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FIR Filter Design

Definition: A finite impulse response (FIR) filter is specified by

K
y(n) = ) bix(n—i)
i=0

b; filter coefficients, J

-1 K
The transfer function of the FIR filter:  H(z) = bo+ b1z + - + bxz 4[ K+1 filter length

The difference equation y(n) = box(n) + bix(n— 1)+ bax(n —2) + - + bgx(n — K)

x(n) by

> y(n)

The realization of the FIR filter

x(n—1)

x(n— K)
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Fourier Transform Design Method

H{e™)
,
o |1 0gle<e,
| H(e™) = |
Frequency response of ideal LPF: 0, Q< |Q| <1
X = o~
7 0 0 ¢ Q'T ; ]
Impulse response of ideal LPF: h(n)
* The desired impulse response h(n) of ideal LPF is infinite and symmetrical about n = 0. 11
e After truncating ZM+1 major components using the coefficient symmetry: \ Ik
N M 2 1 —M
H(z) = h(M)Z" 4+ +h(1)z" + h(0) + h(1)7™" 4 -+ + h(M)z e [ [ .
OT & & & & Tl >
Symmetric — lll 0 lll §

* To obtain causal FIR filter, h(n) is delayed by M samples.

- =)
H(;) = b() + ])1;’ ! e b?.Mi LM Where, b, =hn—-M)forn=0,1,...,2M.
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Ideal Impulse Responses for Standard FIR Filters

Filter Type Ideal Impulse Response h(n) (noncausal FIR coefficients)
r % for n=20
Lowpass: h(in) = ¢ -M<n<M
Sin(Qcn) for n+0
\ nmw
( n_ﬂQC for n=0
Highpass: hin) =¢ -M<n<M
_sa0:h) for n+0
\ nmw
r QH; 2 for n=0
Bandpass: h(n) = ¢ . -M<n<M
sin(Qun)  sin(Qcn) o G
\  nw nm
' | ”—Q’;*'QL for n=0 y
andstop: o) =& o . -M<n<M
~sin(Qxn) : sin(Qcn) for: nddB
! nm nm
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Example FIR Low Pass Filter Design

a. Design a 3-tap FIR LPF with cut-off frequency of 800 Hz and a sampling rate of 8,000 Hz using the Fourier transform method.
b. Determine the transfer function and difference equation of the designed FIR system.

3T

c. Compute and plot the magnitude frequency response for (0 = 0, 'y

and Tt radians.

-1 A3

Tt
'2

Solution
Normalized cut-off frequency m) O, = 2f,T; = 27 x 800/8,000 = 0.27 radians

3-tapfilter mp 2M4+1=3 m) M =1 m) h(n) fornfrom —MtoM m) n=-101,

(). sin(Qc:n)  sin(0.2wn)

filter coefficients m) h(0) = — for n=10 and hin) = — — for n=#1
From previous slide table m : 10,2 ]J
.. 0.2 sinl.Zm x
compute coefficients m)  h(0) = Tﬂ =02 and  A(l) = —5———=0.1871

Using symmetry ®) h(-1) =h(l) =0.1871

by = h(0—1) = h(~1) = 0.1871
Delaying h(n) by — by = h(n — M) m) | =n(1-1) = h0) =02
M=1samp|e forn=10,1,...;ZM. b'.f_’ =h{2—1}=h{1}=ﬂ15?1
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Example - contd.

b. The transfer function: causal FIR filter coefficients H(z) = by + bz ' + baz ? + bz *M

where b, = h(n —M),n = 0,1, ---.2M.

Yz

H(z) = 01871 +02z°1 +0.1871z°2 mmp % = H(z) = 018714027 " +0.1871z° mm) ¥(z) = 0.1871X(2)+ 0.2z 1 X(2) + 0.18712 °X(2)

inverse z-transform @) | y(n) = 0.1871x(n) + 0.2x(n - 1)+ 0.1871x(n - 2)

c. The magnitude frequency response and phase response

qusltqit(ut)ing zZ = E"rﬂﬁ H(e™™) = 0.1871 + 0.2e ' + 0.1871e /%
N Z

Factoringterm e /@ mm) H(e/?) = e /(0.1871e/” + 0.2 + 0.1871e /?)
Using Euler formula e” + e = 2 cos (x), B8 H(efn) = /(0.2 +0.3742 cos (Q2))

Magnitu de and | Qradians | f-0f/2x [ 0.2+0.3742c0s Q| [H ()| | [H(/™)| g | 2H( ) degree
—> H(elﬂ)} — 10.2 + 0.3472 cos Q| 0 0 | 05742 | os7az | -482 0
phase frequency ‘ /4 1000 0.4646 | 0.4646 6.66 45
response /2 2000 0.2 02 14.0 %0
, H{e*fﬂ} B —0 iIf 02+03472c05Q =0 3m/4 3000 0.0646 0.0646 23.8 45
= " l-Q+wx if 02+03472c0sQ<0 " 100 | 0T | o7z | 182 0
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Linear Phase
If filter has linear phase property (the FIR

coefficients are symmetric about the middle

coefficient, and the FIR filter order is an odd 2 5
number), the output will simply be a g Wﬁmﬁ’ﬁ?‘?ﬂx%m@mihm I{ﬁmﬁ?ﬁ)ﬂ)
delayed version of input. 7 : OO

;i-' ) 0 5 10 15 20 25 30 35 40 45

M=8 samples 2
deloy T P AR R

y1(n)
=
;
)
3

M=8 > | MatcHing x1(m) &I’IIMM

: L1 -2
Let, 17-tap FIR filter with linear 0 5 10 15 20 25 30 35 40 45
hase property (M=8) 5 2
P =0). - ) o P o
9:" EK@EP\F‘J - o }F:qu@{j - fmm(ﬁ)( Ll—-kl’[_'l hrw@tljﬂxf
= bl Ohb Debdh®
1]
[ M=8 samples ) % 20 5 10 15 20 25 30 35 40 45
delay , 2
< s _
E mm;‘zdjwﬁ - y@?ﬂ)q?ﬁ}@% &Frw@w@mm 3©
O L | i ' LA
~ L LM=8 ?(L&"*‘Matchingxz{n}"& G
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Nonlinear Phase
x1(n) 4+ x2(n) = sin(0.057n)u(n) —% sin (0.15mn Ju(n)

; ] ..
Linear phase filter output: yi(n) = sin [0.057(n - 8)| - 7 & 0.15m(n —8)|

Input: x(n)

90 degree Non-linear phase filter output: y;(n) = sin(0.057n — 7/2) —% sin(0.15m — 7/2)

= 2 T T T ] ] 7 T T
1 | || Combinéd two | | |
2 ol oo | | o]
Input: < RER I
L )
% -2
0 5 10 15 20 25 30 35 40 45 50
2
<> ﬁo“jTTWC %‘:‘/,ﬁ Linear phase filter output
. . (SR S S G P ¥ - R
Linear phase filter output: 3 %eeseey Heeesteny MILL R
M= > | Matching x(n) Yo
20 5 10 15 20 25 30 35 40 45 50
2
" |iOutputwavefotm shape is
. . €, {}Q(‘)(ﬁ( T?Wﬁﬁ?qfﬁerertfmm the one bf x(n)
90 degrees phase delay filter output: 5 °y7 TTLI%T T o0 Gearee ghase shin | OBLL| | I LLo0
D. d l for x1(n) and x2(n)
Istorted: 20 5 10 15 20 2 30 35 40 4 50
By Ms. Swati C. Hadke " 9




FIR Filtering With Window Method

* window functions are used to remedy the
undesirable Gibbs oscillations.

1. Rectangular window:
Weee(ln) =1, =M <n<M

2. Triangular (Bartlett) window:

* The window function, which is symmetrical
and can gradually weight the designed FIR wiri(n) = 1 ~% ~M<n<M
coefficients down to zeros at both ends for
therange —M <n < M.

3. Hanning window:
n
Whan (”) = 0.5+ 0.5 cos (ﬁﬂ) M <n<M

4. Hamming window:

* Applying the window sequence

n
w(n) to the filter coefficients gives Whan(n) = 0.54+0.46 cos(37), —M < n < M

5. Blackman window:
hy,(n) = h(n)-w(n)

2nm

Whlack(n) = 0.42 4+ 0.5 cos (%) +0.08 cos( i

),—MSNSM
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oroblam: Example: Window Method

Design a 5-tap FIR band reject (band-stop) filter with a lower cut-off frequency of 2,000 Hz, an
upper cut-off frequency of 2,400 Hz, and a sampling rate of 8,000 Hz using the Hamming window
method. Determine the transfer function.

Solution:

Q) = 2xfi T = 27 x 2,000/8,000 = 0.5x radians
Oy = 2afyT = 27 x 2,400/8,000 = 0.6 radians

normalized cut-off
frequencies

Tyt n=0 ﬁ
i ) - T
S-tap FIR W) 2M+1=SthenM=2 M) 1) = o " oo

n#0 -2<n<?

nmw nw

_ T-Qu+y _ 7 0.6r+0br 09

h(0)

T ir

_sin[0.5x x 1] sin[0.6m x 1]

hil)y=—— — - — 001558 m h(-1) = h{1) = 0.01558
h2) - sinf0.5 x 2] sin[0.6w x 2] _ 009355 h(-2) = h(2) = 0.09355

2xm 2xm
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Hamming
window
function

Windowed
impulse
response

Example: Window Method -contd

Whan(0) = 0.54 +0.46 cos (O i ”) =10
Lx Wham(~1) = Wiam(1) = 0.54

Wraml 1) = 0.54 +0.46 cos (T) -
whﬂm{_z} - Wham{z} = 0.08

2 X
Wham(2) = 0.54 4 0.46 cos ( )

By (0) = h(0)Wpzm(0) = 0.9x 1 = 0.9

hy(1) = h(1)Wpam(1) = 0.01558 x 0.54 = 0.00841
hu(2) = h(2)Wyam(2) = 0.09355 x 0.08 = 0.00748
hw(=1) = h(=1)Wyan(~1) = 0.00841

ha(~2) = h(~2)Wpam(~2) = 0.00748

By delaying h,,(n)by M =2 samples, b =b = 000748, by = by =0.00841, and b, =09

The transfer function [H{z} — 0.00748 +0.00841z 1 +0.92°2 +0.008417 % +0.007482 * ]

By Ms. Swati C. Hadke
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FIR Filter Length Estimation

Given the required stop-band attenuation and pass-band ripple specifications the appropriate window can be selected.

Stopband
Window Window Window Passband  Attenuation
Type Function w(n), — M=n=M Length, N Ripple (dB) (dB)
Rectangular 1 N =0.9/Af 0.7416 21
Hanning 0.5+ 0.5cos(Z%) N =3.1/Af 0.0546 A
Hamming  0.54 +0.46 cos(%5) N =3.3/Af 0.0194 53
Blackman ~ 0.42 +0.5cos(2F) + 0.08 cos(ZZ) N = 5.5/Af 0.0017 74
1+5 : :
1-5. |
i : Af = |fstop = f;:u::ssl/fs
| /( = (/Ilm.\‘.s' +,/"\'lup ) //2~
Passhand Trangition Stophand
i O dB = —2010g,, (dy)
0, Vavavell

0 J s 1, Setop f.12 By Ms. Swati C. Hadke 13



Example: FIR Filter Length Estimation

Lower stopband 0—500 Hz

Passband 1,600—-2,300 Hz

. . Upper stopband 3,500—4,000 Hz . .
Design a BPF With | gigpband attenuation 50 dB Use Hamming window
Passband ripple 0.05 dB

Sampling rate 8,000 Hz

Problem:

Solution:
_ a il Ny = 33/0.1375 =24 _
Afy = |1,600 - 500//8,000 = 0.1375 , mm) Choose nearest higher odd N = 25
Af, = 13,500 - 2,300(/8,000 = 0.15 N, = 33/0.15 =22 o
Cutoff frequencies: i Normalized 1050 % 2 % w0 }// \\ ——
fi = (1600 + 500)/2 = 1050 Hz 0, = 100X 2T _ s radians | m\( ,.,
f> = (3500 + 2300)/2 = 2900 Hz. 8000 :
o - 2900 x 27 0725 di 0 500 1000 15{;{:equeioct;0meré;300 3000 3500 4000
Using Matlab for the design H=—gngy, —  esaians
LFViltertype BPF ] [ Window type Hamming ] ‘g o= Rh““ku_ﬁ
; g -500 =]
N=25; Ftype=3; WnlL=0.2625*pi; WnH=0.725*pi; Wtype=4;fs=8000; g 1o ST [ _
Bham=f1rwd(N, Ftype,WnL,WnH,Wtype); > lzz -

frqu(Bham,l,Slz,fS); 0 500 1000 1500 2000 2500 3000 3500 4000

Frequency (Hertz)

aXiS([O fS/2 ‘].30 10]); By Ms. Swati C. Hadke 14



Application: Noise Reduction

We can design a digital filter to remove frequency components (noise) other than the desired frequency range.

4 , :
Input waveform: o ,l .. —— T
sinusoid + 5 OTN\/\ \["\/\/\/ /

a : :
broadband 5 |N." kJ
noise P E ; ; ;
0 50 100 150 200 250
Number of samples

1.5

Spectrum:

Amplitude IX(D)

Fraquency (Hz)

Corware o 07 o Asdieg Prie A G el

Specification: LPF

Pass band frequency [0- 800 Hz] Pass band ripple < 0.02 dB
Stop band frequency [1000-4000Hz]  Stop band attenuation =50 dB

By Ms. Swati C. Hadke



Application: Noise Reduction -contd.

133- tap FIR filter,
so a delay of 66

However, noise
reduction in real
world scenario is

not so easy!

4

2

M=66 | |

Sample value

1.5

Amplitude 1Y(f)!

50 100 150 200 250
Number of samples

Frequency (Hz)

Cosyriget © 2007 by Asademic Press. Al s neserved.

By Ms. Swati C. Hadke
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Frequency Sampling Design Method
Simple to design
The key feature of frequency sampling is that the filter coefficients can be calculated based on the specified magnitudes of the
desired filter frequency response uniformly in the frequency domain.
27tk H,, are obtained from sampled desired
H,atQ, = =R, fobk e 0.1,---.M frequency response at equally spaced instants
in frequency domain

(2M 4 1)
AV 7

Magnitude response in the range [0, 7] |F(e™)|  Desired fte frequency response
4

Calculate FIR filter coefficients: \ /
| - ﬂ

Filter length = 2M+1

| i 2rk(n - M)
hin) = ——{H0+2ZHL-COS<-——)}, for n=20.1-2M 0 7 2
2M + l k=1 2M + ] |H[e"“]| Desired filter frequency response

Use the symmetry:

¥
-

h(n) = h(2M —n) for n = M+1,--2M
|

¥
=
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Example: Frequency Sampling Design Method

Problem:
Design a linear phase low-pass FIR filter with 7 taps and a cut-off frequency of (. = 0.3 radians

using the frequency sampling method.

Solution: Sampled for Qo = Oradians, Hy = 1.0

frequencies

Vi -
N=2M+1=7 — M =3, ‘ Qy = Tkraduans. k=01,2,3 ‘ for @ :;rradians. H1 = 1.0

1 3 for Q, = ﬂarradians, H, = 0.0
h(n) = 5{1+2 Y~ Hycos [2mk(n —3)/7] ¢, n = 0,1,---,3. _ 7
k=1

6 .
for Q3 = 71rrad|ans, Hz = 0.0

. ;{1 +2cos [2x(n—3)/7]}
h(0) = —;—{1+2cos( —6m/7)} = —0.11456 He™) \ /
H, at the specified frequencies ]
o
/R

1 By
== i L h(4) = h(2) = 0.32100 I
h(1) = 3{1+2cos(-4x/7)} = 007928 (4) = h(2) :
h(5) = h(1) = 0.07928

o1 f

h(2) = 5{1+2cos(—2m/7)} = 0.32100 h(6) = h(0) = —0.11456 B i,
— o ()

L 0.5m m

oo i
h(3) = 7{1 +2cos(—0 xw/7)} = 0.42857 By Ms. Swati C. Hadke 18



Coefficient Quantization Effect

* Obtaining filter coefficients with infinite precision is impossible.
* Filter coefficients are usually truncated or rounded off for the application.

K
FIR filter transfer function with il - - ", .
infinite precision coefficients: H(2) = Z bnz ™ = botbiz + + bz

n=0
: : K
FIR filter transfer function | |
7] = qg.—n _ pi q-,--l ves 4q ‘,-_K
with quantized precision Hq(~) - E:bn6 - b0+bl‘* t +bK“

n=0

. - K -

Error of the magnitude |H(e®) — H9(e/®)| = 3" |(by — bd)e| K=tap
frequency response n=0
K B=Number of Bits
< Y {b,, - bg|((K+ 1)-2-2 <[K=tap J
n=>0
Example | 25-Tap FIR filter, 8 bit code (sign + 7 bits for fraction Error is bounded by (less than)
K+1 25
Let infinite precision coeff. = 0.00759455135346 (K+ 1278 = =7 0.0977

0.00759455135346 x 27 = 0.9721 = 1 (rounded up to the integer)
Quantized coeff. = 1/,,= 0.0078125 By Ms. Swati C. Hadke 15



ITIR Filter Design

Definition: Infinite impulse response (IIR) filter is described using :

lIR filter

y(n) = box(n) +byx(n = 1) + = + byx(n — M)
difference equation

—ayy(n—1) =+ —ayy(n—N)

IR filter V() bo+bi 4o +hye™

transfer function H(z) = X)) l4+az '+ +ayN

By Ms. Swati C. Hadke
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lIR filter output depends also
on the past outputs
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IIR Filter Design: Bilinear Transformation Method

Steps of the design
procedure

Digital filter
specffications

¢ 1. Transformation with frequency warmping

Analog filter specifications

¢ 2. Transformation by lowpass prototype filter

Analog filter transfer function

i 3. Bilinear transformation

Digital filter transfer function
and frequency response verification

By Ms. Swati C. Hadke 21



Bilinear Transformation Method

My Warping }

Prototype
Transformation

F/or LPF and HPF:
(!)a e R tan

=

For BPF and BRF:

2

(W, T)

\ s
/ 5 e . Hyp(s) Analog Low-pass ﬂlm
w, is the cut-off frequency
From analog LPF
to desired analog <L We
filter s
* | Hup(s) Analog High-
HE alog High-pass filter
2 th w, is the cut-off frequency & HIEP
— [ﬂﬂ —_
T\ 2 s
/ | A i s = n
s
Low-pass prototype - Hgp(s) Analog Band-pass filter
Wy = . wy W = wp — wy,
=W
5 — — 5
5° + oy
- Hgg(s)

\_

Analog Band-stop filty

Wy = LJaqon, W = wp — wy

22
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Bilinear Transformation Method

|H,(jv) |H,,(jo)

Analog low-pass prototype
transformation into a low-pass filter.

>
0 v 0 o, @
Hyp(5) = Hp(3)|,_y,,
[ Analog low-pass prototype ]
. transformation into a high-pass filter.
IH up(J w)l

v

H,,(s)= HP(S)IJ:(D(/:

By Ms. Swati C. Hadke
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Bilinear Transformation Method
IHP(jv)I |H8P(jw)| C‘)o:m [ Center frequency ]

W=w,-o, [ Bandwidth ]

» 2
" +w,
3 o
sW

>
0 1 v 0 W, w, o, @
H..(s)=H.(s Analog low-pass prototype
op ) F ( )I ’:,3-,,,5 transformation into a Band-pass filter.
W
|H, ()| |H s (joo)
W, = /0,0,

>

0 w, @, O, )
H 8BS (S) =H P (S)| sW Analog low-pass prototype
s e transformation into a Band-stop filter.
0

By Ms. Swati C. Hadke 24



Example 1: Bilinear Transformation Method

Design a first-order high-pass digital Chebyshev filter with a cut-off frequency of 3

Problem:
kHz and 1 dB ripple on the pass-band using a sampling frequency of 8,000 Hz.

Solution:
Digital frequency (rad/s): wg = 2rf = 2x(3,000) = 6,0007 rad/sec, and T = 1/f; = 1/8,000 sec

6,0007/8, 000
?

Pre-warped analog frequency : w, = -Z-tan (ﬂ) = 16,000 xtan(

_ 4
: : ) = 3.8627 x 107 rad /sec

1.9625
Hp(s) = ST 19825

: : 1.9625 1.96255
Applying transformation LPF to HPF: H(s) = Hp(S)les = Toeos 196255+ 3.8627 x 10°

Dividing by 1.9625 S S

H(S) = ST 19883 X 107

First-order LP Chebyshev filter prototype:

16,0002 0.4484 — 0.4484z77!
' : | + » H(z) =
ApplYlng BI_T. < » H(z) = iy DDDE—] z+1 [ {E} 1+0.10327 1 J

H(z) = ' dzk+]+1.9533 x 10*
S+ 19683 X ],04 5=16,000(z-1)/(z+1) By Ms. Swati C. Hadke -




Example 2: Bilinear Transformation Method

Design a second-order digital band-pass Butterworth filter with the following specifications:

Prob|em . * upper cutoff frequency of 2.6 kHz
* lower cutoff frequency of 2.4 kHz

* sampling frequency of 8,000 Hz

Solution:

Digital f . wp = 2nfy = 2(2600) = 5,200x radisec
IgItal TTEQUENCIES: ) = 2nf, = 2(2400) = 4,800n radisec, and T = 1/, = 1/8,000 sec

2. JugT 5,2007/8, 000 "
pre-warped analog frequency: ©a = Tta"(T) = 16,000 x tan( ; ) = 2.6110 x 10* rad/sec

r
wy = 16,000 x tan (w%) = 16,000 x tan(0.3%) = 2.2022 x 10* rad/sec

W=uwg-wy=26110-22022 = 4,088 rad/sec

h)g = Wah X Wy = 57499 X 108

A first-order LPF prototype will produce second-order BPF prototype.

By Ms. Swati C. Hadke
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Example 2: Bilinear Transformation Method conta.

prototype transformation (LPF to BPF):

1t order LPF prototype:  Hp(s) = i]
5 =
Applying transformation H( = H ( )| Ws 4.088s
LPF to BPF: §) = Hp(8)|2,. 2 = =
° )= Sy 2 5244,088s+5.7499 x 108

2 4

) 4,088s |
 +4,0885 +5.7499 x 105160001 z41)

» Hiz) = 0.0730 - 0.0730z 2
140711721 4+0.8541z-2

Applying BLT:  H(z)

By Ms. Swati C. Hadke
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Pole Zero Placement Method
Second-Order BPF Design

r: controls bandwidth
0: controls central frequency
Location of poles & zeros:

controls magnitulde
Location of pole:

determines stability
Number of zero:

determines phase linearity

Poles are complex conjugate with magnitude r and the angle 8

Zeros are placed at z=1 corresponding to DC (zero frequency), and

z=-1, corresponding to the folding frequency

f.12

Im(2)

r=1—(BWag/f,) x 7, good for0.9 < r < 1

placement for a
second-order
narrow BPF.

0 = (f[—") % 360

g - U —r)V/1 =2rcos 20 + H(;

)

K(z=1)(z+1)

K(zz - l)

(z=re)(z —re71®) (22 -2izcosl + %)

2|sind|
scale to have unit pass-band BPF gain ]

By Ms. Swati C. Hadke
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the 3 dB bandwidth

Poles amplitude Determines} P0|e Zer‘o Placement MethOd
Second-Order BSF (Notch) Design

r=1-(BWsp/f;) x m goodfor 0.9 <r <1

Poles angle
Determines the

center frequency

HE) K(z—é")(z+ e K(Z—-zc030+l)
Y (z—ré?)(z—re ) (22 -2rzcos0+12)
(1 — 2rcosf + ,.2) scale factor to adjust the BRF
K = so it has a unit pass-band gain
(2 —2cos @)
Example

) i &

0 = (ffﬂ)x360°

The zeros are placed on the unit circle with
the same angles with respect to poles.

Design a second-order notch filter with

res]

— (BW3up/fs) X ™ m

B (1 —2rcosf +r?)

- (2) e

(2 —2cosf) »
1,500
AL (8 000

e Sampling rate = 8,000 Hz
e 3 dB bandwidth: BW =100 Hz

= 1-(100/8,000) x = = 0.9607

(1-2x0.9607cos67.5" +0. E}ED?E}

K =
(2~ 2cosb7.57)

= 0.9620

) x 360" = 67.5

By Ms. Swati C. Hadke

\—1._.—.—.—.—._._._
~

e Narrow stop-band centered at f, = 1,500 Hz

K(z2 —2zcos 0+ 1)
(22 — 2rzcos +12)

Hz2) =

p 0.9620(z" - 2zc0s67.5° + 1)

» @) ~2%0.9607zc0s67.5° + 0.96072)

» Hal 0.9620 - 0.7363z°1 + 0.962027°2
o 1-0.73532-1+£0.9229

29



Pole Zero Placement Method
First-Order LPF Design

[
Pole placed on When Cut-off frequency f. < 5/4 Pole placed on When Cut-off frequency f, > s 4
the real axis A the real axis A |
| .
f.12 /‘X [ The zero is placed J £ 12 \ - \:\
j ’ J 0 !
| |

a0

W 0 : at(z=-1)
\ : | f 0 f'c f.12
b g f,12
a=1-2x(f/f) xm goodfor 09<r<1 a= —(1-m+2x(f,/f;) x7), goodfor —1<r<-09
Transfer function o K(z+ 1) (1-a) <[ un.it pass-band ]
[ F [H(x) — e ] K = > gain scale factor
[Example} o
. -«
transfer function of first-order LPF is required to satisfy: unit gain scale factor: K = 5
* Sampling rate = 8,000 Hz (1-09215)
* 3 dB cutoff frequency: f. = 100 Hz » K= 7 = 003925 o
* Zerogain at 4,000 Hz transfer function: H(z) = (E‘ +a))

Since cut-off frequency = 100 Hz <% = 2000Hz, pole at:

a=1-2x(f/fs) xm
B o=1-2x(100/8,000)x # = 0.9215 By Ms. Swati C. Hadke

| 1) - 0.03925(z+ 1)  0.03925+0.03925z"}
~ (z-09215) 1-09215z1




Pole Zero Placement Method
First-Order HPF Design

Pole placed on 1 When Cut-off frequency f. < fs/4 [ Pole placed on W When Cut-off frequency f, > s 4
the real axis the real axic

(a) t ! (b) /‘\ !
: The zero is placed |
f.12 /X ’ [ stz = +1) J L2 | > 3
> ,0> I 0 |
Kj ot ] | f — f
0 ' < fo F.A2
f f.i2 c Js
a=1-2x(f./f;) xm, goodfor 09<r<]1 a= — (1 -w+2x(fe/fs) xm), goodfor —1<r<-09
] K(z —1 unit pass-band
[Transferfunctlon E [H(Z) = (Ez_ a))] K = (l '; Ot) <[gain scale factor ]
[Example} —
: : . — «
transfer function of first-order HPF is required to satisfy: unit gain scale factor: Kk = >
» Sampling rate = 8,000 Hz (1 -0.8429)
K = = 0.07854
e 3 dB cutoff frequency: f. = 3.800 Hz » 2
* Zerogainat O Hz transfer function:  H(z) = Ii(z _ 1))
Z—a
Since cut-off frequency = 3800 Hz >% = 2000Hz, pole at 1
_ . _0.07854(z—-1) 0.07854-0.07854z"
a= — (1-m+2x(fe/fs) x ) »[ 2) = ~7708429) = 170842971 ]

B o=~ —(1-7+2x(3,800/8,000) x 7) = —0.8429 By Ms. Swati C. Hadke



IIR Filter realization

Example: Realize the first-order digital high-pass Butterworth filter using

a direct-form | realization.
B 0.1936 - 0.1936z !

H —
2 =T 061280

Solution:

Filter coefficients: p, = 01936, b, = -0.1936, and a; = 0.6128

DSP equation:  ¥(1) = ~0.6128y(n 1) +0.1936x(n) - 0.1936x(n - 1)

x(n) 01936
Implementation: I N .@

I > y(n)

~>

*’o

x(in=1) y(n=1)

-0.1936 ~0.6128

By Ms. Swati C. Hadke
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Applicationl: 60 -Hz Hum Eliminator

Hum noise: created by poor power supply or electromagnetic interference and characterized
by a frequency of 60 Hz and its harmonics.

Digital signal Digital signal
nput Match filt Motch filte Match filt oulput
ch hier r C er
. N B, — = —> Hum
Eliminate the 60-Hz hum G0 Hz 120Hz 180 He o
o eliminator
frequency with its second
and third harmonics in most 0 ]
practical applications. Gain (dB) Frequency response of
Hum eliminator
=30 1
We can do this by cascading 3 —60 | | | f Hz
notch filters having frequencies of 60 120 180
. 60 Hz Hum , Corrupted by
60 Hz, 120 Hz, and 180 HZ’InputsignaI - 120 Hz Harmonic hum and
. - e —— .
respectively. spectrum . M_ /J_{\ 180 Hz Hamonic harmonics
! | I I Hz

60 120 180

By Ms. Swati C. Hadke 33



Application2: ECG Pulse

The ECG signal is produced by the electrical activity of the human heart, it is characterized by five peaks and
valleysP, Q, R, S, and T.

£\
The properties of the QRS ’e /’ fﬁl% nth R (n+1)™
complex, (rate of occurrence 06 [‘.| I T
and times, heights, and widths, . / A
. . . 04 ~ ’ il T
provide information to £ ?\ " | \‘ // .
: : : . g / \
cardiologists concerning various § °* 1\ I ,< ms
= \ 4
pathological conditions of the & o4 : | > 4
heart. 8 M ‘: Heart beat/min= 60000/T
0.2 e "
l s
ECG + Hum — makes difficult 0.4 & !ﬂl | e
to analyze. \ \ //

083 mvszsoamasommsoo
——— _ QRS Complex

By Ms. Swati C. Hadke 34



Input ECG
signal

©

Heart Beat Detection Using ECG Pulse

Enhanced ECG signal Signal for

60 Hz eliminator

_f Bandpass filtering ZZ?: r.itﬁ
——P Passband: A

@ 0.25 Hz to 40 Hz @

V\ 1
Remove DC drift and muscle noise (40Hz) |
Min heart rate = 30 30/60=0.5 (0.25Hz) @ Ay i

i) 'nlh___ ‘ AN LU Tl irx M )

 |[nitial corrupted ECG data (with 60-Hz/ P f
0

interference and its 120 and 180 Hz e 1 ' ? 22
harmonics, and muscle noise). 1

The 60-Hz interference and its @OW“ ""W“" e "“JEZ"' oty ‘e

harmonics of 120 and 180 Hz have been / 3
removed

1

Result after the band-pass filter —_—

N A | .

Original ECG signal occupies the © V \ r’é""
frequency range from 0.01 Hz to 250 Hz o 05 1 : :
(used for diagnostic-quality ECG). By Ms. Swati C. Hadke
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Example: EGC Signal pre-processing

Problem: Design the ECG signal pre-processing system for heart beat rate detection

Enhanced ECG signal Signal for
Input ECG
Zignal J Bandpass filtering Zee?: tr].aot:
60 Hz eliminator ——» Passband: 4(:&

0.25 Hz to 40 Hz

Solution:

60-Hz eliminator design (notch frequency of 60Hz)

60-Hz eliminator specifications:
Harmonics to be removed: 60 Hz (fundamental)
120 Hz (second harmonic)

180 Hz (third harmonic) »
3-dB bandwidth for each filter: 4 Hz
Sampling rate: 600 Hz
Notch filter type: Second-order [IR

By Ms. Swati C. Hadke

r=1-(4/600) x 7 = 0.9791

60
0 —— R Q — 7
(600) x 360 36

(1 =2rcosf+r?)

K=
(2—2cosf)

= (.9803
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Example: EGC Signal pre-processing -contd

transfer functions and the difference equations

yi(n) = 0.9803x(n) — 1.5862x(n — 1) + 0.9802x(n — 2) + 1.5842y; (n — 1) — 0.9586y; (n — 2)

Hilz
@) | — 1.58427- 1 +0.958672
-—1 —2
His) = 2t = 0005 R + 0373 ya(n) = 0.9794y,(n) — 0.6053y; (n — 1) +0.9794y; (n — 2) + 0.6051y2(n — 1) — 0.9586y2(n — 2)
o8 | —0.6051z7" +0.9586;
Hits) = 2202 0.6052:" +0.97932~2 ya(n) = 0.9793y3(n) + 0.6052y2(n — 1) +0.9793y>(n — 2) — 0.6051y3(n — 1) — 0.9586y3(n — 2)
S I +0.6051z-1 +0.9586z 2
Frequency responses of three cascaded notch filters.
= 50 100
2 |
o "y \
@ 0 § 50
g \_
@ @
'g '50 ' | [72] \
g | £ |
= -100 100
50 100 150 200 250 30 0 100 150 200 250

~0.9803 — 1.5862~" + 0.980372

Frequency (Hertz)

By Ms. Swati C. Hadke

Frequency (Hertz)
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Design method:

Pole-zero placement

Bandpass filter specifications:
Passband frequency range:

Passband ripple:
Filter type:
Design method:

DSP sampling rate:

0.2540 Hz

0.5dB

Chebyshev fourth order
Bilinear transformation method

600 Hz

0.0464 — 0.0927z72 + 0.0464774

Hy(z)

T - 3.3523z;71 +4.2557;72 — 2.45407 3 + 0.55067—4

Example: EGC Signal pre-processing -contd

The second-stage design using the BLT

va(n) = 0.046361y3(n) — 0.092722y3(n — 2) + 0.046361y3(n — 4)
+03.352292y4(n — 1) — 4.2556T1y4(n — 2) + 2.453963y4(n — 3) = 0.550587y4(n - 4)

'\ N

0.5 1

By Ms. Swati C. Hadke

Time (sec.)

1.5

2.5
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