LLecture 6

Digital Signal Processing

Chapter 4

Fourier transform of analog and digital signals



Filtering

Input-output relations:

We can use the convolution operation to determine the output signal.

y(1) = h(n) * x(n) = Zx(k)h(n _k)
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We often classify filters according to the characteristic of H(w).

Filter type Description

LR Low pass filter  Passes low frequencies and stops high frequencies.
/'%P High pass filter Passes high frequencies and stops low frequencies.
BP Band pass filter Passes a limited frequency band.
BS Band stop filter Stops a limited frequency band.




Relation to the z-transform |
» | /£ Aln) causal, re
H(w) = Zh(”)e K h(in)=0forn<0
Fi=()

H(z) = ih(n)z_”
n=0

The Fourier transform is the z-transform evaluated on the unit circle if

h(n) is causal and stable

H(w)=H(z|z =¢e?)



The unit circle is the frequency axis in the discrete domain.
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Expanding the Fourier transform

Cosine (unstable signal):

| VA :
x(n) = COS(a)On) = E . (eron + e—](,uon)

|
X(w)zz-[b(w—wo)+6(a)+cu0)] i & Y &
Sine (unstable signal):
. 1 1YL —Jwon
x(n) = sin(wgn) = Ej.(e] 0 _ o0 )
| S
X(w)=2—j'[b(w—wo)—5(w+wo)1 —T<w<T






Filtering with ideal low pass filter

We want to construct a filter that removes the high frequencies and keeps only the low
frequencies.

x(n) o h(n) > Y(n) = x(n)*h(n) = Zx(k)h(n-—k)

An ideal low pass filter (non-causal) is defined as

1 |w|<w,
0 otherwise.

Hideal(w) — {



Inverse Fourier transform of a rectangular pulse

1 & -
= —. H(w)e!"dw
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Truncation of an ideal low pass filter

A causal low pass FIR filter can be obtained by selecting N values around the origin
and then delay the impulse response by (N —1)/2 samples (choose N odd).

W sin(mc(n — %))

h(n) = for0<n<N (19)
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Ideal low pass filter.
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Ideal low pass filter.
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Appendix. Fourier series expansion of periodic signals

Analog harmonic signals

An analog signal is periodic if
x(t) = x(t+Tp) = 81‘ real-veluedl X/z‘)} =
2, Q.
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Appendix. Fourier series expansion of periodic signals

Analog harmonic signals

An analog signal is periodic if

x(t) =x(t+T,)

ln 7@/7@ f2/

1
> x(t) Z X(k-Qq)elQokt

Qﬂ = ZH/TP
P k=—o00
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N Foarier Transtorm
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Discrete harmonic signals

A discrete signal can also be composed from harmonic components. Periodicity is
defined as

x(n)=x(n+N) (29)

N-1
X ]ﬂ?{_‘}'k” Z 72—

1
Nk:{} W‘);’ IS

~— ; DI.S(/‘CJC ‘T:'me famf‘)‘é/‘

n=0 Trans%p//y\ U"/ one PC/‘/‘UOI

15



Rectangle pulse:
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