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SYNOPSTIS

Digital Filters have the advantage of fleoxibility and sharp
cut-off frequencies over analog filters particularly at a very
low frequencies. Also since they are software oriented, by
simple modification in the Program, the behaviour can be
changed. Digital filters are used in image processing, coding,

. s . . . ,
signal procgglng, Geo Physics, Bio-medical etc. -

The Digital Filters have their own advantage and disadvantage.
Digital Filters can be classfied as one dimensional, two
dimensional and n-dimencional and also depending on their

orders.

In this work Elliptical Low Pass, elliptical High  Pass,
elliptical Band Pass and elliptical Band elimination filters

are designed and analysed for freg uency response.

An efficient BASIC Programming language has been choosen to

implement these design and analysis.
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INTRODUCTION

Filtering is a process by which the fzeguency
spectrum of a é&gnal can be modified, reshaped c¢r mani-
pulated according to some desired specification and it
may entail amplifying or =alternating a range of frequency
components, rejecting or 1isclating one specific freqguency
component etc. Filtering 1is done to eliminate contarmi-
nations (noise), signal distortion, to resclve signals
into their companents, to band limit signals and to convert

discrete signals into continuous signals,.

A digital filter 1is a digital system that can

filter discrete time signals. It car be implemented DOy
means of software or by dedicated hardware ard 1in both
cases can be wused to filter real time or non-real time
signals. A band limited continuous time signal can Bbe
trans?ormed into discrete time signal by means of samﬁling.

Conversely a discrete time signal so generated can be
used to regenerate the original continucous time signal
by virtue. of sampling theorem. Hence harduware digital
filters can be used to perform real time filtering tasks
which in the not too distant past wére performed almost

exclusively by analog filters.

Why do we go in for digital filters :

As a2 result of the advances 1in digitel elec-

trponics in recent years, 1t is beccminig practical in the

1
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use of digital computers and special purpose hardware
digital circutry to perform wvarious signal processing
functions that were traditionally achieved with analog

equipment.

fhe primary advantage is ‘ne flesxibltity  of
gigital filters. It is easier to change saftware ©nan
ro solder joints and traces on a PCB; once it is iﬁ pTC-
duction. A digital filter can be tailsr=2c for many

different tasks,

There is imperfection of staendar? Cilltel
components used in analcg filtering. Resistors nave some
capacitance and inductance, inductors have resistance
and capacitance and so on. Although digital fiiters nave
limitations, they approach the theoretical limits more
closely. Digital filters alsc give better performance
at very low frequencies where as to large resistors, .
capacitors and inductors required in analog create size,

weight and cost problems.

This project consists of software simulation
as well as Hardware implementation. A resume about the

two sections is given below.
A. SOFTWARE SIMULATION :

The digital filter consists of subroutines
or programs that manipulates the frequency spectrum af
a signal. Spftware for the Elliptic digitel filuer nhas

teen develaoped here. Thi=s particular filZer nas Dee

2



developed here, This particular filter nhas ©oeen chosern
necause of its excellent performance at low freguencies
and a Yyery narrouv ftramsition bandwidth. The wntire
scftware has been developsd in 3ASIc. The orogrsr
the EILLIPTIC FILTER anm  g'wes the fregueno - response

cnaracteristics of it.
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OISCRETE SIGNALS AND SAMPLING PROCEDURE

CONTINUDUS & DISCRETE SIGNALS

To get a better understanding of

the fundamental
steps involved in the design of digital filter let
start with an prief overview of discrete signals and
sampling procedure.
4 signal is & functior of

SNe ar mare
variables.

There are two types aof signals.

1. Continucus signals
2. Discrete signals
R continuous signmnal also called
x(t) varies continously witn time 't' while
signal called digital signal x(k) is defined
sequence of discrete values of time 'K!'.
a. Analog signal with continuous
. Discrete signal witn

continuous

CENERATION OF A DISCRETE SIGNAL BY

SAMPLING
SIGNAL.

In

most cases we are concerned with
signal which is to be processed by a digitszl
This 1is accomplished by sampling the analog

discrete values of time.

analog

A

tndependent

S 1grie |

2 discrete

anly as a

amplitude.

amplitude.

CONTINUQUS

an analog
computer.

signal at

ue
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The sampling process 1is shown 1IN fig.1. When
the switch closes instantansously at t = tk and remains
open during t £ tk it generates a sample of <the signal
X (tk)' [f +the switch closes periodically ax & aniform

rate of T sec we get a discrete signal x (KT) inoicating

the value of the analog signal! at time t = K° anc this
signal is simply & sequence of numbers repraesenting thea
sampleo values of x(t). In & practical sizZuatlon shown

in Fig.2 ftne switch cannot open and close irstantaneously
and the sampled signal is a series of finite duration

pulses «x (t}, but it still ~caries informaticn about

n
xH (t).

The sampled signal is given by

o0
3*
x (t) = E x (KT) s (L-KT)
k== ®
where 6§ (t-KT) is a upit impulse occuring at &timz v=Kl.

Sampling Thecrem :

from sampling thecrem, the continuous s.gnal
can be recovered from the sampled signal if the sampling
rate is greater than at least tuice the max imum freguency

camponent af the analecg signal and the pulse duration

is much shorter than the sampling interval,
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DIGITAL FILTERS - INTRODUCTION

A digital filter is a computatluonal LToCcess
wsnichn manipulates on an 1nput discrete signai: ©. Langrats
an output discrete signal according to soame  prescribec

rules. Thne computational rtule s 2itner

A difference eguation relatirg the 1nput

and output discrete signals.

or

The super position (convolution) summation
gxpressing the output sequence im terms
of the input segquence and the unit sample

sequence of the filter.

{ ike analog filters, digital filters can oe <classifiad

nn the basis of magnituwge - freguency rTesporsz, —r L0~
pass, High - pass, Bano - o0oass or Bano - STC3Z. The
frequency response of digital filters 1is poricdic. The

period is egual to the sampling frequency of zthe filter.

The frequency response of a real tilter (ore
with real coefficients) 1is symmetric aboat tne Tolding
freguency ws /2, which is nalf of trhe sampling fresguency.

The ideal wmagnitude - frequency relationship

of the four types of digital filters is showr i fig.3.
S ince the sampling neture of the filter causes the folding

af frequency TESPONSE, only the lower of frequency

72
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response only the ftower hnalf of the response from Jdo o

the fnldimg freguency corresponds to trhre analog filter.

Therefeore a nigh-pass digital Ffilter actually

implement an analog filter from the cut off frzquency
to the folding fregquency. In this sense, 1t may bhe called
a band pass filter in the analog domain in that 1t passes
freguencies from the cut off point to tne folding freguency
Sut. the folding fregquency is the highest freguency allowed
“w De present  in oroder tu o aveld aliasing effect. fnat
ts this filter passes higk fregquency components from fhe
cJdt off freguency to the nighest frequercy 21lawsa -=r

DE present. Hence 1t is still a high pass filter.

A band-stop filter can be explained in a similarz
manner i,e. it passes freguencies from dc to the lower
cut off-frequency and from the vupper cut-off fragusncy
to highest allowed but rejects the frequencies o2etuweer

the two cut-off points.

CLASSIFICATION

Based on their realisation precedures, digital

filters can be classified as

a. Recursive
b. Non-recursive
Another method of classification is based on

the response of digital filters toc a unit sample inpuat 1.e.

-



i) Finite impulse response (F I R) ﬁgpucg>4

ii) Infinite inpulse response (IIR) PR
A~
A7
Recursiye Filters : . ?
As stated befcre, a digital filter is !
computational algorithm which may be a difference or
= rconvolution operation. The difference equation -elates

tne present output value to the 'N' immediate past values
o the output and the present and 'N' past values of the
rhput. This type of input - output relationship is known
2s a recursive one and a digital filter realised oy this

method is called a recursive digital filter.
Non - Recursive Filters :

A digital filter can also be designec sg that
the input - autput relationsniy is in the form of & super-
position (convolution) summation. The computational
algorithm in this form allows the present value of the
output to be evaluated from the present and past wvalues
of the input. Since the past wvalues of tne outout are
not used directly to compute the present wvaice of the
output, a digital filter of this type 1s re“erred to a&as

a non-recursive digital filter.

FIR & IIR Filters :

Une characteristic of &2 digital filter :is 1its



response to a -unit input. This wunit impulse rTesponse

sequence may be of finite or infinite duration. in the
Tormer case, the digital filter is callec & Finite duration
impulse response filter and the latter one is rteferred

to as an Infinite duration 1MPulse response filter,

An FIR system has a finite degree poclilynomial

transfer function and an IIR system has a transrer ~oooTior

in the form of the ratic of two polynomials.

Next we shall have a brief reviee of elliptic
approximation, based on which the digital filter has bheen

designed.

o0
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ELLIPTIC APPROXIMATICHM

REASON FOR CHODSING ELLIPTIC FILTER =

Though both Butterwortnh and Tchebyscheff Tilters

are good at high fresauvencies, thay temgp t. deferiorat?
progme ssively as the frequency 1g necreéseu. S T s h A RVEC IS
stop band characteristic can ©oe schieved wusing =lliptic
"aoproximabtion. In this the pass band loss oscillates

between zero and a precribed maximum Ap and the stop bDand
oscillates between infinity and a prescribed minimum Az.
The elliptic ‘approximation iz more efficient than 1ne
other two in that the transition between the pass DpDanc
and stop band is steeper for a given order f.e. bt s

the narrowest transitionm band widtn.

Elliptic function filters have zeloy asl poiis
at finite frequencies Jhioh is responsiole s e
equiripple pehaviour Lo e gass bend  wr e Siniti

transmission zeros in the stop band reduce the transiticn

region so that extremely sharp roll off is <cbtalned.

The following definitions apply =0 normalisec
elliptic function low pass Filters and are iliastrated

in Fig.4.

T - pass band ripple
A - minimum stop band attenuaticn (dB)
Wr - lowest stop band frequercy at which

A occurs.
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The - attenuation of elliptic filter can ne
expressed as
p'dEﬁ = A0 too (1 s EZ n2(ut!

3 -7
where E determines the ripple and 7n(w) is an elliptic
function of the n thorder.

In the elliptic filter response
We = pass band cut off freg.
W - stop band edge freg.
WD - mid frequency in the transition banc
MD = wc wr
The transfer functiaon of a normalised low pass
elliptic filter of order N with UO = 1 is given by
H .
H {s) = o fmr s? + ai
s 2
Do(s) i=1 s 4+by 0y 3-2
where M = N/2 for even N
N-1 for odd N
2
and Dgfs) = 1 for N even
5+ o for N cdd
The transfer function can be found from the

following relations for the given specitications

band tipple r© and minimun attenuation is stop

of Uc,pass

nand

(R).
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" = \/(1 + k 0o?) (1 +a?/k)

I-14
P momim+1 )}
wy = 2g " E S I e sinnf{{ 2m+1 )Ty N )
m=0
= 2
1+ 2 2 (-1™ Q™ cos (v u/n)
m=1 - i
~ 3-119
where y = i - & for esven N
i for cdd N
aingd i = 1T32ceees I

i ﬁ-wizk) ( 1—ui-12/r<)

v =
- 3-1B
— 2
S /Uy
bi = 2 do Ul/(‘i+6'62 UJ12>
C; = (0o uid? + (W w)? ) / 11+ 00%uy?)
HO = 1/ M - o
YT (Ci/ai) or even N
1=1
ad .
° % {C;/a;) for cod N
i=1
I-1T

A program for evaluating the transfer function
is presented at the end and it 1s used 1in cesigning the
glliptic filter. Using the above background in elliptic
approximation, next we shall deal with the design of the

digital filter.

17
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DESIGN OF DIGITAL FILTER

Introduction:

Digital filter design 1s concernec wiznh the
selection of co-efficients of the difference egquation

on the unit sample. response sequence usec 1in the super

sesition  summation  to meet  some  specifiac performance
~riteria, which may ©De given L- the time or freguency
Jomain.

Though filter design <can be implemented 1In
the time or frequency domain, we shail be dealing with
rne design of filters in the freguency domain Gecause
.t is more precise and more suitable for electrical

engineering practice.
Design Procedure:

Here, we are dealing with a detailed design

orocedure of elliptic filter in the recursive fashion.

Among the IIR digital filter design methods
one important method is the bilinear transformation scheme,
because of its case of implementatlion. In this, & digital
filter transfer fun~tion is obtained from that of a proto-

type analog filter through a simple substitution.



where 'T' is the sampiing interval.

The BASIC program uwhich determines the transfer

¢ unction is used as a subroutine. It is then utilised

-

to ohbtain an analog prototype elliptic filter or the
design of low pass, high pass, band pass and band stop
glliptic digital filters. Since the prototype analog
filter is the normalised low pass filter, the critical

frequencies in the filter specifications must first ©be

converted to the normalised low pass basis.
Warping Effect :

fet us digress & Llittle and study about warping

effect.

Let W and x% represent the freguency variable
in the analog filter and the derived digital filter
respectively., Then according to the bilinear transforma-

tion method which states that,

272 - 1

Hy(z) = H, (z){5 =
D A ST o+

where HD_ (z) A OH o, (z) are digital =nd analog filter

transfer functions respectively, we have,
JaeT
provided that w = 2/T tanT/2

For <4< 0.3/7 U =



As a result, the digital filter will nave
the same amplitude response as the anaiog filcer at
approximately the same freque%cy. For higher freguencies,
however, the relation between W and_Ji_‘becomes ncnlinear
and distortion is introduced iﬂ the freq. of tne digital
filter relative to that of the analog filter. This 1is
known as warping effect, To overcome warping the fre-

auencies can be prewarped accordingly.

In order the encounter the problem of freguency
warping introduced by the ©bDilinear transformaticn, the
prescribed critical freguencies are prewarped zeocording
to the following eguatlon,

£, T
f. = = tan Fl
£

=3

3

4 -2
where Fi denotes the prewarped frequency, based on uwhich
the analog prototype filter is to be designed. Fi 1is

the corresponding prescribed frequency and Te is the
sampling frequency. This prewarping ensures that the
digital filter designed by the bilinear transformation
method will meet Fhe specification at tne prescribed
fFreguencies 1i.e. the frequency warping effect will be
cancelled. Through this prewarping scheme and tha analog
frequency transformation, the specified «critical fre-
guencies can De converted to the normalised low-pass proto-

type basis. There are four cases to consider in the fre-

guency transformations.

20



1. LOw PASS FILTERS :

Let Fc and Fr be the. specified passbancg and
stopband edge frequencies. in hertz, respectively, of the
desired filter. Then because of the frequency prewarping
scheme shown in  4-2, the passband .and stopband ecge
f requencies in radians per second W l'_'anc! wr respectively,

of the normalized elliptic low pass analog filter must

e such that,

W = (fs/ﬂ ) tan (ﬂ‘FC/fS)

W (Fg/m ) tan (TF_/F_)

= tan (ﬂ“FC/FS)

o
TF
tan ( 1_/fs)

4 -3

from which we find

'UJC = "KD

4 -4

Since W, = 1/uc for the normalised elliptic low-pass

rilter. Equation 4-4 gives a required parameter for the
design of the normalised elliptic low pass orotetype
analog filter. The other two parameifers are tne Dassband

ripple in decibels and the minimum stopband d3 attenuation.
2. HIGH PASS FILTERS :

The same notations are used for the critical

f regquencies. The required passband edge freguency of

-
Y
e



of the normalised elliptic louw-pass protouype analcog

filter is given by,

wc = 1 /JE;

where KO is given by

3. BAND PASS FILTERS

Let FC1 and FC2 be the lower and upper passband

1 and F'r2 be the

lower and upper stopband edge of stop band filter fre-

edge fregquencies, respectively and Fr

quencies. Then by using prewarped passband edge fre-
quencies fC? and fCZ qiuen by
. F F
FC1 - 2 tan 1
w
f‘
s
F F
fcz = nS tan fC2
S
4 -6

to design the analog prototype bDand-pass filter, the
digital filter will achieve the exact passband characteris-~
tics. However, it is not, in general possible to
achieve the prescribed stopband edges exactly. By properly
selecting the design parameters of the analog prototype
filter, it is possible to meet the stopband specifications
with Fr1 and Fr2 representing, respectively, the louwer
and upper bounds <cf the stopband edge frequencies. o

>3

Four
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transform the critical frequencies to thelnormalized low

pass basis, we define

1TFE1 ﬁFEz
Kg = tan tan _—
f F
s s
47
and
' F TF
KC = tan ___I‘_‘l__ tan ____1."‘__2__‘
f f
S s
4 -8

Then, in order for the digital filter to meet

the analog filter specifications at the two pasband edge
f requencies, it can be shown that the passband edge fre-
quency of the normalized louw-pass elliptic analog proto-

type filter is given by

ue = kg o if Koo 2 Ky
4-8
and We =(/Ko ) if Ko < Kg
4-10
where
Ky = Ky TAN (TTF. /fg)
Kg - tan? (TF_,/f.)
4-11
and Ky = Ky tan (TWE_/F.)
2
tan? ( Fr2/FS)~KB
612



with KA given by

v e vF
_ ce v £
K = tar ————ee—— -f{a&n
A F

S 5

H-13%
4. prirnATTors: (riTer

Here, again, the same notatiocns as usec 1in the
nandpass filter are wused for the critical freguencies.

The passband edge frequency required in the desigrn of

the normalized low-pass prototype filter is given by

c T YA ity 2 K
4-14
and
Ye = VKT e Ko < Kg
| 4-15

where Kpg KC and K, ,K; are as defined 1n the bandpass

case.

Now, with the critical freguencies of the
desired filter converted to the normalised low pass proto-
type basis, an analog low pass filter can be designec
to meet the specified passband ripple anc the stopband
minimum attenuation requirements by using the formulas
in 3-1 through 3-17 presented in chapter 3.0 and i#Dlemen—
ted. in the BASIC subroutine. The form of the transfer
function for this nrmormalized elliptic low-pass analog
filter, as given by Eg.3-2 1is repeated here for easy

reference. ?‘4
- X



0 M i
His) = 7T
D (s} . s 2+bis+ .
0 i=1 i
4-16
where
N/2 for sven N
m -
(N-1)/2 for odd N
and
1 for even N
Do(s) 5 + 0o for odd N

with N being thé order of the low-pass filter which is
determined by the program to meet the specifications.
in the program printout, the additinnal parameter for
odd N is denoted by the symbol so. The low pass prototype
transfer function is then transformed to the denormalized
filter transfer function according to the analcg freguency
transformation schemes discussed earllier. We consider

the four cases separately.
1. Low Pass to low pass transformation :

The. low pass transfer function in 446  is
denormalized to the desired freguency by replacing s by

s/LuD » with W given by
W = 2f tan(N‘FC/fS) / W,

417

This results in the simple transformation for the factors

in 4-16.

(2 \)



s? + a; Cos? v ey
—
ik 4 +C 52+bf‘+c'
st+b s+l ST
418
WNETE
a.' = oa. w,? h: = oy W . o= C.uw_°
i - 1 o ! 1 1 o’ i iTo
4-19

with Ho remaining unchanged. For odd N, the additicnal
factor is changed as follcws:

5 + Jg = 5§ + 0p' wuwith o 0o W

1"

2. Low pass to high pass transformation :

Te transform the normalized low pass transfer
function in 4-16 to the desired high-pass transfer
function, we apply the transformation in which 1is <o

replace S by Woh/S, uwhere

Wgh = 2fg tan ( 7UF_ /f.)
4-22
The result is this simple substitution
2 2 !
s +ai . =] +Z-3i
s2+bis+C. s2+bit4, !
i i
4-23



where

o _ 2 - . _,z;z
a; = W, h/ai, o blmoh/ci’ C; W, h/C.l

with the corresponding change in HD :

o o “1i
-25
+he substitution for the =additicnal factor four oo N is
given by
woh
1/ (s+ o) —— s/(s + @o') with Co' =
e
4-26
and
- 1 -
Ho - HD - Ho/ G o
427

3. low-pass to band pass transformation

The analog frequency transformation is used

to convert the 1low pass prototype transfer function ir
4-16 to the desired btandpass transfer function. The

results of this transformation are shown in the following

factor substitutions :

s? + a s% v a i + s? + a,i
i l 1 2
52+t::i.5+[3.l 5a+b1153+b2152+c115+C21
4 -28
where
a, i = 2W.2 + a. B? a = U N
1 = ob i 21 T “Yob

27



4-28
4
2 _
C11 = by B 'uJDb C21 = W5 b
and
Wob = 2f, / Kg B = 2Knf_ /W
430

with KA ard KB defined in 4-7 and 4-13 the constant
multiplier Ho remains unchanged. For odd N, the additional

factor is changed as follous

s + 0o 52+G_DBS+'UJ2’CJ

4. Low-pass to bandstop transformation :

The transformation is used to obtain the desired
bandstop transfer function for the normalized low-pass
transfer function. It can be seen that the low-pass to
band sfop transformation can be ef fected bhy first re-
placing S by 1/5 and then applying the low-pass to band
.pass transformation., Replacing S by 1/S5 1s just the low-
pass to high pass transformation with Woh = 1. Therefore,
the factor substitution in 4-23 through 4-27 with UWoh=1
are wvalid for this first step of the <transformation.
Then the factor substitution 1in a-zé is used for the
bigquadratic ﬂaﬁter to perform the additional low-pass to

bandpass transformation. However, the bandwith parameter

2

o WS



is different for this transfocrmation and is civen by

4-32
The additional factor for odd N needs special attention,
as shown below. The low-pass to bandpass transformation
in a2pplied to the result of the first step 1in 4-2B yields
the substitution.

2 2
S . ‘ s° + Wgb

e

s + 00 52+Ub‘8‘s+m;b
4-33

with the analog transfer function of the desired filter
found, we can now apply the bilinear transformation in
4-1 to obtain the digital filter transfer function. In
all the formulas to be presented, we use K to denote the

constant 2/T used in the bilinear +transformation, (ie),

K = 2/7 = 2f 434

where ﬁg is the sampling -freguency in hertz. The bilinear
transformation applied to the biguadratic factor in 4-
18 and 4-23 results in the transfer function of the low-

pass and high-pass digital filter

2
. Z -+ .
+ a; dlz + 1

2 2
s°+b, ! . z . .
i 5+El +Elz + Fl

where
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where

d; = 2(ai1 - K2)/ A

e, = 2(Ci1 - KZ)/Az

F,o= (K%.pik «+ L:i“%&!

A‘I = ai1 + K2 hoee
Do _K2+DI‘LK e

ano the constant multiplier is cnanged according tc

H—H O&n / A2 L 37

The additional factor for odd N in the low pass case in

4-20 becomes

1 a) 0
—_
s + 0o z + z,
4-38
where
c = 1 and
0
1 1
z = (6o -K )Y/ (6o +K))
: 4-3G
and the constant multiplier is changed tec
1
How2Hg/ ( To + K)
4 -40

The additional factor for odd N in the high-pass case

in 4-26 is changed as

S 8]

v

- -1
S+G-Q Z + Z



where
C = -1 and

Z, = (g, /Lo )

4 -47

witn the same change 1n the constant multiplier as given
by 4-40. For the‘ bandpass and bandstop filters, the
nilinear transformation gapplied to the biAquadratic factor
1n 4-28 yields the ©bpiguadratic factor for ~he digital

transfer function

4
27+9,1 77%d50 7%4dq1 7 + 1

Z“+e1i 23+Ezi 22+93f 7 + eai
b4-43
where
d. i . 4
11 = 4 (321 - KT) / 3
dpi = 2 (3 (ayi + kKY) ~ et k%) /3
i Z

Si = 2 [2(Cpi - K*) + Cqi K = Bqu K71/ &
€0 = 2 [3(C,i v k%) - b1 k21 &
e.i = 2 [2(Cpi - X%) <(CqiK - byik® ) 1/ 4
et = (K% +byik? v 0ol - bgikPoCiik] /4

3 = Ka_+ aquz + asi

2 . .
4 .= K“ + byi K3 + bzi K™ + quK + C21

with a corresponding change in the constant multiplier

given by

H,—— H_ . &3/ NOyg



For odd N,‘the additional factor im 4-31 for the Gandpass
filter and the one in 4-33 for the bandstep filter are

both transformed into the biguadratic form

22 + aql + ag
Z2

+b«|2+bo

shere the parameters for the bandpass filter are give:

Dy

1}
o
4]

i

1
.

3

(=)
—
1
N
"
=
O
[pN]
a
=
S
o
i
x
)
1
je]
m
=
+
=
8]
=)

K¢+ o BK + wgb

As

with corresponding change im the constant multiplier given

by

Hy = H

B/ As

a]

and the parameters for the bandstop filter are given by

2
ay = 2 (Wgb - K sy = 1
Ag
- 2 2 2. opK-ulb
By = 2(Wy; o - K } by = K - 0B " K-W,
Do A
As = b+ K
2
A7 = K2y go's'Kk + uth

with & corresponding change in Ho given by

Ho—> H_ - bhg / A7 4_3%

0



menting

BASIC.

The above design principles are used for
the digital filter in a computer program

This is dealt in the following chapter.

imple-

using

V)

-

J

[
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BASIC Program to design a digital filter :

_Reason for choosing BASIC:

Qur primary consideration, in  implementing the
digital filter 1in BASIC, is  the simiplicity of trhe

language.

Moreover the graphic commands that are avallable

+n BASIL are easy Lo use.

Though a language like FORTRAN may be well
suited for this application, conside ing the enocrmous
amount of mathematics involved, the lack of graphic

commands in FORTRAN has made us implement it in BASIC,

The transformation reguired to design a filtel
by using the analog freqguency tranformation zand the
bilinear transformation as described in the previous

chapter is implemented in the BASIC program as civen below

The input to the program consists of the
critical passband ripple in dB, stopband attennation {(dB 7).
After accepting the input data, the program then trans-
forme the critical frequencies to the pass band edge fre-
quency of the nomalised low-pass prototyce and designs
the low-pass prototype analog filter to meet the specifi-
cations, Analog frequency transformations are sub-
sequently performed to obtain the analog versicn of the
desired digital filter. The bilinear transformation

applied to the analog filter yilelds the desired digital

34



filter. The digital filter parameters are printed for
the coefficients of the transfe- function, togetner witn

the constant multiplier Ho.

In addition, the transfer function factors are
multiplied in the form of two polyncmials.

2 L-1 -2
7 + z + z R e
H(z) = Ho . P : i L
z + Qz]ZL- + QQZ "'-o-."-’C]L

The coefficients Di and g are then perinted
for 1 = 142544.:' ¢ wnere ' is egual fc the order Tyt
of tne amalcog low-pass prototype filter for .ow-pass anc

nigh-pass filters and egual to 2N for bandpass and band-

stop filters.

At the end of the program, the Freqﬁency
response of the designed digital filter is plotted. The
starting value of the normalised digital filter frequency
step size of the freguency and number of points Lo De

cvaluated, are keyed in to get tne desired response.



19

"PROGRAM TO SIMULATE DIGITAL FILTERS

2,F3,F4,Fé&, R, BO”

2¢ CLS

30 LOCATE 9.16:PRINT “TYPE OF FILTERY

40 LOCATE 12,20z PRINT ” L*

S LOCATE 13,2¢: PRINT “H ~

6@ LOCATE 14,2¢: PRINT "BP *

78 (LOCATE 15,2@: PRINT ”"BS 7

8@ REM 1.LPF SPECIFICATIUNS

?F AFTINKEY S

1@ INPUT A$

11@ [F A$="L" THEN 15&

12¢ IF A$="H" THEN 218

138 IF A$="BP” THEN 2@

148 1F As="BS” THEN 31¢

150 CLS:PRINT “PLEASE ENTER THE FOLLOWING VALUES”
16@ PRINT “LPF SPECIFICATIONS": PRINT

178 PRINT “Fl=@”

188 PRINT “F2= PASS BAND EDGE FREGUEMWCY "™

19@ PRINT “F3= STOP EDGE FREQUENCY”

280 PRINTVF4=¢":G0T3 3&é

21¢ CLS = PRINT “HPF SPECIFICATIONS” :PRINT

208 PRINT “F1=ANY NEGATIVE NUHBER”

238 PRINT *“F2=PASSBAND EDGE FREG"

24@ PRINT “F3= STOP BAND EDGE FREQ”

258 PRINT “Fa4=¢“ :G07T0 368

268 CLS: PRINT "BPF SPECIFICATIONS" :PRINT

7@ PRINT “F1=LOWER PASSBAND EDGE FREQ@"

288 PRINT “F2=UPPER PASSBAND FREQ”

29@ PRINT “LOWER STOPBAND EDGE FREGQ. (F3CFISF2<F42”
368 PRINT “F4=UPPER STOPBAND EDGE FREQ “:G0T0 35¢
31@ CLS : PRINT “BSF SPECIFICATIONS”: PRINT
320 PRINT “F1=LOWERSTOP EDGE FREQUENCY”

33& PRINT “F2=UPPER FPASSBAND EDGE FREQUENCY
348 PRINT “F3=LOWER STOPBAND EDGE FRE®&

35@ PRINT “F4=UPPER STOP EDGE FREU (FISF3CFasFr”
368 PRINT “F@ = SAMPLING FREQUENCY ™

378 PRINT 7R@ = PASSBAND RIPPLE ~*

3308 PRINT ”B@ = ATTN. IN DB”

398 LOCATE 12,20 :PRINT “ENTER THE VALHES OF F1.F
391 PRINT "F1=":INPUT F!

392 PRINT “F2=*:INPUT F2

393 PRINT “F3=":INPUT Ff3

374 PRINT “F4=0":INPUT F4

395 PRINT “R@=7:INPUT R¢@

396 PRINT ~“B@=":1IMPUT B#&

397 PRINT “F@=":INPUT F@

398 Cis

428 IF (F1=8) AND (F2<F3) GOTO 4%¢

43@ IF (F1<@) AND (F2>F3) GOTO 499

448 IF (F3<F1) AND (F2<F4) AND (FIKFZ) GOTO 43¢
453 IF (FI<F3) AND (FH4<F22AND (F3<F42 GOTG 498
460 PRINT “THE DATA GIVEN IS HRONG ”

47¢ PRINT "GIVE THE DATA IN THE CORRECT FORMAT™Y
4238 GOTO 378

498 P=3.1415%

S5p8 PI=P/FP

S1@ IF (Fi=@) GOTO 558

5283 IF (F1<@2) GOTO 574

3@ 1F (F3{F1) GOTG &49



540
55¢
560
57¢
58¢
SP@
GOP
&1g
620
&3¢
&4
&5@
cod
&67@
&8¢
598
7D
718
7oe
7is
74
754
Fed
F7e
7o
785
798
725
g8ad
318
az¢
83
g4
85e
o
874
33¢
8¢
208
9id
P28
2?3
Fad
54
60
97
8¢
bl
1808
1214
1011
1820
1432
1343

IF (F1<F3) GOTO &6¢

PRINT ©“ELLIPTICAL LPF SPECIFICATIONSY
GOTO 58¢

PRINT “ELLIPTICAL HPF SPECIFICATIONS”
PRINT “THE PASS BAND EDGE FREQ =";F2i"HI¥
PRINT 7STOP BAND EDGE FREQ@ =";F3;"HZ"
PRINT “THE SAHPLING FREQ =";F3;"HZ”

PRINT “THE PASSBAND RIPPLE="R#; DB”

PRINT “THE STOPBAND HINIMUH ATTENUATION=":B@:“DB”

GOTO 744
PRINT “ELLIPTICAL BPF SPECIFICATIONS “
GOTO &7¢

PRINT “ELLIPTICAL BPF SPECIFICATIONS”
PRINT "“LFE EDGE FREGQ=FI”;"HZ”

PRINT “THE UPPER PASSBAND EDGE FRE@=";F2:;"HZ"
PRINT “THE LOWER STOPBAND EDGE FREQ=";F3;"HI”
FPRINT “THE UPPER STOPBAND EDGE FREQ=";F4;"HZ"
PRINT “THE SAMPLING FREQ=";F@;"HZ"
PRINT “THE PASSBAND RIPPLE="RO”;“DB”
PRINT “THE STOPBAND HIN ATTEN=" ;B8 ;" DB"”
E=2%xfFd

To=Ts5"2

T7=To*TS

Te=T7%TS

To=TANCPLI®F2%P/138)

FRINT T2

T3=TAN(PI%F3%P/ 18342

PRIMT T3

IF (Fl<=8) GOTO 1088

Ti= TAN(PIXFI%P/182)

Té4= TAN(PIXF4xpP/188)

A=T2-T1

B=T1*T2

C=T3x%T4

Al=AxT3/((B-T3"2]

A2=AXT4/(T4°2-B}

IF (FI<F3) GOTG 928

Wi=CA12".5

IF (B)C) THEN WI=(AZ2)*.5

GOTO 24¢

HWi=1/(AZ2*.52?

IF (B>XC) THEN HI=1/(A1".3}

H2=To®%B"~.5

W3=HZ2"Z
HWad=WI*2

IF (F1>F3) THEN B2=TSxA/HI1

IF (FI<KF3) THEN B2=T5HxA%xHl1
GOTO 1480

IF(FI<P) GOTO 185

H1=(T2/T3)".5

PRINT

W2= T5xT2/H1

H3=H2"2

GOTO 188¢



1858 WI=SaR(T3/T2)
1968 H2=TSxT2%H1

1873 HI=H2~2

1983 GOSUB 380

1978 PRINT “THE PROTOTYPE ANALOG LPF”
1100 PRINT “THE ORDER GF THE FILTER =N=";N
1181 PRINT “I *“,“ACI} » ,"B(I}* “C(I)"
1128 FOR I=1 TO N2

1130 PRINT I, ACI),B(I),C(1)

1143 NEXT I

1156 IF (FS5=@) GOTO 1178

1168 PRINT “THE ADDL PARAMETER FOR ODD N=S0=" ;5@
1178 PRINT “THE CONST HULTIPLIER H@=";Ho
1180 IF(F1=0) GOTO 1280

1196 IF (F1>3) GOTO 2050

126@ FOR I=1 TO N2

1218 Ti=1/C(1)

122¢ HP=HO*A(I)*T1

1238 ACI)=H3I/ACI}

12403 B(I)=B(Il)*H2%T1

1250 C(I)=H3%T1

1268 NEXT 1

127¢ GOTO 1330

1286 FOR 1=1 TO N2

1294 ACI)=ACI}%H3

130@ BCI)=B(I)%H2

1318 CCI)=C(I)%H3

1320 NEXT 1

1330 FOGR I= 1 TO N2

1343 T1=ACI)+T6

13590 D(I)=2%(A(I)-T&1/T1

136@ T2=B(1)

1370 T3=C(I)

1380 T4=1/(T6+T2%T5+T3)

1398 E(I)=2%(T3-T6)*T4

1408 F(I)=(T6-T2xT5+T3)%T4

1410 HA=HA*T1%T4

1420 NEXT I

1425 PRINT HD

143@ PRINT “THE DIGITAL FILTER PARAMETERS ARE GIVEN BELOH*
1443 PRINT “1 »7,% D(I} *, " ECI}",” F(I)*”
145¢ FOR I = 1 TO N2

1468 PRINT I,D(1),E(I),F(I)

1473 NEXT 1

148¢ IF (F5=@) GOTO 1628

1490 IF (FI<#) GOTO 1558

1502 T1=1/(SONNI+TS)

1§18 Za=(SORH2-TS) *xT1

152¢ HO = HOXT1%HD

1530 Co=1

1543 GOTO 1669

1554 T1=S0x%TS

1568 T2=1/(W2+T1)

IS7@ 2= (H2-T1)IT2

1580 HA=HOXTS*T2

1598 CP=—1

16003 LINECX.,23)—(X,199)



161@ PRINT “C@=";C8,"2@=" ;18
1628 PRINT “THE CONSTANT HULTIPLIER H@=":;H@
1e3@ PC1)=1

1648 P(2)=Dc1)

1658 P(31=1

186@ @¢1r=F(1)

1670 QC22=£(1)

1684 Q(31=1

169@ IF N2=1 THEN 1864

1708 FOR I = 2 TG N2

1718 K= 2%I+1

1728 P(KI=1

1738 P(K—1)=P(K-3)+D(I}

1748 QcKi=1

1758 Q(K=1)=a(K-3i+£(1)

1768 L=2%I—-3

1778 FOR M=1 TG L

178¢ G= K-1-H

1798 P(GI=P(GI+D(IIRP(6—1}+P (G2
I188@ Q(GI=F(I)®Q(GI+E(I)*Q(G—1)+Q(G—2)
1318 NEXT H

1828 P(2)=P(2)+D(I)

1838 Q(2I=F (I} *Q(2I+E(TIIRQ(1)
1843 QCII=F(Ir*Q(l1)

1835¢ NEXT 1

1B6@ N3I=2#N2+1

1878 IF (F5=@} THEN 1990
18838 N4=H3—1

1898 P(N4+1) =1

1908 Q@(N4+12=1

1918 FOR I = 1 TO W4

1928 G=H3-I+1

1930 P(GI=P(GIRCE+P(5-1)
1948 UGI=Q(GI*ZP+a(G-11}
195¢ MEXT I

1968 P(1I=P(I1}%CO

1978 Q(I)=@Q(1)%Z0

1983 NH3I=N3+1

179¢ MN4=N3—-1

2084 PRINT ~“I”, "P(I)", "Q(I)”
201# FOR I= 1 TO W4

2620 PRINT 1,P(N3-I),Q(N3-1}
2038 NEXT I

2043 GOTO 31e8

285@ IF(F1)F3) GOTG 2124
2¥e@ FOR I = 1 TO N2

287 HA=HO®A(I}/C(I)

2880 A(I)=1/AC1)

2093 B(I)=B(I)/C(I)

2184 C(I)=1/C(1)

211a NEXT I

2120 FOR I =1 TQ N2

7138 A3=2%H3+A(I})*B2"2

2149 BI=B(I)*B2



2158
2169
2178
218¢
21%¢@
2208
2214
222¢
2239
224¢
2258
2268
227¢
2:28¢
2298
2320
2310
2324
2332
2349
2359
2388
237
238¢
2378
2488
2418
2428
2434
244@
2459
2466
2478
248¢@
24990
2508
2519
2524
2534
254¢
25354
2568
2578
2580
2598
2624
261@
2620
2638
2643
26508
2668
2678
268¢
2679
2788

B3=2%W3+C(1)%B2"2
C1=B(I)*B2*xH3
T1=T8+rAIXTEFH

2=1/7T1
DICI)=4%(HI—TRIKTZ
D2CI)=2%(3%(T8+H4)—AI*T o) *T2
T2=1/(T8+BI%TE+HA+BIXKTT+CI¥T3)
FT3=CI*TS~-BIx*T7
E1(I)= 2%(2K(H4-TBI+T3I%T2

E2(I)= 2%(3%(T8+W4)—BIxTS I %72
E3(I)= 2%(2%(H4-TQ)-T31%T2
E4(I)=(T3+BI*TS+W4—BIXT7—CI%T5)*T2
HA=H@®T 1 %T2

NEXT 1

PRINT “THE DIGITAL FILTER PARAHETERS ARE GIVEN BELOH”
PRINT “I7 , "DI¢I}”, ' D2(1}”
FOR I = 1 TO K2

PRINT 1,D1¢1),D2(I)

NEXT I

PRINT TAB(3);*I”;TAB(1@):"E1(I}";TAB(25); E2(I2”
PRINT TAB(4@):;7E3(I17;TAB(SS) ;"E4 (L)Y
FOR I = 1 TQ W2

PRINT TAB(2); I;TAB(7);E1(I);TAB(22):E2(1}
PRINT TAB(37);E3(I);TAB(S52);E4(1)
NEXT I

IF (F5=@) THEN 2588

IF (F1X3) THEN 2588

T1=W3+T6

Al=2%(H3-Te)/T1

Ad=1

T2=1/(T6+B2%T5/SO+H3)

B1=AIXT1%72

BA=(T6—B2%TS5/SA+H3) %T2

HP=HOXT I %T2/58

GOTO 2560

T1=1/(TE+SORE2*TS+H3}

Al=@&

AP=~1

BI=2%(H3-T6)%T1

BA= (T~ S@%B2*T5+HI) %T1

H# =HO*B2xTS%T 1

PRINT “ADDNL FACTORS FOR ODD N ARE”
PRINT “Al=";Al:"A@=";AB;"B1=";B1;"BO=";B@
PRINT “THE CONST MULTIPLIERS=H@=";H®
pPc1)=1

P(2)=D1(1)

P(3I=D2(1}

Pi4r=D1(1)

P(SI=1

QCLI=E4(1)

@i2)=E3(1)

Q(3I=E2¢1)

G(4)=E1(1)

@csi=1

IF(N2<2) GOTO 294¢@

FOR I = 2 TO N2



X=4%J+1

Pexd=1

PiX~11=P(X~5)+D1(1}
P(X-2)=P(X~6)+DICI)%XP(X-51+D2(1)
P(X*31=P(X—7)+DI(I)*P(X—6)+02(I}*P(X—5)+DJ(I)
Gex)=1

Q(X-1)=Q@(X-5)+E1(I)
Q(X~-21=Q(X—8)+EICII®Q{X-S)+E2(1)
G(X—3)=0(X—7)+EI(I)*G(X~é)+£2(1)*Q(X-SJ+E3(I)
X3=4=xI-7

FOR 4 = I T X3

Y= X—-3-J

P(Y)=P(Y)+DI(I)*P(Y—I)+32(1)*P(Y~2)+DI(I)*P(Y—E)*P(Y—#f
Q(Y)=Q(Y)+E1(I)*Q(Y—1}+E2(I)*G(Y—2)+E3(I)*Q(YH3)+£4(IJ*QiY—4}
MEXT

P(4}=P(4)+D1(I)*P(3)+D2(I}*P(2)+DI(I)

P(2)=P(3)+D2(TI®P¢2)+D2(1)
P(2I=P2r+D1 (1)
Q(4)=E4(1)*G(4)+£3(I)*Q(3)+E2(I)*Q(2)+E1(I)*G(I)
Q(3)=E4(1)*&(3)*53(1)*G(21+E2(I)*Q(1)
QC(2I=EACTI*Q(2)+EICTI®A{1)
GU1I=E4(I)*Q{1}

NEXT I

NT=4%xN2+1

IF (F5=¢) GOGTO 311&

PI(NT+2)=1

Q(NT+2)=1

PINT+1I=P(NT—12) +Al
QINT+1)=Q{NT+1}+B1

X4=NT—-2

FaGr J= 1 TO X4

IX=NT+I-J

PCIX)=AP%P(IX}+AI*P (IX—1}+P(IX—2)
QCIX)=BORQ(IX)+BI1%*G@{(IX-1)+QCIX—2)
NEXT J

P(2)=AB%XP(2)+Al

Pi{1)=A@*P(1)

Ge21=BP*A(2}+BI*Q(1)

@(1)=BA*Q(1)}

NT=NT+2

X=NT-1

PRINT “I7,”PCI}”, "Q¢I)"

FOR 2= 1 TaQ X

PRINT Z.,P(NT-2),Q(NT-2)}

NEXT 2

I=F@IF2

IF{Fi<=8) GOTO 324¢

FI=(F1+F2}/2

Z=F@/F?

PRINT "ENTER THE DATA :H@,6S5&.Na”
INPUT W& ,S58,NO

PRINT “THE STARTING NORMALISED FREGQ=:z" ;W@ ;"HZ"”
PRINT “THE STEP SIZE=:";S5@;"HZ”
PRINT “THE NUMBER OF POINTS TO BE EVALUATED=" ; N&}
PRINT :JII!’!(H('I)!I’PJAHII,IIH(IJJI
IF(F1I>M@) GOTG 351@

H=HE

FOR K= 1 TG N@



3290 WP=HXP

3308 X1=COS(HP)}

3IIF XD2=COS5C2%WP)

3320 YI=SINCHP)

3336 YZ=SIN(2XHP)

3340 AM=H@ 2

31354 FOR I = 1 TO N2

3368 AM=AM* ((1+X2+D(I)%X1I 2+ (Y2+D(I}*Y1)"2)
3373 AH=AM/( (F(I)+X2+ECTI¥X1IA2+(Y2+E(T)*Y 1) "2)
3386 NEXT I

3398 IF (FS5=#) GOTO 3418

3433 AW=AHR( (COFX1)~2#Y1*2) /((2@+X1P1"24Y17"2)
3413 H(K) = 1@ ®ABSCLOG(AN}) / LOG(18)
3420 H{KI=H®Z

3438 PRINT K H(K) AN H(K)

3440 W= H+S@

3445 NEXT K

1458 PRINT “RUN AGAIN? YES/NO”

346@ INPUT N$

3478 IF (N$="YES") GOTQ 3200

3499 GOSUB 4548

3500 GOTG 4790

ISIF H=HO

3520 FOR K= 1 TO M@

3530 HP=H*P

3546 X1=COS(WP)

3558 X2=COS(2%HP)

3568 X3=COS(3%HP)

357@ X4=COS(4%HP)

3580 Y1=SIN(HP)

3590 Y2=SIN(2%HP)

3600 Y3=SIN(I%HP)

36103 Y4=SIM(4%XHP)

36260 AM=H@"2

3538 FOR I =1 TO N2

3548 MR=(1+D1(I)%(X1+XII+D2(J)#X2+X4)"2
3653 RM=(D1(I)%(Y1+Y3)+DZ(IIRY2+Y4) "2
1860 AM=AH%(RH*HR)

3678 HR=(E4CII+E3(IIRXI+E2(I)%X2+EL (I ¥X3#X 4272
3680 RH=(E3(IIRY1+E2(T1IRY2+EL (12 ¥Y3#Y4) "2
3598 AM=AH/ (RH+HR)

3708 NHEXT I

3716 IF(FS=@#) GOTO 374¢

3720 AM=AM=( ( AB+AI%X1 AX2) 2+ (AIRY 1+T 2D ~2)
3738 AM=AM7 ( (BO+BIXRXI+X2) "2+ (BIRY1+Y2)2)
3740 H(KI=10%LOG(AN) /LOG(18)

3753 H(K)=H®Z%1.739231

3760 PRINT K H(K)  AM H(K)}

3773 H=W+SO

3780 NEXT K

179¢ GOTO 3466

3300 REM THE SUBROUTINE STARTS HERE

38085 CLS

818 K=1

I8z S2=0

3338 E2=10"(.1%RD)



3842
. 3358
386@
387@
3888
3874
3899
3789
3981
371¢
3924
3232
3944
3959
K& XN
3978
3eead
3?7
43P
FBF L&
4 P28
3838
4848
4P35d
4PEH
+3#7 @
4A2P
438
4180
4114
4120
4138
4144
415&
4168
417@
4184
4198
4280
4210
422
4238
4240
4258
260
4278
428
429¢
4302
4318
4320
4338
4343
4358
436
4370
+38¢
4398
449
4418

F1=EZ2".5

E3=.A5%R@

E4=1&E3

BS=1@"(.1%8Bd@)

ES=—E3

Di=(85-1})/(E2—-1)

PRINT

Ki=§W1"2
OK=SGQR{ABS(I—K1%K1)}
K2=SQR{OK)
CLE:QP=.5%(1-K2}/(21+K2)
Gi=Q@"4

Q2=QInCB

@3=a2xal

Q4=Q3%a1

Q=GB+ 2XQ2r I SRQAI+15ARG4
Ti=LOG(1&%*D1Y/LOG(1/Q)
CLS:N=INT(TI1}

PI=P/HN

P2=2%P¢:PRINT P2
T2=(E4+1)/(E4—1):PRINT T2
A=LOG(T2)/ (2%N) sPRINT A
SIS C(EXPCAI—EXP(—A) 2 /2:PRINT 51
FOR M = 1 TO 4

K=—K

A2=2%H=A

Ai=A2+A
S=(EXP{Al}—EXP(—-A1)} /2
SI=SI+ (K "HI*xQ (H®(H+12IRS
C=(EXPC(A2)+EXP(—A2) /2
SF=B2+ (K *HI)*QA* (M¥HI=x(

NEXT M

QS=2%32* .25
SH=QAS%SI/(1+2%52)

S@F=ABS (58}

Sd=S@%Cd
H=((1+S4%K1) %1 +S4/K1) )" .5
IFCINT(N/2)%2=N) GOTO 4234
N2=(N—-12}/2

F5=1

GOTO 4258

N2=N/2

F5=&

FGR I = 1 TO N2

AS=1

IF(FS=8} THEN AS=AS-.5
PS=PI%AS

S1=SINCPS5)

s2=

K=1

FOR H#H= 1 TO 4

K=-K

A2=Z2%MNXPS

Al=A2+P3

SI=SI+ (K "HI %@ (Hx(H+1) ) %SIN(AL)
S2=G2+ (K M) Q" (MxHIRCOS (A2
NEXT #H

X1=Q5%51/ (1+2%52)

X2=X1%X1
VI=((I—X2RKI)®(I-X2/K1)}".5



4420 ACI) =1/X2

4433 SS=S@xvi

4440 D1=1+54%X2

4453 B(I)=2%55/D1

44683 C(II=( (S5 2+(XI%HI~2))/(D1"2)

4478 NEXT I

4471 PRINT

4438 HP=S@

4498 IF(FS5=@) THEN HO=1/(18°ES5)

4588 FOR G = 1 7O M2

4510 HB=HS*C(G)/A(G)

4520 NEXT G

453¢ RETURN

4543 REM THE GRAPHICS SUBROUTINE STARTZ HERE

4558 KEY OFF:CLS

4568 SCREEN 2:CLS

4578 LOCATE 1,34:PRINT "PASS BAND DB”:LOCATE 1#,1:PRINT “F“:PRINT "R":PRIN
4575 LOCATE 14,1:PRINT “E*:PRINT “Q"zPRINT :PRINT :PRINT “HZ

4530 LINE (2@,28)~(639,2@) : LINE—(&39,199) s LINE- (20,199 : LINE=(28,28)
4599 FOR X=382 TO &4@ STEP &2

2688 LINE(X,28)—(X,197)

4610 NEXT X

4620 FOR Y = 2@ TO 199 STEP 3¢

4633 LINE (26,Y)— (632,77

4648 MNEXT Y

4656 LOCATE 2,83:PRINT “@%:LOCATE 2.1:PRINT "—188”

466d FOR X=88 TO 1 STEP —1é&

4570 LOCATE 2,X

468 READ H:DATA @,-20,-48,~60, 88

267¢ PRINT H

4783 NEXT X

4718 IF F1=0 THEN :LOCATE 4,19

472@ IF Fl=@% THEN :PRINT “LPF”3:LOCATE &,18:PRINT “CHARACTERISTICE”
4738 IF F4=0 THEN :LOCATE %,18

4748 IF Fa4=9 AND F1¢>8 THEN :PRINT “HPF“:LOCATE &,1@:PRINT "CHARS”
4758 IF F3<F! AND F2<F4 THEN :IF FI<F2 THEN :LOCATE 4,18

4763 IF FI<F1 AND F2¢F4 THEN :PRINT “BPF”:LOCATE 6,13:PRINT “CHARS”
4773 IF FI<F3 AND F4(F2 THEN :IF F3<¢F4 THEN :LOCATE 4,1¢

4730 IF FICF3 AND F4<F2 THEN :IF F3<F4 THEN :PRINT “BSF”:LOCATE &,18:PRINT
4798 FOR I = 1 T0 N&

488@ H(I)=ABS(H(I})

4219 X(I)=INT(S%H(I))

4223 IFCH(I <1} THEN X(I)=INT(3G%H{I})

4233 X(I)=639-XCI):X(1}=ABS(X(I))

4840 Y(I)=(I-11 %2R/ N@+2D

435@ IFCI>11 THEN <4878

4B63 LINE (20,282 -(X<I),Y{I}))}

437@ LINE —(X(I},Y(I})

4380 NEXT 1

4298 END



RN

ELLIPTICAL LOW PASS FILTER SPECIFICATIONS

PHE
"HE
THE
"HE
[HE
THE
THE

4

4
THE
THE

I

—i 3
[ o SO S

Z N s N

| X

PASGBAND EDGE FREQUENCY= 2 HZ
>TOPBAND EDGE FREQUENCY= 2.2 HZ
SAMPLING FREQUENCY= 2.2 HZ

PASGBAND RIFPPLE= .5 DB

STOPBAND MINIMUM ATTENUATIUN= 60 DB
PROTOTYPE ANALOG LOW PASS FILTER
ORDEER OF THE FILTER=N= §

A(I B{l,
15.78099 5568969
2.388997 3318909
1,.375591 L 14011818
1.1588972 4 RiENE83E-02

CONSTANT MOLTIPLIER HG:= ¢ 335057E-04

151999%

4895725

A 131 00

28411 7r

DIGITAL FILTER PARAMETERS Ake GIVEN BELOW

D(I) E{I)
1.618507% -1.195143
.3583012 -.8909721
-.1836278 -.6871865
-.3577279 -.6010074
CONSTANT MULTIPLIER HO= 1.216337E~(G2
P(I) Q(I)
1.4238452 -3.391058
3.5656731 7.134297
4,105036 -9.50097
5.1708 g.268926
4,105036 -6.198463
3.5656731 3.403019
1.429452 -1.208496
1 .4330705

TER THE DATA;WO,S0,NO

Fel

.433070:
. 8683264
.86149¢

.9640744
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RUN

ELLIPTICAL BIGH PASS FILTEKR SPECIFICATLONS
THE PASSBAND EDGE FREQUENCY= 2 HZ

THE STOPBAND EDGE FREQUENCY= 1.720 HZ

THE SAMPLING FREQUENCY= 1.725 HZ

THE PASSBAND RIPPLE= .3 DB

THE STOPBAND MINIMUM ATTENUATION= 45 DB
rHE PROTOTYPE ANALUG LOW PASS FILTEER

'HE ORDER OF THE FILTER=N= £

A(1 ML O
. 13.4516 g9 20e’ cintugs
4 2.16811%2 LA5954149 LBT1360
: 1.376164 g.594129E-02 TRB8486L

THE CONSTANT MULTIPLIER HO= 5 488672E-03
THF DIGITAL FILTER PARAMETERS ARE GIVEN BELOW

I D(I) E(I) F(I)

i -1.5756741 1.02775 . 3488984

2 -.3044204 186194 .6528181

3 .14866569 6445543 .9032561
THE CONSTANT MULTIPLIER HO= .0237811
{ P(I) Q(l:

1 -1.,731458% 2.4584949

Z 3.200172 3.882369

3 ~-3,391678 3.422332

4 3.200172 2.151282

5 -1.731496 .7825102

A 1 3489984
KNTER THE DATA;WO0,50,N0

417
LW
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AN

SLLIPTICAL BAND STOP FILTER SPECIFICATIONS
THE LOWER PASSBAND EDGE FREQUENCY=F1HZ

'HE UPPER PASSBAND EDGE FREQUENCY= 2 HZ
THE LOWER STOPBAND EDGE FREQUENCY= 1.1 HZ
THE UPPER STOPBAND EDGE FREQUENCY= 1.82 HZ
I'HE SAMPLING FREQUENCY= 10 HZ

THE PASSBAND RIPPLE= .2 DB

THE STOPBAND MINIMUM ATTENUATION= 40 DB
T'HE PROTOTYPE ANALOG LOW PASS FI1LTER

THF ORDER OF THE FILTER=N= &

A(CT) BLL: Coly
3.109836 fubaonni .b2796¢E
1.45386 i h33H8 L 789091

“HE ADDITIONAL PARAMETER FOR ODD N=S50:= 49836173
THE SONSTANT MULTIPLIER HO= 4.658Ub0E-J¢
“qF NIGITAL FILTER PARAMETERS ARE GIVEN BELOW

D1(1) Da2({l;

i -2.411881 3.393u8:

z ~-2.346683 3.247341

i E1(I) EZ2(1) :

BE3(1) a4l
! -1, 854646 2.204223
1.41H85% BRa 1)
“ -2.206879 Z2.89698%
-5, 090984 G0 Y4306

ADDITIONAL FACTORS FOR ODD N ARE
Al=-1.236069 A0= 1 Bl1=-.7927851 B0O= .2827681
THE CONSTANT MULTIPLIER=HO= .4102858

I P(I) Q(ID)

i -5.884613 -4,85332

2 18.18218 12.99413

3 -40,51573 -22.67065

4 62.0436%7 28.955643

5 -71.18007 -27.72204

2 62.04367 20.18144

! -40,.515b73 ~11.00784

] 19.18218 4.329544

9 -5.994613 -1.10233%2

10 1 .1446847

ENTER THE DATA;WO0,S50,NC

—~

LW
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mLuLEUiCAL BANDPASS FILTER SPECIFICA. 1ONS

THE LOWER PASSBAND EDGE
THE PPER PASSBAND EDGE
THE LGWER STOPBAND EDGE
THE UPPEKR 3TOPBAND EDGE
THE SAMPLING FREQUENCY=
THE PASSBAND RIPPLE= |1

FREQUENCY=F1HZ
FREQUENCY= 4 HZ
FREQUENCY= 2 427 Hz
FREQUENCY=- « .7 ilZ
16 HZ

DB

THE 3TOPBAND MINIMUM ATTENUATION= &0 Db
THE PROTOTYPE ANALOG LOW PASS FILTEER

THE ORDER OF THE FILTER-=

A(T)
5.427972
2.233397

-0l TTONAL PARAMETER FOR ODL N=kls

°F NETANT MULTIPLIER

N= &
B{I) Cil
600694 3427077
198078¢ 57347

L4132871
HO:- € . 667712E-d2

GIGRTTAHL FPILTER PARAMETERS ARE GIVEN BELOW
AR DE(1;
: 1 138133 544941
. 1.687798 1.728315
ELil) E2(1)
E3(I) Ea({l;
S.uB1943 2.487781
1.571968 .5874216
p 2.1274569 2.6998567
1.94206 .8500082

ADDITIONAL FACTORS FOR ODD N ARE
Al= O AQ=-1 Bl=- 1.037733 BO= ,6790909
THE CONSTANT MULTIPLIER=HO= 5.084355E-03

i P(I) Q(I)

i 2.8058829 5.247134

o 3.172429 14.67421

3 2.877039 27,2874

4 2.5606281 37,2567

: Q 38, 24438

o -2.5662u1 30.¢01z212

~ -2.877038 17.72081

B -3.172429 T.6681747

= ~2.805929 2.200258

1 -1 . 339074
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CONCLUSION




CONCLUSION

ODigital filters, in the form of software have

peen used extensively in the past and will undoubtedly

be used in the future at a progressively increasing rate:

Typica. #pplications are

1. Data smoothing and prediction

2. Image enhancement

3, Pattern recognition

4, Speech processing

5. Processing of telemetry sigrals

B. Processing of tio medical signa.is

7. Simulation of analog systems

Programmable hardware digital Filters have

already made their appearance in the form of digital
signal PTOCEesSsOrs such as FET processors, Freguency
syntheslzers and wave analysers. Many signal processing
chips have been developed, which eliminate the endless

nardware compenents and simplifies digital filtering.

Non-programmable digital Ffilters are currently
considered as a possible replacement of apalog filters

in many communication sub systems.

The main disadvantage of harduware digital filters
at present in their relatively high cost. However, with

the tremendous advancements in the damain of 1arge Scale

54



integration, the cost of nhardware digital filters 1
L ikely to drop drastically in the not-too-distant future.

At that time digital filters will become more attractive

thar analog filters 1in many MOIrE applicatiors. It 1is
Apr axpected that digital! Tfilters willi replace analog
.filters, on the aother handc like crysta_, mechanicel

monolithic and acrtive filters, digital fiiters will pecome
an invaluable addition ToO the bag aof tricks available

to the filter designer.

=&
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FUTURE DEVELOPMENTS

The PCB for the A/D convertor ha% De“- designed
sdch that uJsing analog multiplier chip and ther selecting
a single channel it will be possible Lo process more than
cne signal simultaneously, Thus wsing <two 7506 chips
32 single endecd or 16 differential input< can be connected
to the ADC. Then wusing the control vysgister a single
channel js selected and orocessed. If the software 1is
written in order to perform mueltitasking then v wiil

appear as 1f B signals were filtered simultercous. v,

The DOAC will nave nave only 8 cnzaznnels and eacn

channel signal can be filtered with different cut off

frequencies. The ©/A convertor 1is designed such tnat

it will have B channels, 50, 8 signals can be processed

simultaneously. (Time slcts and allotted to each signal).
-
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