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Introduction
As a class we were each given a unique audio file which contained a short passage of speech that had been corrupted with an audio tone.  We had to determine the frequency of the corrupting tone and device a filter that would remove the tone without losing too much of the original speech. Below are screenshots of my coding and a description of the different functions.
Matlab Program Analysis. 
The first step was to download the audio file onto Matlab and write a code that would allow the corrupted file to play. 
On line 3 I wrote the code that would load my audio file - “[J,fs] = audioread('ToneJordan.wav');” TonneJordan.wav was the file name of the corrupted tone.

[image: ]
In order to find the interfering signal I needed to change the tone from the time domain to the frequency domain. I did this as the error code will show as a frequency when I create a graph. On line 8, 9 & 10 I wrote the code to create a graph, including the x axis label being ‘Frequency’ and the y axis label being ‘Power’.
[image: ][image: ]
The above graph shows the frequency of my tone and the suspected error tone. The error code is clearly visible because of the abnormal spike on the graph. I needed to create a filter to filter out the error tone, the tone can then be played again to find out if the error tone was removed.




In order to inspect the error tone, I need to look closer at the spike.
[image: ]
Above is a zoomed in shot of the bottom of the spike which I believe is the error tone. The centre of the spike is 1000hz but it begins at 999.82 and ends at 1000.08. I will need to design my filter around these frequencies.  
Creating the filter:
A filter is needed to remove the suspected error tone. There are a few things to consider when creating the filter, if the filter is too big then too much of the tone will be removed and this will affect the quality of the tone. If the filter is very sharp then it will require a larger amount of taps which increase the cost and increase latency.  The transition band width determines the sharpness of the filter. A smaller width will create a sharper filter. 
[image: ]	Transition Band

I calculated the number of taps required by dividing the normalised transition band by 3.3. This number is determined by the transition band width and can be found in a hamming code table.
The Nyquist Frequency is the minimum sample rate. This is calculated by halving the sampling frequency.  The flowcut is the frequency where the filter begins and the fhighcut is the higher frequency where the filter ends. Matlab requires the transition band, low & high cut frequencies need to be normalised into Hz. This is calculated by dividing the flowcut value by the Nyquist Frequency (shown on line 21).
[image: ]
The next step was to input the details to create a graph again. This time the suspected error code should be removed. 
Conclusion
[image: ][image: ]
The image on the left is my new tone and the image on the right is the original tone and error tone.                    It is visible to see the suspected error tone is no longer showing on the graph. This shows the filter worked correctly in removing what I thought was the error code. The tone was then played to test the quality of the sound and the check the error tone had been removed.
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