
Filte ring 

In many applications, we want to modify the spectrum of a  s ignal by 

either amplifying or a ttenuating certa in frequency components. 
 

This  process  of modifying the  frequency spectrum of a  s ignal is  called 

filter ing. 

A system that performs a  filtering operation is  called a  filter . 

Many types  of filters  exis t. 

Frequency selective filters pass  some frequencies  with little  or no 

dis tortion, while  s ignificantly a ttenuating other frequencies. 
 

Several bas ic types  of frequency-selective  filters  include: lowpass, 

highpass, and bandpass. 
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Idea l Lowpass  Filte r  An ideal lowpass filter  eliminates  a ll frequency components  with a  

frequency whose  magnitude  is  greater than some cutoff frequency, while  

leaving the  remaining frequency components  unaffected. 

Such a  filter has  a  frequency response H of the  form 

H(ω ) =  

 
1  for |ω| ≤ ωc 

 

0 otherwise , 

where  ωc  is  the  cutoff frequency. 
 

A plot of this  frequency response  is  given below. 
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Idea l Highpass  Filte r  An ideal highpass filter  eliminates  a ll frequency components  with a  

frequency whose  magnitude  is  less  than some cutoff frequency, while  

leaving the  remaining frequency components  unaffected. 

Such a  filter has  a  frequency response H of the  form 

H(ω ) =  

 
1  for |ω| ≥ ωc 

 

0 otherwise , 

where  ωc  is  the  cutoff frequency. 
 

A plot of this  frequency response  is  given below. 
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Idea l Bandpass  Filte r  An ideal bandpass filter  eliminates  a ll frequency components  with a  

frequency whose  magnitude  does  not lie  in a  particular range, while  

leaving the  remaining frequency components  unaffected. 

Such a  filter has  a  frequency response H of the  form 

H(ω ) =  

 
1  for ωc1 ≤ |ω| ≤ ωc2 
 

0 otherwise , 

where  the  limits  of the  passband are  ωc1  and ωc2. A 

plot of this  frequency response  is  given below. 
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Section 5.8 
 

 
 
 

Application: Amplitude  Modulation (AM) 
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Motiva t ion for Amplitude  Modula t ion (AM) In communication sys tems, we often need to transmit a  s ignal us ing a  

frequency range  that is  different from that of the  original s ignal. 

For example, voice/audio s ignals  typically have  information in the  range  of 0 

to 22 kHz. 

Often, it is  not practical to transmit such a  s ignal us ing its  original 

frequency range. 

Two potentia l problems with such an approach are: 
1 inte rfe rence ; and 

cons tra ints  on antenna  length. 2 

Since  many s ignals  are  broadcas t over the  airwaves, we need to ensure  

that no two transmitters  use  the same frequency bands  in order to avoid 

interference. 

Also, in the  case  of transmiss ion via  e lectromagnetic waves  (e.g., radio 

waves), the  length of antenna  required becomes impractically large  for the  

transmiss ion of re latively low frequency s ignals. 

For the  preceding reasons, we often need to change the  frequency range  

associated with a  s ignal before  transmiss ion. 
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Trivia l Amplitude  Modula t ion (AM) Sys tem 

× 

c1(t) =  e jωct 

y(t) x(t) 

Transmitter 

× 

c2(t) =  e− jωct 

x̂(t) y(t) 

Receiver 

The transmitter is  characterized by 

y(t) =  e jωct x(t) 
 

 

The receiver is  characterized by 

⇐⇒  Y (ω) =  X (ω − ωc ).  

x̂(t) =  e− jωct y(t) ⇐⇒  X̂ (ω) =  Y (ω +  ωc ).  

Clearly, x̂(t) =  e jωct e− jωct x(t) =  x(t ).  
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Trivia l Amplitude  Modula t ion (AM) Sys tem: Example  
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Double -S ideband Suppressed-Car rie r  (DSB-SC) AM 

× 

c(t) =  cos ωct 

y(t) x(t) 

Transmitter Receiver 
 

 

Suppose  that X (ω) =  0 for a ll ω j∈ [−ωb, ωb]. 

The  transmitter is  characterized by 

× 

c(t) =  cos ωct 

H(ω) 
x̂(t) v(t) y(t) 

H(ω) =  2 rect  
(  

ω 
2ωc0 

\  

Y (ω) =  1 [X (ω +  ωc) +  X (ω − ωc )] .  
2 

The receiver is  characterized by 

X̂ (ω) =  [Y (ω +  ωc) +  Y (ω − ωc)] rect  
(  

ω 
2ωc0 

\ 
.  

If ωb <  ωc0  <  2ωc − ωb, we have  X̂ (ω) =  X (ω) (implying x̂(t) =  x(t )).  
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DSB-SC AM: Example  
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Single -S ideband Suppressed-Car rie r  (SSB-SC) AM 

× 

c(t) =  cos ωct 

x(t) 
G(ω) 

q(t) y(t) 

G(ω) =  1 − rect( ω 
2ωc 

) 

Transmitter Receiver 
 

 

The bas ic analys is  of the  SSB-SC AM system is  s imilar to the  DSB-SC 

AM system. 
 

SSB-SC AM requires  half as  much bandwidth for the  transmitted s ignal as  

DSB-SC AM. 

× 

c(t) =  cos ωct 

H(ω) 
x̂(t) v(t) y(t) 

H(ω) =  4 rect( ω 
2ωc0 

) 
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SSB-SC AM: Example  
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Section 5.9 
 

 
 
 

Application: Equalization 
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Equaliza t ion 
Often, we find ourselves  faced with a  s ituation where  we have  a  sys tem with 

a  particular frequency response  that is  undesirable  for the  application at 

hand. 
 

As a  result, we would like  to change the  frequency response  of the  sys tem to 

be something more  des irable. 
 

This  process  of modifying the  frequency response  in this  way is  referred to 

as  equalization. [Essentia lly, equalization is  jus t a  filtering operation.] 
 

Equalization is  used in many applications. 

In real-world communication systems, equalization is  used to e liminate  or 

minimize  the  dis tortion introduced when a  s ignal is  sent over a  (nonideal) 

communication channel. 

In audio applications, equalization can be  employed to emphasize  or de-

emphasize  certa in ranges  of frequencies. For example, equalization 

can be  used to boost the  bass  (i.e., emphasize  the  low frequencies) in the  

audio output of a  s tereo. 
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Equaliza t ion (Continued) Ho (ω) 
Input Output 

Origina l Sys tem 

He (ω) Ho (ω) 
 
 

New Sys tem with Equa liza tion 

Y (ω) X (ω) 

Let Ho  denote  the  frequency response  of original sys tem (i.e., without 

equalization). 
 

Let Hd  denote  the  desired frequency response. 

Let He   denote  the  frequency response  of the  equalizer. The  

new system with equalization has  frequency response  
 

Hnew(ω) =  He (ω)Ho(ω). 
 

By choosing He (ω) =  Hd(ω)/ Ho (ω), the  new sys tem with equalization 

will have  the  frequency response  
 

 

Hnew(ω) =  [Hd(ω)/ Ho(ω)] Ho(ω) =  Hd(ω). 
 

 

In effect, by us ing an equalizer, we can obtain a  new system with the  

frequency response  that we des ire. 
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