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Task 1
Identification and removing a corrupting tone.
This task is to identify a corrupting tone in an audio file and design a filter that can remove the tone without loosing too much of the original content. The audio file that has been supplied is in a wav format and is called ToneIan.wav and referred to in the text as wav file. 
Identification of the corrupting tone.
To identify the corrupting tone within the audio file, the wav file will be loaded into suitable computer software that is able to convert the contents of the file from time domain to its frequency domain and be able to display this on a suitable graph for analysis. The software package that will be used to do this is MATLAB. This software has a Fast Fourier Transform function FFT that can find frequency components buried in noise. The FFT function should be suitable to find a corrupting tone buried in a audio file. 
Below is a screen shot of the MATLAB editing suit with the coding that will take the wav file and converts it from its time domain to its frequency domain.
[image: ]
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The MATLAB Coding to identify the corrupting tone.
The first line is just to clear the command window. 
Line two is to specify the directory where the wav file is stored. 
Line three specifies the wav file to be loaded to loaded. 
Line four specifies that the wav file be the subject of the FFT function. 
The lines five to seven set out the establish the length power and frequency. 
Lines eight to ten command the plotting of a function in a graph with labelled axis. 
Line eleven command the wav file contents to be played through the speakers when the program is run.

[image: ]
Above displays the wav file in its frequency domain.
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Now the same graph has been enlarged to help identify the corrupting tone.
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Again, the graph has been zoomed in to show a possible indication of a corrupting tone.
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Zooming in again to identify the corrupting tone.
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The corrupting tone has been identified. The tone has a frequency of 1100. 

Designing the Filter that will remove the corrupting tone.
Now that the frequency of the corrupting tone has been identified as 1100, a filter can be designed to block out this certain frequency when the wav file is run, hence removing the corrupting tone. The amount of audio file that will be filtered or removed will be determined by the width or range from the low to high cut off frequency parameters, a wide transition band will ensure that the corrupting signal is removed but also this will remove a lot of audio. The smaller the transition band the sharper the more taps that are require so in theory the more cost to produce and the filter will increase in its latency.
[image: ]
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How the coding for the filter was written.
Setting the filters width and the transition bands 
Lines fourteen and fifteen labels the upper and lower range of the stop band 15Hz either side of the corrupting 1100 frequency. 
Line sixteen labels and values the transition band to be a value of 5, this will be 5 on both sides.

Normalising the frequency values 
The values that are used in MATLAB must be normalised in Hz so the calculation can be carried out. The Nyquist frequency must be calculated and then the High cut, Low cut and Tband must be divided by the Nyquist frequency.
Line 18 determines the Nyquist frequency (fn). Its calculated by sampling frequency (fs) divided by 2.
Lines nineteen to twenty-one have been normalised by dividing their labels such as HighCut by the Nyquist rate (fn).
Calculating number of taps
Using the Hamming window function Transition Width (Hz) (normalised) 3.3/N. 
Line 23 calculates the number or taps required by dividing 3.3 by the normalised transition band.
The number of taps needs to be even.
Line 24 sets the label N1 this that is a simple calculation, the (number of tapsrequried)  divided by two, the result will be rounded to the nearest integer by the addition of the function (round).
Line 25 sets a new label ‘NumTaps’ and sets it value to be the value of  N1 multiplied by 2 so the number of taps will always be even.
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Line 26 puts a pause (stop execution) in the program, so when it is run, first the unfiltered wav file will play then pause until the user presses any key and then the wav file will play again this time with the filter added. This is for the user to hear the wav file before and after the filter is added.
Line 27 is the construction of the FIR filter named Ianfilter using the parameters and values set out in lines 18 to 25. The fir1 function is used, this is a Hamming window function that allows the user to put in the normalised values for number of taps and the normalised high and low cut-offs. 



Analysing the filters effectiveness.
Firstly, the file will be played with the filter added. This is done with the code in lines 28 to 29.
Line 28 is where the new filter and the tone file are put together so after the pause the file will run with the addition of a filter to remove the corrupting tone.

Line 29 plays the file and sends the output to the audio speakers for the user to hear. The file filteredfile consists of the tonefile with the additional filter Ianfilter. When this is played the corrupting tone is removed.
Secondly, the new file filteredfile will need to be viewed in its frequency Domaine to verify if the filter has removed the corrupting tone. This is done as before using the FFT function in lines 31 to 37 but this time with the new file called filtered file.
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Below is the original before the corrupting tone was removed with a filter.
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Below is the filteredfile put through the fs function and displayed in the frequency domain. It can be seen that the corrupting tone has now been removed.
[image: ]

Analysis.
When the file filteredfile is played the filter removes the corrupting tone and the original speech content can still be clearly understood. When the file filteredfile is viewed in the frequency domain the corrupting tone spike that was at 1100Hz frequency has been removed.



Task 2
GSM stand for Global system for mobiles, before GSM there were TACS mobiles that were analogue which has frequency allocated channels for each speech channel around 25KHz wide frequency modulated waveform. This meant that each call was on a different frequency. However, with the introduction of GSM things were done differently due to the increasing number of people using mobile phones more channels were required so an idea of Time Division Multiple Access TDMA was introduced as the second generation for mobile communications.  TDMA work by having several frequencies that are divided into several time slots e.g. 10 per channel. When a call is made the system allocates two time slots, one time slot to the caller, say time slot number 3 and another time slot say 7 for the receiver, both the time slots are on the same frequency but different slices of time. The speech is split in to milli second parts they are then processed into Huffman coding that does not convert all the audio information it predicts some as this work method only need to send the minimum amount to reproduce an adequate quality. (Technology, 2018)
[image: ]
 The system uses discontinues transmitting so it only transmits when speech is present, this helps free up the channel greatly. This also improves the battery life since it only transmits portions of the conversation. However, a disadvantage to TDMA is that because the user is a predefined time slot if they move to another cell and the and that time slot is full, they can be disconnected. The cellular network is designed to increases the number of users that the cell network provider can handle at any given time, but it can still runout of capacity in areas that are highly populated such as town and cities. To increase capacity more cells, must be located in areas. The network providers only have a set number of frequencies dictated by their licence agreement. The answer is to reuse their frequencies so instead of having just one cell to cover a area of high demand such as a city the cells split to make two, three of five cells in those areas. Also, in areas where there is tall building of hills the layout of the cells must be planned carefully with carefully placed base stations to continue coverage and lesson black spots.

The drawing below illustrates the cellular network where a greater number of cells in areas of high demand so more conversation can be had in those areas.
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The drawing below shows the planning of a cellular network. Out in the countryside there is coverage but little capacity because it is not required due to little usage. The closer to the city the smaller the cells become thus reusing the frequencies due to the high capacity that is required in densely populated areas.

[image: ]
How GSM TDMA systems manage interference.
[bookmark: _Hlk9973360]GSM (TDMA) systems using frequency hopping, power control, and discontinuous transmissions
Frequency hopping or  spread spectrum (FHSS) is a method of transmitting radio signals by rapidly switching a carrier among many frequency channels, using a pseudorandom sequence known to both transmitter and receiver. It is used as a multiple access method in the code division multiple access (CDMA) scheme frequency-hopping code division multiple access (FH-CDMA). Each available frequency band is divided into sub-frequencies. Signals rapidly change ("hop") among these in a predetermined order. Interference at a specific frequency will only affect the signal during that short interval.
Power control the closer the user is to a base station the less power the transmitter user to send the signal and vice versa, this helps reduce. This is done bust by bust so is controlled dynamically. 
Discontinuous transmissions the system only transmits when speech is present, this helps free up the channel greatly cut down on interference.






UMTS (Universal Mobile Telecommunications System)
The UMTS is the third-generation mobile network 3G. The system was developed and maintained by third group partnership project 3GPP which is a standardised organisation that works towards a global system to provide higher dater rates up to and higher than 2Mbps. This system has more emphasis on higher date rates to support digitized voice and multimedia. Also, this service offers the user these services wherever they go in the world via a roaming service. (B.V., 2019)
Wide Band Code Division Multiple Access WCDMA is a radio access technology for the UMTS. WCDMA requires new handset from the previous 2G network. CDMA allows many users to access the same frequency channel at the same time. (B.V, 2019)
To explain how this technology can increase the number of users or information can share the same frequency or channel at the same time. Take the scenario that there are three users sending three different pieces of data and there the data in on the same frequency at the same time. CDMA works by giving each user a unique code (Spread Code) to go with their date.
E.G. 
Part 1 every user will be given a different spreading code that is unique to them, there date will be combined with the spread code one bit at a time. An exclusive Or is then used to derive a spread message.  
                                  User 1                       User 2                               User 3
Data                             00                               10                                      11
Spread Code               0101                           0011                                  0000
Code                            0101 0101                  0011 0011                         0000 0000   
Data                             0000 0000                 1111 0000                          1111 1111
X-OR                           0101 0101                 1100 0011                          1111 1111
Spread message           01010101                  11000011                           11111111  









Part 2. Next the spread messages are used produce waveforms. 
[image: ]
Part 3. All three waveforms are combined to produce a single composite waveform. 

[image: ]
Part 4. So now there is a composite waveform made up from the data of the three users that are all on the same channel or frequency. The data has been coded and can be stored or sent. The next step would be to decode the data off each user to retrieve their original data.
The process of decoding the data is the same for each user. For example, the data from User 1 data is decoded by using their code (01010101) to create a waveform where 0=1v and 1=-1v. 
[image: ]
If each wave forms are split into 8 parts left to right and the multiples of the two wave form voltages are calculated, we get.
                       1         2          3           4          5          6          7           8 
                     -1x1    -3x-1   1x1    -1x-1      1x1    -1x-1      -1x1    -3x-1
Results           -1        3          1           1          1          1         -1           3     (Volts)
Then the first 4 values are taken (-1 ,3 ,1, 1) and then the second 4 (1,1,-1,3)
With the first 4 the average value is calculated -1 +3 +1 +1=4   4/4=1 Volt.
Again, the second 4 values the average is calculated 1+1+ -1+3=4   4/4=1Volt
The voltage values that made the were 0=1v and 1=-1v so the two values that have been calculated are 1 volt and 1 volt that translate to 0 and 0. 00 was the original data that user one was sending. This is the foundation idea behind WCDMA and how many users can be on the same channel or frequency and the same time. This offers more airspace than TDMA and better hand over between base stations when moving from one to another.

With WCDMA, interference is produced by different factors such as thermal noise, intra cell traffic, traffic in adjacent cells and external traffic. In addition, the increase in number of users in a cell consequently increases the total interference in the network. 
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