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Editor’s Notes

A & D—INSEPARABLE

You may ask: “Why is a journal
with so much digital contenc still
called "*Analog Dialogue™?

The facile answer is that digital
clectronics is  Dbasically analog,
since it deals in voltage and cur-
rent; the analog values of signals
establish their digital stare. This
argument gains some force when :
you consider chat a digital signal—which arrives buried in noise—

must first be recovered as an analog signal before the digital infor-
mation in it {which may in rurn represent the results of an analog
mcasurement) can be interpreted.

You can also look at it historically. Ever since our op amps were
first used to process analog signals for data acquisition, Analog
Devices, [nc., has been involved in some aspect of the digital pro-
cessing of analog signals. Our involvement increased as we succes-
sively (and successfully) engaged in the manufacture of a/d and d/a
converters, data-acquisition systems, microcomputer /O interface
boards, computer-based measurement and concrol systems—and
now, components and subsystems for DSP. The “agnalog™ aspect
of our mission continues to be the real-world origin of the signals
being processed—and real-world signals are predominantly
analog. Conelusion: When real-world signals must be processed,
Analog and digital are inseparable.

FATTENING UP THE DIALOGUE

i you're a typical reader, you’ve been reading Analog Dialogue for
more than 2 years and are an E.E., working in measurement and
control system design. When you read this magazine, you look first
for applications articles but also have a strong incerest in our new
products. You don't think there's much room for improvement,
but you do need more articles on signal conditioning, nP and «C
interfacing, digital signal processing, op amps, and data-acquisi-
tion systems. The kinds of articles you need are mainly on practical
matters (noisc, grounding, ete.), butalso include utorials, applica-
tions ideas, applications by users (which you're always welcome
to send to be considered), and cookbook examples. You're not
much interested in technology or internal design of our products,
unless it affects their application. You want more: more pages per
issue, more issues per year, more material per article.

These are somc of the things readers cold us in a recerit survey.
We'd been cager to find out if our readers get what they want feom
Analog Dialogie and how we can do a better job. So we sent ques-
tionnaires with the last issue (16-3) to a random sampling of read-
ers in the U.S. A sizeable propoction having been returned and
analyzed, we've drawn this major conclusion: You have given us
a mandate to increasc the proportion of practical, cutorial, and
idea-type articles. In order to do this without reducing the space
devoted to technical information on new products (which you also
want), we intend to gradually increase the total number of pages
in each issue (which you also asked for). You asked for it> You've

gotic. @

Dan Sheingold
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LOW-POWER DIGITAL SIGNAL-PROGESSING ICs

Facilitate Filtering, FFT, Correlation, Averaging, and Much Else
8 X8 and 16 X 16 Multipliers & Multiplier/Accumulators Dissipate <175 mW

The rapid growth of Digical Signal Processing (DSP) has led (o a
wealth of exciting new clectronic end-products wich a wide diver-
sity of applications. The use of DSP has provided improved per-
formance at Jower cost in spectrum and analyzers, transmultiplex-
ers, modenms, medical imaging equipment, IC bondcers, encryption
devices, radars, and more. As the price of DSP circuits continues
o fall—and especially in relation 1o what can be accomplished
with them—and as enginecrs become more familiar with the tech-
niques, we can look forward to a whale new gencracion of clec-
tronic cquipment with significandy improved performance.

WHATIS DSP?

Digital signal processing is not new. [n its mose general form, the
term describes all of the operations that are done by and with digi-
tal logic circuitry and computers to condition or extract meaning
from signals acquired in the real world. However, most computers
process information sequentially, and they have difficulty per-
forming timely and error-free namber-crunching of targe arrays of
fasc-changing dara.

“DSP,’ in a more specialized meaning that has grown increasingly
familiar—the sense in which we use it here—refers 1o techniques
that enhance the computer’s ability to process data rapidly and ac-
curacely, mainly by the introduction of bardware and firmware
thae provide the benefits of parallel processing. For some applica-
tions, a signal processor will be used in conjunction with a large
mainframe ta ofload hairy compucations and provide accelerated
computing ability; at the other pole, the signal processor might
constitute vircually the entire instrument, except for analog dara-
acquisitjon circuits, a certain amounc of digital housckeeping fur-
mshed by a microprocessor, and—of course—user controls and
display.

DSP, in an analogy to analog signal processing, consists of special-
1ized 1echniques using high-performance circuits and programs
that enable signals to be processed numerically ac high speeds,
often approaching real time, i.c., “analog speeds with digital
accuracy.”

Three of these techniques—fileering, correlation, and fast Fouricr
transformations (FFT)—comprise sixty or seventy pereent of all
current DSP pracaice. Another twenty percent involve matrix oper-
ations (muldplication or addition of two matrices) typically re-
quired for graphics and control. These techniques ace briefly dis-
cussed in the following pages.

FILTERING, CORRELATION, AND FFT

Digital filters are used for exactly the same purposes as analog fil-
ters; to pass signals in certain frequency bands and to aceenuate sig-
nals in other frequency bands. Modern digital filcering is carricd
out by performing the successive multiplications and addicions re-
quired to perfarm convolution in the time domain—correspond-
ing to multiphcation in the frequency domain.

To understand how a digital filter works, remember that, in the
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frequency domain, the spectrum of the input signal is multiplicd
by the frequency response function of the fileer circuit to produce
an ourput signal having a predetermined set of frequency compo-
nenes, You may recall char chis muldplication in the frequency do-
main s equivalent to the convolution of avo signals in che tme
domain, i.c., integration of the praduce of the folded inpur time
function, f(7-t), and an indicial response function, g(t), with re-
SpPect Lo time, to give a response which is a funcion of 7. An analog
fileer circuit automatically peeforms the convolation implied by its
physical circuit archicecture and coefficients to provide the (real)
time-domain response, but manually compuced response predic-
tions are casier to perform in the frequency domain, using the clas-
sical continuous caleulus,
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Digical signal processing, however, makes it possible to perform
large numbers of accurate incremental calculations in a short time,
tn digital signal processing, difference calculus replaces differential
calculus, and rime-responsc of the filter can be calculated directly
by convolution. The input signal is already available in the form
of a sampled time funcrion in suitable increments {for all values
of ), the indicial response function for each time increment can
be computed initially and stored in memory, and integration is re-
placed by summation. With today’s components, multiplication
(16 birs x 16 bits) and addicion can be performed rapidly (e.g.,
at 5-MHz rates), repeatedly, ac low cost, and with low dissipation
(less chan 175 mW) and no drift,

A typical digital filtering process is illustrated by (1):

n =1

Y(n) = 2 H(m) X(n — m) (n

m=q

Lach output sample, Y(n), is obtained by multiplying m input sam-
ples, X(n —m), by m cocfficients, H(m), and summing the results.

The filter coefficients, H(m), are weighted in the time domain so
that, when cransformed (o the frequency domain, they describe che
desired filter response. An ideal brick-wall low-pass filter, for ex-
ample, is asquare-wave in the frequency domain; thus the time-do-
main represencation of its amplitude would be a (sin x)/x function
of infinite duration. The H(m) would then be weighted according
to a realizable approximation (o that function. The convolving of
the X(n-m) with the H{m) through cquation 1 has che effect of mul-
tiplying the spectrum of che X{n-m) with chat of the H{m). Since
the frequency spectrum of the H{m) approximates the desired fileer
responsc, the Y(a} represent the corcect values of time response ap-
propriate to the filter characteristic and input waveshape,

Correlation is used to comparc two signals, one of which is trans-
fated in time by a range of time delays. Auto-correlation compares
a signal with delayed versions of the same signal; cross-correlation
compares two different signals over a range of delay times. An al-
gorithm for the digital implemencacion is

n-— 1
R(N) = EX(n\) Yim + N) 0O<N=n-1 2)
m=20

The degree to which X(m), che values of X ar different times, m,
arc the same as the values of Y, Y(m + N), for a given delay time,
N, determines the magnitude of R(N)—and thus the correlation
between the two signals at time N — and provides a correlation
function over all N intherange Oton—1,

As in the casc of filtering, the algorithm employs a large number
of successive multiplications and additions and is thus well suited
for compuration by DSP.

The Discrete Fourier Transform, very similar 1o the function per-

formed by the more-cfficient fast Fourier transform (FFT), is sim-
Y s

ply asampled version of the Fourier transform where:

N -1
Fk) = zf(m) ¢~ i2mmk/N (3)
m =0

The transform variable, k, corresponds to frequency, m to time,
and N is a normalizing factor. The Fourier components, F(k), of
the Discrete Fourier Transform-are equivalent to the H(w) of the
continuous Fourier Transform shown below.

H{w) = h(t) e 7V dq 4)

- %

The fast Fouricr transform performs the same function as the dis-
crete Fourier transform but is much more compurationally
cfficient,

MATRICES

Modern graphics and contral syscems make extensive use of mat-
rix multiplications. For example, to reduce the scale of an object
on a graphics screen one must multiply che address of every point
on the object by a number less than 1. To scale the point P(X, Y, Z}

])'(X) Y» Z) = P(Xy 'Y) Z) ’ S(Sx! S)‘y 57)

S« O 0 0
=[X>Y)Z)]]' 0 Sy 0 0
o 0 S, 0
0 0 0 1
PUX,Y,Z) = (X+S.. Y-S, Z:S, 1] (5)

Similar operations abound in the control and graphics industries.

Note that cach DSP technique requires multipliers, to multiply two
variables, and/or multiplier-accumulators, to perform che muldi-
plication and accumulate the sum of the products. Since the fastest
microprocessors require about Sus o perform a multiplication,
their throughput rate—while performing the many repetitive oper-
atons called for by DSP—is quite slow. To enhance the speed of
computation, dedicated peripheral devices operating at around
150ns per mulciplication are required to obrain the throughput
nceessary for mose of coday's real-world signals. For this reason,
multipliers are today the fundamental building block of DSP. Fu-
ture unit device-functions for DSP will cantain, in addition to mul-
tiplication, cthe on-chip memory, sequencing, and programming
hooks necessary to perform the complete DSP algorithms shown
above atconsiderably lower cost for comparable operations,

WHY USEDSP?

DSP is used to perform many of the same basic functions as analog
signal processing. For example, analog filters and digical fileers
both pass signals in certain bands and atrenuate signals outside
that band. Digiral signal processing, due to its higher cost, is used
only when very high performance is required. For example, the
90th order FIR (finite impulsc-response) filter transfer function
shown in Figure 1 has a rolloff of 80dB/octave and can operate on
50kHzinputsignals. The phase responscin the passband is linear.

The cquivalent 13-pole analog filcer would require ac least seven
op amps, many capacitors and resistors, and a long time 10 design.
Morcover, the resulting filter would noc be stable over time, cem-
perature and power supply fluctuacions; and to make it adjustable
would be a near-impossible task.

Since the response of a digitally implemented fileer is both scable
and caleulable—hence predictable—DSP is ideal for use in proces-
sors where stable implementation of very sharp rolloffs is required

Analog Dialogue 17-1 1983
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Figure 1. Normatlized transfer function of 90-tap FIR
fiter having 0.024% passband ripple and 80dB/octave
attenuation.

(e.g., spectrum analyzers and cransmultiplexers) and/or where it is
necessary to dynamically alwer che transfer function of the system
(e.g., adaptive filtcring in the equalizer of a modem).

The advantages of digical signal processing in product develop-
menc arc substantial: prototype changes are commonly just soft-
ware changes (high flexibilicy), and software simulation of the sys-
tem will reflect the exacr system performance. Simulation of
analog systems cannot duplicate this precise correspandence.
These advantages make DSP desirable in many applications where
predictable performance is an inescapable requirement.

WHY IS ANALOG DEVICES BUILDING DSP

CIRCUITS?

The declared business of Analog Devices is to develop compo-
nents, subsystems, and systems for real-world signal processing,
which includes measurement and control. The cypical elements of
a measurement-and-control loop, and the opporcunities for digital
sighal processing, are shown in Figure 2. [t is easy to sce that DSP
can offer powerful enhancements to this loop. For example, digital
filtering could be used for noise reduction before the signal is pro-
cessed, stored, or handled by the computer; and, for complex com-
putations, an array processor could be used to provide acceleraced
computer performance.

DIGITAL SIGNAL PROCESSING - A NATURAL
EVOLUTION OF MEASUREMENT AND CONTROL

e ::g-'s v
convinTen pBLE S SSOR
ConDG
COMPUTER DIGITAL
on SAGHAL
p PROCESSOM

SFETEM
UMDER
CONTROL

TR |

oA
COMVERTER

ANAL
CONOITMIMING
AND
TRANSDUCERS

Figure 2. Signal processing in measurement and control.

[n digital image-processing, the input to ¢the DSP block would be
video signals, and the output of the digital signal processor would
drive a DAC that provides the intensity signal, as well as perform-
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ing other functions, such as synchronization, etc. (We are already
amajor producer of video ADCs and DACs for those systems.)

Thus, DSP theory is a good fit to much of the signal handling
in measurement and control, and video displays, which in-
volve real-ime signal processing. Also, our circuit-development
and semiconductor-processing competences make it feasible o
produce [C products 1o implement DSP theory ar low cost and
with low power cansumption. Since DSP has such high potential
applicability to our present measurement and control business,
and DSP can now be economically implemented, and because our
entry into the market as a competitor will clearly benefic all users
of DSP—present and future—Analog Devices is making a strong
commijtment to the development, manufacrure, and sale of prod-
ucts for DSP.

LOW POWER MULTIPLIERS AND MACS

As the first DSP fruits of our ten years of experience with CMOS,
we have devcloped and manufactured the industry’s first low-
power CMOS mulupliers and mulciplier-accumulators. Four de-
vices, pin-compatible second sources to industry-standard § x 8
and 16 x 16-bit multipliers and mulciplier/accumulators, offer
speed comparable to bipolar and NMOS devices but dissipate only
Yaoth as much power. Thus, as Figure 3 shows, we have minimized
the designer's necessiry for a speed/power cradeoff,

3 —~ MPY0164
AM29516 ~ 3um
Q¥sum MPYMSH
‘E 44 MPY16HD
=t IPOLAR
z MPY016K* Y TO O
! Tum
g 3 |NM05 E !
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£ emos [
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@ 4 WTL1016 |
[=] Jpm .
= [ L *NOT AVAILABLE
5 AT THIS WRITING
g
14—ADSP* ADSP- 1016
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0 mw LS
2|-lm
o T +
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TIME FOR 16-BIT MULTIPLICATION - NANOSECONDS

Figure 3. Dissipation vs. multiplying time for typical 16 X 16
multipliers.

The ADSP-1080” is an 8 x 8-bit multpher with 100mW
maximum power dissipacion and 85-ns typical} multiplication
time (compare: 1.65W and 65ns for the TDC-8HJ). The ADSP-
1016 3sa 16 % 16-bit multplice with 150mW maximam power
dissipation and 130-ns typical cycle time {cf. 4.5W and 100ns for
the MPY-16)). Prices for commercial-grade ADSP’s in ceramic
DIPS are $45 (8 x 8)and $147 (16 X 16) in 100s.

A muldplier/accumulacor  that is  pin-compatible wich che
TDC1008], the 8 x 8-bit ADSP-1008* offers typical cycle time
of 100 ns with }00-mW maximum power dissipation (vs. 70 ns
and 2.15W), The ADSP-1010,* a 16 X 16 device that is pin-com-
patible with the TDC1010J mulciplier/accumulator, specifies typi-
cal cycle time of 150 ns and maximum power dissipation of
175mW (vs. 120 ns and 5.5 W). Power dissipation specifications
are guaranteed over the ADSPs’ respective ambient temperacure
ranges. Prices for commercial grades in ceramic are $65 (8 x 8)
and $198 (16 x 16)in 100s.

® For rechnical data usce the reply cacd.
} Typical’ means maxinusn multiplicadion cime a1 25°C,



Although slower at 25°C, the CMOS ADSPs® speed—temperature
cocfficient of 0.3% per °C (typical) results in specds comparable
to those of the older bipolar devices at 4+ 125°C. For example, at
+125°C, 16 x 16 multiplication typically requires 175ns for the
ADSP-1016, compared to 185ns for the MPY-16H]. Furchermore,
unlike devices with high dissipadion, the cool-running CMOS
ADSPs are specificd at ambient scill-air—rather than case—tem-
peratare. All models are available for both commercial and mili-
tary temperature ranges, and the lateer are available with process-
ing to MIL-STD-883B; low power-dissipacion also allows che de-
vices to be offered in leaded chip carriers.,

The ADSP devices are fabricated in a proprietary oxide-isolated
bulk CMOS process emplaying an casily atained S-pm feacure
size. High specd is achieved through such time-saving circuit tech-
niques as: feedforward carry circuits, modified Baoth algorithms
and conditional-sum adders.

Figure 4 isablock diagram of the 8 X 8 ADSP-1080 CMOS multi-
plicr. It consists of an asynchronous muldplier array, a pair of §-bit
input registers, a pair of 8-bit output registers, and concrol logic.
The hard-wired muldplier array performs fong multiplication,
radix 2, much as you would do it wich pencil and paper—but wich
additional tricks, mentioned above, to simplify and quicken the
process. In order to avoid loss of accuracy in later compu-
tadions due to roundoff error, all 16 output digits are preserved
{multiplication can double the number of bits, for example,
(11 % 11), = 1001 5).

ADSP-1080

LSP
OUTPUT
REGISTER,

L5P

LR
ASYNCHAONCOUS
A MULTIFLIER

3
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REGISTER

ClkP{a

TRIat | 4

Figure 4. Block diagram of the 8 x8 ADSP-1080 CMOS
multiplier.

Figure § is a block diagram of the 16 x 16 ADSP-1010 multiplicr-
accumulator. Like a 16 x 16 ordinary mulaplier, it has an asyn-
chronous muldplier with a 32-bit output, twvo input registers, two
producr registers to accommodate cthe full produce, and control
logic. It also has an adder-subtractoc to accumulate products and

o

— "
V| REGHTIR ;.-_ ljJ

=E 2 |

ADSPAOD

Figure 5. Block diagram of the 16 x 16 ADSP-1010 multiplier/
accumulator.

a 3-bit extended-product outptit regiscer to avoid overflow when
products are summed. lts lcast-significant-praduct output register
sharesa 16-bit bus with the Y-input register. -

APPLICATIONS

In digital filters, a succession of samples of the signal are muldplicd
by programmed constants and summed. If ¢the samples include
samples of the output, then the filier is recirsive, and the autput
may continue to respond long aftec the input has reached equilib-
vium. This is an infinite impulse response fileer. However, if the
output depends only on the input samples, the oucput will always
reach equilibrivm ac a finite time afeer the input has reached
equilibriom; this is a finice-response (FIR) filter. Design techniques
for the two types of fileer differ, but as noted earlier, they involve
multiplicacion and addition.

We've prepared a series of $ articles comprising cookbook designs
applying DSP to FIR (finite impulse-response) filcering, 1IR (infi-
nitc impulse-response) filiering, digital heterodyning and decima-
tion filtering, cemporal averaging of images and wavcforms, and
implementadion of modern control theory. These articles, all of
them “mcaty,” were committed for publication in the trade press,
starced with EDN’s March 3, 1983 issue. If you would like reprints
of the articles (when available), use the reply card, specifying those
topics of specificinterest to you.

We have included here a relatively simple example in which digital
signal processing is applied to a piecewise-linear-approximation
interpolation method that substantially reduces the memory re-
quired to implement table lookaps.

Piecewisc-Linear Approximation

Often one has a need to perform a nonlincar transformation on
a signal or data. For example, the calibration charactenstics of a
transducer can be nonlinear. The nonlinearity may be corrected
for by adding a correction signal, muloplying by a correction fac-
tor, or mapping the inverse of the nonlincar function, as shown in
Figurc 6. To determine the inverse transformation over all input
values, some form of storage of the function by analog or digital
means is necessary.

TRANSFER FUNCTION
STORED IN TABLE

INCREASING VALUE OF Vi
MEASURED PARAMETER

(a} Nonlinear response. (b) Inverse function.

RESULT OF
FMAPPING

-—

INCREASING VALUE OF
MEASURED PARAMETER

(c} Resulting overall linear function obtained by

mapping {b) onto (a).

Figure 6. Nonlinearity correction by function fitting.
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In analog circuitey, piecewise-linear function ficting is a time-hon-
ored approach to the generation of arbitrary nonlinear relation-
ships between two variables,' since it was first used for simulation
of nonlinearities in analog computing by G. A. Philbrick in the
‘40s. Although casy to implement for simple relationships and ac-
curacies in the 0.2% to 5% range, it becomes unwieldy—if not im-
possible—when embodying relationships having many changes of
slope and requiring precision to 0.01% or better.

In digital systems, where high speed of response is required, map-
ping the inverse function using a lookup table is an effective ap-
proach. However, large amounts of memory may be required if the
highest resolutions and accuracies are to be obtained, especially if
more than one function is involved. The most efficient approach
in such circumstances may be ¢o store a reasonable number of data
points in memory for each function and perform fast interpola-
tions with firmware.

Figure 7 shows a scheme employing piccewise-linear approxima-
tion. An inpur 16-bit word, X, is divided into two 8-bit bytes, X;
and AX, where i is any integer between 0 and 255, and AX lies be-
eween 0 and (1 -255/256), in increments of Vass.

16-BIT INPUT

5 UPPERS ™ 256.POINT 8-BIT
7 > % | MAPOFX, | DIFFERENCE
]
LOWER ” 16 As®
8y A,(v} /
(3%

Figure 7. Configuration to obtain 16-bit function-fitting
with 512 memory points, using piecewise-linear interpola-
tion.

Xi, the number corresponding to the upper 8 bits of X, serves as
an address to access two items of data stored in memory, Y;, the
value of Y corresponding to X;, with 16-bit resolution, and the first
difference, A|(Y), the changein Y corresponding to a 1-bit increase
in X;. The relationships between these quantities are shown in
Figure 8.

Y
|,
Ylu Il
i b 3uv)
Yis 7
X
=1 A%
X1a Xa3s X6 X137
X = Xygg + 3K
YT = Y 4+ AXGALLY)

Figure 8. Graphical interpretation of interpolation.

The lookup table contains the value of the function at a given point
and its first difference (Figure 9)
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If you wish to interpotate linearly berween the points, X;, the new
value of Y is given by

Y =Y, + AX-A,(Y) (6)
As Figure 7 shows, AX, the lower 8 bits of X, and A,(Y), from

X Yi A4(Y)

Xo Yo Yi-Yo

X1 Y| Yz—v1
X254 Yasq Y2s5—Y254
Xzss Yass =

Figure 9. Lookup table.

memory, are scrobed into the lower 8 bits of X and Y, multiplied,
and added to (or subtracted from) Y;, which was preloaded from
memory inco the lowest 8 bits of the MSP register and the highest
8 bics of the LSP register, in an ADSP-1010 multiplier/ac-
cumulator, which, in effect, executes (6). An 8 x 8 multiplier,
ADSP-1080, could be used, if sufficient time is available to use the
microprocessor's accurnulator o perform the addition.

Other means of interpolation are also available, to obtain a closer
fit, or to perform the fit using a smaller number of memory points.
For example, a quadratic approximation could be used, employing
an addicional multiplier or multiplier/accumulator, or—if rime
permits—a second mulciplication with the same multiplier, using
the system microprocessor for the housekeeping and addition, 3
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SHIELDING AND GUARDING

How to Exclude Interference-Type Noise

What to Do and Why to Do It—A Rational Approach

by Alan Rich

This is the second of two articles dealing with interference noise.
In the last issue of Analog Dialogue (Vol. 16, No. 3, pp. 16-19),
we discussed the nature of interference, described the relationship
between sources, coupling channels, and receivers, and considered
means of combatting interference in systems by reducing or elimi-
nating one of those three elements.

One of the means of reducing noise coupling is shielding. Our pur-
pose in this article is to describe the correct uses of shielding to re-
duce noise. The major topics we will discuss include noise due to
capacitive coupling, noise due to magnetic coupling, and driven
shields and guards. A set of guidelines will be included, with do’s
and don’ts.

From the outset, it should be noted that shielding problems are al-
ways rational and do not involve the occult; but they are not al-
ways straightforward. Each problem must be analyzed carefully.
It is important first to identify the noise source, the receiver, and
the coupling medium. Improper shielding and grounding, based
on faulty identification of any of these elements, may only make
matters worse ot create a new problem,

You can think of shielding as serving two purposes, First, shielding
can be used to confine noise to a small region; this will prevent
noise from extending its reach and getting into a nearby critical cir-
cuit. However, the problem with such shields is that noise captured
by the shield can still cause problems if the return path the noise
takes is not carefully planned and implemented by understanding
of the ground system and making the connections correctly.

Second, if noise is present in a system, shields can be placed around
critical circuits to prevent the noise from getting into sensitive por-
tions of the circuits. These shields can consist of metal boxes
around circuit regions or cables with shields around the center
conductors. Again, where and how the shields are connected is
important.

CAPACITIVELY COUPLED NOISE

If the noise results from an electric field, a shield works because
a charge, Q;, resulting from an external potential, V;, cannot exist
on the interior of a closed conducting surface (Figure 1).

o,
+ +

+
+ %

Figure 1. Charge Q, cannot create charge inside a closed
metal shell.

Coupling by muemal, or stray, capacitance can be modeled by the
circuit of Figure 2. Here, V,, is a noise source (switching transistor,

TTL gace, etc.), C, is the stray capacitance, Z is the impedance of
a receiver (for example, a bypass resistor connected between the
input of a high-gain amplifier and ground), and V,,, is the output
noise developed across Z.
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Figure 2. Equivalent circuit of capacitive coupling between
a source and a nearby impedance.

A noise current, i, = V,/(Z + Zg,), will result, producing a noise
voltage, V., = V /(1 + Zc/Z). For example, if C, = 2.5 pF,
Z = 10k (resistive), and V,, = 100mV at 1.3 MHz, the output
noise will be 20mV (0.2% of 10V, i.c., 8 LSBs of 12 bits).

It is important to recognize the effect that very small amounts of
stray capacitance will have on sensttive circuits, This becomes in-
creasingly critical as systems are being designed to combine cir-
cuits operating at lower power (implying higher impedance levels),
higher speed (implying lower nodal stray capacitance, faster edges,
and higher frequencies), and higher resolution (much less output
noise permitted).

When a shield is added, the change to the situation of Figure 2 is
exemplified by the circuit model of Figure 3. With che assumption
that the shield has zero impedance, the noise current in loop A-B-
D-A will be V,/Z¢,y, but the noise current in loop D-B-C-D will
be zero, since there is no driving source in that loop. And, since
no current flows, there will be no voltage developed across Z. The
sensitive circuit has thus been shielded from the noise source, V.

@38 % ©.
1 [
A LI

Figure 3. Equivalent circuit of the situation of Figure 2, with
a shield interposed between the source and the
impedance.

Guidelines for Applying Electrostatic Shields

®An eJectrostatic shield, to be effective, should be connected to
the reference potential of any circuitry contained within the shield.
If the signal is earthed or grounded (i.e., connected to a metal chas-
sis or frame, and/or 1o earth), the shield must be earthed or ground-
ed. But grounding the shield is useless if the signal is not geounded.

oThe shield conductor of a shielded cable should be connected
to the reference potential at the signal-reference node (Figure 4).

olf che shield is split into sections, as might occur if connectors
are used, the shield for each segment must be ded to those for the
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Figure 4. Grounding a cable shield.

adjoining segments, and ultimately connected (only) to the signal-
reference node (Figure 5).

Figure 5. Shields must be interconnected if interrupted.

®The number of separate shields required in a system is equal to
the number of independent signals that are being measured. Each
signal should have its own shield, with no connections to other
shields in the system, unless they share a common reference poten-
tial (signal *“ground”). If there is more than one signal ground (Fig-
ure 6), each shield should be connected to its own reference
potential,

FA) AT
\J J
Vot TAY A
J
Voat . MEASUREMENT
SYSTEM
& N 3
\J /
Vo
POTENTIAL
BETWEEN V.., 7
‘GROUNDS Vags

Figure 6. Each signal should have its own shield connected
to its own reference potential.

®Don't connect both ends of the shield 1o “ground’’. The poten-
tial difference between the two “grounds” will cause a shield cur-
rent to flow (Figure 7). The shield currenc will induce a noise vol-
tage into the center conductor via magnetic coupling, An example
of this can be found in Part 1 of this series, Analog Dialogue 16-3,
oage 18, Figure 10.

"GROUND 1"

“GROUND 2

Figure 7. Don’t connect the shield to ground at more than
one point.

8Don’t allow shield current to exist (except as noted later in this
articte), The shield current will induce a voltage in the center
conductor.

®Don't allow the shield to be at a voltage with respect to the refer-
ence potential (except in the case of a guard shield, to be de-
scribed). The shield voltage will couple capacitively to the center
conductor {or conductors in 2 multiple-conductor shield). With
a noise voltage, Vg, on the shield, the situation is as shown in
Figure 8.
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b. Equivalentcircuit.
Figure 8. Don't permit the shield to be at a potential with re-
spectto the signal.
The fraction of V, appearing at the output will be
Vs

Ve

(27TR qCo0)?

Vo M

where V, is the open-circuit signal voltage, R, is the signal’s source
impedance, C,. is the cable’s shield-to-conductor capacitance, and
Reqis the equivalent parallel resistance of R, and Ry For example,
if V; = 1V at 1.5MHz, C,. = 200pF (10 feet of cable), R, = 1000
ohms, and Ry = 10k{), the output noise voltage will be 0.86 volts.

This is an often-ignored guideline; serious noise problems can be
created by inadvertently applying undesired potentials to the
shield.

®Know by careful study how the noise current that has been cap-
tured by the shield returns to “ground.” An improperly returned
shield can cause shield voltages, can couple into other circuits, or
couple into other shields. The shield return should be as short as
possible to minimize inductance.

Here is an example thac itlustrates the problems that can arise in
relation to chese last two guidelines: Consider the improperly con-
figured shield system shown in Figure 9, in which a precision volt-
age source, V1, and a digital logic gate share a common shield con-
nection. This situation can occur in a large system where analog
and digital signals are cabled together.

10

S

ANALOG SYSTEM

1/

DIGITAL SYSTEM

2 FT =18 GA WIRE

Figure 9. A situation that generates transient shield
voltages.

A step voltage change in the output of the logic circuit couples
capacitively to its shield, creating a current in the common 2-foot



shield return. This, in turn, develops a shield voltage common to
both the analog and digita) shields. An equivalenct circuit is shown
in Figure 10, in which V(t} is a 5-volt step from a TTL logic gate,
R, is the 13-ohm output impedance of the logic gate, C is the
470-pF capacitance from the shield o the center conductor of che
shielded cable, and R, and L, are the 0.1-ohm resistance and 1-
microhenry inductance of the 2-foot wire connecting the shield to
the system ground.

Rz Con
—w.——-—' Vit
Rz =13 ohms
By H:’= A ollrnm
Coa =470pF

T4

) Wit} =5ult) L= 1uH
L. INPUT VOLTAGE =5 volt step

Figure 10. Equivalentcircuitfor generating shield voltage.

The shicld voltage, V(t), can be solved for by conventional circuit-
analysis techniques, or simulated by actually building and care-
fully making measurements on a circuit with the given parameters.
For the purpose of demonstration, the calculated response
waveform, illustrated in Figure 11, with a 5-volt initial spike,
resonant frequency of 7.3 MHz, and damping time constant of
0.15us, is sufficient to illustrace the nature of the voltage that ap-
pears on the shield and is capacitively coupled to the analog input.
If the voltage is [ooked at with a wideband oscilloscope, it will look
like a noise “‘spike.” We can see that chis transient will couple a
fast damped waveform of significant peak amplitude to the analog
system input.

- 45

VAL

=7.3MHz

ﬁ T=0.15us

I

Figure 11. Computed response of circuit of Figure 10.

Even in a purely digital system, noise glitches can be caused to ap-
pear in apparently remote portions of a system having the kind of
situation shown. This can often explain some otherwise inexplica-
ble system bugs.

In quite a few cases, the proper choice of shield connection among
the many possibilities may not be immediately obvious, and the
guidelines may not provide us with a clear choice. There is no alter-
native but to analyze the various possibilities and choose the ap-
proach for which the lowest noise may be calculated.

For example, consider the case illustrated in Figure 12, in which
the measurement system and the souree have differing ground po-
tentials. Should we connect the shield to A: the low side at the
measurement-system input, B: ground at the system input, C:
ground at the signal source, or D: the low side at the source?

A is 2 poor choice, since noise current is allowed to flow in a signal
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Figure 12. Possible grounds where system and source have
differing ground potentials.

conductor, The path of the noise current due}‘, V¢, a8 it returns
through C4, is shown in Figure 13a.

B is also a poor choice, since the two noise sources in series, V¢,
and Vg;,, produce a component across the two signal wires, de-
veloped by the source impedance in paralle] with C,, in series with
C,, asshown in Figure 13b,

C is poor, 100, since V¢ produces a voltage across the two signal
wires, by the same mechanism as (B), as Figure 13¢ shows.

D is the best choice, under the given assumptions, as can be seen
in Figure 13d. It also tends to confirm the grounding guideline to
connect the shield at ¢he signal’s reference potential.
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c. ReturnpathC.
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d. Return path D.
Figure 13. Equivalent circuits.

NOISE RESULTING FROM A MAGNETIC FIELD
Noise in the form of a magnetic field induces voltage in a conduc-
tor ot circuit; it is much more difficult to shield against than elec-
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tric fields because it can penetrate conducting materials. A typical
shield placed around a conductor and grounded at one end has lit-

“tle if any effect on the magnetically induced voltage in that
conductor.

As a magnetic field, B, penetrates a shield, its amplitude decreases
exponentially (Figure 14). The skin depth, 8, of the shield macerial,
is defined as the depth of penecration required for the field to be
attenuated to 37% (exp (-1)) of its value in free air. Table 1! lists
typical values of 8 for several materials at various frequencies. You
can see that any of the materials will be more effective as a shield
at high frequency, because 3 decreases with frequency, and that
steel provides at least an order of magnitude more effective shield-
ing at any frequency than copper or aluminum.

FLUX DENSITY

THICKNESS

Figure 14. Magnetic fieldinashieldasa function of penetra-
tion depth.

Figure 15 compares absorption loss as a function of frequency for
two thicknesses of copper and steel. Ye-inch steel becomes quite ef-
fective for frequencies above 200 Hz, and even a 20-mil (0.5 mm)
thickness of copper is effective at frequencies above 1 MHz. How-
ever, all show a glaring weakness at lower frequencies, including
50-60-Hz line frequencies—the principal source of magnecically
coupled noise at low frequency.

150
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Figure 15. Absorption loss vs.frequency fortwo thicknesses
of copper and steel.

For improved low-frequency magnetic shielding, a shield consist-
ing of a high-permeability magnetic material (e.g., Mumetal)

Table 1. Skin depth, &, vs. frequency

6 for Copper & for Aluminum & for Steel
Frequency  (in.) (mm) (in.) (mm)  (in.) {mm)
60Hz 0.335 8.5 0.429 10.9 0.034 0.86
100Hz 0.260 6.6 0.333 8.5 0.026 0.66
1kHz 0.082 2.1 0.105 2.7 0.008 0.2
10kHz 0.026 0.66 0.033 0.84 0.003 0.08
100kHz 0.008 0.2 0.011 0.3 0.0008 0.02
1MH2 0.003 0.08 0.003 0.08 0.0003 0.008

"Table 1 and Figures 15 and 16 are from O, H.W., Noise Reduction Tech-
niques in Flectronic Systems (New York: John Wiley 8 Sons, @ 1976).
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Figure 16. Shielding attenuation of Mumetal and other
materials at several frequencies.

should be considered. Figure 16 compares a 30-mil thickness of
Mumeta) with various materials at several frequencies. It shows
that, below 1 kHz, Mumetal is more effective than any of the other
macerials, while at 100kHz it is the least effective. However,
Mumetal is not especially easy to apply, and if it is saturated by
an excessively strong field, ic will no longer provide an advantage.

As you can see, it is very difficult to shicld against magnetic fields,
i.e., to modify the coupling medium by shielding. Therefore, the
most effective approaches at low frequency ace to minimize the
strength of the interfering magnetic field, minimize the receiver
loop area, and minimize coupling by optimizing wiring geomet-
ries. Here are some guidelines:

eLocate the receiving circuits as far as possible from the source
of the magnetic field.

®Avoid running wires parallel to the magnetic field; instead, cross
the magnetic field at right angles.

oShield the magnetic field with an appropriate material for the
frequency and ficld strength.

#Use a twisted pair of wires for conductors carrying the high-level
current that is the source of the magnetic field. If the currents in
the rwo wires are equal and opposite, the net field in any direction

b

b. Incorrect connection forming groundloop.

Figure 17. Connectionsto a twisted pair.
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over each cycle of twist will be zero (Figure 17a). For this arrange-
ment to work, none of the current can be shared with another con-
ductor, for example, a ground plane. Figure 17b shows what can
happen if a ground loop is formed; if part of the current flows
theough the ground plane (depending on the racio of conductor re-
sistance to ground resistance), it will form a loop with the twisted
pair, generating a field determined by i3 ( = i — 12).

The ground connection between A and B need not be as simple as
a short circuit to cause trouble. Any stray unbalanced capacitance
or resistance from R.g circuits to the ground plane will also
unbalance the currents and produce a net current through the
wires and the ground plane, producing a ground loop and a related
magnetic field. For this reason, it is also good practice to run the
cwisted pair close to the ground plane to tend to balance the
capacitances from each side to ground, as well as to minimize loop
area.

®Use a shielded cable with the high-level source circuit’s return
current carried in the shield (Figure 18). If the shield current, I is
equal and opposite to that in the center conductor, the center-con-
ductor field and the shield field will cancel, producing a zero net
field. In this case, which seems to violate the “no shield current™
rule for receiver circuits, the concentric cable ts not used to shield
the center lead; instead, the geometry produces cancellation.

Figure 18. Use of shield for return current to noisy source.

This scheme can be usefully employed in an ATE system where ac-
curate measurements musc be performed on devices with high
power-supply currents thac may be noisy. For example, Figure 19
shows the application of this technique to the connections for the
high-current logic supply for an a/d converter under test—ac the
end of a test cable.

NOISY Ve DUE

TO LOGIC SWITCHING
| A Y} vectesw
+EV-ue ;I j L- DIG GND
= ADC
_l: [" ;} ]‘ +15v
+ 18V =15V
pu- A= ,
=T IS ;1 ;f ) | anALOG GND
REF Ta\ ) ANALOG INPUT

Figure 19. Application of circuit of Figure 18.in a test system.

®Since magnetically induced noise depends on the area of the re-
ceivec loop, the induced voltage due to magnetic coupling can be
reduced by reducing the loop’s area. What is the receiver loop? In
the example shown in Figure 20, che signal source and its load are
connected by a pair of conductors of length L and separation D.
The circuit (assuming it has a rectangular configuration) forms a
loopwithareaD-L.

12

Vg

7 3

Figure 20. Area of a loop that receives magnetically coupled
noise.

The voltage induced in series with the loop is proportional to the
area and che cosine of its angle to the field. Thus, to minimize
noise, the loop should be oriented at right angles to the field, and
its area should be minimized.

The area can be reduced by decreasing the length of and/or de-
creasing the distance between the conductors. This is easily accom-
plished with a twisted pair, or at least a tightly cabled pair, of con-
ductors. It is good practice to pair conductors so that the circuit
wire and its return path will always be together. To do this, the
designer must be certain of the actual path thar the recurn current
takes in getting back to the signal source. Quite often, the current
returns by a path notintended in the original design layout.

If wires are moved (for example, by a technician troubleshooting
some other problem), the loop area and orientation to the field
may change, so that yesterday’s acceptable noise level may be
transformed to comorrow’s disastrous noise level. Which may lead
to a service call . . . and another repetition of the cycle. The bot-
tom line: Know the loop area and orientation, do what must be
done to minimize noise—and permanently secure the wiring!

DRIVEN SHIELDS AND GUARDING

We have discussed the role of a current-driven shield cacrying an
equal and opposite current to reduce generated noise by reducing
the magnetic field around a conductor.

Guarding is similar, in that itinvolves driving a shield, at low impe-
dance, with a potential essentially equal to the common-mode vol-
tage on the signal wire contained within the shield. Guarding has
many useful purposes: It reduces common-mode capacitance, im-
proves common-mode rejection, and eliminates leakage currents
in high-impedance measurement circuits.

Figure 21 shows an example of an op amp with negligible bias cur-
rent connected as a high-impedance non-inverting amplifier with
gain, The purpose of the cable is to shield the high input-impe-
dance signal conductor from capacitively coupled noise and to
minimize leakage currents. The signal comes from a 10-megohm
source, and the cable is assumed to have 1000 megohms of leakage
resistance (which may change as a function of temperature,
humidity, etc.) from conductor to shield. If connected as shown,
the equivalent input circuit is an attenuator which loses 1% of the

Figure 21. Op amp connected as high-impedance non-
inverting amplifier with gain, with shielded input lead.
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signal at the time it is measured, and an unknown fraction at other
times. Also, the cable capacitance produces a substantial lag time
““constant, R,C..

Figure 22 has the same players, but the shield is connected to the
tap of the gain divider (usually at low impedance). Being connected
to the inverting input of the op amp, it should be at the same poten-
tial as the amplifier’s non-inverting input. Since there is no volrage
across the cable’s leakage resistance, there is no current through
it and its resistance value doesn’t matter; V; must therefore be
equal to Vj, since bias current was assumed negligible.

e,

o, due to V,
dV,
- R G

Figure 22. Same as Figure 21, but cable shield connected as
aguard.

Also, there is no voltage across the cable capacitance, hence no
charging or discharging of che cable; thus the lag cime constant de-
pends mainly on circuit strays and che amplifier’s input capaci-
tance. For stability, capacitance should be connected between the
output and the negative input, such that CRg = C.R;, where C;
is sum of the stray capacitance between shield and ground and the
input capacitance.

There must be no noise voltage applied to the guard. In noisy sys-
tems, as Figure 22 shows, capacitively coupled noise will be dif-
ferentiated, emphasizing the higher-frequency components. This
can be avoided (Figure 23) by either using a buffer follower with
fast response and low output impedance to drive the guard (a)
or a second shield, around the guard, grounded to the signal
common (b).
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(b) Shielded guard.

Figure 23. Avoiding noise pickup anthe guard.

In high-impedance current-input inverting configurations, where
a length of shielded wire is used to guard the lead from the current
source to the amplifier's inverting input, the guard should either
be driven by a buffer ac the same potential as the non-inverting
input (and connected nowhere else), or be tied directly to the non-
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inverting input, with a second outer shield connected to the signal’s
reference point.

SUMMARY

Table 2 summarizes the important points made in this article. All
are important to maintaining a high-integrity shield system. How-
ever, we cannot emphasize too strongly the two subjects thar are
most-often ignored: appearance of noise voltage on signal shields
and proper disposition of shield noise currents. Noise voltage must
not exist on the shield; shield-to-conductor capacitance will couple
the noise directly to the center conductor. If shield currents are not
returned properly, they can show up in a remote part of the system
and perhaps cause trouble in a location totally unrelated to the
shielding problem that was “solved.” a

Table 2. Applicability of shielding considerations

Consideration Universal Electric Magnetic

Know the noise source, coupling medium,
and recciver.

Different shielding techniques are required
for diffcrent noise sources, coupling channels,
and receivers. X
In most situations, conventional circuit

analysis vsing lumped elements can be used. X
Conncet the shield at the signal-source end

only.

Carry shiclds through connectors.

Individual shiclds should not be tied together,

Do not ground both ends of a shield.

Da not allow shicld current to flow,

except for driven shiclds - to cancel

magnctic ficlds

Do nor allow voltage on a shield, except

for guarding.

Know exactly where noise cusrent

from the shicld will flow.

Usc short connections to requrn noise

current from the shield.

Electrostatic shiclds have little effect in reduc-

ing noise resulting from magnetic Gields. X
Reduee magnetic fields by physical separa-

tion proper orientation, twisted pairs, and/or

driven shiclds. X
Know the receiver loop arca and oricntation

to the ficld, Keep field at right angles and

reduce the loop area by using paired

conductars, preferably ewisted pairs, and

X X X

XXX X X

X X X X

minimize wire lengths. X
Usc guarding in high-impedance circuirs X X

In high-impedance circuits, be extremely

careful of shicld noise X X
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FAST, FLEXIBLE SWITCHED DUAL-INPUT OP AMP & COMPARATOR

Use This IC as a Modulator/Demodulator, Lock-In Amplifier, Phase Detector
Synchronous Detector, Rectifier, Dual-Mode Circuit, ...And Much More

by Paul Brokaw, Moshe Gerstenhaber, and Steve Miller

Model AD630* is an unusual new low-cost, single-chip, precision
analog 1C that can be used for the above functions with little or
no additional circuitry. As a lock-in amplifier, it can recover a 0.1
Hz sine wave, transmitted as a modulation on a 400-Hz carrier,
from a band-limited, clipped white-noise signal approximately
100,000 times larger—a dynamic range greater than 100 dB.

FUNCTIONAL ARCHITECTURE

The stylized block diagram of Figure 1 shows the essential circuit
elements of the AD630.! Despite the formidable appearance of its
array of 20 terminals, which make possible a wide range of appli-
cations, the basic idea behind the AD630 is rather simple. It con-
sists of a frequency-compensated op-amp outpuc stage with two
identical switched differential front ends (A and B), a differential
comparator that controls the switching (CMP), and a set of
jumper-programmable matched precision resistors—trimmed to
produce closed-loop gain accuracies to =0.05% and gain match
(berween channels)to £0.03%.

DG
% A-B OFFSET  OUTPUT OFFSET +V;
Sk BALANCE ADJUST

A~ 10k

Figure 1. Functional diagram of the AD630.

When the input to the comparator’s non-inverting input (CMP +)
is more positive (or less negative) than the inverting input
(CMP-), front-end A will be selected; when CMP+ is less
positive than CMP —, B is sclected. A status output, available via
an open-collector transistor, indicates the comparatoc’s state.

Suppose B is selected. The inputs labeled B + and B — are the non-
inverting and inverting inputs of an op amp, with oucpur cerminal
at VOUT. It will behave just like an op amp with open-loop gain
of 100 dB min, small-signal bandwidch of 2 MHz, and slew rate
of 35 V/us, and will perform the many functions op amps are used

*Use the reply card for technical data and applications information.

1See 1982 )EEE International Solid-State Circuits Conference Digest of Technical
Papers, p.44.
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for. Offset voleage is = 100V max (AD630B), drift is 1 wV/°C
typically, and input bias/offsec currencs are 100/10 nA. The preci-
sion resistors provided on-chip can be used for accurate inverting
and non-inverting gains of —1, —2, —3,and +1, +2, +3, and
+4 V/V, without any external resistors. Other channel gains and
op-amp circuits can be configured using external components,

Similarly, when A is selected, the device will behave like an op
amp, with non-inverting input at A +, inverting input at A —, out-
put ac VOUT, and the same specs as for B. The same set of resistors
can be used for circuits involving both A and B, because the unen-
gaged front end’s impedance remains high when itis deselected.

This flexibility permits the device to function in a wide variety of
applications, It can produce dual-mode operation with differing
magnitudes and polarities of gain for a single input, or it can multi-
plex two inpucs wich differing gains and polarities. Because the
comparator can be driven by either a digital signal or an analog
signal of sufficient magnitude, the device can also be used recur-
sively, with the output affecting the state of the comparator.

HOWITISUSED

The device may be used as a phase-sensitive detector with gain of
2, for a modulated signal voltage, by comparing the signal’s phase
with that of a control voltage at the same frequency as the carrier.
When the control voltage (Veump+ — Veume -} 1S positive, the gain
is positive, and when the conctrol volrage is negative, the gain is
negative. Thus, the output will be positive when the signal is in
phase with the control volcage, negative when the signal is 180°
out of phase, and zero-average when the signals are in quadrature
(Figure2).

b. QUADRATURE DETECTION
UPPER - SIGNAL INPUT
CENTER - PHASE INPUT
LOWER - SIGNAL QUTPUT

Figure 2. Waveforms at quadrature in a synchronous
detector.

Figure 3 shows a scheme for operation in this mode. When the con-
trol volrage, applied to the comparator, is positive, Channel A is
selected; for negarive control voltage, Channel B is selected. Chan-
nel A has a gain of + 2, and Channel B has a gain of - 2.

As Figure 3 shows, the input is applied to the non-inverting input
of A, via the internal 2.5k} bias-current-compensation resistor, at
pin 1, and also to the inverting input of B, via a 5-kQ input resistor,
ae pin 16, The inverting inputs of A and B are connected together,
and to the tap of the 10-kQ feedback divider, but only one front
end is working at any given time.

Analog Dialogue 17-1 1983



Figure 3. AD630 applied as a synchronous detector.

To understand how it works, we will consider ideal cases; actual

operation is not greatly dissimilar, When A is selected, the feed-

back to A— must be almost exactly equal o the voltage at A +.
In the ideal case, no cucrent flows to B—, no current flows in the
5-kQ resistor (since V4. = V|\), and no current flows to A—;
therefore Va_ = Vou/2, hence Vour = 2 VL.

When B is selected, the device looks like an inverting op amp, pro-
grammed for a gain of ~2, with R; = S k2, R, = 10k, and a
10-kQ? load to ground at the summing point: R/R; = 10 kW5 kQ.
Since the volrages at both ends of the grounded resistor are zero,
no current flows, and its loading effect is negligible.

Although A — and B~ are connected together, there is little or no
interaction, since both front ends are always at high impedance,
even when they are disengaged from the device’s output scage.
However, the load seen by the external input (Vi) can change (for
example, in this case, it is SkQ when B is selected and at very high
impedance for A); therefore, the signal driving point should be at
low dynamic impedance, to avoid intermodulacion effects.

The device is housed in a 20-pin DIP, and ic has a supply voleage
range of =16.5V to =5V, with 4-mA typical quiescent current
drain. With = 15-volt supplies, its input common-mode range is
+ 10V (CMR = 90 dB min — B version), and the specified mini-
mum outpur range is = 10V into a 2-kQ load; power-supply rejec-
tion is 90 dB min. Settling time is 3ps ¢0 0.01% for a 20-volt step,
and channel separation at 10 kHz is 100 dB. ¢ is available in two
—25°C-to-+85°C grades (AD630A and AD630B), differentiaced
principally by offset, drift, gain error and mismatch, and the
AD630S for —55°C to +125°C. Prices (100s) are $9.95/$14.95/
$18.95 for A/B/S.

APPLICATIONS

The AD630 was intended for wideband, low-level, and wide dy-
namic-range instrumentation applications. It is capable of such
analog signal-processing functions as balanced modulator,
balanced demodulator, absolute-value amplifier, phase detector,
square-wave multiplier, and two-channel precision multiplexer.

Figure 4 is the schematic diagram of a circuit to demonstrate the
dynamic range of an AD630 as it might be used in a lock-in
amplifier. Lock-in techniques are frequently used to separate a
small narrow-band signal from incerfering noise. The lock-in
amplifier serves as both narrow-band filter and detector.2 When
the frequency and phase of the signal are known, very small signals

2Sec “*Lock-In Amplifier Uses Single 1C,™ Analog Dialogue 8-1 (1974), for an
example of a lock-in amplifier employing a differential instrumentation
amplifier and external active and passive components.
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Figure 4. Lock-in amplifier circuit.

can be detected in the presence of large amounts of uncorrelated
noise.

The lock-in amplifier is basically a synchronous demodulator, fol-
lowed by a low-pass filter. An important measure of performance
is the dynamic range of its demodulator. Figure 5 shows the recov-
ery of a signal modulated at 400 Hz from a noise signal approxi-
mately 100,000 times larger, a dynamic range of 100dB,

; IOIOIOIOUQIOIQiOl

SV DIV

AN

svowv |

SmV DIV

Figure5. Waveforms forlock-in amplifier (see text).

The test signal is produced by modulacing a 400-Hz carrier with
a 0.1-Hz sine wave. The signals thar are produced by chopped
radiation detectors (infra-red, optical, ete.) may have similar com-
ponents; a sine wave is used for clarity of illustration. This signal,
present at point “A™ of Figure 4, is shown by the upper trace of
Figure 5. It is attenuated 100,000 cimes, normalized to the output
“B" of the summing amplifier. A band-limited clipped white-noise
signal, which might represent, for example, background and detec-
tor noise in the chopped radiation case, is added to the modulated
signal by the summing amplifier. Figure 5°s center trace shows the
sum of signal and noise at point B.

The combined signal is demodulated synchronously, using phase
information derived from the modulator, and the result is low-pass
filtered using a simple 2-pole filter with a dc scaling gain of 100.
This recovered signal is the lowest trace of Figure $.

The combined signal contrived for this iflustration is similar to the
signals often requiring a lock-in amplifier for detection. The preci-
sion input performance of the AD630 provides more than 100 dB
of signal range, and its dynamic response permits it to be used with
carrier frequencies more than two orders of magnitude higher than
that used in this example. A more-sophisticated low-pass filter will
aid in rejecting wider-bandwidth interference.

Incidentally, an AD630 was also used as the modulator for the cir-
cuit of Figure 4. These examples illustrate the power of the AD630
in just one of its applications. A general-purpose device, its many
latenc uses challenge the creativity of the potential user. 3
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LEVEL-INDEPENDENT AUTOMATIC GAIN CONTROL
LOGDAC™ Controls Output Signal Amplitude Over Wide Range of Input
AD7111 Resolves to 0.375 dB, Provides Digital Readout of Input Level

by John Wynne

Figure 1 shows the essential components of a basic automatic gain-
control (AGC) loop: the dc refetence signal, Vagr, establishes the
output amplitude set-point; the output-measurement circuit ob-
tains a running measure of the output level, based on a property
(peak, average, rms, etc.) of the output signal; a comparator, de-
rives a control signal; and a gain-adjustment circuit, applies
enough distortionless gain or attenuation to the input signal to
maintain the output [evel sufficiently close to the reference value.

J

Figure 1. Automatic-gain-control loop.

Your

VARIABLE
Vin —= GAIN OR ATTENUATION

( GAIN ADJUST

MEASUREMENT
CIRCUIT

Vigs el COMPARATOR  [=a—]

The circuit examples shown here were designed to control output
amplitudes for more than 40 dB of input range, for signal frequen-
cies to beyond 20 kHz. Two cases are shown: in one, the input sig-
nal arrives at a higher level than the required output and must be
atrenuated; in che other, a low-level signal requires gain.

AGCWITHLOGDACS

The LOGDAC™ is a class of multiplying digital-to-analog con-
verter that accepts bipolar analog input signals and provides an ex-
ponential (antilog) relationship between the digital input and
the analog gain (or attenuation). For example, the AD7111*
has an 8-bit pP-compatible digital input, with resolution of 0.375
dB per bic and a dynamic range of up to 88.5 dB of attenuation.

Among their many applications, logarithmic DACs are useful in
automatic level control applications employing multiplying
DAC:s. The salient features chat make them desirable include cheir
wide dynamic range and their equal-percentage-per-bic gain
change. For example, when the input code of a linear 8-bit DAC
changes by 1 bit near full scale, the fractional gain change is of the
order of Y450, and when the code changes by 1 bit near zero, the
percentage gain change is of the order of 100%; on che other hand,
the nominal gain change of an AD7111 over the active range of
digital inputis a fixed 0.375 dB—or 4.4% of reading—per bit.

In Figure 2, an AD7111 controls the attenuation for applications
in which the input is at a high level compared to the output. With
op amp Al, the regulator output amplifier, the AD7111 produces
whatever actenuacion of the analog signal input is required to
maintain the output level. The digital input is increased or de-
creased, one 0.375-dB step at a time, by an 8-bit up/down counter.
The councer, pulsed by a clock, is driven in the appropriate direc-
tion by che output of 2 comparator, Aé, which compares the refer-
ence voltage with an amplified (A2), peak-rectified (A3) versiont
of the measured outpuc voltage. The window comparator, A4 &
AS, provides hysteresis, so that counting is inhibited when the ouc-
put level is within a defined range of values.

*Use the reply card for technical data,
tRMS could also be employed, with excellenc results, using the AD636 RMS-to-
DC Converter.
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Figure2. AGC loop using AD7111 for attenuation.

Vol - wl

For the application shown here, the nominal output level is about
100 mV peak-to-peak. A2 provides amplification of the signal,
about 10X, before it is peak-rectified. The reason for amplification
is that the ripple content of the peak-detector output is not a con-
stant percentage of signal amplitude—lower signal Jevels are ac-
companied by higher percentage ripple, which can lead to poor
regulation when the input to the rectifier is well below 0.5V peak.
Vger should be scaled by the same amount as the closed-loop gain
of A2, Thus, if A2's closed-loop gain is 10, Vygr should be 0.5V
for a 50-mV peak output level. The input should be either ac-
coupled, as shown, or symmetric about zero, to avoid the possibil-
ity of an input bias driving the peak-follower negative.

The ourput of the peak follower is compared with Vggein A6, and
with Vrep(1 + W) and Vgge{l — W) in A4 and AS. The counter
(Figure 3) will count down if the rectified voltage is less than Vg,
decreasing the AD7111's attenuation—and up if greater, to in-
crease attenuation. If the rectified voltage is within abour = W of

D7 Da [+ o4 o o M (-]
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o4 03 o2 o o4 o @ m T
cOMP,
un CLK PE uo CLK PE
l . 690!«: 1 606»0 P
14 C04001
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'
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Figure 3. Counter circuit for Figures 1and 4.
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VRer, the count will be inhibited, in order to provide sufficient hys-
teresis to avoid a % ‘1-bic high-frequency “hunting” of che
amplitude. In this example, W is about 2.3%.

Figure 4 is a plot of response at selected frequencies from 100 Hz
to 20 kHz for a sine wave input from 0 dB to +40 dB, relative to
the output level, which corresponds to 100 mV peak-to-peak.
Note the flat response over the whole range of amplitudes. There
is some variation with frequency {(not a problem at fixed carrier
frequencies) due to the rectifier’s dynamic response characteristics.

{
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Figure 4. Response characteristics of circuit of Figure 2.

Figure § shows the corresponding circuit employed for applica-
tions in which the input is low and must be amplified to reach the
desired output level. The AD7111 is connected to attenuate the
feedback around A1, thus providing overall gain. An increasing di-
gital input to the AD7111 will cause the feedback attenuation to
increase, thus increasing the overall gain in 0.375-dB-per-bit steps.
Since the outpat level is sufficiently high for good results with the
peak detector, the scaling amplifier (A2 in Figure 1) is omitted.
Thus, for 6.5 volts peak-to-peak, Vregis 3.25 V.
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Figure5. AGCloopusing AD7111 forgain.

The response of this circuit, for an input sine wave of amplitude
from 0 to —40 dB, referred to the ourput, is similar to that shown
in Figure 4. Figure € shows the transient response of the circuit of
Figure § to + and — 6-dB steps (56% amplitude changes) of a 1-
kHz input signal. Settling occurs within about 130 milliseconds,
using a 125-Hz clock frequency for the counter circuit. (At 125 Hz,
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the pulse period is 8 ms, and ac 0.375 dB per step, 16 steps are re-
quired to reach 6 dB. The count stops when the inhibit band is
reached.)

The response of the system is dececmined by the relation berween
the frequency of the clock used for the up/down counter and the
lowest expected fundamental signal frequency. The lower that sig-
nal frequency, the longer che filter discharge time-constant must
be, in order for the ripple to be kept within the comparator win-
dow between signal peaks. Then, if the clock frequency is oo high,
a step increase in the signal level will result in an undershoot of
the regulated response. The reason? Although the output responds
immediately to the input and the gain control, the peak-follower
output that is fed back responds quickly to increases but decays
slowly on decreases—one or more additional clock cycles may
occur before the reference level is reached, temporarily allowing
the actual amplitude to be beought below its final value. A useful
rule of chumb: establish a clock frequency from 1x to 2 the low-
estsignal frequency.

If the input can be both larger and smaller than che outpur, the reg-
ulating circuit must be able to provide both amplification and at-
tenuation. This is achieved by increasing the gain of A2 in Figure
1 by an amount equal to the lowest value of the minimum signal
level (in dB, ceferred to the output). For example, if the input signal
is expected to swing from — 10 dB to + 20 dB, referred to the out-
put, then the gain of A2 should be increased by 10 dB to insure
that the AGCloop is active over the entire input signal swing,

A/D CONVERSION

While performing their AGC funceion, these circuits also act as
tracking analog-to-digital converters, since the varying digiral
code present at the counter output (AD7111 input) represents a
logarithmic measure of the ratio between the analog input and out-
put levels (i.e., the attenuation or gain required for correction).
This output may be used for any digital purpose (storage, compu-
tation, etc.) or for driving slaved AD7111s to set gains elsewhere
in the system in proportion to changes in the analog input.

Since the AD7111 has on-chip registers, the digital code can be
latched, freezing the gain of the system. This can be vitalin applica-
tions where the input signal may disappear altogether, e.g., due to
excessive fading or an interruption in the signal path. In many
AGC systems, when this happens, the gain of the loop will increase
to maximum, which can result in system oscillation when the input
signal is restored. The digital control word (Figure 1 or Figure 4)
can be frozen by bringing CS (Chip Select) high. In such applica-
tions, CS can be driven by a suitable input signal detector, set to
detect out-of-range input signals.

Figure 6. Response of circuit of Figure 5 to *6-dB input

changes.

17



12-BIT, 10-MHz ANALOG-TO-DIGITAL CONVERTER

Model CAV-1210: Complete on a Card — No External Components
Use Itin Oscilloscopes, RADAR, Imaging Systems, Real-Time Spectrum Analysis

by Jerry Neal

The CAV-1210* is a complete 12-bit, 10-MHz A/D Converter on
a printed-circuir card, introduced recently by the Computer Labs
Division of Analog Devices. Complementing an extensive line of
high-resolution, high-speed ADCs, the CAV-1210 includes a
track-and-hold amplifier, an encoder, timing, and output regiscers.
With ic, you eliminate the costly in-house design effort associated
with rurning monolithic encoders into functioning a/d converters.

Because of its completeness, as well as its high resolution and con-
version rate, the CAV-1210 can easily be integrated into a variety
of system applications involving high-speed data acquisition and
signal processing. Examples include medical imaging, digital oscil-
loscopes, radar digitizing, signature analysis, digital communica-
tions, and real-cime speccrum analysis.

Like its predecessors, the CAV-1210 is a complete converter; it has
internal track-and-hold, timing, encoding—employing digitally
corrected subranging—outpur registers, and all of the necessary
circuics to perform the conversion function without external com-
ponents. The user supplies only industry-standard power levels
(£15V, —5.2V, and +5V) and an Encode Command signal,
which establishes cthe update rate of the outpur dara. Monotonic
performance is guaranteed over the entire 0°C to +70°C operating
temperature range. Unit price is $3,165 in small quantity, with
substantial volume discounts available.

Table 1 provides a comparative summary of available ADI card-
level video converters. The ECL devices, in particular, have many
features in common, including their basic design architecture, out-
put logic structure (both true and complemencary outputs are
available), and similarity of pinout for various input and output
functions. The only difference is in the extra pins for the additional
output bits.

This pin-compatibility among the ECL-compatible products en-
hances their usefulness in systems that are designed for upgradable
input dynamice range (bits of resolution) withour requiring major
modifications to system architecture.

Important specifications include ac linearity (defined in terms of
spurious in-band signals generated at given input signal frequen-
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*Use the reply card for technical dara.
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cies with a 10-MHz encoding rate)}—spurious signals are typically
70 dB below full scale for dc to 1 MHz and — 65 dB for 1 MHz
to S MHz; rwo-tone linearity(defined in terms of spurious in-band
signals generated by ewo nearby signal frequencies)—typically
~70 dB for 60 kHz and 62 kHz, —65 dB for 2.498 and 2.500
MHz, and —60 dB for 4.996 and 4.998 MHz. With a 500-kHz
analog signal, signal-to-noise ratio (rms) is 62 dB and roise-power
ratio is gnaranteed at $2 dB, minimum.

Table 1. Card-Leve! Video Converters from Analog Devices

Model Word Logic  Temperature
Number Resoludon Rate Family Range
CAV-0920 9 Bits 20MHz ECL 0°Cto +70°C
MOD-1005 10 Bits SMHz TTL 0°Crto +70°C
MOD-1020 10 Bits 20MHz ECL 0°Cro +70°C
MOD-1205 12 Bits SMHz TTL 0°Cro +70°C
MOD-1205MB 12 Bits SMHz TTL  0°Cto +70°C
CAV-1210 12 Bits 10MHz ECL  0°Cto +70°C
APPLICATIONS

The salient advantage of the CAV-1210—its combination of high
speed and high resolution—make it useful wherever large amounts
of data with wide dynamic range must be handled. Here are a few
possibilities:

Among its most important applications areas is radar systems,
which require wider dynamic ranges in order to increase their abil-
ity to distinguish targets in high-noise environments. Since wide
dynamic range for search radars translates into more bits of con-
verter resolution, the 12-bit CAV-1210 is highly appropriate for
radars which must operate in high-clutter conditions. Similarly, ic
js useful in related applications, such as electronic countermea-
sures (ECM) and ECM test systems, which also require wider dy-
namic ranges.

tions are the possibilities in lab applications and in the whole spec-
trum of emerging applications for digital signal processing, dis-
cussed earlier in this issue— for example, digital oscilloscopes and
digital radiography. [n such applications, the better the quality and
speed of the input data, the greater the possibilities for obtaining
accurate results in real cime.
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MODULAR ALARM LIMIT SUBSYSTEM IS VERSATILE & RUGGED

4B Series Has High and Low Alarms, LED, Relay, & TTL-Compatible Indication
Accepts High-Level Voltage, Process Current, or Outputs from 3B Subsystems

The 4B Series Alarm Limit Subsystem®, a rack-compatible system
of plug-in modules that provide adjustable alarm limits for a vari-
ety of process sensors and transducers, was designed to handle the
need for rugged, modular, accurate, versatile alarms at low cost.

Alarm units accept signals from process or other sensors, make
decisions, and produce output indications for alarm or on-off con-
trol when monitored conditions fall outside specified limits. Typi-
cal applications include process contro), factory automation, ener-
gy management, and data acquisition and control.

The Alarm Limit Subsystem accepts high-level voltage or current-
loop signals, and provides fully independent HI and LO relay out-
puts, TTL outputs, LED indication, and (optionally) 3-digic read-
out. Although it can stand alone, it has been designed to work in
conjunction with the 3B Series Signal Conditioning Subsystem™
(introduced in Analog Dialogue 16-3), which interfaces directly to
a variety of process sensors and transducers and transforms the in-
puts to standardized high-level analog outpurts.

The 4B Subsystem consists of a 19”-relay-rack-compatible univer-
sal mounting backplane and a family of plug-in alarm limit mod-
ules (up to 12 per rack). A four-channel backplane, also available,
handles simpler requirements at lower cost per channel. The mod-
ules, designed for voltage or current inputs, can be mixed and
matched and are interchangeable without disturbing field wiring.
Each backplane incorporates screw terminals for field-wired in-
puts and a connector for high-level single-ended inputs from 3B
or other user equipment. Figure 1is a photograph showing the sa-
lient elements of the system.

Each alarm module accepts a standardized high-level analog input
and has two set points; both are adjustable to any value up to
100% of input span to provide one or two ON/OFF outputs. The
3 available input-range options are 0 to +10V/x10 V, 4-20mA,
and 0-20mA.

The two set points within each module can be user-configured
with push-on jumpers for HI-LO, HI-HI, or LO-LO use. If only
one limit per channel is desired, the module can be used in a Hl
or LO state. The value of each set point and of the process variable
can be viewed with a 3-digit display, controlled by a rotacy switch.

Figure 2 is a functional diagram of ¢the Model 4B10 voltage-input
alarm limit module, configured for HI-LO operation. The input is
filtered and compared with the HI and LO set points. If the process
variable > Hi or < LO, the appropriate relay is turned on.

Each set point has an adjustable deadband (0.5% — 10.0% of
span); it establishes the minimur signal change necessary, after an
alarm has occurred, to restore the unalarmed condition, to elimi-
nate annoying reversals. For example, if Hl is set at 75% of span,
with 2% deadband, the alarm will turn on when the process vari-
able reaches 75% bur will not turn off until it drops below 73%.
For a LO limit configuration, the deadband relationship is re-

*For technical data, use the reply card.
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by Dave Reynolds

Figure 1. 4B Alarm Limit Subsystem is modular and easy to
use.

versed; the the process variable must rise appropriately to curn off
che alarm.

An LED provides visual indication for each setpoint when an
alarm condition occurs. The alarm status of both limits can be
monitored externally (*‘readback”) via the digital VO connector,
which also provides for external control or alarm acknowledg-
ment (“override™). When an alarm state exists (TTL high), the
relay can be turned off by an external signal (TTL low) on the
“override” pins; the readback signal continues to remain high
until che process variable itself is outside the alarm range.

APPLICATIONS

Key strengths of the 4B Series, applied to measurement and con-
trol, are ease of use and flexibility. In a typical application with
the 3B Series Signal Conditioning Subsystem, the 3B modules in-
terface directly to che sensors and produce two simultaneous high-
level outputs (0 to +10V and 4-20mA), one of which (e.g., the
voltage signal) could provide local alarming via the 4B Series,
while the other (viz., the process current) could be used for remote
cransmission of data to the host computer. The alarm-indication
function is sensor-independent; the appropriate 3B module does
the signal conditioning. Besides being compatible with 3B Signal
Condicioning Subsystems, the 4B Series provides alarm indication
and on-off control when used with field eransmitters or any other
devices that provide process current or high-level voltage outpuc. 3

Figure 2. 4B10voltage-inputalarm module.
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TESTDIGITAL AND LINEAR 1Cs WITH LTS-2000 TEST SYSTEMS
LTS-2500 Family Board Adds Digital Test Capability to ADl Benchtop Testers
Test MOS and Bipolar SSI & MSI Logic Devices with up to 24 Digital Pins

by David Laing

At one stroke, the LTS-2500 Digital Device Family Board has
added a new dimension to LTS-2000 Series Test Systems, extend-
ing their test capabilities to TTL and CMOS devices, as well as the
standard repertoire of ADCs, DACs, and linears (e.g., op amps,
comparators, timers, and regulators). As the first benchtop test
systems able to test both linear and digital devices, the LTS-2000,
LTS-2010,LTS-2012, and LTS-2015 now save time and effort for
the many users who must test both types of device—by providing
a common mainframe, software, and system philosophy, plus a
~ nominal increment of dedicated hardware and software.

TEST DEVICES WITH UP TO 24 PINS

For testing digital devices with up to 24 active pins, The LTS-2500
package includes the family board, with a programmable 4-quad-
rant V/ source, 24 software-programmable driver/detectors, in-
teractive debugger software, and a CREATE software package. A
socket assembly and six different DUT (device under test) boards
(with 14, 16, 18, 20, 22, and 24-pin sockets) are available for inter-
facing specific devices with the family board; the DUT boards are
prewired with ground and a programmable 0-20V V¢ supply at
the standard pin locations, and all pins are link-programmable.
Figure 1 shows the principal elements of the LTS$-2500 and its ac-
cessories. Testing both $S1 and MSI (Small-Scale and Medium-
Scale Integrated) logic devices with up to 24 digital pins, the LTS-
2500 handles both MOS and bipolar technologies, including RTL,
DTL, TTL, I’L, MOS, CMOS, and NMOS. Each device pin is
programmed in software, as to whether it is an input or an output,
and is afterwards driven appropriately during tests.

e— e e ——————

P My |
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Figure 1. Functional block diagram of the LTS-2500 Digital
Family Board.

*For rechnical daea, use the reply card.
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The system will cest gates, counters, flip-flops, ALUs, and static
RAMSs, ROMs, and EPROMs. In addition, the LTS-2500 handles
the full functional testing of analog switches. Testing is fast: for
example, a test of 51 dc parameters of a 741LS95BN takes only 400
milliseconds, maximum. Multiple-level dc parametrics are auto-
matically tesced in a single pass.

The LTS-0650 Digital Device Socket Assembly, interfacing be-
tween the family board and the DUT socket board, has pullup re-
sistors which are used in TTL logic test, when output pins are de-
signared as open collectors. These resistors can be unplugged for
testing CMOS, to ensure the required accuracy when measuring
low currents, In addition to the accessories for standard devices,
there’s a General Purpose Application Socket Assembly—the LTS-
0605—and General Purpose Application DUT Board—the LTS-
0325, which can be user-configured for custom applications.
FRIENDLY SOFTWARE

A unique feature of the user-friendly software accompanying the
LTS-2500 is the spec-sheet format provided to users. When test
programs are to be written for a specific device, you simply answer
system-posed questions about the type of device. After the data has
been entered in response to the questions, the system automatically
looks up the device's test limits, based on the Texas Instruments
Databook—for bipolar devices—or the Motorola Databook—for
CMOS devices, and presents the limits on the CRT. You then need
only to edit the test limits, if necessary (if not, no limits or test con-
ditions need be encered).

Voltage-forcing and -measurement capabilities span = 20V, with
10-mV resolution and *£0.05% maximum error. Six ranges of
current forcing span the overall capability of +400 mA, with
resolutions as fine as 10 nA and accuracies to within £0.15%.
Prices are: the LTS-2500, $5,000; the socket assembly, $700, and
the DUT boards, $135 each.

Analog Dialogue 17-1 1983



CREATING ATESTPROGRAM

The flow chart in Figure 2 shows the elements of the Digital Create
~Test Editor program for the LTS-2500. Using it, we can show the

easy step-by-step approach to creating a test program. After you've

loaded the Program, the Main Menu will be displayed on the CRT.

Just type in the number of the functton that you want. In this case,
type in ““1” to create a new test program, The system will then dis-
play a series of screens and your responses to the prompts dis-
played will define the device to be tested and the default condi-
tions. For example, after you've selected the Create function
above, the system will display a “New Device Definition” menu.

| OGITAL CAEATE TEST EDITOR PROGRAM |

1
[[omrve oessaninon / Lrs- s rsaoz |

I
LA MENU
1—CREATE MEW TEST PROCRAM
T — EOIT EXISTING PROGRAM

3 — FILE MANAGER
4 — UISTEXESTING PROGRAM TO LINE PRINTER

FORCE CURRENT MEAS VOLT

Figure 2. Digital Create Test Editor program.

Specifying the Device

You start with the DUT’s file name, using up to 22 characters, then
the number of logic pins (2 c0 24) and the number of power/ground
pins (2-5). If it ts a muli-section device, enter Y for the next ques-
tion; prompts will requesc the number of sections (2 to 8) and pins
per section (2 to 8). When you've answered the prompts, the sys-
tem will chen display the appropriate Pin-Definition screen, de-
pending on whether the device has one or more sections.

You enter into this screen the following information, taken directly
from the device daca sheet, for all pins except power and ground:
the pin name, section (if mulci-section), and function, i.e. inpurt,
output, open collector, etc. When all entries are made, a new
screen appears, displaying the information you have entered, to
verify the device pinout as it actually appears in the Data Book’s
device pin diagram (ALL OK? (Y/N)). If you find an error, you can
return to the screen where it was made and correct it.

After the pin definition has been stored (Y), the Device Type Selec-
tion screen will appear, with three choices: 1. CMOS DEVICE, 2.
TTL DEVICE, 3. USER-DEFINED DEVICE. Simply enter the
number corresponding to the device to be tested, and the system
will then display the Device Family Selection Screen wich a list of
logic families appropriate to your Device Type selection, For
CMOS devices, the family selections include: Motorola CMSS,
CMS10 and CMS1S. For TTL devices, the family selections in-
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clude: TIS4XX, TI74XX, TIS4HXX, TI74HXX, TIS4LXX,
TI74LXX, TIS4LSXX, TI74LSXX, TIS4SXX, TI74SXX.

Each of the selections for CMOS and TTL type devices provides
default parameters based on the manufacturer’s data sheets and
the LTS system parameters. Just enter the number of your selec-
tion, and the default parametric conditions for that family will be
displayed. You can change any or all of the values if you wish. (For
the User-Defined Device screen, the parameter values, initially =
0, can be set to the desired values.) When you have responded af-
firmatively to the ALL OK? prompt, the device definition will be
complete. The program nexc enters the Edit mode, in which you
will specify the individual device tests for the test program, This
mode can also be entered directly from the main menu.

Specifying the Tests
First, the Logical Partern Block is established; it consists of a se-
quence of consistent states of all the logic pins with specified data
and control inputs. For example, Figure 3 is an illustration of the
fiest 7 steps of a 50-step Logical Pattern Block for a full-function
test on an SN74LS193N 4-bit counter. The column headings,
reading vertically, are CLEAR, DATA a through d, LOAD,
CLOCKS (DOWN, UP), BORROW, CARRY, OUTPUT a
through d; and the states shown are: H = high level, L = low level,
= negative clock edge, and P = positive clock pulse. The last ewo
designations, and the related / (positive edge} and N (negative
pulse), for the clock inputs help co eliminate logic pacrern program-
ming errors on clocked devices.

Then the various tests are specified. Typically, full-function tests
for the device are run at V. .LOW and V_ HIGH. In addition, TTL
parametric tests to specified limits at one or more specified pins
would include voltage measurements with forced cucrents (Vy,
Vo Vo under 4 conditions) and current measurements with
forced voltages (I, Ij), and 1,).

The family board’s repertoire of parametric tests includes 8 output
(currenc and voltage) tests, 5 input (current and voltage) tests, and
choice of Force Voltage/Measure Current and Force Current/
Measure Voltage. Any number of tests, up to 47, can be run in any
desired specified order. Default values are included wherever ap-
propriate to speed up program creation. When all of the tests have
been specified (and individually inspected), the entire test program
with all of the tests included will be displayed. You may add, de-
lete, or change tests. If there are no changes, write your program
to disk and a return to the Main Menu screen will be executed.

The test sofeware also has a real-time interactive Debug program,
which stops at the first failure, or at a designated test, and allows
you to examine and change the hardware/software setup—i.e., to
do a fault analysis on a device during the actoal test sequence. As
Figure 2 indicates, all of the other functions of LTS-2000 series
Create software are available in the LTS-2500 package. 3

cCcCoDODDDL DU BCOQOQQAOQ

L wp ror abeod

R aboc d n oy
1 HHHHHH LH LHLLLL
2 LHHHHH LH LHLLLL
3 LHHHHH H: HLHHHMH
4 LLLLLH NH HHHHHMH
5 LLLLLH HP HHLLLL
6 LLHHHMH HH HHHLILL
7 LLLLLL HH HHLLLL

Figure 3. Excerptfrom aLogical Pattern Block.
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UNDERSTANDING THE MACSYM 150/350 SOFTWARE
Operating Systems and High-Level Language: About MP/M-86® and MACBASIC 3
How an Unusual New Concept Combines Flexibility, Power, and Ease of Use

by Richard Quinn

In the last issue, we introduced the MACSYM 150/350 16-Bic
Measurement-and-Control Computer System® and gave a brief
overview of its hardware and software. Here we enlarge on a
key factor in the system’s flexibility, power, and usefulness—
the MACBASIC 3 programming language and its companion
software.

MACBASIC 3, like MACBASIC 2, is a version of BASIC that is
expanded and optimized for real-time measurement and control.
Special features included in MACBASIC 3 simplify input/output
of analog data and digital control signals, while graphics com-
mands let the user display and update graphic displays of mea-
sured variables in real time. Like its predecessor, MACBASIC 3 is
multitasking—the user can write sections of the total process as in-
dependent tasks. System software automatically allocates hard-
ware resources so that tasks run concurrently, with independent
schedules and rates, rather than sequentially, as in single-task
systems.

Instead of using MACSYM 2's proprietary operating system, dedi-
cated to MACSYM 2 hardware, we decided to write MACBASIC
3 around a standard operating system, licensed from an outside
vendor. The operating system had to: utilize 8086 1P architecture;
be real-time-interrupe driven; be multitasking; be disk-orienced;
be recognizable by systems houses, OEM’s, and end users; be flexi-
ble and easily adaptable to system upgrading; and be capable of
running independently déveloped (third-party) software.

In view of these objectives, we considered the MP/M-86 operating
system to be che single best choice for implementing a general-pur-
pose real-time, multitasking measurement and control system for
use in industrial laboratories and control rooms. So from the be-
ginning, MACBASIC 3 was developed to urilize MP/M-86.

MP/M-86

Digital Research Corporation specializes in operating systems,
program-development tools, and system-level programming lan-
guages for use on microprocessors. They created the de facto in-
dustry-standard operating system for 8-bit microcomputers, CP/
M-80®. When Intel introduced the 8086, the first—and still the
world’s most widely used—16-bit uP, Digital Research responded
by introducing an operating system for it, CP/M-86®. CP/M-86
has received worldwide acceptance and is supported by IBM,
DEC, Wang, and other major computer manufacturers. As a re-
sul, a large body of third-party software has been written employ-
ing CP/M-86 as the standard operating system.

Because pPs with 16-bit architectures have the processing power
to run more than one task at once, CP/M-86 spawned MP/M-86,
which enables the 8086 to operate in multicasking real-time envi-
ronments, formerly dominated by minicomputers.

*For a descriptive brochure on MACSYM 150/350 and a copy of the
“MACSYM 150/350 Systems Digest,™ use the reply card.

®MP/M-86, CP/M-80, and CP/M-86 arc repistered trademarks of Digital Re-
scarch Corporation.
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ABOUT OPERATING SYSTEMS

An operating system is primarily a group of program modules
which reside on the computer system and act as an interface be-
tween the application program, the user, and the actual hardware
of the machine. Operating systems control such machine resources
as the CPU, read-write memory (RAM), disk memory, keyboard,
display, and peripherals, e.g., printers. High-level programming
languages—MACBASIC 3, FORTRAN, Pascal—are not consid-
ered part of the OS; they use computer resources controlled by the
operating system through standard operating- system calls. An OS
allows a software developer to use sophisticated disk, display, and
peripheral-contro! routines without concern for the programming
of the associated hardware.

Muilritasking operating systems have an added layer of responsibili-
ty. Examples of tasks are oucepurting to a printer, disk IO, and
floating-point numeric calculations. Single-task operating-sys-
tems, like CP/M-86, can generally do only one thing at a time.
Therefore, the CPU is idle most of the time during disk and printer
1/O; this time is wasted. On the other hand, a multitasking oper-
ating system can concurrently handle all three casks (and more, in-
volving more I/O channels, memory, and most other computer re-
sources); it uses the CPU for the floating point calculation, while
also supervising the printer and disk YO, A multitasking operating
system must keep track of the exact state of all system priorities
and allocate system resources to the most importanc tasks.

In addition to the conventional uses of multitasking to improve
overall system performance, as described above, MACBASIC 3
goes furtherin the MACSYM 150/350, giving the user che capabil-
ity of defining MP/M-86 tasks within the actual MACBASIC 3
program. For example, a user might wish to independently moni-
tor and control ten different reactor vessels in a plant, check for
alarm limits, and print one summary reporcon all ten vessels. With
MACBASIC 3, the user can assign ten tasks for measurement and
control, one task to check for alarm limits and one task to print
the summary results. The CPU shares its time between the tasks,
and they all appear to run at the same time. Priorities can be set
so that control of the reactor vessels and alarm-limic checking have
priority over printing.

MACBASIC3

MACBASIC 3 is a high-level programming language designed for
the applications-oriented measurement and control programmer.
Its inherent features, such as specialized measurement and control
commands, graphics commands, and multitasking, make it the
ideal programming language for OEMs, systems houses, and
sophisticated end users. The less-experienced programmer can
learn it easily because it is basically BASIC. Figure 1 shows the re-
lationship between software and hardware in MACSYM 350.

For MACSYM 150/350, the goal was to make the source code (i.e.
the actual MACBASIC statements entered by the user from the
keyboard) as compatible as possible with that of MACSYM 2,
even though different computer hardware is used. The familiar
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measurement and control commands, AIN, AOT, DIN, DOT,
WALIT, TASK, etc., have the same function in MACBASIC 3 as in
MACBASIC 2. Properly wricten MACBASIC 2 programs should
run undet MACBASIC 3 with little or no modification.

Using MACBASIC 3 for CRT graphics (a standard feature of the
MACSYM 150/350), the programmer can define the world coor-
dinate system of the graphics display using the WINDOW com-
mand. Up to four separate windows, each with its own coordinate
system, can be displayed on the screen at once. Data can be plotted
to the screen by using PLOT (vectors), BOX (rectangles), and CIR-
CLE commands. Plotting of X & Y axes is simplified with the use
of HAXIS and VAXIS commands. Text can be printed to the
screen using the HPRINT and VPRINT commands. The COLOR
command sets the foreground and background colors. The same
command language can also drive an optional 8-color plotter.

The user creates a program using the MACBASIC 3 screen editor.
Since it is line-oriented, a user can change a line anywhere on the
screen using dedicated editing keys, which include full cursor con-
trol, backspace, insert and delete character, insert and delete line,
and tabbing. One line can be changed at a time, the change taking
effect when the Return key is pressed. The MACBASIC 3 screen
editor can save an enormous amount of time during program de-
velopment, since the user does not have to retype entire lines which
contain minor syntax errors.

As each line of source code is entered through the screen editor,
it is analyzed and then compiled directly into machine code, line
by line, by the MACBASIC 3 compiler, which automatically
checks for syntax errors and notifies the user immediately. If a line
compiles correctly, the original source code is placed in the source
code module, while the resulting machine code is placed in the ob-
ject code module. When lines are renumbered or deleted al-
together, the changes are automatically entered inco source code
and recompiled into object code. This technique combines the ease
of using interpreted languages like BASIC and the processing
power of compiled languages like Pascal and FORTRAN.

Since the compiler runs as an MP/M-86 task, ic can be “curned on”
while a MACBASIC 3 program is running. A programmer or ap-
plications engineer can list out lines of source code, examine the
state of key variables, change variables, and scart and stop tasks
while the program is running. Sophisticated control loops can be
fine-tuned while the real-time effect of any changes ts observed.

MACBASIC 3 makes extensive use of MP/M-86 structures known
as residenc system processes (RSPs)—tools and utilities which re-
side in RAM and on disk. The utilities accessed by a MACBASIC
3 program are all located in RAM, in order to insure the speed re-
quired by real cime control. For MACSYM, new RSPs have been
added to the operating system to optimize it for measurement and
concrol. These RSPs include the screen manager (with graphics fea-
cures) and the ADIO manager (with routines for accessing
MACSYM 150’s Series-100 /O cards and the MACSYM 200
ADIO cards). RSPs also can also be used to add new features to
MACBASIC 3 2s the MACSYM 150/350 product line grows. Re-
cently introduced RSP's include an 8-color plotter driver and a
Series-100 IEEE-488 card driver. RSPs not needed for the user’s
final operating system can be deleted to conserve space in RAM.

A MACBASIC 3 program can contain from 1 to 18 tasks. MP/M-
86 schedules which task gets control of the CPU and for how long.
The highest-priority task will always run until completion or until
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Figure 1. MACSYM 150/350 software/hardware architec-
wre.

it is blocked (for /O, WAIT, etc.). Equal-priority tasks time-share;
each task executes for a fixed number of clock ticks before being
put at the end of the execution queue. Tasks can be time-independ-
ent of each other, yet communicate through shared files and vari-
ables. Any task can start, suspend, or kill another rask.

THIRD-PARTY SOFTWARE

Since MP/M-86 is a superset of the industry standard CP/M-86
operating system, properly written programs (which conform to
standard CP/M-86 calls for use of system resources) should run
under MP/M-86 with little or no modification. This means that
much sofrware written by other companies will run on ADIs
MACSYM 150/350. Third-party software includes statistical
packages, languages like Pascal and FORTRAN, and programs for
word processing, electronic spreadsheets, asynchronous com-
munications, and database management. Examples are:

WordStar — a highly effective word-processing program—the
original draft of this article was written on a MACSYM 150 em-
ploying Wordstar; SuperCale — a multipurpose 63 X 254
electronic spreadsheer for forecasting and planning; dBase Il - a
relational data-management tool to help users construct and man-
tpulate numeric and character informarion files; ABSTAT - a
statistical and data analysis package including regression, analysis
of variance, skewness, kurtosis, t test, chi-squared test, and more.

At present, CP/M-86 programs must be adapted for MACSYM
150/350. The original manufacturer usually ships them on 8-inch
floppy disks, which aren’t compatible with 5 1/4” disk drives; or,
if shipped on § 1/4 inch disks, the programs are generally config-
ured to work with a specific computer. To ensure availability of
a wide variety of third party software for the MACSYM 150/350,
a U.S. sofrware distributor, Applications Unlimited, has entered
into an agreement with us to configure and support third-party
software on § 1/4 inch disks for the MACSYM 150/350. Third-
party sofrware, ordered from this distributor, has been cested on
aMACSYM 150/350 system to see that it works properly. > |
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New-Product Briefs

HIGH-SPEED SAMPLING COMPARATORS
Monolithic Single AD9685 and Dual AD9687
Have Guaranteed Max 3 ns and 4 ns Propagation Delays

ULTRAFAST DAC
8-Bit Monolithic AD9768SD
Settlesin dns

The AD97685SD* is a monolithic 8-bit dig-
ital to analog converter with typical settling
time of § ns to 0.2%. It will operate either
as a fixed-reference DAC, using its on-chip
reference, or as a two-quadrant multiplying
DAC with bandwidths to 40 MHz. Capable
of 100-MHz update races, itis ECL-compat-
ible and provides a full-scale outpuc current
of 20mA.

lts combinacion of high speed and low glitch
impulsc (200 mV-ns) suic it well for rascer-
scan and vector-graphic displays. The on-
chip reference and associated amplifier re-
duce support-circuitry requirements for
fixed-reference applications, while variable-
reference signals at up to 40 MHz can be ap-
plied as either current or voltage of a single
polarity for multiplving, modulating, and
variable attenuation.

lts 20-mA current output can drive 50-ohm
unbalanced or 100-0hm balanced transmis-
sion lincs directly with 1-vole unipolar or
= ]-volt amplitades with a slewing rate of
400V/pus.  Monotonic  performance s
guaranteed over the —30°C o +115°C
opcrating (casc) temperature range.

The AD9768's typical offsct currene is
60pA; its drift  with temperature s
1.5 ppm/°C. Reference drifc is 70 ppm/°C,
output impedance is 830 ohms, and output
compliance voltage range is from — 0.7 V ta
+ 3.0 V. Specified 10 operate with +5 Vand
— 5.2V power supplies, the device is housed

inan 18-pin hermetically sealed DIP and dis-
sipates 430 mW max. Availability is from
stock and che price is $32.20in 100s. 3

CURRENT SWITCHES

SWITCHING
CURRENT SOURCES
REFERENCE
REFERENCE
GENERATOR

AMPLIFIER
|
SOURCE

L58
Verr

(s

*Usc the reply card for technical data.
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The AD9685* single and AD9687* dual
sampling comparators, with guaranteed
maximum propagation delays of 3 ns and 4
ns, and maximum latch secup time of 1 ns,
are pin-compatible with the slower indus-
try-standard 685/687 series.

Sampling comparators have a latch which,
when enabled, holds the output state. Input
changes will not affect the output until the
latch has been disabled. The latches on the
dual AD9687 can be separately enabled, for
independently controllable comparators.

Sampling comparators are useful in analog
and digital ATE applications, including
high-speecd  window  detectors,  sense
amplificrs, and peak-detector circuits. They

LATCH C(_]D:!P_M:[
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THE OUTPUTS ARE OPEN EMITTERS, REQUIRING EXTERNAL
PULL-DOWN RESISTORS, THESE RESISTORS MAY BEIN THE
RANGE OF 5041- 20011 CONNECTED TO - 2.0V: OR 20011200011
CONNECTEDTO 52V

can be used in settling-time test circuits for
fast op amps and DACs, or with optical de-
tectars to measure laser pulsewidths, Other
applications include high-frequency VCOs,
line receivers, track-and-hold amplificrs,
threshold detectors, and ultrafast ADCs.

Both models have differential inpucs with a
=2.5 volt input range and 80-dB CMR.
Maximum offset is =§ mV max, with drift
of 20 pV/°C. The complementary (push-
pull) ourputs are ECL-compatible, operat-
ing from +5-Vand —5.2-V power supplics.
Both devices are available in 16-pin ceramic
DIPs; the AD968S5 is also available in 2 TO-
100 can. Alttypes are specificd for operation
from —30°C to +85°C. Pricing in 100s is
$8.95/515 for AD9685/AD9637. 3

VIDEQ-SPEED OP AMP

HOS-060 Settles to 0.1% in 80 ns
Has Output Range of =100 mAat =10V

The HOS-060* video-speed op amp settles
to 0.1% in 80 ns, features crue-differential
inputs and maximum initial offset voltage of
+=1 mV, with drift of £10 wV/C. 1t will
drive aload of = 100 mA to a minimum full-
scale voltageof = 10V,

lts high performance makes it suitable for
high-speed applications such as fast scetling
d7a conversion, video pulse amplificacion,
CRT deflection, wideband current boosting,
and impedance matching. The 100-mA out-
put currenc can drive coaxial cables directly.
[ts low outpucimpedance and high input im-
pedance permic it to buffer slow, accurate
analog circuits from ADC inputs.

Rated performance is specified with = 15-
volt power supplies over 2 —55°C 10
+125°C (case) tempcrature range. The
HOS-060 works with supplies from 12V

to=18V.

Open-loop gain (100-ohm load) is typically
100 dB, with CMR of 70 dB. Slewing rate is
300V/ s, input noise is 7uV rms (dc to 2
MHz), gain-bandwidth is 100 MHz, and
overload recovery time is 400 ns, Maximum
output impedanceis | chm,

The HOS-060SH and HOS-060SH/883 are
housed in 12-pin hermetically sealed TO-8
packages. Prices (100s) arc $105 and $185.03
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| New-Product Briefs

MULTIBUS-COMPATIBLE ANALOG I/0 BOARDS

3 Boards Provide Input-only, Output-only, and Input/Output
16-, 20-, and 24-Bit Memory Addressing, 12-Bit Conversio

The RTI-711, RTI[-724, and RTI-732*%
boards, direct replacements for industry-
standard interfaces, provide analog input/
output capability for MULTIBUS"™-com-
patible microcomputers. Featuring jumper-
selectable 16-, 20-, and 24-bit memory-
mapped addressing and 12-bit resolution,
these subsystems operate with all 8- and 16-
bit MULTIBUS-compatible CPU boards, at
processing rates up to 8 MHz.

The boards are designed to operate under
Intel's RMX-80"™ analog sofeware drivers.
Key features of the RTI-711 Input-only,
RTI-732 Input/Output, and RTI-724 Out-

TM: Multibus and RMX-80 are trademarks of Intel
Corp.

put-only cards are summarized in the table.
Input-board gains are software-programm-
able; the 4-t0-20-mA ouctputs on oucput
boards are optional to allow cost savings
where they are not required. Sensors can be
interfaced wich via the 3B-Series Signal Con-
ditioning Subsystem. [3

INPUT ROARDS OUTPUT ROARDS

Base
Channcl Capacity  Gain A/D Channcl /A 4-20mA  Peice

Modc) Board Type Standard Optional Range  Resolution | Capacity Resolution Outpnt  (10-24)
RTI-711  Analog laput 16SE/8D 32SE/16D 1,2,4,8 12 Bits = N/A = SSR0
RTI-732  Analog Inpur/Output | 16SE/RD 328£160D (,2.4.8 12 Biis 2 12 Biis 2 $538
RTI-732-V Analog Input/Outpur | 16SE/8D 3258/16D (,2,4,8 12 Rits 2 12 Bins - 345
RTI-724  Analog Ourput - N/A > 4 12 Bits 4 715
RT1-724-V Analisg Ourpur - N/A —————————— 4 12 Birs - $670

16-BIT SYNCHRO-DIGITAL CONVERTERS
SDC1721/RDC1721 Have 3-States, Internal Transformers
Continuous Tracking, Accuracy to =40 Arc-Seconds

The SDC1721* is a 16-bit-output, high ac-
curacy, continuous-tracking Synchro- or
Resolver-to-Digital Converter with 3-scate
Jacched outputs. It employs a Type 2 servo
loop, for zero steady-state position and ve-
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*Use the reply card for technical dara.
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locity errors. Accuracy is to within =40 sec-
onds of arc (comparable to the angle sub-
tended by a milicary tank at 100 km),

Use the SDC1721 to convert synchro or re-
solver signals to digital processor input in
high-accuracy angle measurements, Typical
applicadion areas include test equipment,
servomechanisms, antenna monitoring,
simulation, artillery fire-control systems,
and replacement of two-speed systems.

The input signals can be either 3-wire syn-
chro (SDC1721) or 4-wire resolver
(RDC1721), plus reference. Signal and re-
ference frequencies from 360 Hz 0 2.9 kHz
may be used; the guaranteed minimum
tracking rate is 3 revolutions per second.
The digital oucpuc is TTL-compatible paral-
lel natural binary, buffered by 3-state
latches, simplifying multiplexing. It is
housed in a 3.125"x2.625" % 0.8” module;
prices seart at $580 (1-9). 3

18-BIT DAC
DAC1146 Has Low Cost

n Linearity to 0.00076%

Offering designers of high-precision in-
strumentation and digital audio equipment
a cost-effective solution for generating pre-
cision voltages or currents, the DAC1146%,
the industry's lowest-cost d/a converter hav-
ing *0.00076% full-scale accuracy and 18-
bit resolution, is housed in a 2" X 2” x 0.4"
module. Itis priced at $130in 100s.

Functionally complete, the DAC1146 in-
cludes a precision outpuc amplifier and a
+ 10-volt internal reference. Analog output
ranges of —2 mA, *1mA, +5V, +10V,
*5V,and £10 V can be selected by pin-
jummper programming. Other output ranges
can be obtained with an external reference.

The DAC1146 will operate with power
supplies ranging from *11.5 Vo £16.0V,
consuming 600 mW. The digital input cod-
ing can be binary, offset binary, or 2's com-
plement. Its guaranteed maximum error
specifications include differential and integ-
ral nonlinearity of *0.00076% FSR (full-
scale range), and tempcos of: differencial
nonlinearity, =1 ppm/°C; offset, =30pV/
°C; gain, =12 ppm/°C; and bipolar offser,
+=7ppm/°C.

The DAC1146 is also fully characterized for
digital-audio applications. Audio parame-
ters inclode 6-ps maximum guaranceed
sectling time to 0.00076% (full-scale step)
and typical dynamic range of 96 and 100 dB
for 16- and 18-bit inputs. Total harmonic
distortion for a full-scale signal over the en- -
tire 20 Hz-to-20 kHz audio range is typi-
cally less than 0.002%, or —94dB. O

=]
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WORTH READING

The application notes, brochures, and reprints listed below are
available from Analog Devices at no charge as long as the supply
lasts. Software prices are as noted.

APPLICATION NOTES
“*AD7528 Dual 8-Bit CMOS DAC Application Note,” by Paul
Toomey & Bill Hunt, 8 pages. Seven application areas are dis-
cussed, including programmable filcer, oscillator, sine-wave syn-
thesizer, voltage/currenc source, amplifier, waveform generacor,
single-supply applications.

“Using the ECL HDG Series in a TTL World,” by Jim Haferd, 2
pages. Why ECL is used for HDG Display DACs; interfacing ECL
devices to TTL circuits.

BROCHURES

Interfacing the Real World to Your Computer, 14 pages. Short-
form catalog of modular signal conditioners & 2-wire transmitters
(2B Series), signal-conditioning /O subsystems (3B Series), pC-
compatible analog /O boards (RTI Series), complete low-cost
measurement 8 control system for harsh industrial environments
(WMAC-4000 Series).

Introducing the AD20S0 and AD2051 Intelligent Thermocouple
Meters, 4 pages. Description of wP-based thermocouple meters for
J,K, T,E,R, Sdevices.

MACSYM Peripberals for MACSYM 10, 150, 350, 6 pages. CRT
monitors, printers, touch-sensitive display terminals, plotrers, disk
drives, programming peripherals.

MACSYM 150/350 Systems Digest, 14 pages. Incroduction to
MACSYM 150/350 Measurement and Control Computer System
hardware and software, with an example of multitasking, list of
ADIO (analog/digital input/output) cards, summary of
MACBASIC language, and specifications.

REPRINTS

“Automated Electrical Mocor Testing Boosts Productivicy,” by Al
Haun, Assembly Engineering, December, 1982, 4 pages. Describes
use of MACSYM 2 in automated testing at Electric Motor Divi-
sion of Gould, Inc.

“Design of Raster-Scan Graphics Systems,” by Walter Kester, Dig-
ital Design, August 1982, 8 pages. Using HDG display DACs to
design berter displays.

“Test Video A/D Converters Under Dynamic Conditions,” by
Walter Kester, EDN, August 18, 1982, 10 pages. To characterize
video-speed analog-to-digital converters adequately, comprehen-
sive dynamic measurements must be made, with the data collected
and properly evaluated.

SOFTWARE

LTS-0904 Linear Program Library Book, 350 pages. $ 25
LTS-1600 Op-Amp Library on Disk $475
LTS-1610 Voltage Regularor Library on Disk $550
LTS-1620 Comparacor Library on Disk $125
LTS-1630 D/A Converter Library on Disk $425

The LTS-0904 Program Library Book provides the user of Analog
Devices LTS test systems with a complete CREATE menu for cests

y/

on each of over 300 linear devices, developed by Applications En-
gineers at our CTS division, using the LTS$-2000, LTS-2010, LTS-
2012, and LTS-2015 systems, Each device program, designed to
operate on the factory-developed CREATE/TEST software, has”
been executed and is believed to be accurate and reliable.

The device programs are written to test those parameters guaran-
teed by the specified manufacturer; other manufacturers’ devices
may be tested without change, using the same program, but the
reader is cautioned that components from different manufacturers
with the same specifications may not react the same in a test cir-
cuit. Since properly configured test hardware is a must, wiring dia-
grams for the DUT boards are also included in the library.

As noted above, the programs are also offered in diskette form.
The obvious advantage of the disks is that software development
efforts are dramatically reduced, with only minimal limit changing
if a different manufacturer’s components have been specified for
a given generi¢ device. The LTS-0904 Program Library book is
sent with each disk library ordered to provide full documentation.

Phone in your cest-library order to (617) 273-4780, ot mail it to:
Component Test Systems
Analog Devices, Inc.
10 Corporate Place
Burlington, MA 01803. 3

MORE AUTHORS (Continued from page 2)

Johbn Oxaal {page 3) is a Market-
ing Spectalist on the staff of the
Digital Signal Processing Division.
Before joining Analog, he worked
at the Duke University Medical
Center, designing 2-dimensional
ultrasonic imaging systems. John
holds a B.S. in Biomedical En-
gineering from Duke and earned
an M.B.A. from the University of
Chicago.

Richard Quinn (page 22) is a Senior Marketing Engineer at ADI’s
Measurement and Control Systems Division. The author of
“Powerful Measurement-and-Control System ... and Much
More,” his biography and photograph appear in the last issue,
16-3.

Dave Reynolds (page 19) is a Senior Marketing Engineer for
Systems Interface Products at Analog Devices. He authored the
article, “Multichannel Signal-Conditioning Input/Output Subsys-
tem,” thac appeared in che last issue, 16-3, where you may also find
his biography and photograph.

Alan Rich (page 8) is a Staff Engineer—ProducuTest Development
at Analog Devices Semiconductor. He is author of a two-part
series, of which the second part appears in this issue. The first part,
entitled, “Understanding Interference-Type Noise,” appears—
with his biography and photograph—in the last issue (16-3).

Jobn Wynne (page 16) is an Applications Engineer at Analog
Devices, B.V. (Limerick, Ireland). Two articles by him appeared
in a recent issue (16-2), “AD7528: A Dual Monolithic DAC for
Many Reasons,” and “Deglitching a 16-Bic Monolithic D/A Con-
verter,” along with his biography and a photograph.
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Potpourri

An Eclectic Collection of Miscellaneous Items of Timely and
Topical Interest. Further Information on Products
Mentioned Here May Be Obtained Via the Reply Card.

IN THE IAST ISSUE (Volume 16, Number 3, 1982 —- 28 pages):

Analog Signal-Conditioning ICs Take Two Giant Steps (Low-Noise Instrumentation Amp - AD524
and Thermocouple Preamp with Cold~Junction Compensation - AD594)

Multichannel Signal—-Conditioning Input/Output Subsystem (3B Series)

Sensor~Based Intelligent Data Acquisition for the SID Bus (RTI-1270)

Power ful Measurement-And-Control SYsteM...And Much More (MACSYM 150/350)

Faster Testing with New ter-Based Benchtop Tester (LTS-2015)
Industry’s First Quad 12-Bit DAC in a Pin DI )

Understanding Interference Noise —— No Black Magic Required

Wideband Two-Channel Monolithic Analog Multiplier/Divider (AD539)
MACSYM Speaks; Introducing the SSPOY Speech Synthesizer Card
Highest Performance 12-Bit Monolithic D/A Converter Has Voltage Output (AD7240)
New-Product Briefs:
14/16-Bit Digital/Resolver Converters (Hybrid DRC1745/ 1746)
New DACs with Existing Second Sources (AD DAC71/72, AD3860)
IC Attenuator Has O to -19.9-dB Range in 0.1-dB Steps (AD7115)
Hybrid Track-Hold, 170-ns Acquisition Time to 0.1% (HTC-0300A)
9-Bit, 20-Miz Video A/D Converter with Track-Hold (CAV-0920)
8-Channel RTD Measurement Card for MACSYM (RrDO1)
4-Channel Setpoint/Alarm Card for MACSYM (SPAO1)
Isolated 4-to-20 mA or O-to-20 mA Current Transmitter (2B23)
New Analog Devices Division Fellow Named: Mike Timko
Editor's Notes, Authors, New Literature, Potpourri, Advertisement

PRODUCT NOTES . . . ADS66K/T and ADS56GAK/T - New full-scale gain-tempco spec: 2 ppm/°C typical,
S pen/°C maximum . . . Measured ADLHOO33 input capacitance, using a +9-volt, 500-kHz, 50%—duty-

cycle square wave: 2 pF. Same data for HOS-100: 9 pF . . . New specs for DIM1716/1717: Zero
offset, 5 mV maximum; Analcg input impedance 20,000 chms; Power-supply quiescent current, max,
60 mA @ +15 V, 50 mA @ -15V . . . New specs for AD2712 and AD2702: Minimum Pin length, 0.190";
Supply current at -15V, -4 mA max . . . New specs for 2B54: Bias current, +8 nA max; Open
thermocouple response not guaranteed without external bias resistor. . . . DRC1745/46: The
STM1681 transformer, used with this device, now has separate grounds for the Sine and Cosine
primary windings. They should be separately connected to the device's Signal Ground.

DATA-SHEET UPDATE . . . HTC-0300: Use the individual data sheet instead of the Databook, Volume
I, data sheet for correct specification information, block diagram, and pin designations . . .
CAV=-1210: In the block diagram, page 3, the input at pin 9 has a fixed 1000-chm resistance to
ground, instead of the pot shown . . . AD7524 specifications: Under "Switching Characteristics,”
Chip Select to Write Setup Time is min (all versions) . . . 458/460 Data Sheet (8/81), page 3,
and 1982 Databook, Volume II, page 12-19: Figure 3, Negative Input Signals, use a 5000-chm,
S0-ppm/°C resistor instead of a 500-chm, 50-ppm/°C resistor for the full-scale adjust, Rg . . .
AD2038 accuracies, data sheet (8/78), page 2, 1982 Databook, Volume II, page 16-50: For
5900/K/L, max specs are "Sensor calibrated @ +25°C, +3.2°C/+2.2°C/+1.8°C"; "Uncalibrated error
@ +25°C, +5.2°C/+2.7°C/+1.2°C"; "Uncalibrated error (over range), +10.2°C/+5.7°C/+3.2°C." . . .
AD2040 accuracies, data sheet (7/8I), page 2, 1982 Databook, Volume II, page 16-52: For
AD2626J/K/L, max specs are "Calibration error @ +25°C, +7.0°C/+4.5°C/+3.0°C"; Absolute error
(over rated temp. range) "WithOut external calibration adjustment, +12.0°C/+7.5°C/#5.0°C"; "With
+25°C calibration error set to zero, +5.0/+4.0/43.6°C."™ . . . AD2009 Overrange output, data sheet
(3/75), page 2, 1982 Databook, Volume II, page 16-20: Overrange output (pin 14) will be logic 1
(not logic O) when the display count exceeds 1000 . . . Model 757 log-ratio amplifier, data sheet
(9/81), page 4, 1982 Databook, Volume II, page 8-14: Maximum recommended input/output capaci-
tance should be 33 pF (not 100 pF) . . . ADCII30/ADC1131, data sheet (6/77), page 4, 1982 Data-
book, Volume II, page 11-14, the correct mounting card is the ACI578 . . . DACI423, data sheet
(7/81), e 2, 1982 Databook, Volume II, page 10-28, pin diameter is 0.019 inches (0.48mm) . . .
Models 2%%, 2923, 1982 Databook, Volume 11, page 5-28, shielded mounting socket 1s the ACL054 .
» . Model 451, data sheet (12/80), page 1, 1982 Databook, Volume 2, page 12-11: minimum adjust-
able full-scale output frequency is 100 Hz (not 1 kHz) . . . Models 458/460, data sheet (8/81),

e 3, Figure 3, 1982 Databook, Volume II, e 12-19, Fiqure 3: For negative signals only, use
a gm resistor for the =scale adjus t . . . —Supply Catalog (5/82): page
2: max load requlation is +0.02%; one-watt supplies equipped with pi filters are Models 958,
960, 962, and 964 (not 957, 959, 961, 963).

PATENTS . . . U. S. Patent 4,363,024, to A. Paul Brokaw, for "Digital-to-Analog Converter Pro-
viding Multiplicative and Linear Functions" . . . U. S. Patent 4,374,314, to James J. Deacutis,
for "Laser Template Trimming of Circuit Elements."
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The AD524. You can‘t
build or buy a better
IIA. And you won't
believe the price—
under $10!

The struggle to come up wiith the right
I7A for your application is over. Never
again will you have to design around
two or three op amps and a handful
of resistors, or pay the high price of a
hybrid, or settle for a monolithic IC
with ess-than-satisfactory specs. Our
new monolithic ADS524 gives you all
the performance and functionality
you'll ever need in an I/A. And you
can get it all at a price that's designed
to make you
forget the
past.

The AD524 has the best specs
attainable in an I/A, whether you're
talking monolithic, hybrid, or discrete.
Nonlinearity to £0.003%. input offset
voltage drift of +0.5 uV/°C. Gain
error of +0.02%. Cormmon mode
rejection of 130 dB. 0.3V peak-to-
peak low frequency noise. Your dream
specs are now 3 reality!

And the AD524 couldn't be easier
to use. Pre-timmed on-chip gain resis-
tors give you pin-strappabie gains of |1,
10, 100, or 1000. The AD524's inputs
are intemally protected against over-
voltage [power on or off), eliminating
the need for external diode ciamps.
And sense and reference inputs let you
make sure that the output is accurately
presented 1o the toad.

So if you're still rolling your own, or
considering the National LM363 or the
Bumr-Brown INAI10I, find out just how
good an instrumentation amp ¢an

be. Call Don Travers or Doug Grant
today at 617-935-5565, or write

Analog Devices, Inc., PO. Box
280, Norwood, MA 02062.

ANALOG
DEVICES

The instrumentation amp
that makes all else

obsolete.

Heaoquarters: (6(7) 329-4700; Cahtorma: (214] 842-1717, (619) 268-4621, (408) 94 7-06133; Nlinows: (3121 $53-5000: Onro: (814] 764-8795, Pennsytvania: (2)5) 643-7790; Texas: (214) 231.5094,

1713) 6646704 Washi
haly: (39 2) 6698045, (39 2)

on: (206) 251-9550; Belgium: {32 31 21748 03; Dervnark: (45 2) 845800: France. 133 1) 687-34-11; Hollana: {31 1) 620 S1080; Israel: (972 0521 28995:
924; Japan: (81 3] 2636826, Sweaen: (46 8) 282730 Switzesland: (41 22] 31 57 60: Uniled Kingdorn; (44 1] 9410468 We st Germany. (49 89) 570050

Use the reply card for Technical Dara,
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