once both filters have been applied, the script plots the new signal again – both how it looks over time and what it looks like in the frequency domain. This lets you see what’s been taken out. You can compare it to the original to spot the difference. The final version of the sound is also saved to a new file, just in case you want to keep it.

This bit of code gives a clear, step-by-step look at how to do digital filtering in MATLAB. It mixes graphs and sound playback so you can both see and hear what’s going on – proper useful if you’re learning signal processing.






MATLAB code
[image: ]
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This was the first figure that we made using the sound we were given. This is what our sound wave first looked like when we were given it.
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This second graph was us just showing part of the sound wave that we have been given.
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This was another graph that shows us a simple voice signal.
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Then we looked at the FFT of the voice and which frequency it was coming from, so it was easier for us to determine which frequency we had to block out.

[image: A screen shot of a graph
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We then cancelled out all the noise and signals that we didn’t need so we could make a new voice. We done this by using the commands that we have seen in the code above.

[image: A screen shot of a computer
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And finally, we have the FFT of the new voice; by getting all of these graphs and the code it makes it clear to everyone what steps had to be taken to make sure we got the correct results.








Task 3
Part A: 	Biomedical Signal Processing Using Moving Average Filtering
[image: ]
This bit of MATLAB code shows how you can use simple low-pass and high-pass filters on a short signal to see what they do. It’s all done using a digital (discrete-time) signal, and I used some plots to make it easier to see what’s going on.

The signal I started with, `x[n]`, is a short chunk with 28 values – a mix of positive and negative numbers. Looks a bit noisy or wobbly, really. First thing I did was get the length of the signal, since I needed that to run the rest of the stuff properly.

This code sets up a low-pass filter using numbers called `b_low` and `a_low`. These numbers tell the filter how to react to different parts of the signal. The output, `y_low[n]`, gets worked out using both the current and past of the input and output so it’s not just looking at one value at a time. That kind of setup means it’s an IIR (Infinite Impulse Response) filter. After running the signal through it, I plotted the results to show how it smooths everything out by getting rid of the fast, jumpy bits.

Next, I used a high-pass filter instead, with its own set of numbers (`b_high`, `a_high`), but it works in the same way. This one’s meant to chuck out the slow changes and keep the faster ones. I worked out `y_high[n]` the same way as before and plotted that as well, so I could compare the two. It makes it pretty clear how each filter affects different parts of the signal.

To get a better feel for how the filters behave, I also looked at their impulse responses. I made a simple impulse signal and ran it through each filter on its own. The outputs – `imp_low[n]` for the low-pass and `imp_high[n]` for the high-pass – got plotted using stem graphs to show how they react over time. These plots help show what each filter does when it gets a single spike as input. You can see a kind of fading pattern in both, which is normal for IIR filters and shows they’re stable.

This script’s a good example of how digital filters work in MATLAB. It shows both how filtering is done and what the filter does to a simple input, which is handy for getting your head around the basics of signal processing.

[image: ]


The image shows four graphs that help explain how noise affects a signal.

Top Left ("Uncorrupt signal"): This one shows the proper signal without any noise added. It starts at zero, shoots up to a peak, then slowly comes back down again.

Top Right ("Random noise"): This graph just shows random noise with no real pattern the values are much smaller than the actual signal and it’s just chaos, really.

Bottom Left ("Combined Random and Uncorrupt signal"): Here, I’ve added the noise to the original signal. You can still spot the shape of the proper signal underneath, but now it’s all a bit messy and jagged thanks to the noise.

Bottom Right: Same idea as the bottom left, just a different colour. Still showing the signal with noise on top, just makes it clearer how much the noise is messing with it.

In summary: These graphs show that when random noise is added to a clean signal, the result is a signal that’s harder to interpret. While the main pattern of the original signal is still visible, the noise makes it less clear. This is a common issue in real-world data, and it’s why signal processing techniques are used to try to recover the original signal from noisy measurements.































Part B: 	Generating and Filtering a Complex Signal Using MATLAB

Section 1 of part B
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[image: A screenshot of a computer code
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This bit of MATLAB code puts together a signal by adding two sine waves one slow (0.05 Hz) and one much faster (0.47 Hz). I sampled it at 10 times a second over 60 seconds, which gave me a time vector `t` and the actual signal `x`.

Next, I used a Moving Average filter to smooth out the signal and get rid of most of the fast bit. It’s good for cleaning up the high-frequency part.

I also plotted the signal before and after the filtering so I could see the difference. I then checked how the filter reacts with different frequencies.

The filter used is a simple Moving Average FIR filter, and I set the filter length `MMM` to 25. I made the filter by averaging across 25 points and then I ran it through MATLAB’s filter function. It works like a low-pass filter, which basically means it keeps the slower changes in the signal and cuts out the quicker, high-frequency bits like the 0.47 Hz sine wave.

The script gives me three plots: the original signal, the filtered one, and a graph showing how the filter reacts to different frequencies. I used `freqz` to work out the frequency response. The last plot shows clearly that the filter blocks the higher frequencies, especially around the fast wave, while letting the slow stuff through without much fuss.
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Discussion of results
Original Signal (f1 + f2):
· The top graph is the signal we started with. It looks like two different wave things (frequencies, f1 and f2) added together.
· It goes up and down between roughly -2 and 2.
· You can see it repeats over the 60 seconds shown, with both faster, smaller wiggles and slower, bigger ones.

Moving average filter-filtered signal (MMM = 25):
· When we apply a moving average filter set to 25 to the original signal, the result is seen in the middle graph.
· In essence, the filter eliminates the extremely rapid wiggles, leaving behind the slower wave.
· The signal now oscillates between -1 and 1-ish instead of going as high or low.  This is because the higher frequencies are cooled by the filter.

Magnitude Response of FIR Moving Average Filter:
· The bottom graph shows you what the filter does to different frequencies.
· The x-axis is frequency (Hz), and the y-axis shows how much the filter lets each frequency through.
· The filter is cool with stuff near 0 Hz, meaning it doesn't block low-frequency signals. But as the frequency goes up, the filter starts blocking it more and more. By 0.5 Hz, it's already cutting the signal in half.
· it's a low-pass filter because it lets the low frequencies pass and blocks the high ones. 


Section 2 of Part B
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Filter Effectiveness:
· Shorter filters (like when MMM = 5) let more of the high-pitched parts through, so the signal doesn’t get smoothed much.
· Longer filters (like when MMM = 25 or 35) do a better job of cutting out the high-pitched bits, so the signal comes out much smoother.
· When the high-pitched part (f2) gets higher, it’s easier for even short filters to block it, because it moves further into the part the filter is trying to get rid of.
· The best result happens when MMM is big and f2 is far away from f1 — this helps keep the low-pitched part nice and clear.


Task 4: Signal Analysis and Filtering in a Communication System
Part A
[image: ]
This is the MATLAB code that I have coded. This code will give me the original signal with ‘amplitude’ on the y axis and ‘number of samples’ on the x axis as shown on the figure below. This code will also give me the impulse which is also graphed on ‘amplitude’ on the y axis and ‘number of samples’ on the x axis.
This code will also give me the 7 sample numbers that are needed to make sure part B of this task is correct.
[image: ]
Looking at this figure is gives us the original signal of X which I will be using for all parts of this task.
[image: ]
Looking at this figure we can see that my code has worked correctly, we have the correct number of samples (which was set at 7) and in the command window of MATLAB we got given their values which will be needed for part B.



















Part B

[image: ]
This is the code that I made to complete part B of task 4, we can see on the code that all code was used for was to plot the low-pass filter output using the 7 numbers that part A gave us. Those numbers that were given to me when I ran part A are in the square brackets on line 13.

[image: ]

This graph above shows what I got as a low pass filter output. We can see that it has not let the higher frequencies through.


Part C

[image: ]

This code is like part A by giving us another 7 samples that can be used to complete task D.  As you can see in the code, I still plot the original signal to make sure everything works according to the task.

[image: ]
These are the results of the code I have written, as you can see, we got a new impulse response which gives us the correct values to use in section D of this task. This graph shows me what the amplitude is at any given sample number.
Part D

[image: ]

This code is like my code from part B but instead of a low pass filter it gives me a high pass filter, again like the others in the code we can see that this code plots the high pass filter graph and gives it a title, x axis and a y axis label.

Also I used the numbers that I got from part C to se in this section of code to make sure I get the correct results.

[image: ]
Here is the results that my code produced for me, we can see how unlike the low pass filter, the high pass filter lets me see the higher frequencies but not the lower ones. This means that the code is correct and everything else about it is correct.







































Conclusion 
This coursework gave me the opportunity to explore various aspects of digital signal processing (DSP) and mobile communication systems. I examined how TDMA and WCDMA work as key methods for managing multiple users on mobile networks, focusing on how they handle network capacity and interference. I then used MATLAB to work on real examples, dealing with problems like noise in audio signals and interference in biomedical data. I used Moving Average FIR filters to clean up the signals and tried out different filter lengths to see how they changed the results.   

Furthermore, the application of recursive filtering methods for both low-pass and high-pass processing revealed the critical role of difference equations in analysing and isolating frequency components. These activities not only reinforced theoretical principles but also underscored the importance of adaptable filtering techniques in engineering applications. Ultimately, the coursework illustrates the significance of DSP in enabling reliable, efficient, and high-quality signal management across diverse technological fields.
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>> n=0:99; % Sets n value between @ and 99
r=100; % Sets r value at 100
S=3%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'); % Gives the graph a title

% Plotting a randomised noise signal
noi=1.5%(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'); % Gives the graph a title

% 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'); % Gives the graph a title

% 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=filter(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

>>
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% Define parameters
f1 = 0.05; % Low-frequency component (Hz)
f2 = 0.47; % High-frequency component (Hz)
fs = 10; % Sampling frequency (Hz)
= 60; % Duration of the signal in seconds
t = 0:1/fs:T-1/fs; % Time vector
% Generate the composite signal
X = sin(2%pixflxt) + sin(kpixf2xt);
% Plot the original signal
figure;
subplot(3,1,1);
plot(t, x, 'k');
title('Original Signal (f1 + f2)');
xlabel('Time (s)');
ylabel('Amplitude');
% Define filter order (user-defined)
MMM = 25; % Example value, can be modified
% Create Moving Average FIR filter coefficients
b = (1/MMM) % ones(1, MMM); % Numerator coefficients
a=1; % Denominator for FIR
% Apply FIR filter to the signal
y = filter(b, a, x);
% Plot filtered signal
subplot(3,1,2);
plot(t, y, 'b');
title(['Filtered Signal with Moving Average Filter (MMM = ', num2str(MMM),
xlabel('Time (s)');

yl

abel('Amplitude');

;s
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% Plot frequency response of the filter

[H, f] = freqz(b, a, 1024, fs);

subplot(3,1,3);

plot(f, abs(H), 'r');

title('Magnitude Response of FIR Moving Average Filter');
xlabel('Frequency (Hz)');

ylabel(' [H(f)|");

xlim([0 fs/21);
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% Sampling parameters
fs = 10;
T .
t

0:1/fs:T-1/fs;

% Frequency combinations
fl = 0.05;
f2_values = [0.3, 0.4, 0.

% Filter lengths to test
MMM_values = [5, 15, 25,

% Create figure
figure;
plot_idx = 1;

for i = 1:length(f2_value
f2 = f2_values(i);

% Generate the signal
X = sin(2xpixflxt) +

for j =
MMM = MMM_values (
% Define filter c
b = (1/MMM) * one:
1

a

% Filter the sign
y = filter(b, a,

% Sampling frequency (Hz)
% Duration (s)
% Time vector

to test
% Low-frequency (Hz)
47]; % Different high-frequency values

351;

s)
% Select current high-frequency

sin(2xpixf2xt);

1:length(MMM_values)

j); % Current filter length
oefficients

s(1, MMM);

al
x);
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end

end

% Plot filtered signal

subplot(length(f2_values), length(MMM_values), plot_idx);

plot(t, y, 'b');

title(['f_2 = ', num2str(f2),
xlabel('Time (s)');
ylabel('Amplitude');

ylim([-2 2]1);

plot_idx = plot_idx + 1;

' Hz, MMM = ', num2str(MMM)]);
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kOrignal signal

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];

stem (x);

title('Orignal Signal (X)') % gives the graph a title
ylabel('Amplitude') % gives the y axis a label
xlabel('Number of samples') % gives the x axis a label

%sy[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]

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

N=7; % number of samples

h=impz(x,y,N); % impulse repsonse

figure; %plots on a seperate figure

stem(h,'g")

h

xlabel ('Number of samples');% gives the x axis a label
ylabel('Amplitude'); % gives the y axis a label
title('impulse response'); % gives the graph a title
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%0rignal signal
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];

stem (x);

title('Orignal Signal (X)') % gives the graph a title
ylabel('Amplitude') % gives the y axis a label
xlabel('Number of samples') % gives the x axis a label

figure;

h=[0.0130 0.0148 0.1623 0.5836 2.8887 12.8102 58.8255];
Y=filter(h,1,x); % filter command

stem(Y,'g")

title('Low Pass Output') % gives the graph a title
xlabel('Number Of Samples') % gives the x axis a label
ylabel('Amplitude') % gives the y axis a label
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%0rignal signal

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];

stem (x);

title('Orignal Signal (X)') % gives the graph a title
ylabel('Amplitude') % gives the y axis a label
xlabel('Number of samples') % gives the x axis a label

%y[n] = 2.7y[n-11-3.3y[n-2] +2.0y[n-3]-.57y[n-4] +0@.35x[n]-1.3x[n-1] +2.@0x[n-2]-1.3x[n-3] +0.35x[n-4]

x=[0.35 -1.3 2 -1.3 0.35]; % x coefficients
1 -2.7 3.3 -2 0.57]; % y coefficients

; % Number of Samples

h=impz(x,y,N); % impulse repsonse

figure; %plots on a seperate figure

stem(h,'g")

h

xlabel ('Number of samples') % gives the x axis a label
ylabel('Amplitude') % gives the y axis a label
title('impulse response') % gives the graph a title
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%0rignal signal
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];

stem (x);

title('Orignal Signal (X)') % gives the graph a title
ylabel('Amplitude') % gives the y axis a label
xlabel('Number of samples') % gives the x axis a label

figure;

h=[ 0.3500 -0.3550 -0.1135 0.2650 0.5307 0.5335 0.2841];
Y=filter(h,1,x); % Filter Command

stem(Y,'g")

title('High Pass Output') % gives the graph a title
xlabel('Number Of Samples') % gives the x axis a label
ylabel('Amplitude') % gives the y axis a label
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% wav_Soundreadding.m

% Generate and save sound files for five frequency inputs

clear all
close all
clc

newfilename = 'output.results.wav'; % gives a new filename

d=4.0; % wating time in s

[s,fs]=audioread('wav_Logan.wav'); % this is what my audio was named

fs; % display
t = (0:1length(s)-1)/fs;

figure(1)

w=length(t);

plot(t(1000:w-1),s(1000:w-1),'b")

grid

xlabel('time-secs') % gives the x axis a lablel

ylabel('signal value - volts') % gives the y axis a lablel
title('A Plot of a voice') % gives the graph a title

figure (2)

n = 5000; % plot part of the voice signal
plot(t(1:n),s(1:n))

xlabel('time') % gives the x axis a lablel
ylabel('s[n]') % gives the y axis a lablel

figure (3)

plot(t,s,'r")

grid

xlabel('time-secs') % gives the x axis a lablel

ylabel('signal value - volts') % gives the y axis a lablel
title('A Plot of a Simple of voice Signal') % gives the graph a title
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pause(d + 0.5);
p=Ffft(s);
L=1length(s);
p2=abs(p/L);
pl=p2(1:L/2+1);
k=fs*(0:(L/2))/L;

figure(4)

plot(k,pl)

plot(k(1:15000),p1(1:15000), 'b")

grid

xlabel('frequency (Hz)') % gives the x axis a lablel
ylabel('magnitude') % gives the y axis a lablel
title ('FFT of the Voice') % gives the graph a title

% eleiminate the first frequency (f3) from the signal

LCoffl = 1000/(fs/2); % low cutoff frequency

HCoffl =1600/(fs/2); %high cutoff frequency

ORD1=500; % order of FIR bandstop filter.

filtcoeffl=firl(ORD1, [LCoffl, HCoffll],'stop');% returns the filter coefficients

voicl=filter(filtcoeffl,1,s); % generate a new voice with only four frequencies
sound(voicl,fs);

% eleiminate the second frequency (f4) from the voice signal

LCoff2 = 2000/(fs/2); % low cutoff frequency

HCoff2 =2600/(fs/2); %high cutoff frequency

ORD2=500; % order of FIR bandstop filter.

filtcoeff2=firl(ORD2, [LCoff2, HCoff2],'stop'); % returns the filter coefficients

voic2=filter(filtcoeff2,1,voicl);
sound(voic2,fs); % generate a new voice with only three frequencies
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figure(5)
plot(t(1000:w-1),voic2 (1000:w-1),'r")

grid

xlabel('time-secs') % gives the x axis a lablel

ylabel('signal value - volts') % gives the y axis a lablel

title('A Plot of the new voice') % gives the graph a title
pause(d + 0.5); % waiting for sound end
figure(6)

L1=length(voic2);

magl=abs(fft(voic2));

kk=fs*((0:(L1-1))/L1);

plot(kk(1:15000),mag1(1:15000), 'r")

grid

xlabel('frequency (Hz)') % gives the x axis a lablel
ylabel('magnitude') % gives the y axis a lablel

title ('FFT of the newVoice') % gives the graph a title
% Save wav file to disk

audiowrite(newfilename,voic2,fs);




