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System Considerations of Pre-filtering & Post-filtering

® [ntroduction

® Spectra of Sampled Signals

® Prefiltering

® Postfiltering

® Oversampling Approach

® Conventional Switched-Capacitor Approach

® Examples
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Filters

® Continuous-time filter
¢ RLC passive
¢ Active RC

® Sampled-Data filter
¢ Switched-Capacitor filter

® Digital filter
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Continuous-Time Filters

® Example: 1 pole low pass filter

¢ Passive _ _
R L
o /\/\}\
Vout — I:\)L 1
Vin R Vow V, R+R |, SL
0 0 | Ry+R_ |
¢ Active
RFB
N N\—
R'n ® ICI ® Vout _ RFB |: 1 :|
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VinO—AN\—o—— \/in Rin 1+SRFBC
r + Vout
¢ Equivalence conditions of the above
R,=R,,Rp = RlRL y = =
R, +R, RR,
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Switched-Capacitor Filter (SCF)

® Basic concept
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® Example: SC integrator (stray-sensitive)
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Digital Filter

® FIR (Finite Impulse Response)

x(n)—»{z " +—»z "1z 1F————— — 71

® |IR (Infinite Impulse Response)

x(n) -+ l y(n)
Z—l
® OQOperations of digital filter -
. d
& Multiply - l .
¢ Delay
-1
¢ Add Z
do 1 bZ
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Analog Sampling Circuit

Sl t) (Single pulse)

o . :::::::;>______<> f(t)
Dy = ° \(ﬂ\u
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® Original continuous-time signal f(t)
® Sampled/Held Signal f*(t)
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Analog Sampling Circuit (Cont.)

® Mathematical relationship (assume K=1) £(t) = z £2(0)
¢ Single-pulse signal f;(t n=-coo
J F() T J © ;(t) f2(t) (Single pulse)
SH0 =—2[8C -1 -8 -nT-0] | m‘
1,t >0 '
where 0(t) = {0’ f< 0 (13.3) s t
¢ Sampled signal for all time
o O fT)
S () = HZOO £2(t) = HZOOT [0(t — nT) — 6(t — nT — 7)] (13.4)
& Laplace transform for f_"(t) and f*(t)
_ ~—ST
> Fi(s) = %(1 Se >f(nT)e_SnT (13.5)
. (for T—0) o
S F*(s) = —< il ) Z f(nT)e~S - Z fnT)e-S"T  (13.7)
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Signal Spectra of Zero-Width Samples

® For t— 0 (Zero-width sampling)

f(t) —— FQw) e Original signal
f*(t) —— F*(Gw) -oereeeeeeeene Sampled-data signal

® Spectrum of sampled signal
¢ Methodl: Replace s 2 jw in (13.7)

¢ Method2: Convolution
Fourier l

transform

£ = 10 - 5(0 P () = 5= F(10) ® S(j0)
where s(t) = Z 8(t — nT)

n=-—oo

S(w) =2?1T Z B(w—kZTT[>

n=-—oo

1 © 2
> Flo) =z ) F(jw—jk%)

k=—o0

® Continuous-time signals f(t) and fg(t)
® Sampled-Data signals f5(t) and fg(t)
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Nyquist Theorem

® There is a one-to-one relation between values
FA/B(jco) and FZ/B(jco)
¢ Replicas forming Fz(jw) overlap
» It is called aliasing or folding and results in nonlinear distortions

® | ow-pass Filter
T
. . . . 1 lo=g]
Fa (jw)H(jw) = Fo(jo) where H(jw) = ;. -
) |(1) > —|
T
¢ The continuous-time signal f, (t) is recovered
¢ But no such operation can regain Fg(jw) from Fg* (jw)

® Nyquist first observes this phenomenon
¢ Nyquist Theorem : f > 2f

sampling signal band
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Sample/Hold (S/H) Effect

® Due to nonzero-width samples, assume 7=T and from (13.5)

- Fsy(jw) = Hgg(jw)F*(jw), where F*(jw) is spectra of zero-width samples
® Spectrum of S/H response

1— —sT
Hgy(s) = es

Lets — jw . -
. 1—ejOT _joT (sin2= Isin(£)|
Hsy(w) = o Te > < T ) or [Hsy(H)| = T—F
—~ IEI
4 [Hsg(w)|
(Y\/T-i\r\
6T 4T 210 21T ATt 6T j
T T T T T T ®
—3f, —2f, —f, f 2f,  3f, f

® H, (jo) has a linear phase. Its amplitude has sinc response (sinX/X)
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Sample/Hold (S/H) Effect (Cont.)

® Fsi(jw) = Hsy(w)F*(jw)
® F*(jw) is formed by replicas of F(jw)
® Fy(jw) is replicated and multiplied by the sinX/X response.

f(t) @ /\F‘Qw)
¥ « K
NN . —

. —|I‘*_|‘
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€
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T T
® S/H before an ADC Reduced high-frequency images

¢ Allow ADC to have a constant input value during one conversion
¢ Relax the anti-aliasing requirement
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Derivation of S/H Function Hg, (S)

® S/H response (refer to p.9-8)

f(t) f°(t) t) (Single pulse) (t) ., (t) (Single pulse)

|, B
7 T2 <_>T ZT\QAL nT s

Sample Hold
& For sampled signal: *(t)= i @[&(t—nT)—&(t—nT—r)] (13.4)
¢ Assume T=T (NOI’]ZEI’O—V\;iZdTh sampling)
> f(t) Zf (NTHt—nT)-Ht—nT-T)] (13.39)
& Laplace transform:F,(s)= 1- E_ST if (NTle ™" = 1- : F'(s) (13.40)

—> Sample/Hold transfer function, Hg, (S), IS equal to

1_e—ST
oy 5) = (13.41)
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Sampled-Data System with Continuous-time Input &
Output Signals

® Distortion due to Hsr(Jw) is linear as opposed to nonlinear aliasing distortion

e F(Jo) can be recovered from FsH(Jjo) by two steps
¢ Low-pass filter Heofi
¢ Amplitude equalizer with a transfer function EQ(J(D)_ }/HSH(J.(D)

Sampled-data

s T
. system !

Input | Continuous-time | Continuous-time Output

—| anti-aliasing > or > smoothing ,| Amplitude
[ ' l - equalizer
filter ! : filter

l

o ap | Dsp | pia |

® The anti-aliasing and smoothing filters can be identical lowpass filters, and
should ideally have sharp cutoff frequency (except oversampling rate signal
processing where decimation and interpolation are used)
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Prefiltering

® Nyquist rate
¢ Prefilter = Anti-alias filter (AAF)
¢ Brick wall AAF
® Oversampling rate
¢ Prefilter = Anti-alias filter + Decimation filter
(AAF) (DF)
AAF: Continuous-time filter
DF:. SCF or Digital filter

[ Usually < 60 dB(or 10 bit) [ Usually > 60dB (or 10bit)

N
.

Small size (formerly) Large size (formerly)
| Large size (advanced process) | Small size (advanced process)
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Prefiltering (Cont.)

® Examples: (For Data Acquisition)

¢ Conventional Nyquist-rate A/D converter

—[AAF}——{SCF
T

nf,

\ 4

A/D

1
fe

v

¢ Modern high-speed design with Nyquist-rate A/D converter

Calibrated

AAF

¢ Oversampling A/D converter

\ 4

v

A/D

I
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Prof. Tai-Haur Kuo, EE, NCKU, Tainan City, Taiwan

0-17

5% % %, Analog IC Design, 2025



Prefilter Strategy for Conventional Data Acquisition

Continuous-time
Lowpass filter

—

Analog
input

| Switched-capacitor

Lowpass filter

fscr

A/ID
converter

faDc

Digital
output

® Provide anti-aliasing for ADC with SCF sampling at a frequency much

greater than twice the bandwidth of interest.

® Provide anti-aliasing for SCF by continuous-time low-pass filter (CTLPF)

with corner frequency comfortably between 'SCF/ , and fgw

A

fCTLPF f
SCF
A : N
fBW fADC

® f.-r >> fapc 2 SCF performs anti-aliasing filter - Decimation occurs
without aliasing effect 2> ADC performs decimation and A/D conversion.

® Sometimes, SCF instead of ADC performs filtering and decimation. For
either way, control clocks had better be synchronized.
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Digital
Input

Conventional Postfiltering

DAC

SC

for

\4

Lowpass
filter

feo

\4

Smoothing filter
( & equalizer)

| Analog
Output

Smoothing filter

)

[
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Discrete-time Sinusoidal Signals
with Different Sampling Rates

® oo samples/cycle ® 16 samples/cycle

1 5 10 15 n

® 8 samples/cycle

o)
1 )/ 10 \ky n
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Time and Frequency Domain of Different Sampling Rates

we Y-

X31( fﬂ?’ Xl(m)

Y\

AANVALNN

1 Hz
(0.511)

st(f)’ Xz(a))

3

il

8:Hz

4 Hz
(417) (a))

(2m)
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(11/6)

AN

12 Hz
(21)
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Use of Oversampling Approach to
Relax Requirements of Prefilter and Postfilter
® Front End

¢ Use oversampling A/D converter
¢ Use decimation after A/D conversion

® Back End
¢ Use interpolation before D/A conversion
¢ Use oversampling D/A converter
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Use of Oversampling Approach to Relax
Requirements of Prefilter and Postfilter (Cont.)

® Example: Block diagram of a signal processing system

Simol Decimation
ANt Ig:ig:in A/D filtering, then

—] - > > . ——]
i J Conversion | . sampling rate

Xc(t) liter Xa(t) i X(n) reduction by M | Xq [n]

T

Discrete-time

- system
Xa[n]

Y, [n] Sampling rate y[n]

increase by L, D/A Yoalt)[  Simple Y, (t)

; _ > » reconstruction p—m
then interpolation converter filter
filtering 1
(With compensated T

amplitude equalization)
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Use of Decimation in A/D Conversion

Slgnal XC(JQ) .
High-frequency =~ "\ ,=======recce-- ~o _ Slm_ple _
noise \ /\ Scsae o anti-aliasing filter
L d \\&-~
QN Qc Q
1 a(iQ)
Filtered Signal\
noise\
— — o Q
- — O (@Y Qe
1
l 5 (o
T 1 X(e ) Sharp cutoff
------- - S —————— Decimation [e————————
: Aliased noise : : filter :
I I I I
|2 N T 5 o =QT
1 J. M
TN X, (e") T'=MT
Wv\ a):QT’
-2r Vs /4 s
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Use of Interpolation in D/A conversion

1 Ya(ejw) T'=MT
F
/\/\/l\
— - 7T w _ ’
271' YA<ejw) 27[ = QT
Compensated _T'/ _MT
1 L ——_ interpolation T A /L
1 >e = £ filter P
e 6 o o 0 o
| |
_2 T T 272' ) _ "
4 L. L 2T — z w=0T

i Simple
H, (i2) reconstruction

L filter 5
\ Q. < T7’T —Q

Y,(jo) o Q

N

o Q
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Decimation

® [owpass filtering + downsampling

Low-Pass

X(n) ——

!
f

Filter

sl
® Downsampling (by 3)
¢ Time-domain

Down- R
Sampler t - Y(n)

ﬂ”m T
/| o

. Frequency domain

M M,

21
(f)

MM

27T
(o)
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Decimation (Cont.)

® Downsampling with aliasing
¢ Spectrum of original continuous-time signal

AN

Q
¢ Spectrum of sampled signal
—2r — 7 A T 27 w=QT
¢ Spectrum after decimation
1 (M=3
MT
| I
—2nr -3r 3r 27T w=OT'
2 2
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Decimation (Cont.)

® Downsampling with prefiltering to avoid aliasing
¢ Low-pass filtering

%:% 27 w=QT"’
¢ Spectrum after filtering
) N )
% 27T w=QT"'
¢ Spectrum after decimation
1
MT
\./\
T 2. @=QT"
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Interpolation

® Upsampling + lowpass filtering

¢ Time-domain

X(n)—T—> Upsampler r

fSl

—h

S1

® Upsampling (by 3)
¢ Time-domain

dRN

Low Pass : Y(n)
Filter

n
0 1 2 ‘l L’l—,

¢ Frequency-domain

A

— | L—

/\/\7t /\-/\ > (1)
E 21

> @

M/\A/\/\/\;\M

o | a
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Interpolation (Cont.)

® Baseband signal

(Analog) /\

® Original signal

(Digital) /\/\ /\

® Upsampling L s 21 w=QT
® |ow-pass filtering 2 w=QT’
2I7z w=QT'

® Spectrum after filtering

AN N
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Decimate-By-N Filter

® Example: moving average sinc function

X Decimation

£.) filter : \f(c
| ¥

Output rate ¢/ = fy
Y(n) = %[X(Nn) +X(Nn—1)+X(Nn—2) + -+ X(Nn—=N+1)]

Input rate f.

> Y(z) = %[X(z) +271X(2) + - + z~N-DX(2)]

Y(z) 1—z—N

1
= Transfer function —= X ﬁ[1—z-1]
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Decimate-By-N Filter (Cont.)

® Gain of sinc filter

. Nort NoT
- In—— ' o = —
1|1_ZN_1S _smcz .z e and T C
1| T ) .
_ . 0T . 0T : sinX
N|1l-z N Sin— SINC—— SINCX=——
2 X
® Example: N=6
Gain
1“
/\/\/\N\/\/\/\(\ > T
-2f, — f, 0 f, 2f, 3f, 4f, 5f, e6f, 7f, 8f, Of,

(=5 (= )
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Digital Decimator with Sinc Filtering

|

AR g—
L REG
:
|

- . i i ;
fc fc fc fc |
~— — |

I
|
] fo ‘ f,
) 1 ) 1-zN
' 1-z1
X1 1 %5 Y
c d
Lowpass Filter Decimator
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SC Sampling Stage Without Decimation

® Example: Integrator $q ¢ C
T V L oC L iz
V,(KT) — V, (kT — T) = aV, (kT - E) 1 v,
1
Vi(m)  az 2 AL ¢4
WS Ne T T { L -
b4
e T T T
KT—T KT- > KT KT + >

® Example: Modified Integrator

H(z) = H;(z)Hp(2)

Hp(z): sinc transfer function

. Nwt
sin——

|HD(ej(.0‘[)| — % ; TZEZT

T\,\“A/\=f

0 fy 2fy 3fy 4f; 5fy 6f A

RS S S S S S S 2

output/_f 0 g (f) - N =6
N=6
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Cosine Filter

® [or N=2
. Sincw Tt 1
H,(el*t)| = . ==
| I( )l sinc o%r , 1 f

NNV

o f, 2f, 3f, 4f, 5f,
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Interpolation Filter

® Example: Linear Interpolation (sinc function)

X Y
— Interpolation >
(fc) (fl ): Nt
! ! Nfc = fl !
<1 —O——0 B
 YRreg— | - REG
| i | i
ST " ! "
ff 54— 1-7z >ig 1_2_% >i
TN — 1-7zN e 1 >
© 1-z7
H (2) 11—2z7N sinc% . 1 N =6
I\Z) = 1 = T=— .
N1-z71 sinc% ’ fI 0 f, 2f 3f 4f 5f 6f 7fc'f
:fI
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SC Sampling Stage With Linear Interpolation

¢ C.
Ne— e ™S
V, o—¢ o\.¢2 ::C2 ¢ |+ vV,

S J__

o [ 21 11213 .
T2 Vl‘ T2 Vl‘ T2
S T, =rT,
V,,V, 4
...... snnnnn Vl
...... .. 6T, prrnnnns V2
| .

———— e | - t
T, 3T, .

V,(nT,)-V,(nT, —Tz)zﬁ[vl(nTz)—Vl(nTz ~NT,)] H,(z)= 1’28 :% — % Zoz

Not

_m_lsin 5 . _1_
‘Hl(e‘ X—N—Sin(l; : T—f—Tz
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Sinc Filtering Function

® Not ideal lowpass
® FIR (Finite Impulse Response)

/-> ideal lowpass filter

sinc filter

» |

® To implement ideal lowpass function, other approaches can be used.
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Changing The Sampling Rate By A Noninteger Factor

Interpolator Decimator
Lowpass Filter Lowpass Filter
X(n) > T L= Gain=| Gain=1 N J, M > X4 (n)
X(n) Cutoff =% [ Cutoff:ﬁ XI (n)
Sampling X (n)
period T TIL TIL TIL TMIL

ﬂ Two lowpass filters
can be combined

Lowpass Filter

T L = Gain=L — J, Mt—
X(n) X(n) Cutoff:min(%,%} XI (n) Xd (n)
Sampling |
Period T T/L T/L TM/L

® Noninteger factors can be obtained from properly choosing M and L .
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Examples

® Talking Back in the early 1980s

Storage
Anti-alias R Smoothing .
filter "ADM D/A filter ]
A
xcb {
>
fBW f%
2
® Speech Reconstruction in the late 1980s
Storage
Anti-alias . AD | D/A Smoothing
1 fiter » converter converter > filter
(Nyquist rate) (Nyquist rate)
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Examples (Cont.)

® Current approach 1.:
Better LPF can be used other than sinc one

I_H
continuous-time + oversampling + digital + DAC + SMF
AAF ADC Decimator
and LPF

¢ Oversampling ADC and digital decimator may be combined.

® Current approach 2:

continuous-time + SCF + conventional + DAC + SMF
AAF ADC
(Nyquist rate)
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