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2. Analysing a Discrete-Time System:
In this exercise we will introduce discrete convolution and use this, along with frequency analysis, to
analyse a discrete-time system.

a) Generate the following discrete signals:

fln)={1,4256} and glnl={1,3,-12}
7 T

Note that the arrows indicate the position at which n = 0.

i. Calculate y = f + g using the conv command and plot y[n] with labelled axes.
Note either use conv(f,g) or conv(f,g, full’) to do this calculation.
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How many elements are in y[n]? How does this number relate to the length of f
and g?
Now re-compute the convolution sum using conv(f,g,’same’). How do the values
you obtain relate to the values obtained in i)?
Finally, re-compute the convolution sum using conv(f,g, valid’). How do the
values you obtain relate to the values obtained in i)?
Repeat part i) with g[n] = {0,1,3,~1,2}.

7

b) The following equation defines 1 period of a periodic discrete signal:

2
—5zn for 0=n<=25

25
2
)= { —n— <
fn] JEn—4 for 25<n<75
2
_ <
25n+8 for 75 <n<99

What is the period of the signal?
Generate and plot a segment of the periodic signal described above for

0 <71 < 299. How many cycles do you have?

Calculate the DFT of the signal created in ii) and plot the magnitude of frequency
response F(Q) in terms of the fundamental frequency range Q € [—m, 7).
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Using the signal generated in 2b), we will now investigate a discrete system described by the
following unit impulse response function:

-
] = %(Z 5[n— k]) ufn]

k=0

Note that s function is also known as a moving average filter.

vi.
vii.

For L = 3, calculate the output response y[n] = x[n] « h[n], where x[n] is the
signal generated in 2b). Limit y[n] to 0 < n < 299. Hint: h[n] is only none zero
for0 < n = L soyou should be able to use conv.

For 0 < n < 299, plot y[n] obtained from i) on the same graph as x[n]. What is
the difference between the two signals?

For 0 < n < 299, calculate ¥ (1) using the fft command and plot the magnitude
of Y(Q2) on the same graph as the magnitude of X(Q). What is the difference
between the two responses in terms of frequencies? (This may be difficult to
spot when L = 3). Remember fftshift

Re-compute the response y[n] when L = 10 and repeat steps ii) and iii).
Re-compute the response y[n] when L = 25 and repeat steps ii) and iii).

For L = 3 calculate the transfer function H(z) for h[n]. Is the system stable?
Using the transfer function calculated in vi) determine the difference equations
for the LTID system. What would difference equations be for any value of L?
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viii. Finally, the frequency response of H(z) can be determined by setting z = €/,
i.e. evaluating H(z) on the unit circle. In Matlab this can be obtained by using
the freqz command. Compute the response for L =3 using the following
command [H,omega] = freqz(b,a,N,'whole');, where b is a vector of the
coefficients of the numerator of H(z), a is a vector of the coefficients of the
denominator, N is the number of frequency points and ‘whole’ refers to
calculating the frequency from —7 to . Using N = 301, plot the response H -
you will need to use fftshift again and the answer in vi) . Repeat this for L = 10
and L =25 and plot the response on the same graph. What is the effect of

increasing L on the frequency response?

Note that given a response H and frequencies omega then invfreqz can be used to obtain the
coefficients a and b. For example, for L = 3 then [b,a] = invfreqz(h(1:151),w(1:151),L-2,0);
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1. Discrete-Time Sinusoids:

In this example we will explore Discrete-Time sinusoids and introduce the concept of manipulating

signals in frequency.

a) Generate the following signal in time domain with a sampling frequency of f, = 200Hz.

with A;

2,4, =14, 4,

x(t) = Ascos(w;t) + 4, sin(w,t) + Azcos(wat)
3.5, w; = 90 rad/s, w, = 507 rad/s and w; = 10mrad/s. The

time axis is 0 < t < 2 seconds.

vi.

Convert the signal to its equivalent in discrete time, i.e. x in terms of the time
index n, and plot the resulting signal in discrete time using stem (remember to
label the axes of the graph). Using the definition of a discrete-time sinusoid from
Lecture 4, what are the frequencies of each sinusoid in radians/sample?

Are each of the sinusoidal components in x periodic? If so what is the period of
each component in samples. Is X periodic and if so what is it's period in samples?
Calculate the fundamental frequencies O for the discrete signal.

Generate a frequency axis () that starts at -7 and ends at + and contains the
same number of points as x. This frequency axis represents the range of
fundamental frequencies from O € [—, 7].

Calculate the DFT of x using the fft command in Matlab. Plot the magnitude of
X(Q) against the frequency axis created in part iv). Note by default Matlab’s fft
command calculates the DFT for Q € [0,27] so you will need to use fftshift to
rearrange X(Q). In reference to Lecture 5, why can we manipulate X(0) like
this?

The fundamental frequency range Q € [—7, ] can be converted into Hz by
multiplying by Q the following factor f,/(27) where f, is the sampling
frequency. Thus re-plot X (Q) with the x-axis in Hz. What are the positions of the
6 peaks (in frequency) and how do they compare to x(t)?
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vii.

iii.

The intervals between frequency samples of the DFT are known as the frequency
bins. The width of the frequency bins defines the resolution of the DFT. What is
the frequency resolution (in Hz) of X (2)?

Reduce the sampling frequency to f; = 100Hz and repeats steps i) to vii). How
does the graph of the magnitude of X(Q) change? (Explain in terms of the
frequency axis).

Increase the sampling frequency back to f, = 200Hz but change the time axis
such that 0 < ¢ < 0.5 seconds. Now repeat steps i) to vii). How does the graph
of the magnitude of X(Q2) change? (Explain in terms of the frequency axis). Hint:
Consider the frequency resolution.

Using the sampling frequency f; and the number of samples of a signal, defined
as N, what is equation for the frequency resolution of the DFT?

b) Using the signal defined at the start of 1a), we will now investigate the manipulation of signals

in the frequency domain.

Calculate X(Q) using the fft command and generate the frequency axis Q.
Remember to use fftshift. Now set the values of X(Q) for || > 0.2 rad/sample
equal to zero and plot the magnitude of the result. Convert the frequency axis to
Hz, what frequencies have been set to zero?

Calculate the inverse DFT of X(Q) using ifft (remember to use ifftshift before
applying ifft) and plot the result along with the original signal x. How do the
signals compare? What is the difference between the two? Hint: Which
sinusoidal components remain?

Repeat steps i) and ii) but set X () to zero for Q] < 0.357 rad/sample.

Repeat steps i) and i) but set X(Q) to zero for [2] = 0.357 rad/sample and
19] < 027 rad/sample.

The operations carried out this exercise are referred to as filtering the signal X in the frequency

domain using ideal filters. We will cover these concepts in more detail in Lecture 9.




