Discrete-Time IIR Filter Design from
Continuous-Time Filters

Quote of the Day

Experience is the name everyone gives to their
mistakes.

Oscar Wilde

Content and Figures are from Discrete-Time Signal Processing, 2e by Oppenheim, Shafer, and Buck, ©1999-2000 Prentice Hall
Inc.



Filter Design Techniques

Any discrete-time system that modifies certain frequencies
Frequency-selective filters pass only certain frequencies

Filter Design Steps
— Specification
e Problem or application specific
- Approximation of specification with a discrete-time system
e Our focus is to go from spec to discrete-time system
- Implementation
e Realization of discrete-time systems depends on target technology

We already studied the use of discrete-time systems to
implement a continuous-time system
- If our speC|f|cat|ons are given in continuous time we can use
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Filter Specifications

e Specifications e 5 N
1 +8 — ~_
— Passband 0 s _
099 S ‘ HEﬁ ( JQ)‘ S 101 O S Q S 272-(2000) Passband | Transition Stopband
- Stopband QQ"-”""
H.(jQ) < 0.001 2x(3000)<Q T L
T
e Parameters | ‘“
) LH (&)1 =0T
wFan Sy 8 =0.01 D e e
_ _ - | -5 o N —_) w0
Qea“mcl = 82 = 0.001 \\\
MQQ}U/Q/& Qp = ZTE(ZOOO) Passband Trﬂhgﬁion Stopband
P o 0= 21(3000) \
i =— N ———

e Specsin dB
— Ideal passband gain =20log(1) = 0 dB

- Max passband gain
— Max stopband gain

= 20log(1.01) = 0.086dB
20l0og(0.001) = -60 dB
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Butterworth Lowpass Filters

e Passband is designed to be maximally flat
e The magnitude-squared function is of the form

H(ie) = - \ H.(s)" = -

1+ (/i F"

NS |, (joy)|

Q

s, = (-1)*(jo,) = Q.el=/2VkN-1 - for Kk = 0,1,...,2N-1

Copyright (C) 2005 Guner Arslan 351M Digital Signal Processing 11



Chebyshev Filters

e Equiripple in the passband and monotonic in the stopband
e Or equiripple in the stopband and monotonic in the passband

2 1
C1+eV(Q/Q,)

H. (i) Vi (x) = cos(Ncos™ x|

|H.(j)

L=,
[
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Elliptic Filters

Copyright (C) 2005 Glner Arslan

{1
Figure B.6 Equiripple approximation
in both passband and stopband.
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Filter Design by Impulse Invariance

Remember impulse invariance
— Mapping a continuous-time impulse response to discrete-time
— Mapping a continuous-time frequency response to discrete-time

h[n] = Tgh, (an )

He )= SH. [Jﬁ J@k]

d
If the continuous-time filter is bandlimited to

H.(jQ) =0 Q> n/T,

H(e*) = Hc(j Tﬂj o] <

d
If we start from discrete-time specifications T, cancels out
— Start with discrete-time spec in terms of ®
— Go to continuous-time Q= o /T and design continuous-time filter
— Use impulse invariance to map it back to discrete-time o= QT

Works best for bandlimited filters due to possible aliasing

Copyright (C) 2005 Guner Arslan 351M Digital Signal Processing

14



e Pole s=s, in s-domain transform into pole at e

Copyright (C) 2005 Guner Arslan 351M Digital Signal Processing

Impulse Invariance of System Functions

Develop impulse invariance relation between system functions
Partial fraction expansion of transfer function

)= 3 2

Corresponding impulse response

N
st
hc(t)z kZ:;Ake t>0
0 t<O
Impulse response of discrete-time filter

h[n] = Tdhc(an) = kZN;TdAkeskanu[ ] ZT A ( SdeT [ ]

System function

o) =3

k=

Sk Tq

L ——
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- Besired Spec . Example o
J impulse invariance applied to Butterworth
A\ >@5}3 He) <1 0<|o g
R N H(e*) g@g\m\ <

e Since sampling rate T, cancels out we can assume@

e Map spec to continuous time
[es) g

PR N
N .,f,(

e Butterworth filter is monotonic so spec will be satisfied if
H.(j0.2x) > 0.89125 ‘and |H,(j0.3x) <0.17783

1
H (o) =
RGe) 1+ (/i "

e Determine N and Q. to satisfy these conditions

Copyright (C) 2005 Guner Arslan 351M Digital Signal Processing 16



Example Cont'd
e Satisfy both constrains

2N 2 2N 2
0.2m 1 0.3xn 1
1+ = and 1+ =
[ Q. J (0.89125j ( Q j (0.17783J

e Solve these equations to get
N=5.8858=6 and  Q_=0.70474 Imish

: , I B)H )
e N must be an integer so we round it up to meet the spec | x
e Poles of transfer function Py
5, — (_ 1)1/12(ch) _ ch(jn/12)(2k+11) for k = 0,1,___,1@ s
e The transfer function H,(5)H(-5) = )_:‘:S—_—-;;,- Ju’w
0.12093 3, —Z
H(S) ) 2 2 I
(s> + 0.364s + 0.4945)s? + 0.9945s + 0.4945)s? + 1.3585s + 0.4945)
S
e Mapping to z-domain Sk —> ¢ "
H(z)— 0.2871-0.4466z" N ~2.1428 +1.1455z2!
1-1.2971z' +0.6949z° 1-1.0691z"' + 0.3699z*
s 1.8557-0.6303z""
1-0.9972z*' +0.257z° '
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filter in Example 2. -
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Figure 5 Frequency response of 6-order Butterworth filter transformed by
impulse invariance. (a) Log magnitude in dB. (b) Magnitude. (¢) Group delay.
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Example Cont’'d
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Bilinear Transformation g s

- @
R Ayl = TIR - Gl 250
Y V- F ' -
S = "”( _
Ta\ ) +F
s-plane Im z-plane

Image of
s = j€) (unit circle)

Image of

left half-plane _
Figure 7.6 Mapping of the s-plane

onto the z-plane using the bilinear
transformation.
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Filter Design by Bilinear Transformation

Get around the aliasing problem of impulse invariance

Map the entire s-plane onto the unit-circle in the z-plane
— Nonlinear transformation M(,WU)N(, S g/J /7/(5) /J/

- Frequency response subject to warping ), 7 R )
- . . VAT
Bilinear transformation 1 ) P g U/ft“ H(7)
— N J ) - —
S — 2 [1 z j P HIT < O/J““\‘Jr)/ﬂ”'

— | ]
\\>(_)0’) H(?)JW }/v‘/‘*}d(f//(?)

//(57):/7/((5)/ :7 H(Z):H 2 (1-2z1 0, o))
Y C Td 1 - =

Transformed system function

=_(-2" 3 . - - _
: 7 Ta\\uz") : l—ljz JT’;JH?J/MT ’ qu/%(ﬂ
Again T, cancels out so we can ignore it VL
We can solve the transformation for z as (;Qﬂﬁ(z)

1+(T/2)s 1+0T,/2+jQT, /2
1-(T,/2ps 1-0T,/2-jQT,/2

Maps the left-half s-plane into the inside of the unit-circle in z
— Stable in one domain would stay in the other

S=0+]JQ

22
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Bilinear Transformation

e On the unit circle the transform becomes

_1+30T,/2 _
1-3jQT, /2

jo

e To derive the relation between o and Q

_ —jo —j0 /23 i c
S = 2 (1 e_. =c+]JQ= 2 2e__ /stm(w/z) =£tan
T,(1+e™ T,|2e7*?cos(w/2)| T,
e Which yields
Q = itan(g) or o= 2arctan(Qde
2 2

Copyright (C) 2005 Guner Arslan 351M Digital Signal Processing
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Figure 7.7 Mapping of the

——————— @) T 777777777 continuous-time frequency axis onto the

Copyright (C) 2005 Glner Arslan

discrete-time frequency axis by bilinear
transformation.
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Example ey o) end”

e Bilinear transform applied to Butterworth ,
. Oec sored
0.89125 < He™) <1 0<|of<0.2r - spec

He*] <0.17783 0.3n <o <
e Apply bilinear transformation to specifications

0.89125< H(jQ) <1 o<g1<2ﬁ)aﬂP Besgn
| <[Hi) < ‘H‘T_an(zj < Spec

Qs d
2 (0.3%

H(jQ) < 0.17783 - tan

d

‘Q‘<oo

e We can assume T4=1 and apply the specifications to

1
1+(Q/Q )"

= }7}79 ‘Hc(jQXz -

e To get

2tan0.1x N 1 ? 2tan0.15x N 1 ?
1+ = and 1+ —
@) 0.89125 Q. 0.17783

C

Copyright (C) 2005 Guner Arslan 351M Digital Signal Processing 28



Example Cont'd
e Solve N and Q

- Iogmo-”lmJ ] 1J/ (cosczs) - 1}] By

~5.30526 — Q.=0.766
2log|tan(0.15x)/tan(0.1x))| =2 e

e The resulting transfer function has the following poles
s, = (-1)"*(ja,) = Qe for Kk = 0,1,...,11
e Resulting in

0.20238

H.(S) =
4s) (s +0.39965 + 0.5871)s>+ 1.0836s + 0.5871)s” + 1.4802s + 0.5871)
e Applying the bilinear transform yields e ! )
=
6 /’;a( | +Z
H(z) = 0.0007378(1 + 2!
(1-1.2686z" +0.7051z %1 -1.0106z ' + 0.3583z )

) 1
(1 -0.9044z" +0.2155z27?)

Copyright (C) 2005 Guner Arslan 351M Digital Signal Processing 29
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Example Cont'd
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b) ~

imﬂ/\ ;//y/*(//ihf < W)Nw

Im z-plane
x :
Unit
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x
P
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Figure 7.17 (continued) (d) Pole-zero plot of 14'-order Butterworth filter in
Example 7.5.

Copyright (C) 2005 Guner Arslan 351M Digital Signal Processing

33



J:L
) @ i _al

J\)(_,.r"’\ ~Fl-

\
dR

Hi ]
H
| L i
~ 104} —
1] s Odw (1 e [R5 ﬂ
Hhis Mregiency ()
(L
1Ak
/
=1
g
=
powpmo e e L - i
2 [EE Lt LEY a
— ) _
Haalinn fracoemey (i
&
a
i
U 3 |.=.|:
L) £ |
2
g I (]
|
!I
|
ik 1 |
a [Hed ] de v S =

Fadian {roucmey (i)
L4
Figure 718 Fregeercy mepanse of B%-cacer Shetyshey tepe | filler in Esam-

pla TA. (3] Log magribsde im dB. (b Getailed plal of magniude in passband.
i) Graup delay

Copyright (C) 2005 Guner Arslan 351M Digital Signal Processing



<l

il —

AR

e

9 0 125 T e 115 P
/\ N Radun fregoency (]
- - (i)

S /\f‘ 1.0

LMD —

Amplilude

o
3

1 1 1 ]
1. 4 Nldr L B "

Radian frequency (wl
(E}

!
0

25

Zamples

| | |
] hiw (HE ane k.t T
Radian lrequency ju

(=]

Fegure 710 “requency responss of 8M-order Cnebyshew type || fiter i Exam-
ple £.5. {a) Log megniiude in db. (b) Detziled plot of megnitude In passband.
{} Group delay.

Copyright (C) 2005 Guner Arslan 351M Digital Signal Processing



Im z-plane Im z-plane
8Y.order Unit X Unit
ZEro " cirele [ circle
\ X
X
X . Re
¥
"4
X
NI
BARE
{(2) : (b)

Figure7.20 Pole-zero plot of 8"-order Ghebyshevfiiters in Example 7.5. (a) Type |.
(b) Type Il

Copyright (C) 2005 Guner Arslan 351M Digital Signal Processing

36



Copyright (C) 2005 Glner Arslan

iy [ — - S —

=t

-0 |

i

N
i

-1y aZx lhdm Mxh
Fadian frequensy (o

TR}

Amplived

mar [EES I'II:-.'r ] ;i:
Hadian Frequency [
b}

Hamples

I 1
|:|___..... R ——
] 01247 e [T &

Fomdlirn Nragosacy (uw)

[14]

351M Digital Signal Processing

i

Figurn 7,21  Fraguency resperse of B'-onder alliptic fiter I Example 7.5. (2) Log
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Figure 7.22 Pole-zero plot of 6™-order elliptic filter in Example 7.5.
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Multiband

f el ~ LPF O“:

1+6, K &
t=2, T
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Figure 7.23 Tolerance scheme for a multiband filter.
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| ] Figure 7.24 Warping of the frequency
0 &, 7 7 8 geale in lowpass-to-lowpass
2 transformation.
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TABLE7.1  TRANSFORMATIONS FROM A LOWPASS DIGITAL FILTER PROTOTYPE
OF CUTOFF FREQUENGY oy TO HIGHPASS, BANDPASS, AND BANDSTOP FILTERS

Filter Type Transformations Associated Design Formulas
. HE—mE
T @ = —m( ]
Lowpass & =1 sin {E-Lz—““”:]
mp = desired cutoff frequency
o ) a1 HplP)
, ~1 —" 5 0o = — ————.
v Highpass e — - cos (E"E LWE) e .
: o) . ~ . Q/" e Y= desired cutoll frequency Z o Q (z_ ')
VY = 1
08 { o a2 ')
o= —
PR ST S Ry m;(‘i":iiiﬂ)
V4 Bandpass 27! = — i+l k+1 fly3 — by &
k-1, 2 _ Jak_—1 . k=cot| =L Jan|-F
7S Ll ow L 2 2
iy = desired lower cutolf frequency
@y = desired upper cutoff frequency
COS (M—P—E—P—ﬁm 1)
=2 __ T’;_uf,..j + 1-k - CO8 Zpz Tpl
V4 Bﬂndﬁlﬂp E_I = + ._.-_i:!f._. ey — g &
1k, 2 _ 2a .1 - “pz " ¥p1 “p
S SR e T ¢ "’E‘“( 3 )""“(z)

i) = desired lower cutolf [requency
wpz = desired upper cutoff frequency
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Filter Design by Windowing
e Simplest way of designing FIR filters
e Method is all discrete-time no continuous-time involved
e Start with ideal frequency response

Hyle*)= Y hyfnfe hln] = = j H(e" e do

N=—o0

e Choose ideal frequency response as de5|red response
e Most ideal impulse responses are of infinite length
e The easiest way to obtain a causal FIR filter from ideal is

h[n] = {hd[n] 0<n<M o
o ke R
e More generally o - ; "
FIR 5’“”“[”] h [n]W[n] where  win|= {1 O <elns; "
AN

5«»3)%‘\3.
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Windowing in Frequency Domain
e Windowed frequency response

H(e*) = zin THd(ejw)\N(ej(“"e))de

e The windowed version is smeared version of desired response
Wie Flea — 1) )

| |
M

| . |
I | .Ii-.!rrll:_t"n'lj I
: :
— l e I I l N
" o ) T e

™ E'JT I‘]

convolufion ¢~ @P < UQ/’T’/’“;

e

i

e If w[n]=1 for all n, then W(el®) is pulse train with 2 period
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. . AWy,
Properties of Windows § Ps|

Prefer windows that concentrate around DC in frequency
— Less smearing, closer approximation
Prefer window that has minimal span in time
— Less coefficient in designed filter, computationally efficient
So we want concentration in time and in frequency

— Contradictory requirements - 5
Example: Rectangular window (L
0] W en 1—eet o sinfw(M+1)/2]

Wie*)=> e = ——— =e :
e 1-e’ sinjw/ 2]
buo sin (w(M +1)12) v
Demo W(Q ) q ‘.\'Ill (w/2) . (M )
SOtz T NS Zh g

psL Lo

Peak sidelobe

ET — g P

w _ LT T T o
L (M+1) ' (M+1)

Uw/u}) d(’:% —>{ Aw, }4—1\-'Iuilllulm
g width 47
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http://www.jhu.edu/~signals/fourier2/index.html

DN = 4n/(M+1)

— Sharpest transitions at

discontinuities in
frequency

Large side lobs
Pl = -13 dB

— Large oscillation
around discontin

e Simplest window
possible

|

Copyright (C) 2005 Glner Arslan

1 0<n<

w[n] else

Narrowest main lob

Rectangular Window

wn) Rectangular
]
. Hamming
I ———— Hanning
0.8 I —-—— Blackman
I NN ———— Bartlett
| .
0.6 I
|
I
0.4 I
4 I
, | N
02 . | .
’ |
Ol | SN .
L e I \‘:“‘-..z. n
0 M M
2
uities 0
—II"I,IS”_ ST Ay
T
= 40
S _60
8o
100 | | | |
( 0.2 0.4 (.67 0.8 T
Radian frequency (w)
48
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¢ Bartlett (Triangular) Window

® Med|um maln IOb w | RL‘L'L;}nguJ:-n'

Awm;- 87'C/M AO‘)M 0 Hamming
———— Hanning
0.8 — —-— Blackman
R T A TSR Y Wt Bartlett
e Side lobs - o
psL = -25dB W
0.4 I
| &
e Hamming window 02 | \
performs better 7ozt | e,
0 M vl
] . 0 -
e Simple equation
—_ 20
5 -0
( 2n/M 0<n<M/2 £
wn|=:2-2n/M M/2<n<M 2 -1
0 else 80
~100 | |
0 0. 27 0.4 0.67 0.87 T
Radian frequency (w)
49
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¢ Medium main lob
Aw,,\: 8n/M D WA

e Side lobs osl

FIL = -31 dB

e Hamming window
performs better

e Same complexity as

- —_ - = "7

Hamming

1 21N

Copyright (C) 2005 Glner Arslan

Hanning Window

351M Digital Signal Processing

wn|

Rectangular

0 Hamming
| ———— Hanning
— I —-—Blackman
I W N ——— Bartlett
|
|
|
|
|
|
p |
, | 3
s | \
I )
. Y
e | N
L rn” | S~ n
M M
T
0
20—
UM
40
60—
80—
100 | ATAY R
0.2 0.4 .67 (.87 T
Radian frequency (w)
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Hamming Window -

wn| Rectangular

¢ Medium main lob
LW = 8r/M DW,,

Hamming
———— Hanning
—-— Blackman

-—-— Bartlett

e Good side lobs
PSL = -41 dB 5L

e Simpler than Blackman 0 Q =

/;___{,{/‘ ‘\\\"'-‘-‘..&-.‘ n
0
.
27N _ 20F
0.54-0.46cos| — | 0<n<M =z
W[n] = M = A0E
= -F4B
\ 0 else f 60
& 80
100 ' ' ' '
0 0.27 0.4 0.67 0.87 T

Radian frequency (o)
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Blackman Window

wn|

e Large main lob
= 127/M

e Very good side lobs
PSL = -57 dB

/

. Complex equation VWMA_J%

W[n] = <

0

\

e Windows Demo
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http://www.see.ed.ac.uk/~mjj/dspDemos/EE4/tutWindow.html

X v/ -
‘ VA g
~— S/

Vo 603} S A (54 = L!ou’m }'\(me /Jo ackman

)o x ? /\75 :f ?M?Ao
/\I\

00‘)/\/\ ’)’o menﬁ/

TABLE7.2 COMPARISON OF COMMONLY USED WINDOWS W __‘T, 2 MMV Llackman
e

'i}i:k AW R PE:-::lk | n:y,‘/\; Tran.si[ion
pproximation  Equivalent Width
Side-Lobe  Approximate Error, Kaiser of Equivalent
Type of Amplitude Width of 20logpé Window Kaiser
Window  (Relative) ~ Main Lobe E&B)j; (f,\)y,? B Window
Rectangular ~13 A /(M + 1) Q“” ~21 0 1.81m/M
Bartlett ~25 8 /M ~25 1.33 23njM
Hann —31 81/M —34 3.86 50ln/M
Hamming —41 @ -53 4.86 6.277/M
Blackman 127 /M —74 7.04 9197 /M

o o <~
1527 «\HO\%W/&J@ f(‘,,'}; y“,c)’”r?{’ uﬂu))f;_,«),;,f X
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Approximation error (dB)

Approximation error vs. Transition width [* = fixed windows, o0 = Kaiser (8 = integer)]

| e | | | I 1 | I I 1

*
*

= *

oy
Kaiser1®

Qn #* Bartlett

n Kaiserfﬂ‘ i
t‘*
Kaiser3*Q
*
[~ 'l“ —
>

Kaiser4 9, % Hanning

N "*, |
Kaiser5 @W¥ Hamming

L ‘¢§* —

Kaiser6*Q

~¢
| “ —
Kaiscﬁ'q
*a‘ * Blackman
5
- Kaiser8+Q -
‘ﬁ
'I“
- Kaiserg*q i
] ] 1 ] | “4 1
0 0.1 0.2 0.37 0.4

Transition width (Aw)

Figure 33 Comparison of fixed windows with Kaiser windows in a lowpass filter
design application (M = 32 and w¢ = =/2). (Note that the designation “Kaiser 6”
means Kaiser window with g = 6, etc.)
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Incorporation of Generalized Linear Phase

Windows are designed with linear phase in mind
- Symmetric around M/2

wM-n] 0<n<M
w[n]:{ 0 else

So their Fourier transform are of the form
W(e) = W (e¥ Je3oM/2 where W, (e*)is areal and even

Will keep symmetry properties of the desired impulse response
Assume symmetric desired response

H,(e) = H,(e" e 2
With symmetric window

A.le”)= Zin fHe(eje)\/V(ej(‘”‘e)):le

—T7T
— Periodic convolution of real functions
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Linear-Phase Lowpass filter

e Desired frequency response |
e M2 o] < o,

)1

e Corresponding impulse
response . o\ o

sinfo (n—-M/2
hlp[n] = I [(DC( / )] ot ey, |
TC(n - M / 2) [ \/ e m I
e Desired response is even e Ay

symmetric, use symmetric
Wi ndOW !__:'.rllit,,'im—r.l]:l

sinfw (n—M/2)] win)
nh-M/2)

a)c<‘w‘£n

—= h[n] =
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S N’//“ Kaiser Window Filter Design Method

G

Copyright (C) 2005 Glner Arslan

Parameterized equation
forming a set of windows

— Parameter to change main-
lob width and side-lob area
trade-off

- ()
L,(B)

l 0 else

IO
O<n<M

- I,(.) represents zeroth-order
modified Bessel function of
1st kind

T

QW\J/C °

(,A/

351M Digital Sigr
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Amplitude

1060
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[ ]
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-

P s TS Kaser a/vo’wﬂ/,o,f/u'
Determining Kaiser Window Parameters -

e Given filter specifications Kaiser developed empirical equations
— Given the peak approximation error 8 or in dB as@
- and transition band width|A®o = oy — ®,

e The shape parameter 3 should be

0.1102(A-8.7) A > 50
> B=10.5842(A-21)" +0.07886(A -21) 21<A <50
0 A<21

e The filter order M is determined approximately by

v__ A-8
7 T 2.285M0
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Example: Kaiser Window Design of a Lowpass Filter

e Specifications w, =0.47x,0, =0.67,06,=0.01,6, =0.001 pa
e Window design methods assume &, =38, =0. 001—} Z’Jf%)

e Determine cut-off frequency
— Due to the symmetry we can choose it to be o, = 0.5x%

e Compute -
Ao = oy —o, =0.27 A =-20log,,6 =60
e And Kaiser window parameters <5 ®
B =5.653 M =37

Wl = h d\(fﬂw(ﬂ]

e Then the impulse response is given as vl

I, 5.653\/1 _ (” - 185)
> hjn] = { sin[0.5x(n - 18.5)] 18.5

O<n<M
n(n-18.5) I,(5.653
| \/\ 0 else
n\
h;\ ;3_\}1"7 \/\/ 60

IO\MKHWA : T
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Example Cont’'d
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General Freg
e A general multiband imp

h, b[n] -

=z
3
o

=~
I

1

e Window methods can be

uency Selective Filters
ulse response can be written as

sinw, (n—M/2)

G- Ged) = M)

applied to multiband filters

e Example multiband frequency response

— Special cases of
e Bandpass
e Highpass
e Bandstop
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Copyrigh

Initial guess of
(L + 2) extremal frequencies

T

Changed

Y

Calculate the optimum
d on extremal set

{

Interpolate through (L + 1)
points to obtain A ,(e/*)

!

Calculate error E(w)
and find local maxima

where |E(w)l = 6

f

More than
(L+2)

extrema?

Retain (L + 2)
largest
extrema

Check whether the
extremal points changed

4, Unchanged

Best approximation

Figure 50 Flowchart of
Parks—McClellan algorithm.
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Parks-McClellan

Figure 7.44 Typical example of a lowpass filter approximation that is optimal
according to the alternation theorem for £ = 7.
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e

passband edge frequency w, = 0227
stopband edge frequency w, = 0.297

maximum passband gain = 0dB
minimum passband gain = —1dB
maximum stopband gain = —40dB.

TABLE7.3 ORDERS
OF DESIGNED FILTERS.

Filter design Order

Butterworth 18
Chebyshev 1 8
Chebyshev 11 8
Elliptic 5
Kaiser 63

Parks-McClellan 44
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Figure 7.57 Pole—zero plots for the six designs. (a) Suttersorth filtar. (b} Chafyshew i filter.
() Chabyshey | fieer (0] Elliptic filter, (g) Kaiser filter, {f) Parks-McClallan fikar,
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