
Signal Processing and Speech Communication Lab.
Graz University of Technology

Assignment 3

This homework has to be submitted via e-mail to the address hw1.spsc@tugraz.at not
later than 4.7.2018. Let the subject of the e-mail be “YourMatrNo YourColleague’sMatrNo”.
The body of the e-mail should be empty (nobody will read it). A complete project consists of
Matlab/Octave files (*.m) and a simulation protocol in PDF format. You have to zip all these
files to a single file with name

YourMatrNo YourColleague’s MatrNo.zip

which has to be attached to the e-mail.

In addition to the email, you have to throw your printed (paper format) simulation
protocols and your analytic solutions into our mailbox at Inffeldgasse 16c, ground
floor, not later than 4.7.2018 (note that you cannot access the mailbox on weekends). For
each problem, staple your solutions separately. Use the print-out of the respective problem
assignment as the title page(s). Don’t forget to fill in your name(s), matr. number(s), and
group number(s).

If you typeset your analytic solutions with LATEX, you can get bonus points. If you submit a
handwritten protocol, be aware that it should be clear, tidy and readable. Otherwise, you will
lose points.

Version 2:
Applied changes:
Version 1 → Version 2: Problem 3.4e) New File on homepage hw3 V2.zip, with fixed .mat files
(RFsignal2.mat and RFsignal extra2.mat have a proper r original variable now).



Name(s) Matr.Nr.

Analytic Problem 3.1 (8 points)
Consider the following multi-rate system:
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The Fourier-transform of the input signal xc(t) is given by:
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The filter output yi[n] depends on the filter Hi(e
jθ), e.g., setting Hi(e

jθ) to H1(e
jθ) (where

i = 1) results in filter output y1[n]. In this problem, we exchange Hi(e
jθ) by lowpass and

highpass filters, and compare their effect on the outcome of the multivariate system.

(a) [1 point(s)] Determine the sampling frequency fs such that the input signal xc(t) is critically
sampled (resulting in |X(ejθ)| > 0, ∀θ). Sketch the DTFT of the resulting signal X(ejθ).

(b) [2 point(s)] Assume that H1(e
jθ) is an ideal (zero-phase) lowpass filter with cut-off frequency

θc = π
2
, denoted by H1(e

jθ) = HLP(ejθ). Sketch the DTFTs of the resulting signals U1(e
jθ),

V1(e
jθ), W1(e

jθ) and Y1(e
jθ). Mind the amplitude scaling after down-/upsampling, as was shown

in the problem class example 7.31.

(c) [2 point(s)] Now, assume that ideal (zero-phase) highpass filters with cut-off frequency
θc = π

2
are used, denoted by H2(e

jθ) = HHP(ejθ). Sketch the DTFTs of the resulting signals
U2(e

jθ), V2(e
jθ), W2(e

jθ) and Y2(e
jθ).

(d) [1 point(s)] Assume these two systems run in parallel resulting in the output signal
y[n] = y1[n] + y2[n]. Compare the total output signal to x[n]. Is there a loss of information, i.e.,
is the shape of the original spectrum retained?

(e) [2 point(s)] Repeat either (b) or (c) and set both the down- and upsampling rate to a
factor of 4 (you might change the notation to, e.g., U ′1(e

jθ) etc.). Is there a loss of information
at the output?

1The figures from chapter 4.2.1 of the Oppenheim/Schafer book might also be of great help to illustrate the
amplitude scaling.
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Analytic Problem 3.2 (12 points)
A discrete-time causal LTI system has the system function

H(z) =
4− 3z−1 − 10z−2

1 + 1
4
z−2

.

(a) [2 point(s)] Plot the poles and zeros of H(z) in the complex plane and indicate the ROC.
Is the system stable? Explain!

(b) [2 point(s)] Draw the magnitude frequency response |H(ejθ|. Hint: determine |H(ejθ0)|,
|H(ejθ∞)| with θ0 = arg{z0}, θ∞ = arg{z∞} for each pole z∞ and zero z0 to obtain the maxima
/ minima. You can also use Octave to assist you in this process.

(c) [2 point(s)] Is the system a minimum-phase system? If not, represent the system as a cascade
of a minimum-phase system Hmin(z) and a unity-gain all-pass system with |Hap(ejθ)| = 1,∀θ,
i.e., H(z) = Hmin(z) ·Hap(z).

(d) [2 point(s)] Determine the difference equation that relates the input and the output of the
system. Draw a signal flow graph that implements this system in direct-form I and direct-form II.
How are these two implementations related to each other?

(e) [1 point(s)] Assume that each multiplication in the implementations is quantized afterwards
which introduces white quantization noise (except at multiplications with -1, 0 or 1) denoted
by, e.g., ea[n]. Add all sources of quantization noise to the signal graphs. Draw simplified
versions of the signal graphs that relate the individual quantization error sources to the output
quantization error e[n].

(f) [3 point(s)] Assume a linear noise model and a uniform noise variance of σ2 for each noise
source. What is the variance at the output of both systems (general formula)? Assuming σ2 = 5

16
,

what is the variance at the output of the direct-form I implementation (in numbers). Hint: The
noise gain of an LTI (sub-)system with impulse response h[n] is given by GN =

∑∞
n=−∞ |h[n]|2.
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Analytic Problem 3.3 (8 points)
Consider a continuous-time system with system response hc(t) where hc(t) = 0 for t < 0 (causal
system). Its Laplace transform is given by

Hc(s) =
s

s+ a

with a ∈ R and a > 0.

(a) [2 point(s)] Determine the Fourier transform by examination of the s = jω axis of the
Laplace transform. Determine |Hc(jω)| for ω = 0. Calculate all frequencies {ω0} as a function
of a that fulfill |Hc(jω0)| = 1√

2
. Sketch the magnitude response |Hc(jω)|. Use proper axis

labelling and indicate the magnitude values at ω = 0 and ω = ω0. What kind of filter is this
system and how does a affect its behavior?

(b) [2 point(s)] Apply the bilinear-transform given by

s =
2

T

1− z−1

1 + z−1

with sampling period T > 0 to convert Hc(s) into a discrete-time system H(z). Determine the
poles and zeros of H(z) as a function of a and T . Since H(z) is a causal system, examine its
stability properties with respect to a and T , i.e., what is the range of a and T where the system
is stable?

(c) [2 point(s)] Determine the DTFT H(ejθ) of H(z). What is the value of |H(ejθ)| at θ = 0?
For what frequencies {θ0} (as a function of a and T ) do you get |H(ejθ0)| = 1√

2
?

(d) [2 point(s)] Draw the magnitude response |H(ejθ)| as a function of a and T (without
explicitly setting a and T to specific values). Use proper axis labelling and indicate the
magnitude values at θ = 0, θ = θ0 and θ = π. Hint: You can use Octave to assist you in this
process.
How do a and T affect the filter behavior compared to the continuous time system (you might
want to examine different ranges of a and T and their effect onto the magnitude response)?
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Octave Problem 3.4 (5+7 points)
This sub assignment treats passband signals commonly used in wireless communications such
as mobile phone networks, WiFi, 4G etc. These signals are modulated onto sinusoidal carriers
(shifting the center of the spectrum) to enable multiple users or devices to share the radio
spectrum.
You use your phone equipped with a proper antenna and receiver front-end and record an
ultra-wideband (UWB) signal carrying a secret bit sequence. Due to your well-founded wireless
communication knowledge, you know that this signal uses a carrier frequency of fc = 5.5 GHz.
Unfortunately, your room mate recklessly used her phone to listen to music over the internet
via WiFi, which happens to interfere with your precious signal.
The file RFsignal2.mat2 contains the variable r pb which is a received passband signal con-
taining both the UWB and WiFi stream, sampled with a frequency of fs = 15 GHz resulting in
Ns samples.

(a) [2 point(s)] Examine the spectrum of the received signal. Create a frequency vector f of the
same length as the given signal in the range of [−fs/2, fs/2] which acts as your x-axis, and use
fft and plot to visualize the magnitude spectrum of the received signal (Hint: Use fftshift

to center around f = 0). What is approximately the bandwidth of the signal centered at the
5.5 GHz frequency? For the bandwidth you should consider frequencies where the magnitude
spectrum is greater than zero, whereas you may treat magnitude values of less than ≈ 1% of the
occurring maximum as if they are zero (noise floor). The WiFi interference should be clearly
visible as a narrow peak (with a much higher amplitude). What is approximately the carrier
frequency and bandwidth of this interference?

(b) [1.5 point(s)] For better further processing3, we want to shift the signal down to baseband
(standard procedure in wireless systems). Delete the negative frequency components using
the function hilbert4 and perform a frequency shift to get the band at 5.5 GHz down to
zero frequency. To accomplish this, create the vector fshift = e−j2πfct where t is the time
vector in the range of [0, T ] with steps of Ts and the same length as the received signal. An
element-wise multiplication of this vector with the received signal (in time domain) shifts all
spectral components by fc. Visualize the new magnitude spectrum (you can use subplot to
make a comparison with the passband signal spectrum).

(c) [1.5 point(s)] With the signal in baseband, we can drastically reduce the sampling rate
without loss of information. Choose a downsampling factor of M = 5 and perform downsampling
in time-domain by taking every M -th sample (do not use the downsample function). Plot the
obtained signal in time-domain and compare it with the original signal. Use real to only show
the real part of the signals and zoom in to capture a region of about 5000 samples (original
signal) and 1000 samples (downsampled signal).

2All mentioned files can be found in the archive file HW3 V2.zip on the course homepage.
3All information is contained around the center frequency, we waste a lot of frequency points between the

positive and negative bands and need a high sampling rate to avoid aliasing.
4To do this in Octave, you might need to activate the signal package with pkg load signal.



(d) [2 bonus point(s)] Take again the base band signal obtained in (b) and try to achieve
a critical sampling rate via multi-rate processing (upsample first and then downsample to
get a fractional downsampling factor). Again, critical sampling means that only frequencies
with significant magnitude spectrum (more than 1% of the maximum) are contained. Plot
the magnitude spectrum of the baseband signal from the last point and the critically sampled
version next to or above each other (using subplot).

(e) [5 bonus point(s)] Octave challenge! Now we want to get rid of the WiFi interference as
good as possible. Take the downsampled baseband signal obtained in (c) and use all your gained
knowledge to design a linear filter that minimizes the narrowband interference while still keeping
the UWB signal in tact. There are a plethora of tools available to design the filter such as the
functions freqz, impz, zplane among others. Determine / specify the b and a filter coefficients,
store them in a save file with the command save(’filter coefficients’,’a’,’b’) and add
this .mat file to the submitted zip file. Shortly describe your design process and the tools you
used to obtain your filter system.
The original sequence for the given passband signal is given in the variable r original (down-
sampled) together with the function checkFilteredSignal.m to compare the filtered signal
with the original (percentage-wise).
Important: Keep in mind that the passband signal in combination with the original signal is
just one realization (particular sequence with noise) of a transmitted signal. Your filter should
work for any sequence using these bands and will be tested as such (using many realizations).
Designing a high-order filter specifically for this particular input-output signals will have a bad
performance when the sequence is changed (also known as overfitting). For that matter, there is
an additional file RFsignal extra2.m that provides you with one more input-output realization
to test your system (validation set). The team that can achieve the best performance with its
filter wins a great valuable5 prize!

5subject to the budgetary capacities of the TU Graz


