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Take Home Final Exam
Step 1: Removing outliers
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For this step | sorted for outliers that were beyond a standard deviation of 2 sigmas for outliers,
and then replaced said value with the previous value, otherwise keeping the value in the array. |
tried deleting the value outright but that changed the distribution of the curve slightly, and
replacing said value with the mean would create noise in the graph, and interpolating between
the previous and next value could be problematic if the next value was also an outlier, so |
chose to use just the previous value as a compromise.

Step 2: removing noise
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For step 2 | used a lowpass filter with the standard IIR filter and butterworth topology since the
10000Hz frequency usually means that the peaks are every 100-200Hz, so limiting below
500Hz is the best strategy since 500Hz+ is where most of the noise is. 400Hz seemed like the
best strategy. | also tested out 300Hz but it didn’t change things that significantly. 20Hz
significantly altered the graph. This was a relatively simple step.



Step 3: Fourier Analysis
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For step 3 | used the FFT Spectral Measurements to conduct the Fourier Analysis, using Peak
Magnitude, Linear and Hanning Distance. One strange aberration | found was the DC spike at
-11, but this is expected for the data. This was a relatively simple step.
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Step 4 was relatively complicated. | used the Peak VI to extract the highest peaks in the fourier
series, limiting to only peaks above 1.5 in amplitude (I could have also limited to 2 and gotten
the same result) and bin width of 3, which gave the locations and the amplitudes. However, in
order to get the exact frequency, | had to multiply all the values in the locations array to get the
proper frequencies. Af = 10 just for reference.
Dt =.0001 (passed in)
Fs = 1/dt
f max=Fs/2
Af=f _max/ (Array_Size - 1)

4

After this, | computed the summation ymodel(t) = Y, AkCOS(Z‘ITfkt) using a for loop and a sine
k=1

wave offset by /2 to get the resultant signal representation of the wave, which was rather
inaccurate.

Step 5
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For step 5, | subtracted the waveform result from the signal and then calculated the RMS value

from said error to get the RMS error value or 4.84, which is pretty significant.




