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ABSTRACT

Many applications involving DSEP require handling aof multipie
input/output analog signals. Sampling causes aliasing at the input
and spectrum repetition at the ocutput. Therefore, anti-aliasing
filter for inputs befare A/D converter, and smcoothing Tilter for
agutputs arter /A converter are required. Further the chaoice af
sampling Treguency is often appiication specitfic.

The aim of the project is to develiop & syvstem which would
extend the I/0 handling of & PO bus—based DSF board having single
analaog I/0 channel, with appropriate signal conditicning of input
and ouiput channels, for variable sampling rates.

an I/8 expansiocn unit for the DSP board FPCL-DSPZSE, based an
THS 32025 DSP processor, has been develcped which enhances the
analcg I/0 handling of the DSF board from single analcg 178
channel to Tour analcg I/G channels.

An eighth crder elliptic low—pass Tilter and Bessel Iow—-pass

m

filter have been 1implemented. Roth the filters ce&n serve as

anti—-aliasing rilter for the input signals and smoothing ftilter
far the cutput signals. Alsc a second order elliptic notch Tfilter

has been implemented tc reduce any possibie power—Iiine

"
pu|

terterence at the inpui. The Tilters a&are implemented wusing

in
¥

itched capscitor circuits toc achieve clock-controlied cut—-orf

~+,
0

quency. This feature makes the filters uwuseful for variable
ng rates. A pragrammable timer/counter has been interraced
with the DSF board to make the cut—aoff freguency of the filters

programmable by the DSP board.
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CHAPTER 1
INTRODUCTION
i.1 OVERVIEW

Digital signal processing (DSP) applications are growing
rapidly in speech prﬁcessing, image processing, adaptive
filtering, control systems, bio-signal processing, etc. [1 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 3.

There are several PC bus compatible DSP boards available.
Such a DSP board typically includes a DSP chip, program and data
memory, an analog 1/0 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/0 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/0 handling.

The analog inputs are sampled and digitized and the
pProcessing is carried out on these sampled data, the sampling
frequency being set by the user program. Sampling causes aliasing
effect which is to be reduced by the low-pass filtering of the
analog inputs f2, 3, 4, 5, € ]. Also the output is discrete
data which causes frequency spectrum repetition. Hence a low—pass

filter, called as smoothing filter, is required to reconstruct




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

DSP applications involve handling of input signals of a very

few H=z {bio—signal applications) to kH=z range {speech
applicatiaons) and therefore, different applications reqguire
different sampling rates. A low—pass fTilter with programmable

cutoff frequency would serve as anti—aliasing filter or smoothing
filter for different applications in the programmable range of the

filter.
1.2 PROJECT ORJECTIVE

The obijective of the project is to enhance the 1/8 handling
of & PC bus compatible DSP board, with a single analog 170
channel.

A signal acquisition interface has been developed for such a
DSF board to enhance its I/0 handling from single I/0 to multi#le
I1/0 with appropriate Signaln conditioning for each input-output
channel. The I/0 expansion is done by I/0 expansion unit and the
conditioning of the 1/0 channels by signal conditioning unit.

The design of I/0 expansion unit depends on the available DSFP
board and the DSF processor on which the DSP board is  based. The
design of the I/0 expansion unit should be such that na hardware
modifications are required to be done on the DSF bpoard. #&lsoc  the
design should be easily adaptable to other DSF boards with minor
modifications. The I/0 expansion unit is developed for Dynaiog
MicroSystem DSP board FCL — DSP25 (based on THS IZ@CZE5 processcr
tfrom Texas Instruments) which enhances the 170 handling of this

DSF board from single analog I/0 to four analag I/0.

The signal conditioning unit (8CU)} includes an anti—aliasing
filter for each ioput channel so +that the need for the
prefiltering by the user can bz eliminated. It also includes a

smoothing filter for each output chanmnel. Both the anti-aliasing
and smoothing filter are implemented Cwith such - response
characteristics that they meet the recguirements far most

anplications.




To make the SCU useful for different applications 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 prmgramhable by +the DSF board. The
programmable cut—off frequency filter is implemented using
switched capacitor (SC) filter [¥ 1 in which clock input controls
the cut-off freguency. For this purpose a programmable
timer/counter is interfaced with the DSP board which generates the
DSF programmable clock which is applied as the input tc the
switched capacitor filters. The programmable timer/counter
interface with the DSF board is implemented on the I/0 expansion
unit.

Tc demonstrate the multiple I/0 hardling of the DSF  board
with proper signal conditioning of the 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 DSF processor TMS 3I28C25 and the DSP board FCL — DSP 25 is
Fresented in this chapter. Each of the system block viz., signal
conditioning unit and I/0 expansion unit, is then discussed. )

Chapter I discusses the signal conditioning unit.The chapter
discusses the design and implementation of the filter which can

serve as both anti-aliasing and smoothing filter. The filterse ar

I}

realized using biguad =alization technique and are implemented

veing switched capacitor filters to achieve programmable cut—off

-h

requency. This chapter presents a study of biguad realization
with state variable feedhback followed by the working of cwitched
capacitor filter in brief. Then the design of the filter with
variabrle cut—off freguency is discussed. The chapter concludes

Wwith tuning and testing of the filters.

Chapter 4 discusses the 1/0 expansion  unit. The cﬁapter
provides a review of different schemes for 1/0 expansion,
3




selection of a particular scheme, and the design and

implementatinn 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 Tfirst discussed. A cross—correlator
technigque for system impulse response evaluation, can also be
realized using the system developed.

Chapter 6 presents summary of the work done. The achieved
specifications of each individual system unit wviz., signal
conditioning unit and I/0 expansion unit, are listed in this

chapter.




CHAPTER 2

SYSTEM OVERVIEW
2.1 INTRODUCTION

A signal acguisition interface has been developed for & PC
add—on DSF board. The DSP board has one analog input and one
analog ocutput channel. The system is developed to enhance its I1/0
handling from single I/0 channel to four I/0 channels with piroper
signal conditioning for each input-cutput channel. The signal
acquisition interface consists of an  I/0 expansion unit and a
signal conditioning unit, as shown in Fig. Z.1.

The I/0 expansion unit (EU) consists of a 4—to-1 multiplexer
for analog inputs and 1-to-4 demuitiplexer for analog output. The
autput of the multiplerer is applied as the D/A input to the DSF
board. The output from the DSF board is demultiplexed inta Ffour
analog outputs.

The =signal conditioning unit {SCL) consicsts of an
anti-aliasing filter for each analcg input, and a smoothing filter

far each analog output. The cutputs from the anti-aliasing filters

il

are applied as the inputs tao the mitltiplexer and the demultiplexsed
outputs are filtered by the smcothing filters.

As the sampling rate varies depending aon the application, the
antifaliaaing and the smoothing filters are designed to thave
Programmable cut—off frequency. These filters have beern realized
using switched capacitor circuits, and their cut—off freguency can
be controlled by the input clock frequency. A programmable clock
generator unit generates three praogrammable  clock outputs  which
can be used for controlling the cut—off frequencies.

The 1/0 expansion unit is developed for a DSF board PCLE—BSF25
from Dyvnalag MicroSystems. The board ic based on the DSF processar
™S Z28C7S from Tewas Instruments. The chapter first ‘reviews the
DSP board PCL - DSP2S5 and the DEF processor TMS 320C25S. Lfach unit

of the system wviz. signal canditiconing unit and I/G expancsion unit




is then reviewed in bhrief.

2.2 DSP BOARD AND PROCESSOR

PCL DSP25, Digital Signal Frocessor FPFC plug—in card, from
Dynalog MicroSystems, is based on TMS I2Q@C%25 DSP processor [1, 27.
This DSF processor has sixteen software ports for interface +to
external hardware. On the DSP board FCL-DSP23, four of the sixteen
available DSF software ports are used by on—board peripherals as
shaown in Table 2.1. The remaining software ports can be used for
1/0 expansion and programmable clock generation.

TMS 320C25 is third processor in the TMS32@ series, the
former two being TMS 32010 and TMS 3I20820. It is a 16-bit fixed
point, CMOS DSF chip, running at 48 MHz CFU clock, with 182 nsec
instruction cycle time, and is based on Harvard type architecture

fel.

The functional block diagram of THMS 3Z2BC2S is shown in Fig.

2.2. The main blocks are 3=2-bit ALY/ Accumulator, 244—word
programmable on-—chip data RAM, 4K-word progrémmable cn—chip
program ROM, 128-K total program/data MEMCrY Space, 16 X '1Te=bit

parallel multiplier with 32-bit product register, eight auxiliary
register with dedicated arithmetic unit and an on—chip timer.

The FCL DSF25 board block diagram is shown in Fig: 2:58; The
main blocks are DSF processor TMS S2@C23, preogram and data memory,
analoa I/0 interface unit and IEM FC bus interface writ [9 7. The
analog I/0 wnit interface consists of an ADC and a DAC. Hence it
can handle only one input-output channel. The analog I/0 ais
accessed either by port 2 or port . Further, the board has a 5@
Pin connector "DSPLINE" for digital 1/0 expansion (as described in
Appendix E).

The analog I/0 interface schematic is shown in Fig. 24.
Software ports 2 and I are assigned for analog I/0. The input is
sampled and digitized. Either The external clock or the on—-board
timer can be used as the sampling clock, as select=d by the

hardware 1link. The ADC starts +he conversiaon process after




receiving a start-of-conversion pulse, which is provided by the
sampling source, Or by reading port 2 or port 3. On the end of
conversion, the data at the output of ADC is latched. Reading the
port 2 or 3 puts this data on the data bus of the DSP processor.
Similarly the timing of DAC output can be controlled by sampling
spurce or writing to port 2 or 3.

Software support available for the DSF board DSF-FPCLZS
includes ‘C’ interface library developed using Microsoft Language
tools of Microsoft C compiler {(version 5.0) and the assembler for
TMS320C25 assembly language.

To expand 1/0, we want to decode read and write of the
external ports. Appendix B provides a detailed review of the
IN/OUT instructions. From the review of the I/0 instructions, the
minimum signal set required for I/0 expansion is as shown in Table
2.2, and all these signals are available as part of I/0 expansioﬁ

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 filter

specifications are worked out.
2.3.1 Anti-aliasing and smoothing filters

The analog inputs are sampled and digitized by the DSF board.
The condition to recover the original signal from its samples is
given by Nyquist criterion [ 3, 4, 5, €, 10] which states that,
A base band signal, band limited to B Hz can be‘ exactly
reconstructed from its samples when it is periodically sampled at

a sampling frequency fS%KEB.




A low-pass -filter with cut-off freguency of ¥ Hz can
reconstruct the original signal by interpolation if the sampling
frequency 15 higher than 2E. This filter is known as smoothing
filter. ’

If the signal has frequency components above f /2, the
shifted frequency spectra overlap and the low freguency
will be added to high freguency component close +to f§ /2. This
undesired components are called aliasing noise and the effect is
known as aliasing. The effect can be reduced by low-pass
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 the speed
of processing and the storage requirements. Hence it is desirabile
tec use the lowest possible sampling rate, acceptable for the given
application. If the signal freguency of interest extendcs HE fo . By
then we can use a low—pass filter to eliminate the frequency
components above this. However, physically realizable filter has
finite ransition band between pass—-band and stop-hand. The

pass—band edge (f ) of the filter should ke fp > B. If the edge of

Y
[ =3

the stop-band is ¥ , we can select the sampling rate r_ = Z¥_.

n

The maximum freguency to he retained is application specific.
Hence to make the signal conditioning unit useful for a wide range
of applicaticns, the anti-aliasing filter and the smoothing filter

should have procrammable cut—off frequency.
2.3.2 Notch filter

For some applications, i1t may be required tc reduce +the
power—line interference. With the »DSE board, the signals are
discretized and then processed. Hence the filtering of the input
signal can be done digitally. However, due to strong interterence
waveform at the input of A/D converter, most of its input  dyrmamic
range may get wasted. The resolution with the ﬁfD‘CGHVEFtFF can be
improved, if the signal is first filtered by a hardwares notoch

filter and then sampled.

«




To retain the maximum possible signal information in the band

around the notch freguency, a notch filter with a narrow bandwidth
is required. Since the power-line frequency may vary over a narrow
range, 1t is required that the notch filter with wvariable notch
frequency is required. Such a filter may be used as a power—line
tracking filter. A circuit can be developed which tracks the
péwer—line freguency and generates a clock of frequency 188 times
this frequency. The clock input which controls the notch freguency

may be derived from this power-line tracking circuit.
2.3.3 Filter Specifications

Ideal low-pass filter has flat magnitude response in  the
pass—band, infinite attenuation in the stop—-band, and immediate
transition from pass—band tc stop-band, and a linear phase
response in the pass—band. FPhysically realizable filter has
typical magnitude response as shown  in Fig. 2.5¢a) {113+ The
selection of pass—band edge fD depends on the application. Over
the pass-band the filter rezpbnae exhibits some variation in  the
pass—band gain, and ratioc of maximum gain to minimum is known as
ripple in pass—band gain ﬂD generally specified in dR. Aalsc the
attenuation in the stop*ba%d varies with freguency.  We éénerally
refer toc some minimum attenuation ﬁmin in the step-band. Further,
there is a finite transition band between the pass—band and the
stop-band, and we define the transition ratio Qq as the ratic of
the stop-band edge fa to pass—-band edge fp. i

For a particular application, first the filter param=eters
such as pass—band edge * . maximum allowable rippie in  the

=

pass—hand Qp’ minimum stop—band attenuation A ang transition

min®
ratic Qq are decided. Thnen the order of the +filter required for
different standard filter functions is calculated, fullowed by
selecticon of one of the filter function. The transter function of
the selected filter #unctlon for the order ohtained is thén
evaliated. Finally the transfer function is implemented using

physical! devices.




The application we are interested in 1s designing an
anti—-aliasing filter. Since we want the cut-off frequency of the
filter as variable, pass—barnd edge fp is kept variable. S50 we now

need to decide upon maximum allowable pass—band ripple Qp, minimum

stop—band attenuation Amin’ and transition ratio Q_.
Specifications for the anti—-aliasing filter depend on the
resolution of the guantization system (A/D converter) which

follows the anti—aliasing filter and the noise (outside signal
band} present at the signal inputfi21. ]

The resoclution of the guantization system, called as
quantization step, depends on the number of quantization bits.
Since the change in signal level less than the guantizaticn step
can nct be detected by the A/D converter. Hence the permissible
change in the signal amplitude i.e. the maximum allowsble gain
variation, in the pass—band Ap should be half of the guantization

step or less and is given as (Appendix A)

Ap (dB) = 280 log (1. 3+ 28}
where,

&% 1y w2 =1

The minimum attenuation in the stop-band depends on the number of
gquantization bits as well as signal-to—noise ratio (SHNR) at the
filte - input due to noise outside the signal band. The filter
should reduce the noise in the stop—band to such a level which 1is
lower than the quantization noise. For number of guantization bits
n and SNR of p dE. the wminimum attenuation reguired ain the

stop—band is

> =% = 5
Amin (dB) = 6&6n o 225

The selection of transition ratio Q: depends upon the application.
The DSF processor THMS 3Z20C25 is a 16 it processor and  the
on—board ADC used is a 1l6-bit ADC. However since the DSF board is

used as a PC plug—in card, it has been empirically found that the

1@
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maximum resclution achievable is 12-hbits due ta unavoidable
digital noise. Alsc for most aof the applications the resolution up
to 1@8-bits would suffice. Hence Filter specifications are
calculated using n = 1@. For n = 1@, Ap was calculated as @.81 dE
(Appendix A}. Haowever, such a low wvalue of Ap is physically

unrealizable, and hence, AP was chosen as @.1 dBR, which is maximum

allowable pass—band gain variation for n = 7. The signal—to—-noise

ratio for the input signal is taken as 288 dBR. Far n = 18, and SNR

of 280 dBR, A . was calculated as =2.74 dR (Appendix A}. a has
T oomin min

been selected as 4@ dR which is higher than the reguired 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 ratic of stop band edge to pass band edge Qs as, QS:

fa/fp = 1.1. Thus the filter specifications are selected as,

= = @.1 dB, & . = 4@ 4B, and O = 1:314
B ¢ 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 reguired for Butterworth filter. Chebyshev
filter and elliptic Filter was calculated as ST 123 7
respectively (Appendix A}. The order required 1is least for the

elliptic filter and hence it is decided to implement an elliptic
filter. For the reasons explained later, dnstead of a seventh
order elliptic filter, it has been decided to implement an  eighth
order elliptic filter. The calculated magnitude and phase response
for the elliptic filter of order 8. is shown in the Fig. 2.&6. aAs
seen from the figure, the magrnitude response satisfies our
specificaticns.

Far some applications, where the wave shape of the signal is
important, it becomes necessary to have a linear phase up to the
pass—band edge {1 }. Howsver the phase response with the elliptic
filter ig highly nonlinear. The Eessel filter provides a gaod
fpproximation to linear phase response. But with a Ressel filter

the magritude specifications listed above and the linear phase,

i1
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both can not be achieved simultaneously. for relatively sharp Qq =

i.1. Hence the specifications for magnitude response are relaxed
to the maximum al lowabie pass—band ripple HD = i dB and
transition ratio O= = 10.

The calculated magnitude and phase response for an eighth
order Bessel filter is as shown in Fig. 2.7. From the figure, ik
can be seen that the phase relationship between input ard output
is linear up to eight times the 3-dB cut-off freguency. Alsc the
maximum pass—band attenuation is less than @.9 dE.

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 BRessel filters canmn be used
as anti—aliasing filter at the input and smoothing filter at the
output depending upon the reguirements.

Typical magnitude response of a notch filter 1s as shown 1n
Fig. 2.3(b) [2]. The specifications for the noctchh filter were
selected as Qp = 1 dE; Qmin =z 24 dR, psss—band handwidth with the
notch frequency of 88 Hz as & Hz, and stop—band banawidth as 1 H=z.
This gives normalized pass—band bandwidth required as @.1, and
normalized stop—-band bandwidth as B.62. The order of the filter
required to sétisfy 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
phase response for thié filter are as shown i1in Fig. 2.8. As seen
from the figure, the magnitude response satisfies the requirements
and hence it is decided to implement a second order elliptic notch
filter.

The signal conditioning wunit which consists o0f low -pass
elliptic filter., low—pass bessel filter; and an elliptic notch

o

filter, is discussed further in Chapter 3

2.4 1/0 EXPANSION UNIT

The DSF boarc nas single analog 1/0. The function ot the 1/0

expansion unit is to enharnce the I/0 handling of 1. board. A

12
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programmable clock generator has alsoc been implemented on the 170
expansion unit board in order to provide variable clock frequency
for contralling the filter cut-off freguency 1in  the signal
conditioning unit. Interfacing the 1I/0 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 1@
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 usec respectively. Hence the maximum sampling rate with
one analog I1/0 is in the range of &6@-75 kSas’s. With I/0 expansion
to four I/0 channels, the maximum sampling rate for each channel
would be in the range of 153-19 kSa/s. Even after accounting for
the multiplexer response time, the maximum sampling rate Tor cach
of the four channels for 1&6-bit operaticon 13 greater than 1@
kSa/s.

The programmable cut-off elliptic low—pass, Hessel low—pass,
and elliptic notch filters are realired using SCF IC MF1@ (from
National Semiconductor). The cut—off frequency of the filters is
controlled by clock input to the switched capacitor circuit, the
cut—off +eguency being 17180 times the clock freguency. Hence to
achieve pregrammable cut—off, we need to gensrate clock of
frequency 100 times the cut—-off freguency desired. These have been
achieved by using a programmable interval timer/counter (PIC). For
our application, the maximum sampling frequency would be around 1@
kSarss ﬁhich restricts the maximum cut—off frequency te & kHz and
hence the maximum clock frequency to S@8 kH». Frogrammable
interval timer, Intel 8253 is used for programmable clock
generation which can geﬁerate three independent programmable clock
frequencies.

The 1/0 expansion unit is discussed further in Chanter 4.

13
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Table 2.1. TMS 320C25 port assignment on the DSP board, FCL-DSP25

Port No. Name Function

Port O IBM PC Port PC Communication Register

Fort 1 Interval 16 bit timer arranged to provide sample
Timer FPort pulse for ADC and DAC Counter is

clocked at 5 MH=.

Pat. 2 1/0 Fort ADC and DAC for I/0 of a single analog
channel with external clock as
sampling source.

Port 3 1/0 Port ADC and DAC for I/0 of a single analog
channel with external clock as sampling
source or immediate sample clock by
IN/OUT instructions.

Table 2.2. Minimum signal set required for I1/0 expansion

SIGNAL IN/OUT DESCRIFTION

DO-D15 1/0 16 buffered bi—directional data bus.

AD—-AZ O Lower 4 bits of buffered address lines.

W/R O Line indicating direction of. data transfer.

I10E o Line indicating access to any 1/0 port.

RESET O Reset line, same as processor reset.

CLK OuTt O Integral sub multiple of DSP system clock.

GND o Signal ground and return path for Vcc.

14




e Ty Sl

_—

CHAFPTER 3

SIGNAL CONDITIONING UNIT

z.1 INTRODUCTION

This chapter discusses the signal conditinoning unit (SCU)
consisting of anti-aliasing and smoothing filters with variable
cut-off frequency. Anti-aliasing filter is required at the input
before sampling, to reduce the aliasing noise which would be
caused during sampling. Also, since the output is sampled data, a
emoothing filter is required after D/A, 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 1least complexity and
order. A higher order filter can be implemented directly or by
cascading several lower order filter sections. Generally cascading
of biguad active filter sections [2, 111, 1is preferred, because
pole—zero locations of individual section can be easily controlled
by circuit components [11]3. Further to achieve wvariable cut—off
frequency, the filters are realized using switched capacitor
filters (SCFs) in which the cut—-off frequency can be controlled by
the clock input [ 7 ., 131].

The standard filter transfer functions are EButterworth,
Chebyshev, inverse Chebyshev, elliptic, and Bessel functions.They
differ in the pole—zero location [11]. Butterworth filter dis 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 éxpense 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

15




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 1is an all-pole network which
offers linear phase response with freqguency, but the magnitude
response is much less selective.

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
bigquad realization by state variable feedback. The working of the
SEFE is considered in brief, followed by a review of the SCF 1IC
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
controlled cut-off frequency, is discussed. This is  foll wed by
the design of the notch filter. The implementation of these
filters based on switched capacitor filter IC MF10 is presented.
The chapter concludes with the tuning of the Ffilters and the

response characteristics obtained for both the filters.
3.2 BIGUAD REALIZATION BY STATE VARIABLE FEEDBACK

Transfer function of & general biquad i.e. a second order

section is,

a:_,,s + al + :i{_..’
His) = (T
:2 + {(w, - 83)s + r,oz
= o [> o
where, Wy - resonant frequency
& - quality factor (frequency selectivity)

The numerator coefficients determine the transition zeros and
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thus the type of the filter, LF, HF, BF, etc (Appendix A). One way
of realizing the biguad form is by state wvariable feedback as

shown in Fig. 3.1. Selecting the state variables x N, as,

&> =3

N
I
<

1 o
= X

- 1
we get,

: = - wz\ — (W /8)x + v

Z o™ 1 g d By i
and therefore,

Vo= - wiv - (w B v+ v

o O o 0 a i

Hence the transfer function between v and v, is,
(=] 1

v 1

= =

N 52 + (wOfQ)s + mi

By wvarying the gains of the feedback paths, w,.-& and

o we

z
a*
can vary the characteristic equation,

2 2
5 4+ (w

Oxg)+w""=o,

a

and hence the roots of the characteristic eguation which are the
poles of the filter. The desired zeros can be incorporated in  the
transfer function by modifying the bigquad of Fig. 3.1, by adding
feed forward loops to it as shown in Fig. 3.2. By wvarying the
gains of the feedback loops, the location of the poles can be
adjusted while by wvarying 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 between v and

vi is then,
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B e — = L

2
V/ a.s + a.s + a

H(s) = ¢ = 22 . S (3.3)
Vi s + (wD/Q)s + wo

This is the general biquad form, also known as universal bigquad
[ #]. There are special biquad sections which give different
filter transfer functions depending upon the wvalues of the

numerator coefficients as shown in Table 3.1.
3.3 SWITCHED CAPACITOR FILTER (SCF)

Frogrammable cut—-off freguency 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. DrA converter can be used for such an

application
[14]. 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
solution to this problem is to implement the filter with
capacitor filter (SCF).

possible

switched

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 wvalue
capacitors and achieving accurate RC time constants [ 7 1, L151.

The working of the switched capacitor filter

is illustrated
AT o S S g

The basic element is a switched capacitor

integrator
made up of a switch, a

pair of capacitors ({(one

and an op—amp. The switch, actually
transistors,

sampling and
feedback},

a pair of MOS
periodically connects the sampling capacitor to input
and to op amp. These two MOS

transistors are driven by
non—overlapping two phase clock.

a

During the high state of phase ¢1, capacitor O

F charges +to
the voltage v, '

S9c1 i d
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puring high state of phase ¢ charge ch is transferred to

C, Thus during each clock period Tc’ an amount of charge Cl is

extracted from the input source and supplied to the capacitor C..

=i

Hence the average current flowing between the input and virtual

ground is,

i =L Vv.e T
RV -z c

I1f sampling period is sufficiently small, then the charge transfer

can be thought to be continuous. Then the output wvoltage can be

written as,

Vo= —= i {#) dt
a == =V
o
c
= - £ I ¥ di
CQTC

As a result the equivalent time constant for the inverting

integrator is,

T = TC(CZ/CI}

Thus the time constant of the integrator is determined by the
switching frequency and the ratio of the sampling capacitor to
feedback capacitor, not by the actual value of either capacitor.

The working of the non—inverting integrator is similar, as
shown in Fig. 3.4. The output wvoltage ¥ for the non—inverting

integrator is obtained as,

Vo= J v, dt

The time constant for the non—inverting integrator is TC(C:/CIJ.
Using MOS technology to implement SCF filter brings
advantages of accuracy and compactness. Hence the switched
capacitor ICs are implemented in the monolithic form using the MOS
technology. Various switched capacitor filter ICs are énmmercially

available, some of which are listed in Table 3.2. National
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Semiconductor IC MF1®@ which consists of two universal biquad

sections has been chosen for implementing the filter functions.
3.4 SWITCHED CAPACITOR FILTER IC MF10@

IC MF1@, from National Semiconductor provides two independent

universal biquad sections fi6]l. 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 1in section

3.%2. All the filter outputs such as, low—pass, high—-pass,

band—pass, all—-pass, are available at cutput 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 SﬂH sets the clock—to—cutoff—-frequency ratio as S@:1 or 186G:1.

The ratio 18@:1 will reduce aliasing problems and hence the
1@@:1 is selected.

ratioc

The clock freguency should be in the range of 10 Hz to 1 MH=z.
Also the product of center frequency (f_) and quality factor &

should be less than Z0@ kH:z.

A biquad realization to achieve different filter
with IC MF1@ is as shown

functions

in Fig. 3I.5. 0One biquad can be

implemented with one section. There are two biquads on one chip;,

and hence up tao 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 follows.
Let,

= 2 3
A RE_,, /100




As shown in Fig. 3.6.,

Vz = (A/s) VI
VJ = (Afs) VE
R R, R,
V_I:_ivi_ e B, = 2 u)
RI R: 94
R R
B 7 7
5 &

From above relations, ocne can obtain the transfer functions for

each of VI’ 22, b3, and bg with bi.
2 7
Ul R ATs
H, (s) = — =~ _=Z (3.4)
Hp 2 . . 2
+ !
Vi RI =+ {RE/RSJAS (REIQ4)A
i VZ ~ RE As -
o ¥ m Z (RIB_ s + (RAR.INZ e
i 1 =T g 2’y
= R 1
Vo =y s+ (R_/R_JAs + {R_/7 _ixn
i 1 il 29
= 2
v B.. (R/R_) s7+ (R_/R_ir~
i = a Z 7 & S a = 5=
rND(S) = = = T (-Jw-')
. R, s+ (RL/R3INs + (R, /R Pl
From Eqns. 3.4, 3.5, 3.6, 3.7, it can be seen that Uﬁ, Vs Vo, and
VB are high-pass, band-pass, low-pass, and notch outputs

Fespectively.

Comparing with the general bigquad form of Egn. 3.%, it can be
seen that each of the biquad parameter virz. Wy . W_ s and gain,
can be adjusted independently by wvarving the corresponding
résistance ratio. The fesonant frequency Wy €an  be adjusted by
ratiog REIR4 « & by REIRB » the notch frequency w_ by RﬁfRd . and
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the gain by RE/RI' Thus for tuning of the filters, w, can be tuned

by R4, @ oy 93, W by 97. and gain by Rl. The parameters w s &

W, apd gain depends on the reguired transfer function. tience
n & -

first the transfer Tunctions for each &F the elliptic

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

catisfy the specifications listed earlier in chapter 2, are

obtained as shown in the next section. The transfer functions are

obtained in the cascaded biquad stages. Each biquad is implemented

as shown in Fig. Z.6. The resistance ratios for each biqguad are

chtained from the parameters for that biquad, which are derived

frem the transfer function for that biquad section.

3.5 FILTER DESIGN

In this section, the design technigue to derive the transiar

functions for each of the elliptic low-pass filter, Fessel

low—pass filter, and elliptic notch filter, is explained. Ve

transfer functions for each of the filters which satisty the

specifications listed earlier in section 2.3, are derived 1in  the

subsequent sections. The transfer functions are derived keeping in

mind that the filters are to be realized using switched capacitor
circuits.,

To achieve variable cut—off freqguency, frequency-—-response

normalization design technique is followed [&, $4 1.
method,

In this
the required specifications are transformed to normatized

low—-pass specifications having a cut-off of 1 rad/s. This
technique offers an advantage in case of the

filters,

circuits wxth &C
that the frequency denormalization can be done by the
external clock which controls the cut-off freguency. The transfer

functions are cobtained in the cascaded bigquad form, so that they
can be implemented with the SCF IC MF 1@, and each of the filter
parameter can be tuned independently.

Tne required filter type viz. low—pass, high-pass, band-pass,
band-reject, etc. can be then obtained from the normalized

low-pass transfer function by appropriate substitution for the
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Rormalr=ed frequency parameter «. ihe transter function obtainad
After the frequency denormalizatian, satisty the regulre i
.Specifications. As  we want ta implement low-pass elliptic,
low—nass Eessel ano a elliptic notch filters, the denocrmalil
far ths low-pass fTilter and notch filter are 1ncluded in th
cec tion.

Foar low pass filter the denarmalized transformation 1s siapl

S1.01pF Ly

Seraliang of =,

T
n
L
i
T
n

{Z8)

™~
T
="
In

It
In

where, o= ow

As seen 1in sectien 3.4, the frequency wvariable 10

transfer function obtained with the switchad capacitor filter, i

i

scaled by a factor A = ancjr A188. Hence by selecting k& = X, thie

denormalization can be achieved. The normalized low—-pass transfer

function is implemented using [0 MELO. The denormalization is thes

done by clock frequeney with denormalized cut—-off freguency 71

RIS LA
=ik

r

The design procedures for the notch filter 1s similar 3 that

of the low—pass filter., First the rormalized specifications &7

ghitelined . The normalized low—nass transTter Tunctiocn Wil I

satisfies these specifications is obtained [2]. The denormalized

neteh filter transfer functicon 1z then obtsined by

substituting

for s as shown in Egn. .18,
H, (s) = H (s 5 =
PR, i) e S
9:

wheres H depends on the bandwidth and w_ is the notch freguency. 0
sSchieve clock controlled notch freguency, the denormalization is
done by selecting w_ = A. [he denormalized notoch ftransfer Tunciin
With wc = A; 1S implemented using switched capacitor filter (O it




{@. The notch frequency is denormalized by the external clock
frequency with f_ = f_, /100 or r_, /50.

3.6 ELLIPTIC LOW-PASS FILTER

The required specifications are listed i1n section 2.3. fAs the
filter is required to have a variable cut-off, the specifications
are in the normalized form. A filter of order =2 7 is required to
meet £he listed specifications (as shown in Appendix A). Since
SCF 1s based on the biquad design, 1t is easier to build ce-rind
order filter section with programmability. Hence it is decided to

implement an eighth order filter. The normalized low-pass

2y 11;: 17]. However, for the specifications decided, the transter
function is not tabulated. Hence the mathematical approximations
for the elliptic filter design adopted in [2], are followed to get
the transfer function for the required specifications.

For elliptic filter,; the cut—off frequency is given by [8],

w_ = 4 W X w_ o, (2.12)

where, wp is pass—band edge and . is the stop-band edge.
Following the procedure availahle in {81, the normalized
transfer function (dc gain = 1, .. = 1 rad/sec.) obtained in the
cascaded biquad form is,
-3

HN(s) = 2.8746332 X 10 Hj_(s) Hz,(s) H\.g(s) H4c'ss

where, -
s+ 14.3482

s+ D.8712s5 + @,2915




2
s + B.0447s + B.92644%

The transfer functions are in the torm of notch function. 1he
parameters for each stage such as the resonance frequency (o
guality factor (&), attenuaticon, and notch Tfrequency (wn} ars
given in Table Z.3. The calculated magnitude and phase response of
this filter is as shown in Fig. 2Z.6.

Comparing the notch filter transfer function,

2 i
s + W
n
H - =
Na{q) 2 2
- . pr
* /)= +
= (wg )= W
with,
y 2 : z
v R (R B o™ ((RR K
- G J'_‘l I" :‘3 7 D
A i z z
Vl hl s ¥ (REIREJAS * (R2/R4)K
it can be seen that the denormalization 1is done by the «clock
frequency, the denormalization factor being A = anclp/lﬂﬁ. For 12
= 1.1, the denormalized pass—band edge-fp, SR cuwt-pff freguency

fc, and stop—-band edge fa are,

Too=  B.0@093%F = 0.81 F
o s =t

. and ¥_ = @.01048r
P qikce & &

L 1k

Each filter parameter wg? Gy w and gain can be adiusted
independently. This s a significant feature of state variatcle
feedback realization. The circuit components are selected so as to
facilitate the independent adjustment of each of the ecircidan

Parameters by adjusting the value of a single resistor. Hence the




components for each biquad are selected as,

1) Select R?

2 Fake Rq = R? and select the value of R

]

) Take R (Q/wGJH?

g
(l:wa)Rz

R Ak e R4

It

2
§) Take R, (I/wn)R?

The circuit components for the four biquad secticns are
obtained in the above manner. The frequency response of each
biquad is simulated and the attenuation of 2.8768332 X 1™ ie
distributed among the four sections. The attenuation for esach
section is selected such that at resonance and for masximum

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

outputs do not reach the saturaticn limit. The value of £/, for

each stage is then chosen so as to give the required attenuation
for that stage. The calculated resistance ratios and resistance
values ftor each biquad, are given in Table 3.4. However si = ali
the resistances can not be obtained as the standard values, e
resistors 93, R4, 95 are kept variable with which the resistance
ratios can be accurately adjusted.

The circuit schematiec of the eighth order elliptic Tilter
based on SCF IC MF 1@, with the actual component values, is shown
in Fig. 3.7. The circuit consists of an input section followed by
two fourth order filter sections. The input section provides an
input over—-voltage protection and the buffering of the 1nput
signal as shown in Fig. Z.7(b). Filter section I, shown in Fig.
S 7(c), provides the filter sections Hlts} and HE(S) with one T
ME 1@, two op—amps, and fourteen resistances. As the attenuaticn
selected for the biquad section 1 and 2 is 25 and i . 5
Fespectively, the filter section I provides an attenuation of

3

82.5, a gain of 12.12 X 18 °. Similarly filter section II, shown

Gy 3.7(d), provides Hj(s) and H4(5) with one IC MF 180, two

Gp-amps, and fourteen resistances. As the attenuation selected for




piguad sections X and 4, is 1.5 and 2.81 respectively, the filter

cection II provides an attenuation of 4.21, a gain of @.23. The
cascaded gain of the two filter sections is then 2.78 X lﬁ_a which

i= the required gain factor in Eqn. 3.11.
=.7 BESSEL LOW-PASS FILTER

Ihe required specifications are listed in section Z.. . #8s fThe
filter is required to have a variable cut—-off, the specifications
aré in the nmnormalized form. [t has been decided o implement an
eightn order Bessel filter.

The design procedure adopted is simiiar to elliptic filter.
The normalized low—-pass transfer function is first obtained ({27.
The denormalization is then done by the clock Tfrequency whnich
fclkleE. For EBessel Tilter, thea
normalized transfer fupction 1s ahtained by normaltizing the

gives the pass—band edge fp as

pass—-band edge. The normalized law—-pass transfer function (dc aain

= 1, w_ =1 rad/sec.} obtained in the cascaded biguad form i=s,
G
HN(E) = 2.0278 X 1@ HJ(S} HEfSJ Hj{sj H4(sj {ohu B2}
where ,
i
HlfsJ = =
s + D.&78s + 48.43
1
H.{s) = =
- s° + B.73b6s + 3B.S56
1
H (5) = —3
) s+ 10.409s + 33,93
i
Hyle) = g
s+ 11.1758s + Z1.977
Each bigquad is in the form of low—pass filter tramster

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 response is linear up to nearly
eight times the cut—-off frequency and the maximum pass-band

attenuation is @.9 dBH.

Comparing low pase filter transfer function,

1
H, (s) = — 4 with
tp S 2 2
= + :'wQ/l.?)s * mw
v R, 1
H[ (8} = E-g’ = - 3 o ) T =3
Ea v, R, S+ (R/R NS + (R /R, IN®

it can be seen that the denormalization 1s done by the clock
frequency, the denormalizing factor being A = anclﬁ/lﬁﬁ. For & =

1@, the denormalized pass—band edge fp’ Z—dB cut—off frequency t _,

—

and stop—band edge fa Are,

r = 8.891r
o

Ff_ = B.A%16 7
fa} c

and f_ = @B.1r7
&

17 bk clk

Each section the parameters w &, and gain can be adjusted

@!‘
independently. The circuit components are selected so as to
facilitate the independent adjustment of each of the circuit
parameters by adjusting the value of a single resistor. Hence the

components for each biquad are selected as,

1) Select R,

_“=

2) Take RT = (Q/wa)97

=
3 Take R (l/wéjﬁg

]

g

The circuit components for the four bigquad sections are
obtained in the above manner. The frequency response for each
stage is simulated and the gain of 2.027025 X 10° is distributed

among the four sections. The gain for each section 1is selected

Such that at resonance and. for maximum allowable input amplitude,




any of the op—amp or the integrator outputs, does not react

caturation limit. The calculated resistance values for each
piguad, are as shown in the Table 3.5. However since alti the
recistances can not be obtained as the standard values, the

resistors Rj and 94 are kKept wvariable with which the resistance
rati1os can he accurately adjusted.

The circuit schematic of the eighth crder BHessel filter based
on SCF IC MF 1@, with the actual component values, is as shown . an
the Fig. 3.8. The circuit consists of an input section followed by

two Tourth order filter sections. The input section provides an

input over voltage protection and the buffering of the iagput
signal as shown in Fig. 3.8(b). Filter section [, shown 1n Fig.
Z.8(c), provides the filter sections Hl(s) and HE(S) with one IC
MF 18, two op—amps,. and fourteen resistances. As the gain selecten

for the biquad section 1 and 2, i1s 2 and 3

.3 respectively; the
filter section I provides a gain of 200. Similarly filter section
I, shown in Fig. 3.8(d); provides HSISJ and H4(s) with g 18 BE
1@, two op-amps, and fourteen resistances. As the attenuaticn
gelecteg for biguad secticons T and 4, is 188 and 1@l respectively,
the filter section 11 provides a gain of 18108, The cascaded gain
of the two filter sections is then 2.82 X 16° which is the

required gain factor in Egn. 3.12.
58 ELLIPTIC NOTCH FILTER

The design procedure is similar to the elliptic icw-pass
filter. First the normalized low—pass transfer functicn which
satisfies the required specarfications iz pbtained | -2 The
normalized notch filter transfer functionm (dc gain = 1, G,y = 1} ds

then obtained by substituting for s as shown in (3.1@).

In i

H s) = H (s b] ; o
Ng's) N (3.13)
§ & %

s° + &
'R
The second order notch filter satisfies the specifications. Tha
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normalized transfer function cbtained in the biguad form 1s,
=
ST+ B.9975
H. s} = —— — = (3.l
ST+ B.08509s + ©0,9975

s

Ihe Bigqusd - i€ i/  Yhe form of a notch-tilter transfer
function. The parameters W s ty attenuation, and wn dare as shawn
in Table 3.7. The calculated magnitude and phase response af tris

rilter is as shown in Fig. 2.8

Comparing the noteh filter transfer function,

2 =
s - W
n
s5) = e
g (=
- v A6 ) L
5 ¥z {uQ/UJ ¢ i WG
with,
P 2%
V' R (R AR 5"+ (075 200 = < )
] ) = ¢ b 7 &
HNG{SJ = = = === TR 5
12 ) = & 7 T o (N
Vi ﬁi s + (QS Rﬁ)ks (h2194}A

1t can be seen that the denormalization is done by the clock

frequency, the denormalization facior beirng A = Enfclkiimﬁ. The
denormalized pPass—band edges fpl’ ¥oosw o mgEch frequency fq; and

S=dB cut-off frequency Bl A

A A= ] e : = . 3 = A1 F L
pd clé&: p< ciik- rn Ay Tc g rCIL

Each filter parameter Weps &y L and gain can be adjusted

independently. The cirguit Eamponents  are Sslected so as to

facilitate the independent adjustment of each of the circuis
Parameters py adjusting the value of a single resistor. Hence the

COmponents are selected as,

1) Select 5

-

2)

Take Rq = 97 and select the value of Hq

s




%) Take R, = (G/wg)RE

=
=
4) Take R4 = (l/wg)RE
bed
5) Take R. = (1/w _}R_
(=) n e

The calculated resistance ratios and resistance wvalues for
each biquad, are as shown in the Table 3.8, However since all the
resistances can not be obtained as the standard values, the
L Rd’ Ré are kept variable with which the resistance
ratios can be accurately adjusted.

resistors R

The circuit schematic of the second order elliptic notch
filter based on SCF IC MF 1@, with the actual component values, 1s
as shown in the Fig. 3.9. The input over voltage protection is
praovided followed by the buffering of the input signal. source. The
filter is implemented as one biquad,; using one section of the IC
Mf 10, one op—amp, and seven resistors. '‘Hence two notch filters

can be implemented with one IC MF 1@.
Sa9. TUNING OF THE FILTERS

As seen earlier, the resistor ratios determine the
coefficients of the filter transfer function and hence the filter
response. The resistor values are taken so as to get resistance

ratios Rq/R?, R/R and RT/Ré accurately. However the circuit

4!
parameters need to be tuned accurately by adiustment of the
resistance ratios. Each parameter can be independently tuned oy
the tuning procedure for the elliptic, and Bessel low-pass filters

and elliptic notch filter [11].

1. Adjust R4 to get resonance at the frequency Wa At resonance,
the phase shift between input and band-pass output is 180°.

2. Adjust RS to get the desired &, which 15 obtained by adjusting
the gain of the band-pass output at resonance freguency toc unity.

- Adjust Ré to get notch at frequency w s i.e. the tfrequency

where maximum attenuation occurs.




R lTest Results

The eighth order elliptic and Ressel low—pass filters with
sCcE IC MF10 were implemented on FCHs, each filter was implemented
on a double sided PCR of size 185 mm X 118 mm. The second order
notch filter ig also implemented on the PCE with four filter units
implemented on a double sided FCE of size 185 mm X 118 am. The
cut—off frequency is clock contraolled, the cut—-off being lfl@ﬂth
times the clock frequency.

The actual magnitude and phase response of the eighth order
elliptic filter with cut—off frequency at 1 kHz (clock frequency =
1@ kHz) are shown in Fig. 3.18. The pass—band edge fp is B8.95 kHz
and the stop—band edge fa is 1.85% kHz. The observed pass-band
ripple is Ap is 1 dBy which is higher than the designed value of
@.1 dB. This 1is because of the tuning limitations due to
adjustment of the resistance ratios beyond a certain accuracy is
not possible even with the ten—turn +trim-pots. The stop—band
attenuation within the limitation of the measuring instrument, is
S8 dE;, which meets the specified wvalue. The tramsition ratiao has
been found to be equal to 1.1, as specifisd.

The actual magnitude and phase response of the eighth order
Bessel filter with pass—band edge at 1 kHz (clock frequency at 10@
kHz } are shown in Fig, Z.11. The 3-dB cut-off frequency i Z,14
kHz, and the stop-band edge is 1@ kHz. The pass—band ripple HP is
found to be less than 1 dBR. Alsc the phase shift between the input
and the output is linear up to eight times the pass—band edge. The
transition ratio is found to be 1@, as specified. Alsoc the
stop-band attenuation within the limitations of the measuring
instrument is 4@ dB, as specified.

The actual magnitude response of the notch Filter with
Cut-off frequency at 5@ Hz (clock freguency at § kHz) are shown in
Fig. 3.12. The notch is obtained at 49 Hz. The pass band ripple is

found to be 1 dR, pass—band bandwidth at 5@ Hz is 5 Hz, and
Stop-band bandwidth is 1 Hz as specified.




0 (g Values sf the numerator cepeificients sy By y AWD aw 115
e
Egn. 3.1 for different rilter types.

Numerator coefficients Filter type

R B o
() @ A Low—pass filter with
e ! il
pass—band gain Rl Wo
2 @ @ High—-pass filter with
pass—band gain &,
e
] &, @ Band—pass filter wicth
pass—band gain alafmﬁ
I —wQ/Q Wi All-pass filter with

unity gain




Table e List of some switched capacitor ICs. (Source [13])

Manufacturer IE Function

B

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

ME S Universal biguad.
M 6 6th order Butterworth low-—pass.
MF 8 4th order band—-pass.
ME 1.0 Dual universal biquads.
Exar XR—2402 Universal biguad.

Trig—-Tek 7th order low—pass Chebyshev.




Table 3.3 Filter parameters for each biquad stage of the eighth
order elliptic filter of Fig. 3.7.
Stage Wn & w_ Attenuation
i 0.5398 0.6196 P £ 28
= 0.7823 1.654 1.4938 Biei oy
% 0.9163 S.021 1.1491 1.9
4 0.9624 21 .92 1.0624 2.81

Table 3.4 Calculated resistance ratios for the eighth order

elliptic filter given by Egn. 3.11.

Stage 92/93 RE/R4 R?/Hé 91/92

1 0.8711 0.2915 14.35482 23

7 0.4729 06335 2.2316 3.3

& 0.1825 0.8397 1.3204 1.9

4 0.0447 0.9264 1.1288 2.81
Table F.4.a. Designed resistance values (in kQ) for the resistor

ratios given in Table 3.4.
Stage R R R R R

5]

Lh
18

~




Jable 3.5 Filter parameters of each biquad stage of the eighth

order Bessel filter of Fig. 3.8.

Stage W & Gain
1 6.959 1.225 Z
2 6.210 0.710 100
3 5.824 0.559 100
4 5.654 0,509 161

Table 5.6 Calculated resistance ratios for the eighth order Eessel

filter as given in Egn. 3.12.

Stage RQ/R3 92194 RZIRI
1 5.678 48.430 2
2 8.736 38.5468 100
3 10.409 33.7230 100
4 E1:170 B .F77 101

Table 3.6.a Designed resistance values {(in kQ) for resistor

ratios in Table 3.6.




Table 3.7 Filter parameters for the notch filter of Fig. 3.9.

W & w Gain

02987 19.62 0. 2987 1

Table Z.8 Calculated resistance ratios for the notch filter, as

given in Egn. 3.14.

R /R R /R R_/R
/ (=]

= z2 4

k3
b

o

0.0309 Q. 9975 SFFTD ¥

Table Z.8.a Designed resistance values (in k{2) for the resistor

ratios in Table 3.6.

R1 R? RS R4 95 R R

o
~l




CHAPTER 4
I/0 EXPANSION UNIT
4,1 INTRODUCTION

1/0 expansion unit enhances the I/0 handling of the DSF
poard, FPCL-DSFPZ%, from single analog I/0 channel to four analog
1/0 channels. The unit also provides a programmable timer/counter
to generate three clock outputs with their frequencies being
programmable by the DSF board.

The DSF chip THMS 320C25 has sixteen software ports which are
accessed by IN and OUT instructions. On the DSFP board, PCL-DSFZ25,
cut of these sixteen ports, one port is used for analog I1/0, one
port is used to write terminal count in the programmable
timer/counter to rumn interrupt based programs, and one port is
reserved as PC communication register. The ports used by the
on—board peripherals on PCL-DSFP25, are as shown earlier in Table
2.1. We can use remaining software ports for the I1/0 expansion and
to provide a programmable timer.

Various schemes for 1/0 expansion are possible. However the
scheme should be such that the maximum sampling rate fc each
channel after the 1/0 expansion should not be less than 10 kSarss.
This criterion is set so that even after the 1/0 expansion, most
of the audio range applications can be served. Also the scheme
should be such that no hardware modifications are required on  the
DSF board.

As discussed in the previous chapter, the elliptic and Hessel
filters, with programmable cut—-off freguency, 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 1/1&0”’ times - the clock
frequency. Hence to achieve programmable cut-off, we need to

generate clock of fregquency 100 times the cut—-off freguency

desired. For this purpose programmable interval timer/counter




is interfaced with the DBF board.

This chapter firet discusses the 1/0 expansion block of the
1/0 expansion unit. The chapter reviews two possible schemes for
1/0 expansion. To*make the system cost-effective, the scheme with
multiplexer and demultiplexer is selected. Design and
implementation of this scheme is then presented. The chapter then
disrusses the programmable 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 is followed
by the design and implementation of the interface between, the DSFP
board and B8253. The chapter concludes with the assignment of the
DSFP ports as used by the board FCL-DSP25 and I/0 expansion unit

developed for this board.

4.2 1/0 ENHANCEMENT SCHEMES

Two schemes for [1/0 euxpansion which satisfy  the guide!ines

set in the previous section are surveyed here.

Scheme A

This scheme makes use of one ADCy; One DAC, and a esample/hold

for each channel. This would mean that to have four analog /0, we

should have three external ADC, DAC and S5/H, considering that one
analog I/0 is already available on the DSF board. We can assign
one software port with each analog 1/0 channel as, channel 1 with
Port 2 or port 3, channel 2 with Fort 4, channel 3 with Port 3,
and channel 4 with Port 6. The scheme requires a decoding logic to
decode read and write instructions for each of the ports, port 4,
port 3, and port 6. Alsc one external ADC, DAC, and a sample/hold
18 required for each of the three channels. This would essentially
mean replicating the on—-board analog 1I/0 interface  a= shown

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

4, port S, and port & respectively.




The advantages of this scheme are,

a. The maximum sampling frequency for each channel would be the
same even after I/0 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 of the I/0
expansion unit. The cost may not be justified for most general
requirements especially in audio range applications where the

maximum sampling freguency of 10 kSa/s would suffice.
Scheme B

This scheme makes wuse of a multiplexer (MUX) for input
channels and a demultiplexer {DEMUX ) for the output channels.
MUX has a number of analog inputs, one analog output and address
lines. The address lines are internally decoded and one of the
inputs appear at the output depending on the logic levels on the
address lines.

DEMUX has one analog input, number of analog outputs and
address lines. Address lines are internally decoded and the input
appears at one of the output channels depending on the 1logic
levels on the address lines.

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 DSFP board places
the address of the required input channel on the address lines of
the multiplexxer. 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, the maximum

frequency with which each channel can be sampled is reduced. @As




ceen earlier, with expansion to four I/0 channels, the maximum
campling 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
zcheme and its potential to fulfill most general reguirements of
four I1/0 channels, with maximum sampling frequency for each
channel as 10 kSa/s, it is decided to implement this scheme for

the 1/0 expansion.
4.3 DESIGN AND IMPLEMENTATION OF I/0 EXPANSION BOARD

To assign one software port with one analog I/0 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-DSF25 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 1logic
for each of the ports, port 4, port 5, and port 6, hardware
modifications are required to be done on the DSF board. Hence it
is required that the scheme be modified.

The modified scheme is as shown in Fig. 4.2. Instead of
assigning a port to a channel, each input and output channel 1is
assigned an address. One port, called as MUX port, is reserved to
which the address of the required input channel is written.
Similarly, one port, called as DEMUX port, is reserved 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 linmes DI and PO. The data lines DI
and PO 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 1, output

data >0001 to the MUX port followed by reading the 1/0 port, port

ENerpor-t 5. Similarly before writing a wvalue to an output




channel, first select the required output channel by writing the
channel address to DEMUX port. The channel address appears on the
data lines DI 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 1is
cplected as the DEMUX port. Writing the wvalues, >XXX0, >XXX1,
SXXX2, *XXX3, to the MUX port 5, selects input channel 0O, channel
i, channel 2, channel 3, respectively. Similarly writing the
values, *XXXO0, >XXX1, >XXX2, »XXX3Z, to the DEMUX port 4, selects
the output channel ©., channel 1, channel 2y channel =
recspectively. The assigned ports and the 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.%. During the OUT instruction, the port address appears on the
lower four bits of the address lines A3-AC. Also during IN/OUT
instructions the pin IDE* goes low. The pin N*/R goes low to
indicate a write operation during OUT instruction. With the help
of AS-AC, IOE , and W /R 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 FORT 4. Data on lines DI and
DG, isllatched by MUX address register U3. Outputs Q0 and Q1 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, i.e. the
occurrence of the instruction OUT PORT 5. Data on lines DI and
DO, is latched by DEMUX address register US5. Outputs Q0 and Q1

of US act as address lines for the demultiplexer Ué and the

demultiplexer Ub6 selects the corresponding output channel as




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 1ICs with proper
joading circuits satisfy the critical timing reguirement 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 ICs are as shown in Fig. 4.5. The
ljoad resistors are selected soc as to give minimum response time
possible.

The sample program to illustrate the I/0 operation with I/0
expansion is included in Appendix C. The maximum sampling

frequency is found to be higher than 10 kSa/s.
4.4 PROGRAMMABLE TIMER/COUNTER

Intel B253 and B254 are widely used programmable interval
timer/counter chips [18]. The maximum input clock frequency for
8253 is 2.6 MHz and for B254 is 8 MHz (10 MHz for 8254-2). For our
application, the maximum sampling frequency would be arocund 10
kSa/s which restricts the maximum cut—-off frequency to & kHz and
hence maximum clock frequency to 500 kHz i.e. 0.5 MHz. Hence 82353
with maximum input clock frequency as 2.6 MHz which is alsoc the
maximum possible oputput freguency would suffice for our
application.

825% has three 16 bit programmable counters which can  be

&

programmed and operated independently in several different modes
shown in Appendix D. We want to operate all the three counters in
mode X to obtain three clock frequencies from 8253. Data sheets
showing functiomal 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
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device. To select a particular counter and its mcde of operation,
a control word is to be written in the control register. i ne
control word format is as shown in the Appendix D. On wri' ng tne
control word, & particular counter is selected with 1its mode of
pperation (M2, Mi, M), mode of data transfer (fW1l, SWW) and count
interpretation (BCD). The count is then loaded in the counter
celected. 8253 has 8 data lines and counters are 16 bit, hence 16
pit count is loaded in the sequence specified in the control word.

To access control register, counter 8, counter 1, counter 2,
there are two address select lines. The control logic unit selects
one of the above for the data transfer. The internal addresses for

these are as shown in Table 4.2,
4.5 DESIGN AND IMPLEMENTATION OF PROGRAMMABLE TIMER INTERFACE

DSF processor TMS 320C25 run at its full speed of 48 #HMHz on
the FCL-DSF2S5 board. This clock frequency can be divided by a
suitable factor and applied as an input clock to 8253. For 8u53,
the maximum allowable clock frequency is 2.6 MHz, hence we can
provide divide by 8, and divide by 16 options to provide a clock
B 2.5 MH=z.

We assign a software port for timer/counte- operation. To
distinguish this port from interval timer port, we will call it as
cut-off timer port. Durimg the execution of the OQUT instruction,
the port address appears on the lower four bits of the address
lines which can be used for chip select of 8253. Since B253 hzas 3
data lines, D7-D@ data bus can be used as data lines for 8283, Two
lines from the remaining 8 bit data lines DB-DIS can be used as
address lines A1, AZ to 8253.

The port & is used as cut—off timer port. Out of the sixteen
data lines, lower eight lines D7-D@, are used as data lines for
B253. These lines are either LSB or MSE, depending upon the
contents of the control register and the order of occurrence. The

two data lines, D? and DB, are used as address select lines A, AZ

Of the timer chip. Depending on the status of these two lines, D?




Snd DB, either the counter ¢, or counter 1, or counter 2, or the
control register is selected. The scheme can be more easily

understood from Table 4.3.
Circuit Explanation

The schematic of the circuit developed to interface the DSF
poard FCL-DSP25 with the programmable time/counter chip 8253, is

included in the schematic of the I/0 expansion unit shown in Fig.

U7 divides the clock out from the DSF board (20 MHz) by &
factor of 8 to provide a clock of 2.5 MHz. This is applied to 1i/p

clock of the B253.

The decoder chip Ul decodes occurrence of OUT Fort 6. Either
the control register, or counter O, or counter 1, or counter 2 is
celected depending upon D?, D8. The data, D7-D0, is internally
latched into the selected register or the counter. Hence no
esternal 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 freguency.

4.6 SUMMARY

The I/0 expansion unit has been developed for the DSF board
PCL-DSFP25. The unit consists of an 1/0 expansion block to expand
the analog I1/0 from single channel to four channel, and a
programmable timer/counter interface. The I/0 expansion unit is
implemented on a double sided PCE of size 215 mm X 110 mm.

After the analog 1/0 expansion, the max imum sampling

frequency for each channel is found to be higher than 10 kSBa/s.
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Also three programmable clocks, each independently programmable by

the DSP board are available. The clocks from the E/0

eXpansioan
input clock to the SC filter based
low—pass filter in the signal conditioning unit.

unit are applied as the




expansion.

le 4.1. DSF port and 1/0 channel address

assignment

Fort & - MUX port to select i/p channel.

Data output to port 4

I1/F channel address

=504 D
8 a O
9] i 1
& ) 2
a8 1 3

Fort 4 — DEMUX port to select o/p channel

Data output to port S5

0/F channel address

D1 Do
(0] Q O
0 it 1
1 (9] 2
il 1 i
1= S Address select 1logic programmable timer/counter
8253.
Al AC Selects
0 Counter ©
O 56 Counter 1
3k 9] Counter
1 1 CR
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le 4.3. Assignment of DSP port and data lines for programmable

timer interface.

Fert & — Cut—off timer/counter port

7 — P@ — B8 bit data lines, either LSE or M5B depending
upon the R/W operation selected and the order of

the loading.

D —-> Al DB —> A0 Selects
O (6] Counter O
O 1 Counter 1
i O Counter 2
1 54 CR
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CHAPTER 5

APPLICATION EXAMPLES

INTRODUCTION

To 1llustrate multiple I/0 handling of the DSP board with the
of the system developed, it is proposed to develop
band—pass filters for the four analog inputs,

a cross—correlation technique for the system impulse

response characterization.

The band-pass filter application makes use of FC for user
interface and deriving the filter coefficients, while the filter
algorithm is implemented using DSF program.

The cross—correlator calculates the cross—correlation

[18, 20] functien 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 ocutput with appropriate signal

conditioning. The sampling rate fq is user—-specified and will be

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

Parameters can be specified for each channel separately. It was
decided to provide a second order band—-pass filter with

USer—-specified parameters resonant frequency fo, and quality

factor @. The filtered outputs are given to respective analog

Output channels. The analog inputs are sampled at the
rate,

specified
and the filtering is done on these sampled data.

The digital filter for the user—specified parameters is

Obtzined as follows. First the analog band—pass fiiter transfer

Unction is obtained. From this, the digital Ffilter
Unction

transfer

is derived by bilinear transformation from s-domain to

~domain [2], while doing this transformation, pre-warping of the
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response freguency alsg has to be done,

The transfer funetion of the second order
filter is

analeg band—pass

wG/Q s
H (s) = 1 )
B -
P 52 + (wG/G) s + wg
= 2 a
where we Lnr@.

The corresponding digital filter transfer function after

bilinear transformation with appropriate frequencv pre-warping

bay[nj = ai,:f(m-zj + aaxfn} - b;_,y{n—_?] - blyfn—lj
{ 5.2}
where,
Ll
b, =1+ (a/@) + d°
& b g
b1 = 2 (g -1)
b, = d° - (d/a) + 1
an = a/a
a, = -d/a
where,
= e )
[ wafhfg

The digital filter obtained is a second order recursive

filter. The coefficients are derived wusing ‘C° program. These

coefficients are properly scaled and are stored in the data memory
of the DSP chip.

The block diagram of the band—pass filter for four analeog

inputs is as shown in Fig. 5.1. The DSP program samples each input

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

MUX port. The digital recursive filter requires the present sample

af input and the previous two samples of both input 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

4re updated with the recent values. The samples are multiplied

With the corresponding coefficients stored in the data memory. The



p/A 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 T
fq and &. Also, the effect of aliasing can be observed and the

reduction in the aliasing noise with anti—aliasing filter and

smoothing filter can be noticed.
5.3 SYSTEM CHARACTERIZATION USING CROSS5-CORRELATION TECHNIQUE

The cross—correlation function [19., 2031 for two signals x(t)
and y(t) is defined as
; . 1 4
rxyfr) = 1im _—J LS (6 s ) VR 5 3 M {5.35)
T—> 0 Jr e
This may be interpreted as the time average of the pFDduct of the
two signals, with one signal shifted (delayed) in  time by 7.
Autocorrelation of a signal can be looked upon as
cross—correlation of a signal with itself.
. g
r):,\:(T) = 1lim — J  x(t-Tin(t)} dt (S.4)
T—> o T ©
For a +truly random signal, the autocorrelation function is
non—-zero only for v = 0 [19].
The block diagram for the system characterization with
Cross—correlation technique is as shown if Fig. 5.2, The linear
sSystem which is to be characterized is excited with random noise.
The cross correlation between the random noise signal and the

System output, is calculated by the cross—correlator.

4
Fo(T) = lim  —2 & x(t-T)y(t) dt

*¥ T T o

vi(t) = %(t) £ v(t) (5.5)
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®
= J x{(t—u)h(u) du
e

Therefore,

T s}
r. (Tl = lim _L p [x(t-t) £ x(t-ulhiu) dul dt
¥ T=>w@ T o i ¢
1 T w©
= 1im —=_ gt pitE=r ) satt=ulhiia) da di
T=>0 T =
1 cw T
= 1im —=" 0 J "xmtE==F x{t-tiihiu) du gt
T2 00 T —o o
1 00 T
= Iim — ) F . iterd ftsw) otd du
T—> T —ow o
fve) " i ]
= i bEEd of Y am —=. b SGird=r ) wdtEsa) gt ga
— T T B

{S.h)
8t — 7 = p. Then ¢ —aspFT = ou. With this substituting we

o 1 T
L (t) = J  hiu) [ lim =t mEp) n(p + T — 0} ogp} du
Y - T T 6
o0
= J hiu) rxx(u—f) du
—0
&8
= g yiE) rxx(t—rj ot o T
—0

(t) is random noise, then
+o0

L;;i_rxx(tﬁf) S S(T)
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rxer) =0 e e 6

ai d-therefore,

+0o
I rxx(t—r) = Iy
-
e
r’\‘.y:'r} = h(t) r*xN{O)
= 5
hit) rxy("r}/ P B (5.8)

Hence cross—-correlation of the output of the system_ excited
with the random noise, gives the impulse response of the system.
he technique is effective even in the presence of noise {1973,
ice due to cross—correlation operation, the effect of the noise
s reduced considerably. The system developed can be used for this

cation which reqguire two analog input channels with
opriate signal conditioning. The algorithm developed can be
ted by evaluating the impulse response for a simple RC low—pass

L ter .




CHAPTER &

SUMMARY OF WORK DONE

6.1 INTRODUCTION

The data acquisition system for the DSF board FCL-DSF25 has
been developed. The system consists of the signal conditioning
unit and I/0 expansion unit. The I1/0 expansion unit enhances the
1/0 handling of the DSF board from a single I1/0 channel to four
1/0 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 1/0 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
signals, the freguency of which is programmable by the DSF board.

The chapter summarizes the performance of the system

developed with each unit reviewed separately. followed by

application examples.
6.2 SIGNAL CONDITIONING UNIT

Signal conditioning unit consists of an anti—-aliasing filter
for each input channel and a smoothing filter for each output
cthannel and notch filters for input channels. For this purpose,
the signal conditioning unit is developed with two units of
€lliptic 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




the input, as may be required Tor some applications, & notch
filter can be used. The specifications tor each type of the Tilter
are listed below. All the Tfilters are realized using switched
capacitor filter to have programmable cut—-aff freguency. The
cut—-off frequency of the filters 1s 1/1808 times the input clock

frequency.

6.2,1 Elliptic low-pass filter

The specifications of the eighth order elliptic low-pass

filter are shown belaw.

A Ferformance characteristics

1. Ripple in pass—-band gain AP < 1 di
2. Minimum stop—band attenuation Amin ) 40 dR
Z. Transition ratio = fa & fp I
4, Cut-off fregquency fc = clock freqgquency fclk/lmm
Pass—band edge fp = @.EB?SS4FCIk
Stop—-band edge fa = @.Bl@48fc1k
K. Electrical characteristics
1. Supply voltage V' - v~ + AV to + 7V
2. Input voltage range (for * 5V supply) ot o
%. Supply current drain 8@ mA tyvical
4. Clock frequency range 500 kHz maximum

556




5.2.2 Bessel low-pass filter

The specifications of the eighth order Bessel low-pass f1lter

are as shown below.

A Ferformance characteristics

1. Ripple in pass—band gain AP < 1 dR

B Linear phase shift :

I+

%

=

Linearity upto pass—-oand edgea

1+
b

Linbearity upto eight tim=s %

the pass—band edge

1t

I

- Fass-band edge T clock frequency fclﬁflam

i

Cut-off frequency fc E.BElbe

1

Stop-band edge e @'1rc1k

The electrical characteristice are same as that of the

elliptic filter.

6£.2.3 Elliptic notech filter

The specifications of the second order elliptic notch fiiter

are as shown belaw.

A. Ferformance characteristics

1. Ripple in pass—-band gain A_ “ 1 8R
=

2. Minimum stop-band attenuation Amin > 24 dR

i Normalized pass—band bandwidth : @.1

4. Normalized stop-band bandwidth .22

B,  Cut-off frequency.fc = clock frequency fclkflﬂa

5&




Notch frequency 7 3.2e99 fc

n 1k
Pass—band edges fpl = @'mu95&rclk
Fop = B.010%8F

The electrical characteristics are same as that of the

elliptic filter.
6.3 1/0 EXPANSION UNIT

The I/0 expansion unit consists of the I/0 expansion block
and a programmable timer interface block.

The specifications of the 1/0 expansion unit are as shown

below.

A Ferformance characteristics

1. Ne. of multiplexer input chsannels 4
2. No. of demultiplexer output channels 4

4. Programmable clock generator :
No. of channels ) =
Frogrammable range 1 kHz to S@0@ kH:x
Step size 4@ Hz

E. Electrical characteristics
1. Operating supply voltage UDD + 3 M
Ves e
- 5 iy
VEE

2. Input voltage range _ 35N
. Supply current drain 200 mA typical
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6.4 SUMMARY

The PCBs developed are assembled in an aluminum box of
dimensions, width = 30 cms., depth = 27 cms., and height = 15 cms.
The I/0 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 examples, such as band-pass filters for four channels,
cross—correlation technique for system impulse response
characterization, etc. can be worked out using the system

developed.
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analog inputs analog outputs

b gl rtrd

SIGNAL CONDITIONING UNIT

(FOUR ELLIFPTIC LOW-FPASS FILTERS,
FOUR BESSEL LOW-PASS FILTERS,
AND TWO ELLIPTIC NOTCH FILTERS)

outputs from filters inputs to filters
4
clock
outputs
FROGRAMMAEBLE
MULTIFLEXER CLOCK DEMULTI! _EXER
GENERATOR

I1/0 EXPANSION UNIT
MUX output DEMUX input

address,
control and
data bus of
DSFP—25

analog input analog output

THMS 320C25 based
DSP BOARD, DSP-25

PC BUS

Fig. 2.1 Block diagram of data acquisition system.
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DIGITAL VO EXPANSION (50 Pin Connector) (Manual Pg 2-9)
VO Ports, Global Memory, BIO, INTO, INT1, READY, WAIT, RESET ANALOGI/O  (Manua Page 55)
DAC
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(PCM 75)
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Fig. 2.3. Block diagram of the DSP board PCL-DSP25 (source :
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CONTROL
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Fig. 2-4. Schematic of analog 1/0 interface on the DSF board

PCL-DSP25 (source : [9]).
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r
P =

Frequency {Hz;

“+

(a}

Gain (dR)

FasTan Taz'p2
Frequency (Hz) ;

(b

A - HMaximum allowable pass—band ripple (dB)

= Minimum allowable stop-band attenuation (dR)

min

*fp — Pass—-band edge (Hz) for a low—-pass filter

fa — Stop—-band edge (Hz) for a low—pass filter
rpi, pr - FPass—band edges for a notch filter

st fa? — Stop-band edges for a notch filter

Fig. 2,5, MHMagnitude response specifications of 1

(a) low—pass filter, (b) notch filter.
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Simulated Magnitude Response of Normalized Elliptic Low—pass Filter
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Fig. 2.6. Frequency response of eighth order elliptic

low—pass filter : (a) magnitude response, (b) phase
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. Simulated Magnitude Response of Elliptic Notch Filter
TO T H H
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b

Fig. 2.8. Frequency response of second order elliptic notch

filter : (&) magnitude response, {b) phase response.




Fhig. Sl Realization of an all-pole biguad section: using state

variable feedback.
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Fig. 3.2. Realization of a pole-zero biquad section using state

variable feedback.
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Fig. S.5. Hiquad realization using switched capacitor filter IC

MF 10
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iN 4148 D2 Ex
- BV
- By
(b)
Fig. 3.7. Circuit schematic of the eighth order elliptic low-pass

filter : (a) block diagram, (b) input section, d{contd.).-.
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Fig. 3.9. Circuit schematic of the second order elliptic notch

filter : (a) block diagram, (b) input section,
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TOMeqsured Magnitude Response of Elliptic Low—pass Filter (f_, = 100 kHz)
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Fig. Z.i0. Measured frequency response of eighth order

elliptic low-pase filter : (a) magnitude response,
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Fig. 4.1 Block diagram of 1/0 expansion with multiplexer and

demultiplexer.
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4.2. Block diagram of the 1/0 expansion scheme.
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APPENDIX A
FILTER DESIGN
Al. Filter Types

Here, the transfer functions far some of the filter types in
the biquad form are ligted. These are derived from the general
second order biquad which is in the form

a=2+a:+a
Z 7 a
H(s) = 5 (Al.1)

2 2
s+ (wG/G)S + wg

1. Low—pass (LFP) filter

=
- E b
Hiplot = (A1.2)

2 2
+ w. s0)s + w
s ( g7 G5 ©a

This has two transmission zeros at s = .

2. High-pass (HP) filter

2
=T (A1.3)

pral

HHp(S) =

2 2
s + (wQ/Q}s + Wa

This has two transmission zeros at = = @.

3. Band pass (BP) filter

]S
= 1 (A1.4)
HBp(s) = e

sz * (wQ/Q)s +: w;

This has one transmission zeros at s = w and one at s = @.
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)

4. Notch (NP) filter

- AL.S
Al Aisy =gl LA B T {(a1.5)
Np b !
52 + (Lo@.-ﬁ‘)g + g.&e
This has two transmission zeros at s = & jwn'
5. All pass filter
2 2
= +
5 L, (Al.6)

sa + (co@/Q)s 4 wé

This has two transmission Zzeros, in the right half of the s—plane

at mirror image location of poles.,
AZ2. Bpecifications of anti-aliasing filter
1. Maximum allowable pass—band ripple 4

The maximum allowable pass—band gain variation A& of the
anti-aliasing filter depends upon the resoclution of the Pquantizer
(AR/D converter) preceding the anti—-aliasing filter. Fhe minimum
signal detection level of the quantizer is specified as

quantization step A given by
a = 2 Vmi(z =3 ¥ (A1.7)

where input signal range is = Um and number of quantization bits
18 "ms

Due to the variation in the pass—band gain, the signal level
changes with frequency. In order that the error introduced during
filtering is less than the resolutien of the quantizer, the

maximum variation in the signal level should be less than A2,
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Let & denote the maximum variation from unity gain. Then for
input signal having a peak voltage of Vm, the maximum peak output
voltage is then V (1 * &). The maximum error introduced in the

m

signal level is then Vmé.

We want

Vmé < 178 A (A1.B)

The maximum ripple in the pass—band HP is defined as
A = 2@ log L(L % &)FA(1 = &) (Al.9)

Since & << 1, we get

Qp < 20 log (1 + 2&) (A1.13)
For number of quantization bits n = 10 and signal range * 3 V
we get
A= 9. 778 % 10
& < 9.77517 X 1@ !
and
A = 0.1 dB (A1.11)

D

However, such a low wvalue of maximum wvariation 1is physicaliy

untrealizable and hence ﬂp was chosen as
A = 8.1 dB
P
By back calculations, it has been found that, fer i me = T the

maximum allowable ripple in the pass—band would be @.1 dE.

2. Minimum stop—band attenuation Amin
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Minimum stop—band attenuation required depends upon the
quantization noise as well as the signal-to-noise ratio at the
input of the anti-aliasing filter. For uniform quantization, the

root mean square quantization error Er is given as [12]
e R i B (. A9

Assuming that the rms value of the signal V = |\ Vo, the

signal—to—-quantization noise ratio is

SAUNR (dBR) = 2@ lag (U:fer) = 28 log [« (En C: O I B Sy

(AL.13%)
For most common signals, o < @.25. For a = @.23, and  for large
value of n, we get,
SANR (dB) = & n - 7.26 (Al.19)
For signal—-to-noise-ratic of p(dR) 4 the minimum required
attenuation in the stop—band gm*n is given as,
A Z i p o= e = B (A1.13)

min

For number of quantization bits n = 18, and SNR = p (dB) = 2@ d%,

we get

A . = 32.74 dB (Aat. 1)
main

We have chosen Amin = 4¥ dE, which is higher than reguired.

A3. Order for different filter types for anti-aliasing filter

The order reguired for Butterwortih, Chebychav, Ressel filters
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that would satisfy the required specifications of the normalized
filter is calculated for each type of the filter L[21].

The normalized specifications are,

A = &1 dB‘.‘
=)
& = ot
s
A . = 40 dBR,
min k

We want w 7 w = 1.1.
& P
Take, wa = JiLX = 0.9534
wp = J 1/71.1 = 1.048

For Butterworth filter the order is decided by,

Alw) = 10 ilog (1 + o®).

Substituting the values, we get order of the filter satisfying the

above specifications as 137.

For Chebyshev filter the order is decided by,

52 o 100.1Ap = A

F(w) = cos (ncos™ ‘w) 3 || =1

y -1
= cosh {(ncosh ~w)

an
£
st

Lty = & % 2°F° {us
A(w) = 10 log L (w’);
We want,

A{1) = 0.1 dB;
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Al(l.1) = 40 dB;

A{l) = 0.1 dB gives,

i

B{1.1) = 40 db gives,

Lii.21) = 10% ;
F(1.21) = 659.34;
cosh {ncosh "1.21) =
ncosh™ 11.21=7.184;

s 1

For elliptic filtei,

== AR
s
= (l_ﬁz)ing
— & pbi= kr)
Gy = 7

s + 2 oy

q = q a,
0. 1A

10 S |

i Sl i S

10 P - 4
log(1s6D)

e N e e H
log(1/qg)

For the given specifications,
k = 0.8621;

k° = 0.506;

&5 .34

= i1

-
L]
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APPENDIX E

1/0 EXPANSION BUS AND I/0 INSTRUCTIONS OF DSP EOARD

he pin—out as=zignment on the I/0 e pansion bus of the DSF
card FCL-DSFZES, "DSFLINKY, iz as shown
|
Direction Signal 1 Signal Direction it
|
o} vce 1 — -2 GND o }‘
(] A15 5 = — 4 A14 0 '
o) A13 5 L6 A12 o
o} Al1 v o L 8 A10 o
o} A9 - 9 - L 10 A8 o 1
0 GND 114 € |12 CLK/2 0 ‘
0 RESET 134 O L4  xF 0
| BIO 15 ; 16 IACK )
| INT1{ 174w F18 . INTO |
[ WAIT 194 2z F20  READY |
o) GME Lo e . IOE 0
0 W 234 0 Fo24 GND 0
o A7 254 U f26 A6 o
0 A5 oy - 28 A4 0
0 A3 294 Z  +30 A2 0
o} A1 34 H La A0 0
o GND g4 & Lo D15 1o
I/ D14 35 - (') L 36 D13 o
/0 D12 374 ©n 38 D11 o J
110 D10 30 ~ 40 D9 o)
110 D8 41 4 - 42 D7 o)
e} D6 43 4 L 44 D5 7o) |
o) D4 45 - - 46 D3 o il
/0 D2 47 - 48 D1 I/ |

I/0 DO 49 L 50 GND 0 i l




B2. IN/OUT Instructions
This section provides a detailed review of the [N/O0OU]
instructions. This DSP board support direct as well as indirect

addressing.

Direct Addressing t Data memory 1s divided inte number of

pages. Page pointer rpegister points to the base address, and

offset (dma) from this page is specified in operand. For example,
ouT <dma>, <PA>

with base of the page pointed at @x40@; FA = 3; and dma = 41, does

the transfer of contents of data memory @x481 to port 3. Bimilarly
IN <dmarx, <PA»

does the transfer of the data in the reverse direction.

Indirect Addressing @: DSF supports some hardware registers which

can be accessed by the software instruction to facilitate faster
operation. The contents of the auxiliary register gives the data
memory address. For example,

ouT <AR> , <PAx
with AR = 23 (ARZ) = @x400, does the transfer of contents of data

memory location @x40@ to port 2. Similarly,

IN <ARY, <PA>
does the transfer of the data in the reverse direction.
During execution of IN/O0UT instructions, the following
oCccurs:

1. A pin IOE goes low, to indicate IN/0OUT ocperation. The pin
remains high otherwise.
2. The port address appears on the lower four bits of the: address

lines.

3. W/R pin goes low to indicate write operation for O0OUT and

remains high otherwise.

4. Contents of the data memory appears on data lines.




APPENDIX C |
Program Listing

F1. Sample program to illustrate I1/0 expansion.

('C" and DSF THMS 320C25 assembly language)

P2. Programmable clock generation.

('C* and DSP TMS I20C25 assembly language)
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=X,

/¥ Ihis program takes the input from the selected input channe!

and outputs it to the selected output channel. ¥/

# inciude <stdio.h>
# 1nclude <conio.h:
tnclinde <dos.h>

# include <stiZSdev.cr

main()
{
igt 1,;0%
SelectBoard(1l); /¥ Selects the DSP board (1) %/
WarmStart(); /% Allows a user—progra Lo
interface with the TMS board,
without interfering with any
program already running on

the DSFP board.X%x/

clrscri):

printt(“"This 1s a sample program to illustrate the I/0 expansion”
Vet the DSPE board FEE=DSP235") 3

printf(”"Enter the input channel address 5T e O S

sean (" Ad" +&1) 3

prantt("Enter the output channel address (8 — 3) = ")3;

scanfi{ Y Ld" . &0) 3

FutMemls( 'd” ,@0x488,1) /% Store input channel address
in data memory location >43@0 of
DSF board.X/

FutMemlsbd( 'd’ ,8x481,0) 3 /% Store output channel address
in data memory location >4@1 of
DSFP board. X/

LoadObjectFile("test.mpo"); /¥ Load the assembly language
program in the program memcry of
the DSF chip at the address

specified in the program.¥/

Reset{}; /¥ FPulses the hardware reset signal
to the DSF board, sets program
counter to @, and allows the

processor to run.X/

i00




Pl. Sample program te 1llustrate 1/0 expansion (assembly language)

¥ ¥ x

X ST

¥ X X

¥ ¥ ¥ ¥ X ¥

¥

¥ ¥ X %X x

¥ PROGRAM TO FROVIDE AN INTERRUFT DRIVEN ECHO FROM ADC TO DAC
¥ WITH ADC CONNECTED TO THE SELECTED INPUT CHANNEL AND DAC

¥ CONNECTED

TO SELECTED QUTRUT CHANNEL

# THE FOLLOWING LINES MUST BHE INSERTED BEFORE RUNNING THE CODE:

LEla
LK1Z2a
LkEl13a

¥ DEFINE ADDRESS CONSTANTS

FAGE®R
IMR
TEMF
VAL

TIM

ADC

DAC

¥
ICHADD
¥
OCHADD
b

MU X
DEMUX

¥ DEFINE DATA CONSTANTS

TIMVAL
IMASK

¥ BET ISR VEETBOR

EQU

EGQU

EGQU

EQu

EQU

EGU

EQL

EQU

EQU

EQU
EQu

0@

)
)

S
&
B

Fage @ of data mem for mem—mapped regs
Address of Mask Register in Page Zero
Word >63 of B2 will be temporary store

Word >64 of B2 will hold output value

Fort 1 is the timer address

Use LK13b to generate processor interrupts.
Fort 2 is the ADC address when using
interval timer clocking (use LK17a)

Fort 2 is the DAC address when using
interval timer. Put link at LKléa.

This has the input channel address selected
by the user.

This has the output channel address selected
by the user.

Fort 3 is multiplexer port.

Fort 6 is demultiplexer port.

Timer value for clocking at about 44kH=z

Interrupt mask to enable INT1 only
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AORG

X

¥ START OF MAIN

X
MALIN AORG
¥
LDFEK
X
LRLEK
SAR
aouT
¥
LRLE
SAR
b 3
LDFK
auT
ouT
EINT
b 4
LOaOr =
X

il
MAILN

et
u)
)

FROGRAM

>400

FAGEQ@

>3, TIMVAL

@, TEMP

TEME T EM

>1, IMASK
>1,IMR

8

ICHADD , MUX
OCHADD , DEMUX

LOOP

Address of the INT1 vector

Branch to service routine

Start of available program area

rage pointer set to @

Timer value in ARG

Store in data memory temporarily

Output value to timer port

Load interrpt mask into AR1L

Fut 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 BF

¥
ADRG
X
ISR IN
ouT
¥
EINT
RET
X
END

VAL ,ADC
VAL , DAC

THE INTERRUFPT SERVICE ROUTINE

Address of ISR

Store the ADC value in data mem

Load data mem value to DAC

Re—enable the interrupts

Return to main program

io2




P2. Frogrammable clock generation ('C° language). |

/¥ THIS FPROGRAM ASKS THE USR TO ENTER THREE CUT-U0OFF FREQUENCIESL
RELIUIRED; DOES THE CALCULATIUNS AND STORES THE AFPFPROFRIATE VALUES
AL THE MEMORY LOCATIONS REQUIRED RY THE ASSEMELY LANGUAGE FROGRAM
"CLOCK.ASM" . CLOCK.ASM DOES THE INITIALISATION OF THE B233 TIMER
AND GENERATES THE CLOUOCEKE FREWGUENCIES. 94 ‘

include <stdio.h>
include <conio.h>

include <dos.h:>

# #* * #

include <stiSdev.c:>

main(}

1

int m at,m aZ.m a3,1 al,l _aZ,)} as:
float al,a2l,ai,templ,templ,tempi,f_al,f_a2,f_a3,cl,c2,ci,cll,cll,cls;

long 1_al,1_a2,1_asi;

|
|
* |
SelectBoard(l); /7% SELECTS THE DSFP BOARD (1) %/
WarmStart();

/¥ FPROGRRM ASKS FOR THREE CUT-0OFF FREQUECIES REQUIRED IN kHz X/
clictser{):

printf{"“This programme sets the clock frequency for the SC-filters.");
printf("Three programmable frequencies are possible.");

printti{“Enter cutofft freg. of filterl {(EKHz) = "“);

scant( V4 E" . &ecl ) 3 /¥ cl = CUTOFF FREQ 1 (KHz} %/

printf{(“Enter cutoff freg. of filter2 (kKHz) = ");

scanf ("L ;&C2) 3 A% cZ = BUTBEF FREG 2 (KH=) X/

G

scanf("4Zf" ,&c3); A% 3 = CUTOFF FREQ 3 (KH=zj) X7/

printF{MEnter cutoftf freg. of fTiliterd (KHz}

/¥ The clock freg. is 2.5 MHz for the B253 timer ;

Ciock freg. = cutoff ¥ 106 x/ . ||

cll = 1 ¥ 1003 /7% CLOCK 1 (KHz) %/
cl?2 = c2 % 10@; /¥ CLOCK 2 (kHz) ¥/
cdd = &8 % 108 /% CLOCK = (KHz) %/
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al = 2300.8 s cit T
azlz = 23508.8 / c12 .
ad = 2508.0 / cl13

1_al = ailg;
i ald2 = a;
1_aXx = a3;

/¥ split into LSE and MSE %/

templ = 1i_al / 254.0;

temp? = 1_a2 / 256.0;

temp3 = i_a3 / 256.0:

m_al = templ;

m_a2 = tempZ;

m_aZ = temp3;

I_al = (int) ((templ — m_al; % 25&);
I a2 = (dnt) ((temp?Z — m a2) & 2567
1l 83 = (1nt) ((temp3 - m_a3l) ¥ 25&);
1 aZ = 256 + 1_a2;

/% FOR COUNTER 1, D? = @, DB 1 38 CEX] fx28rIY EBY £D3y &7
1 a3 = 512 + 1_a3;

/¥ FOR COUNTER 2, D9 = 1, DB

@ ie. ([X] Exx1@] £D1 TH1y %4
m_aZ = 2836 + m_.a2;

/¥ FOR COUNTER 1, D9 = @, DB

1 dE . (L{X] txw@1] EBI [DI) ¥
m_a3 = 812 + m_a3;

/¥ FOR COUNTER 2, D9 = 1, DB = B, ie. ([X] [xx1B®1 [D] (D1} #*/

/¥ Write control word for counter @ to set in squie wave generation. %/

/% DATA FAGE FPOINTER IN "CLOCKE.ASM" = 8 %/

/% FOAR ER; D9 = 1, P8 = 1 ie. CLXE Cxxit] [03 D13 %/

FutMemlé({ 'd’ ,0x400,0x032386) ;

/% COUNTER @ IN WRITE LSB FIRST, MSB NEXT, BINARY COUNT AND SQUARE
WAVE GEN. HMODE x/
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FutMemlséi ‘d” ,0x401,1_a1) 3 /¥ LOAD LSRR FOR COUNTER @ X/
FutMemlé( d’ ,@0x462,m_al); /% LOAD MSB FOR COUNTER @ ¥/

FPutMemls( " d’ ,Bx403,0x@A376) 3
/% COUNTER 1 IN WRITE LSR FIRST, MSE NEXT, BINAY COUNT AND SQUARE

WAVE GEN. MODE ¥/

FutMemlé('d” ,Bx4@04,1_a2) 3 /% LOAD LSE FOR COUNTER 1 %/
FutMemis( "d’ ,@x4@5,m_a2); /% LOAD MSE FOR COUNTER 1 ¥/

FutMemis( 'd’ ,@%406,0x03B6) ;
/% COUNTER 2 IN WRITE LSE FIRST, MSE NEXT, BINARY COUNT AND SQUARE
WAVE GEN. MODE %/

FutMeml&('d’ ,@Bx4807,1_a3); /% LOAD LSE FOR COUNTER 2 %/
PutMemls&(‘d’ ,@x4@8,m_al) ; /% LOAD MSB FOR COUNTER 2 ¥/

/¥ NOW LOAD THE ASSEMELY LANG. PROGRAM AND RUN IT TO LOAD THE
COUNTERS. IN THIS ASM PROG. A BRANCH AT LOCATION @ TO >409 CAUSES

fHE EXECUTION OF THE FROGRAM X/
LoadbjectFile("clock.mpo") 3

/¥ RESET STARTS THE EXECUTION WITH PROGRAM COUNTER RESET TO @ X/
Reset();

X
2 |
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P2. Frogrammable clock generation

¥ ¥ X X X x
¥ CLOCK x
X X X ¥ ¥ X

C_PORT EQU
X

¥ MAIN PROGRAM

START

Laar

AORG

AORG

LDFK

ouT
auT
ouT

ouT
ouT
ouT

auT

auT

ouT

NOF

FORT & 1S CUT-O0FF TIMER FORT.

-0
START

>400

>@@,C_FORT
>@1,C_PORT
>@2,C_FPORT&

+@83,C_PORT
>04,C_PORT
+@5,C_PORT

>06,C_FPORT

+@7 ,C_PORT
>@8,C_PORT

L

106

BASE ADDRESS
AT >400

CONTROL WORD
LSE OF COUNT
MSEB OF COUNT

CONTROL WORD
LSE OF COUNT
MSEB OF COUNT

CONTROL WORD
LSEB OF COUNT
MSE OF COUNT

{assembly language).

OF DATA MEMORY

FOR

FOR

N N

COUNTER

COUNTER @ 1

COUNTER 1

3
s



15 1 74LS04
D2 74593
D& 74L5138
D4 . 4L 5373
S CD 4052
D&. MF 10
13 7 INTEL 8253

APPENDIX D

DATA SHEETS

He» Inverter

Binary Counter

3—to—8 Decoder

Octal Latches

Dual 4 Channel MUX-DEMUX
Switched Capacitor Filter

Programmable Timer/Counter
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SN5404, SN54LS04, SN54504,
SN7404, SN741S04, SN74504
HEX INVERTERS

DECEMABFA 1903 NEVISFD MARCH 19A0

¢ Package Options Include Plastic “'Smnll

Outline”* Packagns, Coremic Chip Carrlers
snd Flat Packages, and Plostic and Caramie
DIPs

e Dependable Texas Instruments Quality and

Reliability

jescription

These devices contain six independent invertars.

The SN5404, SN54LS04, and SN54504 are
characterizad lor oparation over tha full military
temparature ronge of -55°C ta 125"C. The
SN7404, SN74LS04, and SN74504 nro
chorocterized tor oparation from 0°C to 70"C

FUNCTION TABLE (rach inverter]

S§N6A0A . J PACKAQGE
SNG6ALS04. SN54804 .  J OR W PACKAGE
SN7404 N PAGKAGF
SN74L504, SN74504 D OR N PACKAGE
ITOP VIEW)
1a v U vee
1Y Oz 1a[] BA
2A O> 12[) 6Y
2Y [a 1] 5A
JA s 0[] 5Y
¥ Ei af) 4A

GND ] nf 4y

BNBAO4 W PACKAGF
(TOP VIEW)

1A
Y

01y
] A

2A 1 BY
vee [J GND
A D&Y
ay [ 5A
4A 4y

SN54LS04. SN54504 FK PACKAGE
(TOP VIEW)

INPUTS QuTPUT

A v

M L

L H

kgic symbol T

sl i) : S
2“-————‘31 ) 2Y
L 0 1y
U\i!_ LY AY
BA [AR1] (10 5Y
sat13) na

N symbol 15 in accordance with ANSUIEEE Std 91 1984 and

K Pubkication 617.12
cumbints shown arn for D, J. and N packagpas

jogc diagram (positive logic)

iog

> 24y

21

9 10 11

>ouv
mZ Z
Q

SESILUIE M.

L5 ]
o
T

2019
aY
NC
5A
NC
5Y
12 13

>
< o

NE N internn! connng tion




SN5480A, SN5492A, SN5493A, SN54L800, SN54L592, SNG4L8Y3, 1
SN7490A, 8N7482A, SN7483A, 8N74L880, SN74L882, 8N74L8983 i
DECADE, DIVIDE-BY-TWELVE AND BINARY COUNTERS

|
MARCH 1874 RFVISED MANCH 1908 [

BOA. 1S90 ...

Decade Counters

SNBAJ0A, SN54L590 .

J OR W PACKAGE

SN7490A N PACKAGE ‘
92A, 'LS92 . . . Divide By-Twelve Counters SN74L890 D OR N PACKAQE
93A, 'LS93 . .. 4.Bit Binary Counters (Tor Vi)

[ cxaA |
TYPICAL 0 NC
TYPES D 0a
POWER DISSIPATION Ho I
‘00A 145 mw 5 GD ‘
|
‘92A. '93A 130 mwW QND
LS90, 1592, 1593 45 mw ; B B
Qc

wription

tach of these monolithic counters contains four
mastor-slave flip-flops and additional gating to

BN5492A, SN541892 . .J OR W PACKAGE
SN7492A . N PACKAGE

SN741L892 .. D OR N PACKAGE
provide a divide-by-two counter and a three- (TOP VIEW)
stage binary counter for which the count cycle |
length Is divide-by-five for the "90A and 'LS90, CKe
divide-by-six for tha ‘92A snd ‘L592, and the NC .
divide-by-eight for the ‘93A and LS93. :g '
All of tHeba Bountate have s gatad z8ro resst and Vg
the '‘B0A and ‘LSPO alno have gatad ant 1o nine 7

mputs for uses In BCD nine's complameant
applications.

To use their maximum count length (decade,
dvide-by:twelva, or four-bit binary) ol these
countars, the CKB input is connected to the Qa
output. The input count pulses are applied to
CKA input and the outputs are os described in
the appropriate function table. A symmetrical
divide-by-ten count can be obtained from the
‘90A or 'LS90 counters by connecting the Qp
output to the CKA input and applying the input
count to the CKB input which gives a divide by-
ten square wave at output Qa.

logic diagrams (positive logic)

RO(1)
RO(2)

SNBA93A. SNBALS93 . . . J OR W PACKAQE
BN7493 . . N PACKAQGE

8N74LB93

CKB
RO(1)
RO(2]
NC
Vee
NC
NC

.. D ORN PACKAGE
(TOP VIEW)

NC - No Internal connection

‘B0A, 'LBDO 'DZA. LED2 ‘B3A, 'LEDD
L [P 1
L (U3AILUIE
14
CKA e AT, L LN
04y .
CKA e Ch
PReTIYE . 1) | S—
® S
':i“ iy
a b
oKd -f‘-——T- 0
CRD: == it
RPSTRLLLILI
]
LIRS
ULLLE
& gy o 1
iz, L Hopyy A2
;i e |
[ oz Al
i/, \
o '.._LD“
Ny
Thos Jowindd B rovpasats Bl bt Gt D wiu Lot alutuin e unly el i Dt Uiniably ata higly laval ;
Jus vurnburs shawi wi 1 aio 1or tha ESEI antl UJA snd puinuinburs shidwn wil Laru lor the battrd |
{
|
|




SN5490A, '92A, '93A, SN54L590, 'LS92, 'LS93,
SN7490A, '92A, '93A, SN74LS90, 'LS92, 'LS93
DECADE, DIVIDE-BY-TWELVE, AND BINARY COUNTERS

‘90A, °LS90
BCOD COUNT SEQUENCE
({See Note A)
oo o]
Qp Oc Oy 0a
e e
1 L L 1 H
2 L L H L
oy Ly "ok
4 L H L L
o L H L H
by 1 H " L
1 (S | el Y |
H H L i L
S o I O
‘R2A, LRD?

COUNT SEQUENCE

‘90A, ‘LSS0
BI-QUINARY (5-2)
(Seo Note B|
COUNT OUTRUY
Qa Qp Q¢ Qg
o e
L L L =
? L L H L
3 L k& H H
4 DR R 1
- H L L L
6 H L L H
! M L H L
A H L H H
9 H H & L
‘90A. ‘LBRO

RERET/COUNT FUNCTION TABLE

(Sae Note C) RESET INPUTS ouTPUT
ouUTPUT =
COUNT |-——-— ] Rot1) Rorz) Rai1) Rgi21|Op Q¢ Og Qp
Op Q¢ Og Qa H H L X | G ) S
0 T C R e T T H H X £ L N
1 E L L H x X H H ML Lo
? L L H L X L X L COUNT
] L L H WM L x L X COUNT
4 [ER R A T L x x L COUNT
L] L [ S H X 1 L X COuNT
0 ML L L -
! H L L H
'93A, 'LS93
[ H H
o . H :' COUNT SEQUENCE
2 L (See Nowe C)
10 H H L L OUTPUT
1" H H L H COUNT
e et s e Op Q¢ Qg Op
0 (S T TR E
! (O i P F
‘92A. °L592, '93A, 'LS93 2 i | i
RESET/COUNT FUNCTION TABLF
S s ! Ly 1
RESET INPUTS ouTPUT ) L BN
2o B ] L H L L
fotn _ Rotz) |9p Oc Qg 0Oa | A G
H " (T g R ) ¥ »
L X COUNT & g I QRO
] H H H
X L COUNT =
—— 8 HY Rl B
ATES A, Output O 4 i connactad 1o Input CKA for BCD count H
B. Output Qp It connecied to input CKA Tor bl quinary 9 H L L
EaliRi 0 Wk CHL
C. Output O 4 ls connacted to Input CKA 11 H L H 1]
0. M= high tavel, I. = Iow leval, X - rislevant 17 M i L 1
"7 H M L H
. 11 H H L
15 H H " H
witching characteristics, Vec =5 V. Ta=25°C
FROM TO '90A ‘92A “03A
t TES NDITIONS unIt
PARAMETER (INPUT) (OUTPUT) i ONS N TYP MAX|MIN TYP MAX|MIN TYP MAX
i Q a 4 32 42
= cK A 3?7 ? 32 2 Mkt
KB . g 16 16 16
(o 1 1
T B o 016 10 16 0 L .
PHL 12 1R 12 1B 12 18
3 4 3 4R 46 10
PLH i ap 2 8 2 a8 wl
PHL 34 50 34 0 a6 70
15 pF, 01 10 16 01
"PLIY cke 0s C - 15p 6 8 i
_—‘F‘”L Ry 40041, 14 21 14 21 14 21
Soe F ' 71 3 0 16 2 32
WLH s ac saali: Lok ns
T wHL 23 3% 14 23 35
o L 21 32 4 51
~ _PLE cxp ap n
PHL 23 15, 23235 34 5
PHL Se1-100 Any 26 40 26 A0 26 40 [ ns
ap. 0 20 a0
'PLH Set-10-9 T "D——l ~
PHIL 0y.0¢ 26 40
i10




SNG54LS138, SN545138, SN74LS138, SN74813BA
3-LINE TO B-LINE DECODERS/DEMULTIPLEXERS

DFCEMBEN 1972 - AEVISED MARCH 18118

@ Designed Specifically for High-Speed:
Memory Decoders
Data Transmission Systoms

® 3 Enable Inputs to Simplify Cascading
and/or Data Roception:

® Schottky-Clamped for High Performance

scription

These Schottky-clamped TTL MSI circuils ara
tarignad (o ba used In high parformanan
maomaory decoding or data.-routing applicationn
requiring vary short propagation dolay times. In
high-performance memory systems, these
docodars con he usad to minimize the effects of
syatam decoding. When amployad with high-
spoed memorias utilizing a fast onable circuit, the
delay times of these decoders and the enable
time of the memory are usually less than tho
typical access time of the memory. This means
that the ellective system delay Introduced by the
SchottRy:clamped system decoder Is nagligible.

The ‘LS138, SN545138, and SN745138A
decode one of eight lines dependent on the
conditions at the three binary saolect inputs and
the throe enable inputs. Two active-low and ona
active-high enable inputs reduce the need for
external gates or inverters when expanding. A
24-line decoder can be implemented without
oxtornal inverters and a 32-line decoder requirns
only one inverter. An enable input can be used
as a data input for demultiplexing applications.

All of these decoder/demultiplexers feature fully
Lullered inputs, each ol which rapresents only
one normalized load to its driving circuit. All
inputs are clamped with high-pertoimance
Schottky diodes to suppress line-ringing and to
simplify system design.

The SNBG4LS138 and SN54S138 are
characterized for operation over the full military
temperature range of -55°C to 125°C. The
SN74LS138 and SN74513BA are characlerized
for operation from 0°C to 70°C.

il

SN54L5130, SN545138 . . . J OR W PACKAGE
SN7415138, SN745138A . . . D OR N PACKAQGE

I(TOP VIEW)
A 1 Ulﬁ_—_IV(:c
B[ 5[] Y0
Cl:_ 14 :]Y?

2

3

Gan s 1l y?
G2n(]s 121) Y3
G1E5 n;\m
v7[l7 w[] Y5
G [Cln ARG

BNBALB138, BNG4B1I8 . . . FK PACKAQE
(TOP VIEW)

cp4 18(] v1
G2a[5 170 v2
NC 8 16 NC
Gaa ()7 w(lvya
[ARIL] 14(] v4

9 1112 13

- O )

~0ULUWwWn

rZZ > >
a

NC - No internal connaction

logic symbolst
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1 Thaza symbinls arw in sceardnnen with ANBUIFTE 81 A1 1084
and IEC Publication 17 12

Pin numbars shown ara for O, J, N, and W packagas.



SN54LS138, SN545138, SN74LS138, SN74513BA
3-LINE-TO 8-LINE DECODERS/DEMULTIPLEXERS

logic diagram and function table

‘L§138, SNBAS138, SN745138A

ey
¥

l
%

¢
;

G1
ENABLE - 4) T 113)
ineuTs | 934 1P s
28 . 112
=i e
L DATA
P
—f 2 [T 1) va OUTPUTS
(ALl o)
= Y5
A Dot ST
SELECT 2 D [ B e
INPUTS g OD r:—}-
(k4]
=" v
c—bo-——-—cb»— P
Pin numbers shown are lor D, J, N, and W packayes.
‘LS138, SN_‘.'le:l!]. SN74513BA
FUNCTION TAULE
==
INPUTE
- e o -——-——] OUTPUTS
ENABLE SELECT
Gl _G2* [€ 8 A |YD Y1 Y2 Y] VaVYS Y6 YT
X H X X|H H H H HHHH
L X X X X H H H HHHHH
H L L L LlL HHHHAH H
H L L L HlH L HH HHHH
" L i H L|H H L HHHMHH
H L |JL H H{H H H L HHHH
H L H L L H HH HLHMHMH
H L H L H H H H H H L HH
H L H H L H HH HHHLH
H L.|H H H H H H H H H H L
*G2 = G2A + G28
H = high level, L = low lovel, X = urelavant
switching characteristics, Vg = 6V, Ta = 26°C
BNB4ALS138
FROM TO LEVELS
PARAMETER! (INPUT) {GUTRUTI OF DELAY TEST CONDITIONS 8N74L8138 UNIT
MIN TYP MAX
1" 20 ns
i B 2 14 41 n
ni
PHL -mmv Ay
1PLIH Sulect 3 21 27 ns
YL Ry = 2 ki, C_ = 15 pF, 20 39 n
PLH 2 Sue Nute 2 12 18 ns
[l 20 32 "
FHL Enbble Any -
PLH 4 14 26 n
PHL 18 173 48 | o
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SN54LS373, SN5418374, SN548373, SN548374,
SN74L8373, SN74LS374, SN74S373, SN745374
OCTAL D-TYPE TRANSPARENT LATCHES AND EDGE-TRIGGERED FLIP-FLOPS

OCTONER 1976 AFVISED MARCH 19A8

Ina Bingle Package

+ 35tate Bus-Driving Outputs

i Choloe of 8 Latahaes or B D-Type Flip-Flops

+ Full Parsllel-Access for Loading

+ Buffered Control Inputs

+ Clock/Enable Input Has Hystaresis to

Improve Nolse Rejection ('8373 and 'B374)

+ P-N-P Inputs Reduce D-C Loading on

Data Lines ('8373 and 'S374)

‘L8373, '8373
FUNCTION TABLE
OUTPUT ENABLE
ENABLE LATCH e jj symur
L H H H
L H L L
L L X Qg
H X X z
‘L6374, '8374
FUNCTION TABLE
OUTPUT
ENABLE CLOCK D | OUTPUT
L t H H
L t L L
L L X Oq
H X X z

BNBALAITI, BNBALSITA, SNB4ABAT],
BNBA4B374 .. . J OR W PACKAQE
BNTALA373. BN7ALB3I74, SNTAB2T7I,
BN748374 ... DW OR N PACKAGE

(TOP VIEW)
ac' U2 vee
1aj2 19080
102 eJso
20 (4 1770
20[J* '8[]7a
:oga méso
0] (Jep
an(je  13[JsD
4aje 12[]sa
GNDEIO 1 []ct

BNBALE3TS, BNB4LBIT74, BNB4ARITI,
BNB48AT4 . .. FK PACKAQE

(TOP VIEW)

it3




National
Semiconductor

CD4051BM/CD4051BC Single 8-Channel Analog

Multiplexer/Demultiplexer

CD4052BM/CD4052BC Dual 4-Channel Analog

Multiplexer/Demultiplexer

CD4053BM/CD4053BC Triple 2-Channel Analog

Multiplexer/Demultiplexer

General Description

Thase analog multiplexers/demultiplexers are digitally con-
rolied analog swilches having low "ON'" impedanco and
very low “"OFF" leakage currents. Control of analog signals
up lo 15Vp_p can be achieved by digital signal amplitudes of
3-15V. For example, if Vpp = 5V, Vgg= 0OV and Vg = -5V,
danalog signals trom =~ 6V to + 5V can be controlied by digi-
tal wnputs of 0-5V. The multiplexer circuits dissipale ox-
ramaely low quiescent power over the full Vpp - Vgg and
Voo — Veg supply vollage ranges, independant of the logic
slale ol the conuol signuls Whon a logical 1" iv prosent al
the Inhibil Inpul taeiminal sil channoly are "OFF"
CD4UB1BM/CD4051BC 18 a single B-channel mullipluxor
having tiee binary control inputs. A, B, and C, and an inhibit
input. The thres binary signals select 1 of B channels to be
wrned “ON" and connecl! the input o the output.
CD4a052BM/CD40528C is a diffurential 4-channel multiplex-
ar having two Linary conltrol inputs, A end B, and an inhibit
input, The lwo binury inpul signals select 1 or 4 paire of
channels Lo be wrnwd on wnd aonnect tha dilfurantisl ana-
loy Ingulas 1o the diffurental outpuls
CD4054BM/CD40530C 1s a wniple 2-channel multiploxer
having thres separate digital control inputs, A, B, and C, and

an inhibit input. Each control input selects one of a pair of
channels which are connected in a single-pole double-throw
conliguration.

Features

w Wide range ol digital and analog signal levels; digital
3~15V, analog lo 15Vp_p

m Low “ON" resistance: B0} (typ.) over entire 15Vj g sig-
nal-input range for Ypp - Veg = 16V

W iligh "OFF" resistance: channel leakage ol 110 pA

(lyp.) at Vpp ~ Vgg = 10V

Logic level conversion lor digital addressing signals ol

3-15V (Vpp —Vss=3-15V) 1o swilch analog signals to

15 Vpp (Vop—VEe= 15V)

Matched switch charactoristics: ARgy=50 (typ.) for

Vpp—Vee =16V

Very low quiescent power dissipation under all digital-

control Inpul wnd supply conditions: 1 pW (typ) al

Vi Vas= Voo Ve~ 10V

® HBinary address decoding on chip

Connection Diagrams

Dual-In-Line Packages

CD4051BM/CD4051BC

CD4062BM/CD4052BC CD4053BM/CD4063BC
PR LUECwe WIOUT  uran WNIQUT OUTAN  INiOuT
Vv, H 1 (| A 8 C Voo W& I o« @ N ] Vv, i3 T p et R R R )
af (TN (Y [V S [V [T I Be bs o b be B b [T [V (0O (P DO [ VR
Il 1 ] 4 ] ] 1 Il rl 1 ] [ ] [ 1] li II ¥ T T ¥ T i f3 ]I
4 & oulm VWMV Vi o 3y Wy MH Ve Ve S b e 8 o HH Vg Ve
WIOuT w/out W/OUT oulim AT Wiaur | QuTAN iNout
TOP VIEW TOP VIEW TOP VIEW TL/F/5682-1

Order Number CD4051B*, CD4052B°, or CD40563B*

*Pleasa look into Section B, Appendix D for availabllity of various package types.
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AC Electrical Characteristics” Ta=25'C, |, = ;= 20 ns, unless olherwise speciliad.

Note 3: A 11 arm twa arbdirary channala with A hiennd “ONT and 17O

Truth Table
INPUT STATES “ON'" CHANNELS

INHIBIT |C | B | A | CD4061B | CD4062B | CD4053B
Q njojo 0 0x, 0Y cx, bx, ax
0 Q|0 N 1 I1X, 1Y cx, bx, ay
0 (o 30 0 (1 s | 2 2X, 2Y cx, by, ax
0 (01 1 T I | 3 2 . 2 cx, by, ay
0 1100 4 cy, bx, ax
0 3 O s 5 cy, bx, ay
0 2 I e 8 cy, by. nx
0 £ 1 RS e T cy, by, ay
1 ] 5 NONE NONE NONE

*Don’t Care condition.

Symbol Paramefer Conditions Vpp | Min | Typ | Max Units
n7, Propagatlon Dalay Time from Ve = Veg— 0V BV nno | 1200 na
IpzL Inhibil to Signal Output Ry= 1kl 1oV 225 | 450 ns
(channel turning on) C =50 pF 15V 160 | 320 ns
\pHz, Propagation Delay Time from Veg=Vss=0V 5V 210 | 420 ns
IpL.z Inhibit to Signal Oulput AL=1 k0N 10V 100 | 200 na
(channel urning off) C_ =50 pF 15V 75 150 ns
CiN Inpul Capacitance
Caontrol Input 5 7.5 pF
Signal Input (IN/OQUT) 10 15 pl
Coun Outpul Capacilance
(common OUT/IN)
©DA0HY v 90 pF
CD4052 Veg =~ Vgg~ 0V 10v 15 pF
i CD4053 10V 8 pF
" Cios Feedthrough Capacitance 0.2 pF
Cpp Powar quulpnllon Cnpqci'lnn(‘.n
CD4051 110 pF
! CD4052 140 pF
CDA4053 70 pF
Signal Inputs (Vig) and Outputs (Vgg)
Sine Wave Response Ry =10k
(Distortion) hg=1 kHz 10V dieid %
Vig=5 Vplp
Veg =V =0V
Frequency Response, Channel | Ry =1k, Veg =0V, Vis=5Vp.p, Jov 40 MHz
"ON" (Sine Wave Input) 20 logyp Vos/Vis= —3dB
Feedthrough, Channel "OFF" | R =1k, Vgg =Vgg=0V, Vig=5Vp.p,
W iov 1 H
20 logyg Vios/Vis = —40 dB ? Wiz
Crosstalk Between Any Two Ry =1k, Vgg =Vgs =0V, Vi5(A) = 5Vpp fov 3 MHz
Channels (frequency at 40 dB) | 20 logip Vos(B)/Vig(A) = —40 dB (Note 3)
teHL Propagation Delay Signal Veg=Vgg=0V 5V 25 55 ns
pLH Input to Signal Oulput C_=50pF 10V 15 35 ng
15V 10 25 ns
Control Inputs, A, B, C and Inhibit
Control input to Signal Veg=Vgg =0V, R = 10 k11 al both ands
Crosslalk of channel, 10V 85 mV (paak)
Input Square Wave Amplitude = 10V
lpHL, Propagation Delay Time from VEg=Vsgg=0V 5V 500 | 1000 ns
LK Address 1o Signal Qutput C_=50pF 10V 180 | 360 ne
(channols "ON" or "OFF") b - 15V 120 240 ns
“AC. Parsmators arg goarantaod by DC correlalod toaling




National
Semiconductor
Corporation

MF10 Universal Monolithic Dual Switched Capacitor Filter

General Description

The MF10 consists of 2 independent and extremely easy to
use, general purpose CMOS active fiiter building blocks.
Each block, together with an external clock and 3 1o 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 and
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 funclions can be performed by cascading the two 2nd
order building blocks of the MF10; higher than 4th order
functions can be obtained by cascading MF10 packages.
Any of the classical filter configurations (such as Butter-
worth, Bessel, Cauer and Chebyshev) can be formed.

Features

m Easy to use

® Clock to center frequency ratio accuracy £0.6%

® Filter cutoff frequency stability directly dependent on
external clock quality

m Low sensitivity to external component variation

Separate highpass (or notch or allpass), bandpass, low-

pass outputs

fo X Q 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

System Block Diagram

12 6
501100/t [ coNTROL o 4~ |5u
[

e |

1
LEVEL | NOW OVEAL
cuxs| | SHIFT £LoCK L"‘ﬁ\
. L

Vo Vi N/AP/HPy §1y BPyg

Order Number MF10AJ or MF10CCJ
See NS Package Number J20A

Order Number MF10CCWM
See NS Package Number M20B

TL/H/5646-1

Order Number MF10ACN or
MF10CCN
See NS Package Number N20A



Absolute Maximum Ratings (Nowe 1)

Soldering Inlormation

N Package: 10 sec. 260°C
I Military/Aerospace specified devices are required, J Package: 10 sec. 300°C
contact the National Semiconductor Sales Office/ SO Package: Vapor Phase (60 sec.) 215°C
Distributors for availability and specifications. Infrared (15 sec.) 220°C

Supply Voltage (V+ — V~) 14¥ See AN-450 “Surface Mounting Methods and Their Effect

Voltage at Any Pin v+ + 03V on Product Reliability” (appendix D) for other methods of
V- - 03V soldering surface mount devices.

Input Current at any pin (Note 2) 5mA

Package Input Current (Note 2) 20 mA Operating Ratings (Note 1)

Power Dissipation (Note 3) 500 mwW Temperature Range TMIN < Ta € Timax

Storage Temperature 150°C MF10ACN, MF10CCN 0'C < Tp < 70°C

ESD Susceptability (Note 11) 2000V MF10CCWM 0'C < Ty < 70°C
MF10CCJ —40°C < Tp < 85°C
MF10AJ —-55°C < Tp £ 125°C

Electrical Characteristics v+ = +5.00vand V- = —5.00V unless otherwise specified.
Boldface limits apply for Ty to Tax;: all other limits Ty = T; = 25°C,

ME10ACN, MF10CCN, -
ME10CCWM MF10CCJ, MF10AJ
Symbol Parameter Conditlons Typleal T:;“Td DG::‘ Typlcal Tested | Design |Units
(Note gy ™!t (Note gy LMt | Limit
(Note 9)(Note 10) (Note 9)}(Note 10)
V+ — V-|Supply Voltage MIN 8 8 v
MAX] i3 14 v
Ig Maximum Supply Current IClock Appled to Pins 10 & 11 8 i3 i% 8 12 il
No Input Signal
fo ICenter Frequency Range MIN [fg X Q < 200 kHz 0.1 0.2 0.1 0.2 Hz
MAX] . 30 20 30 20 kHz
foux IClock Frequency Range MIN 5.0 10 5.0 10 Hz
MAX] 1.5 10 1.5 - 1.0 |MHz
fou/le |50:1 Clock to Center Fre- [MF10AfQ = 10 Vpiniz =5V | +02 | +06 [ +08 | 02 | +1.0 %
iquency Ratio Deviation  [jyp1pc[Mode 1 ok =250kH2 100 | £15 | 118 | 102 | £1.5 %
fowk/fe  [100:1 Clock to Canter Fre-MF10A|Q = 10 Vpintz=0V | +02 | 206 | o8 | 02| 1.0 %
Quency Ratio Deviation  [ypqpc [Mode 1 lok=500KHz 102 | +1.5 | +1.8 | +02 | +1.8 | % {
IClock Feedthrough IQ = 10
Mode 1 o 10 my
Q Error (MAX) Q=10 Vpin12 = 5V %
(Note 4) Mode 1 brgmosond 22 | ¥9 | 48« | %2 | %8 %
ijz = Qv P
oLy~ 500 kH2 t2 +6 £ ) +2 6 %o
Holp DC Lowpass Gain Mode 1 R1 = R2 = 10k 0 0.2 t0.2 0 +0.2 dB
Vos1 DC Offset Voltage (Note 5) 50 | x15 18 | 50 | +15 mvV
Vos2 DC Offset Voltage MIN [Vping2=+5V  |Sap = V+ -150 | ~185 | —185 | —150 | - 185
baaad mV
(Note 5) max|(fcLk/fe = 50) -85 | -38 -85
MIN [Vpniz= +5V (S =V= | __o 5 i
MAX|(fc i/t = 50)
Vosa DC Offset Voltage MIN [Vpin12=+5V Al Modes -70 | -100 | —100 | —-70 | -100 =
(Note 5) MAX|(fcL /1o = 50) -20 -20 -20
Vosz DC Ottset Voltage Vpin12 = OV Sap=V*+ _ g,
(Nota 5) licLk/fs = 100) %00 400 Y
Vpin12 =0V Sag =V~ = _
(e /1o = 100) 140 140 mv
Vosa DC Offset Voltage Vpin12=0Y All Modes _ ~
(Note 5) (lcukilo = 100) s 14a s

Electrical Characteristics (Continued)v' = +500VandV- = —5.00V unless otherwise specified. ' ’
Boldface limits apply for Tyyn to Tgax: all other limils Ty = T; = 25°C. |

MF10ACN, MF10CCN,
MF10CCWM MF10CCJ, MF10AJ :
it
Symbol Parameter Conditions Typlcal Tested | Design Typical Tested | Design |Units
(Note 8) Limit Limit (Note 8) Limit Limit
(Note 9)|(Note 10) (Note 9)|(Note 10)
Vout Minimum Qutput BP, LP PINS RL = 5k +4.25 +38 +3.8 +425| 3.8 v
Voltage Swing N/AP/HPPIN| RL =35k | +425| +38 | +3.8 | +425| +3.6 v
GBW |Op Amp Gain BW Product 25 25 MHz
SR Op Amp Slew Rate 7 7 V/ps
Dynamic Range Vpiniz = +5V
(Nots 6) g N Y % ar
Vpint2 = OV
' 80 d8
(foLk/fo = 100) 0
Isc Maximum Output Short | Source 20 20 mA
Circult Current (Note 7) Sink 3.0 3.0 mA
e r—




Logic Input Characteristics soldtace limits apply for Ty to Tuax; all other limits Ta = T; = 25°C.

HF‘"::’?:;'C%':;CCN' MF10CCJ, MF10AJ
Parameter Conditions Typical Tested | Design Typlcal Tested | Design | Units
(Note 8) Limit Limit (Note 8) Limit Limit
(Note 9) | (Note 10) (Note 2) | (Note 10)
CMOS Clock | MIN Logical "1" |V+ = +5V, V= = —5V, +3.0 +3.0 +3.0 v
Input Voltage | \yax | ogical "o | YLsh = OV -30 | -3.0 -3,0 v
MIN Logical “1" | V+ = +10V,V— = 0V, +8.0 +8.0 +8.0 \'
MAX Logical "0" | YLsh = +5V +20 | +2.0 +2.0 v
TTL Clock MIN Logical “1" |V* = +5V,V~ = =5V, +2.0 +2.0 +2.0 v
Input Voltage | . ax Logical 0" Vish = OV +0.8 +0.8 +0.8 v
MIN Logical “1" |V+ = +10V,V— = 0V, +2.0 +2.0 +2.0 Vv
MAX Logical 0" | Yish = OV +08 | +0.8 +0.8 %

Note 1: Absolute Maximum Ratings indicate limits beyond which damage to the device may occur. DC and AC electrical specifications do not apply when operating
Ihe device beyond its specified operating conditions.

Note 2: When the input voltage (Vi) at any pin exceeds the power supply rails (Viy < V~ or Vi > V1) the absolute value of current at that pin should be limited
1o 5 mA or less. The 20 mA package input current limits the number of pins that can exceed the power supply boundaries with a 5 mA current limit o four.

Note 3: The maximum power dissipation mus! be d d al elevaled lemperatures and is diclated by T uax. 8 4, and the ambient temperature, Ta. The maximum
allowable power dissipation at any temperature is Pp = (T uax — Tal/8,a or the number given in the Absolute Maximum Ratings, whichever is lower. For this
device, T juax = 125°C, and the typical junclion-to-ambient thermal resistance ol the MF10ACN/CCN when board mounted is 55°C/W. For tha MF10AJ/CCJ, this
number increases 1o 95°C/W and for the MF10CCWM this number is 66°C/W.

Note 4: The accuracy of the Q value is a function of the center frequancy (fg). This is illustrated in the curves under the heading "Typical Peformance Characleris-
nes',

Note 5: Vo). Vo2, and Vg refer to the internal offsets as discussed in the Applications Information saction 3.4.

Note 6: For 15V supplies the dynamic range is referenced to 2.82V rms (4V peak) where the wideband noise over & 20 kHz bandwidth is typically 200 uV rms for
the MF10 with & 50:1 CLK ratio and 280 pVY rms for the MF10 with a 100:1 CLK ratio,

Note 7: Tha short circuit source current is measured by forcing the 6ulp4..-t that is being tested o its maximum positive voltage swing and then shorting that oulput to
he negative supply. The short circuit sink current is measured by forcing the output Lhat is baing tested to its maximum negative voltage swing and then shorling
that output to the positive supply. These are the worst case conditions.

Note 8: Typicals are at 25°C and represent most likely parametric norm.

Nore 9: Tested limits are guaranteed to National's AOQL (Average Outgoing Quality Level).

Note 10: Design limits are guaranteed but not 100% tested. Thesa limils are nol used lo calculale oulgoing quality levels.
Note 11: Human body modal, 100 oF discharged through a 1.5 ki) resistor

Connection Diagram

INV(4,17) The Inverting input of the summing
Surtace Moun! aivd op-amp of each filter, These are high
DusiimLie Fackaus impedance inputs, but the non-in-
=/ verting input is internally tied to
% W[—Lhy AGND, making INVa and INVg be
BPy —|2 19 |—BPy have like sumrning ]untct;ons (low im-
= anca, currenl inputs).
sl i S1(5,16) FSfdls a signal input pin used in the
g o] I allpass filter configurations (see
o el modes 4 and 5). The pin should be
el b o driven with a source impedance of
Yiregd i less than 1 k(. If S1 is not driven
b L with a signal it should be tied to
Lsh—9 12 f—=50/100/CL AGND {mid-supply).
CLk, =10 11— ClKg Sasp(6) This pin activates a switch that con:
nects one of the inputs of each fil-
LIRS ter's second summar to either AGND
Tap View (Sa/g tied to V=) or to the lowpass
(LP) output (Sa/g tied to V+). This
Pin Descriptions offers the flexibility needed for con-
LP(1,20), BP(2,19), The second order lowpass, band- figuring the filter in its various odes
N/AP/HP(3,18) pass and notch/allpass/highpass ot operalion: .
outputs. These outputs can typically
sink 1.5 mA and source 3 mA. Each
output typically swings to within 1 V
of each supply.
{1




m MCS-85™ Compatible 8253

8253/8253-5
PROGRAMMABLE INTERVAL TIMER

-5

= 3 Independent 16-Bit Counters

= DC to 2.6 MHz

= Programmable Counter Modes

The InteM® B253 is a programmable counter/timer device desi
technology with a single +5V supply and is packaged ina 2

It1s organized as 3 independent 16-bit counters, each with a count rate of up o 2.6 MHz_ All modes of operation are sotlware

programmable.

u Count Binary or BCD
= Single + 5V Supply
® Avallable in EXPRESS

—Standard Temperature Range
—Extended Temperature Range

gned for use as an Intel microcompuler penpheral It uses nMOS
4-pin plastic DIP

e CLK D

A - DATA A—n A
CHL SR [T S - T e Garro
BUFFER

—— L]

— CLK 1

o GATE Y

pra OUT

|
Ll JE—s
L 9 meao
WRITE CoMmtEn
A, LOGIC
“
‘[‘ | H

|
Bl S ) |

| |

|

— -
CONTHOL A__Lv]

WORD COUNTEN

Cix2

|>——— GaATEZ

[ 0our 2

AEGISTER [N— £
By
A

INTEANAL RUS <7 [\

b

Figure 1. Block Diagram
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Figure 2. Pin Configuration




The modes of operation for 8253 timer are as

shown,

Mode O — Interrupt on terminal count,
Mode 1 - Hardware one—shot,
Mode 2 — Pulse generator,
Mode 5 — sguare wave generator,
Mode 4 - Software triggered strobe,
Mode S — Hardware triggered strobe.
The control word format is as shown in the Table Di.
CONTROL WORD
D7 D& D5 D4 D3 D2 D1 DO
51 SCO RW1 RWO M2 M1 MO BCD
SC — SELECT EOUNTER RW — READ / WRITE
SCi: SCO RuWi1 RWO 3
O Q SELECT COUNTER O 8} Q ILLEGAL
O il SELECT COUNTER 1 Q il R/7W LSB ONLY
i O SELECT COUNTER 2 1 8] R/W MSE ONLY
kL 1 SELECT CONTROL 1 1 R/7W LSB FIRST |
REGISTER MSE NEXT
M = MOBE BCD
M2 M1 MO 0 BIMARY COUNTER 16 RITS
8] Q Q MODE © a2 BCD COUNTER (4 DECADES)
O 8} i MODE 1
X b E 0 MODE 2
X 5 1 MODE =
1 O 0 MODE 4
1 0 : § MODE S
120




L =0

EZ.

APPENDIX E
PCB LAYOUTS

PCE layout of elliptic, Bessel and notch filter.

FCE layout of I/0 expansion unit.
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Ei. PCB layout of elliptic, Bessel,

Same layout gives the required

component values.
h Component placement

2. Component side layout

S Solder side layout

iz &

notch filter.

depending upon the
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E2.

PCB layout of the I/0 expansion unit.
Component placement

Component side layout

Solder side layout
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