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Editor’s Notes
DISCOURAGED?

|
|

Readers may notice that we've fol-
lowed up the articles (in the last
two issues) on the anticipation and

T

cure of interference noise with an
article in the current issue on the

quirks of passive components.
Like the substance of the seminars
given by our applications en-
gincers, it's certainly useful stuff.

But the report of one of our application engineers after some recent
seminar tours gives us some qualms. After several hours of giving
the inside story on analog circuit design, punctuated by examples
of classic discrepancies between functional block diagrams and
rcal circuits, he was approached by one or cwo members of the au-
dience, who said (in effect), “This is just toa frightening. 1 think
['ll go back to sofeware design.™

Are our efforts sclf-defeating? Are we giving our readers such a
heavy dosage of the seamy side of life in systems and on the circuit
board that we are accually killing interest in analog circuit design
among some of the very people we want to atract to ir?

Are we being a litde like the metropolitan newspapers which, by
incessant and lurid reports on crime in the city, drive away poten-
tial visitors and future residents? For the vast inajority of visitors
and residents, those who take a few simple precautions can have
a wonderful time in most parts of the city; a few others, who must
go to crime-ridden areas to seek their reward, have to be much
more carcful, but they will be rewarded for cheir care,

Similarly, the requirements of a large rumber of applications don’'t
call for much more than common sense and remembering a few
basic rules (repeated in various guises throughout the series of arti-
cles). Most good engineers can design circuits to meet those re-
quirements with little effort—and an occasional backward glance.
[t’s usually only when high precisions are needed, and/oc the envi-
ronment becomes crowded wich circuits and with large and small
signals at a variety of frequencies, that the utimost of care, plus ex-
perience, clear thinking, and exposure to useful hints, such as those
published here—as well as some trial-and-error—are needed to in-
sure survival.

Furthermore, remember that these articles are a form of cumula-
tive wisdom representing individual experiences plucked from un-
told manhours of expert design time, in learning how to avoid
muggings in various places from the cathedrals to the “Hell’s
Kitchens” of Design City. Remember too thac no designer ever gets
to be so smart and cautious that (s)hc doesn’t suffer an occasional
mugging in some creative new way. We invite you to write us, for
the benefit of other readers, some of the things you've found ouc
the hard way about the successful design of analog circuits,

This diversity of design problems, coupled with the diversity of de-
sign talents among our readers, is one of the factors that has impel-
led Analog Devices to seek to offer a fully integrated gamur of
products to deal with real-world signals, from 1Cs for economy-
minded design experts to MACSYM measurement-and-control
systems for people who would avoid system design headaches—
and from analog signal conditioners to digital signal processors. a3

Dan Sheingold

2 ISSN 01613626

© Analog Devices, Inc. 1983

THE AUTHORS

Paschal Minogue (page 3) is a De-
sign Engineer at Analog Devices,
B.V., in Limerick, Ircland. He
graduated from University Col-
lege, Dublin, wich a Bachelor of
Electronic Engineering degree in
1981. Before joining ADBV, and
while still an undergraduate of
U.C.D,, he worked for two sum-
mers in a circnit research-and-de-
sign group at G.T.E. Lenkurt, in San Carlos, California.

Mike Byrne (page 3) is an Applica-
tions Engineer at Analog Devices,
B.V. He graduated from the Na-
tional Insticute for Higher Educa-
tion, in Limerick, with a B.Sc. in
Electronic Systems in 1981. Before
joining ADBV on a permanent
basis, he had worked for two
periods of cooperative education
in the applications deparrment.
His interests include outdoor sports and music.

Jobn Jennings (page 3) is a Senior
Design Engineer at ADBV. He re-
ceived B.A.l. (Engincering) and
B.A. (Mathematics) degrees from
Dublin University's Trinity Col-
lege in 1977. Before joining Ana-
log in 1979, he had worked with
Plessey Research, Ltd., as a circuit
designer. Prior to his work on the
AD7226, he designed the AD7527
CMOS Systems DAC. He is a rugby player and a philosopher.

Doug Grant (page 6), New-Prod-
uct Marketing Manager for data
converters  at
Semiconductor, gained substantial
recognition as a Microcircuits Ap-
plication Engineer ar ADS and has
waon “best paper’” awards at sev-
eral IEEE conferences. He has a
BSEE from Lowelt Technological
Institute and extensive experience
in developing converters, pP-based data-acquisition systems, and
analytical instruments. He is also active in Amateur Radio.

Analog Devices

{Continwed on page 26)

analog dialogue

2 Technology Way, P.O. Box 280, Norwood, Mass. 02062

Published by Analog Devices, Inc., and available at no charge to engineers and
scientists who use or think about I.C. or discrete analog, conversion, data han-
dling and display circuits and systems. Correspondence is welcome and should
be addressed to Editor, Analog Dialogue, P.O. Box 280, Norwood,
Massachusetts, U.S.A. 02062, Analog Devices, Inc., has representatives and
sales offices throughout the world. For information regarding our products and
their applications, you are invited to use the enclosed Business Reply card, write
to the above address, or phone 617-329-4700, TWX 710-394-6577 or 710-336-
0562, Telex 924491, or cable ANALOG NORWOODMASS.

Analog Dialogue 17-2 1983



FOUR BUFFERED VOLTAGE-OUT 8-BIT DACS IN ONE 20-PIN DIP
Industry’s First Monolithic Quad DAC Saves Time, Space, & Money

AD7226 Has Fast Response, Tracking Characteristics, 0.3” Footprint

In 1973, Analog Devices introduced the world's first CMOS malti-
plying DAC, the instantly (and still) popular AD7520.” It is a
switched ten-tap R-2R network, with neither analog nor digital
buffering. Now, a decade later, and still first, Analog Devices has
introduced the AD7226,* which comprises four 8-bit DACs on a
single CMOS silicon chip in a 20-pin dual in-line package; they
share a common digital bus via addressable tatches and have four
buffered analog voltage outpucs (Figure 1).

Voo

(18}
oy
40 (D opress
DECODE AD7226
Al @ LATCH
ENABLE
WA
@ ’_,\ uD \"‘6“'
LATCH
LSBDBO @ D pAce
= Vour
LATCH N 29 ¢
P DACC +
; W
DIGITAL I—<
INPUT
: Y
: LATCH DAC B
: B
: W
] N
MsBDB7 (7 LATCH DAC A
A "V
(o) (=)
py ey
DGND AGND

Figure 1. Functional block diagram of the AD7226.

WHY QUADS?

Because each decoder line doubles the number of channels the bus
can communicate with, multiple DACs start out as duals (like the
AD7528%);and the quad is the next sensible step.

Where would sets of four 8-bit DACs be used? First and foremost,
they would be used for their economy in systems and equipment
employing large numbers of DACs (if a quad with 12-bit resolution
is needed, the hybrid AD3907 is available). The advantages begin
with low per-channel cost for the device itself; in addition, the
AD7226 occupies only one 0.3” 20-pin DIP location—replacing 4
single DACs, a quad buffer op amp, four latches, and an external
4-channel decoder. This combination of advantages saves design
time, parts cost, and precious ‘‘real estate”, and it provides logisti-
cal savings at all stages of production of the user’s equipment or
system.

Since all four of the DACs are fabricated at the same time and on
the same chip, their linearity, gain accuracy, etc., have an inherent
tendency to be matched and to track well with temperature.

DACs purchased in sets of four can be used in applications calling
for outputs in pairs, triads, and quads, for example, to set refer-
ences in 2-, 4-, 6-, or 8-level window comparators. Displays and
multi-axis controls also come to mind. The on-board DACs can

*For technical data, use the reply card.
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also be used in pairs, with a high-accuracy reference DAC and
an ADC, to furnish arbitrary numbers of voltages with accuracies
and resolutions of up to 12 or more bits at low cost in servoed
operation.

ANATOMY OF AQUADDAC

The four sets of latches are loaded via a common 8-bic data bus,
under the control of two address bits (A0, A1) and an acrive low
WRITE pin (WR). All logic inputs are level-triggered and compati-
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ble with both TTL and CMOS {5-V). Because its logic-interface
circuitry operates at high speed, the AD7226 is compatible with
most 8-bit microprocessors; typically, all four channels can be up-
dated at 2 MHz, and asingle channel can be updated ac 8 MHz.

The converter consists of an 8-bit R-2R ladder and its assaciaced
switches, connected for operation in the voltage mode (Figuce 2).
The oucput of each DAC is buffered by a short-circuit protected
on-chip CMOS follower amplifier, capable of driving up to § mA
of output currenc. Because the device operates in the voltage mode,
with non-inverting buffers, a single supply (Vpps) from +11.4 V
to + 16.5 V may be used for unipolar output. The table shows the
reference and output ranges for linear operation at each nominal
supply-voltage level. Bipolar operation of the individual DACs is
easily achieved wich the addition of one external amplifier and 2
matched resistors.
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Figure 2. Functional diagram of one DAC Section.

Vrer LIMIT
Voo LOWER UPPER OUTPUT RANGE
15V £ 10% +2V +10V 0TO +10V
12V £ 5% +2V +75V  0TO+75V

Most of today’s CMOS digital-to-analog converters are wired so
that they may be used in either the current-swicching mode (Figure
3) or the voltage-switching mode, depending on how the ceference,
the output terminal, the LSB termination, and the op amp are con-
nected. In order to provide our users with a unit having the mini-
mum number of pins, we chose the dedicated voltage mode, sac-
rificing some flexibilicy. However, in addition to single-supply
capability and a smaller footprine, this choice led to significant
further advancages in speed and linearity.
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Figure 3. Atypical CMOS DAC connected for current output,
showing sources of dynamic and linearity error.
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Speed is improved over that of current-mode DACs because the
switch capacitance, which is both high (tens of picofarads) and
variable, loads the low-impedance reference circuit, rather than
the high-impedance summing point. Similarly, the output
waveform of the DAC is cleaner, because feedthrough via switch
capacitance is sunk in che low-impedance external reference and
noc coupled to the output. Settling time of output voltage to = /2
LSBis about 4 ps fora 10-V step change.

Differential linearity is improved, because the code-dependent var-
iable resistance seen by the low-impedance reference source does
not cause the offser to be modulated by the code-dependent noise
gain of the buffer-amplifier circuit as ic does in the current-output
configuration; hence any amplifier offsets remain constant offsets
instead of becoming sources of nonlinearity as well. Figare 4 shows
a plot of linearity error for a typical AD7226 DAC. The errors for
all four DACs are superimposed to demonstrate the close degree
of tracking.
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(a) Superimposed linearity errors of all four DACS.
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(b} Offset and range errors at +25°C, Vpp = 14.952V,
Vgs = —5.0339V, Vrer = 9.9869V, 1LSB = 39mV.

Figure4., Errorsofan AD7226 Quad DAC.

The AD7226 is fabricated in a new all ion-implanted high-speed
linear-compatible CMOS (“LC?* MOS") process, which has been
developed specifically co permit high-speed digital Jogic circuits
and precise analogcircuits to be integrated onto the same chip. The
photograph on page 3 shows how the small 140 x 125-mil chip
is partitioned. The analog output circuitry is at one end of the die,
and the data and control buses are ac the ocher end.

Benefits of the LC2 MOS process in the AD7226 include fast dense
logic and CMOS amplifiers wich good performance. The process
has also been used for the AD7240, a fast pretrimmed 12-bit
DAC” (Analog Dialogue 16-3, 1982, page 22) wich low propaga-
tion delay and low digital charge injection, and for a number of
products now in planning, development, and pilat production.

APPLICATIONS

The AD7226 is useful wherever multiple voltages must be indepen-
dently ser by a digital source with resolutions of up to | part in
256. Examples include direct or incremental setting of test vole-
ages, digital system-toim adjustments, setting of window widths in
comparator applications, digital generacion of multi-phase (e.g., 3-
phase) sine waves, and setting of constants in analog computing
circuits. Other applications might include adjustment of variable-
capacitor voltage to tune multistage radio-frequency stages of
VHF and UHF receivers optimally under microprocessor control.

Analog Dialogue 17-2 1983



Bipolar Operation. The unipolar voltage range of any of the
AD7226’s d/a converters can be rendered bipolar by connecting an
external op amp for a gain of 2 and subtracting the reference volt-
age, as shown in Figure 5. If necessary, the reference voltage and
the gain can be adjusted to trim the offsec and scale factor.
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Figure 6. An external op amp converts a DAC from single-
ended to bipolar.

Digitally Controlled Common Reference. One of the DACs in an
AD7226 may be used in a feedback configuration to control the
reference voltage for itself and the other DACs in one or more
AD7226's. A difference configuration, like that shown in Figure
6, provides a positive reference.
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Figure 6. Digitally adjustable common reference.

In Figure 6, the outpuc of the DAC is equal to D Vyg, where D
is the fractional (integer/2") binary cquivalent of the 8-bic input
word and Vygr is the voltage at the outpuc of the op amp. The op
amp is amplifying the reference input voltage, Vi, by (1 + Ry/R,),
andaddingtoic(— Ry/R ) D V. Thus,

VREF=VIN(1 "'g_j)*DVRu'(i_f) (N
hence,
ence (1 +};—l|)

Veer = Vi ——t—

REF IN(1+D%) .

The range of adjustment is from Vgey = Vi (I +RWR)), for
D= 0, to VRF,F i VINa forD = 255/256.

For a given Vy and resistance ratio, since the gain is digitally ad-
justed, the computer can use (3) to calculate the required value of
D fora given value of Vg,
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Since the reference lines of all four DACs are connected to the same
mpuc terminal, they will all have the same full-scale outpuc. If more
than one AD7226 is used, the reference lines of all devices can be
connected together to obtain a common concrollable tracking ref-
erence. The circuit’s gain, with Rgy = 3R, allows 10-volt full-scale
reference voltage to be obtained with a 2.5-volc reference (e.g., the
AD5807 or AD1403%). Stabilicy, response speed, and noise reduc-
tion of the circuit are controlled by the choice of capacitor C1.

PROCESSOR
L
CONTROL
LOGIC

Figure?. 3-Phase Sine Wave Generator Circuit.

Threc-phase sine generator. Figure 7 shows an application of the
AD7226 in the generation of 3-phase sine waves. The required
phase shift of 120° between the three d/a-converter outputs is gen-
erated in software. The sine EPROM contains a full sine-wave
lookup table. Data is loaded into the three DACs from the sine
EPROM.,

Figure 8. Waveformsin 3-phase sine generator.

Three loops are generated in software, producing successive triads
of angle values with 120° separacion at each increment of angular
rotation. These values, which correspond to angular inputs to the
lookup table, produce sinusojdal outputs which are used to load
the DACGs. Each DAC is fed from a separate loop, resulting in 3
sine-wave voltages, 120° out of phase, at each increment of angu-
lar rotation. The sine waves can be smoothed by interposing sim-
ple filters between the DAC outputs and the signal destinations.
Figure 8 shows typical resulting waveforms.

‘The 4-channel AD7226, a low-cost compact 8-bit voltage-outpuc
device with good tracking, should find many applications in the
design of instruments, systems, and equipment. 3



AVOIDING PASSIVE-COMPONENT PITFALLS

The Wrong Passive Component Can Derail Even the Best Op Amp or Data Converter

Here Are Some Basic Traps to Watch for.

by Doug Grant and Scott Wurcer

You’ve just spent $25 or more for a precision op amp or data con-
verter, only to find that, when plugged into your board, the device
doesn’t meet spec. Perhaps the circuit soffers from drift, poor fre-
quency response, oscillations—or simply doesn’t achieve the accu-
racy you expect. Well, before you blame the device itsclf, you
should examine your passive components—including capacitors,
resistors, potentiometers, and yes, even the printed circuit boards
themselves. Subtle effects of tolerance, temperature, parasitics,
aging, and user assembly procedures can unwittingly sink your cir-
cuit. And these effects all too often go unspecified or under-
specified by manufacturers.

In general, if you use data converters having 12 bits or more of
resolution, or ap amps thac cost more than $5, you should pay par-
ticularly close attention to passive-component selection. To put
the problem in perspective, consider the case of a 12-bit digital-to-
analog converter (DAC). One half LSB (least-significant bit) cor-
cesponds to 0.012% of full scale, or only 122 parts per million
(ppm)! The host of passive-component phenomena can quickly ac-
cumulate errors far exceeding this level.

Buying the most-expensive passive components won't necessarily
solve your problems either. Often, the correct 25-cent capacitor
will yield a better-performing, more cost-effective design than the
premium-grade $8 part. Although not necessarily easy, under-
standing and analyzing passive-component effects may prove
quite rewarding, once you understand a few basics.

CAPACITORS

Most designers are generally familiar with the range of capacitors
available. But the mechanisms by which both static and dynamic
ercors can occur in precision circuit designs are easy to forger be-
cause of the tremendous variety of capacitor types, e.g.: glass,
aluminum foil, solid tantalum and rantalum foil, silver mica,
ceramic, Teflon, and the film capacitors, including polyester,
polycarbonate, polystyrene, and polypropylene types.

Figure 1 is a workable model of a non-ideal capacitor. The nomi-
nal capacitance, C, is shunted by a resistance R, representing insu-
lation resistance or leakage. A second resistance, R,—equivalent
series resistance, or ESR—appears in series with the capacitor and
represents the resistance of the leads and capacitor plates.* Induc-
tance, L—the equivalent series inductance, or ESL, models the in-
ductance of the leads and plates. Finally, resistance Ry, and capaci-
tance Cy, together form a simplified model of a phenomenon
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Figure 1. Capacitor equivalentcircuit.

*Capacitor pheoomena aren't thar easy to separate out. This martching of
phenomena and models is for convenience tn explanation,

)

non known as dielectric absorption. Dielectric absorption can ruin
the dynamic performance of both fast and slow circuits,

Dielectric Absorption

We begin with dielectric absorption, also known as “‘soakage™ and
sometimes as “dielectric hysteresis”—pechaps the least under-
stood and potentially most damaging capacitive effect. Upon dis-
charge, most capacitors are reluctant to give up all of their former
charge. Figuce 2 illustrates the effect. After being charged to V
volts at time 14, the capacitor is shorted by the switch at time t;.
Attime t5, the capacitoris open-circuited; a residual voltage slowly
builds up across its terminals and reaches a nearly constant value.
This voleage is due to “dielectric absorption.”
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Figure 2. Residual voltage characterizes capacitor dielectric
absorption.

Standards techniques for specifying or measuring dielectric ab-
sorption are few and far between. Mcasured results are usually cx-
pressed as the percentage of the original charging voltage that
reappears across the capacitor. Typically, the capacitor is charged
for more than 1 minute, then shorted for an established time be-
eween 1 and 10 seconds. The capacitor is then allowed to recover
for approximately 1 minute, and the residual voltage is measured
(see reference 10).

In practice, dielectric absorption makes itself known in a variecy
of ways. Perhaps an integrator refuses to reset to zero, a volrage-to-
frequency converter exhibits unexpected nonlinearity, or a sam-
ple-and-hold exhibits varying errors. This last manifestation can
be particularly damaging in a data-acquisition system, where adja-
cent channels may be at voltages which differ by nearly full scale.
Figure 3 illustrates the case in a simple sample-hold.

b= TO ADC

V2

OPEN

52

CLOSED

Figure 3. Dielectric absorption induces errors in sample-
and-hold application.
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The dielectric absorption is a characteristic of the dielectric mate-
rial icself, although it can be affected by inferior manufacturing
processes or electrode materials. As a percentage of the charging
voltage, dielectric absorption specifications range from a low of
0.02% for Teflon, polystyrene, and polypropylene capacitors to a
high of 10% or more for some aluminum electrolytics. For same
time-frames, the D.A. of polystyrene can be aslow a5 0.002%.

Common ceramic and polycarbonate types display typical dielec-
tric absorptions of 0.2%; this corresponds to one-half of an LSB
at only 8 bits? Silver mica, glass, and tantalum capacitors typically
exhibit even larger dielectric absorptions, ranging from 1.0% to
5.0%, with those of polyester devices falling in the vicinity of
0.5%. As a rule, if your capacitor's spec sheet does not discuss
diclectric absorption it your time frame and voltage range, exer-
cise caution.

Dielectric absorption can produce long tails in the transient re-
sponse of fast-sectling circuits, such as those found in high-pass ac-
tive filters or ac amplifiers. In some devices used for such applica-
rions, Figure 1's Ry,-Cy, model of dielectric absorption can have
a time constant of milliseconds.* In fast-charge, fast-discharge ap-
plications, the dielectric absorption resembles “analog memory”;
the capacitor tries to remember its previous voltage.

In some designs, you can compensate for the effects of dielectric
absorption if it is simple and easily characterized, and you are
willing to do custom-tweaking. In an integrator, for instance, the
output signal can be fed back through a suitable compensation net-
work, tailored to cancel the circuit equivalenc of the dielectric ab-
sorption by placing a negative impedance effectively in parallel.
Such compensation has been shown to improve sample- and-hold
circuit performance by factors of 10 or more (Reference 7).

Parasitics and Dissipation Factor

In Figure 1, a capacitor’s leakage resistance, R, the effective series
resistance, R, and effective series inductance, L, act as parasitic
elements which can degrade an external circuit’s performance. The
effects of these elements are often lumped together and defined as
a dissipation factor, or DF.

A capacitor’s leakage is the small current that flows through the
dieleccric when a voleage is applied. Although modeled as a simple
insulation resistance (Rp) in parallel with the capacitor, the leakage
actually is nonlinear with voltage. Manufacturers often specify
leakage as a megohm-microfarad product, which describes the
dielectric's self-discharge time constant, in seconds. [t ranges from
a low of 1s or less for high-leakage capacitors, such as aluminum
and tantalum devices, to the 100’s of seconds for ceramic
capacitors. Glass devices exhibit self-discharge time-constants of
1,000 or more; but the best leakage performance is shown by Tef-
lon and the film devices (polystyrene, polypropylene), with time
constants exceeding 1,000,000 megohm-microfarads. For such a
device, leakage paths—reated by surface contamination of the de-
vice’s case or in the associated wiring or physical assembly—can
overshadow the dielectric’s leakage.

Effective series inductance, ESL (Figure 1) arises from the induc-
tance of the capacitor leads and plates, which, particularly at the
higher frequencies, can turn a capacitor’s normally capacitive
reactance into an inductive reactance. Its magnitude depends on

*Much longer time constants are also quite usual. In fact, some devices can be

modelcd by several paralleled Ry,—Cy, dircuits, with a wide range of time
constants.
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construction details within the capacitor. Tubular wrapped-foil
devices display significantly more lead inductance than molded ra-
dial-lead configurations. Multilayer ceramic and fitm-type devices
typically exhibit the lowest series impedances, while tantalum and
aluminum electrolytics typically exhibit the highesc. Con-
sequently, electrolytic types usually prove insufficient for high-
speed local bypassing applications.

Manufacturers of capacitors often specify effective series induc-
tance by means of impedance-versus-frequency plots. These show
graphically, and not surprisingly, that che devices display predo-
minantly capacitive reactance at low frequencies, with rising im-
pedance at higher frequencies because of their series inductance.

Effective series resistance, ESR (resistor R of Figure 1), is made
up of the resistance of the leads and plates. As noted, many man-
ufacturers lump the effects of ESR, ESL, and leakage into a single
parameter called dissipation factor, or DF. Dissipation factor
measures the basic inefficiency of the capacitor. Manufacturers de-
fine it as the ratio of the energy lost to energy stored per cycle by
the capacitor. The ratio of equivalent series resistance to total
capacitive ceactance—ac a specified frequency—approximates the
dissipation factor, which turns out to be equivalent to the recip-
rocal of the figure of merit, Q.

Dissipation factor often varies as a function of both temperature
and frequency. Capacitors with mica and glass dielectrics gener-
ally have DF values from 0.03% to 1.0%. For ceramic devices, DF
canges from a low of 0.1% to as high as 2.5% at room tempera-
ture. And electrolytics usually exceed even this level. The film
capacitors usually are the best, with DF’s of less than 0.1%.

Tolerance, Temperature, and Other Effects

In general, precision capacitors are expensive and—even then—
not necessarily easy to buy. In fact, choice of capacitance is limited
by the the range of available values and tolerances. Tolerances of
+ 1% for some ceramics and most film-type devices are common,
but with possibly unacceptable delivery times. Most film
capacitors can be made available with tolerances of less than
* 1%, but on special order only.

Most capacitors are sensitive to temperature variations. Dissipa-
tion factor, dielectric absorption, and capacitance itself are all
functions of temperature. For some capacitors, these parameters
vary approximately linearly with temperature; in others they vary
quite nonlinearly. Although not usually important for sample-
and-hold applications, an excessively large tcemperature coefficient
(ppm/°C) can prove harmful to the performance of precision inte-
grators, voltage-to-frequency converters, and oscillators. NPO
ceramic capacitors, with temperatuce-drift as low as 30 ppm/°C,
usually do che best. On the other hand, aluminum electrolytics’
temperature coefficients can exceed 10,000 ppm/°C.

A capacitor’s maximum working temperature should also be con-
sidered. Polystyrene capacitors, for instance, melt near 85°C, com-
pared to Teflon’s ability to survive temperatures up to 200°C.

Sensitivity of capacitance and dielectric absorption to applied volt-
age can also hurt capacitor performance in a circuit application.
Although capacitor manufacturers do not always clearly specify
voleage coefficients, the user should always consider the possible
effects of such factors. For instance, when maximum voltages are
applied, some high-density ceramic devices can experience a de-
crease in capacitance of 50% or more!



Similarly, the capacitance and dissipacion factor of many types
vary significantly with frequency, mainly as a result of a variation
in dielectric constant. In this regard, the better dielectrics are poly-
styrene, polypropylene, and Teflon.

Assemble Critical Components Last

The designer’s worries don’t end with the design process. Com-
monly used printed-ciccuit-board assembly techniques can prove
ruinous to even the best of designs. For instance, some commonly
used p-c board cleaning solvents can infiltrate cercain electrolydic
capacitors—those with rubber end caps are particularly suscepti-
ble. Even worse, some of the film capacitors, polystyrene in par-
ticular, actually melt when contacted by some solvents. Rough
handling of the leads can damage still other capacitors, creating
random or even intermittent circuic problems. Ecched-foll types
are particularly delicate in this regard, To avoid these difficulties,
it may be advisable to mount especially critical components as the
last step in the board assembly process—if possible.

Designers should also consider the natural fajlure mechanisms of
capacitors. Metallized film devices, for instance, often self-heal.
They inicially fail due te conductive bridges chat develop through
small perforations in the dielectric films. Bat the resulting fault cur-
rents can generate sufficient heat to destroy the bridge, thus retarn-
ing the capacitor to normal operation (at slightly lower capaci-
tance). Of course, applications in high-impedance circuits may not
develop sufficient current to clear che bridge.

Tantalum capacitors also exhibit a degree of self-healing, buc—un-
like film capacitors—the phenomenon depends on the temperature
at the fault location rising slowly. Therefore, tantalum capacitors
self-heal best in high impedance circuits which limit the surge in
current through the capacitor’s defect. Use caution, therefore,
when specifying tantalums for high-current applications.

Electrolytic capacitor life often depends on the race at which
capacitor fluids seep through end caps. Epoxy end seals perform
better than rubber eals, but an epoxy sealed capacitar can explode
under severe reverse-voltage or overvoltage conditions.

RESISTORS AND POTS

Designers have a broad range of resistor technologies to chaose
from, incloding carbon composition, carbon film, butk metal,
metal film, and both inductive and non-inductive wire-wound
types. As perhaps the most basic—and presumably most crouble-
free—of components, the resistor is often overlooked as a potencial
source of errors in high-performance circuits. Yet, an improperly
selected resistor can subvert the accuracy of a 12-bit design by de-
veloping errors well in excess of 122 ppm, (2 LSB). When did you
last take the time to actually read a resistor data sheec? You'd be
surprised at what can be learned from an informed review of the
data.

Consider che circuic of Figure 4, which amplifies a 0-t0-100-mV
input signal 100 times for conversion by a 12-bit ADC wich a 0-to-
10-volt input range. The gain-setting resistors can be bought in in-
itial tolerances of aslow as =0.001% (10 ppm) in the form of pre-
cision bulk mertal-film devices. Alternatively, che initial tolerance

= 10041 9.9k

s 0-10Vv
TO A/D

INPUT
Q- 100mVy

Figure 4. Temperature changes canreduce amplifier
accuracy.

of the resistors may be corrected through calibration or selection,
Consequently, the initial gain accuracy of the circuit can be set to
whatever tolerance is required, limited perhaps by the accuracy of
calibration instrumentation.

Temperature changes, however, can limit the accuracy of the am-
plifiec of Figure 4 in several ways. The absolute temperature coeffi-
cients of the resistors are unimportant, as long as they track. Even
so, carbon composition resistors, with temperature coefficients of
approximately 1,500 ppm/°C, would not suit the application. Even
if the tempcos could be matched to an unlikely 1%, the resulting
15 ppm/°C differential would prove inadequate—a shift of as little
as 8°C would createa Y2-1LSB error of 120 ppm.

Manufaccurers do offer metal film and bulk metal resistors with
absolute temperature coefficients ranging between =1 and =100
ppm/°C. Beware, chough; temperature coefficients can vary a great
deal, particularly among resistors from different batches. Ta avoid
this problem, expensive matched resistor pairs are offered by a few
manufacturers, with temperature coefficients that track one
another to within 2 to 10 ppmy/°C. Low-priced thin-film nerworks
are good and are widely used.

Unfortunately, even matched resistor pairs cannot fully solve the
problem of temperature-induced resistor errors. Figure 5a itlus-
crates error-inducing through self-heating. The resistors have iden-
dcal temperature coefficients but dissipate considerably different
amounts of power in this circuit. With an assumed thermal resis-
tance (data sheet) of 125°C/\W for Ya-watt resistors, resistor R1's
temperature rises by 0.0125°C, while resistor R2’s temperature
rises by 1.24°C. Wich a temperature cocfficient of 50 ppm/°C, the
resalcis an error of 62 ppm (0.006%).

Even worse, the effects of self-heating create nonlinear errors. In
the example of Figure Sa, with half the voltage inpug, the resulting
error is only 15 ppm. Figure Sb graphs the resulting nonlinear
transfer function for the circuic of Figure Sa. This is by no means
a worst-case example; smaller resistors would give even worse re-
sults duc to their higher thermal resistance.,

R1 A2

Vx

v b—a= v = 0 TO 10V
0TO 100mv

Ry = 10052, +0.001%, +50ppm/"C
a. Rz = 9.9%11, 10.001%, +50ppm/"C
g = 125°CW
AT Vi =0V, Vo = OV, Vi = OV
PoINRy =Pp INAy =0
ATV = 100mV, Vg = 10V, Vi = 100mV

P IN Ry = R%E’ " 0. ImW
Po IN Ay = (208 - 5 s

Ry WILL HEAT UP 0.0125°C
Rz WILL HEAT UP 1.24"C

{1.24°C)(50ppm/”C) = B2ppm = 0.006% ERROR

Vour
w0V s -L
7 600UV
I /
CIDEAL™
Y7
b s
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= £l
1506V
e Viny

50 100mV
Figure 5. Resistor self-heating leads to nonlinear amplifier
response. (a) Anatomy of temperature-induced nonlinearity.
(b) Nonlineartransferfunction (scale exaggerated).
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The use of higher-wattage resistors for those devices that dissipate
the greatest power can minimize the effects of resistor self-heating.
Alternatively, thin- or thick-film resistor networks minimize the ef-
fects of self heating by spreading the heat more evenly over all the
resistors in a given package.

Often overlooked as a source of error, the cemperature coefficient
of resistance of typica) wire or pc-board interconnects can add to
a circuit’s errors. Metals used in p-c boards and for interconnecting
wires (e.g., copper) have a temperature coefficient as high as 3,900
ppm/°C. A precision 10-ohm, 10 ppm/°C wirewound resistor, with
0.1-ohms of interconnect resistance, for instance, effectively curns
into a 45 ppm/°C resistor. The temperature coefficients of inter-
connects play a particularly significant role in precision hybrids,
where thin-film interconnects have non-negligible resistance.

One final consideration applies mainly to designs that see widely
varying ambient temperatures: a phenomenon known as tempera-
cure retrace describes the change in resistance which occurs after
a specified number of cycles of exposure to low and high ambients
with constant internal dissipation. Temperature retrace can ex-
ceed 10 ppm, even for some of the better metal-film components.

In summary, to design resistance circaits for minimum tempera-
ture-related errors, consider the following (along wich cheir cost):

+ Closely match resistance-temperature coefficients.

+ Use resistors with low absoluce temperature coefficients.

+ Use resistors with low thermal resistance (higher power rat-
ings, larger cases).

« Tightly couple matched resistors thermally; (use standacd re-
sistance networks or multiple resistors in a single package).

» For large ratios, consider using stepped attenuators.

Resistor Parasidcs

Resistors can exhibit significant levels of parasitic inductance or
capacitance, especially ac high frequencies. Manufacturers often
specify these parasitic effects as a reactance error, in % or ppm,
based on the ratio of the difference between the impedance
magnitude and the dc resistance, (o the resistance, ac one or more
frequencies.

Wirewound resiscors are especially susceptible to difficulties. Al-
though resistor manufacturers offer wirewound components in
either normal or noninductively wound form, even noninductively
wound resistors create headaches for designers. These resistors
still appear slightly inductive (of the order of 20 pH) for R values
below 10,000 ohms. Noninductively wound resistors that exceed
10,000 ohms actually exhibit about § pF of shunt capacitance.

These parasitic effects can raise havoc in dynamic circuit applica-
tions. Of particular concern are applications using wirewound re-
sistors with values both greater and less than 10,000 ohms. Here
ic is not uncommon to see peaking, or even oscillation. These ef-
fects become evident at frequencies in the low-kHz range.

Even in low-frequency circuit applications, parasitic effects in wire
wound resistors can create difficulties. Exponendal sectling to 1
ppm takes 20 time constants or more. Parasitics associated with
wire wound resistors can increase settling time beyond the length
of those time constants significantly.

Unacceptable amounts of parasitic reactance are often found even
in resistors that aren’t wirewound. For instance, some metal-film
types have significanc interlead capacitance, which shows up at
high frequencies. Carbon resistors do the besc at high frequencies.

Analog Dialogue 17-2 1983

Thermoelectric Effects

The juncrion becween any two dissimilar metals creates a thermal
EMF. In many cases, it can easily produce the dominant error in
a precision circuit design. In wire wound resistors, for instance, the
resistance wire generates a thermal EMF of 42 microvolts/°C when
joined to the leads (A typical lead material is Alloy 180, consisting
of 77% copper and 23% nickel). If che resistor’s two terminations
see the same temperature, the EMFs cancel and no net error re-
sults. However, if the resistor is mounted vertically (Figure 6), the
top lead-junction is at higher temperature than the bottomn junc-
tion, since heat dissipated by the resistor rises.

For a temperacure difference of as little as 1°C, an error voltage
of 42 microvolts results, a level which easily overwhehms the 25-
microvolt offsets of typical precision op amps! A horizontally
mounted resistor (Figure 6) can resolve the difficulcy. Alterna-
tively, some resistor manufacturers offer, on special order, tinned
copper leads, which reduce the theemal EMF to 2.5 microvolts/°C.

1

RESISTOR
MOUNTED

VERTICALLY

TOCONSERVE

o BOARD SPACE a
L b H
=
WRONG) (RIGHT)

Figure 6. Thermal gradients create significant thermoelec-
triccircuit errors.

In general, designers should strive to avoid thermal gradients on
or near critical circuit boards. Often this means thermally isolating
components that dissipate significant amounts of power, Thermal
cturbulence created by large temperarture gradients can also result
in dynamic noise-like low-frequency errors.

Voltage, Failure, and Aging

Resistors are also plagued by changes 2s a fanction of applied volt-
age. The deposited-oxide high-megohm type components are espe-
cially sensitive, with voltage coefficients ranging from 1 ppm/volt
to more than 200 ppm/volt. This is another reason to exercise cau-
tion in precision applications, such as high-voltage dividers.

Resistors’ failure mechanisms can also create cireuic difficuldies if
not carefully considered. Carbon-composition resistors fail safely
by turning into open circuits. Consequently, in some applications,
these components play a useful secondary role as a fuse. Replacing
such a resistor with a cacbon-film type can lead to trouble, since
carbon-film devices can fail as short circuits. (Metal-film compo-
nents usually fail as apen circuits.)

All resistors tend to change slightly in value with age. Manufactur-
ers specify long-term stability in terms of change—ppm/year.
Values of 50 or 75 ppm/year are not uncommon among metal film
resistors. For critical applicacions, metal-film devices should be
burned-in for at least one week at rated power. During burn-in,
R values can shift by up to 100 or 200 ppm. Metal film resistors
may need 4,000 or 5,000 operational hours for full scabilization,
especially if they are deprived of a burn-in period.

Resistor Excess Noise

Most designers have some familiaricy with thermal, or Jobnson,
noise in resiscors, But a less widely recognized second noise
phenomenon, called excess noise, can prove particularly trouble-



some in precision op amp and convertec circuits. Excess noise be-
comes evident only when current passes through a resistor.

To review briefly, thermal noise results from the thermally induced
random vibration of charge carriers in a resistor. Although the av-
erage current from these vibrations remains zero, instancaneous
charge motions result in an instantaneous voltage across the resis-
tor’s terminals.

Excess naise, on the other hand, occurs primarily when dc flows
in a discontinuous medium, such as a carbon composition resistor.
The current flows unevenly through the compressed carbon
granules, creating microscopic particle-to-particle “arcing”. The
phenomenon gives rise to a 1/f noise-power spectrum, in addition
to the thermal noise spectrum. In other words, the excess spot
noise voltage increases as the inverse square-root of frequency.

Excess noise often surprises the unwary designer. Resistor thermal
noisc and op amp noise set the noise floor in typical op-amp cir-
cuits. Only when voltages appear across input resistors and cause
current to flow does the excess noise become a significant—and
often dominant—factor. In general, carbon composition resistors
generate the most excess noise. As the conductive medium be-
cames more uniform, excess noise becomes less significant. Car-
bon film resistors do better, and metal film resistors do better yet.

Manufacturers specify excess noise in terms of a noise index—the
number of microvolts of rms noise in the resistor in each decade
of frequency per volt of dc drop across the resistor. The index can
rise to 10dB (3 microvolts per dc volt per decade of bandwidth)
or more. Excess noise is most significant at low frequencies. Above
100 kHz, thermal noise predominates.

Potentiometers

Trim potentiometers can suffer from most of the phenomena that
plague fixed resistors. Users must also remain vigilanc against ad-
ditional hazards unique to these components.

For instance, many trim potentiometers are not sealed and can be
severely damaged by board-washing solvents, and even by exces-
sive humidity. Vibration—or simply extensive use—can damage
resistive-element and wiper terminations. Concact noise, cempcos,
parasitic effects, and limitations on adjustable range can all
hamper ciccuit operation. Furthermore, the limited resolution of
wirewound cypes and the hidden limits to resotution in cermet and
plastic cypes (hysteresis, incompatible material tempcos, slack)
make the obtaining and maintaining of precise settings anything
but an “infinite resolution" process. Rule: Use infinite care and in-
finitesimal adjustment range to avoid infinite frustration.

PRINTED-CIRCUIT BOARDS

Printed-circuit boards act as “unseen components® in all precision
circuit designs. Since designers rarely consider the electrical char-
acteristics of PC boards as additional circuit components, the cir-
cuit’s performance usoally ends up worse than predicted.

Printed-circuit-board effects that are harmful to precision circuit
performance include leakage resistances, voltage drops in ground
foils, stray capacitances, dieleceric absorption and related “*hook™
(a salienc feature of the circuit’s step-response waveform). In addi-
tion, the tendency of p-c boards co absorb atmospheric moistuse
(“hygroscopicity”) means that changes in humidity often cause the
contributions of some parasitic effects to vary from day to day.

In general, printed-circuit-boargd effects can be divided into two
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categories—those that most noticeably affect the static or dc oper-
acion of the circuit, and those that most noticeably affect dynamic
or a-ccircuit operation.

Static PC-Board Effects

Leakage resistance is the dominant static circuit board effect. Con-
tamination of the board’s surface, in the form of flux residues, de-
posited salts, and other debris can create leakage paths between
circuit nodes. Even on well cleaned boards, it is not unusual to find
10 nA or more of leakage to nearby nodes from 15-volt supply
rails.® Nanoamperes of leakage current into the wrong nodes often
cause volts of error at a circuit’s output; for example, 10 nA into
a 10-megohm resistance causes 0.1 V of error.

To identify nodes sensitive to the effects of leakage currents, ask
the simple question: If a spurious current of a few nanoamperes
or more were injected into this node, would it matter?

If the circuit is already built, you can localize moisture sensitivity
1o a suspected node with a classic test. While observing the circuit’s
operation, blow on potential trouble spots through a simple soda
straw. The soda straw focuses the breath’s moisture, which, with
the board’s salt content in susceptible portions of che design, dis-
rupcs circuit operation upon contact.

There are several means of eliminating simple surface leakage
problems. Thorough washing of circuit boards to remove residues
helps considerably. A simple procedure includes vigorously brush-
ing the boards with isopropyl] alcohol, followed by a thorough
washing with deionized water and an 85°C bakeout for a few
hours. Be careful when selecting board-washing solvents, though.
If cleaned with Freon-based solvents, some water-soluble fluxes
create salt deposits, exacerbating the leakage problem.

Unfortunately, if a circuit displays a sensitivity to leakage, even the
most rigorous cleaning can offer only a temporary solucion. Prob-
lems soon return upon exposure to handling, foul atmospheres,
and high humidity. Guarding, on the other hand, offers a fairly re-
liable and permanent solution to the problem of surface leakage.
Well-placed guards can eliminate leakage problems, even for cir-
cuits exposed to harsh industrial environments.

Guarding principles are simple: Surround sensitive nodes with
conductors that can readily sink stray currents, and maintain those
conductors at the exact potential of the sensitive node. The guard
potential must be maincained close to the potential of the sensitive
node, otherwise the guard will serve as a source rather than a sink.
For example, to keep the leakage current into a node below a
picoampere, assuming 1000-megohm leakage resistance, the
guard and the node must be within 1.0 millivoles of one another.

Figures 7a and 7b illustrate the guarding principle as applied to
typical inverting and non-inverting op-amp applications. Figure 7¢
illustrates an actual circuit-board layout for a guard. Note that, to
be most effective, the guard pattern should appear on boch sides
of the circuit board. Try to include the guards when first laying out
a new board pattern, from the beginning of the layout process. At
Jater stages, there is usually insufficient space left to locate them
optimally—ifacall.

Dynamic PC-Board Effects
Although static pc board effects can come and go with changes in
humidity or board contamination, problems that most noticeably

*Unfortanately, the standard op-amp pinout places the = 15V supply pin right
nextto the + inpue, which is often hoped to be at high impedance.
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Figure 7. Proper circuit guarding resolves both static and
dynamic pc-board induced errors. (a) Use of guard in invert-
ing application. {b) Use of Jocal guard in non-inverting appli-
cation. Voltage buffer would help in guarding cable. {(c)
Printed-circuit board guard patternforop amp.

affect the dynamic performance of a circuit usually remain rela-
tively constant. Short of a new design, they can’t be fixed by wash-
ing or any other simple fixes. As such, they can permanently and
adversely affect a design’s specifications and performance.

The problems of stray capacitance, linked to lead and component
placement, are reasonably well known to most circuit designers.
Since lead placement can be permanently dealt with by correct lay-
out, any remaining difficulty is solved by training assembly per-
sonnel to orient components or bend leads in an optimal way.

Diclectric absorption, on the ocher hand, represents a more
troublesome and still poorly understood cireuit-board phenome-
non. Like diclectric absorption in capacitors, dielectric absorption
in a printed-circuit board can be modeled by a series resistor and
capacitor connecting ewo closely spaced nodes (Figure 8). Its effect
is inverse with spacing and linear with length. The model’s effec-
tive capacitance ranges from 0.1 to 2.0 pF, with the resistance
ranging from 50 to $00 M. Values of 0.5 pF and 100 MQ are
most common. Consequently, circuit-board dielectric absorption

‘—-— 0.0511.3mm) —e=

S0-500M§ 2
e e
0.1-2.0pF

Camay

____'% }..__.__
Yy
Rygaxans

Figure 8. Dielectric absorption plagues dynamic response
of pc-based circuits.
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interacts the most with high-impedance circuits.

Such dielectric absorption most noticeably influences dynamic cir-
cuit response, for example, settling time. Unlike ciccuit feakage,
the effects are not usually linked to humidity or other environmen-
tal conditions, but racher, are a function of the board's dielectric
properties. The chemistry involved in producing plated-through
holes seem to exacerbate the problem. If your circuits do not meet
expected transient response specs, you should consider circuit-
board dielectric absorption as a possible cause.

Fortunately, there are solutions. As in the case of capacitor dielec-
tric absorption, external components can be used to compensate
for the effect. More importantly, surface guards that rotally isolate
sensitive nodes often completely eliminate the problem (The
guards must be duplicated on both sides of the board).

Circuit-board “hook”, similar if not identical to dielectric absorp-
tion, is characterized by a variation in effective circuic-board
capacitance with frequency. In general, it affects the transient re-
sponse of high-impedance circuits where the board’s capacitance
is an appreciable portion of the total circuir capacitance. Circuits
operating at frequencies below 10 kHz are the most susceptible.
As in circuit-board diclectric absorption,the board’s chemical
makeup very much influences its effects.

DON'T OVERLOOK ANYTHING

Remember, if your precision op-amp or data-converter-based de-
sign does not meet specs, try not to overlook anything in your ef-
forts to find che error sources. Analyze both active and passive
components, and try to identify and challenge any assumptions or
preconceived notions that may blind you to the facts. Take nothing
for granted.

For example, when not tied down to prevent motion, cable con-
ductors, moving within their sucrounding dielectrics, can create
significant static charge buildups that cause errors, especially
when connectd to high-impedance circuits. Rigid cables, or even
costly low-noise Teflon-insulated cables, are an expensive
alternative.

As more high-precision op amps and higher resolution data con-
verters become available, and system designs call for higher speed
and accuracy, a thorough understanding of the error sources de-
scribed in this article becomes more important.
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DIGITAL FIR FILTERS WITHOUT TEARS

Designing and Implementing Non-Recursive Filters for DSP
New Low-Power Multipliers and Multiplier/Accumulators Speed Filter Design

by Bill Windsor and Paul Toldalagi

Digital filters once required specialized design techniques, high-
performance costly hardware, and complicaced software to imple-
ment; for these reasons, they found only restricted application.
Today, in sharp contrast, the availability of low-cost high-speed
digital signal-processing ICs, such as muttipliers and multiplier/
accumulators, combined with easy-to-use standardized design
procedures, has dramatically simplified filcer implementation.
Consequently, if your applications require filcers with rolloffs in
excess of 24 dB/octave, you should include digital filters in your
design repertoire.

In these pages, we will compare digital and analog filters, discuss
the various digital filter archicectures, and—as an example—show
you a step-by-step mechod of designing FIR (non-recursive) filters.
A set of references will show you where to find information on top-
ics only touched on lightly here.

COMPAREDIGITAL AND ANALOG FILTERS

Digital filters increasingly find cheir way into modems, radars,
spectrum analyzers, and speech- and image-processing equipment,
and for good reasons: Compared to analog filters, digital designs
offer sharper rolloffs, require no calibration, and have greater sta-
bility wich time, temperature, and power-supply variations. Sim-
ple software changes can alter a digical filter’s response in real
time, creating so-called “adaptive filters,” whereas analog filters
usually require hardware changes.

Buc digiral filters do not satisfy every application. Analog tech-
niques are usually most cost-effective in designs calling for rolloffs
of up to about 24 dB/octave. As rolloff requirements exceed 24 to
36 dB/octave, however, digital filters increasingly make more
sense. In fact, in applications calling for such steep rolloffs, many
designers find digital filcers significantly easier to develop. Pro-
totypes can be easily altered through software changes. Also, soft-
ware simulations of digital filter designs reflect the exac filter
performance, whereas computer simulations of analog filters can
only approximate true filter performance, since the parameters of
analog filters are sensitive to component values that are initially
inexact and can vary substantially.

DIGITALFILTER BASICS

Common digital filcer designs fall into two basic categories—non-
recursive (finite impulse-response, FIR) and recursive (infinite im-
pulse-response, 1IR). Besides straightforward IIR designs, there is
a growing interest in types embodying what is known as a lartice
topology. Bat before examining chese digital filter types, let us re-
view some digital filter basics.

Digital filters are not as difficult to understand as you mighr at first
chink. A previous Analog Dialogue article introduced the subject
to our readers (Vol. 17, Number 1, 1983, page 3); the references
listed at the end of both that article and this one can provide great-
er detail.

Although filtering is often required for smoothing signals in the
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time domain, most designers understand the operation of a filter
best in the frequency domain. The spectrum of the input signal
is multiplied by the frequency response of the filter to produce
an output signal with an altered spectrum. This multiplication in
the frequency domain is equivalent to convolution of the wave-
form and a response function in the time domain. What then is
convolution?

To understand the process, first consider a transfer function, H(f),
with an ideal magnitude graph in the frequency domain as shown
in Figare 1a. The function H{f) responds with unicy gain to signals
having frequency components from 0 Hz to f; Hz, where each
frequency component is simply a cosine wave at a particular fre-
quency. For instance, the signal, cos(2w3t), represents a unity-
amplitude frequency componentat f = 3 Hz.

Figure 1b illustrates the spectrum of a signal, X(f), whose time
value is cos(2mf, t) + cos(2mfy ). X(f) therefore represents the sum
of two equal components at f, and f;. If you want to extract che
f, component, leaving behind the f; component, you could simply
pass the X(f} signal theough a low pass filter. In fact, H(f) depicrs
just such a fileer, with a cutoff frequency of f,. Since H(f} equals
1 at f, and 0 at £, mulciplying H(f) by X(f) gives you } X cos(2wf,
t) + 0 x cos(2mft), or simply cos(2nf; ).

So far, we have been discussing continuous functions of time,
However, in digital filters, we are dealing with sampled data,
where a function of time consists of a finite number, k, of discrete
values, x(n}, per second, where k is the sampling rare and a/k is
the discrete variable corresponding to time. Thus, a cosine
waveform, in discrete time, is expressed as cos(2mn/k).

The continuous Fourier transform provides a means for mapping
continuous functions of time into the continuous complex fre-
quency domain, and the inverse Fourier transform maps functions
of frequency into the time domain. Similarly, the discrete Fourier
transformation maps discrete functions of time into the discrete
frequency domain, and its inverse transforms discrete functions of
frequency into the discrete time domain.

If the function of frequency is the product of two functions—for
example, the frequency content of a signal and the transfer func-
tion (i.e., the frequency response)—the corresponding time func-
tion is the same as the convolution of two functions in the time
domain—i.e., the signal’s time waveform and a time-response
function, determined by the transfer function.

Thus, Fourier’s theorem, which equates muldplication in che fre-
quency domain to convolution in the time domain, provides a
means of calculating the time response directly. As a consequence,
the discrete-time convolution:

y(n) = [h =+ x}(n) (1)

*See Johnson, Matt, “Implement Stable IR Fileers Using Minimal Hardware,™
EDN, April 14, 1983, pp. 153-166. Reprintis available from Anatog Deviees.
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is equal to the sum of the products of the signal and the frequency
response, i.e.,

N

y(n) = > h(mx(n ~ m) (2)

m=1

forall values of n.
Equation 2 represents a series of multiplications and additions,
which, if performed in a particular order, will automatically treat
the input signal x(n) as if it were put through a low-pass filter. The
equation assumes that h(n) is zero for m < 1 and for m > N, which
happens to always be true for FIR filters, where N is the number
of samplesin h(n}).

| |xin| | vin |

(O 1 1N P

T
fr f0 £y B 6 by N O

a. b. C.

Figure 1. Only one frequency component remains (c) after
the filter function {a) multiplies the signal at (b).

To perform the calculation of equation 1, using the Fourier
theorem, all you need are the functions h(n) and x(n). These are
the inverse discrete Fourier transforms of H{(f) and X(f) of Figure
1. The transform of X{(f) is a simple cosine wave, x(n) = cos(2nf,
n/k} + cos(2mfy n/k). As discussed in a later section, you can read-
ily caleulate the values of x(n) if you know f3, f;, and the sample
rate, k — the rate ac which your analog-to-digital converter is sam-
pling the incoming time-domain signal x(t). You may have a little
more difficulty computing the values of h(n), which are called the
filter coefficients. But several good computer programs are avail-
able to help out, including one from Analog Devices.

To illustrate a practical example of equation 2, consider a 27th
order filter, with N = 27. Then, the filter output value y(30),
which depends on the 27 preceding values of x, will be:

y(30) = h(1)-x(29) + h(2)-x(28) + h(3)-x(27) +
...+ h{26)-x(4) + h(27)-x(3).

The physical meaning of this summation is that the fileer's step re-
sponse is synthesized by summing 27 successively delayed versions
of the input step, each multiplied by its own coefficient, in effect
building an arbitrary step response. For example, if each h(m) is
a gain of 27, the filter’s response to a step will be a 27-step seair-
case (approximating an analog ramp), followed by constant oat-
put; with any input sequence, it performs a 27-interval running
average.

The following sections discuss means for calculating the coeffi-
cients,

DIGITALFILTERTYPES

Figure 2 illustrates FIR and two of the most-prominent IIR digital
filcer topologies, the former straightforward and the latter in the
form of a lactice. FIR, or finite impulse response, filters (Figure 2a)
have no feedback terms. Their outpucs are a function only of a fi-
nite number of previous input values (x(n)), and they are by defini-
tion nonrecursive. The filter in the example above is an FIR filcer.
The IIR filters of 2b and 2¢c will be seen ta have recursive terms,
in which a value of the output is affected by previous values of the
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Figure 2. Three common digital filter topologies include FIR
(a), lIR (b}, and lattice type (c).

output (y(n)), as well as by input values. In comparison o cthe other
types, FIR filters offer:

Stability. FIR filters have no poles in their Z-plane transfer func-
tion. Thus, their output is always finite and stable. lIR filters in
contrast, require careful design to insure stability. Because FIR de-
signs are based on discrece time delays and have no poles, they can
be used to construct filters for which there are no continuous ana-
log equivalents.

Linear Phase Response. You can design FIR filters with linear
phase response — the phase delay of the ourpuc signal increases
linearly with che frequency of the input signal. Linear phase re-
sponse becomes particularly important in applications such as
speech processing, sonar and radar. IIR filters, on the ather hand,
have nonlinear phase response. Linear phase response is difficult
to achieve with continuous analog filters.

Ease of Design. Designers find the FIR filter the easiest of the
three farms to understand, design, and implement, especially for
indicial response in the time domain.

Low Sensitivity to Coefficient Errors. This permits FIR filters to
be implemented with small word sizes — §12-to- 16 bits for instance.
Typical [IR filters need 16-10-24 bics per coefficient.

Accomodates Adaptive Designs. Adaptive FIR filters are com-
paratively easy to implement, by changes to the filter coefficients
in real time, to adapt the filter’s characteristics to external condi-
tions. Adaptive equalization filcers in modems, for instance, are
programmed to change their characteristics in response to changes
in the impedance of the transmission line.

IIR* (infinite impulse response) filter outputs (Figure 2b) combine
input values with previous output values, which have been fed
back into the circuit. TIR filters are therefore recursive. As in any
feedback circuit, to avoid instabilities, [IR filter designs must avoid
positive feedback with gains equal to or greater than 1. IR designs
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linear phase shift, and they need large coefficient word sizes to
keep rounding errors small and insure stability. Nevertheless, IIR
filters have major advancages, including:

Highest Efficiency. IR designs require fewer filter coefficients,
thereby minimizing the nuraber of multiplications and maximizing
the throughput.

Least Memory Storage. Because the IIR filter has the least
number of coefficients, it requires the least amount of read-only
memory (ROM). For example, a typical highpass design requires
only four coefficients in an [IR implementation, versus 19 for an
FIR equivalent.

Lattice-type digital filters promise greater stabilicy than IR forms,
with less hardware than FIR types. The newest form of digital fil-
ter, lactice filters presently have rapidly developing design theory.
Although earlicr lartice designs were highly sensitive to coefficient
accuracy, recent designs have shown less sensitivity to filter
parameters than the corresponding IR filcer (by 2 to 3 bitst). A
big advantage of lattice filters is that the parameters used in each
of the steps can be used for efficient encoding methods, as in linear
predictive coding (speech).

DESIGNING FIRFILTERS
Specifications and Tradeoffs
Designers specify non-recursive (i.c., FIR) digital filters similarly
to analog filters — a maximum amount of ripple in the passband,
a maximum amount of actenuation in the stopband, etc. {See the
adjacent definitions of digital filter terminology.) You will need to
specify the following design parameters:

N, the number of taps in the filter, which equals the number of
filter coefficients

fp, the passband cutoff frequency

f,, the stopband cutoff frequency,

K = (5,/5,), the ratio of the ripple in the passband to the ripple
in the stopband.

Figure 3 illustrates these parameters for lowpass, highpass and

bandpass filters. Designers usually define the units of passband

ripple in dB as 20 log;o (1 + 8,), and the units of stopband ripple,
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Figure 3. Design parameters defined for lowpass {(a), high-
pass (b), and bandpass (c) filters.
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also in dB, as —20log,o (3,). Passband ripple typically ranges from
0.001 to 1 dB, and stopband ripple from —10 dB to — 50 dB. Fre-
quencies f, and f; are normalized frequencies, which equal the ratio
of the actual signal frequency to the sampling frequency. Consider,
for example, a filter designed for a sampling frequency of 100 kHz,
a passband curoff frequency (f,) of 10 kHz, and a stopband cucoff
frequency (f,) of 20 kHz. Then,

f, (normalized) = 10 kHz/100kHz = 0.1

{, (normalized) = 20 kHz/100kHz = 0.2

Note that the nocrmalized frequency axis extends from 0 to only
0.5, since a design in accordance with the Nyquist sampling
theorem requires that a signal be sampled at more than twice its
highest frequency in order to eliminate the possibility of aliasing.

As always, specifying these design parameters requires some
tradeoffs. With a fixed number of filter taps, steeper rolloffs resule
in greater ripple. For both steep rolloffs and small ripple, you will
have to increase the number of filter taps, and therefore the filter's
complexiry.

Designing FIR Filters Through Windowing

To design a digital filter, you must first calculate the filter’s coeffi-
cients, h(m), in order to implement equation 2. The ewo most com-
mon design methods include “windowing™ and the Remez Ex-
change algorithm. For almost 95 % of design examples, Remez Ex-
change results in 2 significantly more efficient filter. The Remez
Exchange algorithm has also been coded in Fortran, and is avail-
able from Analog Devices, as noted below.

Windowing methods are useful, however, because of their simplic-
ity, and because they also aid in understanding filtering mechods,
so they are well worth examining. Keep in mind, though, that FIR
designs developed through windowing do not perform as well as
those obtained through other methods (see Ref. 7, for instance).

Consider the case of an FIR lowpass filter with stopband attenu-
ation greater than 50 dB, normalized passband cutoff frequency
(f,) of 0.2, and normalized stopband cutoff frequency of 0.3. Fig-
ure 4 plots the filter’s ideal transfer function, H(f). You can obrain
the Fourier series coefficients by solving the inverse Fourier trans-
form by equations 3.

0.5
h(n) = | H()+?df

-0.5

fy
= f 2o df

-1,

£
= J (cos2wfn + jsin 27fn) df
-1,

sin (mrf;n)
T )
Figure Sa shows the resulting set of h(n), which extend to * infin-
ity. You next mulciply the Fourier coefficients by one of several
window or weighting functions, as illustrated by Figure Sb and Sc.
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Figure 5. In the window method, a filter's Fourier coeffi-
cients {a) multiply a weighting function (b) resulting in(c).

The weighting funcrion is equal to zero above and below some
value, v, which depends on the number of filter taps, N. Mulriply-
ing the Fourier coefficients by the weighting function generates a
finite impulse response approximation to the desired transfer func-
tion, H(f). This guarantees that the Fourier series will converge.

Although several weighting functions will work, Figure 5b plots
the widely used Hamming window. Others include che Kaiser,
Blackman, and Hanning windows (see Ref. 1). After you choose
your window, you can detersnine the number of coefficients or fil-
ter taps, N, from the desired rolloff band, Af = fs — f,. For the
Hamming window, this rolloff bandwidth relates to filter taps, N,
by the conservative approximation:

Af=4/N 4)

For this design example,

Af=f,—f,= (0.3 - 0.2) = 0.1.

Thus, N = 4/0.1 = 40. This approximation usually yields 2 to §
more taps than needed, 5o specify N as 36.

Next, you obtain the filter coefficients, h’(n), of Figure 5¢ by multi-
plying each h(n) by the corresponding weighting function w(n) of
Figure 5b. Since the coefficients are symmetrical about 0, you need
only compute their absolute values (i.c., half the coefficients). The
coefficients describe the windowed function, of the form (sin x)/x,
which is the Fourier transform of the low pass filter of Figure 4.

Remez Exchange Design

For most FIR applications, the Remez Exchange algorithm offers
a more-powerful design technique than the windowing method.*
The Remez Exchange algorithm designs an optimal FIR filter as
defined by the minimax error criterion (Ref. 7 ). The minimax
criterion specifies a filter that, for a given number of coefficients,
minimizes the maximuwm ripple in the passband.

* A Fortran-coded version of the algorithm (Refs 2 and 4) is available free of
charge by writing to Analog Devices, DSP Marketing, Two Technology Way,
Norwood, Massachusetts 02062. Request the “Remez Exchange Application
Note."
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In general, for a given set of filter specificacions, the Remez
Exchange algorithm quickly generates an FIR design with the
smallest possible number of filter coefficients, particularly in com-
parison to the results of the windowing method. Also, passband
ripples all have equal amplitude, as do all stopband ripples. You
designate the ratio, K, of stopband to passband ripple, as noted
above.

The Fortran-coded Remez Exchange algorithm is easy to use. Con-
sider, for instance, the case of an FIR low-pass filter wich the fol-
lowing specifications:

Sample rate = 50 kHz

fo (actual) = 10 kHz, f, (normalized) = 0.2

f, (actual) = 14 kHz, {; (normalized) = 0.28

minimum stopband attenuation = 40dB

maximum passband ripple = 0.2d8B

eipple ratio K = 1 (equal ripple in pass- and stop-bands)

The Fortran program then prompts the user for inputs using five
consecutive lines:

Line 1:

FILT = number of filter taps or coefficients. Set this equal
to zero if the filter order (number of taps) is not
known, as in this design example.

JTYPE = type of filter (set to 1 for low-pass, high-pass, or
band-pass filters).

NBANDS = number of pass-bands plus stop-bands in the
filter. For a low-pass filter or a high-pass filcer as
in this example, NBANDS = 2. A band-pass fil-
ter has NBANDS = 3.

JPUNCH = ({normallysettozero).

LGRID = number of frequency points used in the Remez
Exchange algorithm. For most applications, such
as in this example, LGRID = 16 suffices. For
high-performance filters with more than 50 taps,
set LGRID to0 32.

Line2:

Line 2 contains the normalized frequencies of the pass-band and
stop-band edges. The number of values here equals twice the
number of bands. For the case of the low-pass filter specified
above, the pass-band ranges from 0.0 to 0.2 in normalized fre-
quency, and the stop-band edge spans 0.28 o 0.5 in normalized
frequency. Line 2 therefore carries these four numbers for this de-
sign example.

Line 3:

Line 3 specifies the magnitude of the desired transfer function,
V_u/Vin, in €ach band. In chis example, the low-pass filter has uniry
gain in the pass-band, and zero gain in the stop-band, so Line 3
contains the numbers 1, 0.

Line4:

Line 4 specifies the desired relative weights of the two bands. For
this example, specify stop-band ripple equal to pass-band ripple,
denotedbya |, 1onLine 4.

Line 5:

You need Line S only if the number of filter taps needed is un-

known — as in this example (NFILT = 0). This line specifies the
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desired pass-band and stop-band ripple in dB. The program then
estimates the number of required filcer raps NFILT. Assume in this
case that passband ripple does not exceed 0.2 dB, and that stop-
band attenuation is 40.0 dB. Line § therefore includes the numbers
0.2 and 40.0.

With these inputs, the Fortran program estimates the filter order
(number of taps) by approximating design relationships between
che filter parameters (Refs. § and ). The result usually falls within
four taps of the correct number needed. '

Figure 6 illustrates a typical computer result. The “filter length,”
determined by approximation as noted above, equals 24 caps. The
“impulse response’ gives the filter coefficients, and the next few
lines of Figure 6 simply repeat the program input values for band
1, the pass-band, and band 2, the stop-band. The “desired valae”
indicaces the desired filcer transfer functions in the pass- and stop-
bands. The “weighting” of the ripples is 1.00 in the passband and
1.00 in the stopband. The “deviation” is the ripple in each band,
which equals 0.011 in the passband and 0.011 in the stopband.
The “deviation in dB” represents the decibel value of che “devia-
tion” numbers. “Extremal frequencies™ denotes frequencies at
which maximum passband and stopband ripple occurs.

T T T T T e R AR e
FINITE IMPULSE RESPONSE (FIR)
LINEAR PHASE DIGITAL FILTER DESIGN
REMEZ EXCHANGE ALGORITHM
BANDPASS FILTER
FILTER LENGTH = 2a&
FILTER LENGTH DETERMINED BY APPROXIMATION

snaen

IMPULSE RESPONSE sasss

Hi 1) = =0,10748326E-01 = H({ 2Z4)
H{ ) = =0,187040B7E-02 = H{ 23]
Ht 3) = 0.15714122E-01 = H({ 22)
H{ 4) = Q,4721314ZE-0Z = H{ 21}
M¢{ 5) = -0,25240039E-01 = H( Z0)
Ht 61 = -0.13135824E-01 = H( 19)
Ht 71 = 0.41533310E-01 = H{ 18)
Ht B) = 0,28864330E-01 = H{ 17)
Ht 8} = -0.69702514E-01 = Hl{ 18)
Ht 10) = -0,714Z26094E-01 = H({ 15)
H{ 11} = 0Q,1B0B1354E+00 = H{( 14)
H{ 12) = 0.43451963E+00 = H{ 13}
2AND 1 BAND 2 BAND
L0WER BAND EDGE ©.000000000 0,2B0000001
UPPER BAND EDGE 0, 200000003 0.300000000
DESTRED VALUE 1.000000000 0.000000000
WEIGHTING 1. 000000000 1.000000000
DEVIATION ©.011113827 0.011113827
NEVIATION IN DB 0.193075284 -39,082729240
EXTREMAL FREGUENCIES
0.0000000 0,0416667 0.,0807292 0.1197916 0.1562500
0,1875001 0L, 2000000 0. 2800000 0.2930208 0.3216B65
0.3607289 0.3997912 0,4414577

FEEARBBR BB R R BB R PO AR AP AR R F R RN B R R R ERFRRARARAR LR R RBL AR RE RN

Figure 6. Remez Exchange program output with NFILT in-
itially = 0.

This initial computer run, with N = 24, results in passband ripple
af 0.19 dB, and stopband attenuation of 39.08 dB, which do not
meet the design specifications. Repeating the computer run, with
successively higher values for N, leads to the acceptable results of
Figure 7, for N equal t0 27.

Hardware Design

Once fully defined, your filter can be readily implemented in hard-
ware, Figure 8 is a functional diagram of a system implementing
the 27-tap fileer defined above, assuming 16-bit words. The
tradeoffs in selecting word size will be discussed later.
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M{ 1) = D,372930BBE-02 = H{ 27}
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H{ 3) = -0.90835225E-02 = H( 25)
H{ 4) = 0.77674030E-02 = H( 24)
H{ S5) = 0.15654338E-01 = H( 23)
Ht B} = -0.11497782E-01 = H( 22)
H{ 7) = -0.20403830E-01 = H{ 21}
H{ 8) = Q.14817086E-01 = H{ 2Z0)
H{ 9) = 0.50319908E-01 = H{ 19)
H{ 10} = -0,17289791E-01 = H( 18)
H{ 11) = -0,97608425E-01 = H{ 17)
H{ 12) = 0.190F9S505E-01 = H{ 16}
Ht 13) = ©0.31539205E+400 = H{ 15)
H{ 14} = ©0.248032677E+00 = H{ 14)
BAND 1 BAND Z BAND
LOWER BAND EDGE 0., 000000000 0.280000001
UPPER BAND EDGE 0.200000003 0.50000G0000
DESIRED VALUE 1.000000000 0.000000000
WEIGHTING 1.000000000 1.000000000
DEVIATION 0.008834021 0.008834021

DEVIATION IN DE 0.153466403 -41.076831818

EXTREMAL FREGUENCIES

0,0000000 0.04846429 0.08B48214 0.,1250000 0.1607143
0.1875001 0.2000000 0.2800000 0.2911807 0.31794863
©.3514283 0,.3871424 0.4250887 0.4630350 ©0,5000000
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Figure 7. RemezExchange program output, N = 27 taps.

The anti-aliasing filter of Figure 8 minimizes high-frequency signal
and noise components reaching the a/d converter. In many cases,
anti-aliasing filters require rolloffs no greater than 6-24 dB/octave.
The a/d converter samples the incoming analog signal at a rate
equal to about three times the highest input frequency. Although
the Nyquist criterion specifies a sampling rate of at Jeast two cimes
the highest frequency, conservative design practice dictates a fac-
tor of three. The RAM stores the a/d converter’s output. With a
27-cap filter, you will need 27 RAM locations, each 16-bits wide.

’ ; ANTI-ALIASING
SIGNAL —s= LALIAS
AD
Xin)
CONVERTER =
T F
CLOCK +
COUNTER —.‘
PROM — MULTIPLIER
hin)
Y MAC
ACCUMU-
LATOR
OUTPUT
¥in

Figure 8. Digital FIR filter system functional block diagram.

A PROM stores the filcer coefficients determined earlier. You may
need RAM, instead of a PROM, particularly if you wish to imple-
ment an adaptive filter. The number of PROM locations equals the
number of different filter coefficients. Because of symmetry, an
FIR filter has N/2 different coefficients for N even (N is the number
of taps), and (1 + N)/2 coefficients for N odd. A 27-tap filter
therefore requires a PROM with 14 16-bit locations.

The clock and counter step through the RAM and PROM, presentc-
ing coefficients and input values to the multiplier. The multiplier/
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accumulator combination performs the multiplication and addi-
tion as specified by equation 2, and thus forms the heart of the dig-
ital filter.

Analog Devices offers a variety of multiplier/accumularor 1Cs
which considerably simplify such digital filter implementations.
The ADSP-1010%, for instance, multiplies two 16-bit numbers and
accumulates the products in a 35-bit accumulator, which includes
3 bits of extended precision to accomodate overflows resulting
from the addition of tewo or more 32-bit products.

Hardware Details

As a first step in implementing a detailed design, convert the filter
coefficients to 16-bit fixed-point or block-floating point numbers,
In fixed-point arithmetic, for instance, simply multiply the coeffi-
cients by 213,

Next, round off the coefficients to the nearest least-significant bic.
Do not simply truncate the coefficients, since cruncation destroys
the accuracy of the filter coefficients, whereas rounding achieves
performance close to the theoretical limits imposed by your word
lengch. Store the rounded 16-bit coefficiencs in PROM.

You also must determine whether a standard P can implement
the filter, or whether you will need a dedicated high-speed multi-
plier IC. To determine the required computational speed, mulciply
the sampling rate by the number of filter coefficients.

In the above example, a sampling rate of 50 kHz and a filter with
27 taps requires (50kHz x 27) = 1.35 million 16-bit muluply-
and-accumulate operations per second, or 740 nanoseconds per
combined operation. Few microprocessors can handle such re-
quirements; for instance, the 12.5-MHz version of the Motorola
68000 performs a 16-bit mulaiplication in 5.6 ws. The Analog De-
vices ADSP-1010 multiplier/accumulator (MAC), however, read-
ily performs a multiply-and-accumulate operation in only 165
nanoseconds, at low cost and with low power consumption,

To ensure proper multiplications, the memary-control circuitry
(RAM, PROM, counter) must recrieve the correct combination of
words from memory. The stack and pointers of Figure 9 illustrate
one method. Pointer 2 directs the storage of each new daca point
into RAM. For each new sample, the system computes the trans-
formation by incrementing down from pointer 1 and up from
pointer 3 as follows:

h(4)x(n—=23) + h{3)-x(n—2) + h(2) x{n=1) + h(1)-x(n)
+ h(6)-x(n=235) + h(5)-x(n —4).

After computing each sample, pointers 2 and 3 increment; the
pointers reset when they reach the stack boundary. Figure 9b de-
tails the operation.

Next, decide how to handle accumulator overflow. When a filrer
performs its mulciply-and-accumulate operations, the number of
bits in the accumulator will cercainly exceed the 32-bit resolution
of asingle 16 X 16-bit multiplication. To handle overflaw, first cal-
culate a reasonable upper bound for the amount of overflow your
filter could experience. By summing the squares of the filter cocffi-
cients, you can estimate a reasonable level of overflow. Compare
this number to the maximum the accumulator can handle.

You can handle accumulator overflow in one of several ways, The
ADSP-1010 MAC provides three additional bits of accumularor

*For technical data, use the reply card.
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i1y xin3) = POINTER 1
{FIXED|
hi2) *ln-2)
hi3) xin-11
a POINTER3 POINTER 2
° hi4) [ xinj
(MOVING) {MOVING}
his} x(n-5}
hi6) xin-4)

START

INITALIZE THE DATA RAM TO ZERO:
win)=0, x{n-1=0,.... x(n-5)=0

i

INITIALIZE POINTERS:
POINTER 1, P1, POINTS TO TOP OF DATA RAM (FIXED)
POINTER 2, P2, POINTS TO TOP OF DATA RAM (MOVING)
POINTER 3, P3, POINTS TO hi1} (MOVING)

]

READ VALUE FROM A-TO-D CONVERTER
INTO THE DATA RAM - THIS VALUE IS xin)
STORE IN DATA RAM LOCATION POINTED TO
BY PZ.

b. PERFORM THE FOLLOWING MULTIPLICATIONS:
IP1)+IP3)

(P1 + 1)+(P3-1)

(P1 + 29-(P3-2)

(P14 5)-(P3-5)

NOTE 1: THE NOTATION (P1}MEANS THE CONTENTS OF THE
LOCATION POINTED TO BY POINTER P1.
NOTE2: WHEN YOUREACH A STACK BOUNDARY (FOR EXAMPLE
IF P3-3 POINTS TO H{1)), THEN P3-4 WiLL
WHAP AROUND THE COEFFICIENTSTACK TO
POINT TO hi6).

| PERFORM SUM OF ABOVE MUL‘I‘IPLIESH RESUL‘I’_)

‘ NOTE 3: IF THESE POINTERS EXCEED THE STACK BOUNDARY,
THEN RESET THE POINTERS TO THE BEGINNING
L___| INCREMENT P3 OF THE STACK.
INCREMENT P2

Figure 9. Filter uses pointers (a} to compute convolution as
outlinedin (b).

precision in addition to the 32 bits needed to handle a single
16 x 16-birmultiplication. This suffices for mostapplications.

Alternatively, you can scale down the coefficients, from 1ta 5 bits,
at the sacrifice of some accuracy. To scale them down, divide them
by 2 and apply the overflow test described above. Continue the
process until the scaled coefficients pass the overflow test.

Finally, for some applicacions, you may not want to accomadate
the full dynamic range of the input signal. Therefore, just let the
accumulator saturate agits maximum value,

Occasionally, required multiply/accumulate speeds exceed the
capabilities of even the fastest MACI1Cs. In that case, you can com-
bine two or more processors in parallel to increase the throughpur.
The circuit of Figure 10 combines cwo ADSP-1010 MACs oper-
ating in parallel, thus cutting the multiply/accumulate time per
computed point to 75 nanoseconds, which is one-half the normal
150 nanoseconds for a single such componenc.

INPUT
SIGNAL
Xi{n}

MULTIPLIER/
L ACCUMULATOR #1

MULTIPLIER!
ACCUMULATOR #2

OUTRUT ¥in)

Figure 10. Paralleling two multiplier/accumulators doubles
throughput.

17



Avoid Rounding and Roundoff Errors

Most digital filter hardware errors result from two sources —
rounding and roundoff. Rounding errors result from the rounding
of filter coefficients, such as those generated in Figures 6 and 7,
by a high precision mainframe computer, to the 16-bits of typical
digital filter hardware implementations. As noted earlier, round-
ing produces less error than cruncating, buterror nonetheless.

Roundoff errors result from consecutive finite precision multiply-
and-accumulates. Roundoff errors are more significant than
rounding errors, particulacly in high-order filters.

Estimating the required word size to avoid such errors can prove
cricky. Generally, if your design calls for more than 67 dB of stop-
band attenuation or less than 0.05 dB of passband ripple, 16-bic
words may lead to excessive errors. Such cases may require 24, and
sometimes even 32-bit, word lengths. Sofrware simulation, dis-
cussed in a following section, can help you determine word-length
requirements before you commit your design to hardware.

To illustrate the significance of these ecrors, Figuee 11 compares
simulated performance of 16-bit fixed-point and 32-bit floating-
point 27-tap low pass filters. Although the errors appear slight in
this case, a similar comparison in Figure 12 for a 90-tap filter
shows dramatic differences. For more than 80 dB of stop-band at-
tenuation with 90 raps, more than 16 bits of precision are needed.

Software Simulations

The flow chart of Figure 13 shows a typical sofcware program for
simulating the performance of your digital filcer with a high-reso-
lution computer. You can obtain from Analog Devices a Fortran-

25.00 4
27-TAP FIR FILTER
B83% PASSBAND RIPPLE
FREQ (PASS)=.200
0.00 FREQ. (STOP) = 280
o
o
w —25.00-
Q
=]
£
o
@ _50.00 |
a. = [
(=]
g \
2 7500+
1)
;]
<
(-9
- 100.00
- 125.00 T T T T T T T
00 ot 14 21 28 35 Az 49 56
NORMALIZED FREQUENCY
- [ACTUAL FREQL){SAMPLING FREQ.)
25.00
27-TAP FIR FILTER
'883% PASSBAND RIPPLE
FREQ. [PASS)=.200
0.00 1— FREQ. (STOP)=.280
= " - SIMULATED FILTER -
e
o -25.00 1
2
E
-
: r
b = ~50.00 4
(= ']
. 2 \' |
3
@ 7500+ .
4 |
L4
a
~100.00 1
~125.00 T : T . T : : ~
4] .07 14 n 28 .35 A2 A9 56

NORMALIZED FREQUENCY
= (AGTUAL FREQ.}(SAMPLING FREQ.}

Figure 11. Computer-simulated response of a 27-tap low
pass FIR filter using 32-bit arithmetic (a), and 16-bit arithme-
tic (b).
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Figure 12. Computer simulated response of a 90-tap low
pass FIR filter using 32-bit arithmetic (3), and 16-bit arithme-
tic (b).

coded version of this program for simulating 16-bit FIR designs,
employing the ADSP-1010 16 X 16-bit multiplier/accumulator. 1t
is available feom the DSP Marketing Group, under the name, “FIR
16-bit simulation program.™

The simulation repeacs the seeps in the hardware design process.
It begins by obtaining the filter coefficients h(n) from the Remez-
Exchange computer program, checks for overflow and scales the
cocfficients, and obtains the 16-bit fixed-point or floating-point
coefficients, normally scored in PROM.

The program next simulates a digitized input signal array, x(n),
which corresponds to the output of the A/D converter, normally
stored in RAM. The number of valaes in the array cquals the
number of fileer taps. Normally, you should begin the simulation
with a cosine wave of feequency 0 Hz, and wark you way up to
higher frequencies.

The arithmetic operations of the multiplier/accumulator combina-
tion are readily simulated. The simulation program restricts the
computer's word size to correspond to the limited precision (16
bits) of your filter's hardware implementation. In Forcran, for ex-
ample, the INTEGER?2 or INTEGER®4 variable type declara-
tions handle chis for you.

The simulation program also includes an accumulator overflow
check to verify the effectiveness of the initial coefficient sealing op-
eration. If the computer flags an accumulator overflow, you'll have
to scale down the coefficients again and re-run the simulation.

The program next computes the filter output values, y(n), by set-
ting up a loop to calculate the transformation of equation 2. For
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i

INCREMENT 1, TO SWEEP QUT
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yin) V5. FREQUENGY

Figure 13. FIRfilter simulation program flowchart.

each cosine inpug, the program computes N valaes of y(n), where
N is the namber of filcer taps.

The pragram next finds the magnitude of the filter's outpat (and
therefore the magnitude of the filtec’s transfer function at chat fre-
quency), by choosing the largest absolute value from the y(n)
array. This vsually comes very close to the actual magnitude of
y(n). But if you need better accuracy, you can pass the N points
of the y(n) signal through a curve-ficding algorichm which gener-
aces a continuous-time signal, y(t).

Once the program computes the output for a cosine wave of 0 Hz,
it can caleulate outpurs for a range of frequencies. You usually
want it to sweep from 0 Hz to just below the Nyquist frequency
of 0.5 (normalized), in narmalized-frequency increments of 0.001.
The resulting plot simulates your filter's transfer function. If the
plot meets your expectations, you can proceed with the construc-
tion of the hardware.

Portions of this article are adapted from an article by the same authors,
which appeared in EDN, March 3, 1983, copyrighted by Cahners Pub-
hishing Company, Division of Reed Holdings, Inc, with permission of
the copyright owner.

FOR FURTHER READING

Analog Dialogue, Volume 17, Number 1 (1983) carried a review
article summarizing the uses of multiplier/accumulator ICsin a va-
riety of DSP applications. Analog Devices has also collected a re-
cencly published series of § articles comprising cookbook designs
applying DSP to various common filtering, and control applica-
tions. If you would like reprints of this set of articles, use the reply
card; ask for “EDN series.”

Ted Dintersmith, and Paul Toldalagi, “Apply Modern Control
Theory to Optimize Digital Systems,”” EDN, April 28, 1983, pp.
165-179.

Analog Dialogue 17-2 1983

Mate Johnson, “Implement Stable IR Filters Using Minimal
Hardwace,” EDN, April 14,1983, pp. 153-166.

John Oxaal, “Temporal Averaging Techniques Reduce Image
Noise,” EDN, March 17,1983, pp. 211-215.

John Oxaal, “DSP Hardware Improves Multiband Filters,” EDN,
March 31,1983, pp. 193-197.

Bill Windsor, and Paul Toldalagi, “Simplify FIR-Filter Design
With a Cookbook Approach,” EDN, March 3, 1983, pp. 119-
128,
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FILTER TERMINOLOGY

Attenuation — A decrease in output signal magnitude relative to
input signal magnitude.

Cutoff frequency — The frequency at which the filter's response
drops below the specified pass-band ripple (1-8,).

Pass-band — The filter frequency range through which signals pass
without more than a specified amount of attenuation.

Stop-band — The filter frequency range through which signals ex-
perience a specified degree of attenuation.

Stop-band attenuation — The minimum amount of attenuation in
the stop-band.

Pass-band ripple — The maximum deviation from the desired out-
put magnitude in the pass-band.

Sampling rate — The rate at which the syscem samples the input
signal.

Filter coefficients — Numbers representing the inverse Fourier
transform of the filter's transfer function. Coefficients define the
filter’s characteristics and form the basis of digital filcer implemen-
tations.

Taps — Taps equal che number of sampled input values processed
by the filter for each output point. Taps also equals the number
of filter coefficients, and can represent a measure of the filter delay.
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MONOLITHIC V/F CONVERTER WITH 1-MHz FULL SCALE OUTPUT
AD650 Has 50-ppm Nonlinearity for 100 kHz F.S., 0.1% max for 1 MHz F.S.
Accepts Unipolar or Bipolar Signals, Also Converts from Frequency to Voltage

by Larry DeVito

The AD650* is a new high-performance voltage-to-frequency
converter {VFC) on a singte chip, packaged in a 14-pin plastic or
CERDIP dual in-line package. As a VFC, it provides a crain of
fixed-widch output pulses at a frequency proportional to an input
voltage or current. For voltage inputs, frequency is scaled by the
choice of an external resistance and capacitance, up to a maximum
of 1 MHz full-scale. Low-cost, compact, high-resolution V/f con-
'vertcrs, such as the AD6S0, are useful in instrument and system
design for such applications as data conversion, signal isolation,
and phase-locked loops.

To use the AD650 as a valtmeter, simply apply the voleage to be
measured to its input and measure the frequency by counting out-
put pulses during a gate interval. Increase resolution by lengthen-
ing the gate interval. The ultimate resolution is limited only by drife
and noise.

The AD650 has features not found in other VFCs—for example,
offset trimming for the integracor op amp, an available half-scale
offset current for applications with bipolar input voltages, and
separate analog and digital grounds for minimizing interference
between the low-level analog input circuitry and che high-level fast
edges associated with digica) circuicry.

ADG650 vs. AD537 and ADVFC32: The AD650 is the highest-per-
formance monolichic VFC available, featuring guaranteed linear-
ity to within 0.005% ac 100kHz full scale, and 0.1% at 1-MHz
full-scale. Where linearity and high-speed at high-resolution are
not paramount considerations, other alternatives exist:

® For example, the popular AD537* (Analog Dialogue 10-2),
with maximum nonlinearity of 0.1% ac 100kHz and 0.07% at
10kHz, has the convenience of single-supply operation and very
low supply current, making it an ideal choice for remote and porta-
ble battery-powered applications; it also has a symmetrical
square-wave output, independent of frequency, which permits
bounceless ac coupling; and it is available in a heemetic TO-100
can, as well asin DIP form.

® The ADVFC32* is available for general-purpose VFC applica-
tions calling for maximum nonlinearity of 0.05% at 100kHz and
0.01% at 10kHz; users may also have the comfort of knowing that
second sources of this product exist, for applications requiring
them.

Prices of these devices in 100s start from: ADE5O(JN), $7.95;
ADS537(JH), $5.30; ADVFC32(KN), $5.95.

HOW IT WORKS

The AD6S0 is a charge-balance voltage-to-frequency converter.
The input signal current is exactly balanced by an internal feed-
back current. The feedback is apptied as short, precisely controlled
bursts of current—i.e., packets of charge. The required number of
charge packets, each producing one pulse of the outpuc frequency,
is proportional to the input signal level. Figures 1 and 2 show how
this is dome.

The AD650 (Figure 1) consists of an operational amplificr, a com-
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parator, and a one-shot multivibrator—with period determined by
an external capacitor—which controls ¢he locus of flow of a nomi-
nally 1-mA precision currenc. There is also a pin-programmable
0.5-mA bipolar-offset current source. The frequency output is fur-
nished via an open-collector transistor.

&
-V ONE SHOT [
y (o CAPACITOR GND
7

Figure 1. Functional diagram of the AD650, connected for
positive input signal.

When the signal circuitry is connected as shown, the positive input
valtage develops a current 1 { = V,,/R) in the input resistor, flowing
continuously through the integrating capacitor, C,,,, developing a
negative-going voltage at the input of the comparator (Figure 2).
When the voltage is more negative than — 0.6V, the comparator
flips, triggering the one-shot, which switches the 1-mA current
source (I} onto the surnming point. A current of (— It + Vin/R)
now flows through the capacitor, ramping the output positively
for the one-shot’s on interval, T,,. At the end of that period, 1,
is switched off the summing point (to the amplifier output, actu-
ally, to minimize glitches), and the currenc is once again V/R.
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figure 2. Timing diagram — voltage-to-frequency.

At equilibrium, when the incremental charges, AQ = [, At, are
in balance,

(In:l - vin:wc/R) Tos = (VinavJR) (T - Tos) (1)
where T is the period, 1/f. Thecefore,
f= Vinnw/(RImf ) Tos) (2)

[t is easy to see that as V,, increases, the negative slope increases,
triggering thc comparator sooner, causing a new cycle sooner,
hence an increase in frequency. Note that frequency is independent
of the value of C;,,, depending only on R, the internally generated
1 mA, and the fixed interval, T, which is established by the exter-
nal one-shot capacitor.

Since frequency depends directly on R and C, high-quality com-
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ponents with low temperacure coefficients should be used. Though
not critical, G, affects the sawtooth amplitude, so it is chosen as
a function of frequency: 10~ ¥/fyg for frequencies below 100kHz,
1000pF for higher frequencies. Apart from these external influ-
ences, key factors for the linearity and stability of the AD650 ace
the amplifier and comparator input stages and the internal preci-
sion currents and thresholds, which are set by a buried-Zener refes-
ence. Because of its innovative design and simple processing re-
quirements, the AD650 is quite competitively priced.

APPLICATIONS

Factors which make the AD650 easy to use inclode its open-collec-
tor transistor output, which interfaces to any logic family with a
simple external pull-up resistor to the logic supply (up to 36 voles
above ground). The frequency output has a separate ground, a
necessity for minimizing the effects of interference noise so that the
excellent linearity of the device can be fully realized.

A set of proper supply bypassing and ground retutn connections
are shown in Figure 3. The analog and digital grounds must be
nominally at the same potential, but as much as hundreds of mil-
livolts of noise on the digital ground will be tolerated without com-
promising the integricy of the analog ground. The §10-ohm pullup
resistor shown provides fast rising edges for clean pulses at 1 MHz;
higher resistance values can be used at lower frequencies.
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OF AMP
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Figure 3. DIP supply connections and bypassing.

Figure 4 shows how the internal bipolar offset current source is
used to provide a half-scale offset for a % 10-volc input signal,
while providing a 100-kHz output frequency span. The nominally
0.5-mA (% 10%) offset current source is enabled when a 1.24kQ
resistor is connected between pins 4 and 3; the offset current is
drawn through the non-inverting input terminal of the integrating
op amp. Thus, with the grounded 20 kQ nominal resistance
shown, a — 10-volt offset is developed at pin 2. Since pin 3 must
also be at — 10 volts, the current range through R is 20 V/80 k{}
= +0.25mAatV,, = +10V,andOmAatV;, = —10V.

Yy
e

LB

Figure4. Connections for = 10-Vinputrange [100kHz span).

When the AD650 is used for 1-MHz full-scale output and 0 to 10-
voltinput, R is equal to 16.9 kQ* and C, is 51 pF (typically mica
or low-drifc ceramic). The wiring must include the bypass

*Standard 1% vatuve.
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capacitors (including perhaps a 101F instead of the 1y.F shown in
Figure 3) and the 5 10-ohm output-collector load. In general, prop-
er R-F techniques must be observed when operating the circuit at
1 MHz. Lead lengths must be kept as short as possible—especially
on the one-shot and integration capacitors, and at the integrator’s
summing junction.

A 3.6 k2 pulldown resistor from the output of the integrating am-
plifier to =V, is used to draw extra current ta reduce the op amp's
output impedance and improve its transient response. An offset-
teim cigcuic mighe be helpful; it consists of a 20-kQ trim poten-
tiometer connected between the cwo crim terminals, with the wiper
connected to + 15 volts via 2 200 k(2 series resistance. Although
the device is operating at its rated performance limit, nonlinearity
is guaranteed less than 0.1% and gain-temperature coefficient
ranges from —0.04%/°C at temperatures less than 0°C 1o
+0.01%/°C in the vicinity of + 100°C. Gain tempco is consider-
ably lower for less-demanding output ranges, e.g., just a few ppm/
°C for 10kHz full scale.

Component Selecdon. The two parameters available to the user to
control full-scale frequency are R and C,,. The “swing" variable
thacis also affected by the choice of R and C, is nonlinearity, The
selection guide of Figure 5 shows this quite graphically. In general,
larger values of C,, and lower full-scale inpuc currents (higher
values of R), provide better linearity. In Figure 5, ¢he implications
of the four different choices of R are shown. For a full-scale output
of 100 kHz, you can see that, among the available choices, R =
20 k2 and C = 620 pF gives the lowest nonlinearity, 38 ppm.
Also, if you wish to use the highest frequency that will give the 20
ppm minimum nonlinearity (for dynamic range and speed of re-
sponse), itis about 33 kHz (40.2 k) and 1000 pF).
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Figure 5. Design considerations forRandC,;.

The AD650 can also be used as a frequency-to-volcage converter,
e.g., in building a tachometer. Figure 6 is a functional diagram of
the basic connections. Each input pulse causes the comparator to
trigger the one-shot, which produces a 1 mA X T, increment of
charge, which is averaged by the R-C, lag circuit. The averaged
output of the op amp is proportional to the duty eyele, T, /T, and,
since T, is constant and T = 1/f, the output is thus proportional
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Figure 6. F/V conversion—basic connections.
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New-Product Briefs

FASTADC & DAC FOR TELECOMMUNICATIONS
14-Bit ADC Has T/H, Runs at Word Rates from DC to 125 kHz
14-Bit DAC Has Gated RZ Output, Word Rates up to 200 kHz

The HAS-1409KM and HAS1409AKM*
14-bst hybrid a/d converters—an industry
first— are capable of word rates up to 125
kHz. Complete with track-and-hold, each is
housed in a single 40-pin DIP package, dis-
sipating only 2 W. The KM has an internal
clock, for local adjustment of the word rate,
while the AKM employs the system clock to
establishits word rate.

The HAS-1409 has been characterized
with its companion DAC, the HDD-1409,*
for assurance of the ac performance needed
for use in frequency-division multiplex/
time-division multiplex (FDM/TDM) trans-
multiplexer systems. Although specifically
designed for those kinds of applications, its
high speed and low distortion are of value
for other forms of signal processing, such as
computerized-axial-tomography (CAT) and
nuclear-magnetic-resonance (NMR) scan-
ners and pulse-code modulation.

The HDD-1409KM, in a 32-pin DIP, is a

voltage-output DAC capable of accepting
data at update rates from dc through 200
kHz. Complete with input registers, current-
output DAC, switching circuits, and output
amplifier, its output range is =5 V, with
600-ohm outpur impedance; the deglitched
retum-to-zeco (RZ) mode allows the op-
timum duty cycle to be selected for FDM/
TDM and PCM applications.

This new family offers system designers high
speed and 14-bit resolution, plus savings of
space, power, and system cost, without sac-
rificing performance or reliabiliry. Prices for
HAS-1409KM/AKM are $380/$365 (1-24),
and for HDD-1409KM, $135. O

10-BIT-PLUS-SIGN ADC CONVERTS IN 80 s
Monolithic CMOS AD7571 Has Differential Inputs

Plus Versatile P Interface,

The AD7571* 10-bit-plus-sign CMOS a/d
converter can convert in 80us (max), nearly
2 V4 times faster than currendly known com-
peting ADCs. Differential inputs provide it
with full = 10-volt bipolar input signal
range, and its output is available either in
parallel—as one or two bytes for 16- or 8-bit
wPs, or serially, via 3-state buffers.

lts low-power CMOS construction and fast
conversion time are well-suiced for battery-
powered applications; and a serial dara
stream is available, synchronizable to the in-
ternal clock, for remote applications calling
for opco-isolated transmission.

Key performance specs include =%:-LSB
maximum relative-aceuracy eeror (K, B, T),
and no-missing-codes over temperature,
Common-made error is specified ac =0.1
LSB/V—i.e., 1 LSB, or —60dB, ac full scale.

The AD7571 requires only a single-polarity
reference ta accept bipofar inputs; and ic can

* Use the reply card for technical dara.
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Parallel and Serial Outputs
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operate from a single positive power supply
for positive input signals. For bipolar opera-
tion, £ t5V and +5V are required. Jv will
operate with its on-chip clock, or—if de-
siced—with an external clock; andicis TTL-
and CMOS-compatible.

Relative accuracy error over temperature is
guaranteed ac =1 LSB max for J, A, and S
grades, and ac £ 'ALSB max for K, B,and T
(packaged in plastic, cerdip, and side-brazed
ceramic). Prices (100s) scartat $19.50. > |

16-BITADC
High-Performance ADG1143

Is Fast, Compact, Low-Power
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The ADC1143* is a complete 16-bit succes-
sive-approximation a/d converter in a com-
pact 2” x 2” x 0.4"module.

Its low power consumption, 175 mW at
V,=*>15Vand Vy= + 5V, and its ability to
operate with V aslowas = 11,4V (dissipat-
ing only 150 mW) are well-suited to porta-
ble data-acquisition syscems, where remote
collection of low-level, wide-dynamic-range
signalsis required. Examples include seismic
data acquisition and the design of scientific
instcuments for field applications.

Data is available in both serial and parallel
form; and there are five selectable input-
voltage ranges (+5 V, +10 V, +20 V,
+5Vand = 10V), providing output data in
binary, offset binary, and 2's complement
cading.

The ADC1143 is available in two selection
grades: the K provides the highesc accuracy
(£0.003% FSR) with 100ks conversion
time; the J provides faster conversion (70
ps)at =0.006% FSR.

Bricf Specifications ADC1I433 ADCI 43K
Integral Nonlincarity (%-FSR, max) = 0.006 = 0.00%
Dif(. Nonlincarity (% FSR, max) UL =0.0n3
Diff. Nonlincarity Tenipen (ppinmax) =2 =1
Conversion Tinme {ps max) 70 o0

Offset Tempeo (WVFC max} =40 =40
Bipolar Offser Tempea (ppin”Ciax) =9 =9

Gain Tempen (ppmv°Cmax) =12 £12

Price {100s) $149 $172

Typical applications include seismic data ac-
quisition, oil-well inscrumentacion, portable
industrial scales, portable test equipment,
and robotics.
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New-Product Briefs

Low-Cost pP-COMPATIBLE IC 10-BITA/D CONVERTER

AD573 Includes Reference, Glock, Comparator, Buffer
Converts in 15 w3, Has No Missing Codes Over Temperature 500-ns Settling Guaranteed

The ADS573* complete monolithic 10-bit
ADC, consists of a DAC, voltage reference,
clock, comparator, successive-approxima-
tion register (SAR), and 3-state buffers. No
external components are needed for a full-
accuracy 10-bit conversion in 15 ps (30
max),

The ADS73 interfaces to many popular
microprocessors without external buffers or
peripheral interface adapters. The 10 bits of
outpuct datacan be read in one or two bytes.

Operacing on supplies of +5 Vand —12V
to — 15V, the AD573 will accept analog in-
puts of 0 to + 10V (unipolar) or =5 V to
+ 35 V (bipolar), as determined by hard-wir-
ing the state of a single logic pin. A positive
pulse on the CONVERT line initiates the
15 ps conversion cycle. DATA READY in-
dicates completion of the conversion.
HIGH-BYTE ENABLE (HBE) and LOW-
BYTE ENABLE (LBE) contro! the upper
8-bitand lower 2-bic 3-state output buffers.
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Two versions (ADS53)/K) are offered for the
0°C w +70°C cemperature range. The
ADS738S guarantees 10-bit accuracy and no
missing codes from —355°C o +125°C and
is also available ina MIL-STD 883 version.

The ADS373S is furnished in a 20-pin her-
metically sealed ceramic DIP. The AD573)
and ADS73K are available in a chaice of
plastic or ceramic packaging. Prices start ac
$15.90 (100s, AD573)N—plastic). [

MONOLITHIC VOLTAGE-OUTPUT AD DAG80

Industry’s First DAC80 in a Plastic Package
Lowest Power Dissipation (450 mW max)

The AD DACR80* is a new monalithic 12-bit
voltage-output d/a converter for which sec-
ond sources already exist in hybrid form, It
is distinguished among them by its 35%
lower power dissipation than the closest
competitor (450 mW maximum) and its
availability in a low-cost plastic package,
priced from $16.95 in 100s.

Operating supply voltages include both |
=15 V; cthus, AD DAC80N can |

+=12Vand
replace either standard or **Z” versions di-
rectly. Its intemal buried-Zener reference
makes available 2.5 mA foruse elsewhere.

In fast applications, the AD DACS80's
guaranteed maximum setcling time is 3 ps to
*+0.01%, for a 10-V full-scale outpurt step,
the fastest for any DAC80 or equivalent.

The AD DACBO0 meets or exceeds the specs
of its namesakes; for example, it guarantees:
monotonicity from 0°C o +70°C;
maximum linearity error at = 1/2 LSB over

*Use the reply card for technical darta.
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temperature; maximum unipolar and bipo-
lar offset drifts at =3 and = 10ppm of full-
scale reading per °C; and maximum gain
drifcat £ 30ppm/°C. The device will operate
over the —25°C to +85°C range with only
slighcly degraded specifications.

A choice of jumper-programmable full-scale
output ranges is available: 0 to +5 V, 0 ¢o
+10V, £2.5V, =5V, and £10V. It is
housed in a choice of plastic or hermetically
sealed ceramic 24-pin DIPs, [

AD6012 DAC

12-Bit Second Source

The AD6012%, a 12-bit monolithic current-
output d/a converter, has a2 guaranteed
maximum settling time of 500 ns and
monotonic performance over the tempera-
ture range. Housed in a low-cost 20-pin

plastic DIP, it is a direct replacement
for 6012-type converters from other
manufacturers.

Its combination of high output compliance
voltage {(— 5 to + 10 V) and high output im-
pedance (typically greater than 10 MQ)
allow the DAC’s 4-mA output to drive resis-
tive loads directly without degrading the ac-
curacy of the converter.

Other features of the DAC include a fast-
slewing 8-mA/us reference circuit for
high-speed two-quadrant multiplication,
complementary current outputs, and a low
gain-drift of 10 ppm/°C typical. The
ADG6012 is compatible with TTL, CMOS,
ECL, and HTL logic inputs. The specified
temperature range with =15-V supplies is
0°Cto +70°C. The device will operate from
—25°C to +85°C, and with supplies from
+4.5V/-10.8 Vto =18 V. Available from
stock, itis priced ac $9.30in 100s.

Applications for the AD6012 include vec-
tor-scan video displays, process control, and
fast a/d converters.

Although 12-bit resolution and monotonic-
ity are essential for a 12-bit DAC, many ap-
plications tolerate deviacions of a few bits
from an ideal straight line. The segmented
architecture typical of 6012’s allows them to
use all-diffused resistors instead of a laser-
trimmed thin-film R-2R ladder nerwork.
While the result is a maximum relative accu-
racy error of +0.05% of full scale, the
AD6012 achieves a fully monotonic
maximum differential linearity of +1 LSB
over temperature at low cost. [3

23



New Product Briefs

HYBRID DIGITAL/RESOLVER CONVERTERS
14- & 16-Bits, With Latched Input Registers
Low-Dissipation Units Operate at Frequencies to 2.6 kHz

Models DRC1765 and DRC1766* are
14- and 16-Bit hybrid Digital-to-Resolver
Converters, with latched inputs, housed in a
32-pin package. They modulate an input
reference signal to provide outputs propor-
tional to the sine and cosine of a binary digit-
al input word representing angle, for driving
radar displays and plotters, and for use in
A.T.E. The reference input voltage can be

cither dc or ac, with sine waves of up to
2.6kHz.

The upper and lower 8-bit bytes of the 16-
bit-wide digical input to the converter can be

latched separately, using transparent single-
rank TTL-compatible latches, making pos-
sible operation with 8- or 16-bit microcom-
puter buses without extra digital hardware.
The devices are available for interfacing op-
tionally with either CMOS or low-power
Schottky logic.

Recommended analog input range is 3.4 V
rms; with its inherent scale factor of 2, the
analog output is then 6.8 V rms, providing
up to 4.3 mA of peak output current at
=10V.

Typical DC offset is a low =12 mV max.
Settling time to within the accuracy of the
converter is 20ps max. The converters can
drive resistive, inductve, and capacitive
loads (of up to 0.015 wF). The DRC176S
and DRC1766 are available with a choice of
accuracy grade: +2/+4 arc-minute error.
Prices (1-9, —55°C to +125°C operation)
are $513/$404 (DRC1765) and $603/$513
(DRC1766).3

INDUGTOSYN-RESOLVER/DIGITAL CONVERTER

For 12-Bit Linear or Angular Position Measurements
High Performance at Low Gost with Model IRDG1733

The IRDC1733% converts resolver-format
(sine and cosine) signals into a 12-bit paral-
lel word. If the inputs come from a resolver,
che output represents the angle of a resolver
shaft; if the inputs are from an Inductosynt
slider (via external preamplifiers), the out-
put word represents the fractional position
of the slider within an Inductosyn pitch (10
the nearest Yaossth, for 12-bit resolution).

A typical application of the IRDC1733 is to
furnish pasition information, (n digital
form, to a processor in numerically con-
trolled machine tools and robots.

Like che IRDC1730,* introduced here
in  Analog  Dialogue 16-1  (1982),
the IRDC1733 is a high-speed 12-bit track-
ing-type converter with transformer-iso-
laced inputs, ripple cacry for keeping track
of number of pitches or revolutions, 12-bit

*Use the reply card for technical data.

tInductosyn is a registered teade mark of Farrand In-
dustries, Inc.
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parallel output, direction output, and a full
range of frequency options, from 400 Hz to
10kHz.

Its accuracy is the same, *+8 arc-minutes,
and ics tracking rate—depending on the fre-
quency option—is from 60 to 170 rps. It dif-
fers only in not having a velocity output.
Where this feature is not nceded, or can be
simulated digically, the IRDC1733 typically
provides a cost saving, compared to the
IRDC1730, of 18%. Prices (1-9) for the
IRDC1733 starrac $273.3

wMAC SOFTWARE

Speeds Data Acquisition for

DEC, HP, Apple, & IBM PCs
: agy 1"'91 [T \h

— NN

_\ 2
\J h—ﬁ\,

The wWMAC- 4000‘, lntroduced in these
pagesin 1981 (Vol. 15, No. 1), is a low-cost,
intelligent, expandable, modular measure-
ment-and-control system on a single board.
It provides isolation, preamplification, and
conversion, as well as both digital and ana-
log signal-conditioning for field-wired sig-
nals from sensors. Among its many other
functions, it accepts digital inputs and pro-
vides a set of digital control outputs.

“er,

pMAC-4000 systems employ a powerful
command set to communicate with 2 host
computer’s 20-mA or RS-232C serial port.
As a convenience to users, to make the com-
mand set transparent to the programmer,
we provide software drivers for many popu-
lar computers which might be employed as
hosts. For example, AC1820* support
packages are for Apple Il and Apple He com~
puters (DOS 3.3, Applesoft BASIC),
AC1818s* are for HP-85/86/87/9915 com-
puters (BASIC), the AC1822* is for IBM
Personal Computers (MS-DOS, BASIC),
and AC1815s* are for DEC computers—
employing RSX-11, RSX-11S§, and RT-11
operating systems and BASIC, FORTRAN,
or MACRO-11 languages.

Recent improvemsants and enhancements to
pMAC software include:

®Adding a version of the AC18135 to use the
DEC RT-11 operating system, handling for-
matting of the command strings, checksum
generation and checking, unpacking the
pMAC reply string, status checking, and
error handling.

slmproving the AC1820’s programs to re-
duce communication and scan time by fac-
tors of at least 3. For example, a 48-channel
scan can now be performed in 7.7 seconds,
a12 X speedup.

®Adding a version of the AC1818 to handle
HP-86 and HP-87 computers. a
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New Product Briefs

BROADEST-CAPABILITY BENCHTOP TESTER

LTS-2000 Series Systems Now Test Transistors and Diodes

As Well as Linear, Digital, and Data-Conversion ICs

The LTS-2000 Series® of Component Test
Systems (including the LTS-2000, LTS-
2010, LTS-2012, and LTS-2015), when

used with the LTS-2600” Transistor Family |

Board, can now test a wide variety of trans-
istors—bipolar, MOSFET, and JFET—plus
constant-current and Zener diodes and op-
tocouplers in semiconductor manufacture,
incoming inspection, and component-evalu-
ation applications.

Covering a wide dynamic range, the test sys-
tem can force or measuce voltages from 10
mV to 600 V, and currents from 100 pA to
20 A. Test accuracy is to within £0.25% to
+ 2%, depending on device type and meas-
urement range. The LTS-2600’s on-board
uP handles pulse generation and timing; it
also coordinactes housekeeping and safety
functions during testing. Compatible with
automatic component handlers and wafer
probers, the LTS-2600 brings guarded Kel-
vin test capability right to the contactor or
probe.

[

|

Test programs may be created with ADI’s
fill-in-the-blanks CREATE technique, using
standard parameters, or in BASIC.

With the introduction of the LTS-2600, and
the availablity of six other family boards,
these systems offer a very low cost-to-test
ratio over the full range of semiconductor
components. Electronic equipment man-
ufacturers can now utilize one system for the
majority of their component inspection
needs. In addition to precision testing, it
makes available automatic data reduction
and statistical analysis, permitting compo-
nent test reports to be generated easily with
clarity. a

AUTOMATIC SYSTEM-MALFUNCTION DETECTION
MACSYM’s WDTO1 Watchdog Timer Provides Alarm and Switching
Monitors Critical Control Loops; Switches to Backup Mode

The WDTO01* Watchdog Timer card for
MACSYM systems is a hardwar&prog:
rammable incerval dmer that requires
periodic resetting by the user’s software
within its programmed time-out period. If
the software should fail to reset the WDTO1
in time (due ro 2 hardware malfunction or
system software fault), the WDTO1 will in-
dependently generate an alarm signal. Cycle
times are strap-selectable for intervals of
0.5, 8.0, and 64 seconds, for order-of-mag-
nitude matching to system speed.

For example, a task (taking advantage of
MACSYM's multicasking feature) may be
set up to periodically monitor a number of
system variables and their trends and reset
the dmer if they are all within preset limits.
Otherwise, the alarm will go off at the next¢
fiming event.

Audio and visual alarm are inherently avail-

*Usc the reply card for technical data.
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able, in the form of a board-mounted hard-
ware-enabled buzzer and a card-edge
mounted LED. In addition, both a TTL sig-
nal and a Form C (SPDT) reed-relay contact
are available to produce specific system re-
sponses to the alarm. A set of board-
mounted screw terminations are provided
for direct interface to high-power mechani-
cal and solid-state relays.

Besides automatic detection and alarming of
system failures, typical applications include
automatic switchover to manual backup
equipment and independent monicoring of
critical control loops. 3

BENCHTOP TESTER

Flexible and Low-Cost
Tests ICs and Discretes

The LTS-2012* Component Test System,
with 16-bit overall system mcasurement
accuracy and compatible with all LTS fam-
ily-test boards, offers dual floppy disk
drives, integral alphanumeric keyboard and
display, and both BASIC and menu-style
programming.

It provides test and measurement capability
for linear, data-conversion, and digital inte-
grated circuits, plus transiscors, diodes—
and other active and passive components—
at low cost. Fully compatible with automat-
ic handlers and probers, and capable of test-
ing at speeds comparable to those of main-
frame testers, the LTS-2012 s well-suited
for incoming inspection and semiconductor
production testing.

In addition, its dual disk drives, with 368
kilobytes of storage, and its standard soft-
ware for lot yield analysis, lot parametric
distribution, and data-logging corubine to
make it a powerful evaluation system. A
large library of turnkey test programs, writ-
ten to manufacturers’ specifications, is
available for many different device families.
It can verify its own internal accuracy using
a unique calibracion board with an NBS-
traceable HP 3455A or 3456 ADVM.

The LTS-2012's architecture, like that of
general-purpose  mainframe  resters, has
source and measurement capabilities op-
timized for particular families of devices
through the use of dedicated family boards
and socket assemblies; thus, the LTS-2012
can be expanded to test a growing number
of device types and adapted for custom de-
vice testing at the user’s option.

The system’s base price, without specific
family board and socket-assembly hard-
ware, is $31,500. The cost of individual
family tesc capabilities ranges from $500 to
$6000. 3
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WORTH READING

Some Technical Books ADI Engincers are currently reading®
Solid-State Radio Engineering, by Herbert L. Krauss, Charles W.
Bostian, and Frederick H. Raab. John Wiley & Sons, Inc. (New
York), 1980. “A Fundamental treatise on radio-frequency circuit
design. Wide-ranging tutoriat approach. A good way for the prac-
ticing engineer in other specialties to branch out into r-f circuits.”

The 8085 Microprocessor — Fundamentals and Applications
(Hands-On), by Dr. Howard Boyet. Two volumes, paperback.
Micraprocessor Training, Inc. (New York), 1980. “Useful for
learning about how to incerface real-world types of devices to
a microprocessor to make it useful as a controller, etc. Good

Iu

wtorial.

STD Bus Interfacing, by Christopher A. Titus, Jonathan A. Titus,
and David G. Larsen. Howard W. Sams & Co., Inc. (Indianapolis}),
1982. “*A practically oriented description of the STD bus and how
to use it, with many examples of both hardware and software.”

Technical Arricles by ADI People
Not available as reprints unless preceded by an asterisk (*).

“Understanding Noise,” by Alan Rich, Electrosnics Test, May,
1983.

“RMS Audio AGC Amplifier,” by Charles Kitchin, Electronic De-
sign, April 28, 1983.

“Multistage Error-Correcting ADCs,” by Sid Kauffman, Elec-
tronic Products, April 18,1983.

“Contro! Software for Factory Automation,”
Computer Design, April 21,1983,

by John Sylvan,

*“Four DACs on a Chip Ease Multiconverter System Design,”” by
Paschal Minogue, Mike Byrne, and John Jennings, Eleceronic De-
sign,June 9,1983.

“Resolvers and Synchros for Micracomputers,” by Ed Friedman,
Machine Design, January 6, 1983.

“Building a Data Acquisition System from Board Level,” by John
Sylvan, Digital Design, April, 1983.

NEW PUBLICATIONS FROM ANALOG DEVICES

Available upon Request

Periodical: The Measurement and
Control Digest: Applications/User
Feedback/Information, published
by the Measurement and Control
Division of Analog Devices. The
most-recent issue (Volume 3,
Number 2, July, 1983), with 20
pages, features industrially hard-
ened signal conditioning (the 3B
Series) and includes applicacion articles on common-mode rejec-
tion, new features of and enhancements to the MACBASIC 3 lan-
guage, creating SDF-compatible files, VARILOG - a semilog
graphics plot, OKIDATA block graphics, and other topics. Other
departments include new-product information, customer-service
notes, and classified ads.

*We'd like to hear about recent technical books that Analog Dialogue readers
havc found interesting and helpful. Drop us a note with title, author, publisher,
and copyright date, plus a one- or two-scatence comment on what it's about
and why it’s useful. These books are not available from ADI.
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“A Cookbook to Digital Filtering and Other DSP Applications,”
a collection of reprints of papers that originally appeared in EDN
magazine during 1983. Topics include FIR filtering, temporal av-
eraging, multiband filters, IR filtering, and implementing modern
control theory with DSP.

Brochure: MACSYM 16-Bit Measurement-and-Control Systems —
Powerful enough for 700 1O points, yet cost-effective for 7, de-
scribing the MACSYM 150/350 measurement-and-control com-
puter system.

MORE AUTHORS
(Continued from page 2)

Scott Wurcer (page 6) is a Design
Engineer ac Analog Devices
Semiconductor. A native of Mil-
waukee, Wisconsin, he graduated
from M.LT. with a BSEE in June,
1973. While ac M.L.T., he worked
in the X-Ray Astronomy Group at
the Center for Space Research. He
has been employed at ADS since
1974, in various engineering posi-
tions. He is a member of I[EEE.

Bill Windsor (page 12) is a Mar-
keting Specialist at Analog De-
vices' Digiral Signal Processing
Division, Before joining ADI, he
worked at Honeywell’s Small Sys-
tems and Terminals Division, de-
signing custom  minicomputer
hardware. Bill holds a BSEE degree
from M.LT. and an MBA from the
Harvard Business School. His
spare-time activities include running, backpacking, and squash.

Paul Toldalagi (page 12), a Senior
Staff Engineer at Analog Devices,
is a project manager in the DSP di-
vision. Previously, he was with S<i-
entific Systems, Inc. Paul earned
MS and PhD degrees in electrical
engineering at M.LT. and an MS$
in physics at Université Paris XI
France. He is a member of 1EEE,
the American Meteorology Soci-
ety, and Sigma Xi, and his hobbies mclude classical music,
meteorology, and finance.

Larry DeVito (page 20) is a Design
Engineer at ADS. An M.LT.
graduace, he obtained the $B in
1975, and both the SM and EE in
1977. At M.I.T,, he worked in the
Crystal Physics Laboratory at the
Center for Materials Science and
Engineering, developing sputtered
X-Ray phosphors. After working
for several years with the Sprague
Electric Company as an [C design engineer, he joined ADS in 1980,
His hobbies include reading, gardening, and amaceur radio.

Analog Dialogue 17-2 1983



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 LAST ISSUE . . . (Volume 17, Number 1, 1983 -- 28 pages):
Low-Power Digital Signal-Processing ICs (8- and 16-bit Multipliers & Multiplier-—
Accumulators)
Shielding and Guarding (How to exclude interference-type noise)
Fast, Flexible Switched Dual-Input IC Op Amp and Comparator for Modulationm,
Demodulation, Synchronous Detection, etc. (AD630) ™
Level=Independent Automatic Gain Control with IC LOGDAC
12-Bit, 10-MHz Analog-to-Digital Converter (CAV-1210)
Alarm Limit Subsystem is Modular and Rugged (4B Series)
Test MOS and Bipolar SSI & MSI Digital ICs with LTS-2000 Test Systems (LTS-2500
Digital Device Family Board)
Understanding the MACSYM 150/350 Software
New-Product Briefs:
Ultrafast 8-Bit Monolithic DAC Settles in 5 ns (AD9768SD)
High-Speed Single and Dual IC Sampling Comparators (AD9685,AD9687)
Video-Speed 100-mA Op Amp Settles to 0.1% in 80 ns (HOS-060)
MULTIBUS-Compatible 12-Bit Analog I/0 Boards (RTI-11, -724 & -732)
16-Bit Synchro/Resolver—-Digital Converters (SDC1721, RDC1721)
18-Bit DAC Has Low Cost, Linearity to 0.00076% (DACl146)
Editor's Notes, Authors, New Literature, Potpourri, Advertisement.
Errata: Page 3, "In This Issue," year is 1983 , . . Page 3, middle of line 4: Delete
"and”, . . PaEe 75 Fi%ure 9: Y56 — Yo55 instead of dash (This lets you
interpolate the last points from FFOl to FFFF. Yssg 1s the extrapolated value Y
would have if Xjs5¢ existed) . . . Page 15, Figure 3: Input waveforms are
interchanged; square wave is lower signal.

DATA-SHEET UPDATE . . . 12-page Data Sheet Describes MACSYM 150 Series 100 I/0 Cards.
Includes AIM100 Analog Input, TIC100 Thermocouple Imput, DIO100 Digital Input/Output,
DSI100 Serial Interface, ACP100 IEEE-488 Interface, and BNK10l Blank Card . . . 1982
DATABOOK, Volume 2, page 5-22, Figure 24, and page 5-30, Figures 12 and 13, pins 4 and
5 of Model 281 are interchanged (pin 4 is SYNC IN and pin 5 is SYNC OUT) , . . In
recent printings, salient errors were made in the AD7520/AD7521 Data Sheet ("Bug" on
inner margin of last page is C218¢c-5-2/83) and AD7530/AD7531 Data Sheet (C335d-5-1/83).
They will be replaced; please dispose of them and request new ones . ., . AD579 Data
Sheet: If “"bug" on inner margin of page 6 is prefixed "C667", request the latest data
sheet, with prefix "C667a". Changes are: (1) Figure 4, Bipolar Input Connections, tie-
trim resistor (pin 26) to REF OUT (pin 24), not ground; (2) Pages 2 and 6, delete
AD579BD and AD579ZBD for new designs; (3) Page 2, Power Supply Requirements, change +5V
current to 100 mA typ, 150 mA max; (4) Page 2, Temperature Coefficients, all grades
have the same tempco specs — new specs are: Gain, 40 ppm/°C max, Unipolar Offset, 15
ppm/°C max, Bipolar Offset, 20 ppm/°C max . . . AD2700: Don't double-count the error at
25°C; the +5.5 mV Tpyn to Tpay box-1limit drift spec includes the maximum +25°C

error,

PRODUCT NOTES . . . AD594 calibration specs have been modified for a more precise

gain and offset match to Type J thermocouple characteristics, 0°C to +50°C. New
closed-loop gain is 193.4 V/V (vs. 192.3) and input offset voltage is (Temperature x
51.7 uV/°C), instead of (Temperature x 52 uV/°C). The AD594's output voltage becomes:
193.4 x (Type J voltage + 16 uV) . . . AD522BD spec changes: Input Bias Current,
initial (max @ + 25°C), 25 nA (was 15 nA); vs. temperature (typical), 100 pA/°C (was 50
pA/°C). Input Offset Current, initial (max @ 25°C), 20 nA (was 10 nA); vs. temperature
(typical), 100 pA/°C (was 50 pA/°C) . . . One-watt dc-to-dc converters, types 959
through 964, are available in two new no-cost optional forms: (1) With "P" suffix, a
balance pin is provided for external adjustment of the balance between the dual
outputs, typically +1%Z; (2) with "R" suffix, an alternative pin configuration is
provided for compatibility with V-PACIM regulated dc/dc converters (pinout "B') from
Reliability, Inc.

PATENT , . . U. S. Patent 4,383,222, to William H. Morong, III, for "Half-Wave Signal
Isolator with Compensator Means to Reduce Temperature-Dependent Effects.”
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The AD524. You can’t
build or buy a better
IIA. And you won't
believe the price—
under $101

The struggle to come up with the right
)/A for your application is over. Never
again will you have to design around
two or three op amps and a handful
of resistors, or pa(v the high price of a
hybrid, or settle for 3 monoalithic IC
with less-than-satisfactory specs. Our
new monolithic AD524 gives you all
the performance and functionality
you'll ever need in an lI/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 VA, whether you're
taiking monolithic, hybrid, or discrete.
Nonlinearity to +0.003%. Input offset
voltage drift of 0.5 piV/°C. Gain
error of +0.02%. Common mode
rejection of 130 dB. 0.3V peak-to-
peak low frequency noise. Your dream
specs are now a reality!

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

So if you're still rolling your own, or
considering the National LM363 or the

R Burr-Brown INAIOI, find out just how

L 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.

He adgquarters: (617) 3294700 Caloimia: (714) BAZ-1717, [615) 268442 1, (408) 54 7-0833; (16nois: (312) 653-5000: Ohio: (5(9) 264-8795; Pennsylvania: (2151 643-7790; Toxas: (214) 23)-5094,
(713) &64-6704; Washilgg?: 1206] 251-9550; Belgrum: (32 3) 23748 03; Denmark: (45 2) 845800; France: (33 1] 487-34-11; Holland: 31 1) 620 S)080; Iscael: (972 052) 28995:

(ealy: (39 2) 4898045, (39 2] 924; Japan: (8l 3) 26 8; Sweden: (46 8) 282740; Switzertand: {41 22) 3t 57 60; United Kingaom: (44 1| 9410466, West Germany: (49 89) 570050

Use the reply card for Technical Data.
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