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Part 1. Generate Signal 
 
The continuous periodic signal e(t) has sinusoidal components at 20, 50 and 

85Hz:  
 
 e(t) = cos(40πt + 30o) + sin(100πt + 140o) - cos(100πt + 140o) 
 
Sample the signal at 200Hz to obtain e(k). Plot one second of the sampled signal e(k), 
and its spectrum.  
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Part 2 – Simple IIR Filter Design 
 

Design a filter using the simple rules on filter pole-zero locations. Evaluate the 
resulting frequency plot. For each filter pass 10 seconds of e(k) through the filter and 
plot the last second of the resulting output and its spectrum. Filters must be within 
0.5db of the specifications. 
 Poles Zeros 
a. Low Pass Filter 0.1, 0.2 -0.3, -0.7 
b. High Pass Filter -0.2, -0.45 0.3, 0.7 
c. Notch -0.35, 0.35 +0.88j, -0.88j 
d. Band Pass Filter +0.73j, -0.73j 0.35, -0.35 
 
a) A 2-pole/2-zero low-pass filter with the 3-db cutoff at 30Hz 
 

 
 

For a low pass filter, real poles are closer to the point z=1 than real zeros. 
Near 0 degree point(positive real axis in the unit circle) on the z-plane is in a low 
frequency range and zeros tend to block signals and poles make them pass. From 
the spectra of the signal, 50Hz and 85Hz signals are reduced after passing through 
the LPF. 
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Bode plot and pole-zero plots from dfilter 
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b) A 2-pole/2-zero high-pass filter with the 3-db cutoff at 80Hz 
 

 
 
 For a high pass, the real zeros are closer to the point z=1 than the real poles. 
Therefore, the poles and zeros that were used for the low pass in the previous part 
are interchanged. From the spectra of the signal, the signals between 20Hz and 
50Hz are reduced due to the high pass filter with 3db cutoff at 80Hz. 
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Bode plot and pole-zero plots from dfilter 
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c) A 2-pole/2-zero notch filter a 20db gain reduction centered at 50Hz 
 

 
 
 For a notch filter(or a band stop filter), the complex zeros are closer to the unit 
circle than complex poles. The poles and zeros are selected so that this condition is 
met. From the spectra of the signal above, It is easily shown that the signal at 50Hz 
are highly reduced due to the notch filter with a 20db gain reduction centered at 50Hz. 
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Bode plot and pole-zero plots from dfilter 
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d) A 2-pole/2-zero band-pass filter with the 3-db pass band between 40Hz and 
60Hz 
 
 

 
 
 For a band pass filter, the complex poles are closer to the unit circle than 
complex zeros. Again, the poles and zeros are chosen in order to meet this condition. 
The bode diagram and the pole-zero diagram are plotted using dfilter function given. 
The plots are shown on the next page. 
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Bode plot and pole-zero plots from dfilter 
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Part 3 – Simple FIR Filter Design 
 
Design an equivalent FIR filter of the IIR filter 
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This will result in an FIR filter with n poles at z=0 and n zeros around(near) the unit 
circle. For n=2, 4, and 6, compute the poles and zeros of the FIR filters. Use dfilter to 
make the frequency response and pole-zero plots of the FIR filters. 
 

 See the next page for the plots.  
 
 
1) n=2 
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2) n=4 
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3) n=6 
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As the order N increases, the transition band gets smaller and thus it gets close to 
the ideal filter.  
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Part 4 - FIR Filter Design 
 Use fir1 to design a low-pass FIR filter with a cutoff frequency with 30Hz 
using the Hamming window. The filter should have the minimal order that reduces the 
mid- and high-frequency components of e(k) to less than 2% of their original 
magnitude. Make a plot of the frequency response of the FIR filter using bode and 
make another plot of the poles and zeros of the filter using pzmap. Pass 10 sec of 
e(k) through the filter and plot the last second of the resulting output signal and its 
spectrum. 
 

 With a couple of trial and error, the 14th order filter reduces the mid- and high-
frequency components of e(k) to less than 2% of the original magnitudes. The bode 
plot of the frequency response is shown below.  
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Plot of the poles and zeros of the filter 

 
 

Plot of the last second(9-10sec) of the output signal and spectrum 
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Part 5 - IIR Filter Design 
 Use butter to design a low-pass Butterworth filter with a cutoff freq of 30Hz. 
The filter should have the minimal order that reduces the mid- and high-freq 
components of e(k) to less than 2% of their original magnitude. Make a plot of the 
freq response of the IIR filter, and a separate plot of its poles and zeros. Pass 10 sec 
of e(k) through the filter and plot the last second of the resulting output signal and its 
spectrum. 
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Plot of the poles and zeros of the filter 

 
 

Plot of the last second(9-10sec) of the output signal and spectrum 
 

 17 



 
 
 With trial and error, the order or the filter was found to be the 6th in order to 
reduce the mid- and high-freq components of e(k) to less than 2% of their original 
magnitude as seen in the plot above.  
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Part 6 – Low Sampling Rate 
  Sample the continuous signal e(t) of Part 1 at 100Hz. Plot the sampled signal 
e(k) and its spectrum. Comment on your results. 
 

 
 

Since the signal was sampled at less than the Nyquist sampling rate(2*85Hz), 
we have aliasing. When the signal was sampled at 200Hz(Part 1), there were 
impulses at 20, 50, 85, 115 and 180Hz. Since aliasing occurred, the first set of the 
three impulses are overlapped with the second set of the three. Now we have 
impulses at 15, 20 50, 80 and 85Hz. This corresponds to the spectra of the signal 
above. 
 
 

 
 

 

 19 



 
Part 7 – Filtering of a Sound Track 
 
The purpose of Part 7 is to design a low-pass filter and apply it to the sound clip file 
“HC.mat”.  I first proceeded to load the file into MATLAB using the following 
command: 
>> load HC.mat 
 
This loads the vector y and the variable fs into the workspace. To play and hear the file, 
the MATLAB command “sound” takes in the argument y and the sampling frequency, fs, 
as shown below (where fs is the sampling frequency, 11025 Hz): 
>> sound(y,fs) 
 
After listening to the clip the first time, I noticed the sound came out distorted.  The 
reason why it sounded distorted is because the command “sound” assumes the values in 
the vector y are between -1 and 1 in magnitude.  Supposedly, all values outside this 
ranged get clipped and ignored. The problem is the vector y in its current form contains 
magnitudes ranging from -85.8450 to 78.0048 in magnitude.  I executed the commands 
“max(y)” and “min(y)” to verify this: 
 
>> max(y) 
 
ans = 
 
   78.0048 
 
>> min(y) 
 
ans = 
 
  -85.8450 
 
The solution then is to normalize all the values in the vector y to make them between -1 
and 1 in magnitude for the “sound” command to work correctly. This is done by 
multiplying the inverse of the absolute maximum value in the vector to the entire vector 
y, as shown below: 
 
>> y=(1/85.8450)*y; 
 
I executed the sound clip again with the new values in the vector y and it actually sounds 
like a song except there is a high frequency noise in the background that we have to get 
rid of. 
 
Now that the values are normalized correctly in the file, I proceed to plot the current 
signal and its spectra of the first second in Fig. 28. The MATLAB code is included in the 
Appendix. 



 

 
Fig. 28 

 
 
A magnified portion of the spectrum in the high frequency range between 3000 Hz and 
5000 Hz is shown in Fig. 29 in better detail in order to try and find the source of the 
corrupting noise. 

 
Fig. 29 

 
At first impression, Fig. 29 shows some “out of place” magnitudes between 3500 Hz and 
4500 Hz.   



I choose to design a IIR Butterworth filter over a FIR filter because the Butterworth filter  
does not suffer from large ripples in the stop band portion as does the FIR filter 
Hamming.  After some trial and error, I found the cutoff frequency of the Butterworth 
filter to be 4300 Hz at order of n=10.  Any cutoff frequencies below 4300 Hz start to 
degrade the high frequency sounding instruments in the song. In terms of the design of 
the filter, any order above 10 causes small ripples to appear at end frequencies that 
magnify as the order increases. An order below 10 causes the cutoff slope to decrease 
which degrades the desired effect of the low pass filter. I found these experimented 
parameters to be a good tradeoff.   
 
Fig. 30 shows the filtered signal and its spectrum: 
 

 
Fig. 30 

 
  
 
 
 
 
 
 
 
 
 



Fig. 31 shows a magnified portion of the spectrum: 
 

 
Fig. 31 

 
The effect of the filtering in Fig. 31 is clearly seen in the frequencies 4300 Hz and above 
as compared to Fig. 29. 
 

 
Fig. 32 

 
 



 
Fig. 33 

 
Fig. 32 and Fig. 33 show the bode plot and pole-zero of the 10th order Butterworth filter 
with cutoff frequency at 4300 Hz.   
 
The filtered song was saved as “FilteredHC.mat” and can be played in MATLAB as 
follows: 
 
load FilteredHC.mat 
sound(y,fs) 

 
 
 
 
 
 
 

 
 

 
 



APPENDIX 
 
% Part 7 
load HC.mat 
y=(1/(abs(min(y))))*y; 
% y is length 47934 and fs is 11025 Hz 
sound(y,fs) 
T = 1/fs; 
% The vector y contains 47934 numbers in the array 
% 47934/11025 is equal to 4.34775 seconds (length of the song) 
% I adjust the the length of t accordingly 
t = [0:T:4.34775]; 
ek=y; 
 
% Butterworth Filter Design 
order=10; 
cutoff=4300; 
wn=cutoff/(0.5*11025); 
[num,den]=butter(order,wn); 
gbutt=tf(num,den,T); 
figure(1) 
bode(gbutt); 
figure(2) 
pzmap(gbutt) 
 
ef=lsim(gbutt,ek,t); 
%I play the filtered signal 
sound(ef,fs) 
figure(3) 
 
subplot(2,1,1), plot(t,ef) 
XLIM([0 1]) 
hold on, plot(t,ef,'o'), hold off 
grid 
xlabel('Time (sec)') 
ylabel('Amplitude') 
title('Signal') 
 
Ef = fft(ef); 
% I adjust the lenght of ff acordingly as well 
ff = [0:1/T/length(ef):(1.0-T)/T+4/5]; 
subplot(2,2,3) 
stem(ff,abs(Ef)) 
xlabel('Frequency (Hz)') 
ylabel('Magnitude') 
title('Spectrum of the Signal') 



grid 
subplot(2,2,4) 
ph_Ef = angle(Ef)*180/pi; 
for i = 1:length(Ef) 
  if abs(Ef(i)) < 1e-8 
    ph_Ef(i) = 0; 
  end 
end 
stem(ff,ph_Ef) 
xlabel('Frequency (Hz)') 
ylabel('Phase (deg)') 
title('Spectrum of the Signal') 
grid 
 
% saves the filtered song on to the file "FitleredHC.mat" 
y=ef; 
save FilteredHC.mat y fs; 


