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Question 1: [23%, Work-out question]

1. [1%] What does the acronym FDM stand for?

Prof. Wang wanted to transmit an AM-SSB signal. To that end, he wrote the following
MATLAB code.

% Initialization
duration=8;
f_sample=44100;
t=(((0-4)*f_sample+0.5):((duration-4)*f_sample-0.5))/f_sample;

% Read two different .wav files
[x1, f_sample, N]=audioread(’x1.wav’);
x1=x1’;
[x2, f_sample, N]=audioread(’x2.wav’);
x2=x2’;

% Step 0: Initialize several parameters
W_1=3000*pi;
W_2=1500*pi;
W_3=????;
W_4=????;
W_5=????;
W_6=????;
W_7=8000*pi;

% Step 1: Make the signals band-limited.
h=1/(pi*t).*(sin(W_1*t));
x1_new=ece301conv(x1, h);
x2_new=ece301conv(x2, h);

% Step 2: Multiply x1_new and x2_new with a sinusoidal wave.
x1_h=x1_new.*sin(W_2*t);
x2_h=x2_new.*sin(W_3*t);

% Step 3: Keep one of the two side bands
h_one=1/(pi*t).*(sin(W_4*t).*(2*cos(W_5*t)));
h_two=1/(pi*t).*(sin(W_6*t)-sin(W_7*t));
x1_sb=ece301conv(x1_h, h_one);
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x2_sb=ece301conv(x2_h, h_two);

% Step 4: Create the transmitted signal
y=x1_sb+x2_sb;
audiowrite(’y.wav’, y, f_sample);

2. [1%] What is the carrier frequency (Hz) of the signal x1 new?

3. [4%] Our goal is to transmit either the lower-side band (LSB) or the upper side band
(USB). However, it turns out that for the x1 signal, only one of the two options (LSB
and USB) is possible. Explain in details which option (LSB or USB) is possible for
the x1 signal.

Hint: You need to carefully justify your answer. An answer without justification
will receive zero point.

4. [3%] Continue from the previous sub-question. What would be the right values of
W4 and W5?

5. [3%] If I would like to transmit the upper side band of the x2 signal. What would be
my choice of W3 and W6 values? When answering this sub-question, please always
assume the value of W6 is no less than W7 = 8000π. I.e., W6 ≥ 8000π.

6. [2%] If I would like to transmit the lower side band of the x2 signal. What would be
my choice of W3 and W6 values? When answering this sub-question, please always
assume the value of W6 is no less than W7 = 8000π. I.e., W6 ≥ 8000π.
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Prof. Wang decided to use the upper-side-band transmission for both the x1 and the
x2 signals, and used the code in the previous page to generate the “y.wav” file.

A student tried to demodulate the output waveform “y.wav” by the following code.

% Initialization
duration=8;
f_sample=44100;
t=(((0-4)*f_sample+0.5):((duration-4)*f_sample-0.5))/f_sample;

% Read the .wav files
[y, f_sample, N]=audioread(’y.wav’);
y=y’;

% Initialize several parameters

W_8=????;
W_9=6000*pi;
W_10=1500*pi;
W_11=1500*pi;
W_12=7000*pi;
W_13=????;

% Create a new low-pass filter.
h_M=1/(pi*t).*(sin(W_8*t));

% We construct new BPFs
h_three=1/(pi*t).*(sin(W_9*t)-sin(W_10*t));
h_four=1/(pi*t).*(sin(W_11*pi*t).*(2*cos(W_12*t)));

% demodulate signal 1
y11=ece301conv(y, h_three);
y1=y11.*sin(1500*pi*t);
x1_hat=4*ece301conv(y1,h_M);

sound(x1_hat,f_sample)
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% demodulate signal 2
y21=ece301conv(y, h_four);
y2=y21.*sin(W_13*t);
x2_hat=4*ece301conv(y2,h_M);

sound(x2_hat,f_sample)

7. [3%] Continue from the previous questions. What should the values of W 8 and
W 13 be in the MATLAB code?

8. [5%] It turns out that the above MATLAB code is not written correctly and part
of the end results do not sound right. Answer the following questions

(a) Is signal x1 new correctly/perfectly demodulated? If yes, then go to subques-
tion (d). If no, then continue answering the following sub-questions.

(b) Use 2 to 3 sentences to answer (i) what kind of problem does x1 new have, i.e.,
how does the problem impact the sound quality of “sound(x1 hat,f sample)”?

(c) How can the MATLAB code be corrected so that the playback/demodulation
can be successful?

(d) Is signal x2 new correctly/perfectly demodulated? If yes, then your answer to
Q1.8 is complete. If no, then continue answering the following sub-questions.

(e) Use 2 to 3 sentences to answer (i) what kind of problem does x2 new have, i.e.,
how does the problem impact the sound quality of “sound(x2 hat,f sample)”?

(f) How can the MATLAB code be corrected so that the playback/demodulation
can be successful?

Hint: If you do not know the answers of Q1.3 to Q1.8, please simply draw the
AMSSB modulation (using lower side band) and demodulation diagrams and mark
carefully all the parameter values. You will receive 12 points for Q1.3 to Q1.8 if
your system diagrams are correct and all parameter values are marked correctly.
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Question 2: [14%, Work-out question]
Consider a continuous time signal:

x(t) = U(t+ 5)− U(t− 5) (1)

where U(t) is the unit-step signal.

1. [1%] Plot x(t) for the range of −10 ≤ t ≤ 10.

2. [3%] Plot X(jω), the CTFT of x(t), for the range of −π ≤ ω ≤ π.

We construct another signal y(t) = x(t) · cos(πt).

3. [5%] Plot Y (jω), the CTFT of y(t), for the range of −1.4π ≤ ω ≤ 1.4π.

Hint 1: If you don’t know how to answer this question, you can write down the
relationship between X(jω) and Y (jω). You will receive 2.5 points if your answer
is correct.

Suppose we perform amplitude modulation to convert an acoustic w(t) = sin(πt) to a
new signal z(t) = w(t) · sin(4000πt).

4. [5%] If we demodulate the signal z(t) by the asynchronous demodulation. Denote
the final output by ŵ(t). Plot ŵ(t) for the range of −4 ≤ t ≤ 4.
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Question 3: [12%, Work-out question]

1. [4%] Consider a continuous time signal

x(t) =






2t+ 2 if −1 ≤ t < 0

2 if 0 ≤ t < 0.5

3− 2t if 0.5 ≤ t < 1.5

0 otherwise

(2)

We sample x(t) with the sampling frequency 2Hz and denote the sampled values by
x[n]. Plot x[n] for the range of −5 ≤ n ≤ 5.

2. [3%] We also perform 2Hz Impulse Train Sampling (ITS) on x(t) and the resulting
signal is xp(t). Plot xp(t) for the range of −5 ≤ t ≤ 5.

3. [5%] Define another signal

h(t) =

{
1 if |t| < 0.25

0 otherwise
(3)

Denote y(t) = xp(t) ∗ h(t). Plot y(t) for the range of −5 ≤ t ≤ 5.

Hint: If you do not know the answer to this subquestion, you can assume y(t) =
sin(πt) ∗ δ(t − 1.5) and plot y(t) for the range of −5 ≤ t ≤ 5. You will receive 2
points if your answer is correct.
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Question 4: [13%, Work-out question]

1. [5%] Consider a continuous time signal x(t) = sin(πt). We sample x(t) via impulse
train sampling with sampling period 0.2. Denote the final impulse-train-sampled
signal by xp(t). Plot Xp(jω), the CTFT of xp(t), for the range of −15π < ω < 15π;

2. [3%] We pass xp(t) through an ideal band-pass filter of cutoff frequencies WL = 8π
and WH = 10π and denote the output by y(t). Plot Y (jω), the CTFT of y(t), for
the range of −15π < ω < 15π;

Hint 1: if you do not know the answer to Q4.1 and Q4.2, you can simply write down
the impulse response of the ideal BPF with WL = 8π and WH = 10π. You will
receive 1.5 points of your answer is correct.

3. [5%] Find the expression of y(t).

Hint 2: You do not need to plot y(t). Just writing down the mathematical expression
of y(t) would suffice.

Hint 3: This process is sometimes termed the Amplitude Modulation Via Impulse
Train Sampling. This “name” should be helpful when you are answering Q4.3.
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Question 5: [8%, Work-out question]
Consider the following discrete time signals

x[n] =






n · ej0.25πn if 1 ≤ n ≤ 4

1 + j if 5 ≤ n ≤ 20

periodic with period N = 20

(4)

Denote the DTFS coefficients of x[n] by ak.

1. [4%] Find the value of
∑39

k=0 ak.

2. [4%] Find the value of
∑29

k=10 |ak|2.
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Question 6: [7%, Work-out question]
Define the following two signals:

x(t) = e−3(t−1)U(t− 1) (5)

h(t) = e−2tU(t) (6)

Find the expression of

y(t) = x(t) ∗ h(t). (7)

Hint: Table 4.2 may be useful when answering this question.
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Question 7: [8%, Work-out question]
Consider a DT signal x[n] = cos(0.2πn). Define p[n] =

∑∞
k=−∞ δ[n− 5k].

1. [3%] Define xp[n] = x[n] · p[n]. Plot xp[n] for the range of −10 ≤ n ≤ 10.

2. [5%] Find the DTFS coefficients ak of the DT signal xp[n].

Hint: If you do not know the answer of Q7.1, you can assume xp[n] =
∑∞

k=−∞ δ[n−
2− 5k]. You will receive 3.5 points if your answer is correct.
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Question 8: [15%, Multiple-choice question] Consider two signals

h1(t) = e
∫ t
−t cos(s)+s2 sin(s)ds (8)

and

h2[n] =
∞∑

k=0

2−nej1000nU [n− 5k] (9)

1. [1.25%] Is h1(t) periodic?

2. [1.25%] Is h2[n] periodic?

3. [1.25%] Is h1(t) even or odd or neither?

4. [1.25%] Is h2[n] even or odd or neither?

5. [1.25%] Is h1(t) of finite power?

6. [1.25%] Is h2[n] of finite power?

Suppose the above two signals are also the impulse responses of two LTI systems:
System 1 and System 2, respectively.

1. [1.25%] Is System 1 memoryless?

2. [1.25%] Is System 2 memoryless?

3. [1.25%] Is System 1 causal?

4. [1.25%] Is System 2 causal?

5. [1.25%] Is System 1 stable?

6. [1.25%] Is System 2 stable?
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Discrete-time Fourier series

x[n] =
∑

k=〈N〉

ake
jk(2π/N)n (1)

ak =
1

N

∑

n=〈N〉

x[n]e−jk(2π/N)n (2)

Continuous-time Fourier series

x(t) =
∞∑

k=−∞

ake
jk(2π/T )t (3)

ak =
1

T

∫

T

x(t)e−jk(2π/T )tdt (4)

Continuous-time Fourier transform

x(t) =
1

2π

∫ ∞

−∞
X(jω)ejωtdω (5)

X(jω) =

∫ ∞

−∞
x(t)e−jωtdt (6)

Discrete-time Fourier transform

x[n] =
1

2π

∫

2π

X(ejω)ejωndω (7)

X(ejω) =
∞∑

n=−∞
x[n]e−jωn (8)

Laplace transform

x(t) =
1

2π
eσt

∫ ∞

−∞
X(σ + jω)ejωtdω (9)

X(s) =

∫ ∞

−∞
x(t)e−stdt (10)

Z transform

x[n] = rnF−1(X(rejω)) (11)

X(z) =
∞∑

n=−∞
x[n]z−n (12)














