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ABSTRACT 

Nan y· applications invul ving DSP require handling of multiple 

input/output analog signals. Sampling causes aliasing at the input 

and spectrum repetition at the output. Therefore, . anti-aliasing 

f i 1 ter for inputs before Al D converter.~ and smoothing filter for 

outputs after DIA converter are required. Further the c hoice of 

sampling frequency is often application specific. 

The aim of the project is to develop a s"}-·stem which would 

e>:tend the 110 handling of a PC bus-based DSP board ha\-'i.ng single 

analog 110 channel~ with appropriate signal conditioning of 

and output channels.~ for variable sampling rates. 

input 

An IIO expansion unit for the DSP board PCL-DSP25.~ based o n 

TNS .320C25 DSP processor.~ has been dev·eloped which enhances the 

analog 110 handling of the DSP boa rd from single analog 110 

channel to ~our analog 110 channels. 

An eighth order elliptic low-pass filter and Bessel low- pass 

f ii te r he<-ve been implemented. Both the filters cc:n serv·e as 

a nti-al iasi ng filter for t he input signals and smooth i ng filter 

for the output signals. Also a second order elliptic notch filter 

has been implemented to reduce any possible powe r -1 ine 

interf erence at the . + inpu ... . The filters are implementeo t.tS ing 

s witched capacitor circuits to achieve clock-controlled cut-off 

frequency. This feature makes the filters useful for v-,3riable 

sampl inq rates . A programmable timer/ counter has been i.n t e rf aced 

k'ith the DSP board to make the cut-off frequenc'l'' of the filters 

programmable by· the DSP board. 
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CHAPTER 1 

INTRODUCTION 

1.1 OVERVIEW 

Digital signal 

rapi~ly in speech 

processing (DSP) applications are growing 

processing, image processing, adaptive 

filtering, control systems, bio-signal processing, etc. (1 ]. Real 

time processing can be carried out either by a dedicated hardware 

or a digital signal processor. In a digital signal processor chip, 

the architecture and instruction set are designed for hign speed 

arithmetic calculations which increases the execution speed of the 

DSP algorithms (1 ]. 

There are several PC bus compatible DSP boards available. 

Such a DSP board typically includes a DSP chip, program and data 

memory, an analog I/O interface, and a programmable timer/counter 

(to run interrupt based programs); and it can be inserted in one 
of the PC expansion slots. For many applications, the intensive 
calculations are carried out by the DSP board, while the user 

interfaces, such as, graphics, mass data storage, etc. are carried 

out on the PC. 

The analog I/O interface of the DSP board typically consists 

of an ADC, a DAC, and a sample/hold, and can handle one analog 
input-output at a time. However, many of the typical DSP 
applications such as adaptive noise cancellation in speech 
processing, adaptive filtering, multi-channel bio-signal 
processing, require multiple analog I/O handling. 

The analog inputs are sampled and digitized 

processing is carried out on these sampled data, the 

frequency being set by the user program. Sampling causes 

effect which is to be reduced by the low-pass filtering 

analog inputs (2, 3 , 4, 5 6 ]. Also the output is 

and the 

sampling 

aliasing 

of the 

discrete 

data which causes frequency spectrum repetition. Hence a low-pass 

filter, called as smoothin~ filter, is required to reconstruct 

1 



the analog output [2, 4 ., 5, 6 ]. 

DSP applications involve handling of input signals of a very 

few Hz (bio-signal applications) to kHz range (speech 

applications) and therefore, different applications require 

different sampling rates. A low-pass filter with p~ogrammable 

cutoff frequency would serve as anti-aliasing filter or smoothing 

filter for different applications in the programmable range of the 

filter. 

1.2 PROJECT OBJECTIVE 

The objective of the project is to enhance the I/O handling 

of a PC bus compatible DSP 

channel. 

board, with single analog I/O 

A signal acquisition interface has been developed for such a 

DSP board to enhance its I/O handling from single I/O to multi p le 

I/O with appropriate signal conditioning for each input-output 

channel. The I/O expansion is done by I/O expansion unit and the 

conditioning of the I/O channels by signal conditioning unit. 

The design of I/O expansion unit depends on the available DSP 

board and the DSP processor on which the DSP board is based. The 

design of the I/O expansion unit should be such that no hardware 

modifications a re required to be done on the DSP board. Also the 

design should be easily adaptable to other DSP boards with minor 

modif ications. The I/O expansion unit is developed for Dyna log 

Micr8 System DSP board PCL - DSP25 (based on TMS 320C25 processor 

from Texas Instruments) which enhances the I/O hcmd 1 ing of this 

DSP board from single analog I/O to four analog I/O. 

The signal cond itioning unit (SCU) includes an anti-aliasing 

filter for each input channel so t.hat the need for the 

prefiltering by th~ user can be el i minated. It also includes a 

smoothing filter for each output channel. Both the anti-aliasing 

and smoothJ..rig filter are implemented with such response 

characteristics that they meet the requirements for most 

applications. 

2 
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To make the SCU useful for different a~plications over a wide 

range of frequencies, both the anti-aliasing and the smoothing 

filters are designed to have programmable cutoff frequency~ the 

cutoff frequency being progra~mable by the DSP board. The 

programmable cut-off frequency filter is implemented using 

switched capacitor (SC) filter [~] in which clock input controls 

t~e cut-off frequency. For this purpose a programmable 

timer/counter is interfaced with the DSP board which generates the 

DSP programmable clock which is applied as the input to the 

switched capacitor filters. The programmable timer/counter 

interface with the DSP board is implemented on the 

unit. 

I/O expansion 

To demonstrate the multiple I/O handling 

with proper signal conditioning of the 

of the DSP board 

1/0 channels, a 

four-channel band-pass filter, has been implemented. 

1.3 DISSERTATION ORGANIZATION 

Chapter 2 provides an overview of the system. A brief review 

of the DSP processor TMS 320C25 and the DSP board PCL - DSP 25 is 

presented in this chapter. Each of the system block signal 

conditioning unit and I/O expansion unit~ is then discussed. 

Chapter 3 discusses the signal conditioning unit.The chapter 

disc1Jsses the design and implementation of the filter which can 

serve as both anti-aliasing and smoothing filter . The filters are 

realized using biquad . ealization technique 

using switched capacitor filters to achieve 

frequency. This chapter presents a study 

and are implemented 

programmable cut-off 

of biquad realization 

with state variable feedback followed by the work i ng of switched 

the ftlter with capacitor filter in brief. Then the design of 

vari~ble cut-off freqttrancy is discussed. The 

with tuning a nd testing of the filters. 

chapter concludes 

~hapter 4 discusses the I/O expansion unit. The chapter 
provides a review of different schemes for 1/0 expansion, 
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selection of a particular scheme, and the desi 9n and 

implementation of this scheme as well as the interface of a timer 

with the DSP board for generation of programmable clock which 

controls the the cut-off frequency of the filters. 

Chapter 5 discusses some applications of the data acquisition 

system developed for the DSP board. A four-channel band-pass 

filter application is first discussed. A cross-correlator 

technique for system impulse response 

realized using the system developed. 

Chapter 6 presents summary of the 

specifications of each individual 

conditioning unit and I/O expansion 

chapter. 

4 

evaluation, can 

work done. The 

system unit viz., 

unit, are listed 

also be 

achieved 

signal 

in this 
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CHAPTER 2 

SYSTEM OVERVIEW 

2.1 INTRODUCTION 

A signal acquisition interface has been developed for a PC 

add-on DSP board. The DSP board has one analog inpu t and one 

analog output channel . The system is developed to enhance its I /O 

handling from single I/O channel to four I/O channels with 

signal conditioning for each input-output channel. The 

acquisition interface c onsists of an I/O expansion unit 

signal conditioning unit, as shown in Fig. 2.1. 

proper 

signal 

and a 

The I/O expansion unit (EU) consists of a 4-to-1 multiplexer 

for analog inputs and 1-to-4 demultiplexer for an~log output. The 

output of the multiplexer is applied as the D/A input to the DSP 

board. The output from the DSP board is demultiplexed into four 
analog outputs. 

The signal conditioning unit (SCU) c onsi s ts of an 
anti-aliasing filter for each ana log input, and a smoothing filter 

for each a nal o g output. The outputs from the a nti-aliasing filters 

are applied as the inputs to the multiplexer and the demultiplexed 

outputs are f i ltered by the smoothing filters. 

As the sampling rate varies depending on the application, the 

anti~aliasi ng and the smoothing filters a re designed to have 

programmabl e cut-off frequency . These filters have been realized 

using swjtched capacitor circuits, a nd their cut-off frequency can 

be controlled by the input clock frequency. A programmable c lock 

generator unit generates three programmable cl ock outputs which 

can be used for controlling the cut-off frequencies. 

The 1/0 expansion unit i s developed for a DSP board PCi_-DSP25 

from Dyna log Mi c r osystems. The board is based on the DSP processor 

TMS 320C? ~ from Texas Instruments. lhe chapter first reviews the 

DSP board PCL DSP25 and the DSP processor TMS 320C25. ~ach uni t 

of the system viz. signal conditioning unit and I /O expansion unit 
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is then reviewed in brief. 

2.2 DSP BOARD AND PROCESSOR 

PCL DSP25, Digital Signal Processor PC plug-in card, from 

Dynalog Microsystems, is based on TMS 320C25 DSP processor [1, 2). 

This DSP processor has sixteen software ports for interface to 

external hardware. On the DSP board PCL-DSP25, four of the sixteen 

available DSP software ports are used by on-board peripherals as 

shown in Table 2.1. The remaining software ports can be used for 

I/O expansion and programmable clock generation. 

TMS 320C25 is third processor in the TMS320 series , the 

former two being TMS 32010 and TMS 32020. It is a 16-bit fixed 

point, CMOS DSP chip, running at 40 MHz CPU clock, with 100 nsec 

instruction cycle time, and is based on Harvard , type architecture 

cal. 
The functional block diagram of TMS 320C25 is shown 

The main blocks are 32-bit ALU/Accumulator, 

programmable on-chip data RAM, 4K-word programmable 

in Fig . 

544-word 

on-chip 

program ROM, 128-K total program/data memory space, 16 x 16-b.it 

parallel multiplier with 32-bit product register, eight auxiliary 

register with dedicated arithmetic unit and an on-chip timer. 

The PCL DSP25 board block diagram is shown in Fig. ..., -~ 

.L. • -~· . The 

main blocks are DSP processor TMS 32GC25, p rogram and data memory, 

analog I /O interface unit and IBM PC bus interface unit [9 ~ - The 

analog I/O unit interface consists of an ADC and a DAC. Hence it 

can handle only one input-output channel. The analog I/O 1.S 

accessed either by port 2 or port 3. Further, the board has a 50 

pin connector "DSPLINK" for digital l/D e>:pansion (as descr·jbed in 

Appendi;.: B). 

The analog I/U interface s c hemat i c is shown in Fig. 2.4. 

Software ports 2 and 3 are assigned for ana log I/O. The input is 

sampled and dig~tized. Either The external clock or the on-board 

timer can be used as the sampling clock, as selected by c:.he 
hardi,.,iare 1 J.nk. The ADC starts t he convers ion process after 



receiving a start-of-conv ersion pulse, which is prov ided b y t he 

sampling source, or b y reading port 2 o r port 3 . On the end of 

conversion, the data at the output of ADC is latched. Reading t he 

port 2 or 3 puts this data on the data bus of the DSP processor. 

Similarly the timing of DAC output can be controlled 

source or writing to port 2 or 3 . 

b y samp l ing 

Software support available fo r t he DSP board DSP-PCL25 

includes ·c· interface library developed using Microsoft Language 

tools of Microsoft C compiler (version 5.0) and the assembler f o r 

TMS320C25 assembly language. 

To expand I/O, we want to decode read and write of t he 

e x ternal ports . Appendi x 8 provides a detailed rev iew of t h e 

IN/OUT instructions. From the review of the I/O instructions, the 

minimum signal set required for I/O expansion is as shown in Table 

2.2, and all these signals are available as part of I / O e x pansion 

connector DSPLINK. 

2.3 SIGNAL CONDITIONING UNIT 

Signal conditioning unit provides eight low-pass filters that 

can be used as anti-aliasing filters for analog inputs or as 

smoothing filters for analog outputs. Further, the unit provides 

four notch filters for rejecting possible power line interference 

in the analog inputs. Here, first the need for these filters with 

variable cut-off is established, and thereafter the filte r 

specifications are worked out. 

2.3.1 Anti-aliasing and smoothing filters 

The analog inputs are sampled and digitized by the DSP board. 

The condition to recover the original signal from its samples is 

given by Nyquist criterion [ :3, 4, S, 6 , J.O] which states that, 

A base band signal, band limited to B Hz can be e xactl y 

reconstructed from its samples when it is periodically sampled at 

a sampling frequency f > 2B. 
s / 

7 
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A low-pass -filter with cut-off freque ncy of B Hz can 

reconstruct the original signal by interpolation if 

frequency is higher than 2B. This filter is known 

the s ampling 

as smoothing 

filter. 

If the signal has frequency components above f 12. s . the 

shifted frequency spectra overlap and the l ow frequency c omponent 

will be added to high frequency component close to f / 2 . 
s 

This 

undesired components are called aliasing noise and the effect is 

l<.nown as aliasing . The effect can be reduced b y low-oas s 

filtering, prior to sampling and quantization of the input signal. 

This filter is called an anti-aliasing filter. 

The rate at which the signal is sampled determines t he spee d 

of processing and the storage requirements . Hence it is desirable 

to use the lowest possible sampling rate, acc eptable for the given 

application. If the signal frequency of interest e~tends up to 

then we can use a low- pass fi l ter to eliminate the frequency 

components above this. However, physically realizc<.b le filter has 

finite tr-ansiti o n band between pass -band and stop-band. T he 

pass-band edge (f ) of the f ilter should be f > B. If the edge of 
p p 

the stop-band is f_, we can select the sampling rate f_ > 2 f_ . 
C\ -=- C\ 

The maximum f requency to be r etained is applica~i on speci t ~ c . 

Hence to make the signal conditioning unit useful 

of applications~ the ant i - ali a sing filter and t he 

should have programmable c ut-off freque ncy. 

2.3.2 Notch filter 

For some a pp lications , it 

power-line interference. With the 

be required 

PSF-' board , 

smooth1ng fi lt e r 

to r- e d1Jce 

the signals a.~e 

discreti zed an d then processed. Hence the filteri ng o ~ the .1 npu t 

signal can b e done digitally . However, due to . strong 

waveform at the input of A/ D converter, most of its .i.n p t ~t d ynamic 

range may g'?t was ted. The resoluti bn with the AID convert~ r ~ an be 

improved, if the signal is fi r st 

filter and +hen samp led. 

' 

filtered 

8 
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To retain the maximum possible signal information in the band 

around the notch frequency, a notch filter with a narrow bandwidth 

is required. Since the power-line. frequency may vary over a narrow 

range, it is required that the notch filter with variable notch 

frequency is required. Such a filter may be used as a power-line 

tracking filter. A circuit can be developed which tracks the 

power-line frequency and generates a clock of frequency 1~0 times 

this frequency. The clock input which controls the notch frequency 

may be derived from this power-line tracking circuit. 

2.3.3 Filter Specifications 

Ideal low-pass filter has flat mc:.gn i tu de response the 

pass- band, infinite attenuation in the stop-band, and immediate 
transition from pass-band to stop-band, and a linear phase 
response in the pass-band. Physically realizable filter has 

typical magnitude response as shown in Fig. 2.5(a) Ut· J • The 

selection of pass-band edge f depends on 
p the application. Over 

the pass-band the filter response exhibits some variation in the 

pass-band gain, and ratio of maximum gain to minimum is 

ripple in pass-band qain A qenerally specified in - p - dB . 

attenuation in the stop-band varies with frequency. · We 

refer to some minimum attenuation A . in the stop-band. 
min 

there is a finite transition band between the pass-band 

stop-band, a~ d we define the transition ratio 0 as the 
=' 

the stop- band edge f to pass-band edge f • 
a p 

For a particular application~ first the filter 

known as 

Also the 

"' , 1 genera1 y 

Further, 

and the 

ratio of 

parameters 
such as pass-band edge f , 

P" 
ma >:imum allowable rippl e in the 

pass-band A • minimum stop-band attenuation 
P" 

ratio n 
5 

Then the order of the 

IQ • 
min· and transition 

filter r·equired for 

different standard filter functions is calculated~ followed by 

selection of one of the filter function. The t ransfer function of 

the selected filte r function for the order obtained is then 
eval : .ated. Finally the transfer function is implemented using 
physic a l devices. 
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The application we are interested is designing an 

anti-aliasing filter. Since we want the cut-off frequenc y of the 

f i 1 ter as variable, pass-ba r1d edge f is kept variable. So we n ow 
p 

need to decide upon maximum allowable pass-band ripple AP, minimum 

stop-band attenuation A . • and transition ratio 0 . min · s 
Specifications for the anti-aliasing filter depend on the 

resolution of the quantization system (AID c onverter) which 

follows the anti-aliasing filter and 

band) present at the signal input .C12l. 

the noise ( outs.i d e signal 

The resolution of the quantization system, called as 

quantization step, depends on the number of quan ti za ti on bits. 

Since the change in signal level less than the quantization step 

ca~ not be detected by the A/D converter. Hence the permissible 

change in the signal amplitude i.e. the maximum a l lowable gain 

variation, in the pass-band A should be half of the quantization 
p 

step or less and is given as (Appendix A) 

where, 

A (dB) ~ 20 log (1 + 26) 
p 

6 ~ 1/ (2n -1) 

The minimum attenuation in the stop-band depends on the numbe~ of 

quantization bits as well as signal-to-noise ratio (SNR) at the 

filt t - input due to noise outside the signal band. The 

should reduce the noise in the stop-band to sue ~ a level which is 

lower- than the quantization noise. For rn1mber of quanti za ti o n bits 

n and SNR of p dB, the minimum attenuation 

s top-bc .. nd is 

A . ( d B) ?!:: 6n - p - 7. ~6 
min 

in the 

The selection of transition ratio 0 depends upon the application. 
s 

The DSP proc essor TMS 320C25 is a 16 ·it prc'c: e ssor and the 

on-board ADC used is a 16-bit ADC. However since th~ DSP board is 

used C\S a PC plug-in card, it has been em1 ,irically tound that the 

10 
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maximum resolution achievable is 12-bits due to unavoidable 

digital noise. Also for most of the applications the resolution up 

to 10-bits would suffice. Hence filter specifications are 

calculated using n = 10. For n = 10, Ap was calculated as 0.01 dB 

( Appendi>: A). 

unrealizable, 

However, such a low v alue of A is physically 
p 

and hence, A was chosen as 0.1 dB , which is maximum p 
allowable pass-band gain variation for n = 7 . The signal-to-noise 

ratio for the input signal is taken as 20 dB. For n = 10, and SNR 

of 20 dB, A - was calculated as 32.74 dB (Appendix A} . A _ has 
min min 

been selected as 40 dB which is higher than the required value. To 

reduce the sampling rate required, a sharp transition from the 
pass-band to stop-band is desired. For this purpose, we have 

selected the ratio of stop band edge to pass band edge 0 as, 0 = 
s 5 

f If = 1.1. Thus the filter specifications are selected as, a p 

A ~ 0.1 dB, A _ ~ 40 dB. and 0 = 1.1. p · min · s 

Different types of standard filter functions are available, 

such as, Butterworth filter, Chebyshev filter, elliptic filter, 

and Bessel filter which are discussed in brief in section 3.2 . The 

minimum filter order required for Butterworth filter, Chebyshev 
filter and elliptic filter was calculated as 137, 

respectively (Appendix A). The order required is least 

elliptic filter and hence i t is decided to implement an 
filter. For the reasons explained later, instead of 

order elliptic filter~ it has been decided to implement an 

7 

for the 

ell iptic 

seventh 

eighth 

order elliptic fi lter. The calculated magnitude and phase response 

for the elliptic f ilter of order 8, is shown in the Fig. 2.6. As 
seen from the figure, t he magnitude response satisfies our 
speci ficat ions. 

For some applications, where the wave s hape of the signal is 

i mportant, it becomes necessary to have a linear phase up to the 

pass-band edge [11]. However the phase response with the elliptic 

filter is highly nonlinear. The Bessel filter provides a good 
approxi~ation to linear phase rPspGnse. But with a Bessel filter 
the magn i tude specif ications listed above and the linear phase, 
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both can not be achieved simultaneously, 

. '. 

for relatively sharp 0 = 
s 

1.1. Hence the specifications for magnitude response are rPla>:ed 

to the ma xi mum allowable 

transition ratio 0 = 10. s 

pass-band H = 
p 

1 dB and 

The calculated magnitude and phase response for an eighth 

order Bessel filter is as shown in Fig. 2.7. From the figure, it 

can be seen that the phase relationship between input ar.d output 

is linear up to eight times the 3-dB cut-otf frequency. 

maximum pass-band attenuation is less than 0.9 dB. 

Also thE 

Similar specifications can be formulated for the smoothing 

filter. Hence same filter can serve either as anti-aliasing or 

smoothing filter. Both the elliptic and Bessel filters can be used 

as anti-aliasing filter at the input and smoothing f i lter at the 

output depending upon the requirements. 

Typical magnitude response of a notch filter 1s as shown 1n 

Fig. 2.5(b) [2]. The specifications for the notch filter were 

selected as A ~ 1 dB. A . ~ 24 dB, pass-band bandwidth w-th the 
p · min 

notch frequency of 50 Hz as 5 Hz, and stop-band banowidth as 1 Hz. 

This gives normalized pass-band bandwidth required as Ql. 1, and 

normalized stop-band bandwidth as 0.02. The order of the filter 

required to satisfy the above specifications, is found to be least 

for the elliptic type notch filter. A second order elliptic notch 

filter satisfies the specifications. The calculated magnitude and 

pheise response for this filter are as shown in Fig. 2.8. As seen 

from the figure, the magnitude response satisfies the reqL1irements 

and hence it is dRcJdPci ~o implement a second order e l l ipti c nntch 

filter. 

The signal conditioning unit which consists o~ low -pass 

elliptic filter~ low-pass bessel filter, and an elliptic notch 

filter, is discussed further in Chapter 3. 

2.4 1/0 EXPANSION UNIT 

The DSP boarc nas single analog I/O. The functjon OT the I/O 

expansion unit is to enhance the I/O handling of boarcl. A 
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programmable clock generator has also been implemented on the I/O 

expansion unit board in order to provide variable clock frequency 

for controlling the filter cut-off frequency in the signal 

conditioning unit. Interfacing the I/O expansion and the 

programmable clock, to the DSP board is through the software ports 

of the DSP board. 

The unit basically consists of a multiplexer for analog 

inputs and a demultiplexer for analog output. For speech and audio 

applications, the sampling rate required for each channel is 10 

kSa/s. The maximum permissible sampling rate is decided primarily 

by the ADC conversion time. The on-board ADC can be configured for 

either 16, 14, or 12 bit conversion, with conversion times of 17, 

15, and 13 µsec respectively. Hence the maximum sampling rate with 

one analog I/O is in the range of 6~-75 kSa/s. With I/O expansion 

to four I/O channels, the ma>:imum sampling rate for each channel 

would be in the range of 15-19 kSa/s. Even after accounting for 

the multiplexer response time, the maximum sampling rate for each 

of the four channels for 16-bit operation 

kSa/s. 

is greater than 1121 

The programmable cut-off elliptic low-pass, Bessel low-pass, 

and elliptic notch filters are realized using SCF IC MF10 (from 

National Semiconductor). The cut-off frequency of the filters is 

controlled by clock input to the switched capacitor circuit, the 

cut-off 

achieve 

r equency being 1/100 times the clock frequency. Hence 

programmable cut-off, we need to gen2rate clock 

to 

of 

frequency 100 times the cut-off frequency desired. These have been 

achieved by using a programmable interval timer/counter (PIC). For 

our application, the maximum sampling frequency would be around 1~ 

kSa/s which restricts the maximum cut-off frequency to 5 kHz and 

hence the maximum clock frequency to 50~ kH~. Programmable 

interval t .imer, Intel 8253 is used for programmable clock 

generation which can generate three independent programmable clock 

frequencies. 

The I/O expansion unit is discussed further in Cha~ter 4. 
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Table 2.1. 

Port No. 

Port 0 

Port 1 

Port 2 

Port 3 

Table 2.2. 

SIGNAL 

DO-D15 

AO-A3 

W/R 

IDE 

RESET 

CLK OUT 

GND 

TMS 320C25 port assignment on the DSP board, PCL-DSP25 

Name Function 

IBM PC Port PC Communication Register 

Interval 

Timer Port 
16 bit timer arranged to provide sample 

pulse for ADC and DAC Counter is 

clocked at 5 MHz. 

I/O Port 

I/O Port 

ADC and DAC for I/O of a single analog 

channel with external clock as 

sampling source. 

ADC and DAC for I/O of a single analog 

channel with external clock as sampling 

source or immediate sample clock by 

IN/OUT instructions. 

Minimum signal set required for I/O expansion 

IN/OUT 

I/O 

0 

0 

0 

0 

0 

0 

DESCRIPTION 

16 buffered bi-directional data bus. 

Lower 4 bits of buffered address lines. 

Line indicating direction of data transfer. 

Line indicating access to any I/O port. 

Reset line, same as processor reset. 

Integral sub multiple of DSP syst~m clock. 

Signal ground and return path for Vee. 
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....,.---------------------------------
CHAPTER 3 

SIGNAL CONDITIONING UNIT 

3.1 INTRODUCTION 

This chapter discusses the signal conditi~ning unit ( S CU) 

consisting of anti-aliasing and smoothing filters with v ar i able 

cut-off frequency. Anti-aliasing filter is required at the input 

before sampling, to r~duce the aliasing noise which would be 

caused during s~~pling. Also, since the output is sampled data , a 

~moothing filter is required after DIA, to reduce the aliasing 

noise caused by the spectral repetition. 

To achieve variable cut-off frequency, design technique of 

frequency response normalization is followed. Designing a filter 

satisfying certain specifications is essentially a problem of 

pole- zero placement. However the general approach is to implement 

the filter as one of the standard transfer functions which 

satisfies the required specifications with least 

order. A higher order filter can be implemented 

complexity 

directly or 

and 

by 

cascading several lower order filter sections. Generally cascading 

of biquad active filter sections [2, 11 ], is preferred, because 

pole-zero locations of individual section can be easily controlled 

by circuit components [11]. Further to achieve variable cut-of~ 

frequency, the filters are realized using switched capacitor 

filters (SCFs) in which the cut-off frequency can be controlled by 

the clock input [7, ~3]. 

The standard filter transfer functions are But +e rworth, 

Chebyshev, inverse Chebyshev, elliptic, and Bessel 

differ in the pole-zero location [11]. Butterworth 

functions.They 

filter is an 

all-pole network and offers maximally flat magnitude response in 

the pass-band. Chebyshev filter is also an all-pole network and 

offers a better characteristics near cut-off at the expense of 

ripples in the pass-band. Inverse Chebyshev is a pole-zero network 

which offers a sharper transition at the expense of ripples in the 
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stop-band. Elliptic filter is a pole-zero network which offers 

sharp cut-off and infinite rejection at a finite number of 

frequencies but at the expense of ripples in the pass-band as well 

as the stop-band. Bessel filter is an all-pole network which 

offers linear phase response with frequency, 

response is much less selective. 

but the magnitude 

The specifications of the anti-aliasing filter and the 

smoothing filter have been listed in Chapter 2. It was decided to 

implement elliptic filter and Bessel filter to satisfy the 

requirements. Also a notch filter with programmable cut-off 

frequency is to be designed. This chapter first discusses the 

biquad realization by state variable feedback. The working of the 

SCF is considered in brief, followed by a review of the SCF IC 

MF10 (from National Semiconductor). The design of eighth order 

elliptic filter and eighth order Bessel filter, based on switched 

capacitor biquad, using normalization technique to achieve clock 

contr-ol 1 ed cut-off fr-equency, is discussed. This i -s foll •wed by 

the design of the notch filter-. The implementation of these 

filter-s based on switched capacitor- filter IC MF10 is pr-esented. 

The chapter- concludes with the tuning of the filter-s and the 

response char-acter-istics obtained for- both the filters. 

3.2 BIQUAD REALIZATION BY STATE VARIABLE FEEDBACK 

Transfer- function of a gener-al biquad i.e. a second order-
section is, 

2 
a;15 + a1s + ao 

H(s) ( 3 .1) 

where, w
0 

- r-esonant frequency 

a quality factor- (fr-equency selectivity) 

The numer-ator coefficients deter-mine the transition zer-os and 
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thus the type of the filter, LP, HP, BP, etc (Appendix A). One way 

of realizing the biquad form is by state variable feedback as 

shown in Fig. 3.1. Selecting the state variables x
1

, x
2 

as, 

>: 1 = 

" " '? 
...:.. 

= 

we get, 

>: '? = 
.L 

and therefore, 

Hence the 

v· = 
0 

transfer 

v 
0 

V. 
.1. 

= 

v 
0 

>: 1 

2 
WO>: 1-

2 
w v -

0 0 

function 

2 
5 

(wc/O) >:2 + v. 
.1. 

. 
(w_!O)v + v. 

() 0 .1. 

between v and v is, 
0 i. 

1 

By varying the gains of the feedback paths, w
0
/a and 

can vary the characteristic equation, 

2 2 2 
s + (w

0 
10) + w

0 
= o, 

( 3. 2) 

we 

and hence the roots of the characteristic equation which are the 

poles of the filter. The desired zeros can be incorporated in the 

transfer function by modifying the biquad of Fig. 3.1, by adding 

feed forward loops to it as shown in Fig. 

gains of the feedback loops, the location of 

By varying 

the poles can 

the 

be 

adjusted while by varying the gains of the feed forward loops, the 

location of the zeros can be adjusted. One of the major advantage 

of the biquad form is this independent adjustment of the locations 

of the poles and the zeros. The transfer function betwee~ 

v . is then, 
.1. 

17 
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H(s) = 
v 

0 = ( 3 . ::.) 
v . 

.J.. 

This is the general biquad form, also known as universal bi q u ad 

[ 7 J. There are special biquad sections which give different 

filter- transfer functions depending upon the values of the 

numer-ator- coefficients as shown in Table 3.1. 

3.3 SWITCHED CAPACITOR FILTER (SCF) 

Programmable cut-off frequency is a feature difficult to 

achieve, because the relative positions of all poles and zeros 

need to be altered simultaneously. One possible solution is 

automatic gain control of the feedback and the feed forward loops 

of Fig. 3.2. O/ A converter can be used for such an application 

[i+J. However to achieve the programmable cut-off frequency, the 

gains of the different loops have to be changed in a correlated 

fashion which is difficult to achieve with a DAC. A possible 

solution to this problem is to implement the filter with switched 

capacitor filter (SCF). 

The motivation for the development of SC filter was provided 

by the difficulties in implementation of active RC filter in 

monolithic form due to difficulties in implementing large v alue 

capacitors and achieving accurate RC time constants [ 7 J, (15). 

The working of the switched capacitor filter is illustrated 

in Fig. The basic element is a switched capacitor integrator 

made up of a switch, a pair of capacitors (one sampling a nd 

feedback), and an op-amp. The switch, actually a pair of MOS 

transistors, periodically connects the sampling capacitor to input 

and to op amp. These two MOS transistors are driven by a 

non - overlapping two phase clock . 

During the high state of phase ¢
1

, capacitor c
1 

charges to 

the voltage v . 
.J.. 

q = c \,/ 
cl 1 i 

18 
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During high state of phase ¢
7 

charge Q l is 
.L c 

transferred to 

c Thus during each clock period T , an amount of charge c1 is 
7 c 

extracted from the input source and supplied to the capacitor c
2

. 

Hence the average current flowing between the 

ground is, 

i = c
1

v ./' T 
av i c 

input and virtual 

If sampling period is sufficiently small, then the charge transfer 

can be thought to be continuous. Then the output voltage 

written as, 

v = 
0 

= 

1 
J 

c,., _,,_ 

c1 

C
7

T 
~ c 

i 
av 

( t) dt 

J' v. dt 
l. 

can be 

As a resu 1 t the equivalent time constant for the inverting 

integrator is, 

Thus the time constant of the integrator is determined by the 

switching frequency and 

feedback capacitor, not 

The war-king of the 

shown in Fig. 3.4. The 

integrator is obtained 

v = 
0 

the ratio of 

by the actual 

non-inverting 

output voltage 

as, 

J' v. dt 
l. 

the sampling capacitor to 

value of either capacitor. 

integrator is similar, as 

v for 
0 

the non-inverting 

The time constant for the non-inverting integrator is T (C,.,IC
1

). 
c .L 

Using MOS technology to 

advantages of accuracy and 

implement 

compactness. 

SCF 

Hence 

filter 

the 

brings 

switched 

capacitor ICs are implemented in the monolithic form using the MOS 

technology. Various switched capacitor filter ICs ar-e commercially 

available, some of which are listed in Table 3.2. National 
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Semiconductor IC MF10 which consists of two universal bi quad 

sections has been chosen for implementing the filter functions. 

3.4 SWITCHED CAPACITOR FILTER IC MF10 

IC MF10~ from National Semiconductor provides two independent 

u'niversal biquad sections ll6]. The simplified block diagram of one 

biquad section of the chip is shown in Fig. 3.5. Each section 

consists of one op-amp and two non-inverting SC integrators. The 

chip includes capacitors and analog switches for the integrators. 

The integrators are applied two non-overlapping clock phases, 

which are derived from the external applied clock. The working of 

the two-integrator block has been already explained in section 

3.3. Al 1 the filter outputs such as, low-pass, high-pass, 

band-pass, all-pass, are available at output pins of the chip. 

More information about the chip can be obtained from the data 

sheet included in Appendix D. 

The input clock frequency controls the cut-off frequency. A 

pin SAB sets the clock-to-cutoff-frequency ratio as 5Ql:1 or 100:1. 

The ratio 100:1 will reduce aliasing problems and hence the ratio 

100:1 is selected. 

The clock frequency should be in the range of 10 Hz to 1 MHz. 

Also the product of center frequency (F~) and quality factor Q .... 
should be less than 200 kHz. 

A biquad realization to achieve different filter func t ions 

with IC MF10 is as shown in Fig. 3.6. One biquad can be 

implemented with one section. There are two biquads or. one chip~ 

and hence up to fourth order filter section can be realized with 

one chip and some external components. The transfer function 

between the input and output can be obtained as follow~. 

Let, 

'A = 2rr f 
1 

J / 10121 c ~ . 

2:0 



As shown in Fig. 3.6., 

R'? R., R'? 
v1 --=--v_ .L. 

v'? 
.L v = 

Rl 
.l 

R~ 
.L 

R4 
_3 

~) 

R7 F.'~ 

v0 v1 
I 

v-3 = -
R5 R6 

From above relations, one can obtain the transfer functions for 

each of vl' v'?, 
..L. 

v~. and V with V _. __ ) - 0 J_ 

'7 2 v1 R'? 'A.Ls 

HHp (s) .L = = 
2 

(R21H4,J"»-2 
v_ 

Rl s + (R
2

1R
3

)"As + J_ 

v'? R., 'As 
HBp(s) --"- ..:: = = 

'7 
2 .L v_ 

R1 s + (,~'~/ R~JA.s + ( R 
2

1R
4

) 'A _ .l .L.' ._) 

v..,. R'? 1 
HLp(s) ~· _,__ = = 

2 ' :> v_ 
F?l s + (R,.,IR~)"As + (F?2/f..'4)A.. _._ l. ..:: ~) 

'7 ? v F.' (R~/ R.c:;:) 
--"-

(R~/R .. )A.-s + 
HNa(s) 

0 L I ~· I = = 0 
'? 

'7 V. R1 
.L 

( R .,IF?.,..) 'As (R~/'~4.JA.. _._ s + + .l -"- ._> 

Fr-om Eqns. 3.4, 3.5, 3.6, 3.7, it can be seen that v
1

, 

V are high-pass, 0 

'I v .---, • ..:: . 
band-pass, low-pass, a nd notch 

respectively. 

Comparing with the general biquad form of Eqn . z ~ it ·-· .. ._. !' 

seen that each 

(3.4) 

( 3. 5) 

(3.6) 

( 3. 7) 

v~. and 
._j -

outputs 

can be 
of the b.iquad parameter viz. w0 ~ Q~ w 

' and gain, n can be adjusted independently by varying the car-responding 
r-esistance ratio. The resonant frequency w

0 
can 

b12 adjust ed by 
the notch fr-equency w by R.c/R .-

n ~' o and 
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............. ~----------------------------~~~-
the gain by F?

2
1R

1
. Thus for tuni'lg of the f i. lters, w0 can be timea 

by R
4

, Q by R
3

, wn by R
7

, and gain by R
1

• The parametars 

w , and gain depends on tne required ~ransfer function. 
n 

U.' ' 
0 

l ._, , 

first the transfer functions for each of the elliptic 10;.-1-0ass 

filter, Bessel low-pass filter and elliptic notch filter, wh1cn 

satisfy the specifications listed earlier in chapter 2, . <~re 

obta1ne~ as shown in the next section . The transfer functions are 

obtained ir1 the ca~c~dod biquad stages. Each biquad is implemPn~ed 

~s shown in Fig. 3.6. The resistance ratios for each bi quad are 

c:bta1 ned from the parameters ·for the1t biquad, which are derived 

from the transfer f1..1nction for that biquaa section. 

3 . 5 FI LTER DESIGN 

In this section, the design technique to derive the 

functions for each of the el liptic low-pass filter, 

low-r~ss filter, and elliptic notch filter, 

filters 

is e:-:plained. 

transfe r functions for eac h o ·f the which satisty 

s~Pc1ficat,ons listgd e~rlier in sect ion 2.3, are derived i fl 

\he 

the 

i.:.he 

subsequt?nt sections. The transfer functions are derived keeping in 

mind that the filters ~re to be realized using switched 

ci t-cu its . 

capacitor 

To achieve variable CLl t-of f frequency, 

followed 

frequency-response 

normal~zation design technique is ca, u J. In thlS 

method , the required specifications are transformed to normalized 

low-pass specifications having a cut-off of 1 rad /s . I ras 

techniqu e offers an advantage in case of the circuits w :~ th SC 

filters, that the frequency denormali~ation can be done by thP 

external clock whic h controls the cut-off f~equency. The transfer 

functions a r e obtained in the cascaded biquad form, so 

can be implemented with the SCF IC MF 112!, and each of 

parametRr can be tuned independ ent ly . 

that they 

the filter-

Tne ...-equ1 red f i 1 ter type v 1 z. low-pass, high-pass, band-pass ~ 

band-reject, etc. can qe then obtained from the normalized 

low-pass t r ansfer f u nction by appropriate subs ti tutio11 the 
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nor ma 1 1 zed frequency par-ameter ~·. : he Lrans1 er func ti<:m 

satisfy the requ i r· e i 

srec1t1cations. As want to implement low-pass ellipt.ic:, 

1 1v--rass Bessel ano a elliptic notch filte1~s, the 

tor the low-pass f i 1 ter- and notch ar-e included th1s 

<=-e::: t 1 on. 

Fnr tow pass filter the denorma11zed ~ransformation is sinpl )' 

eo c=, c.a \ ing of s, 

H (s) = HN ( 50 ) Is = ks 
(:::. 8) 

Lp 

where, k = w c: 

As see n in sec:t1on 3.4, the> f reqL1enc:y 1 'l ti i c· 

~ransfer func tion o b t a ined with the switched capacitor filter, .~ 

scaled oy a factor X = 2nfclk /J00. Hence by selecting k 

denormalizati on can be achieved. The normalized low-pass 

function is i mp l e me n ted using IC MFiQJ . lhe den ormalizati.011 is thr-': ; 

done by clock frequan~y with denormaJi ~ed cut-off frequRncy 

fcik / 10Ql. 

The design p r ocr?durP for thl" no-cch f1 J te1- is: similar · .. _. t:'. f-.Ci ( 

of th1'! low-pass fi 1 ter. f-i~st i-hE:' spec l f i ca t 1,_ ... ,:; 

normal i;: eri l ow-;1ass tr- t~n s ·f er -ft.me ti on 

sat1~f1es these specifications is ohtainQrl La]. The denormai1z.c:i 

nctrh filt~r transfer function 1s then 

for s as shown in Eqn . 3 .1~. 

5 = ---··------ --... ~--, 
5 + w 

n 

ot·tained by 

-,, ·-· 
·. -· . , 

wherP R depends on the bandwidth and w is the notch fr equency. 
n 

ach1ev e clock controlled notch frequency~ the denormal :;_;:.a t.ion 

0 

' <-..L _., 

o'--nP hy se l ecting Lu~ = X. fne dEncnnal ized n otch transfer fu:H L· .. 

·-
WJth (.) -- A.~ is implemented using s1;;i.i:chPd c.::1pac1tor filter· 'L 

c 
. .,~c 
. " 



10. The notch frequency is denormali z ed by 

frequency with fc = fclk /10~ or rclk / 5~. 

the extern .:d ::: loc k. 

3.6 ELLIPTIC LOW-PASS FILTER 

The required speciflcat1ons a~e li sted in section '.?.3. As the 

filter is required to have a variable cut-off, the specifications 

are in t he normalized form. A filter ot order :::: 7 is required to 

meet the listed specifi c ations ( as shown in Appendix A ) • Since 

SCF is based on the b iqu ad design, it is easier t o build ::i::::r:nd 

order f ilter section with programmability. Hence it is decided to 

imp lement an eighth ord~r filter. Tne normalized } OW-- 1 ·C< 'c:·S 

tran s fer functions for various filter s peci fications are a v a J i ~ ble 

[~, 11, 17). However, for the specifications decided, the t r ansfer 

function is not tabulated. Hence the mathematical appro>: ima ti on s 

for the elliptic filter design a dopted in [ZJ, are follow ed t o get 

the tran~fer functi an for the r e quired specifications. 

For elliptic filter, the c u t - off frequency is given by [B J, 

( ::'. .• 1~) 

where, wp is pass-band adge and w
0 

is the stop-band edge. 

Following the procedure availahle in [BJ, the normalized 

transfer functlon (de gain = 1, w = 1 rad/sec.) obtained 
c 

~ascaded biquad form is, 
-3 

wherP , 
·~ 

s-+ 14. 3482 
,.., 

s~+ 0.8712s + 0.2915 

2 
s + 2.231643 

H ,.Js) = 
4 2 

s + 0.472 9 s ~ ~.6124 

24 

i n the 

1. ::; • • .1 l ) 



......... ---------------------------------------
2 

s + 1 .. }204 
H..,.(s) ::: -· --:r------- -

~ T ~.1825s + 0 . 8397 

2 s + 1. 1 '288 
H 

4 
(s .J == 

2 s + 0.0447s + ~.92646 

The transfer fl111 c:;t1c:ms are in the t orm of notch tunction. l r.e 

parameters for each stage such as t h 2 

qual~ty tactor (0) , a ttenuation, and 

rc:sonance frequenc y 

notch frequency ( t 0 .l 
n 

l '·". ) ' ~·l 

.::i. re 

given in Table '"':!" -;r 
·-' . ·-· . The C:i:\lculated magnitud e and phase response o f 

this f i lter is as shown in Fig. 2 . 6 . 

with, 

Comparing the notch filter transfer function, 

HNa(s) = 

v 
0 

v 
.l 

2 
s + 

2 ~? 
s + w 

n 

R I n ) _c:;2+ ( 7 h5. 

2 
s +-

it can be seen that the denormaliza~ ion is done by 

freq u en c y, the denormalization fa r t o r being A.= 2nfclJ/ 1fZW_ . • 1-"or 

= 1. 1 ' the denormali zed pass- band edge f • S-dB cut-off p· 

f ' c and stop-band edge 

f = p 

f are, a . 

Each filter parameter WG ' a , wn and gain 

indepe~dently. Thi s JS a sign i ficant feature of 

c:an be adJ LI S ted 

fPPdb~ck rea l ization . The circuit c o mponents are selected so a~ co 

f ac ilitate the ind e pendent adJustment of each of the c1rcui·: 

P~rameters by ad just i n g the value of a single resistor. Hence t~e 
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components for each biquad are selected as, 

1 ) Select R? 
.L 

...., l 1i'lke R5 = R_, and s el2ct the vall!I? of R:S . . I 

... ., 1 a~:. e R3 = (Olw
0

)R
2 

2 
4. ) 1 ake R4 = (llw

0
)R

2 

~l) Take R6 
2 = (1/wn)R

7 

The circuit components for the four biquad sections arc 

obtained in the above manner . The frequency response 

biquad is simulated and the attenuation of 2 .8768332 X 

distributed among the four sections. The attenuation 

of eac h 

lill- 3 is 

for 

section is selected suc:h that at resonance and for ma>~irr.Llm 

possible input amplitude, any of the op-amp or the integrator 

outputs do not reac h the saturati on limit. The val ue of RI to r 
.£ 

each staQe i s then choman so as to give the r equi r e d attenuat"ion 

f or that s tage. The calculated r esistanc e ratios and resi sca r.ce 

values tor each biquad, are given in Table 3.4. However si l . 
C\ l. ..t 

thP :·esi s tances can not be obta i ned as the standard values , ~ re 

resis t o r s R 7 , R
4

, R , are kept variab l e with whi c h t h e resis~anc e 
._l \~ 

ratios can be accurate l y ad justed . 

Th~ circu it schom~tic of the eighth o r der e ll ip t ic -fil t.e r 

based on SCF IC MF 10, with the ac tua l compo nent values, i s sho wn 

i n Fig. 3 . 7 . T he circuit consists of an Jnput section followed by 

two fourth order filter sections. The input sec: ti o n provides a n 

i nput over -vo ltage protection and the buf f ering of the lr.pL1t 

s igna l ~s s hown in Fig. 3 .7(b). Filter section I, s ho wn J . n Fi g . 

~ .. 7(c), provides the filter sec tions H
1

cs) and H
2

(s) with one l :2 

MF 10, two op-amps, and fourteen resis t a n ces . As t he attenua ~ i cn 

s e lected for the biquad section 1 and 2 is 25 and -:: ·!' ·-· . . • 
~espectively, the filt~r section I provides an attenuation of 

8 2 . 5, a gain of 12.12 X H'l-
3

. Similarly filter section I I , sho~m 

in Fig . 3.7(d), provides H_(s) and H
4

(s ) with one IC MF 10, two 
,..:> 

op-amps , a nd fpurte a n rasistances. As the attenuation selected for 

26 



biquad sections 3 and 4, is 1.5 and 2 .81 respecti v ely, the filter 

section II provides an attenuation of 4.21, a gain of G.23. The 

cascaded gain of the two filter sections is then 2.78 X 1~- 9 
which 

15 t he required gain f~~tor in Eqn. 3.1 1. 

3.7 BESSEL LOW-PASS FILTER 

fhe required specif ications are 11steo i n section 2. ~ _ As tne 

filter is required to have a variahle cut-off, the s p e cifications 

are in the normalized form . It has been decided 

eighth order Bessel filter. 

to implemen t an 

The design procedure adopted is simi l ar to elliptic filter. 

The normalized low-pass transfer function is first obtained 

The denormalization is then done by the clock freqL1ency wn ich 

gives the pass-band edg~ fp as fclk/100. For Bessel filt2 r , the 

normalized transfer f1--inc ti on is obtained by normali zing L.he 

p~ss-band edge. The normalized low- pass transfer functio n !de a ain 

= 1, w = 1 rad/sec.) o btained in the cascaded biquad ~ orm .~, 
p 

6 

2. 0270 x 1\2) H ,· c:;) 1 \ - . H~(s) H_(s ) H
4

(s) 
...L .j 

(~·~1'2) 

where, 

1 

H1 (s. J 
'7 _,_ 

5.67Bs 48.43 s -t- + 

1 
H,_,(s) = _,_ 2 8.7366s :.!.s. 56 s + + 

1 
H_(s) = '7 ._) _,_ 

1QL409s .33. 93 .:; + + 

1 

2 s + 11.175s + 31 . 977 

Each biquad is in the form of low-pass filter transfer 

function. The parameters for each biquad and gain are 
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tabulated in Table 3.4. The simulated magnitude and phase response 

is as shown in Fig. 2.7. The phase r e sponse is linear up to nearly 

eight times the c11t-o ·ff f req11ency and the ma x imum pass-nAnG 

attenuation is 0.9 nB. 

Comparing low pass filter transfe r function, 

H Lp (s) ::: , 
2 s + 

HLp(s) = 

1 

F.' 
1 

2 
+· wfl 

with 

1 

.it can be seen that the denorma lization is done by the clock 

frequency , the denormalizing factor being "A = 2rr.f lJ /.100. For 0 = 
c f s 

10 , t he denormalized pass-band edge f , 
p· 

and s~op-band edge f are, tlJ . 

Each section the parameters <0fl' a, 
.independently. The c: i rt:: ui t cornpone11 ts 

facilitate the independent adjustment 

3-dB cut-off frequency 1 
c 

and gain can be adj us t ee 

are selected s o as -i:o 

o f ear.:h of the circu it 

parameters by adjusting the value of a single resis tor. Hence the 

components for each biquad a re selected as, 

1 ) Select R? 
..<.. 

2) Take R~ 
._) 

= (Qlw(:]>R2 

3) Tak.e R4 = 2 (.t1w
0

>R
2 

The ci r cuit components ior 

obtained in the above manner. The 

stage is simulated and the gain of 

tne four biquad sections are 

frequency response for each 

2.027025 X 1~ 0 i~ distributed 

among the four sections. The gai n for each section i s selec t ed 

such tha t at resonance and · for maximum allowable input amplitude, 
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any nf tile op-amp or· t lie inte<J re<u.r DU t::p~1tr,, doe<: not 

saturation limit. The r-esistance val L1es tor 

biquad, are as shown in the 1able . .:' . . 5. However since ali 

resistances can not be obt-ained the st'3ndard values .. 

rE?slstnrs ,c;:::, and ,c;:
4 

are r;ept var-1 ahl e W1. th 

rat1Gs ran he acc urate ly adJusted. 

which the 

r r~~t r r, 

each 

the 

the 

fhe circuit schemftttc of the ei9hth order Ressel tilter ba3ed 

on SCf IC MF lll1, with the c;ctu"'l c-'1 rnp o neni: values, is as s hmm H1 

the Fig. 3.8. The cir-cu it con s is l s of .:1n j11pL1t sec tion fo l lowe:i Dy' 

two fourth order filter eections. The input section provJdes an 

input over voltage protection the bLtffering of the ir;p . t 

signal as shown in Fig. 3.B(b). Filter sec~inn i, shown t- 1 g. 

3.S( c ), provides the filt~r sections H1 (s) and H
2

1s) wJth one l C 

MF 10, two op-amps, and fourteen resistances. As the gain selRcre:] 

for the b1quad section 1 a n d 2, 1s 2 and ,,:: .. . ,:...·. respectively~ the 

filter section I prov ides a gain of 20~. Similarly filter sec tJ or1 

II, snown in Fig. 3.8(d), provides H_(s) and H
4

cs) with one IC 
~) 

l'iF 

1~, twu op-amps, and f ow-teen resistances . As the at 1..enu.01 ti on 

selected for biquad sactions 3 and 4, is 100 and 101 respectivety , 

the fJ lter section II provides a gain of 1010~. The cascaded 

of the two filter sections is then 2. (2)2 x 1Qi
6 wh.ich is the 

required gain factor :in [=:qn. :-.. 12. 

3.8 ELLIPTIC NOTCH FILTER 

rhe design procedure is similar to the elliptic 

filter. First the normal ized 1 o~.i-pass tran:;fer function which 

satisf1es the req l.ti red spec:tfic r:1t1ons 

normalized notch filter transfer function 

is obtained 

(de gain = l, 
[ i ] . 

(0 = 1} 
c 

then obtained by substituting for s ~s shown in (3.10). 

B s 
s = _ 1) '?' 

-'- L s + w 
n 

The second order notch filter s~tisfie:; t he specifications. 
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nor;nal1::ed transfer function GL)ta111ed i.n the biquad for-mi s , 

The 

.. , 
s~ -1 (.'.'). 9·7~' 5 

HN (sJ = 0 . ~ 
s~~ ~ . 05~9s + ~.997~ 

bi quad .ls 

~ ~·.l4 ) 

in the form of a notch-tilter transt 2 r 
at te-nL1a t ion, and v) ci re 

n as 
function. The parameters w 

0' 
1 11 Tr.ib l e 3 . 7 . The calculated magn11ude a nd phasu respon se of 
Tilter is as shown in F ig. 2 . 8. 

Com paring the noteh filt: er transfer function, 

w l t h.• 

v 
0 

'v' . 
l. 

it can be seen that the 

= 

2 2 
.s + tu 

n 

(H: J A'·- J 
i J 

denormal1zation 

~, 

J.. .s ·f-

i s 

~, 

(R .,/ R . J>,..:. 
/ c 

done by the? 
fr equency , the deno r maliza t i o n fact:or being ~ 
d enorma l iz ed pass-band edges f'p l ' 

~-dB cut-off fr eq uenc y 
f ~, • p .... . notch 

= 2n"fcl )..·l 1'1(2;. 

frequency f' • 
n " 

f ' c are, 

t ;....,1 l :; 

c loci·; 

The 

arid 

Each filter parameter w
0

, o , wn and 

independently. The circuit components 
gain can be adjusted 

a re selected so as to 
facilitate the independent ad j ustment of e ac h of the c.ircui l 
para me ters by adjusting the value of a si n gle resistor. Henc e the 

components are selected <lS~ 

1) Se lect ,c:;:
2 

2) 
lake R = R_ and sele~t the v alue of R~ 

5 / ,J 

3(2) 

-------------------------------



3) Take R_ = (O!w
0

)R
2 .j 

Take R4 
2 

4 ) = (llw
0

)R
2 

R 2 
5) rake = (1/w )R~ 

6 n I 

The calculated r~Gistance ratios and resistance values fo r 

each biquad, are as ~nown in the Table 3.8. However since all the 

resistances can not be obt ained a s the standard v alues , t he 

resistors R3 , R4 , R
6 

are kept v ar iable with whi c h 

ratios can be accuratel y adjus t e d. 

the r esi. st anc e 

The circuit schematic of the sec ond order elliptic n ote h 

filter based on SCF IC MF 10, with the actual component values, is 

as shown in the Fig. 3. 9 . The input over voltage protection i s 

prov ide d followed by the buffering of the input signal . source. T h e 

filter is implemented as one biquad, using one section of the IC 

Mf 10, one op-amp, and seven resistors. ·Hence 

can be implemented· with one IC MF 10. 

two notch filters 

3.9 TUNING OF THE FILTERS 

As seen earlier, the resistor ratios determine t h e 

coefficients of the filter transf e r function and hence the fi lter 

response. The resistor values are ta ken so as to get resistanc e 

ratios R
2

1R
3

, R
2

1R
4

, and R
7

!R
6 

accurately. However the 

parameters need to be tuned a cc urately by adjustment 

resistance ratios. Each parame ter can be independently 

ci r cuit 

of t h e 

tuned by 

the tuning procedure for the elliptic, and Bessel low-pass ti l ters 

and el l iptic notch filter [11]. 

1. Adjust R
4 

to get resonance at the freque ncy w
0

. At resonance, 

the phase shift between i nput and band - pass output is 1 8 0". 

2 . AdJust R_ to get t he desired Q, which is obtained by adJusting 
~' 

the gain of the band-pass output at resonance frequency to uni t y . 

3 . Adjust R. to get notch ,at 
0 

frequency wn' 

where maximum attenuation o ccurs. 
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3 .7 Test Results 

The eighth o rder elliptic and Bessel low-pass fi l ters with 

SCF IC MF10 were implemented on PCBs, eac h filter was implemente d 

on a double sided PCB of size 1 8 5 mm X 11(2) mm. The second o r der 

notch filter is also i mplemented on the P CB with four filt~r u ni t s 

impl e mented on a double sided PCB o f s iz e 185 mm X 

cut-off frequency is clock con t r o ll e d , the cut- off 

times the clock frequency. 

11(2) mm. The 

being 11 1 0 1.il lh 

The actual magnitude and p hase response of the eighth order 

e l li p tic filter with cut-off frequency at 1 kHz (clock fre q uen cy = 
112H2l kHz) are shown in Fig. 3 .1(2). The pass-band edge f is (2).9 5 ~Hz 

p 
and the stop-band edge f is 

a 
1.05 kHz. The observed 

ripple is A 
p 

is 1 dB, which is highe r than the designed 

p a ss·- b a no 

value of 

0.1 dB. This is because of the tuning limitations due to 

adjustment of the resistance ratios beyond a certain accuracy i s 

not possible even with the ten-turn trim-pots. The stop- band 

attenua tion within the limitation of the measuring instrument, is 

50 dB, which meets the specified value . T he transition 

been found to be equal to 1.1, as specifi e d . 

ratio h a s 

The actual magnitude and phase response of the eighth o r de r 

Bessel tilter with pass-band e dge at 1 kH z (clock frequenc y a t 100 

k Hz ) are shown in Fig. 3.11 . The 3-dB cut-o ff freqL:ency .ls ::: . • 1 b 

kHz, and the stop- band edge is 1121 kH z . The pass-band r i pple A is 
p 

found to be le s s than 1 dB. Also the p hase shift between the i nput 

and the output is linear up to e i ght times the pass-band edge . The 

transition ratio is found to be 1(2)' as specified. Also t he 

stop-band attenuation within the limitations of the measuring 

instrument is 40 dB, as spec ified. 

The actual magnitude response of the notch filter with 

~ u t-o f f f r equency at 50 Hz (cloc k frequency at 5 kHz) are shown in 

Fig. 3.1 2 . The notch is obtained at 49 Hz. The pass banq ripple is 

found to be 1 dB, pass-band bandwidth at 

stop-band bandwidth is 1 ~z as specified. 
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Table? 3~ 1. ValL1e~ of thr nume r ator n~1F- i'rti=~rn1t ·~ a ,
1

, .... and 

Eqn. 3,1 for aifteren~ rilter types. 

Numerator coeffic i ents Fi ltG~ type 

1 

a., 
.L 

al 

- w /Q 
0 

a~J 

--~--·~-~-~·~--

a 
0 
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Low-pass filter with 

pass-band gain 

High-pass filter with 

pass-band gain a
2 

Band-pass filter with 

pass-band gain a 
1

a1 ··~'0 

All-pass filte ; ... nrh 

Llni t y gain 

Jn 



Table 3 .2. List of s ome switched capacitor ICs. (Source [1.'3]) 

Ma nu f ac tu rer IC Function 

National Semi. MF 4 4th order Butterworth low-pass. 

MF 5 Universal biquad. 

MF 6 6th order Butterworth low-pass. 

MF 8 4th or-der band-pass. 

MF 10 Dual uni VE•rsa 1 biquads. 

XR-2402 Universal biquad. 

Trig-Tek 7th order low-pass Chebyshev. 

3 4 



Table 3 . 3 Filter- parameters for- each biquad stage of the eighth 

order elliptic fi lter of Fig. 3 . 7. 

stage WO a "-' Attenuation 
n 

1 0.5398 0.6196 3.7879 2 5 

2 0.7823 1.654 1.4938 '7 7 _ ... . ..)> 

3 0.9163 5.021 1.1491 1.5 

4 0 .9624 21.52 1.0624 2.81 

Table 3.4 Calculated resistance ratios for the eighth order 

elliptic filter given by Eqn. 3.11. 

Stage R2 1 R..,. -· R2/R4 R_lR , 
I 0 

R1/F?2 

1 0.8711 0.2915 14.3482 2 5 

2 0.4729 0.6123 2.2316 ..,,,. ~ _,. ·-' 
..,. _, 0 .1825 0.8397 1.320 4 1.5 

4 0 .0447 0.9264 1.1288 2.81 

Table 3.4.a. Designed resistance values (in kO) for the resistor-

ratios given in Table 3.4. 

Stage Rl R'7 R..,. R4 R5 R, R_ 
-"'- -· 0 I 

1 25 1 1.14 3.43 100 6.96 100 

2 -:-- "'"":"' -' . .._) 1 2.11 1.63 10 4.48 10 
..,. _, 1. 5 1 5.75 1.19 10 7.57 10 

4 2.81 1 22.36 1.08 10 8 . 86 10 



Table 3.5 Filter parameters of each biquad stage of the eighth 

order Bessel filter of Fig. 3.8. 

Stage WO (} Gain 

1 6.959 1.225 2 

r") 
.L. 6.210 0.710 100 

3 5.824 0.559 100 

4 5.654 0.505 101 

Table 3.6 Calculated resistance ratios for the eighth order Bessel 

filter as given in Eqn. 3.12. 

Stage R,../R.,.. 
.L ~· 

R2/R4 ~2/Rl 

1 5.678 48.430 2 

2 8.736 38 . 568 100 
.,.. 
~' 10 . 409 33.930 100 

4 11.175 31.977 101 

Tab l e 3 . 6.a Designed resistance values (in kO) for resistor 

ratios in Table 3 . 6. 

Stage Rl R? 
.L 

R~ 
.J R4 

1 50 100 17.60 2.06 

2 1 100 11.44 2.59 

3 1 100 9 . 60 2.94 

4 0.99 1 00 8 . 90 3.12 
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Table 3.7 Filter parameters for the notch filter of Fig. 3 . 9 . 

a 

0.9987 19.62 

w 
n 

0.9987 

Gain 

1 

Table 3.8 Calculated resistance ratios for the notch filter, as 

given in Eqn. 3.14. 

R,./R..,. 
...:.... ·-· 

0.0509 0.9975 

R_IR , 
I b 

0.9975 1 

Table 3.8 .a Designed resistance values (in kO) for the resistor 

ratios in Table 3.6. 

100 1 

R~ 
,.) 

27 .77 1 
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1 

R_ 
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CHAPTER 4 

I/O EXPANSION UNIT 

4.1 INTRODUCTION 

I / 0 e x pansion unit enhances the I / O handling of the DSP 

board, PCL-DSP25 , from single analog I / O channel to four analog 

I / 0 channels. The unit also provides a programmable timer / counter 

to generate three clock outputs with their frequencies being 

programmable by the DSP board. 

The DSP chip TMS 320C25 has si x teen software ports which are 

accessed by IN and OUT instructions. On the DSP board, 

out of these sixteen ports, one port is used for analog 

PCL-DSP25, 

IIO, one 

port is used to write terminal count in 

timer/counter to run interrupt based programs, 

the 

and 

programmable 

one port is 

reserved as PC communication register. The ports used by the 

on-board peripherals on PCL-DSP25, are as shown earlier in Table 

2.1. We can use remaining software ports for the I/O expansion and 

to provide a programmable timer. 

Various schemes for I/O expansion are possible. However the 

scheme should be such that the maximum sampling rate f c each 

channel after the I/O e x pansion should not be less than 10 kSa / s. 

This criterion is set so that even after the I/O expansion, most 

of the audio range applications can be served. Also the scheme 

should be such that no hardware modifications are required on the 

DSP board. 

As discussed in the previous chapter, the elliptic and Bessel 

filters, with programmable cut-off frequency, are realized using 

SCF IC MF 10. The cut-off frequency of the switched capacitor 

filters is controlled by clock input to the respective filter 

board, the cut-off frequency being 1/ lOOlh times · the clock 

frequenc y . Hence to achieve programmable cut-off, we need to 

generate clock of frequency 100 times the cut-off frequency 

desired. For this purpose programmable interval timer/counter 
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15 interfaced with t he DSP board. 

This chapter firGt discusses the I/O expansion block of the 

IIO e x pansion unit. The chapter reviews two possible schemes for 

I/0 e xpansion. To>make the system cost-effective, the s cheme w\th 

multiple xer and demultipl exer is selected. Design a nd 

implementation of this scheme is then presented. The chapter then 

di sc11sses the programm~l::ile clock generation block of the 1/0 

expansion unit. First some features of reviews the programmable 

timer/counter chip Intel 8253, are reviewed and this i s followed 

by the design and implementation of the interface between, the DSP 

board and 8253 . The chapter concludes with the assignment of the 

OSP ports as used by the board PCL-DSP25 and 

developed for thi s bc~rd. 

I/O expansion unit 

4.2 I/0 ENHANCEMENT SCHEMES 

Two schemes for I/O expansion which satisfy 

set in the previo u s section are surveyed here. 

Scheme A 

the gLti de '. .1 nE•s 

This Gc:heme makes use of ona ADC~ On a DAC, and t\ sample/hold 

for each channel. This would mean that to have four analog I/O, we 

should have three e x ternal ADC, DAC pnd S/H, considering that one 

analog I/O is already available on the DSP board. We can assign 

one software port with each anal og I / O channel as, channel 1 wit h 

Port 2 or port 3, channel 2 with Port 4, channel 3 with Port 5 , 

and channel 4 with Port 6. The scheme requires a decoding logic to 

decode read and write instructions for each of the ports, por t 4, 

port 5, and port 6. Also one external ADC, DAC, and a sample/hol d 

is required for each of the three channels. This would essentially 

mean replicating the on-board analog I/O interface a~ shown 

earlier in Fig. 2.4., by replacing port 2 in Fig. 2.4., with port 

4, port 5, and port 6 respectively. 
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The advantages of this scheme are, 

a. The maximum sampling frequency for each channel would be the 

same even after I/O expansion. 

b. Each of the inputs are sampled at almost the same instant of 

time which may be required for some critical applications. 

However, the major disadvantage is the cost 

expansion unit. The cost may not be justified for 

requirements especially in audio range applications 

of the I / O 

most general 

where the 

ma x imum sampling frequency of 10 kSa/s would suffice. 

Scheme B 

This scheme makes use of a multiplexer 

channels and a demultiplexer (DEMUX) for the 

(MUX) 

output 

for input 

channels. 

MUX has a number of analog inputs, one analog output and 

lines. The address lines are internally decoded and one 

inputs appear at the output depending on the logic levels 

address lines. 

address 

of the 

on t he 

DEMUX has one analog input, number of analog outputs and 

address lines. Address lines are internally decoded and the input 

logic appears at one of the output 

levels on the address lines. 

channels depending on the 

The scheme in the form of the block diagram is as shown in 

Fig. 4.1. It essentially uses the ADC and DAC of the DSP board for 

all analog inputs and outputs respectively. The DSP board places 

the address of the required input channel on the address lines of 

the multiplexer. The multiplexer, then connects that input channel 

as the input to the DSP board. Similarly, the DSP output is placed 

on the required output channel by the demultiplexer. The required 

output channel is selected by the DSP board by placing the channel 

address on the address lines of the demultiplexer. 

Since one ADC is used for all the channels, 

frequency with which each channel can be sampled is 

40 
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seen earlier, with expansion to four I/O channels, the maximum 

sampling rate is more than 10 kSa/s. Hence we need a 4-1 

multiplexer for the input channels and a 1-4 demultiplexer for the 

output. channels. Considering the cost-effectiveness of this 

scheme and its potential to fulfill most general requirements of 

four I/0 channels, with ma x imum sampling frequency for each 

channel as 10 kSa/s, it is decided to implement this scheme for 

the I/0 expansion. 

4.3 DESIGN AND IMPLEMENTATION OF I/O EXPANSION BOARD 

To assign one software port with one analog I/O channel, we 

need to decode read and write instructions of the port. Reading of 

either of these ports should give a start of conversion pulse to 

the ADC. Similarly, writing to any of these ports should latch the 

data on the data bus and the data should be given to the DAC. But 

the hardware on the PCL-DSP25 board decodes the reading and 

writing of only the port 2 and port 3, and use it for ADC start of 

conversion and DAC latch. Hence to implement the decoding logic 

for each of the ports, port 4, port 5, and port 6, hardware 

modifications are required to be done on the DSP board. 

is required that the scheme be modified. 

The modified scheme is as shown in Fig. 4.2. 

Hence it 

Instead of 

assigning a port to a channel, each input and output channel is 

assigned an address. One port, called as MUX port, is reserved to 

which the address of the required input 

Similarly, one port, called as DEMUX port, is 

channel is 

reserved 

written. 

to which 

the address of the output channel to be selected is written. For 

reading from an analog channel, output that channel address to MUX 

port which appears on the data lines D1 and DO. The data lines D1 

and DO are latched in an external register, MUX address register, 

at this instant. The output of this register acts as address for 

the multiplexer. For example, to select input channel ~' output 

data >0001 to the MUX port followed by reading the I/O port, port 

2 or port 3 . Similarly before writing a value to an output 
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channel, first select the required output channel by writing the 

channel address to DEMUX port. The channel address appears on the 

data lines D1 and DO, which are latched in an external register, 

DEMUX address select, at this instant. The output from this 

register acts as address lines for the demultiplexer. 

The port 5 has been selected as the MUX port and port 4 l. s 

selected as the DEMUX port. Writing the values, > XXXO, > XXXl, 

>XXX2, > XXX3, to the MUX port 5, selects input channel O, channel 

1, channel 2, channel respectively. Similarly writing the 

values, >XXXO, >XXXl, >XXX2, >XXX3, to the DEMUX port 4, selects 

the output channel o, channel 1 ' channel 2, channel 

respectively. The assigned ports and t he input-output channel 

addresses can be read from Table 4.1. 

Circuit Explanation 

The schematic of the circuit developed is as shown in Fig. 

4.3. During the OUT instruction, the port address appears on the 

lower four bits of the address lines ~3-~0. Also during IN/OUT 

* instructions the pin IOE goes low. * The pin W IR goes low to 

indicate a write operation during OUT instruction. With the help 

of .43-.40, * * IOE , and W IR the writing to the ports can be decoded 

with a 3-to-8 decoder. 

1 The decoder Ul decodes the writing to the port 4, i.e. the 

occurrence of the instruction OUT PORT 4. Data on lines D1 a nd 

DO, is latched by MUX address register U3. Outputs QO an rl 01 of 

U3 act as address lines for the multiplexer U4, and the 

multiplexer selects the corresponding input channel as shown in 

Table 4.1. 

2. Similarly Ul decodes the writing to the port 5, l. • e. the 

occurrence of the instruction OUT PORT 5. Data on lines Dl and 

DO, is latched by DEMUX address register U5. Outputs QO and Ql 

of U5 act as address lines for the demultiplexer U6 and the 

demultiplexer U6 selects the corresponding output channel as 
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shown in Table 4.1. 

The timing diagram for decoding the port access is as shown 

in Fig. 4.4. The low power schottky (LS) TTL !Cs with proper 

loading circuits satisfy the critical timing requirement to decode 

the port access and to latch the data appearing at the data lines 

during the execution of the port access instruction. The standard 

loading circuits for each TTL !Cs are as shown in Fig. 4.5. The 

load resistors are selected so as to give minimum response time 

possible. 

The sample program to illustrate the I/O operation 

expansion is included in Appendix C. The maximum 

frequency is found to be higher than 10 kSa/s. 

4.4 PROGRAMMABLE TIMER/COUNTER 

with I/O 

sampling 

Intel 8253 and 8254 are widely used programmable interval 

timer/counter chips [18]. The maximum input clock frequency for 

8253 is 2 . 6 MHz and for 8254 is 8 MHz (10 MHz for 8254-2). For our 

application, the maximum sampling frequency would be around 10 

kSa/s which restricts the ma ximum cut-off frequency to 5 kHz and 

hence maximum clock frequency to 500 kHz i.e. 0.5 MHz. Hence 8253 

with maximum input clock frequency as 2.6 MHz which is also the 

maximum possible output frequency would suffice for our 

application. 

8253 has three 16 bit programmable counters which can be 

programmed and operated independently in several different modes 

s hown in Appendix D. We want to operate all the three counters in 

mode 3 to obtain three clock frequencies from 8253. Data sheets 

showing functional block diagram and details of the 8253 

timer/counter are included in Appendix D. We consider here some 

details required for interfacing. 

Address decoding logic to select the chip (by asserting CS 

Pin low) decides the base address of this programmable peripheral 

43 



device. To select a particular counter and its mode of operatLon, 

a control word is to be written in the control register. Tne 

control word format is as shown in the Appendi>: D. On wrj • ·ng the 

control word, a particular counter is selected with its mode of 

operation (M2, Ml, MIZI), mode of data transfer (RWl, Rw'0) and co_int 

interpretation (BCD). l he count is then load e d in the counter 

selected. 8253 has 8 data lines a nd counters are 16 bit, hence 16 

bit count is loaded in the sequence specified in the control word . 

To access control register, counter ~, counter 1, coun~er 

there are two address se l ect lines. T he control logic unit selects 

one of the above for the data transfer. The internal addresses for 

these are as shown in TPble 4 . 2. 

4.5 DESIGN AND IMPLEMENTATION OF PROGRAMMABLE TIMER INTERFACE 

OSP processor TMS 320C25 run at its full speed of 40 MHz on 

the PCL-DSP25 board. This clock frequency can be d iv i ded by a 

suitaole factor and applied as a n input clock to 8253 . For 8253 , 

the ma xi mum allowable clock frequency is 2 .6 MHz , hence we cr.:in 

provide divide by B, and divide by 16 options to provide ~ clock 

of 2 . 5 MHz. 

We assign a software port for timer/counte- operation. To 

distinguish this port f rom interv al timer port, 

cut-off timer port. Dwring the execution of the 

we wi 11 ca 11 it as 

OUT instruction, 

the port a ddress appears on the l owe r four bits of the addres s 

lines which can be used for chip se l ect of 8253. Since 8253 ~ 3~ 

data 1 i nes, D7-DO d a tf\ bus c:an be used as da ta 1 in es tor 82~3 . l wo 

lines from the remain i ng 8 bit data l ines DB-D15 c:a n be L\sed as 

address lines ~1, A0 to 8253. 

The port 6 is u sed a s cut-off timer p o rt. Out of the sixteen 

data lines, lower eight lines I>7-00, are used as data lines for 

8253 . These lines are either LSB or MSB, depending upon the 

contents of the control register and the order of occurrence. T he 

two data lines, D9 and DB~ are used as address select lines Al, AO 

of the timer c h ip. Depending on the s tatus of these two lines, D9 
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and DB, either the coLtnter O , or counter 1, or counter 2, or the 

control register is selected. The scheme can be more easil y 

understood from Table 4.3. 

Circuit Explanation 

The schematic of the circuit developed to interface the DSP 

board PCL-DSP25 with the programmable time / counter chip 8253 , i s 

included in the schematic of the I/O expansion unit shown in Fig. 

4.3. 

U7 divides the clock out from the DSP board (20 MHz) b y a 

factor of 8 to provide a clock of 2.5 MHz. This is applied t o i/ p 

clock of the 8253. 

The decoder chip Ul decodes occurrence of OUT Port 6. Either 

the control register, or counter O, or counter 1, or counter 2 is 

s elected depending upon D9, DB. The data, D7-DO, is internall y 

latched into the selected register or the counter. Hence no 

e x ternal data latch is required. Gates of the counters are kept at 

logic level high, which allows the clock generation as soon as the 

count is loaded. 

The DSP assembly language program which does the 

initialization of 8253 is included in Appendix C. Since the ·c· 

interface library is available, the 'C' program, which is included 

in Appendix C, asks the user to enter three cut of frequencies for 

the filters, and generates the corresponding clock frequency. 

4.6 SUMMARY 

The I/O expansion unit has been developed for the DSP 

PCL-DSP25. The unit consists of an I/0 expansion block to 

the analog I/O from single channel to four channel, 

b oard 

e>:pand 

and a 

programmable timer/counter interface. The I/O expansion unit is 

implemented on a double sided PCB of size 215 mm X 110 m~. 

After the analog I/O expansion, the maximum sampling 

frequency for each channel is found to be higher than 10 kSa/s. 

45 



Also three programmable clocks, each independently programmabl e by 

the DSP board are available. The clock s from the I /O expansion 

unit are applied as the input clock to the SC filter based 

low-pass filter in the signal conditioning unit. 
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Table 4.1. 

Table 4.2. 

DSP port and I/O channel address assignment for 

e:-: pans ion. 

Port 5 - MUX port to select i/p channel. 

Data output to port 4 I/P channel address 

D1 DO 

0 (l 0 

0 1 1 

1 (l 2 

1 1 
..,. 
~' 

Port 4 - DEMUX port to select o/p channel 

Data output to port 5 O/P channel address 

Dl DO 

0 0 0 

0 1 1 

1 0 2 

1 1 

I / O 

--

Address select logic on pt'"og.,-ammable time.,-/counter-

8253. 

Al AO Selects 

0 0 Counter- 0 

0 1 Counter- 1 

1 0 Counter- 2 

1 1 CR 
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Table 4. 3 . 

Port 6 

Assignment of DSP port and data lines fo r p r ogrammable 

timer interface. 

- Cut-off timer / counter port 

D7 - DO 8 bit data lines, either LSB or MSB depending 

upon the R/W operation selected and the order of 

the loading. 

D9 - > .41 DB 
_ ,_ 

/ .40 Selects 

0 (I Counter 0 

(I 1 Counter 1 

1 (I Counter 2 

1 1 CR 
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CHAPTER 5 

APPLICATION EXAMPLES 

5.1 INTRODUCTION 

To i llustrate multiple I/O handling of the DSP board with the 

help of the system developed , it is proposed to dev el o p 
(1 ) band-pass filters for the four analog inputs, 

( 2 ) a cross-correlation technique for the system impulse 

response characterization. 

The band-pass filter application makes use of PC for u s er 

interface and deriving the filter coefficients, while the filter 

algorithm is implemented using DSP program. 

The cross-correlator calculates the cross-correlation 

[19, 20] functi~n of two signals which gives information regarding 

the time or phase relationship between the two signals. 

5.2 BAND-PASS FILTER FOR FOUR CHANNELS 

In this application, all the four inputs will be sampled, 
band-pass filtered, and output with appropriate 

conditioning. The sampling rate f is user-specified and 
s 

the same for all the channels. However, the band-pass 

parameters can be specified for each channel separately. 

signal 

will be 

filter 

It was 
decided to provide a second order band-pass filter with 
user-specified parameters resonant frequency fO' and quality 
factor a. The filtered outputs are given to respective analog 

output channels. The analog inputs are sampled at the specified 

rate, and the filtering is done on these sampled data. 

The digital filter for the user-specified parameters is 
obtained as follows. First the analog band-pass filter transfer 
function is obtained. From this, the digital filter transfer 
function is derived by bilinear transformation from s-domain to 
Z- domain [2], while doing this transformation, pre-warping 6f the 
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response frequ~nc:y a}§§ hPs to pe done. 

The transfer fun~t1en of the second 

filter is 

orde r anal o g band-pass 

( 5 . 1 ) 
• s + 

where w0 = 

T he correspond!~~ d;i.gita l fil t er trans fer fun c tion after 

bilinear transformatio n with appropriate frequency pre- warpin g 

( 5 . 2) 

where, ,, 
b0 = 1 + (d/0) + d J.. 

.., 
bl = 2 (cf4 - l) 

:z 
b,, = d - (d/Q) + 1 
• 

a0 = d!G 

a2 = -d!G 

where, 

The digital filter obtaine d is a secon d order recursi v e 

filter. The coefficients are derived using 'C ' program. T h e s e 

coefficients are properly scaled and a re stored in the data me mo r y 

of the DSP c:hip. 

The block diagram of the band-pass filter for four L\ nalog 

inputs is as shown in Fig. 5.1. The DSP program samples each i n pu t 

at the specified rate by writing the input channel address to the 

HUX port. The digital recursive filter requires the present s a mp le 

of input and the previous two samples of both inpu~ and output . 

Hence for all the four channels, the previous two samples of both 

the input and output are stored in the data memory locations and 

are updated with the recent values. The samples are multiplied 

with the corresponding coefficients sto red in the data memory. T he 
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DIA converter output is then given to the corresponding output 

channel by writing the address of the output channel to the DEMUX 

port. 

The algorithm developed for this application can be tested by 

applying four sinusoidal inputs to the four analog channels, and 

observing the filtered analog outputs for specified values of f • o· 

f and a. 
s 

Also, the effect of aliasing can be observed and the 

reduction in the aliasing noise with anti-aliasing 

smoothing filter can be noticed. 

filter and 

5.3 SYSTEM CHARACTERIZATION USING CROSS-CORRELATION TECHNIQUE 

The cross-correlation function [1~, 20] for two signals x(t) 

and y(t) is defined as 

r (T) = 
>: y' 

lim 
T-> oo 

1 

T 

T 
J' >: (t-T )y• (t) dt ( 5. 3) 
0 

This may be interpreted as the time average of the product of the 

two signals, with one signal shifted (delayed) in time by T. 

Autocorrelation of a signal can be 

cross-correlation of a signal with itself. 

r (T) 
)' " = lim 

T-> oo 

1 

T 

T 
J' >:(t-T)>:(t) dt 
0 

looked 

For a tr-uly r-andom signal, the autocorrelation 

non-zer-o only for- T = 0 [1~]. 

upon as 

(5.4) 

function is 

The block diagr-am for the system char-acter-ization with 

cross-cor-r-elation technique is as shown if Fig. 5.2. The linear 

system which is to be char-acterized is excited with r-andom noise. 

The cross cor-r-elation between the random noise signal 

system output, is calculated by the er-ass-correlator-. 

where 

r (T) 
>:y 

lim 
T_.oo 

1 

T 

y(t) = x(t) * y(t) 

T 
J' x(t-T)y(t) dt 

0 
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Therefor-e, 

Let t - r 

get, 

00 

f x(t-u) h(u) du 

r (T) = 
>: }" 

lim 
T-> oo 

= lim 
T-> oo 

= lim 
T~ oo 

1 

T 

1 

T 

1 

T oo 
f [x(t-T) J x(t-u)h(u) du] dt 
0 -co 

T oo 
f f x(t-T) x(t-u)h(u) du dt 
0 -co 

00 T 
J x(t-T) x(t-u)h(u) du dt 

T -oo 
J' 

0 

co T 
= lim 

T-> co 

1 J h(u) [ J x(t-T) x(t-u) dt] du 
T -oo 0 

00 T 
= J' h(u) [ lim 1 f x(t-T) x(t-u) dt 1 du 

-oo r~ co T o 

( 5 . 6) 

p. Then t - u p + T - u. With this substituting we 

00 

= f h(u) [ 1 im 
-co T-> co 

00 

T-T 
_1_ J 

T o 

J' h(u) r (u--r) du 
>: x 

-00 

co 
= f h(t) r (t-T) dt 

xx 
-co 

x(p) x(p + T - u) dp] du 

( 5. 7 ) 

If x(t) is r andom noise, then 

+oo 
fr (t-T) 

>: >: -oo 
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r (T) = (I 
>~ x if T ~ 0 

and therefo r e, 

+ oo 
J' r ( t--r ) r 

X>~ 0 
-oo 

Hence 

r ( T ) = h (T ) r ( 0) 
xy xx 

or-

h(T) = r ( T ) I r (0) 
xy xx 

Hence cross- correlation of the output of the system 

with the random noise, gives the impulse response of the 

The technique is effectiv e even in the presence of noise 

( 5 . 8 ) 

e >: c i ted 

system. 

[ 13]' 

since due to c r oss-correlation operation, the effect of the n o ise 

is reduced considerably. The system dev eloped can be used for t his 

application which require two analog input channels with 

appropriate signal conditioning. The algorithm devi:loped c a n be 

tested b y evaluating the impulse res po nse for a simple RC low-pass 

filter. 
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CHAPTER 6 

SUMMARY OF WORK DONE 

6.1 INTRODUCTION 

The data acquisition system for the DSP board PCL-DSP25 has 

been developed. The system consists of the signal conditioning 

unit and I/O expansion unit. The I/O expansion unit enhances the 

I/0 handling of the DSP board from a single I/O channel to four 

I IO channels. The signal conditioning unit consists of 

anti-aliasing filters for conditioning of the input channels and 

smoothing filters for output conditioning. The filters are 

designed with their cut-off frequency controlled by the clock 

frequency. This feature makes the signal conditioning unit useful 

for a variety of applications. The I/O expansion unit provides the 

programmable timer interface with the DSP board, so that the 

cut-off frequencies of the filters can be controlled by the clock 

si gnal s , the frequency of which is programmable by the DSP board. 

The chapter summarizes the performance of the system 

developed with each unit reviewed separately. 

application examples. 

6.2 SIGNAL CONDITIONING UNIT 

followed by 

Signal conditioning unit consists of an anti-aliasing filter 

for each input channel and a smoothing filter for each output 

channel and notch filters for input channels. For this purpose, 

the signal conditioning unit is developed with two units of 

elliptic low-pass filter, two units of Bessel low-pass filter, and 

four units of elliptic notch filter. Depending upon the 

application, either of the low-pass filters can be used as 

anti-aliasing filter at the input or smoothing filter at the 

output. Also, to reduce the possible power-line interference at 
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the input, as may be raquired for some applic~t~ons, a notch 

filter can be u s e d . Th~ &pecifications tor each type of the tilter 

are listed be l ow . All tn~ filters are 

capacitor f i lter to have programmable cut-off 

~ u t-off fr e quenc y of t he filters is 1/100 times 

fr-equen cy . 

6.2.1 Elliptic low-pass filter 

swLtched 

frequency. l he 

the input clock 

The s peci fica t i o n s of 

f ilter are shown belQW. 

the eig hth o r de r e ll ip t ic low-pass 

A. Performance cha r ac teristics 

1. 

'") 
.L. • 

Ripple in pass-band gain A 
p 

Minimum stop-band at t e nu a ti o n A . 
min 

Transition ratio = f I f 
c: p 

< 1 dB 

4111 dB 

1 . J 

4 . Cut-off freq uen c y fc = c l ock frequenc y fc lk /100 

P a ss-ba nd edge 

S t o p-band edg e 

f p = 0 . ~09534 fcl k 

fa = 0 .01048 f clk 

B . Electrica l cha r acteristics 

1 • Suppl y v oltage V+ v 

2 . Input v oltage ran ge ( f o r + 5V supp l y) 

' -· . S upply cur rent d rain 

4. C lock f r e q u ency ran ge 
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6.2.2 Be ssel low-pass filter 

The specifications of the eighth order Bessel low-pass ft lter 

are as shown below. 

A. Performance characteristics 

1. Ripple in pa5s-band gain A 
p 

2 . Linear phase shi f t : 

Linearity upto pass-band edge 

Linbearity upto eight times 

the pass-band edge 

Pass-band edge fp = clock frequency fclk/100 

Cut-off frequency fc = 0.0316fclk 

Stop-band edga f 
a == Ql . lfc:lk 

1 dB 

:!: 1 I. 

:!: 2 I. 

The electrical 

elliptic filter. 
~haracteristics are same as that of tne 

6.2.3 Elliptic notch filter 

The specifications of the second order elliptic notch filter 

are as shown below. 

A. Performance characteristics 

1. 

2. 

-.!' ·-·. 
4. 

Ripple in pass-band gain ,q 
p 

Minimum stop-band attenuation A . 
min 

Normalized pass-band bandwidth 

Normalized stop-band bandwidth 

5. Cut-off fr-eq1..1enc:y , f c :::: clock frequency f clk/112H21 
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> 24 dB 
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Notch frequency f = 0.0~99 f 
n elk 

Pass-band edges f = QI. (2)QJ9 53 f 
p1 cl A 

f = 0.17l1048f 
p2 elk 

The electrical 

elliptic filter. 

characteristics are same as that of the 

6.3 I/O EXPANSION UNIT 

the I/O expansion unit consists of the 

and a programmable timer interface block. 

I /0 e>:pansion block 

The specifications of the I/O expansion unit are as shown 

below. 

A. Performance characteristics 

1. No. of multiplexer input channels 

No. of demultipl exer output =hannels 

3 . P r og rammabl e clock generator : 

No. of channels 

Prog rammable range 

Step size 

B. E lectrical characteristics 

1 • Operat ing s uppl y voltage 

2 ~ Input voltage range 

-:r Supply current drq.in ·. I • 

VDD 

v SS 

VEE 
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4 

·.­·-· 
1 kHz to 5!2ll3 kH:: 

4(2) Hz 

+ c::. 
~· v 

~ \. 

5 ·/ 

:t 3 v 

20(2) mA typicc.l 



6.4 SUMMARY 

The PCBs developed are assembled in an aluminum bo >: of 

dimensions, width= 30 ems., depth= 27 ems., and height - 15 ems . 

The I / O expansion unit, two elliptic filters, two Bessel filters, 

and one notch filter, are assembled as plug-in modules , with 

separate front-panel for each module. 

Some e x amples, such as band-pass filters for four channels , 

cross-correlation 

characterization, 

dev eloped. 

technique 

et c . can 

for system 

be worked out 
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an a l o g inputs 

l 1 1 l 
SIGNAL CONDITIONING UNIT 

(FOUR ELLIPTIC LOW-PASS FILTERS, 

FOUR BESSEL LOW-PASS FILTERS , 

AND TWO ELLIPTIC NOTCH FILTERS) 

a nal o g ou tputs 

t t i i 

outputs from filters inputs to filter s 

, , , ,, 

MULTIPLEXER 

MUX o utput 

, 

analog input 

clock 

outputs 

PROGRAMMABLE 

CLOCK 

GENERATOR 

I/O EXPANSION UNIT 

address, 

control and 

data bus of 

DSP-25 

'. 
..... 

'" 

TMS 320C25 based 

DSP BOARD, DSP-25 

,...- PC BUS 
, 

Fig. 2.1 Block diagram of data acquisition system. 
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Ota 00 

O AlA aA..,. W 
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.. . •. •. · ·=:: ·:. 

. S."-''•' \ ~,,. ? e,,• :-.i ).'J 10 10 
fltOl l ~"'~·' •·••• ... .. '· ' ' '' ~ J ~~l(1'1 "'"'~ 

Fig . ., ., 
L • L• 

Func tional block diagram of TMS 320C25 (source [8]) . 
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DIGITAL VO EXPANSION (50 Pin Connector) (PJ.anual Pg 2-9) 

VO Ports. Global Memory, BIO, INTO, INT1, READY, WAIT, RESET 

MEMORY 

!PROGRAM 
64>'> x 16 

I Maximum 

(Note 1) 

-oATA 

64K x 16 

Maximum 

MEMORY 
MAP 

Man Pg 4-10 

TMS320C25 PROCESSOR 
(1 OOna lnstrvcdon Cycle ilme) 

VO PORTS 

SE81AL VO (8/16 bits) 
(CYouble Buffered) 

ANALOG 1/0 

ADC 
(PCM 75) 

16-biVSOKHz 
or 

12-blV1 OOKH z 

16-BIT 
TIMER/ 

COUNTER 
(SMHz Clod<) 

(PJ.anual Page 5-5) 

DAC 
(PCM53) 

I (SHC~ 5320) I 

I CONTROL I 

5 Mbits/sec (Synchronous) 

IBM PC BUS INTERFACE (PC lntartacG is through l/O ports), (Manual pgs 2-3, 2-4, 2-5) 

ADDRESS 

COUNTER 

AUTO INC/DEC 

(BASE + 6,7) 

MEMORY 

DATA 

VO LATCH 

(BASE+ 2,3) 

CONTROL 

REGISTER 

(BASE+ 4) 

STATUS 

REGISTER 

(BASE+ 4) 

COMMUNICATION 

REGISTER 

(BASE + 0, 1) 

C25 to PC 

and PC to C25 

Interrupt jumpers 

----------------·-----·-- ----- . - -·- - ·· ------·-.. ---- ·- · -·- - ··· - -

Fig. 2.3. Block diagram of the DSP board PCL-DSP25 (source 

6i 

ANALOG 
OUT 

(RCA Jack) 

ANA LOO 
IN 

(RCA Jack) 

ANALOG 
CONTROL 

(J2) 
(10 Pins) 

(Man Pg 2-10) 

SERIAL 
VO 

(J3) 
(10 Pins) 

(Man Pg 2·11) 
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WIUTC ,.OlltT 2 

wAif[ ~ORT J 

r~o" OH 80AAO COUNT£• 

lltCAO ,.ORT 3 

lltCAO ,-oRT 2 

Fig. 2.4. 

STAJltT 
CONVERSION 

~CP< 7S 
AOC SA"''°LE & 

HOl.0 
AP<~l.H"IER 

( 

Schematic of analog I/O 

PCL-DSP25 (source [ <j J ) 
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Gain (dB) 

Gain (dB) 

f f 
p a 

Frequency (Hz) 

(a; 

fplfal 

Frequency (Hz) 

( b) 

,q -
min 

f '?f 7 a..:.. p.,,_ 

,q Maximum allowable pass-band ripple (dB) 
p 

.q . 
min 
f 

p 
f 

a 
f 1. f ~ P . PL 

fal" f 7 a .... 

Fig. 2.5. 

Minimum allowable stop-band attenuation (dB) 

Pass-band edge (Hz) for a low-pas~ filter 

Stop-band edge (Hz) for a low-pass filter 

Pass-band edges for a notch filter 

Stop- band edges for a notch filter 

Magnitud~ r~sponse specifications of 1 

(a) low- pass filter, (b) notch filter. 
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Simulated Magnitude Response of Normalized Elliptic Low-pass Fil_ter 
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APPENDIX A 

FILTER DESIGN 

Al. Filter Types 

Here~ the transfer function~ for some of the filter types in 

the b:quad form are ll~ted. These are derived 

second order biquad which is in the form 

2 
+ + a

2
s a

1
s afJ 

H(s) = 
2 

( Wfl/Q) S 
2 s + + wa 

1. Low-pass (LP) filter 

fhts has two transmission zeros at s = ro. 

2. High-pass (HP) filter 

2 
+ w0 

This has two transmission zeros at s = 0. 

~ . Band pass (BP) filter 

from 

This has one transmission zeros at s = ro and one at s = ~-

90 

(Al. 1 ) 

CAl. 2; 

(Al. 3) 

( A1 • 4) 



4. Notch (NP) filter 

2 
.s 

2 2 s + w 
n 

+ (wff ·rl )s 

This has two transmission zeros at s = ± jw • 
n 

5. All pass filter 

z 
(wf:.(' Q).s 

2 .s + wfl 
HAp(s) = a2 

2 
s + ( W(j/ Q) .S + 2 

we 

(Al. 5) 

(Al. 6) 

This has two transmission zeros, in the right half of the s - p l an e 

at mirror image location of poles. 

A2. Specifications of anti-aliasing filter 

1. Maximum allowable pass-band ripple A 
p 

The maximum allowable pass-band gain variation A uf "Che p 
anti-aliasing f i lter depends upon the res olution of the quantizer 

(A / D c onv erter) preceding the anti - aliasing filter. 
signal detection level of the q uantizer is s pecified 
quantization step A given by 

(Al . 7) 

where input signal range 

is n ·• 
is ± V and number of 

m quantization 

Due to the variation in the pass-band gain, the signal 

changes with frequency. In order that the error introduced 

b i ts 

level 

during 
filtering is less than the resolution of the quantizer, the 
maximum variation in the signal level should be less than ~/2. 
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Let 6 denote the maximum variation from unity gain. Then for 

input signal having a peak voltage of V , the maximum peak 
m 

voltage is then V 
m 

(1 ± 6). The maximum error 

signal level is then V 6. 
m 

We want 

v 6 < 1/2 A m 
1 

or 6 < ..,n .... - 1 

introduced 

The maximum ripple in the pass- band A is defined as 
p 

A s 20 log cc1 + 6)/(1 - o)J 
p 

Since 6 << 1, we get 

A S 20 log (1 + 26) 
p 

output 

in the 

(Al.. 8) 

(Al. 9) 

(Al.10) 

For number of quantization bits n = 10 and signal range ± 5 V 

we get 

b. = 9.775 x 

6 < 9.77517 

and 

A s 0.01 dB 
p 

(Al.11) 

However, such a low value of maximum variation is physic:aliy 

unrealizable and hence A was chosen as 
p 

A S Ql.1 dB 
p 

By back calculations, it has been found that, for n = 7, 

maximum allowable ripple in the pass-band would be ~.1 dB. 

2. Minimum stop-band attenuation A . 
min 
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Minimum stop-band attenuation required depends upon the 

quant i zation noise as W8ll as the signal-to-noise ratio at the 

input of the anti-aliasing filter. For uniform quantization, the 

root mean square quantiz~tion 

e 
r 

error e is given as [12] 
r 

Assuming that the rms value of the signal 

signal-to-quantization noise ratio is 

(Al.12) 

the 

SONR (dB) = 20 log ( V I e ) 
s r 

= 20 log [a (2n - 1) ~12 /2 ] 

(Al. 1 ~ ~) 

For most common signals, a < 0.25. For a 

value of n, we get, 

SONR (dB) ~ 6 n - 7.26 

For signal- t o-n o i se-ratio of p(dB), 

~.25, and 

the minimum 

a t tenu~ tion in t h e stop-band A is given as •. 
min 

for large 

required 

A . ~ 6 n - 7 . 26 - p (Al.15) min 

For number of quantizatiDn bits n = 1~, and SNR = p (dB) = 2~ dB, 

we get 

A . = 32.74 dB 
min 

(A1.1h) 

We have chosen Amin= 40 dB, which is higher than required. 

A3 . Order for differ ent filter types f o r an t i-a l ias i ng fi lte r 

The order required for Butterworth, Chebychev, Bessel filters 
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that would satisfy the required specifications of the normalized 

f i lter is calculated for each type of the filter [2J. 

The normalized specifications are, 

A 
p 

0.1 dB; 

n = i.1; 
s 

A . = 40 dB, 
min 

We want w I w = 1.1. 
a p 

Take, w = ~ 1.1 
a 

= (>.9534 

w = ~ 1/1.1 = 1.048 
p 

For Butterworth filter the order is decided by, 

A(w) = 2n 10 log (1 + w ). 

Substituting the values, we get order of the filter satisfying the 

above specifications as 137. 

For Chebyshev filter the order is decided by, 

2 10° · 1Ap 
1; e = -

F ( w ) ( ncos - 1 w ) I tc' I ~ 1 = c os 

cosh 
- 1 = ( ncosh w ) I c..» I ;. 1 

L(w2 ) = 1 + e2F2 ( w) ; 

2 A(w) = 10 log L ( w ) ; 

We want, 

A(l) = 0 . 1 dB; 
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A ( 1.1) = 40 dB; 

A ( 1) 0.1 dB gives. 

2 
£ = 0.023; 

A(l.1) = 40 db gives, 

L(l.21) 
4 

10 ; 

F(l.21) = 659.34; 

cosh (ncosh-
1
1.21) = 659.34; 

- 1 ncosh 1.21=7.184; 

n !::: 12 

For elliptic filte~, 

k = 1/0 ; 
s 

k = (1-k2)1/2; 

1 (1- k')1/2 
q(t = 

2 
-----------

~ 
+ 2q 

0 

9 
+ 15q 

0. 1.4 

10 a + 1 

D = --------------· . 
0. 1.4 

10 p - 1 

log(16D) 
n > ----------; 

log(l/q) 

For the given specifications, 

k = 0.8621; 

k' = 0.506; 

0 

95 

1 
- 13 + 5oq ; 

0 



qo = 0.08414; 

q = 0.08418; 

D = 537829.67; 

n ~ 6.45; 

ie. n ~ 7; 
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APPENDIX B 

I/O EXPANSION BUS AND I / O JNSTRUCTIONS OF DSP BOARD 

Bl . T~G pin-out assignment on ~he I/Q e ~ pan=ion bus o~ the DSP 

Direction Signal Signal Direction 

0 vcc 1 2 GNO 0 
0 A15 3 4 A14 0 
0 A13 5 6 A12 0 
0 A11 7 8 A10 0 
0 A9 9 10 NJ 0 
0 GND 11 (( 12 CLK/2 0 
0 RESET 13 0 14 XF 0 

BIO 15 t- 16 IACK 0 
INT1 f 17 u 

18 INTO t.!J ---I WAIT 19 2 20 READY I 
0 GME 21 z 22 IOE 0 0 w 23 0 24 GND 0 0 A7 25 LJ 26 A6 0 
0 A5 27 28 M 0 0 A3 29 z 30 A2 0 0 A1 31 H 32 AO 0 0 GNO 33 a.. 

34 015 VO 1/0 014 35 
0 

36 013 VO 1/0 012 37 1ll 38 011 VO 110 010 39 40 09 1/0 1/0 08 41 42 07 1/0 1/0 06 43 44 05 1/0 1/0 04 45 46 03 110 110 02 47 48 01 1/0 1/0 DO 49 50 GND 0 
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82. IN/OUT Instructions 

This section prcvides a detailed review of t~e IN10Ul 

instructions. This DSP board support direct as well as indirec t 

addr-essing . 

Direct Addressing 1 D~ta memory is divided into number of 

pages. Page pointer r~~ister points to the base addr-ess, and 

offset (dma) from this page is spec i fied in operand. For example, 

OUT <dma > ~ <PA > 

with base of the page pointed at 0x4~0; PA = 3; and dma = 01, does 

the transfer of cont~ntG of data memory 0x401 to port 3. Similarly 

IN <dma >, ~PA > 

does the transfer of the data in the reverse direction. 

Indirect Addressing : OSP supports some hardware registers which 

can be accessed by the software instruction to facilitate faster 

operation. The contents of the au>:iliary register gives the data 

memory address. For example, 

OUT <A R> <PA .> 

with AR = 2; (AR2) = 0x400, does the transfer of contents of 

memory location 0x400 to port 2. Similarly, 

data 

IN <AR> , <PA> 

does the transfer of the data in the 

During execution of IN / OUT 

occurs: 

1. A pin IDE goes low~ to indicate 

remains high otherwise. 

reverse direction. 

instructions, the 

IN/OUT operation. 

2. The port ad~ress appears on the lower four bits of thr 

lines. 

fol lo""ing 

The pin 

add 1- ess 

3. W/R pin goes low to indicate write operation for OUT and 

remains high otherwise. 

4. Contents of the data memory appears on data lines. 
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APPENDIX C 

Program Listing 

Pl. Sample program to illustrate I/O expansion. 

( ·c· and DSP TMS 320C25 assembly language) 

P2. Programmable clock generation. 

('C' and DSP TMS 320C25 assembly language) 

'39 



P1. I* l"his program takes the input from the selected input channe' 

and outputs it to the selected output channel.*/ 

** 
inciude <stdio.h> 

# i nr l Lide <. con io. h .. :· 

# lrlCJ11de <dos. h ;· 

# include <~st125dev .c .> 

main() 

jnt i. .o; 

SelectBoa rd(l)• 

WarmStart() ; 

cl rsc r ( ) ; 

I* Selects the DSP board llJ •1 
I* Allows a user-progra ::o 

interface with the TMS board, 

without interfering with any 

program already running on 

the DSP board.*/ 

prJntt("Thi s is a sample program to il.lLtstrate the I/O e>:pansion" 

"of the DSP board F'CL-DSP25"); 

printf("Enter the input channel address (Ql - 3) II ) ; 

scan t ( "~<d" , & J.. ) ; 

pr111tt("Enter the output channel address (Ql - 3 ) "); 

scan f ( 11 /.d 11 
, ·~<O) ; 

F' utMem16( 'd' ,0x400,1); 

PutMem16('d' ,0x401,o); 

LoadObJectFile( "test.mpo"); 

ResP r. ( 

} 

iOO 

/I Store input channel address 

in data memory location >4~~ of 

DSP board.*/ 

I* Store output channel address 

in data memory locat ion >401 of 

DSP board.*/ 

I* Load the assembly language 

program in the program memory of 

the DSP chip at the address 

specified in the program.* / 

/I Pulses the hardware r eset signal 

to the DSP board, sets program 

counter to 0, and allows the 

processor to run.* / 



Pl. Sample program to illustrate l/U e >: pansion (assembl y lang uage) 

* * ~ * * * * * * 
* TEST * 
* * * * * * * * * 
* PROGRAM TO PROVIDE AN INTERRUPT DRIVEN ECHO FROM ADC TO DAC 

* WITH ADC CONNECTED TO THE SELECTED INPUT CHANNEL AND DAC 

* CONNECTED ro SELECTED OUTPU r CHANNEL 

i THE:. 1-0U_OWING LlNKS MUS1 BE INSE.RTED BEFORE RUNNING THE CODE:. : 

LK 1 2a 

LK13a 

* DEFI NE ADDRESS CONSTANTS 

F'AGE0 EQU 12.1 

IMR EQU .> 4 

TEMP EQU "> 6~; 

VA L EQU >64 

* 
1I M EQU 1 

* 
ADC EQU .,.. _, 

l 

DAC EQU 3 

* 
I CHADD EQU >00 

* 
OCHADD EQU >01 

* 
MUX EQU .> '215 

DEMU X EDU > 1Zl4 

* DEFINE DATA CONSTANTS 

TIMVAL EQU 

I MASK EQU 

* SET lSR VECTOR 

-li21'21 

'..- FFC2 

Page i2I of data mem for mem-mapped regs 

Address of Mask Register in Page Zero 

Word >63 of B2 will be temporary s tore 

Word >64 of B2 will hold output value 

Port 1 is the timer address 

Use LK15b to generate processor interrup ts . 

Port ,..., 
..:.... is the ADC address when using 

interval timer clocking (use LK17a) 

Port 2 is the DAC address when using 

in t erval timer . Put link at Ll<16a. 

This has the input channel address selected 

by the user. 

This has the output channel address selected 

by the user. 

Port 5 is multi p le}:er port. 

Por-t 6 is demultiplexer port. 

Timer value f or clock ing at about 44KHz 

Interr-upt mask to enable INTI only 
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AORG > QJ 

!:< l"lA i N 

AORG .> 4 

B ISR 

* * S TA RT OF MAIN PROGRAM 

* 
MAIN 

* 

* 

* 

* 
LOOP 

* 

AORG 

LDPK 

LRLK 

SAR 

OUT 

LRLK 

SAR 

.> 412Hi:l 

PAGEIZI 

>12!, T IMVAL 

>121,TEMP 

1EMP,TIM 

>1, !MASK 

>1,IMR 

LDPK 8 

OUT 

OUT 

EINT 

B 

ICHADD,MUX 

OCHADD,DEMUX 

LOOP 

Address of the INfl vector 

Branch to service routine 

Start of available program area 

Page pointer set to 121 

Timer value in ARl2l 

Store in data memory temporar ily 

Output value to timer port 

Load interrpt mask into ARl 

Put it into Mask Register 

Select input channel 

Select output channel 

Enable interrupts 

Wait for interrupts to arrive 

* THIS IS THE END OF THE MAIN PROGRAM 

* 
* THIS IS THE START OF lHE INTERRUPT SERVICE ROUTINE 

* 
AORG 

* 
ISR IN 

OUT 

* 
EINT 

RET 

* 
END 

> 5121121 

VAL,ADC 

VAL,DAC 

Address of ISR 

Store the ADC value in data mem 

Load data mem value to DAC 

Re-enable the interrupts 

Return to main program 
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P2. Programmable clock generation ("C language). 

I * THIS PROGRAM ASKS THE USR TO ENTER THREE CUT-OFF FREQUENC1~b 

# 

# 

# 

# 

kl: l )LJ 1 f-<ED; DUI: s r HE CALCULA"f I l H>iS ANU s I ORES rHf: APPROPk I An- J f4LUES 

Ai I HF MEMlJRY LUCA I l ONS Rt OU 1 RED BY f HE ASSEMBLY LANGUAGE PkflGRAM 

"CLOCi<'" ASM ". C L OCK.ASM OOE:.S rHE lNil IALISATION OF THE 825-~. l IMER 

ANU GENERAl~S lHE:. CLUC~ FREWQUE:.NClES. * I 

i.nclude <~s tdio. h > 

include <~c onio. h .> 

include <dos. h .> 

include <sti25dev.c .> 

mai n() 

{ 

int m_al,m_a2,m_a3,l_al,l_a2,l_a3; 

f 1 oat al, a 2, a 3 , templ, temp2 , temp3, f _al, f _a2 , f _a3, c 1, c2, c .3, c 11 , c 12, c 13; 

long i_al,i_a2,i_a3; 

SelectBoard(l); 

WarmStart(); 

I* SELECTS THE DSP BOARD 1 1) * I 

I * PROGRRM ASKS FOR THREE CUT-OFF FREQUECIES REQUIRED IN KHz * I 

c 1 rsc r ( ) ; 

printf ( "This programme sets the clock frequency for the SC-filters."); 

printf("Three programmable frequencies are possible."); 

pr.i.ntf t "Enter cutof f freq. o f filterl (KHz) = II ) ; 

scan f ( "'/. f " , &c 1 ) ; I* cl = CUTOFF FREQ 1 (KHz ) * I 

printft"Enter cutoff freq. of filter2 ( l<Hz) = IJ ) ; 

scanf( "'l.f",&c2): I * c2 = CUTOFF FREQ '") ...._ ( KHz ) *I 

printf("Enter cutoff freq. of filter3 (KHz) = " ) ; 

scanf \. "'/.f" ,&c 3) ; I * c3 = CUTOFF FREQ ' ._, ( KHz) * I 

I * lhe cloc k freq. is 2 .5 MHz for the 8253 timer 

C lock freq. = cutoff * 10~ * I 

e l l =cl * 1QHZI; 

cl2 c2 * 1!l1f2>; 

I * CLOCK 1 (KHz) * I 

I * CLOCK 2 (KHz ) * I 

I* CLOCK 3 (KHz) S / cl3 = c3 * 11210; 
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al 2 51Z!IZl.IZ! I cl] 

a2 = 251Z!Ql.IZJ I cl 2 

a3 25121~.121 I cl3 

l al = al 
' 

J. a 2 = a--:>. .... ' 
l - a ::::. a3; 

I * split into LSB and MSB * I 

tern pl = 1. al I 256.121; -
temp2 = i a2 I 256.121; -
temp3 = i a3 I 256.121; -

m al = templ; -
m a2 = temp2; 

m a.::. = temp3; 

> al (int) ( (templ m - al) * 256) 
' -

1 ~" C\4 = (int) ( (temp2 - m a2) * 256) - ' 
1 a ::::. (int) ( (temp3 - m a3) * 256) ; - -

1 a2 = 256 + l a--:>. - - .... ' 
i* FOR COUNTER 1, D9 = Q)' DB = 1 ie. ( [ x J [xx1211J [DJ [DJ) *I 

1 a3 = 512 + 1 _a3; 

I* FOR COUNTER '"") .... ' D9 1 ' DB = IZl ie. ( [ x J [x>:llZ!J [DJ [DJ) *I 
m a 2 = 2 56 + m_a2; -

i* FOR COUNTER 1 ' D9 IZl ' DB = 1 ie. ([XJ [ X>:IZ!l J (DJ [DJ) *I 
m a 3 = - 512 + m _a3; 

I* FOR COUNTER ...., 
.... ' D9 = 1 ' DB = (2) ' ie • ( [ x ] [ >:>: 112! J [DJ [DJ ) *I 

I* Wr ite c ontrol word f o r counter IZl to set in squre wave generat i o n.* i 

I * DATA PAGE POINTER IN "CLOCl<.ASM" = 8 *I 

I* FOR CR, D9 = 1, 08 = 1 ie. ([X] [>:>:11J [DJ (DJ)*-/ 

PutMem16('d' ,1Zlx40121,1Zlx1Zl336); 

I* COUNTER IZl IN WRITE LSB FIRST, MSB NEXT, BINARY COUNT AND SQUARE 

WAVE GEN. MODE */ 
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Pu tMem16 ( · d · , IZ>x401, l _al) ; 

PutMem16( ' d ' ,0x402,m_a1); 

P utMem16( ' d ' ,0 x 403 ,0x~376); 

I * LOAD LSB FOR COUNTER 0 *I 

I* LOAD MSB FOR COUNTER 0 *I 

I* COUNTER 1 IN WRITE LSB FIRST, MSB NEXT, BINAY COUNT AND SQUARE 

WAVE GEN. MODE *I 

PutMem16( ' d' ,0x 404,l_a2): 

PutMeml6( ' d ' ,0x405,m_a2); 

PutMem16('d ' ,0x406,0x03B6); 

I * LOAD LSB FOR COUNTER 1 * I 

I * LOAD MSB FOR COUNTER 1 l / 

I* COUNTER 2 IN WRITE LSB FIRSf, MSB NEXT, BINARY COUNT AND SQUARE 

WAVE GEN. MODE *I 

PutMem16( 'd' ,0>:407,l_a3); 

PutMem16('d ' ,0x408,m_a3); 

I* LOAD LSB FOR COUNTER 2 *I 

I* LOAD MSB FOR COUNTER 2 *I 

/ l NOW LOAD THE ASSEMBLY LANG. PROGRAM AND RUN IT TO LOAD THE 

COUNTERS. IN THIS ASM PROG. A BRANCH AT LOCATION 0 TO >400 CAUSES 

fHE EXECUTION OF THE PROGRAM *I 

Load!JbjectFile( "clock .mpo"); 

I* RESET STARTS THE EXECUTION WITH PROGRAM COUNTER RESET TO 0 *I 
Reset(); 

.} 
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P2. ~rogrammable clock generation (assembly language). 

* * * * * * 
* CLOCK * 
* * * * * * 
c PORT EQU >6 -

* 
AORG 

8 

* MAIN PROGRAM 

START AORG 

LDPI< 

* 

OUT 

OUT 

OUT 

OUT 

OUT 

OUT 

OUT 

OUT 

OUT 

LOOP NOP 

B 

PORT 6 IS CUT-OFF TIMER PORT. 

STARr 

>41ZHZI 

8 

>01Zl,C_PDRT 

>llJl,C_PORT 

>02,C_PDRT6 

>1213,C_PORT 

>04,C_PORT 

>05,C_PORT 

>1216,C_PORT 

>lll7,C_PORT 

>1218,C_PORT 

LOOP 

106 

BASE ADDRESS 

AT >41210 

CONTROL WORD 

LSB OF COUNT 

MSB OF COUNT 

CONTROL WORD 

LSB OF COUNT 

MSB OF COUNT 

CONTROL WORD 

LSB OF COUNT 

MSB OF COUNT 

OF DATA MEMORY 

FOR COUNTER IZl 

121 

121 

FOR COUNTER 1 

1 

1 

FOR COUNTER ..., 
.L. 

..., 

.L. 

..., 

.L. 



Dl. 

D2. 

D3. 

D4. 

D~·-

D6. 

D7. 

74LS04 

74LS93 

74LS138 

74LS373 

CD 4052 

MF 10 

INTEL 8253 

APPENDIX D 

DATA SHEETS 

He>: I nver-ter­

Bina r-y Counter-

3-to-8 Decoder­

Octal Latches 

Dual 4 Channel MUX-DEMUX 

Switched Capacitor- Filter­

Pr-ogrammable Timer-/Counter 

\ 
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• Packe1111 Options lnclutln Plnstlc "Smnll 
Outllno" Pocknyo~. Coromlr. Chip Corrlers 
ond Flut Pock11yA~. ""d Plo•lic •nd Car111ttlc 
DIPs 

• Oeoen1l11ble Tex11s Instruments Quality ond 
Rolinbllity 

lescription 

Those devices cont~in six inclopondent inverters . 

The SN5404. SN!i4LS04. and SN54S04 ere 
charnctrtizf'lcl lor oporetion ovor tho lull military 
t••mrnroturo ronyo of - 55 °C to 125 "C . Tho 
SN7404. SN74LS04. ond SN74!i01\ nro 
churoctorlrntl !or oporellun from 0 "C to ·10 "C 

FUNCTION TABLE (•.ch inYerter) 

~=---~~~-
~ H 

·IDvic symbol t 

\it wnlbol 1'\ in 1'Ccordsnco with ANSIJlffE Sid 91 1904 nnr1 
f{ ~k(: Al•tln 61 7 1 2 

· "V"!~~" shown 1un Im 0 . J """ N 1u1r ll.011"" 

i.fc diagram (positive logic I 

111-{:»-- 1Y 

2A-{:»-- 2Y 

)II-{:»-- )Y 

4A-C>o-4Y 

OA -{:»-- nv 

y II 

108 

SN5404, SN54LS04. SN54S04. 
SN7404, SN74LS04. SN74S04 

HEX INVERTERS 

J PACKAOE 
SN54LS04 , SN!j4!l04 . Jon w PACKl\Of 

Rll7404 N Pl\CMl'Of 
SN74LS04. SNHS04 DORN PACKAGE 

!TOP VIEWI 

IA vcc 
IY 6A 

2A GY 
2Y !'iA 

JA 5Y 
JY 4A 

GNO 4Y 

8Nft40.\ W P/ICKAOF 

!TOP VIEWI 

IA fY 
2Y GA 
2A 6Y 

Vee GND 
JA 5Y 
JY 5A 
4A 4Y 

SN54LS04. SN54504 FK Pl\CKAGE 

2A 
NC 
2Y 
NC 
JA 

!TOP VIEWI 

u 
?:~'j.;1~ 

- t.;11 rt It rt . 
. I i' 1 i'O IU 

ev 
NC 
SA 

NC 
5Y 



SN5490A. SN5492A, SN549JA, SN54LS90, SN54LS92, SN54LS93, 
SN7490A. SN7492A, SN7493A, SN74LS90, SN74LS92, 8N74LS93 

DECADE. DIVIDE·BY·TWELVE AND BINARY COUNTERS 

"90A. 'lS90 

921\. 'LS92 

. Decade Counters 

. Divide By-Twelve Counter• 

93A. 'lS93 ... 4 -Blt Blnsry Counter• 

TYPICAL 
IYPES 

POWER DISSlrATION 

·9011 11\5 mW 

97A. '9JA IJO mW 

LS90. 'LS!l2 'LS!JJ 4!'; mW 

1erl11tlon 

(sch or lheso monolithic counters contains lour 
mastor-slsve flip-llops ond additional gnling lo 
provide e divide -by -two counter end e threo ­
staiie binary counter for which the count cyc:le 
length 11 divide-by-five for the '90A end 'LS90, 
divide-by-six for tho '92A end 'LS92, and the 

divide-by-eight for the '93A end 'LS93. 

All of trlt~1~t•t• have t gr11ed tero rtR11t end 
JllP '90A and 'L990 ~l•o hnv11 u•itd on1 10 nln~ 
mpul• for uoe In BCD nine'• complnm•nl 
applications. 

To use their mAximum count lon{lth {decacto. 
divide hy -twolvn . or four -l>it l>innryl or 1hc-.? 
coun1ort, the CKB Input le connected lo thn OA 
0<•lput. The input count pulsr.s oro oppllod 10 
CK A input and tho outputs ore os describer! in 
11\e appropriate function tal>le. A symmc1r1c11I 
d1vide-l>y· ten count can be obtained from the 
'90A or 'LS90 counters by connecting the Oo 
output to the CKA Input and 11pplyln11 the input 
c11Unt to the CKB Input which gives a divirle ·by­
ten squ11re wave et output OA. 

AAARCll 19 ,.. nrv•sct> UAlll II Pjft8 

SN6490A. SN54l690 . J on w PACKAOE 
SN7A90A N PACKAGE 

SN74l990 D OR N PACKAGE 

fTOP VlfWI 

CKB CKA 
NC 

RUl21 OA 
NC Oo 

vcc GNO 
A9111 Oe 
A9121 Oc 

SN5492A. SN54lS92 J OR W PACKAGE 
SNM92A N PACKAGf 

SN74lS92 . DORN PACKAGE 

ITOP VIEWI 

CKB CKA 
NC NC 
NC °" NC 09 

vcc ONO 
AOttl Oc 
nor21 Oo 

SN549JA. SNG4LS93 ... J OR W PACKAGE 
8N7'19~ N PACKAGE 

IN74l89J ... D ORN PACKAG( 

fTOP VIEWI 

CKB [ 1 CKA 
ROii I [ 7 NC 
A0121 OA 

NC Oo 
Vee GNO 

NC Oe 
NC Oc 

NC - No Inter"•' connection 

logic diagrams (positive logic) 

'llOA. ' L8110 ' U2A 'lbU2 'llJA. 'L6GJ 

Hw111.lll~_ 
M'ljj J I .1!.J..L_.!"• 

.•. 
--111 

"' Cf(U -- --

, ,,, J ...... " .. ,, .. ,.~'''""""•"'""'"I.,,. ...... Ito• ........ l vt ....... 1 .. 111 ... 1111ly ............ l1n11 11 ...... 11y "I .. ll1~h ""'"'' 

l'au uutnUw•• alK.lwl\ w1 11 ••u fu1 '"" ·l ~U:J .-wl UJA •t1IJ 11•1111..,111111111 •lh•w11111 I 1 ... 1u lc.u thu 1.Hl ! tJ 

i09 

I \tJAtl"l Wl l 



SN5490A. '92A. '93A, SN54LS90, 'LS92, 'LS93, 
SN7490A. '92A. '93A, SN74LS90, 'LS92, 'LS93 

DECADE, DIVIDE-BY-TWELVE. AND BINARY COUNTERS 

' 90A. ' l.S90 
8CO COUNT SFOUENCE 

(!<i•e Nole A> 
-- ---- · 

OlJTl'Ul 
COUNT --- - -

Do Oc 011 OA 

u .,L - l l 

l H 

II 

J " H 

H 

~ L " L II 

" II " 
II II II 

II II 

<J II l II 

' 1171\, 'l~!J7 
COUN r SEQUENCE 

!See Note Cl --- - -
COUNT 

OUTPUT --- --·- -
Do Oc 09 QA 

0 L L L L 

t L L L H 

1 L L H L 

J L L H II 

L H I. 

!• II JI 

r. II L L 

H L L H 

ll It H 

!J H H H 

10 II H L L 

II H H L H 

'92A. ' lS9 2 . '93A, 'LS93 
RESET/COUNT FUNCTION TABl• 

[-:;~~IT 
1 ~Z~~: Oo_~~TP~: QA 

H JI L L 

l X COIJN T 

X COUNl 

•lfCS A Ou1rm1 O~ I• c onn11tc t .. 1 to ln11111 CK: O for or.o count 

8 O ut n vl Oo 11 COr'ln• c t•rl to lnnut CK: A fnr hi quln•r v 

C" O u 1t1ut n I\ •• c o nn"r' "' to lnuut C:k" 
n •• - hlth •• ._,.,, I . - '"""" ..... . 1. )( - l rr • l•Yillnt 

llitching characteristics, Vee• 5 V, TA• 25"C 

PARAMETER' 
FROM TO 

TEST CONDITI ONS 
llNPUTI IOUTPUTI 

Cl(I\ OA 
lma11 

CKA no 
1PLH Cl(I\ DA 
1PHL 

'PLH Cl<A Oo 
1PllL 
1Pll t CL '5 oF . 

- - ---'----- C'.:1(8 Oe 
1r1 11 '1L 400 11. 

1PU~ 
t:K: O 

1PH L 
Oc 

9~ F19111,. 1 

1ru1 
C l(O Oo 

1PHL 
1 PHL 5~1In0 l\ny 

1PUt ~'!.g __ 
S.-t· lo·9 

1Pftl Ou. cc 

' 901\, 'LS90 
Dl·OUINARY 15· 21 

( Seo Note RI 

OUTPUT 
COUNT 

QA Oo Oc -o-- L L L 

1 L L L 

7 L L H 

J L L H 

4 L H L 

s H L L 

r, H l L 

I .. L H 

" H L H 

!J H ll L -· 

Oo 

L 

1• 

l 

H 

L 

L 

H 

L 

H 

L 

·ooA. ·1.~110 
RERCTICOUNT fUNCTIQN Tl\8lE - ---·------....---

OUT PIH 

"'0111 Ro1i1~1;, Rg111 Oo Oc Oo QA 

H H L XLLLL 

H H X ll l ll 
)( 

)( 

L 

)( H 

)( 

H 

L 

)( 

L 
)( 

H L L H 

)( 

)( 

)( )( 

COUNT 

COUNT 

CCHJ"I T 

C!llJN I 
~------·---~~---:-

' 93A, 'LS93 
COUNT SEOUE~C'I: 

1s .. No11 Cl 
.------..-----~ OUTPUT 

COUN T .-----

'llOA 

o0 oc a11 al\ -- - - ----
0 

2 

.1 

B 

!J 

10 

11 

17 

1:1 

L L L L 
L L L H 

L L H L 

L L H H 

L H L 

I. H l H 

L H H L 

L H H H 

H L L L 

H L L H 

H l H L 

JI L ti ti 

It JI l 

It ti l H 

I~ H H H l 

I~ II II II ll 

'92A 'OJA ---- -- ---
MIN TVP MAX MIN TYP MAX MIN TYP 

37 47 J2 4 1 31 41 

16 IG rn 
10 I(; 10 16 10 

>-----·--- · 
I 1 IR " 18 17 

31 •B J1 •!l •6 

34 50 ~4 !>() •G -----
10 IG 10 16 10 

14 71 14 1 1 14 

1 1 n 10 16 11 

13 Jr. 14 11 13 

7 1 31 1 1 J1 J4 

73 :t5. 1J JS J• 
76 •n 1r. •o 76 

70 Jn 
7r; .Cl 

. ----------
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70 
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SN54LS138, SN54S138, SN74LS138, SN74S13BA 
J.LINE TO B·LINE DECODERS/DEMULTIPLEXERS 

o•r.r.,nrn 1•12 n£v1~EO "'""':" 19119 

~--------------------------------------------------------------------~-----------------t Doalgned Speclflcelly for Hlgh·Spoed: 
Momory Decoder• 
Date Tran1mlulon Sy1tom1 

t 3 Enable lnpull to Simplify Co1codlng 
nnd/or Dato Roceptlon· 

t Schottky·Clamptd for High Performonco 

•scrlption 

Thoso Scholtky-r.lompnd TTL MSI circuitii nro 
rh1•lg11Pd tu hn 1 1~11<1 In hlull p nrl o1111 n11c:n 
mnmory decoding or dnln·ro111ln11 11ppllcn1lo11• 
requiring very short propagation doloy times . In 
high·performnnce memory systoms. these 
docodors con ho usod to minimiu1 tho oflocls of 
1y.ic11n decoding . When nmployncl with hluh· 
spoed memorlos utilizing e lost onoblo circuit, tho 
dolay timos of these decoder~ end the enable 
time of the memory ere usually less then tho 
typlcel 1cc1n time of the memory. Thie means 
that tht tlltctlvt 1y1t1m delay Introduced by 1h11 
SchottllV·clamped 1y1t11m decoder la negllglble . 

The 'LS 138, SN54S130, end SN74S 138A 
decode one of eight l ines dependent on the 
condition• at tho three blnery soloct lnpuu and 
th11 throe en11ble lnput1. Two 11ctlvo·low end onn 
llctlve·hlgh eneble Inputs reduce the need for 
external gates or inverters when expending. A 
24·11ne docoder cen be implemented without 
oxtornal lnvortors and a 32·1ino dec:odor roqulros 
only one Inverter. An enable Input c<>n bo used 
as a data input for demultiplexing applications. 

All of these decoder/demultiplexers feature fully 
uullert1d inputs. eech o f which represents only 
one normalized load to its driving circuit. All 
inputs ere clom ped with high·perto. mance 
Schottky dlod91 to suppress lln11-rin11inQ and to 
simplify system design. 

Th e SN54LS138 end SN54S138 ore 
characterized for operation ovor tho lull military 
temperature range of - 55 °C to 125 °C. The 
SN74LS 138 end SN74S 138A are characterized 
for operation from 0 °C to 70 °C. 

111 

SN54LS130. SN54S138 . J 011 W PACKAGE 
SN74lS138. SN74S138A .. 0 ORN PACKAGE 

ITOP VIEWI 

A 

Cl 

c 
r.2/\ 
r.w YJ 

Gl 
Y7 

!ONrl 

8N84lS138. 9N8481J8 . , rK 'ACKAOf 

ITOP VIEW\ 

c 
~2A 

NC 
!'.12 6 

GI 

() 
v uo 

~<tT>>-

NC No lntornal conn1tc!lon 

logic symbols t 

111 • 
ftm 
c Ill 

01 191 

n7 • .!.!!... 
""' l"I 

l!llN/OCT 

fN 

nn 

.. 

YI 
Y2 
NC 
Y3 
Y4 

I IOI Y> 

111 
YI 

I Th_, u tymlto lt ""' In •1.1:,,ul11 nr.-. wHh ANn111t r• IHI fl 1 1 Oltoil 
11n(i IEC Publlr.11t1on f\ I 1 1 '1 
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SN54LS138, SN54S138, SN74LS138, SN74S138A 
3-LINE-TO 8-LINE DECODEHSIDEMUL TIPLEXERS 

toutc dt11or11m and function 111ble 

ENABLE 
INPUT5 

' LS138 . SN645138 . SN745138A 

{ 

111 

SELECT : 121 
INPUT~ 

CJI 
c 

Pin number1 'hown illtt1 lot D. J. N. and W pac1t.•ue1 

' LS 138 . SN54130. SNHS 130A 

FUNCTION r AULE 

INl'Ufl 

VO 

VI 

V2 

VJ 

V4 

V5 

V6 

Y7 

··--
-· . ·--- OUTPUTll 

tNAHLE SELECT 

Gl G2' c 0 A VO Vl V2 VJ V4 vs V6 V7 - --· --x H x x x Ii H H Ii H H H H 

l x x x x H H II H H H Ii H 

H l l l l l H H H H H H H 

H l l l H Ii L H H H H H H 

II L L H l II II L ~I H " " H 

H L L H H II H " L H II H H 

H L H L L H H H H l H H H 

H L H L H H H H H Ii L H H 

H L H H l H H H H H H L H 

H L . H H H H H H H H H H L 

'~2 • l'.l2A • l'.:28 
ti "" h•Qh 10vltl, l • low lovet. X ::s 1rtt1levant 

•witching ch.,•cterlatlca, Vee - 6 V, TA • 26 °e 

PARAMEHR1 
fROM TO lfVflS 

TEST CONDITIONS 
CINl'UTI COUTPUTI OF OfLAV 

'PUi 2 
11'Hl Oin1uv 

Any 
ll'U1 Sol•Cl 

3 
lt1 11L nL , 2 kll . cl 15 pf, 

'PIH 
2 

Soe Nulu 2 

11'11l Enal>lu A11y 1----·-
IPLH 

DATA 
OUTPUTS 

-IND4La131 

8N74LS 138 UNIT 

MIN TVP MAX 

11 20 llS 

1ll 41 "' 
21 27 "' 
20 39 II> 

12 18 "' 
20 :n ... 
14 20 "' 3 __ L _________________ 1 ·; __ ~0- -~:_. ll'~ll 

112.. 



SN54LS373, SN54LS37~ SN54S373, SN54S37~ 
SN74LS373, SN74LS374, SN74S373, SN74S374 

OCTAL D·TYPE TRANSPARENT LATCHES AND EDGE·TRIGGERED FLIP·FLOPS 

• Cllolo• of 8 l.atohH or a D· Type Flip· Flop• 
In 1 &Ingle Peokege 

• l-8t.ate 8u1·Drlvlng Output• 

• Full Pu•ll•l· Aoo .. • for loading 

• Bulfarod Control I nputa 

• Clock / Enable Input Has Hyatoresla to 
lmprovt> NolH AeJectlon 1'8373 and ·n 3741 

• P·N·P lnputl Reduoe D·C loading on 
Oat.a Linea ('8373 and 'SJ741 

OUll'UT 

ENABLE 

l 

L 
L 

H 

OUTPUT 

ENABLE 

l 

L 

L 

H 

' LS373, '1373 
FUNCTION TABLE 

ENABLE 

LATCH 
0 

H H 

Ii L 

L x 
x x 

'UJ74, '8374 
PUNCTION TAllL! 

CLOCK 0 

t H 

t L 

L x 
x x 

OUTPUT 

H 

L 

Oo 
z 

OUTPUT 

H 

L 

Oo 

z 

i '3 

OCTOnF.11 1978- nFVl"EO .. ,.~cu .... 

eN!14LIJ7J, INMLIJ74, INMIJ7J, 
tNll41374 . . . J OR W PACK.AO! 

IN74lU73. IN74ll374. IN741J71, 
IN748J74 ... OW 0111 N PACKAQ' 

ITOP VIEWI 

oe Vee 
10 BO 
1D BO 
20 70 
20 70 
30 110 
30 60 
40 50 

50 
GNO e' 

INMLU7J, INIMLU74, IN14137J, 
INll41374 . .. PK l'ACKAOI 

CTOP VIEWI 
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u 
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BO 

70 
70 
BO 
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~Nal1onal 
~Semiconductor 

CD4051 BM/CD4051 BC Slngle 8-Channel Analog 
Multiplexer /Demultiplexer 

CD4052BM/CD4052BC Dual 4-Channel Analog 
Multiplexer /Demultiplexer 

CD4053BM/CD4053BC Triple 2-Channel Analog 
Multiplexer/Demultiplexer 

General Description 
These analog mulhplexers/ demulhplexers are digitally con­
trolled analog switches t1av1ng low .. ON" 1mpodan.::o and 
very low "OFF" leakage currents. Control of analog signals 
up lo 15Vp·p can lJ011chievod by digital signal empiltudos of 
3 -15V. For examplt1, 11 Voo ~ 5V, Vss ~ ov 1md Vr~ ~ ·- 5V, 
unalog s1g11als 11om - sv to ·~ 5V can be conlrollod by digi­
tal 1nµuts of 0-5V. The mulhploxor circuits diss1µ11to ox-
1remt1ly low quiescent power over tho full Voo - Vss end 
Voo - VEt: supply voltage ranges, independent of tho logic 
•tatu of the control u1unule Whon 11 loulcul "1" •• provonl at 
It>• lnhil~l Input lu1111lr11sl ull c:llu11nul• u1u "OH " . 

C0406 t BM/CD4051 OC 111 u singlo tl-channt1I mulllpluxor 
h11111ng llu&e binury conlrol mpul!I. A, l:l, arid C, and an mh11J11 
input. Tho threa b1na1y signals select 1 of 8 channels to lJe 
1urned .. ON" and connect the input lo tht1 output. 

C04052BM/C04052BC 1s a d1flurent1al 4-cllannel mulhplex­
ilr h11vlng two l>inary control lnpull, A end B, 11nd an Inhibit 
1npu1. Tl111 two tm1u1y 1npu1 •lun11I• ... iuct I 01 " pu1r11 of 
<.hanru••• to l>u H1111vd 1111 wnd nonnuol ll1u d11fu1u11llul nrua­
loy 111µul• 1u Illa Ulflwvnllnl oulpulb 

CD405:ll:lM/C040530C 1s a 1np10 2·cl1annel rnulhploxer 
tl<lv1ng threo separa10 d1g11a1 coritrol inpu1s. A, 8, and C, and 

Connection Diagrams 

en inhibit input. Each control input selects one of a pair of 
chennols which we conneclod in a single-pole double-throw 
conflgurntion. 

Features 
• Wu.Jo range ol digital end analog signal levels: digital 

3-t 5V, analog to 16Vp.p 
• Low '"ON'" resistance: 800 (typ.) over entire 15Vp-p aig· 

nal-input range fur Voo - VEE• 16V 
• I t1uh "OFF'" f\••l•tftnca: ohann11I luak1u11 ol t 1 o pA 

(lyp.) at Voo · VEE~ IOV 
• Logic level converalon for digital addrosaing algnals of 

3-15V (Voo - Vss=3-15V) to switch anulog signals lo 
15 Vp.p (Voo-VEe• 15V) 

• Matched switch charactorlstlca: 6AoN - 50 (typ.) for 
Voo-VEe-16V 

• Very low qulucent power dlaalpatlon under all dlgllal· 
control Input and 1upply oondlllo111: 1 I' W (typ ) at 
V1u1 Ve;u -· Vuo Vt1: ·· lOV 

• B1n111y address t.1oco<11no on chip 

Dual-In-Lino Packages 

' • 

C04051BM/CD40518C 

~---

• 
-;;;QU't 

_1 __ , llllM 

•lt/OUl 

TOP VIEW 

CD4062BM/C04052BC C04063BM/C04063BC 

v,. 

TOP V IEW TOP VIEW TL/ F/5682- 1 

Order Number CD4051 B •, C04052B', or C04053B' 

• p1eaM k>ok. into SecbOn 8, Appt;Jndtx 0 f0t av.ilabUily of Vl\IKXJ• packaua typea. 

114 



AC Electrical Characteristics* TA~ 25'C, tr ~ l1 "' 20 ns, unless othorwlse speclfl11d. 

Symbol Parameter Condition• Yoo Min ..__!.~ Max Unite 
-- ~- ~ 

lp111. Propag11llon D•l•y Tlmo from V[r;-Ves-OV ~v 000 1:701) n• 

lpzL Inhibit to Signal Output Al - 1 kll t OV 225 450 ns 
(channel turning on) Cl • 50 pF 15V -160 320 ns 

tPHz, Propagation Delay Time from VEE ~ Vss=OV 5V 210 420 ns 

11'1.l Inhibit to Signal Output RL • 1 kll 10V 100 200 nR 
(chAnnel turning off) Cl - so pF 15V 75 150 ns 

C1N Input Capacitance 
Control Input 5 7.5 pF 
Stun11I lnpul (IN/OUT) 10 1!'.i pr-

- --~- --- - ----- ·---------- ---- ----·- .. .. . .. -· ·-- -···- --··---- ··-- - ---- - ----
r-OU, Oulput Copodtonco 

(common OUT /IN) 
I ----~-- '-
I C04!1'>1 IOV :10 pF 

i CD4052 VEE ·- Vss - OV 10V 15 pF 

! 
CD4053 10V 8 pF 

1 Ct0s Feedlhrough Capacitance 0.2 pF 

l~PJJ-
Powor OlRRip11tlon CnpAr.llAnr.n 

. ···--·-· ~ --t---- . ··- - - . - --· - ·------·--·-- -- --· -- ---- ---·-- --
C04051 110 pF 

CD4052 140 pF 

CD4053 70 pF 

Slgnal lnpuls (V1s) and Oulpula (Vos) 

Sine Wave Rosponse Rl - 10kll 
(Dlalortlon) l1s-1 kHz 

IOV 0.04 % 
V1s-5Vp-p 
VEE-Vs1- 0V 

FrOQuency Response. Channel RL = 1 kn, VEE ~ OV, Vis~ 5Vp·p• 
10V 40 MHz 

"ON" (Sine Wave Input) 20 log10 V0stv1s • -3 dB 

Feedthrough, Channel "OFF" AL - 1 kn, VEE = Vss- OV, Vis= 5Vp-po 
10V 10 MHz 

20 log10 V0stv15 ~ -40 dB 

Crosstalk Between Any Two RL - 1 kn. VEE=Vss = ov. V1s(A)= 5Vp-p 
10V 3 MHz 

Channels (frequency al 40 dB) 20 IOQ10 Vos(B)IV1s(A)= -40 dB (Noto 3) 

ii>Hl Propagation Delay Signal VEe =Vss=OV 5V 25 55 ns 

'Pt_H Input to Signal Output Cl=50pF 10V 15 35 ns 
15V 10 25 ns 

Control Inputs, A, B, C and Inhibit 

Control Input lo Signal VEE= Vss = OV, RL " 10 kn at both onds 
Crosstalk ofchennel. 10V 65 mV (p'l9k) 

Input Square Wave Amplitude ~ 10V 

tPHl. Propagation Delay Time from VEe = Vss = ov 5V 500 1000 ns 

IPLH Addre~s to Siqnel Output Cl = 50 pF 10V 1!10 360 ns 
(chonnoiR "ON" or "OFF") 15V 120 240 n~ 

"f\('. Pflfl!!lmfllOUI 11tre w1 .. 1t111lnod t1y ex.; r.orrttlrUnrt lo~llng 

.. ol• l : A I\ •r• twn •1hU11•ry rhatm4'1t ""41h A hH'nl'WI "ON .. •rwl ll "Of • •· 

Truth Table 

INPUT STATES "ON" CHANNELS 

INHIBIT c B A C04051B CD4062B C0<1053B 

0 0 0 0 0 OX.OY ex.bx, Ax 

0 0 0 1 1 I X, 1Y cx,bx,Ay 

0 0 1 0 2 2X, 2Y ex.by.ax 

0 0 1 1 3 3X.3Y cx, by, ay 

0 1 0 0 4 cy.bx.ox 

0 1 0 1 5 cy,bx. sy 

0 1 1 0 8 cy, by,"x 

0 1 1 1 ., cy,by.ay 

1 . . . NONE NONE l'~ONE 

•0on·1 Care condlOon. 
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National 
Semiconductor 
Corporation 

MF10 Universal Monolithic Dual Switched Capacitor Filter 

General Description 
The MF10 consists of 2 independent and elClremely easy to 
use, ganeral purpose CMOS active filter building blocks. 
Each block. together with an external clock and 3 to 4 resis· 
tors, can produce various 2nd order functions. Each building 
block has 3 output pins. One of the outputs can be config­
ured to perform either an allpass, highpass or a notch func­
tion: the remaining 2 output pins perform lowpass and band­
pass functions. The center frequency of the lowpass end 
bandpass 2nd order functions can be either directly depen­
dent on the clock frequency, or they can depend on both 
clock frequency and external resistor ratios. The center fre· 
quency of the notch and allpass functions is directly depen­
dent on the clock frequency, while the highpass center fre­
quency depends on both resistor ratio and clock. Up to 4th 
order functions can be performed by cascading the two 2nd 
order building blocks of the MF1 O; higher than 4th order 
functions can be obtained by cascading MF10 packages. 
Any of the classical rnter configurations (such as Butter· 
worth, Bessel, Gauer and Chebyshev) can be formed. 

System Block Diagram 

Features 
• Easy to use 
• Clock to center frequency ratio acc1Kacy ± 0.6•.4 
• Filter cutoff frequency stability directly dependent on 

external clock quality 
• Low sensitivity to external component variation 
• Separate highpass (or notch or allpass), bandpass. low-

pass outputs 
• 10 x a range up to 200 kHz 
• Operation up to 30 kHz 
• 20-pin 0.3" wide Dual-In-Line package 
• 20-pin Surface Mount (SO) wide-body package 

TL/H/5&45- 1 

Order Number MF10AJ or MF10CCJ 
See NS Package Number J20A 

Order Number MF10CCWM 
See NS Package Number M20B 

Order Number MF10ACN or 
MF10CCN 

See NS Package Number N20A 

1 1 6 



Absolute Maximum Ratings (Note 1) 
Soldenng Information 

N Package: 1 o sec. 
J Package: 10 sec. 

260"C 
300-C 
215'C 
220'C 

II Miiitary/ Aerospace specified devices are required, 
contact the National Semiconductor S.lea Ottlce/ 
Dlatributora for avallablllty and speclflcatlonL 

SO Package: Vapor Phase (60 sec.) 
Infrared ( 15 sec.) 

Supply Voltage (V + - v-) 
Voltage at Any Pin 

14V 
v+ + 0.3V 
v- - 0.3V 

See AN-450 "Surface Mounting Methods and Their Effect 
on Produc1 Reliability" (appendix D) for o1her me1hods of 
soldering surface mount devices. 

Operating Ratings (Note 1) 

Input Current at any pin (Note 2) 
Package Input Current (Note 2) 
Power Dissipation (Note 3) 
Storage Temperature 

5mA 
20mA 

500mW 
150'C 
2000V 

Temperature Range T MIN s: TA s: T MAX 
MF10ACN, MF10CCN O'C s: TA S: 70'C 

ESD Susceptabillty (Note 11) MF10CCWM O'C S: TA s: 70'C 
MF10CCJ - 40'C s: TA s: 85'C 
MF10AJ -55' C s: TA :s: 125'C 

Electrical Characteristics v+ - + 5.00V and v- ~ -5.00V unless otherwise specified. 
Boldface limits apply for TMIN to TMAx: all other limits TA - T; - 25'C. 

MF10ACN, MF10CCM. 
MF10CCJ, MF10AJ 

MF10CCWM 

Symbol Parameter Conditions 
Typical 

Tested Design 
Typical 

Tested Design 

(Note SJ Limit Limit 
(Note 8 

Limit Limit 
(Note9 (Note 10· (Note9 (Note 10 

y+ - y- Supply Voltage MIN 8 8 

MAX 14 14 

1, Maximum Supply Current !Clock Applied to Pins 1 o & 11 
8 12 12 8 12 

No Input Signal 

lo 1Cen18' Frequency Range MIN 10 x 0 < 200 kHz 0.1 0.2 0.1 0.2 
>---
MA)I 30 20 30 20 

tcLK lctock Frequency Range MIN 5.0 10 5.0 10 

MA>I 1.5 1..0 1.5 1.0 

fcLK/to 50: 1 Clock to Cen1er F re- MF10A Kl - 10 IVp;n12 - 5V ±0.2 ±0.6 to.• ±0.2 t 1.0 
1<1uency Ratio Deviation 

,__ 
Mode1 ICU( • 250 kH2 MF10C ±0.2 t 1.5 t 1.S ±0.2 t 1.5 

tcLK/to 100: 1 Clock to Center Fre- MF10A IC· 10 IVp;n12 • OY ±0.2 ±0.6 ±o.e ±0.2 t 1.0 
quency Ratio Deviation 

,____ 
Mode1 ICU(• 500 kHz MF10C ±0.2 t 1.5 t 1.S ±0.2 t 1.5 

lclock Feedthrough 10 - 10 10 10 
Mode 1 

0 Error (MAX) 10 - 10 Ypin12 - SY ± 2 ±6 ±9 ±2 ± IS 
(Note4) Mode 1 ICLK - 250 kHl 

Yp1n12 - OY ±2 ±6 :t• ±2 t IS 
lcLK - 500 kHl 

Holl' DC Lowpass Gain Model A1 • A2 - 10k 0 ±0.2 :to.2 0 ± 0 .2 

Yos1 DC Offset Voltage (Note 5) ±5.0 ±15 :1: 15 ±5.0 ± 15 

Yos2 DC Offse1 Voltage MIN Yp1n12• + 5V SAie - y+ -150 -'- 185 - 185 -150 -185 
>---

(Note5) MA>I (ICLK/fo • 50) -65 -as -85 

MIN Ypon12 • +5Y SAie - v- - 70 -70 
MA) (ICLK/fo • 50) 

YosJ DC Offset Voltage MIN Vpin12• +5V ~Modes - 70 - 100 - too -70 - 100 
(Note5) 

>---
MAX (ICLKlfo • 50) - 20 - 20 - 20 

Yos2 DC Offset Voltage Ypin12 • OY SAie - y + - 300 -300 
(NoteS) (ICLK/lo • 100) 

Vpin12•0Y SAie • y -
- 140 -140 

(lcLKlfo • 100) 

VosJ DC Offset Voltage Ypon12•0Y All Modes 
- 140 ·- 140 

(Nole5) (ICLK/to • 100) 

Electrical Characteristics (Cont1nuod) v • + 5.oov and v- - - s.oov unless otherwise spec1l1ed. 
Boldface llmlta apply for T MIN to T MAx: aM other limits TA = T J = 25'C. 

MF10ACN, MF10CCN, 
MF10CCJ, MF10AJ 

MF10CCWM 

Symbol Parameter Conditions 
Typical 

Tested Design 
Typical 

Tested Design 

Limit Limit L imit Limit 
(Note 8) 

(Note9) (Note 10) 
(Note8) 

(Note 9) (Note 10) 

Vou1 Minimum Output IBP. LP PINS AL ~ 5k ±4.25 ±3.8 ±3.8 ±4.25 ± 3.8 
Voltage Swing 

IN/AP/HPP1N AL ~ 3.Sk ±4.25 ±3.8 ±3.8 ±4.25 t 3.IS 

GBW Op Amp Gain BW Product 2.5 2.5 

SR Op Amp Slew Rate 7 7 

Dynamic Range Vp1n12 - + 5V 
83 83 

(Note6) (fcLKlfo = 50) 

Vp1n12 - OV 
80 80 

(fcLK/10 - 100) 

l,c Maximum Output Short !Source 20 20 
Circuit Current (Note 7) 

ls1nk 3.0 3.0 

Units 

y 

y 

mA 

Hz 

kHz 

Hz 

MHz 

% 

"· 
% 

% 

mY 

% 

% 

dB 

mV 

mY 

mY 

mY 

mV 

mV 

mV 

Units 

v 

v 

MHz 

V/p.s 

dB 

dB 

mA 

mA 



Logic Input Characteristics Boldfacallmlt1applyforT1ouNtoTMAX;allotherllmitsTA- TJ - 2s·c. 
MF10ACN, MF10CCN, 

MF10CCJ, MF10AJ 
MF10CCWM 

Par1m1t1r Condltlona 
Typlcal 

THtad 0Hlgn 
Typlcal 

THtad 0Hlgn Units 
Limit Limit Limit Limit 

(Not18) 
(Note9) (Nota 10) 

(Note 8) 
(Not19) (Note 10) 

CMOS Clock MIN Logical "1" v+ - +5V, v- - -sv. +3.0 +3.0 +3,0 v 
Input Voltage MAX Logical "O" VLSh - OV -3.0 -3,0 -3.0 v 

MIN Logical "1" v+ - + 10V, v- - ov, +0.0 +8.0 +8.o v 

MAX Logical "O" VLSh ~ +sv +2.0 +2.0 +2.0 v 

TILClock MIN Logical "1" v+ = +sv,v- - -5V, +2.0 +2.0 +2.0 v 
Input Voltage MAX Logical "O" VLSh a OV +0.8 +0.8 +0.8 v 

MIN Logical "1" v+ • + 10V, v- ~ OV, +2.0 +2.0 +2.0 v 

MAX Logical "O" VLSh = OV +0.8 +o.e +o.e v 

Nott 1: Abs.olute Maximum Ratlnos irdcate Wmrts beyond wNch damage to lhe devico may occur. OC and AC electrical specific1tion1 do not apply when operating 
1he device beyond its 1~ ope<ating eot"ldftions. ~ 

Not• 2: Whtn the input volt&go (V,..) al any pin exceeds !he powor IUj)ply raUs (V1N < v- 0< V1N > V+) lhe absolute value of current at that pin sho<lld be limited 
10 5 mA 0< less. The 20 mA paclca09 input eu<rent imits !he number ol pins that can exceed the power S<JPPIY boundllits with a 5 mA current ijrnit lo lour. 

Note 3: The maximum pow.r chsipation must be defllted at ekliv1ted ternperat""H and is dict.atod by T JMAX• I JA• and the ambient temperature, TA. The maximum 
allowable pow8< dissipation at any temperature is Po - CTJMAX - T;JIBJA °'tho number given in the Absolute Maximum Ratings, whichever is lower. FOf' this 
devoce, T JMAX - 125'C, and the typ;cai junoction-lo-am!Mol thermal rosislanoce of the MF10ACN/CCN when board mounted is 55'C/W. F0< lhe MF10AJ/CCJ, lhis 
numb<lr increases to gs·c1w and 10< tho MFIOCCWM 1llio numbtr is 66"C/W. 

Mote 4: The aecUfacy of the 0 value is• function of the centtt frequency (f0J. This is illustrated in the curve1 under the headino "Typical Peformance Charactaris· 
lles". 

Mote 5: Votl• V0tt2.. and V0it3 refer to the Internal ottMta as discuued to the AppHcations Information Nciion 3.4. 

Noto 6: F0< ± 5V supplies !ho dynamic rango is rofe<onood to 2.82V rms (4V peak) where the widobend noise ov8f a 20 kHz bandwidth is typiocally 200 I' V rms for 
lho MF10 wilh a 50:1 CLK ra1Jo and 290 l'V rm1 l0< tho MF10 with a 100:1 CLK rallo. 

Note 7: The short cifcuit IOUf'oe current is me11ured by forcing the output that is being tasted to it• maximum polJliY• voltage •wino and then shorting that output to 
the no0atN1 supply. The s.hort circuit sink current is mNSl.#'ed by forcing the output th.at is being lasted to its maximum negative vottaoe swing and then shorting 
lh&t oulput to the positrv1 supply. These are the worst case conditk>ns. 

Noto I: Typ;ca1s are a.1 25'C and rep<esent most lil<oly paramotric n0<m. 

Mo11 9: Tested km.ts are guarantffd to Natiot'\1.1'1 AOOL (Average Outgoing Quality Level). 

Mott 10: De~n hmits are ouaranteed but not 100% tHled, These limits are not usod to calculate outOQing quality levels. 

Note t 1: Human body model, 100 pF discharged through a 1.5 kfl resistor 

Connection Diagram 
Surf1ea Mount and 

Oual·ln·Lln• Package 

\._,/ 
LPA - 20 -LPa 

SPA - 19 >-8P8 

H/ AP/HPA - 3 ta - H/ AP/HPa 

IHVA - 4 17 -IHV9 

SIA- 5 16 >-St 1 

SA/B - 6 15 >-ACHO 

VA+- 7 14 -v,.,-

Vo+- 13 -vo-

LSh- 9 t2 >-50/ tOO/Cl 

CLKA - 10 It -CLK9 

TL/H/56-45-16 

Top View 

Pin Descriptions 
LP(1,20), BP(2, 19), The second order lowpass, band· 
N/AP/HP(3,18) pass and notch/allpass/highpass 

outputs. These outputs can typically 
~ink 1.5 mA and source 3 mA. Each 
output typically swings to within 1 V 

of each supply. 

INV(4,17) 

51(5,16) 

t t B 

The Inverting input of the summing 
op-amp of each filter. These are hlQl1 
lmpedanee Inputs. but the non·in· 
verting input is internally tied to 
AGND, making INV A and INVe be 
have like summing junctions (low im­
pedance, current inputs). 
s 1 Is a signal input pin used in the 
allpass filter configurations (see 
modes 4 and 5). The pin should be 
driven with a source impedance of 
less than 1 kn. If S 1 is not driven 
with a signal it should be tied to 
AGND (mid·supply). 
This pin activates a switch that con, 
nects one of the inputs of each fil ­

ter's second summer to either AGND 
(SAtB tied to v-) or to the lowpass 
(LP) output (SAJe tied to v + ). This 
offers the flexibility needed for con· 
figuring the filter in its various modes 

of operation. 



8253/8253-5 
PROGRAMMABLE INTERVAL TIMER 

• MCS-85TM Compatible 8253·5 • Count Binary or BCD 

• 3 lndepenoont 16-Blt Counters • Sing le + 5V Supply 

• DC to 2.6 MHz • Avallable In EXPRESS 

• Programmable Counter Modes 
-Standard Temperature Range 
-Extended Temperature Range 

The lnte,. 8253 is e proorammable counter/timer device designed tor use es en Intel microcomputer peripheral It uses nMOS 
1echnology with a single •SV supply and It packaged In a 24-pin plaslic DIP 

11 is oroanlzed as 3 Independent l~bl t counte~. each with a count rate of up 10 2.6 MHz All mOdM of operation are sollware 
programmable. · 

•o----o ·· ---<J 
.. ----1 

•,----1 

c~ - · - ----J 

CO ""JNOl 

"'°"0 
•HCllTf" 

_ _j_ __ 

Figure 1. Block Diagram 

Clll 0 

GAT( 0 

OUI 0 

Clll I 

CU( 1 

--OU1> 

Cl., 1 

CAH 1 

OU1 I 

Figure 2 Pin Conngurallon 

t t ~ 



The modes of operation for 8253 timer are as shown, 

Mode 0 - Interrupt on terminal count, 

Mod e 1 - Hardware one-shot, 

Mode 2 - Pulse generator, 

Mode j - square wave generator, 

Mode 4 - Software triggered strobe, 

Mode 5 - Hardware triggered strobe . 

The control word format is as shown in the Table Dl. · 

CONTROL WORD 

D7 D6 D5 D4 D3 D2 Dl DO 

SC1 sco RW1 RWO M2 Ml MO BCD 

SC - SELECT COUNTER RW - READ I WRITE 

SC1 sco RWl RWO 

0 0 SELECT COUNTER 0 0 0 ILLEGAL 

0 1 SELECT COUNTER 1 0 1 R/W LSB ONLY 

1 0 SELECT COUNTER 2 1 (l R/W MSB ONLY 

1 1 SELECT CONTROL 1 1 R/W LSB FIRST · 

REGISTER MSB NEXT 

M - MODE BCD 

M2 Ml MO 0 BINARY COUNTER 16 BITS 

0 0 0 MODE 0 1 BCD COUNTER (4 DECADES) 

(l 0 1 MODE 1 

x 1 0 MODE 2 

x 1 1 MODE ..,.. 
~' 

1 0 0 MODE 4 

1 (l 1 MODE 5 

1 2.0 



APPENDIX E 

PCB LAYOUTS 

El. PCB layout of elliptic, Bessel and notch filter. 

E2. PCB layout of 1/0 expansion unit. 



El. PCB layout of elliptic, Bessel, notch filter. 

Same layout gives the required 

component values. 

1. Component placement 

2. Component side layout 

3. Solder side layout 

1~2. 

filter depending upon the 



f1~11=-o ~l~f1 
~ tooo M f 1000 -" • ~ 

000 
+v c;. -v 

0 
0 

0 0 

DD 

0 
Q R1 ·3 Q 

0 0 
0 

1. Component piac 2 rr.ert o n the filtc:w F' ·:='.8. 

00 00 
0 
0 

fJO c L-1< 

0 
0 

the ICs u ::;. ~ U4~ U6 . L· 7 ~ may n a t be used ~ or 

they may be u sed ~s unity-gain inver~er . 

* For notc h fi lter , o n ly the first sectl8:""1 cons1sti n 9 OT Ul~ U ...:' 

U3 ~ an~ the corres pondi ng componen1 s ha s beer used . 

0 
0 
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2 . Component si de layout of f ilte r PCR. 

124 
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E2. PCB layout of the I/O expansion unit. 

1. Component placement 

Component s ide layout 

3. Solder side layout 

126 



Llt·I 0 
11c-2 0 
~ -3g 
ui-4 

0 

EJ 0 

gO 
[Jo 
0 
Co 

fJO 
go 
LJ 
0 
Oo 

EJo 
80 
EJ 0 

oD 
oO 

EJ 
0 
0 

LJ 
0 

0 

1. Component p1.3ceme:•t on F'Ch of I/O e}:pansion unit. 
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• 

•• • 1111111 • • 11111111 • • • • 
• • • • • 

• 1111111 •• • • •• 11111111 •• • • •• • • • • • • • • • • • •• •• • 
1111111 ••• •• • • •• • 1111111 •• • • •• ••• •• • • 1111111 ••• •• • • 1111111 •• • •• • • ••• •• 1111111111 •• • •• 111111 •• • • 1111111111 •• •• • •• •• •• • •• • • •• •• •• • • • •• • • •• •• •• • •• ••• • • 111111111 •••••••• • • • • • • • • • 1111111111 1111111 •• •• e • 

• • • • • • • • • • 

, ··:-•mpc.r;en t sJ.ciP layct 1t of F'C 8 of l /U e >:pa nsion un~t . 
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