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FIRZ4)LA

FIR(Finite Impulse Response): BR A /NILRGE

A2 N LAIGEDE h(n) A* n<0 T 0 THY.n=0,...N-1 ETOH
BEDETERINDEE.h(N) [CEO>TREDER AT L
FIRDAILADAINLRIGED 2 (z=elV, BIERF)

H(z) =th(n)zn

{E5#5% / Signal Theory




FIR Filter

m FIR: Finite Impulse Response

B FIR filter is a linear system that has the impulse
response h(n), which is 0 at n<0 and defined in the finite

range n=0,...,N-1
B 7z transform of an FIR filter’s impulse response can be
given by (z=e", unit delay)

N-1

—N

n=0
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FIRZAILA (2)

B Z-THCKDRERR R IR AT LD RCh

X(2) Y(z)=H(z)X(z)

— H®) [—

T}r [ Thq

x(0) x(1) x(2) .. h(0) h(1) .. A(N-1) v (0)y(1)y(2)y(3) ...
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FIR Filter (2)

B Description of the discrete linear system by z transform

X(2) Y(z)=H(z)X(z)

—| H®) [—

T}r [ Thq

x(0) x(1) x(2) .. h(0) h(1) .. A(N-1) v (0)y(1)y(2)y(3) ...
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FIRZ4JLA (3)

B AHBARIELUVIAINEIDAV NIV RIGE [FzEBTREINDS

X(2) = ix(n)z‘n

H(2) :%h(n)z‘n

Y(2) = i y(n)z™" = i(i h(n— k)x(k)j 7

n=0 \_k=0
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FIR Filter (3)

B In and output sequence and filter’s impulse response
can be written by z transform

X(z)= ix(n)z‘n

H(2) :%h(n)z‘n

Y(2) = i y(n)z™" = i(i h(n— k)x(k)j 7

n=0 \_k=0
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B 1A FH

B TAURITAILA B RR e R T L
B AANITLTHADZEA
B AHABBREAVNNILAGEIZESTERT

y(n) =x(n)*h(n) = i h(n-k)x(k)
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B Digital Filter: Discrete linear system
B Output caused by the input is observed
B Impulse response shows input-output relation

y(n) =x(n)*h(n) = i h(n-k)x(k)
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B %l n<0 TESD 0 LRELIZESDEHIAH

T‘r T‘r

h(0) ( x(0) x(1) x(2) ... )
x(0) x(1) x(2) ...
? I *

I ? h(1) (x(0) x(1) x(2) ...)

h(0) h(1)
1 ] [,

y(0)y(1)y(2)y(3) ...
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m Convolution when signal is 0 at time n<0

T‘r T‘r

h(0) ( x(0) x(1) x(2) ... )
x(0) x(1) x(2) ...
? I *

I ? h(1) (x(0) x(1) x(2) ...)

h(0) h(1)
1 ] [,

y(0)y(1)y(2)y(3) ...
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FIRZ4ILADFER

B FSURN—HILBEDER

,E

h(1)
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Realization of FIR Filter

B Transversal Type

,E

h(1)
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m NXFIR74JLA

for (k=0; k<L; k++) {
sum = 0;
for (n=0; n<N; n++) {

sum=sum+h(n)x(k-n);

b
y[k] =sum;

»
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Programming

B N-th order FIR Filter

for (k=0; k<L; k++) {
sum = 0;
for (n=0; n<N; n++) {
sum=sum+h(n)x(k-n);
s
y[k] =sum;
b
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0 A 4 -

B FRBICEE (DT ITEBTRSND

H () = Zh(n)exp(— inw)

F=1-L. H()IELL T D LI EEIREZ TH S
H(w) =H(w+2mx) (m=0,+£1, %2,
INT—RZARYR)L

H(w)| =| > h(n)exp(- jno)
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Frequency Characteristics

B Frequency Response can be written by Discrete Fourier
Transform of h(n)

H () = Zh(n)exp(— inw)

Where, H(w) is a periodic function.
H(w)=H(owo+2mnr) (m=0,+1,%+2,--)

Power spectrum

H(w)| = Zh(n) exp(— jnaw)
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IIR(Infinite Impulse Response): EER A /NILR S

A INILAIGEDTE h(n) A n<0 T O THY . L TOEHZHERE
9 Hh(n) ICEDTRESBRIL AT L

S h(n) | < o0

n=0
IIRFAILEDAINILAIGED zZ#2( z=exp(jw), BIEEF)

Zbkz"‘

1+ Zakz‘k
k=1

H(z) = Zh(n)z
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IIR Filter

IIR: Infinite Impulse Response

linear system having the impulse response h(n) is 0 at
n<0 and satisfies the next condition

S| h(n) | < o0

n=0

m z transform of IIR filter’s impulse response (z=exp(jw),
Unit delay)

Zbkz‘k

1+ Zakz"‘
k=1
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B Z-FTHIZ KB RTLEER

X(z) Y(2)
—* H(2)=B(2)/(1+A(2)) >

T‘r [+ Thq

x(0) x(1) x(2) .. h(0) h(1) .. h(®) V(O (1)y(2)y(3) ...
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B System description by z transform

X(2) Y(2)
—| H(@)=B(2)/(1+A(2)) g

T‘r [+ Thq

x(0) x(1) x(2) .. h(0) h(1) .. h(®) V(O (1)y(2)y(3) ...
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Realization of IIR Filter

B Direct Realization of Recursive IIR Filter
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ARZ 1 )LA

IIR74JLZIE—%IZARMA (Auto Regressive and Moving
Average)74J)L3

FIRZ4JLAIEMAD1ILE
ARZT 4 JLAIEXFIRER D =750
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AR Filter

IIR Filter can be regarded as ARMA (Auto Regressive
and Moving Average) Filter in general

FIR Filter corresponds to MA Filter
AR Filter does not have FIR Filter
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ART4ILA (2)

B T KB RT LERR

X(2) Y(z)

A(z) |<7

>
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AR Filter (2)

B System description by z transform

X(2) Y(z)

A(z) |<7

>
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[ERDEIIEITS
1—az )Y (2) = X(2)

NZzREREICESTET &

y(n)—ay(n—1) = x(n)
LY. LT OREBS

y(n) =ay(n—-1) +x(n)
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1st order AR Model

B Time series representation from z transform

Y(2)= X(2)
1-o0z
can be written as

1—az )Y (2) = X(2)

rewrite to time domain

y(n)—ay(n—-1) = x(n)

Thus, we have

y(n) =ay(n—-1) +x(n)

-1

x(n)
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1% ARETIL

for (k =0; k<L; k++) {
y[k] = a*y[k-1] + x(k);

¥

A ES

for (k=0; k<L; k++) {
sum = 0;
for (n=1, n<N; n++) {
sum = sum+ a[n]*y[k-n];
)

y[k] = sum + Xx[k];

)
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Programmin

1T V>gruatiiinined

1st order AR model

for (k =0; k<L; k++) {
ylk] = a*y[k-1] + x(k);

)

n-th order AR model

for (k=0; k<L; k++) {
sum = 0;
for (n=1, n<N; n++) {
sum = sum+ a[n]*y[k-n];
g

y[k] = sum + x[k];

b
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B H(2)=1/(1-0.97) THAIIRITAIL AN EREIFEDHE
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Quiz

B Obtain the power spectrum of IIR Filter that has the
transfer function H(z)=1/(1-0.9z1)
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B ANESORKEHTEE §, (CHRLEEE, UQf,) ORRBTYY
TV TETIHTIVT EHE)

B YT % 1IN IZREEBIKESE, oT) VT EBEB-91=8IC
(XFFYBRBLE(T)TOUT /A R)EEFHENEIITTH=H1Z1F)
BEBEREEEE N [CRETIHENLELDS

B RHEIDBEDFIBEMLGANBTRT E, T4U2IILEBSNEIC
TEEABRNUEFIZ20OREZEZEDHF)
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Sampling Filter

B Sampling period is 1/(2f.) when the frequency range of
an input signal is limited to f  (Sampling Theorem)

When sub-sampling 1/N is performed, the pass-band
should be set to f /N to satisfy Sampling Theorem (to
avoid aliasing noise generation)

It is preferred to set the denominator and numerator of
coefficients integer value for digital signal processing
(especially denominator should be 2")

{E5#5% / Signal Theory




EfRAMET LA

B JJqI)LADERBGET
H () = %] H (@) [ e/

ERLI=EE, IBRIEMN
(@) - -

THNITERLED I ILZEEEN, RXZFHET S

h(n)=h(N-1-n)  (0<n<N-1)
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Linear Phas

m Filter’'s response can be written as

H (@) = £ H (o) [

If the exponential part has the next relation
0(w) = -

It is called linear phase filter, and it satisfies

h(n)=h(N-1-n)  (0<n<N-1)
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BRI LA (2)

B EHRMEIAILEIDAINILRGE LT FR

.
1... N/2-1 N-1

1
0

B EGRNECIFHA  EROEEI T —EATEELEN D, T
— AN MEZEREL CEBREAD )LD FH % E

105 110 128 | 132 128 110 105
>

filtering | &g
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Linear Phas

Impulse response of linear phase filter is symmetric

i

0O 1.. N/2-1 N-1

Good for Image Processing: At the edges of an image,
data are missing for FIR filtering so that symmetric
property is presumed and linear phase filter is applied

105 110 128 | 132 128 110 105

>
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HIH D5 J40)LA

B 21979 TILRAT7RFIRIAILEZDH

53
h(0) 0.5000000

h(1),h(-1) 0.2865796

h(2),h(-2) 0.0000000

h(3),h(-3) -0.0318142
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Sub-sampling Filter

B Example of 2:1 sub-sampling filter

Coe

h(0) 0.5000000

h(1),h(-1) 0.2865796

h(2),h(-2) 0.0000000

h(3),h(-3) -0.0318142
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