
#Herlevel discussion - Not design, just concepts

How to design real filters?

-> Circuits 11, RF& Microwave
Filter Design,

DSP

LTI system

x+eyH

yH=xHAUHt
->PIF) =XSFHIF) (Assome stable!!! Ft most exist

d

System Freg. Response

HCF) can change amplitude as well as
relative phases of frequency components

-> change in phase Astorts the signal

suppose a system free response
has constramplitude and linear phase

- jIπ F to

H(F) =Ge
->IIF to

So, for some input XCEXIE), PIF): XLEHIF): XLE Ce

- yH = 6F"3NFe-j2Fto3t

-> This system is "distortionless"

· x() is amplified and delayed but its shape is unchanged

·Linear Phase" systems delay all free components the same

Group Delay: Frequency - dependent delay of free-components through a system

tgCHE-cdECHIF) (or, fg(w)=-CH(rl

Ex. HIF) =GestFo ->CHIF)
=-24Fo etgIF)=-HF)-CxFto) = E: constant

↓We want linear phase (or equivalently, flat/constant group delay) and that/constant amplitude

to pass signals undistorted



#Filters in husband, zero in hard, and linear phase in passband
LH(F)

-(H(F) -

*it
-> HIF) = rectIEceyhFto -ehIH = 2Fcsiec(IFc(t-tol

xh(t)

*↑
n(t) =0 whe tcO

-> non-carsal.

can't be implemated in real-time ->Aizable

*iever
criterion

Asystem w ·
causal impulse response

must have IH(r) that satisfies

1roll ane
Derivation? Beats me.

Note:When 1H(0)1 =0, ( In/H(w(l) = + s

-> IHCwll can equal O at single frequencies b/c height of ln1H(=
0 but width =0

*Ifull cannot equal 0 for my
continuous band or PW criterion not satisfied

Result: Practical filters will generally havesome
kind of ripe

-
i



Making practical filters?

-One approach: cut off tails of ideal with of a "window" function with

ri(t) =h(t)w(t)

↓Iapproximates hit), FSF) approximates HIF)

Example: Project2 LPF was the ideal sinc impulse response
but torurated

-> with is a rectangular window

there is ripple and roll-off instead of idealrent

->
Truncative of hit is why

-> Different windows than reat exist to give better performance

· Hanning, Humming, Blackman, etc.
-> Take DSP to learn more

*
Filters
same concepts in causality/realizability as CT Filters

Two filter types: Finite Impulse Response (FIR) and Infinite Forpoise Response (FFR)

Both filters implemented by LCCDES

FIR: y(n)
=dxX(n) + b,x(

- 1) + ... + binX(n
- M) = pbuX(n-h)

- h(n) = bod(n) + b.52n -1]
+... + bmX(n-M] =12bmS(n -R]

k=0

- H(z) = bnz
Advantages:

· Easy to make linear-phase

·only has poles at z=0e guaranted to be stable on
& isadvantages:

· Requires many
more delays and adds than on IIR dins

filter to get the same performance

*re



IIR: Noy(n)+... + aNyCn-N]
= b0X(n) +... + biX(n-M

- Nany(n-k) - EdmXG-R
-> Hel :Anzk

a zros

N

Same
& poleas

Advantages:
· cam better performance/steeper cutors for some

filter order

& isadvantages:
·Need to design such that poles all inside unit circle (stability

·can't get perfect linear phase
Im[z3

·
By the way, CT filters have similar interpretations in terms of the pole-zro

plot of the Laplace Transform
Hls]

show window-designer in Mata


