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10.1 The filter design problem

10.2 FIR filters with linear phase

10.3 Design of FIR filters by windowing

10.4 Design of FIR filters by frequency sampling
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Practical filter design problem

Specification

— Stopband/passband ripple, cut-off frequency, transition
band width (10.1)

— Linear phase (10.2)

Approximation

— Windowing (10.3) on ideal filters

— Frequency sampling (10.4) on DTFT of target filters
— Chebyshev minimax (10.5-10.6)

Quantization
Verification

Implementation
— SFG structures (chap 9)
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Magnitude/Amplitude Specifications

1 —6p < |H(e™)| <1+,

0<w<=<aw \ Transition HE)| <8 os<o<n
band
Passband . Stopband /
1 + 6p """""""" ‘/\ ] .
1 bé\/ ; i Passband ripple (dB)
1-6, | /7 s Ap = ~2010g5(1 = 5p)

Passband ripple Stopband attenuation (dB)

Ag = —201log;(6s)

Stopband ripple

0 Wy We Wy s W

NN

Passband edge Cut-off frequency Stopband edge
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(Recap) Magnitude and phase response
cannot be specified independently

Assume R(z) = H(QH*(1/7), complex h[n]
= H(z)H(1/2). real h[n]
v | |
R(Z)lz:ejw — |H(ejw)|2 _ H(eJ(z))H*(eJ(u)
Consider Hi(z) = (1 — Q’Z_l) (1 — bZ_l) ,\
Hz(z) = (1 — az_l) (1 — bZ), Have the same
L magnitude response
1 since their R(z) are
H3(z) = (1 — az) (1 — Dz ) , identical
H4(z) = (I —az)(1 — bz).

—_—

R(z) = H()H(1/2) = (1 _ az_l) (1 _ bz_l) (1 —az)(1 — b)
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Constraints for causal and stable filter:

Theorem 1 (Paley—Wiener): If h[n] has finite energy and /i[n] = 0 for n < 0, then

—7T

e — fﬂ }]n‘H(eja’)deu<OO. (10.11)

Conversely, 1f |H (ej‘”)‘ 1s square integrable and the integral (10.11) 1s finite, then we can

obtain a phase response /H (e3?) so that the filter H (e®) = ‘H(ej“”_)| x elLH () g
causal; the solution ZH (el®) is unique if H(z) is minimum phase. A proof of this theorem |
and 1ts implications are discussed in Papoulis (1977).

Frequency response cannot be zero over any finite band

I >
= Any stable ideal filter must be non-causal

Given magnitude response, we cannot assign phase response arbitrarily Gmmmmnd
= 1. Impose linear phase constraint /H (el”) = —aw
= 2. Simply disregard the phase response
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Constraints for real, causal and stable filters;
hin] = he[n] + ho[n]
he[n] = % (h[n] + h[—n]).
holn] = 5 (hln] — h[—n]).

h[n] is causal

hin] = 2h.|nlu[n] — h.[0]5[n]

l h[n] is absolutely summable
H(e!”) = Hg(e!”) + jHy(e')
Hg (e1?) is the DTFT of he[n]

|
Hp(e’®) © he[n] © h[n]
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Optimality criteria for filter design "
+ Minimum mean-squared-error (MMSE)

approximation
— Interval of interest B: usually union of passbands and
stopbands
l | ‘ ) 1 /2
E, £ [—/ Hy(e!®) — H (e'?) d(ui|
27 JB
« Minimax approximation Eoo & max [Hy () — H (¢)

— Chebyshev minimax (10.5-10.6)
- Maximally-flat approximation ., :, ., - -
— Butterworth approximation A () — A ()

. (@ — w0)" + -+
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(Recap) Direct form for linear-phase ;&

FIR
Type I. M even, symmetric

_ . Type ll: Modd, symmetric
hinl = xhIM —nl, 0=n=M Type lll: M even, anti-symmetric

Type IV: M odd, anti-symmetric

Z Z Z
x[n]e = — — =
b
Y
A A A
2! o1 o1
. e =
# h[0] *h[l] Y h|2] Y
— - o Y1
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Causal filters with linear phase

—jaw

= ‘(U‘ - e

Ideal lowpass filter Hi, (eI ) =

(with delay a) 0. w. < |lw| <7

sinwe(n — a)

hipln] =

T(n—a)
Causal FIR filter hin] = hp[n] for0 <n <M

20 =M = eveninteger

(linear phase) / \ £ 0
| e | n 1 N0

NN U5 ZE R U P ) o 5 .,
10T

[a—

(o}

Magnitude
<
n
Group-delay

o
e
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e
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o
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Causal filters with linear phase

. TorrgssssS
2a = M = odd integer 5
(linear phase) 20 \N\I\
(0]

\l\l/ 1'3 T 0 T

Magnitude
o
th

2a # integer @ =625
(non-linear phase)

Phase
(]

\ I
r‘.\l. /1- n _n 1 ()]

o N1/ 6 47 12 T 0

JUUUL____Juuu\

,_.
—
<

Magnitude
=)
n
Group-delay
L

o '
0 i -7 0 T

Note: We cannot have causal IIR filters with linear phase (M = o).

=
o

I
3
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Formulation

Example
(M=4)

General case

10.2

hin] = h{M —

+ Type-| linear-phase filter

nl. 0<n<M Even order M; odd tap L=M+1.

H (&) = h[0] + A[1]e7® + h[2]e 9% + h[3]e 3 + h[4]e 14

(1:[0]@2‘“ + h[11e}® + h[2] + h[3]e 3® + h[4]e ﬂw) 12

= (HO1e™ + A[11e + A[2] + h{1]e™1 + h[O]e™1) &2

A

M/2 ‘
H(ejw) = (Z alk] cos wk) ploM/2 &
0

]
]

\A-:

al0] = h[M /2],

EE3660 Intro to DSP, Spring 2020

alk] = 2h[(M /2) — k).

al0] + a[1] cos w + a[2] cos Qw)e_jzw.

= (h[2] + 2h[1] cos @ + 2h[0] cos 2(U)e_j2m
(

A{—ejcu}e—jwM[2

N

Amplitude response
is even and real.

12



—AL . Type-Il linear-phase filter

Formulation

Example
(M=5)

General case

10.2

hinl]=hM—n]. 0<n<M Odd order M; even tap L=M+1.

H(e!) = h[0] + h[1]e™¥ + h[2]e™#** + h[2]e™ " + h[1]e™** 4 h[0]e
= {2h[2] cos(w/2) + 2h[1] cos(B3w/2) + 2h[0] cos(5w/2)} e I1G/De
£ {b[1] cos(w/2) + b[2] cos(3w/2) + b[3] cos(5ew/2)} e 1/D®.
l 2cosa cos B = cos(a+ B)+cos(a— B)

A(ej“’) = b[1] cos(w/2) + b[2] cos(3w/2) + b[3] cos(5w/2)

— cos (%) {(B[1] = B[2] + B[3]) + 2(b[2] — B[3]) cos w + 2b[3] cos 2w} .

k=1 B

(M+1)/2
H(ejw) — ( Z b[k] cos |:m (/\' — _l))}) e—JoM/2 & A(e-j“”)e_j‘f‘”ﬂ’f/2 blk] = 2h[(M + 1)/2 — k]

\l/ 2 cosa cos B = cos(a + ) +cos(a—B)

0 M-1)/2 w =T, A(e]w) — 0

A(ejw) = J08 (7) Z b[k] cos wk

k=0

= cannot serve as highpass filter
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Type-lll/-1V linear-phase filter

Formulation hin] = —hM —n]. 0<n<M
clk] = 2h[M /2 — k]

M/2
Type-lil H(e)?) = clk] sinwk | jeIeM/Z & 4 (el®)eIeM/2
(even M; odd L) () ; 4] J Ale”)
l 2sina cos B = sin(a + B) + sin(a — B)
M/2
A(e!”) =sinw Y ¢[k] cos wk
k=0
| (M+1)/2 | | | | |
Type-IV He?)=| > dk]sin |:w (k - 7)} jeTIoM/Z & A (elw)emieM/2
(odd M; even L) k=1 o
l d[k] = 2h[(M + 1)/2 — k]
A(ejw) =0atw =0 (M—1)/2

5 w -
= good for differentiators and A(el”) = sin ( — ) Z d[k] cos wk
Hilbert transformers 2 =0
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Amplitude response function

Type hk] M A(el®) A(el®) W (el®)
M/ oM
I even even Z alk] cos wk even—no -
.. 2
k=0 restriction
sl
| M
11 even odd Z blk] cos [a) (k — 2)i| even — 0)2
k=1 A(e)™) =0
M/ T oM
111 odd even > clklsinwk odd 5=
k=1 A(e) =0
A(e)™) =0
M+1
= | T wM
IV odd odd Z d[k] sin [a) (k — 5)i| odd = =
k=1 A(e®) =0

M
H(E‘Im) _ Z /.’[H]E_Jm” A A(ejw)ejw(c_lw}

n=>0 / \‘l’(ejw) = —aw+f

Amplitude response Continuous phase
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Magnitude vs.

|H(e')|
! N
- No derivati\{e
- 0 o
0)
R +
L H(e'?)

AIANAVEINEN
n N

Discontinuity
—Tt
—T 0 T
(0]

Amplitude response

A(e’?)

-7 0 T
®
21 :
¥(el?)
ol
0
_R B
-2
|’ 0 T
®
dw(el) Constant
Twd(@) = ———=— = groyp delay
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Unified representation

Type M 0(el®) P(el®) H(el?) =0 Uses
M/2
| even | Z alk] cos wk LP, HP. BP. BS,
k=0 multiband filters
M-1
z
I1 odd cos(w/2) Z blk] cos wk W=7 LP. BP
k=0
M/2
I11 even sin @ Z clk] cos wk w=0,7 differentiators,
k=0 Hilbert transformers
M-1
z
IV odd sin(w/2) Z d[k] cos wk w =70 differentiators,
k=0 Hilbert transformers

10.2

A(ejm) - Q(EFM}P{ ejw)

Fixed function of w

/

Dependent on filter
coefficients

EE3660 Intro to DSP, Spring 2020 17



Zero locations of type-| filters

M M
H(z) = Z hnlz7" = Z WM — nlz™"
n=0

Mirror-image n=0
polynomial 0 o ; |
(h is real) = Zh[k]z 7 =7"H(E ).
k=M

= zeros appear in

conjugate reciprocal (1—re?z7h(1 —re 771 =127 (1 — e 97

hn i o Unit cine]
" Center of symmetry nit circle

Example ©

|l|gn \J/

0 I 4
(o]
|71 ()] A(ei®)
15 15
10 0
> 5
0 n o 3n an 0\/ n Vznv 3n \]47?

0
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MMSE FIR design by rectangular windo

Desired
response

MSE

MMSE
solution

Rectangular
window

10.3

Hd(ej‘”) = Z hy[n]e ="

H=—00
£? = L Hd(ej‘“) — H(ej“’)‘zdm
27 J_,
M —1 o0
e = (haln] = h[n)*+ > hiln]+ Y hjln]
n=>0 n=—00 n=M+1

hqln], 0<n<M
hln] =

i otherwise

I, 0<n<M
wln] = .
0. otherwise

M - .
- - | — e Je@M+D  sin[w(M +1)/2] _;
W) =Y el = oM+ D/2] _jomy2

| — e~ sin(w/2)
n=0
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Frequency domain effects

Windowing B 1T §
effect = haldeln)  H ) = [ Ha W)
(0,0
A ( ]w) A L. |w| < we¢ AW(CJ(&)U ))
e — |
d 0. we <ol =<m : /\/ i : Ay ()2 sinfw (M + 1)/2]
Ag(e'?) | i sin(w/2)
6

10.3 EE3660 Intro to DSP, Spring 2020
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Computation of ripples

Amplitude oy = L7 et A (@ Dap — L [ 4 (ei-gg
response A(e) = 7 /x Ag(e”)Aw (e )do = e Ay (e )do

w < W, joy _ L @ i(w—8) L fwc | i(0—0)

(w = w,) A(e) = 7 f_wc Aw(e )do + o ] Aw(e )de

b =w—>0 / \¢=(f0—9)L/2

_ 1 w—+we _ 1 (ewe—aw)L/2 06/L
A(ejw) — _L Aw(elﬁf’)dqb + EL Aw(el ))d¢,
1 l :

4/ £
sice) 2 [ 2%y

. ¢
/ VAN Sine integral function
VAV
11 [lee—ol/2 gh g
A(eI?) ~ — 4+ — dp = — + —S —w)L/2
@) ~5+1 2Lap = 5+ il - oL /2]
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Evaluation of ripples

W > W j®Y ~ l _ i _
(® = w,) A(el) 5 T Si[(w — wc)L/2]
Ripples o= o A(e!”) =05,

w=w. —2r/L  A(e!) =0.54Si(r)/m 2 1.0895
w=w.+27/L  A(e™) =0.5—Si(7)/m ~—0.0895

= 8 & J; ~0.0895 A,=21dB (Irrespective of M)
0.6} _____ 0.5895
0.5 - ...................................
B 04} |
=
Z 031
02+t
0.1t
0 ’ - - - -
0 I 2 3 4 5 6
O/t
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Evaluation of transition band

Transition Ao 2 B N 1.8 - 41T
bandwidth W= Os T T =0
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Accumulated amplitude response

w
Aue(e®) 2 f A (e¥)de
—IT
(Approximation for passband and stopband ripples for large M)
M =20 M = 40
0f 0f
= ~13 dB = ~13 dB
K ) ) N T
= 20} = 20
o =]
o0 o0
2 k=
= 40} S 40
-t —0.57 0 0.5n T -t —0.5% 0 0.57 T
[0)] w
0f _ 0
< R
) 51 dB = 21 dB
<& 20} i <F 201 -
= =
o0 50
= -40[\ S _40
X S
-t —0.57 0 0.5n T -t —0.5% 0 0.5% T
w w
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FIR design by non-rectangular window

Window shape determines ripples, and transition bandwidth can be reduced by large M
(but not MMSE any more)

Rectangular Rectangular

02n 04n 0.6m 0.8=7 T
)
Hann

n
Bartlett

f\ 0.5 —0.5cos(2mn/M)

20log, ,IW(e™)
y
=]
>
20log ]0|W(d‘”)|
n
o=
—

~100 - - : 100 N\
0 02x 04n 0.6m 0.8¢ T 0 02rn 04n 0.6m 0.8% s

@ @
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FIR design by non-rectangular window:::

Hamming Blackma
0 0
= 0.54 — 0.46 cos(2rn/M) = 0.42 — 0.5cos(2rn/M) + 0.08 cos(4mrn/M)
.._’:J '?3
=z =
= -50f = _50f
=11] 20
2 =
S S
100 — L UL 100 Al
0 02r 04n 0.6m 0.8n T 0 02 04n 0.6n 0.8x T
()] w
Amplitude Au(d) = 1 ¢A (e12/1) o
function integral L)y T

A( jw) 0.5+ lAT‘,V[O.S(wC —w)L], w < w:
e ~ T
0.5 — LAW[05(w — wo)L], @ > wc

(Window shape determines ripples)
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Table 10.3 Properties of commonly used windows (L = M + 1).

Window Side lobe Approx. Exact 8p ~ ds As
name level (dB) Aw Aw (dB)
Rectangular —13 4 /L 1.87/L 0.09 21
Bartlett —25 8w /L 6.17/L 0.05 26
Hann —31 8m/L 6.27 /L 0.0063 44
Hamming —41 8w /L 6.6 /L 0.0022 53
Blackman —57 127 /L 117 /L 0.0002 14
Trade-off: To obtain smaller ripples for the same transition bandwidth,
you need to use a smoother window and a longer-tap filter.
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40)

Hann Window Design

FIR design examples (M

Rectangular Window Design

3n/4

/2

T

3n/4

/2

S[9Q19(J

T

3n/4

/2

Blackman Window Design

/4

—100

TT

3n/4

/2

Hamming Window Design

/4

1
|
|
|
|
|
|
|
|
|
|
|
|
|
|
|
|
|
|
|
|
|
|
|
|
|
|
|
|
|
|
|
1
|
|
|
|
|
|
|
“
._
Lo
_

$19Q199(]

-100

28
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§ = min{dp, ds}.

Since the transition band 1s symmetric about w, (see Figure 10.8), determine the cutoff

trequency of the ideal lowpass prototype by we = (wp + ws) /2.

3. Determine the design parameters A = —201log;é and Aw = w5 — wp.

4. From Table 10.3. choose the window function that provides the smallest stopband
attenuation greater than A. For this window function, determine the required value of
M = L — 1 by selecting the corresponding value of Aw from the column labeled “exact
Aw”. If M 1s odd, we may increase it by one to have a flexible type-I filter.

5. Determine the impulse response of the ideal lowpass filter by

2

; sinfewe(n — M/2)] 10.80
1d[n] = m(n—M/2) | R

6. Compute the impulse response /i[n] = hy[n]w[n] using the chosen window.
/. Check whether the designed filter satisfies the prescribed specifications; if not, increase
the order M and go back to step 5.
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Design example of a lowpass linear-phase filte
Specification wp = 0257, ws=0357, A =50dB.

(fixed window) 4 / l
we = (wp+ws)/2 =0.37 ds = 0.0032
Aw = ws —wp = 0.17 ¢
Type-| ! _ Hamming window
[ — 67 L=066 <— Aw=6.61/L
Impulse Response Magnitude Response (dB)
0.3} 0
0.2 P
o 250
0
0.1 100

0 33 66 02r 04n 06m 08t =n
n ®
Approximation Erro r Zoom of Magnitude Response (dB)
O -
0032}
1hl "
P} 2| anl
= = o
g = o
= 0 £-0.02 E
z =
< & &
—0032L : - - S —0.04 - - - ~100
0 02n 04n 06 087 =« 0 02x 04n 06 08n =©
® ®
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Kaiser window: adjustable ripples

Io| YT =101 = o) /o]
Window wln] = To(B) . Q=g aM

0, otherwise

00 LAY
: (x/2) , |
Io(x) =1+ E - (zeroth-order modified Bessel function)

m=1

0, A <21
Adjustable A=A, B = 10.5842(A — 21)** + 0.07886(A — 21), 21 <A <50
0.1102(A — 8.7), A > 50
Transitionband M = -
ransition ban M=o

10.3 EE3660 Intro to DSP, Spring 2020 31



Kaiser window: adjustable ripples

M =20

(a) Kaiser Windows

0.8}
= 0.6}
k

(b) Log-Magnitude Response

M=10

Decibels
dn
S

M =20

Decibels
dn
S

(b) Log-Magnitude Response

0 0.2n

04nr 0.6 0.8%« T

)]

(d) B vs Stopband Attenuation

Blackman

Hamming

Bartlett

“Rectangular

20 40 60 80
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LP FIR filter design using Kaiser window

I Given the design specifications {wp, ws,Ap, As}, determine the ripples 8, and &5 and set

6 = min{dp. ds}.

Because the transition band 1s symmetric about @, determine the cutoff frequency of

the ideal lowpass prototype by we = (wp + wy) /2.

3. Determine the design parameters A = —201log,;é and Aw = wg — w,,.

4. Determine the required values of g and M from (10.84) and (10.85), respectively. It M

1s odd, we may increase it by one to have a flexible type-I filter.

Determine the impulse response of the ideal lowpass filter using (10.80).

6. Compute the impulse response h|n] = hy[n]w[n] using the Kaiser window.

/. Check whether the designed filter satisfies the prescribed specifications; if not, increase
the order M and go back to step 3.

(g

tn
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Design example of a lowpass linear-phase filte

Specification wp =0257., wy=0357. Ag=>50dB.

(Kaiser window) AW / l
we = (wp+ws)/2 =0.37 ds = 0.0032
Aw = ws —wp = 0.17 ¢
Type-I $
— A — < =
L=6ll M =60 M =59 p = 4.528
Impulse Response Magnitude Response (dB)
0.3 0
0.2 s
= z
= 0.1 2 =50
)
0
0.1 : —-100
0 3;9 60 0 02z 04n 06m 087 =
®
Approximation Error Zoom of Magnitude Response (dB)
0032 or
=50
- E S
= 2-0.02 =
< a S
—-0.04 %
-.0032 I . ] i : . . . . ~100
0 02r 04n O6m 08n =w 0 02r 04n 0O6m 08T =
(O] ()]
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g Az -
a
A5 -—— - T 1
"
wy =0 (1')1 al)z GIJB O] Wws = T
K sinfewy(n — M/2)]
LP-band habln] = Z(Ak — Ak+1)
Partitions P T —M T
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Design example of a bandpass linear-phase filt

Specification | B
(Kaiser window) |H(e!”)| < 0.01. o] < 0.27 we, = 0.257

Aw; =037 — 027 =0.17

0.99 < [H(e¥) | < 1.01, 037 < |w|< 0.77 =

e, = 0.747
H(e)|<0.01. 0787 <|w|<m Awr = 0.787 — 0.77 = 0.087
Type-I| /
§ =0.0lorA~40dB— | B = 3.3953| =M = 56|<— Aw = 0.08xn
Impulse Response Magnitude Response (dB)
04 0
e 1] sinf[we, (n —M/2)]  sin[ewe, (n —M/2)] ~ 02 3
n|= — = =
bp (01— M)2) Tn—M/2) = 0 240
(ideal) -02
-04 , 780
0 %53 56 027 047: 0.6n 08t =
Approximation Error Zoom of Magmtude Response (dB)
0.01 0
. 9740 2
: ul \MMM f\/\\/\ e M .
g v \/ \ U U UV U U J J ;;T Z
—-0.01 —-80 —0.2
0 02r 04n 0.6n 0.8= i 0 02r 04n 0.6m 0.8n b1
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Basic approach for FIR filter design using
frequency sampling

Discrete . o
sampling of Hglk] £ Hq(e™™ /). k=0.1.....L—1
DTFT
Inverse DFT -~ | = >
(time-domain i) = L D HalkIWy™ = ) haln — mL]
aliasing) k=0 m=—00
(L could be large to reduce aliasing)
Windowing h[n] = h[nlw[n]
| | L= |
H(eJW) — E ZHcl[k]W(ej(w—znﬂfL))
k=0

(windowing as frequency-domain interpolation)
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Linear-phase FIR filter design

Hq[k] = Aq[k]e' Va4,

Amplitl_Jde Aq(el0), i
Sampling Aglkl= 1

Ag(e??mk/Ly k=12 .... L

Phase shift = —%a)

L—12 _ i
Linear-phase - %A R T - Q
enforcement Wylk] = 1 - O=[(L-1/2]
— 1 2
(Type-1/ll) L,,) l?m—m. k=0Q+1.....L—1

Sharp Transition: M = 19 B (__\__ o
High ripples for Re_Ctang_ljlar
\ v sharp transition / wmdowmg
| 1 2 14 16 1s >

0 0.2 0.4 0.6 0.8 1
o/t
IO B [
5L
£
Z 04
=
=
5t
_10 1 1 1 - 1 1 1 1 1 ]
0 0.2 0.4 0.6 0.8 1 1.2 1.4 1.6 1.8 2
o/t
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Method 1: Smooth transition band approach

Linear roll-off Ag(e") = (w5 — ) /(w5 —wp).  @p < @ < w;
Raised-cosine ‘
roll-off Ag (er) = 0.5 —0.5cos[m(ws —w) /(s —wp)], wp < w < wy
(preferred) ‘ N
(a) Linear Transition: M =19
| e
S 0.8
2
= 0.6
"%0
= 04
0.2
0 |
0 0.2 0.4 0.6 0.8 | 1.2 1.4 1.6 1.8 2
o/
(b) Raised-Cosine Transition: M = 19
| — - =
3 0.8F
a
= 06 R
oD ectangular
= 04r windowing
02F
0 ' ' —o—b—o—& ' ' !
0 0.2 0.4 0.6 0.8 1 1.2 1.4 1.6 1.8 2
o/T
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10.4

Method 2: Nonrectangular windowing approac

Apply Hamming or Kaiser window after direct sampling

(a) Hamming Window: M = 19
== - &
S 0.8 ,
2
5
< 0.4}
0.2F
0 l L. —— Y —_— o l l I
0 0.2 0.4 0.6 0.8 | 1.2 1.4 1.6 1.8 2
o/T
(b) Kaiser Window: M =19, 3 =4
E .
S 04F
0.2
0 ! L egSpo—p i S ———t o
0 0.2 0.4 0.6 0.8 | 1.2
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2

10.4

FIR filter design using frequency samplin

. Choose the order of the filter M by placing at least two samples in the transition band.

. Fora Mndgmlgsjgu_a_ppmaghzobtain samples of the desired frequency response H[k]

using (10.94). For a smooth transition band approachj use (10.95) or (10.96) for
transition band samples in addition to (10.94) for remaining samples.

. Compute the (M + 1)-point IDFT of Hy[k] to obtain /i[n]. For a window design approach

multiply i[n] by the appropriate window function.
Compute log-magnitude response Hg(e'*) and verify the design over passband and
stopband.

. It the specifications are not met, increase M and go back to step 1.

y

lterated until
spec is met
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Design example of a lowpass linear-phase filte
Specification wp = 0257, ws=0357, A, =40dB

(a) Raised-cosine Approach: M =50 (b) Hamming Window: M = 50
l 1
S 08 < 0.8
3 3
= 0.6 = 0.6
= 04 = 04
0.2 0.2
0 0
0 0.250.35 | 0 0.250.35 |
/T o/t
0 0
2 _40f 2 _aof
Q [
) )
A A
-100 — ' —-100 — '
0 0.250.35 | 0 0.250.35 |
/T o/t

Note: Frequency sampling is not suited for standard LP/BP/HP filters.
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Design example of DAC equalization

T Ideal bandlimited
interpolator
GeL(iR)
Sample and hold I, 0<t<T cCTFT . 2 SIH(QT/Z) .
SIH DAC |Gsu(jQ)] gsH(t) = . —— GsH(jQ) = ———e¢ iQr/2
N 0. otherwise Q
_2n _n 0 z 2n Q
T T T T
|H, (127 F) |

QUE QT2 Q| < /T

Analog post- ! nLvE s
. H.(iQ) = ] sin 2 )
filter | . | | | . ($2) 0. otherwise

Vs

_ } . CU/2
Digital fu!l band g (eiey = _ . _p<w<mw
post-filter sin(w/2)
(b) Hamming Window Approach: M = 40 Impulse response
1.5} (|
9 >
E :
5 2 05}
=05 <
0 MMNMEME I I idaans
0 L L L L ) L L L )
0 0.2 0.4 0.6 0.8 1 0 10 20 30 40
o/t n
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