DSP IAT 3 SCHEME AND SOLUTION

a. The transfer function of an analog filter is given as
|
H (s) = .
(s+1)s+2)

Obtain H(z) using Impulse Invariant Method. Take sampling frequency of
5 samples/s.
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1.
lb. Convert the analog filter into a digital filter whose system function is

H(s) = <

(s+1)(s+3)

using Bilinear Transformation, with T=0.1 s.
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Design an analog filter with maximally flat response in the passband and an
acceptable attenuation of -2 dB at 20 rad/s. The attenuation in the stopband

should be more than 10 dB beyond 30 rad/s.
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3 [ransform the below function info a digital filter using Impulse Invariant
Technique.

S

(s} = — -
(s+a) +b-




keples of H,(s) are obtained from

s+a)l+b> = 0 |
= s = —azxjb

Let s =—a-+jb and §p =—a— jb

The analog transfer function Ha (s) is written in the factoreq form a4

B.16) S+a
§) = e e——
a (s+a—jb)(s +a+ jp
Cl C2
= — "2
s+a—jb s+a+ jp
cr = s+a 1
where V7 g +a+jb sday =3
o A
and G = Cl:i
N
C,’Z
: that H(z) =
We know tha (2) f;z—eﬂ .
2 Ciz
= H(iz) = '
@ ;Z_eﬂ
Hence, H(iz) = C ‘ £
Q et 2 —ent

1 2 z

= sl ———
2 \ z — e(=a+jb)T Z e(—a—jb)T)

l ( Z2 foncs Ze—aTe_ij + z2 . Ze_aTeij

2 )

22— ze=Te=JbT — zo~aTgJbT | g-2al

22 = ze~T cos bT
22 — 2z cos bT e—aT 4 p=2aT
' 1 —e T cos T 7!
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= H(z) =

4 |Design a Chebyshev I filter to meet the following specifications,

Passband Ripple: <2 dB
Passband Edge: 1 rad/s
Stopband Attenuation: > 20 dB
Stopband Edge: 1.3 rad/s
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L"\JF " 85 =05
(I-38p)-2 -
. d =
pination fa¢t05 521 =007
Qp 1
TN N
etity 2610 = 13.=0.769
- value of the filter order is |
finm :
cosh™ ()

uding off o the next larger integer, we get N = 5.
1S nvow proceed to find the transfer function of the fifth-order normalized lowpass
gev ] filter.

TR S Syl | [ T -1
i {1 T4+e2XY 1 {itafTES\T
g = E(L—) —§<%, . =0.21830398

€

| i |
/ I / T\
b o= l(l_Li) +%<i_l_+_e_) = 1.0235520
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2 €
o = —asin[(Zk—l)z—nﬁ].
Q = bcos[(zk-l)%]; =1 2N
% N = 5 : ]
0 = —asin[(Zk—l);T—O]

= bcos[(2k—l)%], k=1,-.-10

e t-half of the
s of k from | to 5, we get thé poles of Hs(s)Hs(—s) that lie 10 the left-half ©

¢ poles are assigned to Hs (5)-



k Ok 2
| | —0.0674610 | 0.9734557
2 | =0.1766151 | 0.6016287
3 | —0.2183083 0
4| =0.1766151 | —0.6016287
5 | —0.0674610 | —0.9734557
e — —
Ky
Hence, Hs(s) (s —s1)(s — 55)(5 = 52) (s — 53)(s — s53)
Ky

{5 1 0.0674610 — jO.9T34557)(s + 0.0674610 1 j 575,
(s +0.1766151 — j0.6016287)(s +0.1766151 + 0,691<>)

01628
(s + 0.2183083)] )
Ky

(s +0.2183083)(s? + 0.134922s + 0.95215)(s2 + 035
Ky 3235 +0'393|l£

= 554 0.706465* + 1499553 + 0.6934s2 + 0.4593495 1 0815
Since N is odd, Ky = bo =0.08172.

0.08172
55 + 0.70646s5* + 1.4995s% + 0.693452 4 0.459349; +0.081n

Hence, Hs(s) =

5 |Using Impulse Invariant Transformation, design a Chebyshev I filter that
satisfies the following constraints.

0.8<Hw)|<1, Oga<02n
H(o) £02, _06m<asT.

e given the following digital specifications:
Passhand ripple: §p = 1 — 0.8 = 0.2.

Bsband-edge frequency: wp = 0.27.
Sopband tolerance: § =02

SI(premd-edge frequency: wg = 0.67.
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'] -0.4082481 | 0.8164962 —0.4082481 + jO. 8164962
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(s +0.4082481 — J0.8164962)
(s + 0.4082481 + j0.8164962)

(s +0.4082481)? + (0.8164962)2
52 +0.8164962s + 0.833333
g s By 0.833333
N = —2 = 0.667
where vi+e T+ 075y
e = - 0.667
- | 52 + 0.8164962s + 0.833333

since, we want the cutoff at 2p = 0.2, let us apply lowpass-to-lowpass transformation
on H2(8) and get Hy(s).

That is. H,(s) = HZ(S)'L_’OTEF
0.667
(55)° +0.8164962 (75) + 0833333
0.263321 ,

52 +0.51302s + 0.32899
0.263321

- (5 +0.25651)? + (0.51302)2
0.263321 0.51302

051302~ (s + 0.25651) + (0.51302)2

0.513276 da0 008
ke " 5 +0.25651)2 + (0.51302)?

% Design H (z) using IIT with 7 = 1 sec.

) b e 9T sinbTz™!
ot = =T 1.4 g~ 2aT 72
(s+a)2+b3 1 —2e-9T coshTz~! + e2aT;

Hence 0.513276 x e~02565! §in(0.51302)z "
. HEz) = i T 1 5050 =2
1 — 2¢-0.25651 c0g(0.51302)z~! + € 2
0.194927!
1 —1.34828z-" + 0.598685z2




6 lExplain transforming an analog normalized LPF into analog LPF, HPF, BPF
nd BSF filters using Frequency Transformation Methods.

o Transformations/Spectra| Transformations
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 fequency esponse of the new lowpass filter is obtained by letting s = JS2in H'(s).
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iuing the magnitude response at 2 = €2, we get
|H'(jQ2,)| = H(j1)

%ot equation means that the frequency response of the new lowpass filter evaluated at
s equal 10 the value of the prototype transfer function at Q = 1. In a way, we have
léaithe coff frequency from 1 rad/sec to Q, rad/sec. Thus, it justifies the correctness of
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backwfll'd development. For example, if @, is the d:stii::lle :rlis: Sl]JPP]ies the
F 5 Sfthe mnsto;-;u@ lowpass filter, tbe backward design equation givesctahestv(:l)band
[r-‘%mi[ e used in the design of the normalized lowpass filter such that going thr()ug;ﬁf?ef
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,ihgck“‘“rd design equations are needed for designing a normalized lowpass filter, which

.t mapped int0 2 desired filter by applying the appropriate transformations.
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" gations for

7 [For the given specifications, K,= 3 dB, K= 15 dB, €2,=1000 rad/s,
2,=500 rad/s. Design analog Butterworth high pass filter,
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a. Draw the cascade form structure for the system given by

H(z) = ko

(1 —]—\z"'+ l2'2](1 Ll L
Gy 2 5 6

b. A digital system is given by

f ]
H@) = 2 —
(1__z-lj 1__2-']
Obtain the parallel form structure. 3 4
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