
December 16, 1998 Name:___________________

EE 438 Final Exam Fall 1998

• You have 120 minutes to work the following six problems.
• Be sure to show all your work to obtain full credit.
• The exam is closed book and closed notes.
• Calculators are permitted.

1. (25 pts.) Multirate systems. Consider the system shown below.

∑

z−1 2 ↓

2 ↓
x[n]

y[n]

+

+

a. (2) Circle the correct choice for the system properties (no proofs needed, no
partial credit will be given for this part only):
i. The system is linear/nonlinear.
ii. The system is time-invariant/time-varying.

b. (14) Find a simple expression for the DTFT Y (ω) of the output in terms of the
DTFT X(ω )  of the input.

c. (9) Draw the block diagram for an equivalent system that consists of a digital
filter and just one down-sampler. Specify the difference equation for the
digital filter.
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1. (continued)
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2. (25 pts.) Frequency response and sampling. Consider the system shown below
where the A/D and D/A convertors operate at a sampling rate of 1 kHz and are both
ideal.

D/AA/D
Digital 
Filter

x[n] y[n] y(t )x(t)

a. (15) Find the output y(t )  when x(t) = cos 2π (200)t( )  and the digital filter has
the following magnitude and phase frequency response.

π−π ω π−π ω

H (ω)

1.0
π

2

− π
2

arg H (ω)( )

b. (10) Find the output y(t )  when x(t) = sin 2π (900)t( )  and the digital filter is
allpass with no phase delay.
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2. (continued)
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3. (25 pts.) Filtering and convolution. A digital filter that is linear, time-invariant, and
causal has impulse response h[n] = 2−nu[n] .
a. (15) Use convolution to find the response y[n]  to the input signal

x[n] =
1, −9 ≤ n ≤ 0,

0, else.
 
 
 

b. (10) Find a difference equation that can be used to implement this filter.
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3. (continued)
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4. (25 pts.) DFT. You have a subroutine that will compute the radix 2 FFT for length
N = 2M , for any integer M . You need to write a subroutine that will compute an
exact length 96 DFT (no zero-padding allowed).
a. (13) Derive an efficient algorithm for computing the 96 point DFT that uses

the radix 2 FFT subroutine as a component.
b. (8) Draw a complete block diagram of your algorithm, showing all twiddle

factors, and showing the radix 2 FFT simply as a component without any
details of what is inside it.

c. (4) Find the number of complex operations required per output data value for
your algorithm.
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4. (continued)
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5. (25 pts.) Modeling of speech signals. In class, we discussed linear predictive coding
as a means of efficiently representing the speech waveform using the parameters of
a model rather than samples from the speech waveform itself. In this problem, we
will consider a different type of model for a voiced epoch of speech. We will work
in discrete-time. Recall that a voiced phoneme s[n]  can be represented by the vocal
tract response v[n]  repeated at an interval corresponding to the pitch period N ; so
our model ˆ s [n]  is given by

ˆ s [n] = v[n − kN]
k
∑

We will model the vocal tract response as a summation of exponentials (for
simplicity we’ll just use two terms here); so we have

v[n] = a pn u[n] + b qn u[n] ,

where a,b, p, q  are constants which may be complex-valued, in which case a* = b
and p* = q .

Assume that a = e jπ /3  and p = 1
2 e jπ / 4.

a. (10) Find a simple expression for v[n] , and sketch the resulting waveform.
b. (10) Find the Z transform V(z) of the vocal tract response, and express as a

ratio of polynomials in z . Be sure to state the region of convergence.
c. (4) Plot the poles and zeros of V(z) .

d. (1) What is the formant frequency for this phoneme (in radians/sample)?
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5. (continued)
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6. (25 pts.) Spatial filtering. Consider the image x[m,n]  shown below:

m

n 0 0 0 0 0 0

0 0 0 0 0 0

0 0 1 1 1 1

0 0 1 1 1 1

0 0 1 1 1 1

0 0 1 1 1 1

Suppose we filter this image with a filter that has impulse response:

h[m,n] n

m

−1 0 1

−1 − 1
9 − 1

9 − 1
9

0 5
9

5
9

5
9

1 − 1
9 − 1

9 − 1
9

a. (9) Compute the output image y[m,n] .

b. (1) Is the filter DC preserving?
c. (3) Find the separable components h1[m]  and h2[n] , such that

h[m,n] = h1[m]h2[n] .

d. (5) Find a simple expression for the magnitude of the frequency response
H (µ ,ν)  for this filter.

e. (2) Sketch H (µ ,ν)  for the two cases:

i. µ = 0 ,

ii. ν = 0 ,
f. (1) Discuss the relation between your answers to parts a., b., and e.
g. (4) Since the filter is separable, y[m,n]  may be computed in either one of two

ways:
i. Direct 2-D convolution using h[m,n]  given above.
ii. 1-D convolution along columns with h1[m] followed by 1-D convolution

along rows with h2[n] .

How many operations per output pixel are required for each approach?
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6. (continued)

1. _______

2. _______

3. _______

4. _______

5. _______

6. _______
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Total _______


