Section M6: Filter blocks

These blocks appear at the top of the smulation area

Table of blocks

Block notation Description

PZ-Placement Allows entering pole/zero values
PZ-Plot Plots poles/zerosin polar coordinates
FIR Design FIR filter design

1R Design IIR filter design

Kaiser Kaiser filter design

Parks-McCldlan Parks-McCléellan filter design
LMS LMS adaptive filter algorithm

Fregq Samp. Frequency sampling

FZ Placement I PZ—PIutI FIR Design I IR Design I Kaiser Design I Farks-McClellan I LS I Freq. Sampling I




M6.1

Block name: Pole Zero Placement Notation: PZ-Placement

Description: This block allows the user to enter poles and zeros representing a filter. The
corresponding filter coefficients are passed to the output. Poles and zeros are added as conjugate
pairs, and no more than 10 (5 pairs) can be entered. They can be placed either graphically or
manually. Graphical manipulation of poles and zeros is achieved through buttons that allow
placing, moving and deleting. Manually placing poles and zeros can be done either in square or

polar form.

Pin assignment:

1> Description

Filter coefficients

PE Placetnerit

o| o & wfro| | T

Dialog window(s):

PZ Placement Block
a
Add poles/zeros: IGraphicaII_l,J - I

+1.5

+1.0

oo

-l.0

-l.a -10 oo +l0 +15

fdd Zero [ Add Pole m M

Cloze | Update | Help | Show Coef I

|Warning: Applet Window
(a)PZ-Placement dialog window

Script use
Name: pzplace
Example code: <param name =“3” vdue = “B3-pzplace(3,1)" >
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M6.2

Block name:  Pole-Zero plot Notation: PZ-Plot

Description: This block calculates and displays the poles and zeros of a transfer function in the
z-plane. The block accepts filter coefficients at its input.

Pin assignment:

Description

Filter coefficients

PE-Plat

>1

ol o1 & wl nof | Z

Dialog window(s):

Script use

Name: pzplot

Pole - Zero Plot

ZERDOS:

05 - 0.59]

-0.49 4 0.59]

018 + 0.19]

Irnaginany 015 - 015

5 049 + 019
0.3 - 019
051 - 063
051 + 063

030+ 0.4
0.3 - 0.4
0.0 +0.0j
0.0 +0.0j
0.0 +0.0j
0.0 +0.0j
0.2 + 0 4%

5 10 0.0 10 15 029 -04%

-
4
0 L] \ Real poLes:
' *
4
L

OF - Out of Range

Cloze | Help |

Warning: Applet Window

(a)PZ-Plot dialog window

Example code: <param name =*“3” vadue = “B3-pzplot(3,1)”>
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M6.3

Block name:  FIR design Notation: FIR

Description: Designs a finite impulse response (FIR) filter based on the windowing method. The
windowing FIR filter design method is a straightforward technique implemented by expanding
the frequency response of an ided filter in a Fourier series and then truncating and smoothing the
response using a window. The user needs to supply the following information: Window type:
Hamming, Hanning, Blackman, Bartlett, rectangular or Kaiser | Filter order (maximum is 64) |
Type: low-pass, high-pass, pass-band, or stop-band. Cut-off frequencies (f.), take values from 0
to 1, wheref, = 1 corresponds to hdf-the-sampling frequency.

Pin assignment:

1> Pin | Description
1 | Filter coefficients
p— 2
. 3
4
5
6
Dialog window(s):
FIR Filter Parameters
Mame:  |a 9
. : H(f) Tolerance Regions
Window Type: IHammmg 'I .
*D"BEBDDEBFFICIENTS b /
Order: ’8_ 002335 1+ dp F
011074 1 W _______ 1
Tupe: ILow-Pass vl gg;gg# l_dp :'\
Cut-off Freq,: [ ,W . ,W | g'ﬂg?j ds i Idea.-',' LPF
0.02935 ,
0.00506 |
xxxxxxxxxxxxxxxxxxxxxxx | EE
I Jp fe 7’
Elose| Update | ml Passband Transition band l Stopband

)
T 7l

Warning: Applet Window
(a)FIR dialog window and filter design specifications

Script use
Name: FIR

Example code: <param name =*“3” vdue = “B3-FIR(3,1)">
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M6.4

Block name: IR design Notation: IR

Description: Designs an infinite (length) impulse response (1IR) filter based on the bilinear
transformation. Butterworth, Chebyshev -1 & -II, and Elliptic filters are supported. The filter
specifications are in terms of: Filter type- can be low-pass, high-pass or pass-band | Wp,, Ws; —
pass-band and stop-band edge cut-off frequencies respectively, | Wp., Ws, — second pass-band and
stop-band edge cut-off frequencies respectively (for pass-band filters) | PB, SB — pass-band and
stop-band tolerances in dB. Cut-off frequencies (f.), take values from 0 to 1, where f. = 1
corresponds to haf-the-sampling frequency. The design process isillustrated in terms of the block
diagram below:

Discretetime Map Calculate low Transform Apply Calculate
filter discrete passfilter to desired bilinear coefficients
specification specsto prototype: type: low- trandorm
continuous Butterworth pass, high-
time Chebyshev or bass, band-
Elliptic pass

Pin assignment:

1> Pin | Description
1 | Filter coefficients
= 2
a 3
4
5
6
Dialog window(s):
IIR Filter Design
IIR Filter Parameters
Name: [l
IR filter: |EIIiptic = MumCoef: DenCoef. Pass-Band: &
00935 1.0 0.4.1.0
Fiter ype:  [HiohPass =] S 0 oder 4
0298 03148
Cut-off Frequencies: 00935 04779
0o 0o
wpl: |04 wigl:  |0.2 0o 0o
0o 0o
wp2: |05 Wwisz (07 gg gg
Tolerances(dB]: D:D D:D ]
PE: |20 SB:  [50.0
Close | Update | Help |
Wwarning: Applet Window
(a)FIR dialog window
Script use
Name: IIR

Example code: <param name =*“3” vdue = “B3-1IR(3,1)">
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M6.5

Block name:  Kaiser design Notation: Kaiser

Description: This block designs Kaiser FIR filters based on the windowing method. The design
process involves calculating the Fourier series of the ideal filter and then multiplying it with a
Kaiser window that best fits the filter specifications. Filter specifications are: Filter type: can be
low-pass, high-pass, stop-band or pass-band | Wp,, Ws, — pass-band and stop-band edge cut-off
frequencies respectively, | Wp,, Ws, — second pass-band and stop-band edge cut-off frequencies
respectively (for pass-band filters) | PB, SB — pass-band and stop-band tolerances in dB.

Pin assignment:

1> Description

Filter coefficients

Eaicer

of o1 & wf | | T

Dialog window(s):

Kaiser FIR Filter Design [ %]

Kaiser Filter Parameters

MName: |
flepe. [Sostars =1 [
0o

01328 Order: 10
0.2329

01864  Beta: 1.332
wpl:  [025  wiel: |05 05437

0.1864
wpz  [1.0 Wws2  |0.75 0.2329

01328

Cut-off Frequencies:

Fipple(dB]: 0o
-0.061
PB: [20.0 SB: |50 J
Cloze | Update | Help |

‘Warning: Applet Window

(a)Kaiser dialog window

Script use:
Name: Kaiser
Example code: <param name =“3” vdue = “B3-Kaiser(3,1)">

Equation(s) Implemented :
The order and vaue of b of the Kaiser window are calculated by:

g 1 0.1102(A- 8.7)ceeecovvvvveeeeeeessssesssseeeneee, A>50
N=——2>_  and b ={0.5842(A- 21)* +0.07886(A- 21)..21£ A£ 50
2.2850w i
0o A<21

Dw is the transition band of the filter and A is equal to the smaller of PB and SB.
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M6.6

Block name: Parks-McClellan Notation: Parks-Mc

Description: This block designs FIR filters using the Parks-McClélan agorithm with min-max
design. Filter specifications are: Filter type: can be low-pass, high-pass, stop-band, or pass-band |
Wh:, Ws,; — pass-band and stop-band edge cut-off frequencies respectively, | Wp,, Ws, — second
pass-band and stop-band edge cut-off frequencies respectively (for pass-band filters) | PB, SB —
pass-band and stop-band tolerances in dB.

Pin assignment:

1> Description

Filter coefficients

Parbis-Ric

s
o| o & wfro| | T

Dialog window(s):

Parks-McClellan Algorithm @

FIR Filter Parametars

Mame: |
Filter Type: Low-Pass = A
ACOEERICIENTE Y
Cut-off Freguencies: Filter Order= 15
0.01297

Wl |01 Wwisl: |02 0.01858
] 0.02924

. _ 0.04121
e, e 0.05331

) 0.06412
Tolerances(dB): 0.07227
; 0.07665

Pe: [30  sm [200 0.07665

| Help |

Java Applet Window

(a)Parks-Mc. dialog window

Script use:
Name: ParksMac
Example code: <param name ="3" value = "B0-ParksMac(3,1)">
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M6.7

Least Mean Squares Notation: LMS

Block name: Algorithm

Description: Implements the sequentia |east mean squares adaptive filtering agorithm.

Pin assignment:

3> Pin | Description
1 | The signd to be modeled
>1 o~ 2 | Reference signa
d 4> 3 | Adaptivefilter coefficients
>2 4 | Adaptation error
5
6

Dialog window(s):

Sequential LMS Algorithm x|

Sequential LMS

Marme: Ia—
Step: IIZI.IIIE Order: IE—S_DDEﬁ: =
0r

r

(a)LMS dialog window

Script use
Name: LMS
Example code: <param name =*“3” vdue = “B3-LMS(3,1)">

Equation(s) Implemented :

A new set of adaptive filter coefficients is calculated for every new iteration in order to reduce the

mean squared error. The update equation is given by
bn+1 = bn + Ue(n) Xn

é by(n) ¢ xn
£b.(n) g x(n-1)
where b, =€ U is the filter coefficient vector,x, =€  :
e . u e
¢ i u ¢
&1 (MY &(n- N +1)
N-1

u

u

L,j - -

d, is the input vector and
u

G

H

e(n) =d(n) - é b (n)x(n- |) isthe error signal. The step size mis the adaptation constant that

1=0

controls the rate of convergence.
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M6.8

Block name:  Frequency sampling Notation: FreqSamp.

Description: This block designs a linear phase finite impulse response (FIR) filter based on the
frequency sampling method. In te frequency sampling method an FIR impulse response is
obtained by applying an IFFT on samples of a desired frequency response. The desired frequency
response is drawn using the dialog window shown below.

Pin assignment:

1> Description

Filter coefficients

Fregqhanp

o o & w| N[ =

Dialog window(s):

User entry 2: Frequency Sampling Block @

Number of line

segments used to draw Fregquency Sampling Method
the desired freqg. 0 vl
: ser entry 1:
response L ° The number of
O |_— | samplesusedinthe
Line Segments:  [1 ~| Samples: IG/ :;iﬁggcyrﬁggrg&g
User entry 3: will export an
Consecutive placement Draws the desired frequency response helow equivalent number
of pointsonthe of FIR coefficients
drawing area creates  [——__| "y
line segments relaed
with the desired freqg.
response

Auxiliary lines are

drawn autometicaly to ﬁ

assist theuser to 0 pi Zpi
visualizethe resulting / =

frequency response. Close | ! Help | Reset |

Jawva Applet Window

(a)FregSamp. dialog window

Script use
Name: FregSamp
Example code: <param name ="3" vdue = "B0-FregSamp(1,7)">

Equation(s) Implemented :

h(n) =

’

Ng 12|H (K |cos(2pk(n- &) /N[)+H(0)
k= u
a

1
N

MDD> My
AN

(N-1)/2, k=0,.,N-1
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