
Analog to Digital Conversion



Sampling Theory

• Nyquist – Shannon sampling theory:

– If a function x(t) contains no frequencies higher 
than [or equal to] B Hertz, it is completely 
determined by giving its ordinates at a series of 
points spaced 1/(2B) seconds apart.



Demonstration

• http://www2.egr.uh.edu/~glover/applets/Sam
pling/Sampling.html

• Additional resource:

National Semiconductor, 
“An Introduction to the Sampling Theorem,” 
http://www.national.com/an/AN/AN-236.pdf

http://www2.egr.uh.edu/~glover/applets/Sampling/Sampling.html
http://www2.egr.uh.edu/~glover/applets/Sampling/Sampling.html


Need to Band Limit Signals before 
Sampling



Simple Low Pass Filter
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Classical Analog Filter Types

Name Transition Passband Ripple Time Delay

Butterworth Okay Best Poor

Chebyshev Steepest Selectable Poor

Bessel Poor Poor Best



Filter 
Amplitude 
Responses

http://www.dspguide.com



Step Response

http://www.dspguide.com



Pulse Response

http://www.dspguide.com


