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⑨ 3 importantproperties of DFT

① DFT is linear

DFT (xn] +yin)) =DFT(X(n)) +DFT(YE2])
Xm +Ym

so whatis DFT of ZInj:cosefints +sinzents?

② For real signals, DFTis symmetricmix.As↳ Not only around
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④ so take frequencies in [Is, fs] and more to me
negative freqaxis

③ Its like the negative free sticks are going
clockwise (i.e.,lived) to cancel the complex part.



③ DFTofa shifted signal isoriginal DFTwith

/
a phase shift.

xm =xm.ezz.m.K
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Let's shifts by samples
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means phase shift
when m
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N-1, k
=1 -jo.(N-1). 1

this phase shift is proportional tok, and to frequency
m as well.
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NYQUIST SAMPLING
discrete

⑨ say you are given the following,samples
and asked toreconstruct the analog signal...

and say values match sin ()

Amplitudepopoparison;jyddoxine
20 =0, 5=sinzifits, R2= Sin21f,2ts . . . It

⑦ We can say freq f =10 Hz

· Analog signal
=sin(2nfit) fi10Hz

setn] =sinznf, nts

③ Butis thisthe only signal that fits these
values?

Observe: Sin)2fints + 2xm) also fit

~
Thegiven values so long as an is an integer.

i.e., sin (2x(f, s) nts) fits value

choosingin as multiple ofn (mn =k),
we have sin (2h(f1 +k.Is) nts)

=sin (25(*kfs) uts) . .
. fsi
samplingfree.



⑧ thismeans, many other freq, separated
f fitsby Its from the core freq. 1,

the given set of pomits

#opodded the
f1 + kfs
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called "ALIASED"frequencies
i.e., (1+kfs) are aliases of f, forall values of K.
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⑦ observe that higher the samplingfreq. fs, greater
is the separationbetween the aliased freq
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If I sample a signal at fs, and therefore get
to see freq. components of s. zs,3... NTsas,

actually, each ofthese freecomponents
could have aliased freq. from other freq
contained inthe signal.

↓
so what can we do?



⑦ Now suppose you know aliasing
fi ser
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Firsteasy step: Filter outfreq fmaxand <-fmax.

caned anti-aliasing filter (it'san analog filter)

Butis thatenough?
If samplingfreq. fs I flax freebetween [fmax, fmax]
will alias into my bandwidth
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Only way to preventany freefrom I-fmax,max toalias
to into my bandwidth is when

fmax-fs<-fmax
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· Ifs > a fmax ↑hist'ssampling rate.
Twice the

sampling rate maxfreq
contained in the sig.



⑦ the signal processing pipeline:
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