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Problem 1

For [ > 0, using the fact that the signal s(n) is not correlated with future
samples of the noise v(n), a recursive expression for the autocorrelation
function can be found as

vss(l) = E [s(n)s(n +1)]
= FE[(0.8s(n —1) +v(n))(0.8s(n — 1+ 1) + v(n+1))]
=0.64E [s(n —1)s(n —1+1)] + 0.8E [s(n — 1)v(n + )]
+0.8E [s(n+1—1)v(n)] + Ev(n)v(n+1)]
= 0.647,5(1) + 0+ E[0.85(n + 1 — 1)(s(n) — 0.85(n — 1))] + Yoo (1)
= 0.64755(1) + 08755 (1 — 1) — 0.64755(1) + (1)
= 0.875(1 — 1) + 026(1)
= 0.87ss(1 — 1) + 0.095(1)

Using this recursive expression and the symmetry of the autocorrelation
function:

YVss(2) = 0.64755(0).
If we continue the same line of reasoning, we can show that

755(1) = ")/SS(O)OSW - iogm

The normal equations for M = 3 are:

Yz (0) ’Y:Jc:v(_l) Yz (_2) ho Ydx (O)
’}/xa:(_l) f}/x:c(o) 'sz(l) hl = ’de(l)
'Yxac(_2) ’Y:m:(_l) 'Y:m:(o) h2 7d:c(2)
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For our case,
1
Yoz (1) = Yss(1) + Y (l) = 10'8m + (1)
1

Thus, we have the equations

125 0.2 0.16] [ho 0.25
02 125 02| |hi| =]02
016 0.2 1.25| |he 0.16
Solving for h:
ho 125 0.2 0.16] " [0.25 0.1698
| =102 125 02 0.2 | = [0.1189
ha 0.16 0.2 1.25 0.16 0.0872

We also can assume that s(n) is the output of a system with unit sample
response h(n) and input v(n), then 745(l) can be computed:

1
HG) =158
h(n) = 0.8", n=20,1,2,..
ran(l) =) 0.8"-0.8™, [>0
n=0
1
(1) = 08! R
1
— o4l
036 %

’755(” = ’Vvv(l) * Thh(l)
1
= . _— .psll
0.09 (5([) * 036 0.8

1
= —0.8ll
4

Problem 2

(a) The filter can be decomposed as




where
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Hence,
3 _5
H(z) = 4 + 4
) 1—2271 144271

(b) In order to sketch the DF2 structure of H(z) it is useful to first find the
difference equation for the filter. We have.

Y(z) 2711
HE = %0 = 1= n I
Y(z) - iz_QY(z) = 21X (2) — %X(z)
y(n) — Juln —2) =x(n—1) = z(n)

Starting from the difference equation it is easy to draw the direct form 1
(DF1) of the filter. See figure 1.
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Figure 1: Direct form 1

From the DF1 we can get the DF2 structure by exchanging the left and

right parts, and then merge the delay components. We then get the DF2
structure shown in figure 2.
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Figure 2: Direct form 2

The parallel realization of H(z) can be found from equation 4 in the
problem text. The result is in figure 3.
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Figure 3: Parallel realization

A cascade realization of H(z) can be found from equation 1 in the
problem text. The result is sketched in figure 4.
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Figure 4: Cascade realization

Problem 3
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1 1-3z71
HE) =5 795
1 1/3)*, n>0
H(z) = -G(2) — 27 'G(2)
= h(n) = gg(m)uln) = g(n — Du(n — 1)
h(0) = 59(0) =
$(1/3)" = (1/3)", n>1
h(n) =4 1/3, n=
0, n <0
where g(3)" — (5)" ' = [(3)> - 1(5)" ' = —§(3)""
ple)
_A A e
2 2
(c)
o2 = /1 e*ple)de = % i e’de and A=278

5 114 1 [A3 —A3 A2 2728
o = — | —¢ - — | —— — —_— = — =
© A3 ] s 3A[S 8 12 12

e1(n)
o) 13 4 () + a(n)
E=l
ea(n) s 1/‘3 =3 L. e3(n)




where hi(n) = ha(n) = 3h(n), hs(n) =d(n)  (short-circuiting)

where hi(n) and ha(n) are respectively the unit sample response of
the filter by assuming that the output is the signal just after first
and second adder.

1m 1 1 13 1

ha( Hzf. _1s_1

> _Ihn) Z3 3 1-1"3 2 2
s/t o o s& /1y 1 o83 51
h — — — = — — — = — —_ . = = — —
2 _Inm)] =3 97121(3) 3+9§<3> 37927372

Overflow takes place just at the output of second adder. So we
have to scale the input in order to prevent overflow at this point.
To do so we need scaling factor s = % at the input.



+oo 1 1 1
02 = E[2?] = / 22p(x)dr = 2/ ride = 3

—00 —1

02=2"2B/12=92"1/12 (B=7)

the output power without applying scaling factor is:
05 = Jirhh(O) = aﬁ

SNR at the output without scaling factor is:

2
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by applying scaling factor s the SNR at the output becomes:
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