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IMPLEMENTATION OF DIGITAL FILTERS
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4.1 Building Blocks of Digital Filter:

Digital filter is implemented as shown in Fig. 4.1 where

H(z) is the transfer function of the digital filter. It contains the

actual processing of the input signal to filter out unwanted frequency

components. H(z) is implemented in the form of a algorithm. To

process signal digitally, it is necessary to convert input analog
signal

Jinto digital signal. Again after processing, the signal is to be converted 

back into analog form for which ADC and DAC are used. Hpp(s) and H^fs) 

are the transfer functions of the analog filters. Hpf, is an analog prefilt­

er, it is usually a low pass or band pass filter, used to remove 

out of band frequencies from the input signal to avoid aliasing 

of high frequency signals. It is also called anti-aliasing filter. To

avoid aliasing the sampling frequency should be at least twice the

maximum input frequency of interest. H^fs) is the transfer function of 

analog reconstruction filter. The output of DAC is in staircase form.

To make it continuous a reconstruction filter is used. AD converter 

is a device used for conversion of analog input signal into digital 

signal for digital signal processing. The speed and number of bits 

of the ADC are important factors in the digital filtering process.

DAC is a device that operates on sequence of input code-words 

to produce a continuous output signal. Sometimes clamper circuits

are required to clamp the input analog signal above zero level,

because some ADCs accept only positive input signals.
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4.2 Hardware Used for Digital Filtering:

Digital filter consists of microprocessor system f ADC and

DAC. The microprocessor we have used is 8085 with the ADC 0809

and DAC 0808. The IC 8255 is used for I/O ports at addresses

08H, 09H, 0AH, and 0BH.

ADC (0809): Is a 8 bit successive approximation ADC, with micro­

processor compatible control logic, having 100 Ms conversion time.

It has 8 channel multiplexed inputs selectable by 3 bit channel address. 

It allows input variations from 0 to 5V and provides TTL tristate 

latched output. It is kept in 1/0 map at address 09H. A separate 

clock frequency is generated for clock input of ADC. The clock

is generated using CMOS IC 4049 as shown in Fig. 4.2. Channel 

'O' is used in our system for the input. As the input range of

DAC is 0 to 5V, the negative part of the input waveform has to

be clamped above zero level which is done by a clamper circuit. 

Port C of 8255 is used in BSR (bit set reset) mode to provide 

handshake signals to ADC. PCI is used to read the end of conversion 

signal. PC4 is used to give ALE signal to ADC 0809. PCS gives QE

(output enable) signal to ADC and PC6 is used to give start of conversion

signal to the ADC.

DAC (0808): It is an 8 bit DAC with TTL and CMOS compatible logic

having settling time around 300 ns. It requires two power supplies 

+5V and -15V (-5 to -15V) and 2 mA reference current for full
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scale input. Hie circuit diagram is as shown in Fig. ,4.3. The 

reference current depends on resistance R2 and VRef. The output current 

I is given by

I o
VRe.f \ A2 'S A4 
R± ' 2 + 4 + 8 + 16

^5 \ ^7_
32 + 64 + 128 + '256 4.1

The inputs to Ag are either o or 1. 

For VRef = 5V and R1 = 2.5

( S 1 * 1-992

The full scale output voltage is then

V = 1.992 mA x ( HI ) x 2.5 K » 4.98V 
o 256

The DAC 0808 is connected to port A of 8255 (at address 08 H). 

MC 1408 can also be used as it is pin to pin compatible with 0808. 

The resistor R^ is generally kept equal to R2 in order to match the 

input impedance of the reference source.

Interface Diagram: Hardware of the digital filter is shown in Fig. 4.4. 

This diagram shows mode of interfacing the required control signals 

and their generation and port addresses.

4.3 Implementation of Digital Filter Designed by BLT 
Method on pp Based System:

The digital filter can be implemented from its difference
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FIG.4*3- DIGITAL TO ANALOG CONVERTER .
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equation, its unit sample response or its system function {z-transform). 

We have computed the system functions for LPF, HPF, BPF and BSF 

using BLT method. From these system functions we can implement 

the digital filter on yp based system. The system functions of these 

filters are given below.

1) For low pass filter 

1-z'1
H(z) = 1+z— ... 4.2

A+Bz-1

inhere A = 1+1/a, B = 1-1/a

CO T D1 1a = tan ( ----- )

2) For high pass filter

-1
H(z) = 1-z

A+Bz

where A = a+1, B — a—1

3) For band pass filter

HbP(z)
1-z-2

Az"2 3+Bz“1+C

where

1 + co
A =

o - W
B =

W

2*o ~ 2

W

1+ co^+W
and C = ------ P

w

4.3

4.4
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where W = 00 u>«

h*

= tan oo, = tan h
vT

4) For band stop filter

*Wz)
-2 -1 

z +Az +1

-2 -1 Bz +Cz +D
4.5

„ 2“S-2 r 1+“a-W
where A = --------- . B = -----------

oo; 1+ oo2 o

2 o£ -2
C =----- ----- , D

1+w*

1+ (I)2+W

1+ oo2 o

Low Pass Filter Implementation: The system function of low pass 

filter is

V (z)
H(z) = (l+z-1)y(A+Bz-1}= —-----

V.(z)

Upon simplification, this equation gives

V = 1/A (V- + VL z_1)-B/A(V z"1) 4.6

The algorithm to compute Vq using a microprocessor-based system 

is as follows. In the eq. 4.6, z1 indicates unit delay or delay by 

one sample.

1) Compute the constants 1/A and B/A from the filter parameters
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as follows:

A = 1+1/a and B = 1-1/a

tan
T

0)^ = 2 tt Fc - Fc is the cutoff frequency in Hz 

T = 1/Fs - Fs is sampling frequency in Hz.

The values of constants 1/A and B/A should be in Hexadecimal relative 

to 255 decimal.

output
2) Store the initial input ^conditions, i.e., for zero volt input,

the corresponding V . These stored values of \A and V0will act

-1 -1as delayed (previous) input \Az and output Vqz for the next 

sample.

3) Read the value of input data after *T' time.

4) Compute the Vq using eqiatopm 4.6. The multiply subroutine is 

the fractional multiply routine.

5) Output the computed value of VQ to the DAC 0808 through port A.

At the same time refresh the delayed stored values of and

Vq (for current sampled Vj , the previous U acts as V^z-^.

Similarly, for the present Vq to be computed, the previous 
-1

acts as V z .)

Following the similar treatment with the help of the system funct­

ions the high pass, band pass, and band stop filters can be implemented.



FIG.4*5 - FLOWCHART FOR IMPLEMENTATION OF
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L PF USING B LT METHOD .
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PROGRAM FOR IMPLEMENTATION OF DIGITAL FILTER ON 
MICROPROCESSOR BASED SYSTEM

The aynembi y language; program for implementation of low
ss filtei • designed by Bilinear method
PORTA: EQU 08H ;PORTA ADDRESS
PORTB: EQU 09H ;PORTB ADDRESS
PORTO: EQU 0AH ;PORTC ADDRESS
CWR: EQU 0BH ;CONTROL WORD REGISTER ADDRESS
CONST1: EQU +.* ;VALUE OF CONSTANT 1
CONST2: EQU ;VALUE OF CONSTANT 2
STIME: EQU * *

ORG 6000H ;START ADDRESS OF PROGRAM
LXI SP,2100H i

MVI A, 81H ;INITIALISE PORTS A,B,C(UPPER)
;AS O/P &C(LOWER)AS I/P

OUT CWR.
MVI A700II ;GIVE ADDRESS 00 (CHANNEL 0)
OUT PORTB
MVI A,09H ;SET PC4 HIGH (ALE)
OUT CWR
MVI A.08H ;LATCHED
OUT CWR
MVI A, 83H ;SET PORTB AS I/P
OUT CWR
XRA A ;CLEAR A
OUT PORTA ;OUT TO DAC
MOV H, A ;SAVE INITIAL O/P IN REG H
CALL INPUT ;TAKE I/P SAMPLE
MOV L, A ;SAVE IN REG L

LI: CALL DELAY ;WAIT FOR SAMPLING TIME
CALL INPUT TAKE THE SAMPLE
MOV B, A ;SAVE IN B
MOV A,L ;PREVIOUS I/P SAMPLE
MOV L, B ;STORE CURRENT SAMPLE IN L
ADD B ;ADD PREVIOUS SAMPLE IN CURRENT 

;SAMPLE
MVI B,CONST1
CALI, MULTI ;MULTIPLY RESULT BY CONST1
MOV D, A ;SAVE IN D
MOV A,H ;TAKE PREVIOUS O/P
MOV B,CONST2 ;MULTIPLY IT BY CONST2
CALL MULTI
MOV B, A ;SAVE IN REG B
MOV A, D ;TAKE PREVIOUS PARTIAL RESULT
ADD B ;ADD IN REG B
MOV H, A ;SAVE FINAL RESULT IN A
OUT PORTA ;OUT TO PORT A
JMP LI ; CONTINUE

1
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A SUBROUTINE PROGRAM FOR FRACTIONAL MULTIPLICATION 
OF CONSTANT VALUE STORED IN REGISTER B TO THE 
CONTENT OF ACCUMULATOR.

MULTI: MV I C,00H ;CLEAR PARTIAL SUM REG.
RRC ;DIVIDE I/P SIGNAL BY 2
AN I 7FH ;CLEAR MSB
MOV D, A ;STORE IN D5 G. •* t MOV A, B ;GET FRACTION (CONST)
STC '
CMC
RAI, ;TAKE MSB OF FRACTION IN TO CARRY
MOV ti, B r . ;SAVEIN B
MOV A,C ;GET PARTIAL SUM
JNC L2 ;IF MSB OF FRACTION IS ZERO JMP LI
ADD D ;IF NOT ADD HALF SIGNAL

L2: MOV C, A ;SAVE IN REG C
XRA A
CMP B ; CHECK B-'0
MOV A,D ;GET HALF SIGNAL
JNZ L3 ;IF SHIFTED FRACTION IN B=0 JMP L3
MOV A, C ;MULTIPLY DONE PLACE RESULT IN REG A
RET



SUBROUTINE PROGRAM USED FOR INPUT OF DATA SAMPLE

FROM TOE ADC(0809)

INPUT: MV I A ,01)0 •SET
T ? .. OUT CWR ;STORE RESULT IN ACCUMULATOR

MV I A, 0CO
OUT CWR ;RESET

L4: IN PORTC
. AN I 020 ;CHECK EOC

\'Y- * - ' JNZ L4
1.5 : IN PORTC ;READ SAMPLE

AN I 020 ;CHECK EOC
JZ 1.5 ;CHECK CONVERSION COMPLETE
MV I A,0BH ;MAKE O/P ENABLE
OUT CWR J

IN PORTB ;TAKE I/P SAMPLE
MOV E, A ;STORE IN REG E
M«Vf A, 0AH ;READING OVER
OUT CWR
MOV A, E ;TAKE I/P SAMPLE IN ACCUMULATOR
RET

— -------------- -----------------------------------------------------------

SUBROUTINE FOR DELAY (TO DECIDE SAMPLING TIME)

DELAY: PUSH I)

WAIT:
MV I
DOR

£, STIME
E

JNZ
RET

WAIT
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4.4 Design and Implementation of LPF Using Numerical
Solution of Differential Equation on pp Based System:

Using this method, the system transfer function H(z) can 

be obtained by transform as given below:

S -> 1
T

-1z

1
where T = ■=- - Fs - Sampling frequency in Hz

Jr S

The impedance-voltage divider relationship for LPF in Laplas variable 

is

V (s) o a
V^s) S+a 4.7

where a = 2 tr Fc

1-z-1Using the transform s-*•—^----- in eq. 4.7 and simplifying

.. aT 1 „ ~1
Vo = aT+1 Vi + aT+1 Vo 4.S

The digital low pass filter can also be implemented from equation 

4.8. The necessary algorithm and flowchart for implementation of 

the software filter are given below:

aT 11) Compute the constants and from the filter parameters

as follows:

1
a = 2 it Fc, and T =

r S

Hie value of these constants should be in Hexadecimal system relative

to 255 decimal.



2) Store the initial input output conditions, i.e., for zero

volt input, the corresponding VQ . These stored values of 

\C and VQ will act as delayed (previous) input sample

Vjz'1 and output VQz-l tor the next sample.

3) Read the value of input data after 'T' time from ADC 0809

through port 09H.

4) Compute the value VQ using equation 4.8. The multiply subroutine 

is the fractional multiply routine.

5) Output the computed value of VQ to the DAC 0808 through

port 08H. At the same time refresh the delayed stored

values of and VQ (For current sampled V; , the previous

acts as V^z"l . Similarly for the present Vq to be computed, 

the previous Vq acts as Vqz ).

Following the similar treatment with the help of system

function the high pass, band pass and band stop filters can be

implemented.



F I G. 4*6 - FLOW CHART FOR IMPLEMENTATION OF LPF

USING NUMERICAL SOLUTION OF DIFFERENTIAL 

EQUATION METHOD .
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PROGRAM FOR IMPLEMENTATION OF DIGITAL FILTER ON 
MICROPROCESSOR BASED SYSTEM 

The asembly language program for implementation of 
of low pass filter designed by Numerical solution 
of differentia] equation.

PORTA: EQU 08 H ;PORTA ADDRESS
PORTB: EQD 09H ;PORTB ADDRESS
PORTC: EQU 0AH ;PORTC ADDRESS
CWR: EQU 0BH ;CONTROL WORD REGISTER ADDRESS
CONST1: EQU * * ;VALUE OF CONSTANT1(MULTIPLIER-1)
C0NST2: EQU ** ;VALUE OF CONSTANT2(MULTIPLIER-2)
STIME: EQU **

ORG 7000H ;START ADDRESS OF PROGRAM
LX I SP,2100HMV I A, 81H ;INITIALISE PORTS A,B,C (UPPER)

;AS O/P & C(LOWER) AS I/P
OUT CWR
MV I A, 0OH ;GIVE ADDRESS 00 (CHANNEL 0)
OUT PORTB
MV I A,09H ;SET PC4 HIGH (ALE)
OUT CWR
MV I A, 08H ;LATCHED
OUT CWR
MVI A, 83H ;SET PORTB AS I/P
OUT CWR
XRA A ;CLEAR ACCUMULATOR
OUT PORTA ;OUT TO DAC
MOV L, A ; SAVE IN REGISTER LL6 : CALL DELAY ; WAIT FOR SAMPLING TIME
CALL INPUT ;TAKE INPUT SAMPLE
MVI B,CONST1 ;MULTIPLY IT BY CONSTANT-!CALL MULTI
PUSH PSW ;SAVE IN STACKMOV A, L ;TAKE STORED O/P SAMPLEMVI B,CONST2CALL MULTI ;MULTIPLY PREVIOUS O/P BY 

; CONSTANT-2MOV B, A ;SAVE IN REGISTER BPOP PSW
ADD B ;ADD IT IN I/P SAMPLE MULTIPLIED 

;BY CONSTANT-1OUT PORTA ;OUT TO DACMOV L, A ;SAVE RESULT IN LJMP LG ;CONTINUE

1
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