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Question 1:

Figure 1:Question 1 matlab code
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Figure 2:Frequency response

Question 2:
-3dB location from left is 0.296845 and -3dB location from right is 0.303351072. The bandwidth is
0.006506072 radians/sample or 45Hz.
`-3dB left
`-3dB
right
difference
Question 3:

Rad/sample Hz
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0.303351
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0.006506
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Magnitude (dB)
Phase (degrees)
Figure 3: Frequency response with r =.5
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Figure 4:Frequency response with r=0.1

The r value can’t be greater than 1 because the zeroes would then be placed outside of the unit circle
causing instability of system. When the r value is reduced from 0.99 the bandwidth of the notch filter
increases. The change in r value also changes the value of the “a” coefficient.

Question 4:
% Question 4, seeing frequency response and spectrum of given audio file
close all
clear all
[Y,FS] =audioread("Barsan.wav")
sound(Y,FS)
freqz(Y,FS);
N = length(Y)
t = (0:(N-1)) * (1/FS);
fft(Y,FS)
figure;
plot(t, Y);
title("FFt")
y = fftshift(fft(Y));
k = [-N/2:(N/2-1)];
% DFT indices
dOmega = 2*pi/N;
% DFT resolution
Omega = k * dOmega;
% discrete frequency in radians

f = Omega*FS/(2*pi);
% continuous frequency in Hz
df = FS/N;
%% Spectrum plot of signals
figure;
plot(f, 20*log10(abs(y)));
title("Spectrum plot ")
xlabel('frequency (Hz)');
ylabel('Magnitude (dB)');

Spectrum plot

100
80
60
40
20
0
-20
-40
-60
-2.5

-2

-1.5

-1

-0.5

0

0.5

frequency (Hz)
Figure 5:Spectrum plot, question 4
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Figure 6:Freqz of audio signal

Figure 7:FFT of audio signal for question 4
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Figure 8:close up of spectrum plot

Frequencies of interfering tones as seen from spectrum plot: 594.45Hz, 1380.15Hz or 94.6097 rad/s and
219.6577 rad/s
Question 5:
Filter for 594.45Hz
%Filter1
format long
f0=594.45
fs=48000
x= 2*pi*(f0/fs)
y1=.3*pi
r = 0.998;
b = [ 1 -2*cos(x) 1]
a = [1 -2*r*cos(x) r^2]
figure, freqz(b,a)
figure
subplot(3,1,1), zplane(b,a)
z = roots(b);
p = roots(a);
zplane(z,p)
b2 = poly(z);
a2 = poly(p);
subplot(3,1,2), impz(b,a)
subplot(3,1,3), stepz(b,a)

Figure 9: Freqz of filter 1

Figure 10: Z-Plane of filter 1
Table 1:Bandwidth of filter 1

`-.879dbleft
`-.234 right
difference

0.023438 164.5016
0.027344 191.9188
0.003906 27.41728

Filter 2 for 1380.15Hz
%filter2
format long
x1= 2*pi*(1380.15/48000)
r = 0.992;
b = [ 1 -2*cos(x1) 1]
a = [1 -2*r*cos(x1) r^2]
figure, freqz(b,a)
figure
subplot(3,1,1), zplane(b,a)
z = roots(b);
p = roots(a);
zplane(z,p)
b2 = poly(z);
a2 = poly(p);
subplot(3,1,2), impz(b,a)
subplot(3,1,3), stepz(b,a)
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Figure 11: Freqz of filter 2

Figure 12: Z-plane of filter 2
Table 2: Filter 2 bandwidth

rad/samples Hz
`-2.53974
0.054688
383.837
`-2.25474
0.060547 424.9625
difference
0.005859 41.12556
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80

60

40

20

0

-20

-40

-60

-80

-100
-2.5

-2

-1.5

-1

-0.5

0

frequency (Hz)

Figure 13: Spectrum plot after filter

close all
clear all
%Question 5
f0=594.45
fs=44100
x= 2*pi*(f0/fs)
r = 0.99;
G = 1;
b = G * [ 1 -2*cos(x) 1]
a = [1 -2*r*cos(x) r^2]
figure, freqz(b,a)
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figure
subplot(3,1,1), zplane(b,a)
z = roots(b);
p = roots(a);
zplane(z,p)
b2 = poly(z);
a2 = poly(p);
subplot(3,1,2), impz(b,a)
subplot(3,1,3), stepz(b,a)
x1= 2*pi*(1380.15/44100)
r1 = 0.99;
b1 = [ 1 -2*cos(x1) 1]
a1 = [1 -2*r*cos(x1) r1^2]
[Y,FS] =audioread("Barsan.wav")
%sound(Y,FS);
freqz(Y,FS);
FS
N = length(Y)
t = (0:(N-1)) * (1/FS);
fft(Y,FS)
figure;
plot(t, Y);
title("FFt")
y = fftshift(fft(Y));
k = [-N/2:(N/2-1)];
% DFT indices
dOmega = 2*pi/N;
% DFT resolution
Omega = k * dOmega;
% discrete frequency in radians
f = Omega*FS/(2*pi);
% continuous frequency in Hz
df = FS/N;
%% Spectrum plot of signals
figure;
plot(f, 20*log10(abs(y)));
title("Spectrum plot ")
xlabel('frequency (Hz)');
ylabel('Magnitude (dB)');
y2 = filter(b,a,Y);
y3 = filter(b1,a1,y2)
freqz(y3,FS);
N = length(y3)
t = (0:(N-1)) * (1/FS);
fft(y3,FS)
figure;
plot(t, y3);
title("FFt")
Y3 = fftshift(fft(y3));
k = [-N/2:(N/2-1)];
% DFT indices
dOmega = 2*pi/N;
% DFT resolution
Omega = k * dOmega;
% discrete frequency in radians
f = Omega*FS/(2*pi);
% continuous frequency in Hz
df = FS/N;

%% Spectrum plot of modified signal without the tones
figure;
plot(f, 20*log10(abs(Y3)));
title("Spectrum plot ")
xlabel('frequency (Hz)');
ylabel('Magnitude (dB)');

Question 6:

Figure 14:Keil Implementation

The Keil implementation involved passing the audio in left channel into an array of “x” and then have
the output of the left channel be the difference equation. After we output the signal, we move the x and
y values into the next buffer variable to simulate a time shift for the next calculation. Since we have two

filters, we just have the input of the second filter be the output of the first filter and do the same thing
as the first filter

Question 7:
Table 3: Filter 1 Bandwidth and Center Frequency

Bandwidth (Hz)
Center (Hz)

Simulated
44.309
594.000

Measured Difference
28.843
15.466
591.070
2.930

Table 4: Filter 2 Bandwidth and Center Frequency

Bandwidth (Hz)
Center (Hz)

Simulated
45.526
1380.000

Measured Difference
28.655
16.871
1375.200 4.800

Figure 15:Bandwidth Filter 1 Network Analyzer f0 of 594hz

Figure 16:Bandwidth of filter 2 Network analyzer of f0 of 1380hz

Question 8:
The filter works. The right channel plays the Barsan.wav audio without the notch filter, the left channel
uses the notch filter and removes the two tones. However, out lab group was using headphones for this
test and with the headphones placed over both ears it seems as though the left audio channel still lets
some of the tones through.
Question 9:
The tones removed from the left audio channel are visible on the right channel.

Figure 17:Spectrum Analyzer of Right(blue) and Left (orange)channel

