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Time Sequence
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Prefilter
 

Analog
signal

Bandlimited
Analog signal 

Sampled
signal 

xi(t) x(t) x̂(t) = x (nT )

analog
lowpass
prefilter

sampler
and 

quantizer

ADC

xi(t) x(t) x̂( t) = x (nT )

Prefilter in Time Domain

1
T = f s

Sampling 
Frequency

Periodicity 
in Freq Domain

f s

Not band-limited signal

Low Pass Filter
before sampling

Anti-aliasing Prefilter

Band-limited signal

spectrum 
replication
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Prefilter
 

Analog
signal

Bandlimited
Analog signal 

Sampled
signal 

X i ( f ) X ( f ) X̂ ( f )

0 +
f s
2

0−
f s
2

+ f s0− f s

xi(t) x(t) x̂(t) = x (nT )

analog
lowpass
prefilter

sampler
and 

quantizer

ADC

Ideal
Prefilter

Ideal
ADC

Ideal Prefilter in Frequency Domain

+ f max− f max Periodic by + f s

Cutoff Frequency f max ≤
f s
2

band-limited to max freq f max
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Practical
Prefilter

Practical Prefilter

−
f s
2 +

f s
2

−
f s
2 +

f s
2

− f stop − f pass + f pass + f stopf s = f pass + f stop

Ideal
Prefilter

Passband may 
not be flat

The sampling rate must be 

chosen high enough 

so that after prefiltering the 

surviring signal spectrum in 

the Nyquist interval 
contain all the significant 

frequency component

[− f s
2
, +

f s
2 ]
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Prefilter
 

Analog
signal

Bandlimited
Analog signal 

Sampled
signal 

X i ( f ) X ( f ) X̂ ( f )

0 +
f s
2

0−
f s
2

+ f s0− f s

xi(t) x(t) x̂(t) = x (nT )

analog
lowpass
prefilter

sampler
and 

quantizer

ADC

Practical
Prefilter

Ideal
ADC

Practical Prefilter + Ideal ADC



6B Prefilter 8 Young Won Lim
7/27/12

Prefilter
 

Analog
signal

Bandlimited
Analog signal 

Sampled
signal 

X̂ ( f )+
f s
2

X ( f )

0

−
f s
2

+ f s0− f s

xi(t) x(t) x̂(t) = x (nT )

analog
lowpass
prefilter

sampler
and 

quantizer

ADC

Practical
ADC

2ω0−2ω0 ω0−ω0

X i ( f )

Ideal
Prefilter

0

Practical Prefilter + Practical ADC
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