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Given a sound of length l
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the # of samples taken will be

fxfs .
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EI i Suppose you sample a 20 second sound with sampling role

10 samples /s . (a) what is the time between each Sample ,
(b) how many

samples will be taken ,
& ( c ) at whut times will each samplebe

taken ?

time between each Sample = ¥s=foes .

# samples = lxfs = 2 Os × 10 samples Is = ZW samples
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Frequency Domain

Su for
everything we have done has been in what's called the

tome domain , i. e. time vs. amplitude

Amp .

Mr time ( s )

This B very
useful for many things :

- its how the
Pc records digital Sound

- time domain into can be used to digitally speedflow sound down
,

- delete
, copy , paste sound

- add reverb
,

echo
,

etc
.

- increase decrease volume of

entire
Sound ( level )

tavener
, with only time ink how could Wei

- pitch ccnectyautu tune

-

increase / decrease Volume of
Spat

frequencies ( EQ - add bass
,

etc . )
- analyze frequency data

-

remove certain frequencies ( low High pass filters )

* to do all of these things digitally ,
we need mfu about the

frequencies
This called the frequency domain ( also called spectrum)
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Recall : SLH =sm(2Tx44ot ) represents a pure tone 4 frequency
440 Hz

.

Some this is a

pure tune ( constant freq . ) we would expect the

spectrum to only have one Spike at

44GHz
and be 0

everywhere else :
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What would we expect hr

SLH = SMCZI X44ot)+sm( tax 880T ) ?
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So how exactly do we get turn tonne domain to fnq . domain ?

* the Idea is simple but the
implementation is hard

Idea : we know by superposition that  all sounds are really just
sums of dif . pure tunes . So the idea is to somehow take a

sound and decompose it into its pure tunes since we can easily identify
the frequency of each

pure tune .

- once we know all the pure tunes
,

we know all the frequencies
in the whole Sound !

he hard port  is hw do we decompose a sound into its

pure tones ?

* The way this is ckne 13 with a mathematical tool Called the

Fast Fourier Transform ( FFT )
.


