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Problem 1 (3+43+4-+2+3+4=19)

la) The system must be linear and time invariant.
Causality: h(n) =0 for n <0
Stability (BIBO-stability): > |h(n)| < oo

1b) Take the z-transform of both sides:
Y(2)=X(2)+2:7'X(2)+ 272X (2) = (1 + 227+ 27 X(2)

In order to recover z(n) from y(n), we need a filter H(z) that fulfils:

X2)=HRY () =H0+2'+2HX(2) & H(z) = T 2z_11 g

1c) The causal impulse response can be found in (at lest) two different ways:

1. We factorize H(z):
1 1

N
Noting that multiplication in the frequency domain is equivalent to convolution in the
time domain, we se that

H(z) = Hi(2)H1(2)

We know that for a causal LTI system
—1 B n

The inverse z-transform of H;(z) for a causal system is thus h;(n) = (—1)"u(n) and
we can find h(n):

h(n) = Y ha(k)h(n—k) =Y (=D)*u(k)(=1)" " u(n - k)

h(n) = (=1)"(n + u(n)

2. Noting that Y >° (n+ 1)a" = ﬁ, we here have o = —z7 !, thus

o0 _ —
—z1 —z71

2 D = o~ e - O

n=0

and the corresponding causal impulse response is

h(n) = (n+1)(=1)"u(n)
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Figure 1: ROC and singularities

1d) The system has a zero in z =  and a pole in z = a.
For a stable causal system, all poles must be inside the unit circle, and the ROC is the area
outside the largest pole. There are no requirements on the zeros. Thus:

la] < 1
6 € Z
ROC:z| > «

le) When z(n) is real:

00 = (Sstor) =3 et xip

—00

When z(n) is anti-symmetric:

X(=) = 3w = 3 —a=n)e " = = 3 am)err ™ = X ()

1f) The effect of the first filter operation:

s(n) = h(n) xx(n) < S(f) = H()X(f)

The DTFT of the time reversed sequence is:

N-1 N-1
DTFT{s(N —n)} = s(N —n)e 72 = Z s(m)el?mm ¢i2r(N=1) — g(_ f)
n=0 m=0 =1

where N = M + N — 1 is the length of the filtered sequence.
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Filtering the time reversed sequence, we obtain:

V(f) = DTFT {h(n) * s(=n)} = H(f)S(=f) = H(f)H(=f)X(=])

Finally, time reversing v(n), we obtain

since h(n) is real (see problem le).
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Problem 2 (2+4-+2+2+3=13)

2a) Expanding the difference equation y(n) = >°;7 (—3)*z(n — 2k) for z(n) = d(n):

y(0) = —(5)0) =1
y(1) = (—%)06(1):0
1 0 1 1 1
y(2) = (=3)"0(2) +(=3)'0(0) = —5
J3) = (~3)%(3) + (~5)'5(1) =0
y(4) = (—%)05<4)+(—%)15(2)+<_%)25(0):i
y(d) = 0
y(6) = (—%)3&0):_%
y(7) = 0

2b) We start by inspecting the output, then use induction to prove the relationship.

y(0) = #(0)
(1) = (1)

y(2) = 2(2) — 52(0) = 2(2) ~ 3y(0)

y(3) = 2(3) — (1) = 2(3) ~ 5y(1)

(1) = 2(4) — 22(2) + 2(0) = 2(4) ~ 2y(2)

Inspecting the output we form the assumption that the output can be expressed as

1

() = aln) = 5y(n —2)

This is obviously true for n = 0, 1,2 (assuming z(n) is causal), as shown above.
For n:

y(n—?)zx(n—Z)—1x(n—4)+lx(n—6)—lx(n—S)...

2 4 . 8
y(n) =z(n) — %x(n —2)+ ix(n —4) — gzr;(n —6)...
=z(n) — %(w(n —2) — %x(n —4) + %x(n —6) — %x(n —8)...) =uz(n)— %y(n —2)

The difference equation y(n) = z(n) — 1y(n — 2) is exactly the difference equation of the
system in Figure 1.

2c) The z-transform:

) = () ~ Ju(n —2) & H(z) =
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2d) Pole and zero locations:

1 22 22
H(Z) = 1.2 = 2 N - 1 -1
1+322 (+3) (+igla—iz)
i.e. the system has a double zero at z, = 0 and complex conjugate poles at z,, = — j\% and

Zpy :]\/LQ

2e) The spectrum of a zero-phase cosine with unit amplitude and frequency f is d(£f). Thus,
the output of the filter will be maximum at the frequency for which the filter has the highest
amplification. We see from the analysis above that the poles are on the imaginary axis, i.e.
the frequency for which y(n) has the highest amplitude will be f = 7/2.

The max amplitude will then be | X (f)H(f)| = |0(x/2)H(f)| = |H(7/2)|:

1 B 1 _ o,
1+ L(eim/2)=2 14 dedm 11

|H(m/2)] =
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Problem 3 (3+2+4+4+4=17)

3a) The transfer function of the filter is

Rewriting to find poles and zeros:

(1—3527)(1—327") (-3 (1 —327) (2= 3)(z—3)
L.e. the filter has zeros in z,, = 0 and z,, = % and poles in z,, = % and z,, = —%

I'm{z}

Figure 2: Location of poles and zeros

3b) The DF 1 implementation:

z(n) L[-: (;_i} y(n) R
F <‘-_

3c) The transfer function of the filter in Figure 3 is:

3 8
G(z) = -
(2) 1— %2—1 1— %Z_l
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Organizing the expression we get:

3(1—327") —8(1—327") —5+327" —5+327"
e I TP P} e G e T s e e

The unit pulse response:

3d) In order to avoid overflow, we must divide the filter input with a factor

scale = max Z |hi(n)

n=0

where h;(n) is the impulse response from the filter input to the output of summation node
¢ in the filter.

DF2 filter structure In the filter in Figure 2, we have two summation nodes. The right-
most is at the filter output. The impulse response for this node is the same as the
impulse response for the entire filter, ho(n) = h(n). The impulse response for the
leftmost summation corresponds to the transfer function of the recursive part of the
filter.

1 A B
H = = +
1(2) 1— %z—l + %2—2 1— %z—l 1—

1,1
32

We solve for A and B (can also be done by residual calculus) by combining the two
fractions to one and comparing the numerators:

A(l—lz_1)+B(1—% 1):A+B—(%A+%B)z_1: 1
(1—321)(1 -3z 1— 22714 2272 1— 22714 2272
We get two equations:
A+B=1
1 1
—-A4+-B=0
3 + 2

with the solution A = 3 and B = —2. The impulse response is then:

1 A B
_z1 A e — T
hi(n) = Z {1_ _1+éz_2}_z {1_%z_1}+z {1_%2_1}

5
6
- 3 -
2
1
3

\)

W=

)")u(n)
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We can easily see that hi(n) > 0 for n > 0. Thus, the required scaling for this

summation node is

1 =1 1 1
=2y (5" =3 —2 =3
3/ 22 ) =T

> |hi(n)] =3 (

The impulse response for the entire filter was found in problem 3c. For our rightmost

summation node we thus have
1 n 1 n
hxmzhmw=@g>—8§>mm>

2

Y b =) h(n)=2) hin)

Inspecting h(n) see that h(n) < 0 for 0 < n < 2. Consequently,

Then: )
hn)= 3-8+ (= —2)+ (- —-
§%<m B-8+(G-3)+(; 3 23
And
= = 1. 1., 1 1 3
EZMﬁy_zxaé)—8%))—31_1—81_1—6—85——6
n=0 n=0 2 3
So, finally,
227
—6+2-"— ~6.61

> lhim)] = =

We need to scale by the largest factor, so the input of the DF2 filter must be downscaled

by a factor of 6.61.
Parallel filter structure We have three summation points. The rightmost has the same
impulse response as the total filter. We examine the two branch points first:

L= G

hl(n):Z_l{l_l = 9
2

which is positive for all n > 0. Consequently:
=1 1

>l = 3(E)" = 7=

n=0

L= )

1
1-1f7'3

The second branch:
hg (n) = Z_l {

which is positive for all n > 0. Consequently:
=1 1 3

Z |ha(n)| = Z(g

=

1
n=0 1_§ 2

For the rightmost summation node, we have already calculated the scaling:

S Iha(m)] = 3 hw)] = 661

Thus, the input to the parallel structure will also need to be downscaled with a factor

of 6.61
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3e) The power at the output of a zero mean white noise source with variance 03 is generally

o0
o2 = 03 Z hZ(n)
n=0

where h;(n) is the impulse response from the point of noise injection to the filter output.

ea(n)

4

<3
L
yl ‘n}

RET o
T

r;tn

: : er(n)
5/6 =
E[(I? - ‘l‘”

|
O—-T-—O

3]
V-

1/6 T 1/3
£a (n ea(n)

Figure 3: Model of roundoff noise for DF2  Figure 4: Model of roundoff noise for par-
filter allel structure

DF2 structure We have 4 multipliers, corresponding to 4 noise sources. The two right-
most are fed directly to the output, the two leftmost will both be convolved with the
total impulse response of the filter. We thus need to calculate the sum of squares of
the impulse response.

) [eS) 1
> h(n) = 2(3(5)” —8(3)")?
n=0 n=0
= 1 2n - 1 1 n = 2n
=9 ()" =48 (5-3)"+64) (3)
n=0 n=0 n=0
- 1 n - 1 n - 1 n
:92(1) _482(6) +64Z(§)
n=0 n=0 n=0
1 1 1
— 9 — 48— + 64—
1 % =3
132
5

The total noise power at the filter output is then:

> 132 272
=02 (22 h2(n) + 2) =2+ 2)o7 = ?02 = 54.80]
n=0

Parallel structure The upper branch:



2: - 2n: - 192
S =935 =

The lower branch
-8 1.,
[ ha(n) = _8(5) u(n)

Hy(2) = —1 =
3

=172

64

Rl

S )l =643 () = -

The total noise power at the filter output is then:

ol =0, (Z hi(n) + Z h3(n) + 2) = 860
n=0

2
q

n=0
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Problem 4 (2+44+42+42=10))

4a) Normalized frequency of the sinusoid is 8/48 = 1/6. The desired unit pulse response is thus

1 1, x A,r
h(n) = 008(27?671) = cos(gn) =3 (ejgn + e—ygn)

4b)

n=0
1 1 1 Cll—elsr 41 —edE]
) {1 —elsz7t 11— e‘Jsz—l} B 5(1 —eI52 1) (1 —eI5270)
12— (&5 +e75)z7t 1 2—2cos(§)z"
21 _ (675 +e795)z71 4 272 21— 2cos(g)z ! + 272
1= 1271
1—214 272

Finding the poles and zeros:

H(z) 1— %zil B z(z — %) z(z — %)

T 1z 422 2—z41 (z —€'5)(z — e775)

. - _ 1 ; — ol — e J
Le. we have zeros in 2,, = 0 and 2,, = 5 and poles in z, = ¢’5 and z,, = €73

4c) The difference equation is
1
y(n) = 2(n) — Sa(n 1) +y(n — 1) ~ y(n —2)

4d) The impulse response of the filter is the desired sinusoid. Procedure:

1. Initialize and set y(0) =1, and y(1) = -1 +1=1
2. Run, using y(n) =y(n —1) —y(n — 2)



