UNIT-II

WWW.mycsvtunotes.in MYcsvtu Notes

agk



UNIT =1l

Infinite Impulse Response Filter design -
(IIR): Analog & Digital Frequency
transformation. Designing by

Impulse invariance & Bilinear method. -
Butterworth and Chebyshev Design
Method.
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What is meant by a filter!

The DTFT is remembered again:

00

X(eM)= > x[nle "

N=—00

X[n] =— jX(e "e M dyy

X[n] is expressed as a summation of sinusoids with scaled
amplitude. Using a system with a frequency selective to
these inputs, then it is possible to pass some frequencies
and attenuate the others. Such a system is called a Filter.
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The function of a filter is to remove unwanted
parts of the signal, such as random noise, or
to extract useful parts of the signal, such as
the components lying within a certain
frequency range.

- | FILTER | m——-
Unfiltered signal Filtered signal

or raw signal
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Classification of filters as analog or
digital

Digital filters Analog filters
A digital filter uses a digital An analog filter uses analog
processor to perform electronic circuits made up from
numerical calculations on components such as resistors,
sampled values of the signal. capacitorsand op
The processor may be a amps to produce the required
general-purpose computer filtering effect. Such filter circuits
such as a PC, or a specialized are widely used in such
DSP (Digital Signal Processor) apphc_aﬂong als oters
chip. reduction, video signal

enhancement, graphic equalizers
In hi-fi systems, and many other
areas.
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Design of analog filters
We need to discuss some of the famous techniques for

analog filter design due to two main reasons:

> We need them as a prefilter or antialiasing filter before the
A/D conversion,

> Some techniques for digital filter design are based on the
transformation of some analog techniques.

Ha(Q) CharacteristicsD

1+8p L LPF
. Transition band
Pass band Stop band
ripples
v

\ s\ 0
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1-0p < |Ha(jQ)|<1+0p O0=<|Q|]=Qp

IHa(jQ)| <=0s Qs <|Qf < oo
Stop band
Q,

Transition ratio, or
selectivity parameter, it is
larger than unity

ap:-20 0910(1-6p) dB Peak pass ban@

a.—-20log,,(0s) dB
Minimum sto@
attenuation

Such filter is completely characterized by
Qc, the 3dB point, QsWQpySpa0nd OS. MYcsviu Notes




Qc is the cut off
frequency or the -3db
cut ff frequency

Butterworth Approximation

1
1+ (Q/Qc)™"

H,(jQ) =

R
==

I:I i
0 \i.ﬁ 1 15 2 25 7

= = £
g = () (]
T T T

hagnitude

=
1
T

Maormalized frequency

It has a maximally flat magnitude at zero frequency. This clear

from (2N-1) differentiatieps@fis function gives zgres. Notes
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Type 1 Chebyshev Approximation

1 Type 1 Chebyshev
‘H (JQ)‘Z _ iter. 115
a Ir In t
1+7°Tg (Q/Qp) e e el
monotonically
TN(Q)z COS(NCOS'lﬂ) 0Ol<1 decreasing in the
=| cosh(Ncosh1Q) [Q|>1

n? represent the ripples in the pas band

CHEBY1 Chebyshev type | digital and analog filter design.

[num,den] = CHEBY1(N,R,Wn) designs an Nth order lowpass
digital Chebyshev filter with R decibels of ripple in the pass band.
CHEBY1 returns the filter coefficients in length N+1 vectors (numerator)
and (denominator).
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Type 2 Chebyshev Approximation Tybe 2 Chebyshev

filter. It is
equiripple in the
stop band and
monotonically

1
T, (QS/Qp)'
(Q, /Q)

H,(jQ) =

2

1+n

CHEBY2 Chebyshev type Il digital and analog filter design.

[B,A] = CHEBY2(N,R,Wn) designs an Nth order lowpass digital

Chebyshev filter with the stop band ripple R decibels down and stop band edge
frequency Wn. CHEBY2 returns the filter coefficients in length N+1 vectors B
(numerator) and A (denominator).
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Elliptic Approximation

Elliptic filter. It is
equiripple in the
stop band and in
the pass band

1
1+7°R:(Q/Q,)

‘Ha(JQ)‘Z —

R\(Q) is a rational function satisfies the property
R (1/Q)=1/R(Q)

ELLIP Elliptic or Cauer digital and analog filter design.

[B,A] = ELLIP(N,Rp,Rs,Wn) designs an Nth order lowpass digital
elliptic filter with Rp decibels of ripple in the passband and a stopband Rs
decibels down. ELLIP returns the filter coefficients in length N+1 vectors B
(numerator) and A (denominator).
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Classification of filters According to
frequency response

+ H(eW)
LPF
ol wc |1'r "W
: HEe")  HPF
0, Wwc |1'r "W
H(eW) BPF
m
ol wcl wc2 W
HE™  BSF
0 WClwcéTr =
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<. Pass band 0 <w < wc
LPF Stop band wesw=sTr

< W <
HPF< Stop band 0 sw <wc
Pass band wcsw<sTT

Pass band wcl <w < wc2
BPF<

Stop band 0 <w<wcl,wc2<w=<Tr

Stop band wcl sw < wc2
BSF<
Pass band O<w<wcl wc2<w<Tr

We, wel, and we2 arg called the cut off frequengles, | qes



Design Of Digital Filters
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Advantages of using digital filters

1. A digital filter is programmable, i.e. its operation is

determined by a program stored in the processor's memory.
This means the digital filter can easily be changed without
affecting the circuitry (hardware). An analog filter can only be
changed by redesigning the filter circuit.

2. Digital filters are easily designed, tested and
Implemented on a general-purpose computer or workstation.

3. The characteristics of analog filter circuits (particularly
those containing active components) are subject to drift and
are dependent on temperature. Digital filters do not suffer
from these problems, and so are extremely stable with

respect to both time andgmperatsiie. MYesviu Notcs
ag



4. unlike their analog counterparts, digital filters can handle low

frequency signals accurately. As the speed of DSP technology
continues to increase, digital filters are being applied to high frequency
signals in the RF (radio frequency) domain, which in the past was the
exclusive preserve of analog technology.

5. Digital filters are very much more versatile in their ability to

process signals in a variety of ways; this includes the ability of some
types of digital filter to adapt to changes in the characteristics of the
signal.

0. Fast DSP processors can handle complex combinations of filters

In parallel or cascade (series), making the hardware requirements
relatively simple and compact in comparison with the equivalent analog
circuitry.

WWW.mycsvtunotes.in MYcsvtu Notes

agk



1- Filter Characteristics Specification
. Pass band
H(e™) " wsw,

1-6p<|H(eW)|<1+&p
Op Pass band deviation
wp Pass band edge frequency

|+5, ,
7 ::::—-:. 7 ,
:5:—' :Eﬂ*'i ?* ..—H" o

-0, &

Stop band
W Sw ST
|H(eW)|<bs
os Stop band

deviation
ws Stop band

|' "‘I‘ * :lr \edge frequency
FE.!i‘.!i‘ band Step band

Fransition bang, ., mycsviunotes.in MYcsvtu Notes
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Normalized LPF specs
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Classification of filters according to
Impulse response length

N

Finite Impulse Infinite Impulse
Response, FIR Response, IIR

filters filters
M-1 o
n
h[n] = > _a"u[n] h[n] = a"u[n]
n=0 =0
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2- Selection of filter type

FIR or IIR

1. FIR can have an exactly linear phase response.

2. FIR realized nonrecursively is always stable.

3. Quantization effects are less severe in FIR than in IIR.
4. FIR requires more coefficients for sharp cutoff than IIR.
5. Analog filters can be transformed into IIR.

O. FIR is easier to synthesize if CAD support is available.

An FIR system is always stable, But an IIR system may
be stable or not, and it must be designed properly.

Www.mycsvtunotes.in MYcsvtu Notes
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a2 L = h

Amplitude

Armplitude

An originally stable IIR filter with precession coefficients may
become unstable after implementation due to unavoidable
guantization error in its coefficients. !!!

il H(z) = —+—— =
1-1/8452 * + 0.8505862

-
% 1

e M d
& JiieR :

n i : Stable IIR filter

RO 70 B0 30 100

—_—
i |

I
I 10 20 a0 A0 a0
Tirne index n

After quantization
unstable IIR filter

1
- 1-1.8521+0.85z"

H ()

0 10 20 a0 40 alll B0 70 alll 90 100
Tirne index n WWW.mycsvtunotes.in MYcsvtu Notes
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Filter degree

cosh *(1/ k1)

Ioglo(ll K1) _
- log,,(1/ k) cosh™ (1/ k)

_ 2109,,(47K1) | p= p0+2(p0)° +15(00)° +150(00)**
log,, 1/ p) 1-JKk'

pO= 2(1+\/F)

There are another
approximation for very

N =~ — 20log,, (V O pOs )_ LB narrow pass band and
- 14.6(w, — W )/ 27 very wide pass band
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Example

LPF with 1dB at wp=1kHz, and 40dB at ws=5kHz

}

—_1 92=0.25895

1010
glo(l-l— gz

101log 10(%) =40 > A2=10000

1- Butterworth filter N = log,, 1/ K1) —— > N=3.281=4
log,, (1/K)

. cosh ' (1/ k1) _ _
2- Chebyshev filter N = > N=2.6059=3
4 cosh ™+ (1/ k)

3-FIR filter N = 20 109,(,/5,5, )13 N=7
14.6 MmWstt;s!{nZE MYcsvtu Notes
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DESIGN OF

Infinite Impulse Response (IIR)
Filters
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:

FIRST DESIGN ANALOG FILTE_E_E'HD OBTAIN TRANFER FUNCTION Hi3)

OBTAIN DESIRED ANALOG T. F. H[&] BY USING ANALOG FREQUENCY
TRANSFORMATION

3l

CONVERT ANALOG TRANFER FUNCTION Hi5) INTO DIGITAL TRANFER

FUNTION HiZ)
T

STANDARD FORMAT OF HiZ) |5 TRANFER FUNCTION OF DIGITAL
FILTER
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¥
FIRST DESIGN ANALOG FILTER AND OBTAIN TRANFER FUNCTION H(S)J

TWQ BASIC METHODS ARE

BUTTERWORTH

METHOD

CHEBYSHEV

WO oR

INVERSE CHEBYSHEV FILTERS
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OBTAIN DESIRED ANALOG T, lm?] BY USING ANALOG FREQUENCY

TRANSFORMATION

Anolog frequency transformation

Type

Low-pass

High-pasas

Bandpass

Bandstop

Transformation

L2,

E 5

8 =

&

3 .
% 4 Cr L),
8 — () S

D s(Qy - Q)

5§ —» L1, —
fet a0,

g8, — L2,

.

www.mycsvtunotes.in
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s

CONVERT ANALOG TRANFER FUNCTION H(S) INTO DIGITAL TRANFER
FUNTION H(Z)

IR FILTER DESIGN BY APPROXIMATIOMN
OF DERIVATIVES

- IIR FILTER DESIGNMN BY IMPULSE
= o INVARIANT METHOD

METHODS

IR FILTER DESIGN BY THE BILINEAR
MSFORMATION

A Unit Circle
5

b
S — __.!..- - .;I( -
_..__...E::ﬁn:“_?___... —

—— . ‘\.\ "\_ \\t\\‘v—_

z-plane

Mapping from s-plane Mﬁmycswunmes'm

W™
r

o= 2tan af
2
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“ﬂ'
CONVERT ANALOG TRANFER FUNCTION H(S) INTO DIGITAL TRANFER
FUNTION H(Z)

h )

IR FILTER DDESIGNRN B AP P RODCEMAS T IO
TOFF EDERI'Y.O T  ITI'vIES
— L
g=| =

H(z)= H, (s)| _,_,-1y7 LT
a N =1 1 - 4 ll
o i Imiz) ™
':h'u .. xf J,' Z-plane
.'\"'-.. --\. ™ .\.'\"\-\.i
TR i :
", '_\. . " I
-'H._H_ "\-\..\. -\..\.- .\.'.\_ -I -
’ . -M.H\'!_ __--- | =,
: R —_ - J |
H. .\'-\.\_.\. ", " T .#_
AR NE . I -
- o ., Ra(z)
u ™. ]
'\-\.-: L, h S | ."' T — -__ g
N / bl
T N
M Lt Cingda
. J
RN i
S-plane Z-plane
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Example 8.1 L backward difference for the derivative to
-onvert the analog low-pass filter with system function

1 page number 421 to 422

His) = 5+2.

VXL ) R R Use the backward difference for the derivative anc

convert the analog filter with system function

Hs)i= 21
8“4+ 16

Example 8.3 8 analoéﬂ filter has the following system functior
Convert this filter into a digital filter using backward difference fcr
the derivative. T T |

iy

—r——

——

H(s) = 1
(s + 0.D)*+9
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ii 4

Example 8.2

Exqmple, 83

ANSWER OF §.1,8.2 &8.3

= 18,

H(z)=— 1—1
3 -z
H{E] = 5 11_1
z “~-2z " +17
7T = 1s,

0.0979
1-0.2155 2" + 0.09792 272

MY csvtu Notes

H(z)=
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lIR FILTER DESIGN BY IMPULSE
INVARIANT METHOD

T'1s the sampling interval [, ;) = h.(nT)

Some of the properties of the impulse invariant transformation

1yt g 1
w7 mo] =T 1
(s+8;) (m-D! ds 1-¢7°" 2

$+a 1-¢ T (cosbT) 27}

.....} —
(s+a) + b2 1-2e77T (cosbT) 21420t 52

b e " (sinbT) 2}

_} w
(s+a) +b®  1-2¢""T(coshbT)z !+ p20T -2

];5—)55

REMEMBER ABOVE FORMULA
Www.mycsvtunotes.in MYcsvtu Notes



M
A.
H,(s)= ) —
i=1 5~ B

taking the inverse Laplace transform

M
h, (£) = z A ePif u (1)
=1

u, (t) is the unit step function in continuous time
M

hin)=h,mT) =Y A e’ u, (nT) _
t=1 -n
taking the z-transform, H(z) = Z hin)z

filter’s system function

L]

M n=0
Hz =) | Y A ePin T uﬂ(nT)]z'” >

n=0i=1 M [ e
H) =) [z Ae” "y (nT)|z"
) i=1{n=0

M
He -3 — 2
2

b=1 WWW.mygsvtunotes.in MY csvtu Notes
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z=e" re’
z =ePil
i
&-plana T
| -
x_:f-:r'_;.%"’
S
T
. -u:‘x:“._ " oy
e i

p;T »=1
! (4 aT (3T r
et g/
)]
Ifm £
‘:' Unit Cirncla
Z-plang |
!
|
— f{ﬁ%_"{
INNAN
¢ 1 %@ﬁ? ! Rez
‘x:}:“:_ -

The Mapping of z = *7

QT

www.mycsvtunotes.in
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QUESTIONS : PAGE 425 TO 427 AY N
oy I X Convert the analog filter into a digital filter whos

-stem function is
_ s+02
(s+02)72+9

~ se the impulse invariant technique. Assume T = 1s,
T LR R For the analog transfer function

H (s)

_ 1
s+ D(s+2)

determine H (z) using impulse invariant technique. Assume T = 1s.

H(s)

&

m Determine 1 (z) using the impulse invariant technig

for the analog system function

H(s) = 1
(s+05)(s? +05s+2)

. : WWW. mycsviunotes.in MYcsvtu Notes




SOLUTION OF PROBELEM NHUMEER

Example 8.4

His) = s+a

1—e T (cosbT) 2z}
1-2¢ T (cosbT)z ' 4+ 7247 ;72

H(z)=

1-¢ %% (cos3T) 271
1-2¢702T (cos3T)z '+ g 04T ;-2

T = 1s,

1-(0.8187)(-0.99) z™*

Hiz)= = 3
1-2(0.8187) (-0.99) 21 +0.6703 z

1+(0.8105) 2~
1+162102z 1 +0.6703 2%

www.mycsvtunotes.in MYcsvtu Notes
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Example 8.5

1 _ A . B =A(s+2)+B(s+1#
(s+D(s+2) s+1 s+2 (s+1D(s+2)

H(z) = 1 N 1

1-e Tzt 1-¢27 -1

H(s)=

Since T = 15,

0.2326 z !

H(z) = 1 )
1-0.50322z ° +0.0498 z
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Example 8.6

(s+05)(s“+05s8+2) s+405 s“+0bHhs+2
AG“+058+2)+Bs+C)(s+05 =1 A+B=0

A=0.5,B=_n‘ and C = 0. 06A+08B+C=10
0.5 0.5s - 2A +0.5C =1
s+05 s2+05s+2

Hi(s) =

05 0 5( S EJ
s+ 05  |l(s+0.257%+(13919)

0.25 V2o =77 i
_ 055_0‘5( s + - J

T 5+05 (s+ 02572 + (139197 (s+025)° + (1.3919)°

05 o5 [ s+ 0.25 ]
= 5105 s + 0.250 A L3S

MY csvtu Notes




1.3919
- +0.0898 ( (s +0.25)% + (1 3919) )
0.5 1- e 927 (cos 13919T) z” }
Hiz) = 1-— “5T FD L 22'“55‘1(0{)5 13919T)z +e ﬂﬁTz_z
o 0257 (gin 1.39197) 2~ ]
;emng+:r0;0:81§,8 1= 26 057 (cos 1L3919T)2 " +e” " 20"
-1
0.5 1-0. 1385 2 ]
1 5) = ~-05 .
1zl = 1-0.60652"" [(1;__0.277 21 +0.606 27"
0898 0.7663 2~ )
+0. (1-0.277 2~} + 0.606 27°

0.30325 z* + 0.2194 z
-3 _(.8835 22 +0.774 z — 0.3675

AMSWER

Hiz)=

Www.mycsvtunotes.in MYcsvtu Notes



IR FILTER DESIGN BY THE BILINEAR
TRANSFORMATION

above hath methods are vseml for Low & BANDPASS FILTERS WHOSE

RESONANT FREQUENCIES ARE LOW, THESE TECHNIOUES ARE NOT SUITABLE FOR HIGH &BAND

neseerriLrens 0VeRcome Agove Lvmamion usivelBILINEAR TRANSFORMATION
THSISONE TOONEMAPPING ROM SPLANETO L-UANE, .~/

///_) 1-21) 9(z-1 {,zul 2}?6*""1’—_11
anzlj [z+1 T+ 1)) T\re 1 1)

1 Q T
m Z2tan frequency warpmg
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J e LA UN Using bilinear transformation ohtain Hz)if

. 1
H(s)=
s (s + 1)°
and T = 0.1s. i
Solution For the bilinear transformation
H(z)=H(s)|,_2_1 - 1 -
. ‘ Lo Tiz+ 1) 2{2—1}+1
Subgtltutmg T =0.1s, Tgiz T
' 1 _ (z+1)
Hiz)= (z—1) 2 (21z - 19)?
20 = 1]
{(z+ 1)

0.0476 (1 + z~1)*

Hiz) = 00048 2 1)2

Www.mycsvtunotes.in MYcsvtu Notes



gxample 8.7 WO {Ely? the analog filter with system function

5+ 0.1
(s+0.1D%+9
o adigital IIR filter using bilinear transformation. The digital filter

His) =

-~ould have a resonant frequency of ®, = ]ZI-

(X i LR R A Apply bilinear transfnrﬁatiun to
2
(s+1){(s+3)
) with T = 0.15_.
PRIV ONLE RN A digital filter with a 3 dB bandwidth of 0.257 is to be
esigned from the analog filter whose system response 1s
Q{Z'
s+ L2,

H(s) =

H(s) =

" “ze bilinear ....isformation and obtain H(z).

Www.mycsvtunotes.in MYcsvtu Notes



AGHK

gxample 8.7

+ 0.1

2'(z—~1) 2
{T (z+1)+0.1] +9

__ (@I (z-1(z+1+0 1(z,+ 1)
[2/T)(z-1)+01(z+ D] +9(z+ 1)?

Substituting T = 0.276 s,

1+00272"1-0.973272
8.572-1184 271 +8.177 22

H(z) =

Www.mycsvtunotes.in MYcsvtu Notes



Using

ExampfeH 5
H(z)= H(s)|,_2 2T

(2D, (2ED )
T(z+1) J\T(z+1D

T =0.1s,

2
(20 (z-1 1][20 (z-1) +3J
(z+ 1) (z+1)

_ 2 (2 + 1)°
(212 -19)(232 - 17)

H(z) =

0.0041(1+ 2" 1)’

H(z) =
1- 1644z +0.668 272

AGK_RCET_BET
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aGHK_RCET_GET

ampie 8.9

Q. =2 tan ¢ = 2 tan 0.125 7= 0.828/ T
T 2 7. -
H(z)= H(s)|._2 -1
, T (z+ 1)
0-828 I
Q T T

2 {z—l}_ﬁ_ﬂ': ) {z—l}+0,828
T (z+ 1) T (z+ 1) T

0.828(z+ 1)
2(z-1)+0828(z+ 1)

1

1+2z

H(z)= |
3.414 - 1414 z

Www.mycsvtunotes.in MYcsvtu Notes



AGK_RCET_BHILAI_SET

PESIGN ANALOG FILTER AND OBTAIN TRANFER FUNCTION H(S)

1) BUTTERYWORTH FILTER

BUTTERWORTH FILTERS
The Butterworth low-pass filter has a magnitude response given b

A
|H(jQ| = .
[1+(@0,)*N]”
H(j)
A

0 | Q, Q

Fia Maonitude Reshonse of a Butterworth Low-pass Filter
Www.mycsvtunotes.in MYcsvtu Notes



DESIGN OF ANALOG BUTTERWORTH FILTER

DESIGN METHOD:

AGH_RCET_BHILAI

A =1,

STEP-I:- STAHDARD SPECIFICATION IS

f )
iH{eJ“}| <89, W ST

. R
Slﬂlfﬂe?””}lﬂ ,L0<w<w,

T

{ﬁ=§—tan~(£

2

.} OCTHERWISE USE

5 1

1

14 (Q,/Q, 2N

e,

13 (@, <

2
2

-,

3 dB cut-off frequency €,.

CONVERT DIGITAL FRAQUENCIES INTO ANALOG FREQUENCIES ,WHICH IS5 DEPEND ON
METHODS.FOR BILINEAR TRANSFORMATION USE FOLLOWING RELATION:

w = QT

Www.mycsvtunotes.in
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AGHK_RCET_EHILAI

STEP IlI:- Determine order of filter H

1 log {[(1/85 ~ 1/(1/67 - 1]}

2 ]{}g (szﬂl} Where
N is chosen to be next nearest integer to the value of N
O = €2,
STEP lll:- Det i I t fer funti Hi=) | r{ lfa‘?) o 1.| e
N=2,4,86, .. b, =2sin [(2k - 1) w/2N] and ¢, = 1
N2 9
Hisy= ] = By €2,
o1 85+ by Q.s+c, O
N=3,56,7, .. b,=2sin [(2k - 1D)n/2N]andc, =1

Bﬂ £2r‘ {N - 1]1"2 Bj'; Q{%

[

: _ . .
s+cecq L2, L s* + b, Q2. 5+c¢, QF

Www.mycsvtunotes.in MYcsvtu Notes



AGH _RCET_BHILAI

The parameter B, can be obtained from

N2

A= H B, , for even N
k=1

and

(N~ 13/2

A I1 Bx, for odd N
k-1

Solve above and Obtain analog TF His)

STEP IV: Use frequency tranformation and obtain desired TF if anyilt i5 depend on question)

Type Transformation
£
Low-pass § =t g
€
. .
High-pass g MU
=1
5+ 03, L1
Bandpass g — L) —— L bda
{1, = £1]
Bandstop & —s 01 Si'--i_.- - Lk
g+ 11,12,

Hote: When cutoff frequency is real value function then no need of step I'Y because solution of step Il is
analog tranfer function of lowpass filter.

Www.mycsvtunotes.in MYcsvtu Notes



AGHK_RCET_EBEHILAI

STEP V: After determining analog TF convert then into Digital TF,which is depend on question

system function of the equivalent digital filter is obtained from

His) using the specified transformation technique.

Always represent HI(Z) in standard form at
for example

. |
oy —14509- oz_'gflz B

1-0.13102z" ! + 0.3006 22

Poles of a normalised Butterworth filter

This is another method of desighn

The poles in the left-half of the s-plane are given by,

. - L2 = N Lin/2N - p(2n — 1In /2N
‘Bil_ﬁrt+-}£}i1_€ =J]€

s = —sin(gn_ ljn+ 'cﬂs[gnhl}n
" ON / oN

Www.mycsvtunotes.in MYcsvtu Notes



AGK_RCET_BHILAI
l

PATTL O RIE Determine H(z) for a Butterworth filter satisfying

the following constraints

—_—

J05< |He!™)| <1 0<w<n/2
He'")| €02 3nMd<o<n
with T = 1s. Apply impulse mnvariant transformation.

2 RER Design a digital Butterworth filter that satisfies the
constraint using bilinear transformation. Assume T = Is.
He He!™ <1 0so<n2
Hie )| <02 - SnMd<o<n
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E;ramplﬁ' 8.11

Solution Given &; = /0.5 = 0.707, 8, = 0.2, 0, = n/2 and w, = 3n/4.

STEP I:- 3
T mz T
Q. =-—== and Q,= —
Lo T g T4

STEP II:-

1 log {24/1} _

2 log(15) =391

Determination of — 3 dB cut-off frequency £2, /2
[(1/0.707%) - 1

1/8 :g
]

N B, QF
His) = l_[ 5 _k - 5
hoq ST+ b0, Q8+ QF

B B, QF B, O )
s +b,Q, s+, O Jls® +b,Q,5+c¢, 0° )

&
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His) = (

2.467 ]( 2.467
Ls% + 1.2022 s + 2.467

2 -
¢ + 29025 + 2.467 J
NO NEED OF STEP IV .WE DESIGN LOW pass FILTER.
STEP V:- APPLY IMPULSE INVARIENT METHOD TO CONVERT ANALOG TF H(5) TO DIGITAL TH OR DETERMINE H(Z):

AﬁuB ) { (s + [} “'i

L | e ———

s” 4 ?QU25T245

P — =

| .
st 4 12022 5 + 2.467

Ii{s) =

s+ 120225 + 2. 46’“J L 8% + 290255 + 2.467

Let H o~ = Hs)+ H,(s),

45095 + 17443 | . ( 145098 +4.2113 ]

by | 143098 < L7448 ) o qgppg) 812022 )
'!-5" - il 2 12022&:"‘2461: — L{3+0601)24—1451£
- {4.4509;[ 5+ 0601~ ]-{0.601)[ Lol
(s+0.601? +1.451° (s+0.601)° + 1.451°
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s+ 1.45 0.604

"= (1.4509) (

] + (3.4903)[

L (s+145)% +0.604> (s+1.45)% +0.6042

~1.45T |
- (14509) - 1—e” (cos 0.604T) z! S

1~ Qe 1407 (cos 0604?’)3'1 Te'"'ﬂ'? 22

—

+(3.4903) :

g_‘f:ﬁ? (sin 0.6047) 27!
—2e M7 (eog 0.604T)z7 1 47297 ;-2

Hiz)=Hy(z)+ Hy(2).

[ 14500 - 02321271 14509+ 0.18482""
1-0.131027" +0.30062"2  1-0.3862z L + 005522
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ore, 00, = 2, 2
/82 =2.414 N 1 log {[(1/85 - D/(1/8% - 1::]} @
2 log (Q2,/Q,)

_ Q, 2
Q, = . = 2.5467
[(rsh - 1" [(wo9?)-1]"°

2 5487 ] [ 6.4857 ]

s +2.5467 )\ s* + 2.5467 s + 6.4857
16.6171(z + 1)®

70.832% + 31.12052z% + 27.23512 + 2.948

0.2332(1+z 13
1+0.439427 1 +0.38452 2 +0.0416z7"

H(s) =(

Hiz)=

{ H(z) =
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2)Design Chebyshev filters CHEBYSHEV FILTERS

. A Where
| H(jQ| = °F —
[1+€* C} (/0]

cos (N cos™'x),  for|x|<1

cosh (N cosh™ '), for |x]> 1

CN{I].=

Mapnitude Response of o Low-pass Chebyshev Filter
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JESIGH STEP OF CHEBYSHEY FILTER TYPE IS5 A5 FOLLOWS:

;‘:IEEI;;- DESIGMN SPECIFICATIONS ARE f:,"l] f-: IH{E ;m} I 5 1 U -r.':_‘_' M 'I:_: {I}l
» 1 ‘ |He’?)| <& W <OET
87 < — <T -
1+e° Cxy (£2,/Q,)
1 | Assuming Q, = 52 < b
< 52 1+¢”

S 1+e7CY (/0 "

STEP Il -

The order of the analog filter, N

| 05
cush"l{l {—1_:,- - 1} L
€103 |

cosh™ (Q,/Q,)

N >

LUnoose N to be next nearest integer
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STEP Ill:- DETERMINE H(5) The transfer furction of Chebyshev filters are

N
.:: B, Q7

FOR Nz EVEN { ey = 1__[
- b b -_

L2 9
k=1 % +bj¢ !:1{,34—[3# EZP

} N=2,46, .

ar

FOR HN=0TD {;I,J 172 3
ByL, Ty B, Q-

His)= - l_[

+ I 2 D
WHERE:__ s+cg bl 47 sT+b, Q. s+0¢, QF

Cp =Y¥Yyn + COS o N

N=351, ..

Yo =
N79
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STEP IV :

Table

The parameter B, can be obtained trom

= I I “k for N even
240.0 e
(1+¢€°) h-1 Ck
and
N -1
. B
A= | I —& for N odd.
k=0 Ch
gives the analog frequency transformations formulae.
Table Analog frequency transformation
Type B Transformation
Ll
Lﬂw-pasg 8 — : <
-
High-pass L Q.0
=5
2 i
Bandpass 8 — L) 34,0
s(€, — 2]
Bandstop s 0, 22 )
s 40,0,
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STEP V: Aﬂ;r determining analog TF convert then into Digital TF,which is depend on question

s3ystem function of the equivalent digital filter is obtained from

H(s) using the specified transformation technique.

Always represent H(Z) in standard format
for example

~1.4509 - 0.2321z""*

i ) R oSl w522 AP
1-0.13102"" + 0.3006 2~ o
_:_ =l _.-"‘_‘;‘— K“‘—__.E-”f P / M

e S .
Normalised Chebys..  Filter

. ! B i g Lo i
Hj@))*=- - - 146 C(is) =0 Cy o) =2 == cos [N cos™ (s

1+ C (QUQ.)

s, =-sinxsinhy +jcosx coshy =0, + 142,
o 2 Q- 3
o { 1,2,....,(N+1)/2 for N odd sinh?y cosh’y
1.2 NA for N even “
=@2n-0-2"- n=12,..,N
2N ' L
y= t% sinh ™! (l) “s,, ': s"' Q°
£
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T ITI - B ER Design a digital Chebyshev filter to satisfy the

constraints
0.707 < |H(e "™} =1, D=w= 0.2n
|H e ™) = 0.1, O.m<sw<n

using bilinear transformation and assuming T = 1s.

Table Digital frequency transformation
Transformation Degign Parameter
LOYY PASS : P sin [{o, — . )/2]
e e e —— o = - —
l-az""' sin [{w, + w_1/2]
HIGHPASS
-1 . . -
P =z b a = — cos [(m, — mijls"i]
1+ gz ! cos [(m, + w_1/2]
BANDPASS i, _= g,z ' +a, a, = 20 KNK + 1)
= - ; = - L .
doz P —a, s el = (K- 1NK+1
o = o8 [{en, + w2/ 2]
cos |[(wg — oy /2]
. (g — g e 7y
K = ::-:ILL—‘- : !tan[ -
2 2 )
BANDREJECT L 2% g 2 +a, i, = 2K + 1)
z L= 01— KWl +
agz 2 —a,z '+ 1 @z =1 ' K)
o = SO [0, + on, /2]
cos [(oy — o /2]
(g — kg O
K= tunlgihan' - )
L y b
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Lxample 8.13-

Q=@ = 7 tan ! = 2 tan 0.1r = 0.6498 ;

=2
n
|
|
H
|
e
| S
L=
[
|
[

Oy= 2 tan 2% = 2tan 025 1 = 2
T 2

N4 i 2

B, () B, Q)
His)= ] — S =, T
o1 5 +b, Qs+, sT+b Qs+

1 1
_ 51 {[2.414]5 —{2,414]"2} _ 0.455
B
b, = 2y, sin [(2k — Ln/2N] = 0.6435 C—l = 0.707, and hence B; = 0.5
. 1
g (2k-1n \
¢, =y 5+ cos? 2E-UT _ o707 \ 0.5 (0.6498)°
2N H(s)='"— ——
s? + (0.6435) (0.6498) 5 + (0.707) (0.6498)°
Hiz) = - L2111
[2 (z 'i}] : ﬂ.4181[2 (2 ~ ”J+ 0.2985
{(z+ 1) (z+1)

~ 0.21111(z + D?
51347 2% - 7.403 z - 3.4623

Rearranging,

0.041(1+2z 1)

HITE."}': ] _.d-
1-14418z " +0.6743z"
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INVERSE CHEBYSHEY FILTERS

T | <)

L

A x
0.707A

£ Cy (025/12)

|H(jQ)| = ——& -
[1+¢* €} (9,10’

0.707 = |HIUjQ)| =1, 0=0=Q,

= E,?'
{)! - = _'2'_
1+¢ 5
- VAYAVA R
- When Q = £2,, . P .
40.5 c 2 :
cosh™? [l ~1| Magnitude Response of the Low-pass Inverse Chebyshev Filte-
2
_ cosh’ Yile) 05 J

iv =

cosh™! (Q,/Q,) ~ cosh ' (Q,/Q, )
value of N is chosen to be the nearest integer greater

ALL PROCEDURE OF TYPE-II IS SIMILAR TO TYPE —I ACCEPT ABOVE
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ELLIPTIC FILTERS

P 1 | ey
2% = ———— . PN L2p
| Hjen] 1+ = Uy (CX/E2.} n

0
Meagnitude Response of a Low-pass Elliptic Filter

Foui b Y TR NER A prototype lﬂw—;i_észq filter has ti"-l‘;‘.-mﬁ-;s-itﬂ]!;'l rr-apnn_-ef

Hizi = 5 1
5 +2s+ 1

. Obtain a bandpass filter with Q, = 2 rad/s arz

L
2
=10, Q2 -0, Q,and @ = —"0 & — = i.e.
@ . 1omne @ Q, -0, T80, — Q)
Solution _ s® +Qf s? 4+ 22 =50 (52 + 4]
Y s, /Q) “ s(2/10) “I s

H (s — 0.04 52
e I R — 5 R Ty
Q2 s* + 040,57 +(BQ? + 00Ds? + 160, 5+ 16 (-
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AGK_RCET_BHILAI filter into a digital filter using the impulse invar mnt technigue.

Transform the prototype E@J-pas His) = 1
Aunction s+ 01)+9
Q, ~ 13 Convert the analog filter to a digital filter whose system
Hs)= —— function is
5+ L1,
into a high-pass filter with cutoff frequency €. H{s) = %

T (s+2)

e =14 Convert the analog filter to a digital filter whose system

-1 o S
function is

(s+0.1) +36

The digital filter should have a resonant frequency of w, = 0.2 1.
Use impulse invariant mapping.

~ 15 What is bilinear transformation ¢

s 16 Compare bilinear transformation with other transformations
based on their stability.

~I7 Obtain the transformation formula for the bilinear
transformation.

= 18 An analog filter has the following system function. Convert this
filter into a digital filter using bilinear transformation.

1
(s+0.2)° +16

» 19 Convert the analog [ilter to a digital filter whose system
function is

i sdapy onpdipye aqiansagy

suappyf gojoun fo sadiy aolfnu

SMFSLEDIDYY punqdoys pun puvgsspd 2y aupduwio)

His) =

i papoau wonnuidafsungg Ouanbaly g1 Ayp 88

1
(s+2)F (s+1)

using bilinear transformation.

His) =
MY csvtu Notes
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-

R.30

Presign a digitel Chebyshev filter to meet the constracnt
0.8 = |H e ") =1, 0 =<w=02rT
|H e | =0.2, O06r<w<nm
using (i) bilinear transformation and {(it) impulse invariant
transforrmation.

Dezign a digital Butterworth filter to meet the constraint
0.8 = |He )| = 1, 0<w=<0.2x
| He'™)| =0.2, D26 <m =

wusing (i) bilinear transformation and (i) impulse invarianr
transformalion,

&322

Design a digital Butterworth filter to meet the constraint
0.9 < |Hfe )| = 1, 0<w=025nr
|Hie %} =0.2, O6r<sw=nr
wsing (L) bBilinear transformation and (i) impulse invarian:
transformation.

583

Dezign and realise a digital LPF using bilinear transformatic:
to satisfy the following requirements

() monotonic stopband and passband

(bl -3 dB cut-off frequency at 0.6 7 radians, and

(o) magnitude down at 16 dB at 0.75 r radians.

[5'.34

Determine the normalised low-pass Butterwaorth analog poles
for N = 10.

J

5.35

Determine the normalised Chebyshev analog low-pass poles jr-
N = 6.
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