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m  FIR(Finite Impulse Response): HR A2 /LR GE

ROBTEEINDEE. h(n) ITE>TRESMBLRAT L
B FIRIALADAVISILRIEED 225 (2=, BERF)
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{5535 / Signal Theory

B AL RISEDE h(n) A n<0 T 0 THY.n=0,....N-1 ETDH

FIR Filter

m  FIR: Finite Impulse Response

m  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

m  z transform of an FIR filter’s impulse response can be
given by (z=e%, unit delay)

H(z):fh(n)z’n
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FIRZ4I)L% (2)
u Z-FRIC K DEERREF RS S X T LD DR

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

TI? [+ Thq
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x(0) x(1) x(2) ... h(0) h(1) ... h(N-1) V(0)Y(1)y(2)y(3) ...

FIR Filter (2)

m  Description of the discrete linear system by z transform

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

TI? [+ Thq

x(0) x(1) x(2) ... h(0) h(1) ... h(N-1) V(0)Y(1)y(2)y(3) ...
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B ABARIELBTANADAV RV R EFzEBRTREIND

X(2) =ix(n)z’"

H(z) :th(n)z’"

Y(2)= Z y(n)z ™" = Z[Z h(n— k)x(k)j z"
n=0 k=0

n=0

FIR Filter (3)

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

X(2) =ix(n)z’"

H(@Z)=S h(n)z"

n=0

Y(2)= > y(nz™ =i[ih(n—k)x(k)]z’"

n=0 n=0 \ k=0
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B HIAFH Convolution

B FADRITILE B RRT S AT L
B AAICKLTHAZEHR
B AHEHEREAVIILRBEIZESTRY

y(n) =x(n)*h(n) = ih(n—k)x(k)
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m  Digital Filter: Discrete linear system
m  QOutput caused by the input is observed
m  Impulse response shows input-output relation

y(n) =x(n)*h(n) = ih(n—k)x(k)

k=—o0
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BHIAA (2)

B 7] n<0 TIEEA 0 LRELIZEEZDEHAH

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

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

4l

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

h(0) h(1)
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Convolution (2)

m  Convolution when signal is 0 at time n<0

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

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

1108

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

h(0) h(1)
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x(n)

x(n-1), x(n-N+1)

h(O)Y

Realization of FIR Filter

m  Transversal Type

x(n)

x(n-1), x(n-N+1)

h(O)Y
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Jaygosvyg Programming

m NRFIRZ/IILAZ

for (k=0; k<L; k++) {
sum = 0;
for (n=0; n<N; n++) {
sum=sum-+h(n)x(k-n);
}
y[k] =sum;
¥
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m  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);
}
y[k] =sum;
>
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BB
B FERHBEEE (ORI ITEBRTRSIND
N-1
H (@) =Y h(n)exp(- jne)
n=0
P20, H(@) L T O &S 1B RS TH S

H(@)=H(w+2mz) (M=0,+1+2,-)
RI—ZRRGML

IH(w)[ = Zh(n)exp(—jnw)
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Frequency Characteristics

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

N-1
H (@)= _h(n)exp(- jnw)
n=0
Where, H(a) is a periodic function.
H(w)=H(w+2mx) (M=0,4+1,+2,--)

Power spectrum
E ) 2
|H()[" =| > h(n)exp(-jnw)
n=0
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m  IIR(Infinite Impulse Response): &R A >/ L RGE
B AV LRGEDE h(n) A5 n<0 T O THY. UTOELEHR
FTBh() ISk TREDMHL AT L

S| h(n)| <o
n=0
B [IRIANEDAVRIVAEED 2 ( z=exp(w), BERF)
© Zbkz_k
H(z) =) h(n)z"=—2
n=0 1+ az*

k=1
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IIR Filter

m IIR: Infinite Impulse Response

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

o

> |h(n)| <

n=0

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

© bz
H(z) =) h(n)z" =2
n=0 1+>az
k=1
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IIRI4IL4E (2)

B Z-BIZEDVRT LR

X(z) Y(z)
—_— —
f I ? [¢ i ] ] 0
X(0) x(1) x(2) .. h(0) h(1) - h(©) 01y (@)Y(3)
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IIR Filter (2)

m  System description by z transform

X(z) Y(2)
f I ? [¢ i ] ] 0
Xx(0) x(1) x(2) ... h(0) h(1) ... h(c0) VO)Y(L)Y(2)Y(3) ..
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IIRTAILEDIERL

B EERIIRI LA EEER
x(n)

b(0) b(1) b(m)

-a(1)
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Realization of IIR Filter

m  Direct Realization of Recursive IIR Filter
x(n)

b(0) b(1) b(m)

1 a_ VW
©

-a(1)
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Average)74 /L%
m FIRZ4IILAZIEMATAILA
B ARTAIJLAIZFIRE D EH AL

HE) = ——

1+> az™

k=1
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m  [IRT4/LZIE—HAZIZARMA (Auto Regressive and Moving

AR Filter

m  [IR Filter can be regarded as ARMA (Auto Regressive
and Moving Average) Filter in general

m  FIR Filter corresponds to MA Filter

m AR Filter does not have FIR Filter

HE) = ——

1+> az™

k=1
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ARZ4ILA (2)

B ZEBCRHYRT AR

X(z) ~ Y(z)

Y(2) (2)

__ 1 5
1+ A(2)
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AR Filter (2)

m  System description by z transform

X(z) o Yl(Z)
1
Y(2)=——X(2)
1+ A(2)
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1RARETIL

B RIS HEERYN SRS EADHE

Y(2)= - X(2)
l-oz
IFRD&ESIZEITS

x(n)

y(n)

y(n)—ay(n-1) = x(n)
EBY, UTFORERD
y(n) =ay(n-1)+x(n)

{5535 / Signal Theory

(1-az )Y (2) = X(2) hd
ChERmELICEEETE |—<]—|:|-—I
a

1st order AR Model

m  Time series representation from z transform

1
R (n) (n)
x(n y(n
O

can be written as
h 4 I

(1-az )Y (2) = X(2) | I

rewrite to time domain

y(n)—ay(n-1) = x(n)

Thus, we have

y(n) = ay(n-1)+x(n)

{5535 / Signal Theory 30

{E5 185/ / Signal Theory




JOy35305

1R ARETIL

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

NRARET L

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

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

¥
y[k] = sum + x[Kk];
¥
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Programming

m  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];

¥
y[k] = sum + x[Kk];
¥
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Gl

H(2)=1/(1-0.92) THBHIIRIAILAD B R BHFHE D E
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Quiz

m  Obtain the power spectrum of IIR Filter that has the
transfer function H(z)=1/(1-0.9z%)
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BTG 74U

ADEBORRBEFEE f, (CHIBRLI-EE, 1/(2f,) ORRTYY>
TV TETI(H VT TEHE)

YT 5% UNISRBIKEE, Yo Ty EBEmI=T =01
[FARYBELE(ZVT DT /4 R) EEFEHENKSITT B1=0HI121F)
EBEREFEE (N ICRETILENELS

BREINBEDFHERUSINHTRT L, TAO2IESLEIC
FMENBRNEFH20RERDOHE)
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Sampling Filter

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

m  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)

m [t is preferred to set the denominator and numerator of
coefficients integer value for digital signal processing
(especially denominator should be 2")
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n JALEDRRBIEEE
H (o) =4 H(w)|e’"”
ERLI-EE, FBHIEN
O(w) =—aw
THNIXERLAD T ILEEFEITh, REXEHRT D
a=(N-1)/2

h(n)=h(N-1-n) 0<n<N-I)
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Linear Phase Filter

m  Filter’s response can be written as

H (o) =4 H(w)|e’"”

If the exponential part has the next relation

O(w) =—aw

It is called linear phase filter, and it satisfies

a=(N-1)/2
h(n)=h(N-1-n) (0

<n<N-1)
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ERGIBT1ILE (2)

B EREATILEOA D ILRIEE R

il

[]
1.. N/2-1 N-1

n EGNE (S  EROERICIE T2 FEELELD, T
—SDRMEERELTERMBO I LIDFRHZEER

105 110 128 132 128 110 105
—

filtering| mE&
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Linear Phase Filter (2)

m  Impulse response of linear phase filter is symmetric

n

R

[] I
i

. N/2-1 N-

m  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
—

filtering | Image
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n 2:19THUTILEHTRFIRILILEADF

M 32
h(0) 0.5000000 16
h(1),h(-1) 0.2865796 9
h(2),h(-2) 0.0000000 0
h(3),h(-3) -0.0318142 )
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Sub-sampling Filter

m  Example of 2:1 sub-sampling filter

Co€ enom 32
h(0) 0.5000000 16
h(1),h(-1) 0.2865796 9
h(2),h(-2) 0.0000000 0
h(3),h(-3) -0.0318142 )
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