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EECS 361
Final
Practice Problems

The spectrum of x(t) is given below:
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The signal x(t) is sampled at 15 samples/sec to form xs(t). Plot the
spectrum of xs(t).

At a sample rate of 15 samples/sec is aliasing present in xs(t).
Circle YES or NO and justify your answer.

For x(t) given above, what is the minimum sample rate required to
prevent aliasing?

If no aliasing is present, describe how x(t) is recovered from xs(t).
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2.
Plot x(t)=5rect(t-2).

Find the energy and power in x(t)=5rect(t-2).
Ex= Px=

Is x(t)=brect(t-2) a power or energy signal? Circle power signal or energy
signal.

Is the signal x(t)=5rect(t-2) periodic or aperiodic? Circle periodic or
aperiodic



3. Anideal lowpass filter H(f) has a bandwidth By=2.5 MHz
The input to H(f) is x(t):

x(t)= z rect{t_ij where 7=0.25us and 7'=1us
P T

a) Sketch H(f), both the amplitude and phase response.
b) Sketch |X(f)].
c) Find the system output y(t).

d) Find the power in the first harmonic of x(t).



4. A system is formed by the connecting two linear time-invariant
subsystems, hi(t) and hx(t) in cascade.

—> ()

Where:

hl(t)zrectE%j and 4 (t)=rect(t)

ho(t)y —
y(t)
— > y()

a) Find the impulse response for the overall system, h(t).

b) Find the transfer function, H(f), for the overall system.



5. Consider a linear time invariant system with a impulse response of h(t),
and input signal x(t) given below.
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0
a) Give the range of values of time for which the output signal is non-zero.

b) Find y(1)

c) Find the Fourier Transform of x(t), i.e., X(f).



6. The discrete time signal x(n) is input to a discrete time LTI system with
impulse response h(n), x(n) and h(n) are zero where not specified below.
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a) Find the output signal y(n) by performing the discrete time convolution of

x(n) with h(n).

b) Can you find y(n) using a 6-point DFT, that is, a DFT of x(n) and h(n) is
calculated; these DFT’s are multiplied and the IDFT of the product formed
only using 6 values x(n) [0... 6] and h(n) [0... 6]? Circle YES or NO and

justify.



7.

a) A music signal has a bandwidth of about 20 kHz. A DFT is use to analyze
the frequency content of a music signal with a frequency resolution of 10 Hz.
To achieve this frequency resolution what is the required record length in
seconds.

b) Given the record length, L (sec) found in part a) how many sample are in
the record assuming the signal is sampled at 45 kHz.

c) Suppose a test tone of 3 kHz is used with a sample rate of 8000
samples/sec and the record length L=34.15ms, that is x(t) = cos(2r3000t) is
sampled at 8000 samples/sec for L sec to form x(m).

Will the DFT of x(m)=X(n) contain a component only at 3 KHz, that is,
will X(n) be zero except at 3000Hz. Circle YES or NO and justify your
answer.



8. A system is given by the following input/output relationship:
y(®) =x3(t) + x2(t) + 5

Is the system:

a) Linear Yes or No

b) Time Invariant Yes or No

c) Memory-less Yes or No



9. A linear time invariant system has the following transfer function:

H(f)=—220
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a) Find the impulse response for this system.

b) Is this system casual? Circle YES or NO, Justify your answer.

c) Is this system stable? Circle YES or NO, Justify your answer.

d) Find the output signal, y(t), when the input signal is
x(t)=2cos(2xt)+cos(2z2t) . For partial credit give as much
information about y(t) as possible.
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10. Let of si(t)= x(t)cos(2nfot) and sq(t)= z(t)sin(2nfot), and
s(t) = si(t) + sq(t) =x(t)cos(2nfot) + z(t)sin(2nfot), assume that both x(t) and z(t)
have a 10KHz bandwidth and that fo=1 MHz. Assume
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and Z(f)=tri
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X(f)=rect(

a) Sketch the amplitude spectrum of si(t)= x(t)cos(2nfot) and
sq(t)= z(t)sin(2nfot).

b) Sketch the amplitude spectrum of
s(t) = si(t) + sq(t) = x(t)cos(2nfot) + z(t)sin(2nfot).

c) Find the output y(t) of the following system in terms of x(t) and z(t):

Ided Low
" /;(\ Pass Filter y(t)
s(t) T BW=10KHz

sin(2nfot)

d) Discuss the spectral occupancy of s(t), si(t), and sq(t)? What property
of signals can be used to explain the result of part c) assuming that an
ideal low pass filter is an approximation for an integrator?



11. Given x[n] ={0,2, 1, 2} for n=0, 1, 2, 3 and given a system
transfer function of

H(z)=

2> —-1.732z+1

a.

b.

2
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Find X(z)

Find the poles and zeros of H(z) and draw the pole/zero
diagram.

Is H(z) a stable system, justify?
Find the impulse response h[n] given H(z) given above.

Find the inverse z-transform of Y(z)=X(z)H(z). Describe a
technique that can be used to check this answer
(recommend you check your answer using this
technique).

Find the system output y[n] for an

. x[n]=cos(%)
mput



12. Draw a line between the pole-zero diagram and its corresponding
frequency response. O is the location of the zeros and X the locations of the

poles.

w
rad/s¢

w
rad/se




