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for review, it will help your learning if you try the
blank exam before reviewing these answers.

May use 8%” x 11” note sheet and calculator for trig functions, etc.

Good luck!
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Typewritten Text
For review, it will help your learning if you try the blank exam before reviewing these answers.
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w is the digital frequency, which is how many radians a sinusoid moves between samples.
The DTFT is defined as X (/) = Yo x(n)e /@™
X(e/@+m) = x(eiw)
o Forreal signals X(e™/®) = .X*(ej“’).
o The DTFT of a delayed signal, y(n — k), is e /@Ky (e/®).
e 7lrepresents a sample delay
e The bilinear transformis s = 2]‘52—;—1

o Itresultsin frequency warping: £ = 2f; tan (%), where Qs in rad/s

wy gets a positive exponent in the forward DFT.
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1. (5 points) Sketch the 5-component general DSP system diagram.

2. (3 points) What is the purpose of an anti-aliasing filter? @ o hWW a lmg)’\?
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3. (6 points) A signal with continual, sinusoidal components at 3 kHz and 6 kHz is sampled at 10 kHz.

Sketch the magnitude spectrum from -20 kHz to 20 kHz. The 3 kHz 5|gnal has greater energy.
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4. (6 points) For each of the following propertles give an example of a system equation (y(n) =
f(x(n))) that satisfie and exdctly of the other 2 properties.
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Rectangle

durant
Sticky Note
The "baseband" is +/- fs/2. Note how the 6 kHz signal is aliased, due to sampling to 4 kHz in the baseband.  4k comes from n*fs-f = 1*10k-6k = 4k.

durant
Sticky Note
Of course, there are tons of possible answers for this question. A correct answer for any part is also a correct answer for exactly 1 of the other 2 parts due to the way this is worded. Be careful of the double negative -- "not non-linear" means "linear".
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5. (4 points) Write the non-0 portion of the sequence resulting from x(n) = (13-) (u?l;1+1) u(n-3))

Clearly indicate the n=0 position in your sequence.
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(4 points) Calculate the discrete-time Fourier transform (DTFT) of the x(n) you calculated above
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7. (5 points) Calculate the convolution [531] [547] ShOWYOUr\/ﬁOr i _-q_ k:O
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Sticky Note
When presented this way, the k=0 row in the table contains the contributions due to x(0) at various times.  It's also possible to use the h(k)x(n-k) form, which arranges the table with k=0 being all the instantaneous responses, k=1 being all the responses delayed by 1 sample (since h(k)=h(1)), etc. You'll get the same result either way.
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8. (5 points) Compare and contrast non-recursive and recursive filters. Why might one be desirable

over the other and vice versa? Cal"pu/e : /307‘74 LTI /;v\P/Q (T Cn 7‘4 fwnj
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9. (10 points) Explain the relationship between the z-transform, the DTFT, and the DFT. illustrate the
relationship and difference using a sketch ofthe complex plane. Ad ress ';;jsues of transient and

steady state response. dk to ISGﬂgf A ﬁrMS df 6' /la
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Given the difference equation y(n) = 0.75 y(n-1) — 0.5 x(n)

10. (5 points) Take the DTFT of both sides of the equation and solve for the transfer function H(e/%) =
Y(e/®)
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11. (3 points) Let fs = 1000 Hz, f; = 150 Hz. Calculate the digital frequency, ws, for fi.
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12. (6 points) Evaluate H[ej‘“’) at w; and explain what it tells you about the system response.
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13. (4 points) Determine the z-transform of the transfer function, H(z), of this system.

poo H/0

14. (5 point) Based on your H(z), determine an X(z) and the corresponding x(n) such that x(n) is a
shortest possible non-zero signal that drives the system output y(n) to O by n = 1. Hint: The pole of
H(z) causes the system to decay over time; you need to pick an input that cancels it.
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Sticky Note
Check in MATLAB: freqz(-0.5,[1 -0.75],[],1000)

durant
Sticky Note
Try this in MATLAB. Pass a long enough x to filter() to confirm that you get exact cancellation:
b = -0.5;
a = [1 -.75];
x = a; % ! See problem 14
y = filter(b,a,[x zeros(1,4)])


15. (5 points) You want a digital filter with f; = 30 kHz to have a corner frequency of 10 kHz, but want to
design it using analog techniques and the bilinear transform. What should be the corner frequency
of your prototype analog filter, to the nearest hertz? Show your work. Note whether your answer is

RoIP
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greater or less than 10 kHz and whether this makes sense.
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16. (4 points) List both an advantage and a disadvantage of a Chebyshev Type | versus a Butterworth

lowpass filter design.
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A 3.3 kHz analog sinusoid is sampled at 8 kHz. It is analyzed with a 64-point DFT.

17. (5 points) Determine where the peak(s) in the DFT magnitude spectrum will occur.
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18. (6 points) What is the shortest length DFT that does not decrease the frequency resolution that will
cause the signal to appear in a single DFT frequency bin?

T3z 4 fss st wida © NZ61 ;&6]3/@0%'&?%%7/

/'k @/(/‘/?
/< ) 393‘ Yo Mﬂm (V=80 M&%@, P it
Nz 33 (< =5 M= 80‘“

redmc/

19. (5 points) Sketch the magnitude response of the ideal lowpass sinc filter h(n) = sinc(n/6)/6.
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20. (4 points) The sinc filter above is defined over all integers n. Describe the two steps commonly

performed to allow it to be approximated in a real-tim 7system.

@) buraats Wm//

Page 8 of 8


durant
Sticky Note
Due to conjugate symmetry.

durant
Sticky Note
Both k and N must be integers. Reduce the fraction as much as possible.

durant
Sticky Note
Try in MATLAB:
d = 6;
n = (-4*d):(4*d); % d->Infinity gives the IDEAL LPF, try multipliers of 8, 10, 20, etc.
h = sinc(n/d)/d;
freqz(h)




