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We started by considering some examples of signal processing
algorithmg in action, and saw that all those examples neatly fit
into one basic picture: :
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We then talked about a few very basic notions, ) )
which the whole field of signal processing is based on. We've answered
questions like: what's a signal? what's a system? We've concentrated

on linear time-invariant systems, and saw that, in order to analyze such
gystems, it was important to study representations of signals in

orthogonal bases.
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For example,
* when we represented our input signal as the sum of shifted

and scaled impulses, we cbtained the interpretation
of an LTI system as the convolution of its impulse response
with the input.

* When we represented our input signal as the sum of complex
exponentials, we got an equally important interpretation of
an LTI system--namely, that it modifies different frequency
compcnents independently of each other, by just multiplying
them by complex numbers. We called these frequency-dependent
numbers the frequency response, and saw that it was the
discrete-time Fourier transform of the impulse response.

Because of this property of LTI systems, it is really important to
be able tc think of signals both in time domain and in frequency
domain, which is why Lab 3 and Homeworks 3 and 4 emphasize spectral
representations of signals and playing with frequency responses of
various systems.

This background material that we've been covering for three weeks now
allows us to start considering several important practical matters.

One example is filter design, when you want to attenuate certain
frequencies in a signal and enhance others. If you have audioc eguipment,
you are modifying a digital filter every time you adjust bass or treble.
If you are playing with Adobe Photoshop on your computer, and click

on "enhance", you are applying a digital filter tc your image.

Now, if you want to implement a digital filter as a convolution, how
do you design a fast algorithm to do that? How can you quickly compute
spectral representations of signals? Well, this is where the FFT
algorithm comes in. Ycu will see it in a few weeks in lab 6.

Another practical issue that we will start looking at very shortly is
sampling. You may have noticed that most real-world signals are
contlnuqus—time (or continuous-space). When you go to a concert

the music you hear is a continuous-time Bignal. How can you reliably
store it as discrete samples on a compact disc? Similarly, the world
you see around you is continuous. Then how can we store digital images

on a computer, and make them look realistic and distortion-free?

theory deals with these issues. Sampling
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