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DIGITAL SIGNAL PROCESSING
SOLUTIONS

1. a)

b)

c)

d)

e)

Xe(n) = 3 (x(n) +x(~n))
Xo(n) = 3 (x(n) —x(-n))
When x(n) is causal we have:
n>0: x.(n)=x,(n)
n=0: x.(0) = x(0) and x,(0) =0
n<0: x.(n) =—x,(n)

Yr(k) =Zn A (yR(n )cos 2;mk k)
Yi(k) = X5y (—yr(n)sin 25 v;( ) cos 2%)

If x(n) is real, causal and absolutely summable, then x;(r) = 0 in the above and
the Fourier transforms exist, so that:

x(n) < Xg(k)
x(n) < Xi(k)

By way of the discussion, it should be noted that, from part (b), when a signal
is causal, it is determined only by the even part x.(n). Hence, the DFT is
determined only by the real part Xg(k)

The first step is to choose the block size and window function for application
of the DFT. We need to place a frequency bin exactly at 23.2 and 3.2 kHz. A
frequency spacing of 800 Hz will suffice for which the total time of sampling
must be 1/800 = 1.3 ms. At 48 kHz this corresponds to 60 samples. The
absolute value of the ¥(4) bin would give an indication of signal present at

3.2 kHz which the absolute value of the ¥ (29) bin would give an indication of

the signal present at 23.2 kHz. The music may have strong components also at
these frequencies which may give rise to false alarms.
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2. a)
b)

c)

d)

Bookwork.

A cascade of expansion and decimation is used. It is (almost) always essential
to expand before decimation so as to maintain the maximum spectral content
in tact. Lowpass filtering is applied between the expander and decimator with
cutoff frequency corresponding to the lowest Nyquist frequency in the system.

A: x0,x3,x6

B: x0,0,x3,0,x6,0

C: y0,0,y1,0,y2,0,y3.,0,y5,0,y6,0,
D: y0,0,y3,0,y6

The order of multirate blocks is significant except in the special case of decima-
tion and expansion where the rate change factors are co-prime. This example is
just such a special case so that the two systems are in fact equivalent.

From the definition of the z-transform
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For frequency response write z = ¢/? giving

Ye(el®) = X (/1)

Y is a compressed version of X.

Multiple images of X (e/?) are created in Yg (e/?) between ® = 0 and @ = 27.
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Figure 2.1

Digital Signal Processing — Solutions 24272



FIR is non-recursive; output depends of weighted sum of current and previous
inputs.

M
H(z)= Zbkz_k
k=0

IIR is recursive, output depends on weighted sum of current input and previous
inputs and outputs.

Yiobiz™*

H() = S
1 'Ef:]ﬂk«’._k

FIR / IIR Pros and Cons

+ FIR + IR
' ® Linear Phase v #  based on “well-known” analogue
*  constant group delay at any concepts
frequency x = Non-linear phase
v = Good CAD support for design « delay varies with frequency
v = Can’t be unstable v'®  Good CAD support for design
« good for adaptive filters x = (an be unstable
v = Robust to numerical errors x = Rounding errors can accumulate
* e rounding in fixed point and cause serious naccuracies
arithmetic = limit cycles
== Large number of taps required for v's  Small number of taps required

accurate frequency selectivity

Y + low computational load
« high computational load

Figure 3.1
The system function follows directly as
Biz)=(1+z"+z2 473 +27%
which has the difference equation
y(n) =x(n) +x(n—1)4+x(n—2)+x(n—3) + x(n—4).
This can be written recursively as

y(n) =y(n—1) +x(n) - x(n5)

such that
1=z

1-z!
G(z) has nulls when cos 5@ = 1 so that @ = 2x/5, 4n/5,....

G(z) =

The magnitude spectral plot is therefore of the following form. Full marks can
be obtained from correctly sketch the general shape and noting correctly the
frequencies of the nulls.
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b)

c)

d)

The signal flow graph is simply of the form of

X () Z
S P |
I T -
5(v)
Figure 4.1

The frequency response is
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Figure 4.2

The filter H(z) has a zero at z = —1 and a pole at z = 0. To obtain a comb

filter we need to modify the frequency axis so that the response is periodic with
period 27 /M instead of being periodic with period 2. This can be obtained

by replacing z with z in the system function. Therefore the comb filter C(z) =
H(M).

The signal flow graph is identical to that in Fig. ?? but with z ! replaced by

Z
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a) X(z) = L7, x(n)z". The region of convergence is the region of the z plane for
which the summation in the z-transform converges.

b) i) X(@)=-1+z"1-9zY, z+#0

i)
1 jopn L jwpn
Y(z) = 52{6" u(n)} + EZ{e 1ny(n)}

1 !

2\ 1 —e/tug-l T2 %71

1z lcosay
1—-2z lcosay +z72

c) H(z) has poles at 0.8 & j0.1. For a causal system, the ROC must lie outside the

pole furthest from the origin. Hence ROC is |z| > v/0.82+ 0.12. For stability,
the ROC must include the unit circle which it does in this particular case.

d) For input and output samples p(n) and g(n) respectively,
q(n) = p(n)+1.6g(n— 1) —0.65g(n—2).

The first three samples are then computed as [1, 2.6, 4.51, ...].
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6. B Yul)=X5 _ox(mxn-1)

Important properties are that the a.c. function has a maximum at [ = 0. The
periodicity of %, (/) is equal to the periodicity of x(n).

b) The room can be sketched as follows.
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Figure 6.1

The model lacks accuracy because the number of reflections is too few, the
delays are not generally integer numbers of samples, # may be dependent on
frequency, & and k may be time varying.

=

Yl = z (hos(n—ko) +hys(n— k1) +has(n—kz)) -

-t

(hos(n—1—ko) +mis(n—1—k1) +has(n— 1 — k2))
= %ss(!) (hg"}' hy *'k%)

+ hohy (YVss (I +ko — ki) + Yos({ — ko + k1))

+ hoha (Yes(I +ko — k2) + Yes (I — ko + k2))

+ hihy (Yas(I+ k1 — k2) + Yas(L — k1 +k2)) .
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