Digital Signal Processing Applications EE482/682: Spring 24
Homework #2
Due M 2/05

You must turn in your code as well as output files. Please generate a report that contains the code
and output in a single readable format.

Visit the book website to download companion software, including all the example problems.
http://www.wiley.com/WileyCDA/WileyTitle/productCd-1118414322.html

1. (KLT 3.1)
Solution
The 3 dB bandwidth is when power is 1/2, or gain is 1/ V2. Therefore,

201ogo(|H(w)[) = 3

1
H(w)|=—=1/=]1+cosw
|H (w)] 7 [ ]
cosw =10

T
WBdBIE

Since the sampling frequency fs = 8 kHz, the bandwidth is f3 = wsfs/2m = 2kHz.

2. (KLT 3.5)
Solution
y(n) = z(n) + z(n — L)
Y(2) = X(2) + 271X (2)
Y(2) L
H(z) = =1
(2) X() +z
The zeros are located at 2z = —1. This has L equally spaced zeros on the unit circle
=T, 1=0,1,..,L—1.

The resulting comb filter for L = 8 has notches shifted by 7 /8 or 0.125 in normalized frequency.
See Fig. (1| for the pole/zero locations and the magnitude and phase plots.
3. (KLT 3.9)
Use subplot (1,3, .) to create a single Figure for (a) and (b).
Solution

See Fig. [2| for the pole/zero, magnitude, and phase plot. In order to plot the phase you need
to use unwrap.m to take care of jumps that arise from the arctan function.



http://www.wiley.com/WileyCDA/WileyTitle/productCd-1118414322.html
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Figure 1: KLT 3.5
- 0
[¢]
L -100
e]
05 o le] 200}
¥ % §—3oo—
g o o x10 o 3 S
g ;? g -400F
-05 [e] o -500(-
o]
-1 -600
[¢]
. . . : -700 .
-15 -1 -0.5 0 0.5 1 15 0 0.2 0.4 0.6 0.8 1 0 0.2 0.4 0.6 0.8
Real Part Normalized Frequency [xmrad/sample] Normalized Frequency [xmrad/sample]
(a) 3.9(a) Pole/zero (b) 3.9(a) Magnitude (c) 3.9(a) Phase
0
o
1 -1001
(e]
-200F
0.5 o o
E E g -300[
> © 5
g o o x10 o 3 £ —400
=) c @
g 2 8
£ 2 & -500F
~05 o o
-600
(o]
-1 ~700F
. : . . . : . -800 .
-15 -1 -05 0 05 1 15 0.2 0.4 0.6 0.8 0 0.2 0.4 0.6 0.8
Real Part Normalized Frequency [xmtrad/sample] Normalized Frequency [xmrad/sample]
(d) 3.9(b) Pole/zero (e) 3.9(b) Magnitude (f) 3.9(b) Phase

Figure 2: KLT 3.9

4. (KLT 3.11)
Notice the typo, the filter length should be L = 2M + 1.
Solution

There are various ways to attack this problem. Notice that a high pass filter is equivalent to
a low pass filter that has been shifted by 7 radians.

1 |w| > we

Hpp(w) = Hip(w —m) =
0 else
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This requires you to design a LP filter with bandwidth of m# — w. to match the HP bandwidth
after shifting. Therefore in this problem, design a LP filter with cutoff w, = 0.47 and shift
the resulting system to get the HP filter.

Shifting in the frequency domain results in multiplication in the time domain

) - sinwen
h =el™h =™,
hp(n) € lp(n) € .
The resulting FIR filter is obtained by truncating and shifting the results by M to get a

causal system

h(n) = hpp(n — M), n=0,1,...,L -1
_ gin(n=M) sinwe (n — M)
w(n— M)

The resulting filters for M = 32 and M = 64 is presented in Fig. [3| Notice the ringing is less
for the larger filter and that the phase is linear in the passband of the filter.
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Figure 3: KLT 3.11

5. (KLT 3.12)
Solution

Using the windows smooths the frequency response to remove the rippling. The Blackman
window does more smoothing. See Fig. [ for comparison between the different windowing
schemes. Notice that the more samples results in sharper transition at cuttoff frequency and
larger slope in phase, and greater time delay.
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Figure 4: KLT 3.12: (a)-(b) M =32, (¢)-(d) M = 64
6. (KLT 3.13)
Solution

This problem can be approached similarly to (3.11). The bandpass filter should be 1 minus
a LP filter and a HP filter. The results using Matlab are shown in Fig. 5] Notice again that
the windows affect the ripple and that the phase is linear within the passband of the filter.
You can compute the number of samples using the impulse response length of 50 ms.

7. (KLT 3.21)
Compare the resulting sounds using soundsc.m.

Solution

The resampling procedure changes the speech sound. There isn’t a noticeable difference
between the original 16 kHz and 12kHz. As the sample frequency gets smaller, the speech
gets more distorted by losing high frequency components. It sounds like the speech is coming
from within a can with a hallow sound.
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Figure 5: KLT 3.13

s = load(‘TIMIT_4.ASC’);
fs = 16000;

%play sound
soundsc(s, fs);

for fp = [12000, 5000, 3000]
x = fp/fs;
[n,d]=rat(x);
ss = resample(s, n, d4);
soundsc(ss, fp)

end




