
GEORGIA INSTITUTE OF TECHNOLOGY
SCHOOL of ELECTRICAL and COMPUTER ENGINEERING

ECE 2025 Fall 2009
Problem Set #6

Assigned: 28-Sep-09
Due Date: Week of 5-Oct-09

Reading: In SP First, Chapter 4: Sampling and Aliasing, and Chapter 5: FIR Filters Sections 5-1 through
5-4.

Your homework is due in recitation at the beginning of class. After the beginning of your assigned
recitation time, the homework is considered late and will be given a zero.

For the week of October 5 only, students in the Monday and Tuesday recitations will have their recitations
meet during their normally scheduled lab period (in Klaus 2440). HW #6 will be due during this meeting.

Turn in all STARRED problems. Some subset of these problems will be randomly selected for grading.

Some of the problems have solutions that are similar to those found on the SP-First CD-ROM. After this
assignment is handed in by everyone, solutions will be posted to the web.

Two-Part Format for HW Solutions: For each homework problem, two distinct pieces of information are
required for a complete solution:

(a) Approach: Write a clear explanation of how you are going to solve the problem. Write in complete
sentences. This explanation should be written with little or no mathematical formulas, and it should
also be written so that it is independent of the specific numerical values in the problem.

(b) Details: Carry out the solution of the particular problem. Details mean getting the algebra correct,
making precise plots, and doing the numerical calculations are the key.
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Figure 1: Ideal sampling and reconstruction systems. An ideal C-to-D converter samples x(t) with a sam-
pling period Ts = 1/ fs to produce the discrete-time signal x[n]. The ideal D-to-C converter then forms a
continuous-time signal y(t) from the samples x[n].

PROBLEM 6.1*:
Refer to Fig. 1 for the system with ideal C-to-D and D-to-C converters.

(a) Suppose that the discrete-time signal x[n] is

x[n] = 10cos(0.13πn+π/13)



If the sampling rate is fs = 100 samples/sec, determine two different continuous-time signals x(t) =
x1(t) and x(t) = x2(t) that could have been inputs to the above system; i.e., find x1(t) and x2(t) such
that x[n] = x1(nTs) = x2(nTs) if Ts = 0.01.

(b) If the input x(t) is given by the two-sided spectrum representation in Fig. 2, determine a simple
formula for y(t) when fs = 800 samples/sec (for both the C-to-D and D-to-C converters).
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Figure 2: Spectrum of x[n].

PROBLEM 6.2:
Refer to Fig. 1 for the sampling and reconstruction system. Assume that the sampling rates of the C-to-D
and D-to-C converters are equal, and the input to the ideal C-to-D converter is

x(t) = 2cos(2π(50)t +π/2)+ cos(2π(120)t)

(a) If the output of the ideal D-to-C Converter is equal to the input x(t), i.e.,

y(t) = 2cos(2π(50)t +π/2)+ cos(2π(120)t)

what general statement can you make about the sampling frequency fs in this case?

(b) If the sampling rate is fs = 200 samples/sec., determine the discrete-time signal x[n], and give an
expression for x[n] as a sum of cosines. Make sure that all frequencies in your answer are positive
and less than π radians.

(c) Plot the spectrum of the signal in part (b) over the range of frequencies −π≤ ω̂≤ π. Make a plot for
your answer, labeling the frequency, amplitude, and phase of each spectral component.

(d) If the output of the Ideal D-to-C Converter is

y(t) = 2cos(2π(50)t +π/2)+1

determine the value of the sampling frequency fs. (Remember that the input x(t) is as defined above.)



PROBLEM 6.3*:
Here are some operations that are often done in MATLAB. In each case, the length of the nn or tt vector
is huge, so the code cannot be run in MATLAB. Therefore, you should analyze the code and determine the
answer via the theory of sampling and aliasing. For each part, draw a cascade of C-to-D and/or D-to-C
blocks (with their sampling rates) that is equivalent to the MATLAB code. Keep in mind that the sampling
rate of the C-to-D and D-to-C blocks will be different.

(a) Suppose that a student enters the following MATLAB code:
nn = 0:2301832;
xx = cos(2*pi*0.6*nn + 12.74);
soundsc(xx,2000)

Determine the analog frequency (in hertz) that will be heard.

(b) Suppose that a student writes the following MATLAB code to generate a sine wave:
tt = 0:1/1000:10000;
xx = (2/pi) * sin(2*pi*900*tt-pi/4);
soundsc(xx,fsamp);

Although the sinusoid was not written to have a frequency of 1800 Hz, it is possible to play out the
vector xx so that it sounds like a 1800 Hz tone. Determine the value of fsamp that should be used to
play the vector xx as a 1800 Hz tone.

(c) Consider the following piece of MATLAB code:
tt = 0:(1/48000):40;
xx = cos(2*pi*4000*tt);
soundsc(xx,20000);

Determine the duration (in seconds) of the final played tone. (Assume that the computer has an infinite
amount of memory so that we can store the entire signal in MATLAB.)

PROBLEM 6.4*:
A linear time-invariant discrete-time system is described by the difference equation

y[n] = x[n]−5x[n−2]+7x[n−4]−3x[n−6]

(a) Determine the impulse response h[n] for this system.

(b) Determine the filter coefficients bk in the causal FIR representation: y[n] =
M

∑
k=0

bkx[n− k].

(c) Determine the order of the filter (M), and the length of the filter (L).

(d) Use convolution to determine the output due to the input signal x[n] = 2δ[n−1]+2δ[n−2]+2δ[n−3].
Use the convolution table, but look for patterns. Plot the output sequence y[n] for 0≤ n≤ 12.



PROBLEM 6.5*:

A linear time-invariant discrete-time system is described by the equation

y[n] =
9

∑
k=2

(−1)k

k
x[n− k]

(a) Determine the filter coefficients bk in the causal FIR representation: y[n] =
M

∑
k=0

bkx[n− k].

(b) Determine the order of the filter (M), and the length of the filter (L).

(c) For the system defined in part (a), suppose that the input signal x[n] is non-zero only for 15≤ n≤ 127.
What are the indexes of the first and last non-zero values in the output signal y[n]? What are the
lengths of the input and output signals, x[n] and y[n], in samples?

(d) Suppose that the impulse response h[n] of an FIR system is nonzero only for 350 ≤ n ≤ 420 and its
input x[n] is nonzero only for 110≤ n≤ 212. Show that its output y[n] is non-zero at most over a finite
interval of the form N1 ≤ n≤ N2 and determine N1 and N2.


