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Preface

This book presents hardware and software designs for interfacing a variety of
sensors to the IBM PC. It discusses each sensor and the associated electronic
circuitry necessary to condition its output for interface to the PC. Examples for
the use of each sensor together with a computer program that shows how to
capture and use the information provided by the sensor are also included.

In this book, three different programming languages will be used for examples:
BASIC, assembly language, and C. We give BASIC examples because this is
the language most likely to be understood by the majority of the readers. We
provide Intel 8088 assembly language examples to demonstrate use of the language
that can extract the maximal performance from the computer.

We use C language examples to show the language that is the best compromise
for instrumentation applications combining features of both high and low level
languages. C provides a significant improvement over assembly language for
implementing many applications. It is standardized and structured. Programs
are based on functions that can be evolved independently of one another and
put together to implement an application. These functions are to software what
black boxes are to hardware. If their I/O properties are carefully specified in
advance, functions can be developed by many different software designers working
on different aspects of the same project. These functions can then be linked
together to implement the software design of a system.

ix



X Preface

Most important of all, C programs are transportable. By design, a program
developed in C on one type of processor can be transported to another. Other
languages claim this capability, but C is the one that really works. Machine-
specific functions such as those written in assembly language can be separated
out and rewritten for a new architecture to which the program has been transported.

Many sensor systems provide analog voltage levels that must be converted to
digital signals before the PC can use them. This book provides the design of a
complete signal acquisition system for data conversion. Although our intent in
providing this design is to unveil some of the mystery of interfacing to the system
bus of the IBM PC, it also shows a practical, inexpensive, and simple design
that the do-it-yourself reader can build and use. For those who require a laboratory-
quality system, we provide the addresses of companies that manufacture boards
that you can add to provide signal acquisition and graphics display.

This book should be useful to anyone who needs to connect any type of sensor
to the IBM PC or equivalent computer. It is a particularly suitable reference
for practicing electrical and computer engineers, designers, technicians, and
supervisory personnel involved in or responsible for the design, installation, and
operation of sensor systems. Additionally, it is particularly applicable for those
who do not have a complete and intensive formal education in sensors, transducers,
data conversion, and interface techniques or for those who require state-of-the-
art updating in any of these areas.

Chapter 1 covers various operational amplifier circuit designs that are useful
for developing the amplifiers, guards, and electronics necessary for interfacing
the analog sensors. It also covers passive, active, and switched capacitor filters.

Chapter 2 gives practical information about minimizing the electrical interference
in analog and digital circuit designs. It also discusses power supply considerations.
These topics are frequently overlooked by designers and only considered as
afterthoughts when the rest of the design is complete.

Chapter 3 explains the system bus of the IBM PC and provides the design of
the basic hardware interface that supports all the other designs in the book. It
also covers interrupts, counters, and timers.

Chapter 4 deals with the theory and practice of signal conversion, binary codes,
sampling, and digital-to-analog converters, while Chapter 5 covers the selection
and use of analog-to-digital converters.

Chapter 6 reviews the versatile serial interface available on the IBM PC and
on every other microcomputer system. An example shows how to interface
sensors through this interface that is normally used for connection to other
devices, such as printers and modems.

Chapter 7 describes temperature sensors, such as p-n junctions, thermocouples,
thermistors, and shows how to interface them.

Chapter 8 covers photon sensors for radiation, such as photoresistive, pho-
tovoltaic, and, photoemissive sensors. It also covers thermal detectors such as
bolometer, thermopile, and pyroelectric sensors.

Chapter 9 deals with displacement sensors, which are used to measure ac-

Preface xi

celeration, pressure, and displacement. It covers the potentiometric, strain gage.
linear variable differential transformer, and piezoelectric sensors.

Chapter 10 describes flow sensors, including thermal, mechanical, differentia
pressure, electromagnetic, and ultrasonic types.

Chapter 11 explains the basics of operation of many of the familiar microcomputes
interface devices and shows how to interface them to the PC. It includes suct
devices as the joystick, trackball, mouse, x-y digitizer, light pen, and digita
camera.

Chapter 12 presents the use of the standardized general purpose interface bus
(GPIB) with a PC. This is an approach for controlling and accessing multiple
instruments, each with its own sensor or controller interface.

Chapter 13 describes techniques for telecommunication of acquired data among
computers. It discusses the use of modems for communication by telephone
This is important for remote sensing applications where a central computer i
separated by a large distance from a computer acting as a sensing system.

Chapter 14 discusses the concept of the local area network (LAN) that i
becoming increasingly important, particularly for business applications. The
LAN provides a way to interconnect sensing systems in a restricted physica
environment, such as in a group of laboratories.

Appendix A provides the names, addresses, and telephone numbers of man
ufacturers of data acquisition systems and other hardware designed for use witl
the IBM PC.

Appendix B gives the port assignments for the prototype board designed i1
this book and also for the Tecmar Lab Master data acquisition system used ii
examples throughout the book.

Appendix C provides the complete software listing for a digital oscilloscop:
program for the IBM PC. This program uses the prototype board developed i
this book for signal acquisition and the Hercules graphics board for display. Fo
this high-performance application, the program is developed in the C language

We assume a general technical background in the reader so that the circuit
and software may be readily understood.

WiLLis J. ToMPKIN
JouN G. WEBSTER



Amplifiers

Gordon T. Geheb and Janet Nack

Transducers convert physical variables being measured to electrical outputs. In
this book sensors (input transducers) that detect a variety of physical variables,
such as temperature, pressure, flow, and motion, are discussed. A sensor then
supplies its electrical output signal to signal-conditioning circuitry, which prepares
it for interfacing to the IBM PC. The output of the sensor is usually quite small
and requires amplification. An amplifier not only provides gain but may also
provide filtering, signal processing, or correction for nonlinearities. In this chapter
we emphasize the operational amplifier (op amp) because of its ease of use in
circuit design compared to discrete transistor circuits.

1.1 IDEAL OP AMPS*

An op amp is a high-gain direct-current (dc) differential amplifier. It is normally
used in circuit configurations that have characteristics determined by external
feedback networks.

The transfer function of an electronic circuit is the ratio of the output
function to the input function. For a voltage amplifier the transfer function (gain)

* Section 1.1 written by Gordon T. Geheb.



2 Amplifiers  Chap. 1

is
va
Au - v (l.l)

The best approach in circuit design is first to assume that the op amp is ideal,
which makes calculation of the transfer function much easier. After the initial
design, we check the nonideal characteristics of the op amp to determine their
effect on the circuit. If the effects are not important, the design is complete;
otherwise, additional design is needed.

Figure 1.1 shows a simplified op-amp equivalent circuit. The model consists
of an input impedance R, connected between the two input terminals v, and v,.
The output circuit consists of a controlled-voltage source in series with an output
resistance R, connected to the output terminal. A voltage difference between
the two input terminals causes a current flow through R,. The differential voltage
is muitiplied by A, the gain of the op amp, to generate the output voltage.

v, 0—

Figure 1.1 Op-amp equivalent circuit.

To simplify design calculations, the following characteristics are assumed
for an ideal op amp (Carr, 1976):

1. Open-loop gain = infinity

2. Input impedance R, = infinity

Output impedance R, = 0

Bandwidth = infinity (infinite frequency response)
v, = 0 when v, = v, (no offset voltage)

s w

This last characteristic is very important. Figure 1.1 shows v, — v, = v,/A.
If v, is finite and A is infinite (typically 100,000), then v, — v, = 0 and v, =
v,. Since Ry, the differential impedance between v, and v,, is large and v, =
v,, we can usually neglect the current in R, (Shilling and Belove, 1979). These
two assumptions are very helpful in designing op-amp circuits; we summarize
them as follows:

Rule 1. When the op amp is in the linear range the two inputs are at the
same voltage.

Sec. 1.2 Basic Op-Amp Circuit Blocks 3

Rule 2. No current flows into either terminal of the op amp.

When op amps are shown in circuit diagrams, the triangular symbol of
Figure 1.1 is shown, but the internal elements are not.

1.2 BASIC OP-AMP CIRCUIT BLOCKS*

In the following sections we assume that the op amp is ideal and obtain a number
of useful circuits. In most circuits, op amps are used in closed-loop configurations.
Feedback networks around the op amp reduce the gain and provide other useful
features.

Inverting Amplifier

Figure 1.2 shows the basic inverter circuit. It is used in a variety of applications,
including instrumentation. The feedback impedance, in this case Ry, provides
the inverting amplifier with many advantages, such as increased bandwidth and
lower output impedance.

Ri
4‘""7"
——
i
Ri
vi c A'A'A'A' -
e —0 v,
i .
| Figure 1.2 The basic inverter circuit

= has a gain equal to —R,/R..

Gain equation. We can easily calculate the gain equation (transfer function)
for this circuit. Since the noninverting input is grounded, it is at a potential of
0 V. By rule 1 the inverting input is also at a potential of 0 V, and is called a
virtual ground. The inverting terminal in Figure 1.2 is therefore grounded for
all practical purposes.

Kirchhoff’s current law says that the sum of all currents entering and leaving
a junction must be zero. By rule 2 no current flows into the input of the of
amp; therefore, ; + i = 0 and

i = —if 1.2

Since the right side of R; is at ground potential (0 V), and the left side is
u;, then by Ohm’s law i; = v;/R;. Using the same reasoning, iy = v,/R,. Substitutior
of these equations into Eq. (1.2) yields

Ui _ TV Ve _ .:_Iif . (1.3
Ri Rf U; R,-

* Section 1.2 written by Gordon T. Geheb.
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The circuit, therefore, inverts the input signal, and the inverting amplifier gain
is "‘Rf/Ri.

Input/output characteristics. The linear range of the circuit is determined
by the power-supply voltages. Figure 1.3 shows that the circuit saturates for
a +15-V power supply when v, exceeds V., the saturation voltage, which is
typically +13 V. Any increase in v; results in no change in the output. For
most op amps the maximal linear output voltage swing is about 4 V less than
the difference in power-supply voltages (Webster, 1978).

Yo

oy

-v, Figure 1.3 The inverter input/output
characteristics are linear only up to the
saturation voltage V,.

The input impedance of the inverting amplifier is usually quite low. Because
the inverting terminal is essentially grounded, the input impedance seen by the
signal is R;. By increasing R;, the input impedance can be increased, but this
decreases available gain. The gain can be increased by increasing Ry, but there
is a practical limit to the maximal value of R;.

Noninverting Amplifiers

Figure 1.4 shows the second basic op-amp circuit, the noninverting amplifier.
By rule 1, v; also exists at the inverting input of the op amp. By rule 2, i; must
flow through R; to ground since no current can flow into the op amp. By the
voltage-divider rule,

v, = Rivo

" RitR (1.4)
v _R+R_ K
U; R,‘ Ri

In the noninverting amplifier the circuit gain is positive and is always greater
than or equal to 1, and the input impedance is very large, approximately infinity
(Jung, 1981).

Sec. 1.2 Basic Op-Amp Circuit Blocks 5
v; O————— +
—O0 Y,
ifl Z: Rq
<
<
SR
TL Figure 1.4 The noninverting amplifier
= circuit has a gain of (R, + R)/R;.

Unity-Gain Amplifier

In the noninverting amplifier, if we set R, equal to infinity and R, equal to zero,
the circuit reduces to Figure 1.5. By rule 1, v; must also exist at the inverting
input, which is connected directly to v,. Therefore, v, = v; and the output
voltage follows the input voltage.

——OV,
v, o0————+ Figure 1.5 The unity-gain amplifier
has very high input impedance.

One question might be: Why have a gain of 1?7 A very important answer
is that the unity-gain amplifier is useful as a buffer amplifier or as an impedance
converter. As a buffer amplifier the unity-gain amplifier isolates one circuit from
the loading effects of a following stage. One application is in data conversion
systems. Many analog-to-digital converter circuits have a varying input impedance
over the analog input-signal voltage range. With a unity-gain amplifier we achieve
a constant input impedance. For some digital-to-analog converters we need a
high-impedance load for correct operation but do not desire output voltage scaling.
The unity-gain amplifier is needed in this application. It is also useful following
the hold capacitor in a sample-and-hold circuit to prevent capacitor discharge
during conversion time.

Differential Amplifiers

A very important op-amp configuration is the differential amplifier, a combination
of the inverting and noninverting configurations that has unique characteristics
of its own. When amplifying bioelectric signals from ECGs and EEGs, the
differential amplifier can reject 60-Hz interference, which is common to both
inputs of the amplifier (Tompkins and Webster, 1981).

Figure 1.6(b) shows a simple one-op-amp differential amplifier. By rule 2,
no current flows into the op-amp inputs, so current flows from v, through R,



6 Amplifiers Chap. 1

10 nF

vy

"1
10k
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—{+
X f,
P 10kQ 120k

V2

(ah ib)

Figure 1.6 Electrocardiogram amplifier. (a) and (b) Instrumentation amplifier
stage. (c) Noninverting amplifier stage.

and R, to ground. Thus by the voltage-divider rule the voltage at the noninverting
input is
= Ry (1.5)
““R +R

By rule 1 the voltage at the inverting input must equal the voltage at the ngninverting
input. Therefore, the top half of the circuit acts as an inverter.' Solving for the
current in the top half of the circuit as done for the inverter yields

.=U|_Us=vs_vs (1.6)
TR R,
Substitution of Eq. (1.5) into Eq. (1.6) yields
(v, — y))R
Ug = ‘—2—Rl—lz a.n

which is the gain equation of the differential amplifier. The equation for' the
differential amplifier shows that if the two inputs are tied together and driven
by the same voltage source so that the common-mode voltage (CMV) isvy =
v, then v = 0. The term ‘“‘common mode’’ is used because both inputs haye
a common driving voltage. The common-mode gain (CMG) of the differential
amplifier circuit is 0.

If v; # v,, then the differential voltage gain (DG) is equal to R,/R,. In
practice the differential amplifier cannot perfectly reject the common—tpode voltage.
A quantitative measure of the ability of the differential amplifier to reject common-
mode voltage is called the common-mode rejection ratio (CMRR):

DG
= — 108
CMRR CMG (1.8)

The CMRR may range from 100 in some applications to greater than 10,090 fqr
high-quality biopotential amplifiers. The differential amplifier configuration is

Sec. 1.2 Basic Op-Amp Circuit Blocks 7

unique because it can reject a signal such as 60-Hz noise that is common to
both inputs.

Instrumentation Amplifiers

The one-op-amp differential amplifier has a low input impedance which is sat-
isfactory for low-impedance sources, such as strain-gage bridges. However, it is
not satisfactory for high-impedance sources. A solution to this is the instrumentation
amplifier shown in Figure 1.6(a) and (b). Ithasa noninverting amplifier connected
to each of the inputs of the basic differential amplifier. The R;’s of the noninverting
amplifiers are connected together, which eliminates the connection to ground.
The common-mode gain is determined by considering the two followers separately
from the simple differential amplifier. Assume that U3 = v,; by rule 1, v, appears
at the inverting inputs of both op amps. This puts the same voltage at both
ends of R;, and thus no current flows through R;. By rule 2, current flowing
out of the input terminals of the op amp is zero, so no current flows through
the R,’s. Voltage v; appears at both op-amp outputs and the CMG is 1.

To determine the differential gain we assume that vs # v,. The resistor
R, then has a voltage drop across it equal to v; — v,. This causes a current to
flow through R;, and by rule 2 the same current also flows through both R,’s.
The output voltage is

v, - v, =iRy+ R; + R (1.9)
while the input voltage is
U3 — U, = iR, (1.10)
The differential gain is then
Dsz.—vz=2R,,+R3 .11
U; — U, R,

The CMRR is determined by the DG since the CMG is 1. Since the CMG
of the first stage of the instrumentation amplifier equals 1, the overall CMG is
zero because the inputs to the second stage are equal.

Multiplying the gains of each stage (Egs. (1.11) and (1.7)] yields the overall
gain of the instrumentation amplifier:

R, 2R, + R,
R, R,
It has high input impedance, high CMRR, and a gain that is adjustable by changing

R;. This circuit rejects the 60-Hz interference that is common to both inputs
of the instrumentation amplifier (Webster, 1978).

Ve = (U3 — vy) (1.12)

The Electrocardiogram Amplifier

An example of the use of the instrumentation amplifier is the electrocardiogram
(ECG) amplifier. The instrumentation amplifier’s ‘ability to reject interference
makes it a good choice for the preamplifier stage of a multiple op-amp circuit.
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Since it has high interference immunity, only the desired signal is amplified
through the remaining stages of the amplifier. The high input impedance provided
by this amplifier is desirable because it represents the load seen by the ECG
electrodes.

Figure 1.6 is an ECG amplifier. The instrumentation amplifier provides
high input impedance and high CMRR. The 120-kQ potentiometer permits max-
imization of the CMRR. Since electrodes may produce an offset potential of up
to 0.2 V (Webster, 1978), the gain of the dc-coupled preamplifier stage (instru-
mentation amplifier stage) is intentionally low to prevent saturation. From Eq.
(1.12), the gain is 40. No coupling capacitors are used at the input because they
would block the op-amp bias current. The 1-uF coupling capacitor and the 3.3-
MQ resistor form a high-pass filter. As calculated from the transfer function of
the simple high-pass filter, the filter passes frequencies above 0.05 Hz. The
output stage is a noninverting amplifier with a gain of approximately 32 [Eq.
(1.4)]. The 10-nF capacitor and the 150-k(} resistor produce a low-pass filter
which passes frequencies up to 100 Hz. The 3.3-MQ resistor at the inverting
input balances bias-current source impedances (Section 1.5). When the output
saturates, S, may be momentarily closed in order to charge the I-pF capacitor.
This is done after lead switching or defibrillation to return the output to the
linear region. Popular 741 op amps work well in this circuit, but op amps with
low bias current may be desired to keep dc current through the electrodes small.

1.3 ANALOG COMPUTATION*

Op-amp circuits can perform analog computation and other mathematical operations.
However, the tendency is toward using digital signal processing because of its
flexibility and elimination of hardware. Analog signal processing may have ad-
vantages when digital processing consumes too much time.

Inverters and Scale Changers

Many times, signal inversion or voltage scaling is desired. The inverting amplifier
configuration can provide desired gain changes and sign inversion with the proper
choice of R;/R;. One possible application is use of the inverter to scale the
output of a digital-to-analog converter.

Adders (Summing Amplifiers)

The inverter can sum several input voltages. Each input connects to the inverting
input through a weighting resistor. The inverting input is called a summing
junction because this node sums all input and feedback currents.

Figure 1.7 shows the basic summing amplifier. As in the inverting amplifier
the voltage at the inverting input must equal zero, and therefore the current

* Section 1.3 written by Gordon T. Geheb.
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Ry
V20 MWW -
O Vo

+

n Figure 1.7 Basic summing amplifier.

flowing into the op amp equals zero. Thus
ljf=i|+i2+...+i,,

and
o=l gy =2 i = 1.13
1 Rl ’ 2 RZ, sy n R,, ( - )
Since the inverting input is at zero voltage, v, = —iR,, thus by substitution,
Ui ! Un
Vo= ~Re|l =+ + ... +— .
d (Rl RZ Rn) (l 14)

Resistor R, determines the overall gain of the circuit. The resistances R;, R,,
..., R, determine the weighting factors and input impedances of the respective
channels.

The circuits discussed previously contained primarily resistive elements.
The inverting amplifier can be further modified by using capacitors. The same
basic ideal characteristics are used in the analysis.

Integrators

The integrator is an electronic circuit that produces an output proportional to
the integral of the input signal. Figure 1.8 shows a simple analog integrator.
Capacitor C has one terminal at the summing junction and the other at the
output. Therefore, the capacitor voltage is also the output voltage. We cannot
describe the integrator output by a simple algebraic relation because for a fixed
input the output changes at a rate determined by v;, R, and C. Thus we must
know how long an input has been applied to determine the output voltage. The

gy ——
LAY

= Figure 1.8 Simple analog integrator.
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voltage across an initially uncharged capacitor is

_ it
v C (1.15)
where i; is the current through C and ¢, is the duration of integration. For v,
positive, i; = v;/R. Since i; = i; and due to inversion,
- h
U, = RC Jo v;dt + v (1.16)
This shows that v, is equal to the negative integral of the input voltage over the
time from 0 to ¢, scaled by the gain factor of 1/RC. The voltage v, is the initial-
condition voltage of the capacitor.

The idealized integrator of Figure 1.8 has a serions drawback; if v; is left
connected indefinitely, v, will decrease until it reaches the saturation voltage of
the op amp. This occurs because the integrator operates as an open-loop amplifier
for dc inputs (Webster, 1978). Figure 1.9(a) shows a practical integrator that
prevents this problem. During the reset cycle, S, is closed and S, is open. The
circuit functions as an inverter that charges C to —uv,, an inverted multiple of
the reference voltage V,. Since the input resistance equals the feedback resistance,
the inverter gain is —1, v, equals V,, and C is initialized to V,. During the
integration cycle, S, is open and S, is closed. During the hold cycle, both switches
are open, which keeps the output voltage v, constant for readout and subsequent
processing.

—_>t

Reset Integrate  Hold Reset

{a) {b)

Figure 1.9 Practical integrator circuit.

Switches §; and S, can be relay contacts or solid-state switches such as
FETs (field-effect transistors) or analog switches (Tompkins and Webster, 1981).
External logic controls the switching. This simplifies setting initial conditions
and initiating integration when several integrators are used in the solution of a
differential equation. Figure 1.9(b) shows the operating sequence.

Sec. 1.3 Analog Computation 1"

Differentiators
The differentiator gives an output signal proportional to the time rate of change

of the input signal (Carr, 1976). Figure 1.10 shows a simple differentiator circuit.
The current through the capacitor is

. dy
i =Cq

If dv;/dt is positive, i; flows through R in a direction such that it yields a negative
v,. Thus

dv;
v, = —RCE?' (1.17)
I
C
wo—k :

. ——0 vl)
i; |+

I Figure 1.10 Simple differentiator

- circuit.

This method of differentiation seems simple, but practical differentiation
gives rise to stability problems at high frequencies (Jung, 1981). The instability
of the circuit is due to the intersection of the ideal gain curve of the differentiator
with the open-loop gain curve of the op amp, which is shown in Figure 1.11(b).
In Figure 1.11(a) R; is added to make the gain curve of the differentiator bend
over at the point where the curves intersect, f; = 1/2wR;C). R, spoils the
differentiator at high frequencies. The intersection can be shown to occur at
the frequency o = Ayw,/RC (Scidmore, 1983). From this and equation R,C =

R Gain Open loop gain
R, ¢
v
| o—M—] (— ”'\ Ideal gain
: vo
Constant

gain-bandwidth

f; Frequency
(a) (b)

Figure 1.11  Practical differentiator. (a) Circuit diagram. (b) Gain-vs-frequency
characteristics.
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1/w;, we find that for design of a stable circuit

_ (Aw) L
T (RC) " RC 19
or

R 172

Aqw, is the gain-bandwidth product of the op amp.

Some op amps are better suited than others for differentiator use. The
high-frequency characteristics tend to limit the choices to devices with high slew
rate and gain-bandwidth product. A high-slew-rate FET op amp, such as the
LU356, is a good choice for differentiator applications.

1.4 NONLINEAR OP-AMP APPLICATIONS*

Comparators

A comparator is a circuit that compares two input voltages and produces an
output relative to the state of the two input terminals (Webster, 1978). Figure
1.12(a) shows a basic comparator circuit. Because there is no feedback impedance,
the op amp operates open loop. One input is set as a reference potential and
the other is the unknown input. The comparator output indicates whether the
unknown input signal is above or below the reference voltage. In Figure 1.12(a)
the reference voltage V, is fed to the noninverting input while v; is applied to
the inverting input. When v; becomes greater than V, the output v, becomes
—V, (the negative saturation voltage). For v; less than V,, v, = + V.. We may
interchange the inputs to invert the output. Figure 1.12(b) shows the transfer
characteristic.

A comparator should change output states as quickly as possible. The
comparator operates open loop, so there is no necessity for frequency compensation
(Section 1.5) since there is no closed loop to stabilize. Frequency compensation
slows down the speed, response time, and slew rate. Response time is the time
required for an output transition to occur once an input trigger has arrived. Slew
rate indicates how quickly the amplifier output can change during a transition.
The National Semiconductor LM101A op amp is good for comparator applications
because of its high slew rate.

Comparators with Hysteresis

For the simple comparator of Figure 1.12, if there is noise on v;, v, will fluctuate
very rapidly between =V,. A solution to this problem is the introduction of
positive feedback around the comparator (done by feeding part of the output

* Section 1.4 written by Gordon T. Geheb.
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vo
3
+V‘ —-—n———‘
v, O0———— - l Vr
v '/ ]
Vro——' + :
ey,
(a) (b)

Figure 1.12 Simple comparator. (a) Circuit diagram. (b) Transfer characteristics.

signal back to the noninverting input) (Jung, 1981). Figure 1.13(a) shows a circuit
for a comparator with hysteresis. By introducing R,, positive feedback is developed
across R;. If the output is high, R, feeds back a signal which is added to the
reference voltage. The increase in V, is

( ‘ 5 ‘ r)lal
Ay, = ~—= -
., R TR, (1.20)
Thus the reference voltage is increased:
V.. =V, + AV, (1.21)

Therefore, a new transition voltage is introduced which is higher than V, by the
amount of positive voltage feedback from v,. As v; crosses above V, + AV, the
output starts to fall, and as the falling condition is sensed across R, the noninverting

A \f
VS
R4liRy
¥; O AMA————] —
—O0 Vo v,
+
V, 0— AW ~AMA- i
R, R,
V' - Avf— - Vl' + Avf
(a) (b)

Figure 1.13 Comparator with hysteresis. (a) Circuit diagram. (b) Transfer
characteristics.
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input is also driven negative. Because the positive feedback is regenerative the
output quickly falls to the opposite state. Since v, is now at —V, the voltage
fed back is

(_ V.r - Vr)RI
="t 1 22
AV: R, + R, (1.22)
making a new negative reference voltage:
V.. =V, - AV, (1.23)

The transfer characteristics shown in Figure 1.13(b) illustrate the effect of
the hysteresis loop. With the addition of the positive feedback, noise on v;
cannot cause v, to flip back and forth to £V,. For example, if v, has gone above
V, + AV, and v, has just flipped to —V,, v; must fall below V, — AV, before it
will flip back to its original state. The width of the hysteresis can be varied by
using a potentiometer in place of R,.

Rectifiers

Simple resistor—diode rectifiers do not function well for voltages below 0.7 V
because the forward voltage drop of the diode cannot be overcome. Placing the
diode within the feedback loop of an op amp cures this problem because the
gain of the op amp reduces the voltage limitation.

Precision half-wave rectifiers. Figure 1.14 shows a half-wave rectifier
circuit that produces an inverted half-wave replica of the input signal. When v;
is negative, D, is forward biased, D, is reverse biased, and the circuit acts as a
regular unity-gain amplifier. For v; positive, D, is nonconducting and D, is
conducting, which applies negative feedback and locks the output at the reverse-
biased voltage of the diode. If diode D, were not used, the output voltage would
clamp to —V,. However, v, would still equal 0 V.

Figure 1.14 Precision half-wave rectifier.

Precision full-wave rectifiers. Figure 1.15 shows a circuit for a full-wave
precision rectifier. When v, is greater than zero, the input signal is fed directly
through the feedback network to the output. Since the input signal is positive,
it drives the output terminal of the inverting amplifier negative. The diode,
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Figure 1.15 Precision full-wave rectifier.

therefore, does not conduct and the op amp is disconnected from the signal path.
During a negative input signal the circuit acts as a_normal inverting amplifier
with a gain equal to —R,/R,. The potentiometer can be adjusted to make the
full-wave output symmetrical.

Limiters

In many applications we must limit the output. It is best to do this limiting
before the amplifier reaches the saturation voltage because the amplifier requires
a long recovery time when saturated before it can operate linearly again (Jung,
1981). In digital logic circuits, the positive or negative limit required for operation
is usually much lower (5 V) than the typical op-amp voltage swing (13 V). A
limiter circuit is a good choice for this reduction.

Figure 1.16 shows a feedback limiter that uses a zener diode as the feedback
impedance of an inverter. The values of the zener forward and reverse voltages
establish the limits of the output voltage. If v; is negative, the output of the op
amp is positive and the zener diode is reverse biased. This drives it into the
breakdown region and fixes the output voltage at V,. For positive input voltages
the output of the op amp goes negative. This forward biases the zener diode,
which sets the output limit equal to the forward voltage drop of the zener diode
(typically 0.7 V).

__+__

R
v; O— MW - v
— o v, I | I l z
. -0.6V

[T

Figure 1.16 Limiter circuit.

The output voltage is equal to that of the diode used and may be inverted
by reversing the zener diode.
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1.5 OP-AMP CONSIDERATIONS*

In the preceding sections we assumed an ideal op amp. Now we consider the
effects of some nonideal characteristics.

Compensation

Since the op amp must have high gain, it has several internal stages. Each stage
has stray capacitance that limits its high-frequency response. At high frequencies
undesirable oscillation may arise because the circuit phase shift may become
greater than — 180° when the loop gain equals 1 (the closed-loop condition for
oscillation). Adding an external capacitor to the terminals shown on the op-amp
specification sheet moves one of the internal RC filter corner frequencies to a
low frequency. This compensates the uncompensated op amp and ensures a
maximal phase shift of less than —180°. The 741 has this compensation added
internally, and therefore does not oscillate for any of the configurations discussed
(Webster, 1978).

Gain—Bandwidth Product

The gain-bandwidth product of the op amp is equal to the product of gain and
bandwidth at a particular frequency. Along the entire straight line shown in
Figure 1.11(b), the gain—bandwidth product is constant (typically, 1 MHz). Thus,
for a noninverting amplifier circuit, we can obtain the bandwidth by dividing the
gain-bandwidth product by the amplifier circuit gain.

Input Offset Voltage

The ideal op amp has the property of zero output voltage when the input voltage
is zero. Practical op amps do not exhibit this feature; they have an input offset
voltage. The input offset voltage is the voltage that must be applied between
the two input terminals to obtain zero output voltage. Each op-amp input drives
a tramsistor. If the base-to-emitter voltage drop is different for each op amp,
then in order to have v, = 0 the voltage (v, — v,) must have a value on the
order of millivolts. The offset voltage is not usually important when the input
voltage is larger than 1 V. When amplifying small signals as in the case of
sensors, the offset voltage may be important.

The offset voltage is nulled by introducing an opposing voltage at one of
the op-amp terminals. This is done by adding an external potentiometer to the
terminals shown on the specification sheet, which increases current through one
of the transistors and lowers the current through the other.

Input Bias Current

In practical op amps, the current flowing into the terminals is not zero. In order
to keep the input transistor of the op amp turned on, a base or gate current
called the input bias current must flow all the time. When this current flows

* Section 1.5 written by Gordon T. Geheb.
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thr9ugh the feedback network it causes errors proportional to the feedback network
resistances. To minimize these errors, feedback resistors should be kept low,
such as below 10 kQ.

Since the difference between the two input bias currents is much smaller
thar} either of the bias currents alone, we can achieve a cancellation effect by
having f:ach current flow through the same resistor. We accomplish this by
connecting a resistor having the value of the parallel combination of R; and R,

in seriqs with the positive input of the op amp. There still is error but it is now
determined by the difference in bias current.

Slew Rate

Sle\'rv rate is the maximal rate of change of the amplifier output voltage. When
rgpnd changes are demanded in the output, the current available to charge and
discharge the compensation capacitor is limited and slew-rate limiting occurs
(Shilling and Belove, 1979). For example, the 741 has a slew rate of 0.5 V/us.
Thus the output cannot change from —5 V to +5 V in less than 20 us. To

minimize slew-rate problems we can use an op amp for which we can select a
smaller external compensating capacitor.

Power Supply

The usual supply voltages are =15 V. When v, is allowed to exceed the op-
amp ‘biasing voltages the op amp will saturate and is said to be out of the
amplifier’s linear range (typically =13 V). We may reduce the power-supply
voltage, but this also reduces the linear range. When the power supply goes
below approximately 4 V the internal biasing voltages of the device are not
satisfied.

) It‘ would be convenient always to have dual-polarity power supplies available
In equipment or circuits using op amps. Unfortunately, this is not possible.
’.I'he‘re are, however, certain circuitry tactics for using the operational amplifier
in sqlgle-polan'ty configurations. One solution is to ground the minus supply
terminal, while the positive is connected to V., in the usual way. Figure 1.17

AAAA
v

v, O

Figure 1.17 Single power-supply
circuit.




18 Amplifiers  Chap. 1

shows this circuit. The noninverting input is connected to a junction on a voltage-
divider network. This effectively raises the operating point above ground.

Different Op Amps

Op amps are bipolar or FET types. The bipolar op amps have a pair of bipolar
input transistors. They have good input offset voltage stability but moderate
input bias currents and input resistances. FET-input op amps with a pair of in-
put FETs offer very low input bias currents and very high input resistances but
have poor input offset voltage stability (Dostal, 1981).

Programmable Op Amps

A programmable op amp such as the UC4250 permits setting the power consumption
and dynamic properties of the op amp. By adding the proper external resistor,
we can adjust the quiescent supply current {the operating current flowing in a
circuit during zero-signal (idle) intervals]. Lower quiescent currents yield lower
frequency responses and lower output current capabilities (Dostal, 1981).

Common Op Amps

Figure 1.18 shows characteristics of commonly used op amps.

Type Feature Input bias current Offset voltage GBW Price
741 Low cost 80 nA 2 mV 1 MHz $0.35
308 Low bias current 3 nA 2 mV 1 MHz 0.69
ICL8007 FET input 50 pA 50 mV 1 MH:z 5.00
CA3130 FET input 6 pA 20 mV 4 MHz 0.89
OP-07 Low offset 1 nA 30 uv 800 kHz 1.99
LHO0052 Low offset 0.5 pA 0.1 uV 1 MHz 5.00
LF351 High GBW 50 pA 5 mV 4 MHz 0.62
LM312 Low bias current 3nA 0.7 mV 1 MHz 2.49
UC4250 Programmable 7.5 nA 4 mV 800 kHz 1.84

Figure 1.18 Common op amps, typical specifications, and 1986 prices.

. 1.6 GUARDING*

Guarding exploits the fact that no current flows through an electrical component
having both its terminals at the same voltage. Guarding is a term that is used
in two different contexts; it is a technique used to eliminate surface leakage
currents or to eliminate common-mode signals.

* Section 1.6 written by Janet Nack.

Sec. 1.6  Guarding
19

Elimination of Surface Leakage Currents

To e':hmmate surf:jtce leakage currents, guarding is accomplished by surrounding
the input leads.wn!: a conductor, which is supplied by a low-impedance voltage
source. By malnti}lmng the guard at the same voltage as the input leads, leakage
currents are drastically reduced. The best example of this js the coax’ial caﬁe
with a groundpd shield shown in Figure 1.19(a). Without the guard connection

there is coqsnderable leakage current from the central conductor through thé
cable insulation to ground. Figure 1.19(b) shows that this results in an attenuated
output voltage. However, with the guard connection shown in Figure 1.19(c)

the leakage current is negligible (Keithley, 1984) (Strong, 1970). T

RS
3 T
Tw ) 1
1 °
(a)
Js Ry
VW — AAAA
1 T g f
=V, 3R
-r ' b2 t ‘I i . RL Vo
v l
! L |
e P -
° R +Rg !
(b) ()

Figure 1.19 (2) G ; . o
coaxial cable.( ) Grounded coaxial cable. (b) Equivalent circuit. (©) Guarded

Figure 1.20 shows guarding applied to an ionization chamber., When measuring

ionization currents (10 PA), leakage currents must be smaller than 10 fA or errors
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Figure 1.20 Guarded ionization chamber. (From G. F. Knoll, Radiation detection
and measurement, Wiley, New York, 1979.)

occur. When a large voltage is applied, the insulator must have an extremely
high resistance in order to keep leakage currents small. The solution to this
problem is the division of each insulator by a guard conductor. Now the majority
of the voltage drop occurs across the outer insulation, and the voltage difference
between the HI conductor and the guard conductor is reduced to the small voltage
drop between the terminals of the ammeter. This reduces the measured leakage
current (Keithley, 1984).

The main application of this technique is the guarding of amplifier inputs.
In order to realize the low input current characteristics desired by users of
amplifiers, we must eliminate leakage currents. This is accomplished by applying
a voltage to a shield on the outside of the insulating material surrounding the
high-impedance input lines. Because this voltage is equal to that of the high-
impedance input lines, there is no voltage drop across the insulation; therefore,
the leakage current is eliminated. This technique provides the user with additional
benefits as well. It reduces interference pickup and the effective capacitance
between the guard and the central conductor. The case of the amplifier, if not
grounded, may also be connected to the guard voltage. This totally eliminates
leakage paths across the insulation package, as well as providing an interference
shield and reducing common-mode capacitance. Circular lands on the printed
circuit board surrounding the amplifier input terminal may also be connected to
the guard voltage to minimize surface leakage currents. Figure 1.19(c) shows
typical guarding connections for the unity-gain amplifier. Figure 1.21 shows
typical guarding connections for the inverting and noninverting amplifier
configurations.
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Figure 1.21 _Guarded inputs for (a) inverting, and (b) noninverting amplifiers.
The fiasht.ad line shows that the guard ring on the circuit board surrounds the
amplifier input terminals. (From Analog Devices, Data acquisition components
and subsystems, Norwood, MA, 1980.)

Use of a Guard Terminal to Eliminate
Common-Mode Signals

) Grounded source, grounded voitmeter. Figure 1.22 shows the most
difficult measurement system, with both source and voltmeter grounded. Unwanted
currents from external sources may flow between the source ground and the
voltmeter ground, thus creating unwanted common-mode voltage V.,. This
causes unwanted common-mode current I, to divide between source resistances
R, and R,. Because the voltmeter input impedance Z, is high, most of /., flows
through R,, which is in the measurement loop. Thus most of V appe:rrls asa

normal-mode voltage at the voltmeter input, and interference is 1
o 056, e is large (Hewlett-
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Grounded voltmeter

Figure 1.22 A grounded source driv-
ing a grounded voltmeter produces
large interference. (From Hewlett-
Packard, Floating measurements and
guarding, Application note no. 123,
Source ground Voltmeter ground 1986.)

— —

Grounded source, floating voltmeter. Figure 1.23 shows that by floating
the voltmeter, I, is greatly reduced because parasitic input impedances Z,, Z,,
and Z; are large. Thus the voltage drop across R, is small and interference is
small even if there is no guard connection.

Floating voltmeter
..R.'. Jf- Hg‘
|
vi(t : 2,
Ry ! Low
AW | O
|
|
| Z,
|
|
Z,
Figure 1.23 Connecting the guard on
a grounded source. (From Hewlett-
| Packard, Floating measurements and
=< = guarding, Application note no. 123,
Source ground Voltmeter ground  1986.)

However, Z, and Z, are finite and do pass some current, which passes
through R,. If a guard is available, and connected in the ‘“‘best’ connection
shown, I, will flow through this “best’’ connection to the guard and bypass
R,. Thus interference will be very low.

In the case of a Wheatstone bridge, voltmeter high and low are connected
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to opposite corners of the bridge, and the best connection for the guard is to
the common of the bridge power supply.

Floating source, floating voltmeter. Figure 1.24 shows the most desirable
measurement system, with a floating source and a floating voltmeter. Here I,
encounters an additional impedance Z,, the parasitic impedance between the
source ground and the source generator. But with no guard, a small current I
will flow through Z,, R,, Z,, and Z,, creating a small interference. If a guard
is available and connected in the *‘best” connection shown, I, will flow through
this “*best” connection and bypass R,. If the “‘best”” connection is not possible,
“alternate 1" connection will keep V., between source ground and voltmeter
ground away from R,. ‘‘Alternate 2" connection is useful only if R, is very
low, because I, still flows through R,. The guard should never be connected
to voltmeter ground because this only increases I, flowing through R,.

Floating source Guarded voltmetir
High
Source + Z,
generator —
Low
z, 2,
Z,
Figure 1.24 Connection for the guard
terminal when used with a floating
| ___ source. (From Hewlett-Packard,
- = Floating measurements and guarding,
Source ground Voltmeter ground  Application note no. 123, 1986.)

In connecting the guard, there are two main rules that should be followed:

Rule 1. Connect such that the guard and low terminals are at the same
voltage or as close to the same voltage as possible.

Rule 2. Connect so as to reduce or eliminate the flow of common-mode
current through R,.

When a single power supply powers many sensors, each may be at a
different common-mode voltage. If a single measuring instrument is switched
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to successive sensors, a guard switch must also switch the guard connection
(Hewlett-Packard, 1981).

1.7 PASSIVE FILTERS*

Passive filters contain only passive elements such as resistors, capacitors, and
inductors. They are useful in passing desired frequencies and attenuating unwanted
frequencies. For example, a low-pass filter might pass desired audio frequencies
and block undesired radio frequencies.

Figure 1.25(a) shows a first-order passive low-pass filter. The order of a
filter is determined by the number of energy-storing elements such as capacitors
and inductors. Low frequencies pass through the filter and appear at v,. The
capacitor short-circuits high frequencies to ground and they do not appear at
the output voltage. Figure 1.25(b) shows the frequency response. The corner
frequency w, = 1/7, where the time constant + = RC. To convert from units
of radians/s to the usually plotted units of Hertz, use the substitution o = 27f.
The magnitude of the transfer function is

v, 1

Vi 1+ jor
The phase angle is ¢ = tan"'(—w7). To shield sensitive circuits from radio-
frequency interference, they are enclosed in metal boxes supplied with signals
through low-pass filters. Feed-through capacitors are used for maximal attenuation
at radio frequencies.

Vo k
R YooV

Figure 1.25 Passive first-order low-
pass filter. (a) Circuit diagram. (b)

(a) (b) Frequency response.

We obtain the passive first-order high-pass filter in Figure 1.26(a) by in-
terchanging the resistor and capacitor of the low-pass filter. Note that the capacitor
blocks low frequencies and allows only high frequencies to pass. The corner
frequency is the same as that for the low-pass filter. The magnitude of its transfer
function [shown in Figure 1.26(b)] is

Vo _ _or

Vi 1+ jor
and the phage angle is ¢ = tan™'(1/w7).
To increase the attenuation of the transfer function, we add an inductor in

* Section 1.7 written by Janet Nack.
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o, Frequev;y Figure 1.26 Passive first-order high-
pass filter. (a) Circuit diagram.
(a) (b) (b) Frequency response.

series with the voltage source as in Figure 1.27(a). This is called a second-order,
low-pass passive filter because there are now two reactive elements. The corner
frequency w, is now 1/(LC)"2, and the transfer function is:

v, 1

Vi (o/o) + Qljo/o) + 1
where { = (R/2)(C/L)"* is the damping ratio. Alternatively, we can define the
quality factor Q@ = 1/(2{) = w./Aw, where Aw is the 3-dB bandwidth of the
filter. The phase angle is ¢ = tan™'[2 {/(w/w, — w./w)]. If { < 1, at frequencies
near w,, there will be voltage gain, or peaking. This is the underdamped response,
as shown in Figure 1.27(b), and it takes a long time for the resonant frequencies
to disappear or ‘‘damp out.” If { = 1, the response is flat, with no peaking.
This is the critically damped case. When { > 1, the gain decreases slowly with
frequency and we have the overdamped case. This is due to the dissipation in
the large resistor.

<

° Underdamped

Critically
damped

¢ :[ ‘ Overdamped

1
1

Figure 1.27 Passive second-order low-
pass filter. (a) Circuit diagram.
(b) Frequency response.

W, Frequen:y
(a) (b)

By increasing the number of filters cascaded in series, the attenuation versus
frequency increases. However, due to the dissipation of the resistors, the damping
effect dominates and the gain decreases slowly with frequency beyond the corner
frequency, similar to the overdamped case in Figure 1.27(b).

Figure 1.28(a) shows that we obtain a second-order high-pass passive filter
by interchanging the inductor and capacitor of the second-order low-pass filter.

The corner frequency e, is still 1/(LC)"?, and the transfer function is
2
[

i Uo/e) + Qlis/o) + 1
The phase angle is given by ¢ = tan™'[-2{/(w/w. —

Yo
Vv,

o/ w)].
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1.8 ACTIVE FILTERS*
By adding a feedback capacitor Cy

i i in Figure 1.2%a).
we obtain the first-order low-pass active filter shqwn in
ency response, shown in Figure 1.2%(b), is identical to that of the first-order

frequ

to the basic inverter circuit of Figure 1.21,

low-pass filter shown in Figure 1.25(b). The

that the op amp provides very low output impe:

cascaded circuits are negligible.

C,
Yo

A v, .
|
A R; |
O——AM—4 Vo 1
—O0 l
1

L >

- . w, Freguency
(a) (b)
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Figure 1.28 Passive second-order
high-pass filter. (a) Circuit diagram.
(b) Frequency response.

Its

only advantage of this circuit is
dance, so the loading effects of

Figure 1.29 First-order low-pass ac-
tive filter. (a) Circuit diagram. (b)
Frequency response.

By adding an input capacitor C; to the basic inverter circuit of Figure 1.21,

we obtain the first-order high-pass active filter shown in Fi

gure 1.30(a). Its

frequency response, shown in Figure 1.30(b), is identical to that of the first-order

R¢

AAAA
YWy

(a)

Vo

Vo
Vi

R

Frequency

We

(b)

Figure 1.30 First-order high-pass active filter. (a) Circuit diagram. (b) Frequency

response.

* Section 1.8 written by Janet Nack.

Sec. 1.8 Active Filters 27

high-pass filter shown in Figure 1.26(b). The only advantage of this circuit is
that the op amp provides very low output impedance, so the loading effects of
cascaded circuits are negligible.

Figures 1.31 and 1.32 show second- and third-order active filters. The
second-order filter is achieved by cascading two resistor—capacitor filters and
applying positive feedback to increase the gain at the corner frequency. The
third-order filter has an additional resistor—capacitor filter. By cascading second-
and third-order filters, we can achieve higher-order filters. By cascading low-
and high-pass filters, we can achieve broadband bandpass filters. Other config-
urations yield narrowband bandpass and notch filters (Tedeschi, 1979) (Lancaster,
1978).

C, 1

Y - I

LA LA}

R R 1 1
O—AMA- A + O—AMA- AMA- A~ +
—0 —O
v; C, :F v, v; C, = Ci = vo
O O o O
(a) (b)

Figure 1.31 (a) Second-order low-pass active filter. (b) Normalized third-order
low-pass active filter.

1
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C C 1 1 1
= ot
) o
> >
© © o -
(a) (b)

Figure 1.32 (a) Second-order high-pass active filter. (b) Normalized third-order
high-pass active filter.

Bandpass and Band-reject Fiiters

Butterworth filters. This filter gives a maximally flat magnitude (MFM)
response in the passband combined with a high attenuation rate. It makes voltage
control and wide-range tuning easier because it sets all cascaded sections to the
same frequency.
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Chebyshev filters. This filter has the highest attenuation rate. However,
a trade-off must be made because there is ripple in the response within the
passband. The more ripple, the higher the attenuation rate. Different Chebyshev
tables are utilized, depending on the amount of ripple that can be tolerated in
the passband.

Bessel filters. A Bessel filter has a maximally flat time delay in response
to a step input. However, the attenuation rate is very gradual.

Filter Design Tables

Figure 1.33 shows tables that simplify design. The corner frequency w, = 1 rad/s.
All filter resistors R, = 1 Q. All filter capacitors C, are given in the tables in
farads. Because these values are not usable, we must perform scaling, using
the equation

OJ()R(,C() = wRC
We select w and R arbitrarily and then solve for C.

Poles Cy C, (O Cy C G,
Bessel Butterworth
2 9.066 —1 6.799 —1 1.414 +0 7.071 —1
3 1.423 +0 9.880 —1 2.538 —1 3.546 +0 1.392 +0 2.024 —1
4 7.351 -1 6.746 —1 1.082 +0 9.241 -1
1.012 +0 3900 -1 2613 +0 3.825 ~-1
5 1.009 +0 8.712 ~1 3.095 -1 1.753 +0 1.354 +0 4.214 -1
1.041 +0 3.098 —1 3.235 +0 3.089 -1
6 6.352 -1 6.098 —1 1.035 +0 9.660 —1
7.225 -1 4.835 —1 1.414 +0 7.071 -1
1.073 +0 2.561 —1 3.863 +0 2.588 —1
2-dB Chebyshev 0.25-dB Chebyshev
2 2.672 +0 5.246 —1 1.778 +0 6.789 —1
3 2.782 +1 3.113 +0 3.892 -2 8.551 +0 2.018 +0 1.109 -1
4 4.021 +0 1.163 +0 2221 +0 1.285 +0
9.707 +0 1.150 —1 5.363 +0 2.084 —1
5 1.240 +1 4,953 +0 1.963 —1 5.543 +0 2.898 +0 3.425 -1
1.499 +1 7.169 —2 8.061 +0 1.341 -1
6 5.750 +0 1.769 +0 3.044 +0 1.875 +0
7.853 +0 2426 —1 4.159 +0 4.296 —1
2.146 +1 4902 -2 1.136 +1 9.323 -2

Figure 1.33 Tables for cascaded filter design.
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Example 1.1
We wish to design a low-pass five-pole Butterworth filter with a corner frequency
of 200 Hz and an input resistance of 50 k{l. To provide the most economical
solution, a third- and a second-order filter are cascaded in series to obtain the
required five poles. What are the desired values for resistors and capacitors?
Answer: In the table (Figure 1.33) look up *‘Butterworth, 5 poles.”

_ wRCy  (1)(1)(1.753)

Cu="0Rr = 3x200(50,000 _ 22 °F
1.354
Copp=——————=1216
A7 27(200)(50,000) nf
0.4214
C;A = 628 x 105 = 67 nF
3.235
Cm = 628 x 105 = 5‘5 nF
0.3089
2= ggx 10 +0F
Figure 1.34 shows the complete design.
Cia Ce
27.9nF 51.5 nF
it —i-

A}

O~ M AMA—¢ J + 5‘(2 r ‘n 53 r ‘n ) >
l - _o

v L Cy Caa Cn >
21.6nF 6.7 nF‘l\ 4ONF ,[ vo
! . —o0

Figure 1.34 Solution to Example 1.1.

We can also use the tables to design the high-pass filters shown in Figure
1.32. We select  and C arbitrarily and then solve for R. We obtain C, from
the table and take its reciprocal to obtain R,; thus R, = 1/C,, R, = 1/C,, and
so on. We use C, = 1 F in the equation and solve for Ry, R;, and so on, to
complete the design.

Operational Amplifiers

In designing an active filter, we must consider the characteristics of the op amp,
including the frequency response, slew rate, input noise, offset voltages, and
dynamic range. Details on these factors were discussed earlier in the chapter
and are therefore omitted here.
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1.9 SWITCHED CAPACITOR FILTERS*

Switched capacitor filters (SCFs) simulate resistors with high-speed switched
capacitors (Allen and Sanchez-Sinencio, 1984). For example, we can convert
the first-order low-pass filter of Figure 1.29(a) to a SCF as shown in Figure 1.35.
Advantages are that (1) difficult-to-implement precision resistors are replaced by
more accurate capacitor ratios, and (2) it is easy to change corner frequencies
by changing the frequency of the clock that switches the capacitors.

[——’ o
csI
1 ¢
it
- 1A}
v; Py
vo
b—0
C Figure 1.35 In the switched-capacitor
I first-order low-pass filter, resistors are

replaced by switched capacitors C,.

Typical fixed single-chip filters include seventh-order low-pass, fifth-order
high-pass, one-third-octave bandpass, and notch filters, each requiring only a
clock to achieve typical signal bandwidths up to 25 kHz. Also available are
universal active filters for the designer who wishes to tailor external components
to achieve any desired classical filter function (EG&G Reticon, 1984).

1.10 VOLTAGE-CONTROLLED OSCILLATORSt

A voltage-controlled oscillator (VCO) is a circuit that converts an input voltage
to a series of output digital pulses whose frequency is proportional to the input
voltage. The output responds immediately to any change made in the input
signal. Applications are found in analog-to-digital converters with high-resolution
long-term precision integrators, two-wire high-noise-immunity digital transmission,
telemetry, and digital voltmeters.

Figure 1.36 shows the circuit, which operates on a charge-balancing integration
principle. A positive input voltage causes current to flow into the integrator.
The integrator produces a downward ramp output. When the ramp output is
more negative than zero, the comparator’s threshold voltage, the pulse timer
generates a pulse of short duration. The pulse controls switch S, which switches
from ground o the negative voltage reference for the duration of the pulse.

* Section 1.9 written by Janet Nack.
T Section 1.10 written by Janet Nack.
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of: lg

Integrator
- Comparator
T~ Puise timer
Puise output
o1 Digital
T l—o
buffer

h “ ” Figure 1.36 Voltage-controlled
oscillator.

Current flows through R, and is integrated. This causes a ramp up for the duration
of the pulse. This process repeats itself, ramping down faster for higher input
voltages and slower for lower input voltages (Garrett, 1981).

VCOs are available in both module- and monolithic-IC form. Modular
VCOs are totally self-contained. Because they do not rely on the specifications
of external components, their performance is completely specified. They offer
better linearity, lower gain drift, and higher full-scale frequencies than ICs.
However, ICs are less expensive and smaller in size. They also have a lower
offset drift and better flexibility of frequency range.

National Semiconductor manufactures a low-cost VCO, the LM331. Its
maximal nonlinearity is 0.01% over a frequency range 1 Hz to 100 kHz. They
also offer a phase-locked-loop chip which contains a VCO (CD4046B). Because
the VCO has its own input and output, it may be used independently of the rest
of the circuit. This chip is very inexpensive (about $1) and has a maximal
nonlinearity of 1.0% over the frequency range 1 Hz to 400 MHz.

All of these components are compatible with the IBM PC’s power supply.
However, these devices must be calibrated before they are used. This is a fairly
simple process. First, set a precision voltage reference to + 10 mV and a frequency
counter for a I-s time base. Next, adjust the zero trimming potentiometer until
the lower frequency limit is reached. Then, set the voltage reference to 10 V
and adjust the gain-trimming potentiometer to get an output of 10 kHz.

A VCO is a voltage-to-frequency (V/F) converter. Frequency-to-voltage
(F/V) converters are also available to form a complete modulation/demodulatior
system.
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Applications

VCOs are generally used in applications such as precision integrators in chemical
analysis and gas chromatography, and in 3.5-digit digital voltmeters (DVMs). In
blood analysis they give accurate ratiometric measurements of the whole dynamic
range of wavelengths, and in medical instruments they provide frequency modulation
for optical isolation.

VCOs are also commonly used in connection with a transducer readout in
an environment where there is much interference. VCOs are also used in multiple
remote monitors. By using a multiplexer and a set of synchronized counters, a
VCO can be used to scan a number of transducers at a time.

Perhaps the most common place where VCOs are used is in phase-locked
loops. An example is shown in Figure 1.37. The received signal has two com-
ponents, the input signal s(f) and random background noise n(7). If the input
signal and the noise are both in the bandwidth of the loop, the loop filter outputs
a static error correction signal z(z). This is detected by the VCO, which then
changes the reference signal’s frequency r(?) and phase so that the input signal
is tracked or phase locked. Applications for this device include communications,
radar, time and frequency control, and instrumentation systems.

Muitiplier
phase Dynamic
input signal comparator  error Static error signal
_s{t) +nlt) signal | Loop z(t) = t[s{t) — r{t)]
elt) = stt) £ r(r) | fifter
Reference
signal
r(t)
VCO |«
Figure 1.37 Phase-locked-loop circuit.

Figure 1.38 shows an example of interfacing a VCO. The output from the
VCO is gated with a bit of an output port, toggled under software control. It
could also be gated with a programmable timer. When the sampling gate is logic
1, the pulses are counted by the counter. When the sampling gate is logic 0,
the counter value corresponds to the input analog voltage. The resolution of
this system is determined by the number of counter bits. For maximal results,
the designer should determine the duration of the sampling time that corresponds

Analog
VCO |
input »{ Input f—g—> Dy-D
Counter 3 port 8 0~
’ . L Output |
Sampling gate port

Figure 1.38 VCO interfacing diagram.
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to the largest possible count for the highest frequency the VCO puts out (Short,
1981).

Impressive features of VCOs include good interference rejection, low cost,
and modular size. The data-conversion rate is not very high, but is adequate
for many applications. They are compatible with TTL (transistor-transistor logic)
and CMOS (complementary metal-oxide semiconductor) devices and are quite
easy to interface.
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Grounds,
Shields,
and Power Supplies

Jorge E. Monzon

Shielding and grounding in signal processing are frequently as important as the
selection of circuit components and specifications. Ignoring the effects of in-
terference can cause errors. Of course, these effects depend on the level of the
i|9g7n7z;ls and on the particular configuration of the processing system (Morrison,

In this chapter we analyze solutions for the most common interference
problems, present grounding and shielding techniques, and describe basic theories
of operation and technical characteristics of power supplies.

2.1 INTERFERENCE

Sheingold (1980) classifies interference problems into three areas:

1. Problems generated locally by the materials used in the signal path (e.g.,
unwanted thermocouples, ohmic contact of switches and terminals)

2. Problems within a subsystem (e.g., grounds)

3. Problems originating in the outside world [e.g., electric, magnetic, and RF
(radio-frequency) interference]

In the next sections we describe problems 2 and 3, as they are the most
difficult.

34
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Webster (1977) classifies interference into three types of coupling: capacitive
(electric fields), inductive (magnetic fields), and resistive (ohmic voltages in ground
conductors). We review basic concepts related to electric and magnetic field
theory in order to understand the solutions to interference problems.

2.2 GROUNDING

In this section we discuss the interference created by resistive coupling in ground
conductors. In the next sections the role of ground points in electric field in-
terference is described.

The word “‘ground”’ has a historical origin that is, perhaps, the cause of
the different meanings in use today. Originally, it referred to a point that was
actually connected to earth in order to obtain zero potential. The existence of
different equipotential lines on the earth’s surface demonstrates that the first use
of the word ‘‘ground”” was incorrect (Sheingold, 1980).

In electronic systems, the ground point is the reference potential. The
confusion between ‘‘earth’ and ‘‘ground’’ can be avoided if we consider that
the electrical system of an aircraft has a ground point for voltage reference, a
point that obviously is not connected to earth. In this book we use ‘“‘earth’ for
a connection to the earth and ‘‘ground’’ as a central reference connection.

Analog Circuits

The low end of the different parts of a circuit and the power supply are considered
to be at the same potential (ground potential). We center our discussion on the
fact that there may be deviations from this ideal case, and that interference
voltages may develop on ground lines.

The ground connector is important because signal and power supply share
the same wire, and an interference signal can be created. The problem arises
when distributed parameters are considered in a circuit. If we consider that :
conductor has a finite resistance, the return current (from the circuit to the powe:
supply) causes a voltage drop. Figure 2.1(a) shows three parts of a circuit (o
different circuits) with their return currents. In this parallel distribution of power
the return currents of the farther circuits affect those closer to the source.

Resistance R, corresponds to the nonzero resistivity of the wire (in thi
case, 3 m{} per 15 cm of No. 18 copper wire). Figure 2.1(a) shows that the lov
ends of the circuits are not at 0 V. The current of circuit 3 (100 mA), on it:
way to the source, causes a voltage drop of 600 uV at the low side of circuit :
and 300 uV at the *‘ground’” of circuit 1. We have neglected the effects of th
currents I; and I,.

If circuits 1 and 2 were operational amplifiers in the inverter configuration
and I, and I, were dc currents, those voltage drops would represent 300 uV an
600 uV offset voltages. As discussed in Chapter 1, this situation is undesirable
Also note that the parallel distribution supplies different power-supply voltage
for each circuit.
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(a)
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Figure 2.1 Effect of return currents

due to the finite resistance of the
ground wire. (a) Parallel distribution
Power | of power. (b) Radial or star distribu-
1 2 3 W’;P'Y tion eliminates the accumulative effects

of return currents. (c) Circuit 3 is

connected to a closer power supply to

avoid the resistance of a long wire.

(From D. H. Sheingold (ed.), Trans-
ducer interfacing handbook, Analog
{c) Devices, Norwood, MA, 1980.)

Figure 2.1(b) shows the solution for this problem. The parallel distribution
has been converted into a radial or star distribution. This minimizes voltage
drops in both hot and ground wires. Now the potential of the low end of circuit
1 is essentially 0 V. However, for circuit 3 there is no difference between one
form of distribution and the other (i.e., 900 xV of ‘“‘ground” potential in both
cases). The star distribution eliminates the accumulative effects of return currents
through the same ground path. However, the ground potential of an individual
circuit depends on its current and its distance to the power supply. For circuit
3 these conditions remain unchanged in Figure 2.1(b).

A better solution would be to connect circuit 3 (higher current) closer to
the power supply, thus diminishing the wire resistance. If an extra power supply
is available, circuit 3 could be connected as indicated in Figure 2.1(c), which
shows both sources sharing the same ground point (Sheingold, 1980).
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If the voltage drop on the power supply path does not affect the operation
of the circuits, a combination of parallel and radial distribution could be used.
The star connection will then be used only for the ground wire.

Note that the best way to connect several circuits to avoid ground voltage
interference requires knowledge of the return current and the characteristics of
the ground wiring.

Analog-Digital Circuits

Consider the case when digital and analog circuits are used together. Digital
signals, because of their fast-changing waveforms, create large current spikes
along ground paths. These currents can cause much interference in analog circuits.
If analog and digital circuits share the same power supply, the ground wires for
each must be different, with only one common point.

Figure 2.2(a) shows a connection that minimizes common impedances between

| [ |

Analog Analog Analog-to- .
Power circuit circuit digital ngct.atl
supply 1 2 1 converter circui
Analog common
i Digital common
(a)
Analog GND GND Logic
power power
supply supply
+15V ~15V +5V
Analog Analog Digital Digital
signal | circuit circuit signal

Analog > Digitat
return return

(b}

Figure 2.2 Analog-digital circuit. (a) One common point for analog and digital
ground minimizes common impedances. (b) Separate analog and digital power
supplies. Each circuit is connected to its ground and both grounds are tied to
a single point.
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digital and analog circuits. When digital and analog circuits are powered by
separate sources, each circuit must be connected to the ground of its power
supply. Then both grounds are connected to a single point ground. Figure 2.2(b)
shows this situation (Datel Systems, 1978). Sections 2.3 and 2.4 present additional
information on grounds.

2.3 ELECTRIC FIELD INTERFERENCE

Electric fields are a common source of interference in circuits. In order to
understand some of the rules concerning the elimination of this interference, we
review some basic concepts of electric field theory.

Electric Shielding

Figure 2.3 illustrates the concept of electric shielding. When surrounding conductor
1 with conductor 2, the potential on 1 cannot influence the charge on any other
conductor (such as conductor 3), which makes the mutual capacitance between
conductor 1 and conductor 3 equal to zero. In other words, the main purpose
of shielding is to cancel mutual capacitances that may appear between any two
conductors.

Conductor 2
b Conductor 3
Q,

So far we have discussed static charges, but these concepts also apply to
time-varying charges. The most common case of 60-Hz interference in electronic
amplifiers is due to electric fields that surround power lines. There is a coupling
between the circuit and the power lines, which appears even when the circuit
is turned off, since current is not necessary to establish the electric field (Webster,
1978).

A person in the middle of a room can affect these fields, if we consider
the room to be a large capacitor whose plates are the ceiling and the floor. The
person creates interference because he or she assumes some ac potential other
than the zero reference (Morrison, 1977).

Figure 2.3 Electric shielding elimi-
nates mutual capacitances between
conductors. The potential on conduc-
tor 1, as it is surrounded by conductor
2, cannot influence the charge on any
other conductor such as conductor 3.
(From R. Morrison, Grounding and
shielding techniques in instrumenta-
% tion, Wiley, New York, 1977.)

e i g
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We use the word “‘electric”” while dealing with shielding instead of the
word “electrostatic’” used by some authors (Morrison, 1977; Sheingold, 1980).
As stated above, shielding applies to static and time-varying electric fields, and
in most practical cases, we are interested in shielding signal-carrying conductors
from 60-Hz power lines.

Morrison (1977) gives three basic rules of shielding. We analyze each here
and illustrate with some examples.

Rule 1.  Figure 2.4(a) shows that an electric shield, to be effective, should
be. cpnnecteq to the zero-signal reference potential of any circuitry contained
within the shield. This connection eliminates the mutual capacitance that would

Figure 2.4 The effectiveness of an
electric shield is accomplished by con-
necting it to the zero-signal reference
potential of the circuit. (a) Mutual ca-
pacitance between reference wire and

shield is eliminated. (b) Mutual capac-
itances that appear when a circuit is
surrounded by a shield. (c) Equivalent
circuit of (a). (From R. Morrison,

Grounding and shielding techniques in
instrumentation, Wiley, New York,
{c} 1977.)
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appear between the zero-signal reference line and the shieldin.g. Tha}t capacn'tance
would cause feedback and create a voltage that would be mixed w:th. the sng{nal.

Note that in Figure 2.4(a) we have not indicated the common point of_ shield
and signal tied to earth. There is no restriction between the shield potefm?l and
the outer world. Rule 1 applies only to the zero-signal reference within _the
shield. However, the signal is often derived from some extemal.reference point,
so the shield becomes defined at this external reference potential.

In other words, if the zero-signal reference is grounded or earthed., the
shield will be grounded or earthed. If the signal is not gropnded, there is no
need to ground the shield; it will eliminate the mutual _capacntance anyway.

Figure 2.4(b) shows the situation when rule 1 is violated, that is, wben the
shield and the zero-signal reference are not tied together. Mut_ual capacitances
Cy., Cs, and Co constitute a feedback network, {hus crea?mg lr}tert:erence. By
applying rule 1, Co, is eliminated and the situation is as depicted in Figure 2.4(c),
which is the equivalent circuit of Figure 2.4(a).

Rule 2. The shield conductor should be connected to the zero—signal ref-
erence potential at the point where the signal is earthed. This rule §pplles only
when the signal is earthed (point 1). Figure 2.5(a) shows an earthed signal source
and an incorrect connection between shield and the signal reference lead at some

other point (3).

Figure 2.5 Shielding of an earthed

zero-signal reference wire. (a) Shield
1=3 incorrectly connected to the reference
wire at some point 3. (From R. Morri-
son, Grounding and shielding tech-
niques in instrumentation, Wiley, New
York, 1977.) (b) Equivalent circuit
shows that an interference current cir-
culates through r. (c) When 1 and 3
coincide at a physical point, the cur-
rent does not circulate along r, and in-
terference is eliminated.

Ground
signal
Vi2

(b} (c)
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There is no connection between the zero-signal reference and shield at point
1. Grounds ! and 2 are usually at different potentials, or in other words, there
is a ground voltage v,,. Figure 2.5(b) shows an equivalent circuit for this case.
The current due to the ground signal v,, circulates through r, the signal reference
wire, creating interference. However, if 1 and 3, besides being at the same
electric potential [Figure 2.5(b)], coincide in a single physical point, no current
passes through r, and interference is eliminated [Figure 2.5(c)]. Note that from
an electrical viewpoint, Figure 2.5(b) and (c) represent exactly the same circuit.
However, the physical paths for the current are different.

Rule 3. This rule applies when a power transformer is used to drive the
electronic components within a shield. The secondary of a transformer could
be placed inside a shield and the primary on the outside without affecting the
magnetic coupling between the windings. This is possible because the shield,
usually made of aluminum or copper, is nonmagnetic. However, due to parasitic
capacitances, interference currents can circulate along signal paths. Figure 2.6(a)
shows the primary and secondary coils of a transformer separated by a shield.
V, and V, represent the primary and secondary voltages, respectively. The next
discussion applies to both primary and secondary coils.

Each turn of the coil develops a mutual capacitance with the grounded
shield. Mathematically, it is possible to demonstrate that the total parasitic
capacitance of the n-turn secondary coil is located at point 2, a point that
corresponds to n/2 turns and also to half the output voltage. The electric equivalent
of this situation is a voltage source (V,/2) in series with C,,, so that a current
will circulate along the shield. This situation would be avoided by grounding
point 2.

However, the mathematical result is not true for real transformers, due to
the geometric imbalances of the coil, and although point 2 could be grounded,
a parasitic capacitance in series with a voltage source—not V,/2—still exists,
and this can cause interference (Morrison, 1977).

Figure 2.6(b) shows a transformer used to supply power to a shielded
amplifier. The transformer shield is ohmically tied to the circuit shield. The
midpoint of the secondary coil is connected to the zero-signal reference potential,
as it is the shield. Due to imbalances, a source voltage exists between 4 and 3
and an interference current circulates through C,,, to point 1 and along the signal
reference wire to 4. One end of the primary is earthed, so a current also exists
between both earth connections from 1 to 2 and through C,,. But this current
does not circulate along the signal path; it does it only along the shield, creating
no interference.

Instead of connecting the transformer shield directly to the circuit shield
as in Figure 2.6(b), we could leave one end of the transformer shield open and
connect the other (2) to 4. Now the interference loop does not involve point 1.
However, this is not a complete solution, as the current created by the primary
voltage will now circulate along the signal path, and this current is much higher
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Figure 2.6 Transformer shield.

(a) Parasitic capacitances C;, and C,,
develop between transformer coils and
a grounded shield and are located at
the midvoltage point. (b) Geometric
imbalances avoid the elimination of
mutual capacitance of the secondary,
even with the midpoint grounded.

(c) A double shield eliminates interfer-
ence of both primary and secondary
parasitic capacitances. (From R. Mor-
rison, Grounding and shielding tech-
niques in instrumentation, Wiley, New
York, 1977.)
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than the secondary interference current. To minimize this problem implies that
we should earth the zero-signal reference wire at the output instead of the input
of the amplifier, avoiding the amplification of the interference created by the
primary coil.

Figure 2.6(c) shows that a better solution is to use another shield (5) for
the primary coil, insulated from the secondary shield (2). In this case interference
is eliminated by making the primary shield potential equal to the zero-signal
reference potential (Morrison, 1977). As Figure 2.6(c) shows, one shield is used
to enclose the signal circuitry and the secondary coil. A second shield is used
for the primary. Rule 3 states that the number of separate shields required in
a system must be equal to the number of processed signals plus one for each
power entrance.

Example 2.1

We now present the case of a grounded thermocouple connected via an amplifier
to a recorder or, in our case, to the IBM PC. A grounded thermocouple, though
a common application, usually implies difficult grounding and shielding problems
(Morrison, 1977). Figure 2.7(a) shows a grounded thermocouple connected to a
single-ended amplifier, also grounded. This last ground is the amplifier ground, or
if the power is supplied via a transformer through the amplifier shield, the ground
corresponds to the transformer shield.

The voltage between grounds 1 and 2 causes a current flow through R, a
resistor that may be several hundreds of ohms because of the high resistance of
thermocouple wire. Thus the voltage is much higher than when the signal reference
presents only the resistivity of normal wire, as in our previous cases. An appropriate
filter could minimize this interference signal. But as a general rule thermocouples
should not be used in combination with single-ended amplifiers.

Differential amplifiers should be used to process thermocouple signals. Figure
2.7(b) shows the shielding technique for this case. The input shield is connected
to the zero-signal reference potential, according to rules 1 and 2. However, note
that the input shield is not connected to the instrument shield, because the instrument
uses the same reference potential (4) as the signal source (5), and we know that
only one connection to the zero-signal reference potential should be made. The
mutual capacitance C,; represents leakage out of the input shield. Also, Cy3 is in
parallel with the input impedance Z, of the instrument. For signal line 2 the situation
is similar. The recorder or computer ground is connected to the output signal
reference potential (4) and to the instrument shield (3). Power must be supplied to
the amplifier through a shielded transformer.

Example 2.2

Figure 2.8(a) shows an experimental setup used to demonstrate the effectiveness
of the star distribution of power. Two circuits, an amplifier with a gain of 100, and
a dc tape recorder motor share the same power supply.

When the motor is connected to ground 1, its current (while returning to the
power supply) causes a dc voltage drop across R, of 240 V. A 24-mV dc level
is measured across the load. The measured value for the motor return current is
103 mA, which indicates that the value for R, is 2.3 mQ). By reducing the ground
1 wire to half its length, the dc level at the load becomes only 12 mV, indicating
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Figure 2.7 Shielding of a grounded thermocouple. (a) Thermocouple connected
to a single-ended amplifier, not recommended. (b) Appropriate shielding of a
grounded thermocouple used in connection with a differential amplifier, whose
output is recorded or processed by a computer. (FromR. Morrison, Grounding
and shielding techniques in instrumentation, Wiley, New York, 1977.)

that it is due to the voltage drop across the effective resistance of the ground wire,
R,/2 in this last case. When the motor is connected to ground 2, no dc level is
measured at the load.

Grounds 1 and 2 have the same length (2 m) and they were built from the
same wire (No. 22 stranded). The effects are due only to the different ground
connection used. In the parallel distribution of power (ground 1) the return current
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Figure 2.8 Circuits used to demonstrate the effectiveness of the star distribution
f’f power and of some grounding and shielding techniques. (a) When the switch
is in position 2, the effect of the return current of the dc motor is eliminated.
(b? The shield can eliminate the interference due to electric fields, but it cannot
ehg\i;ate the interference due to a potential difference between earth points 1
and 2.

of the fartl_ler .circ_uit (dc motor) affects the amplifier, which is closer to the source.
The star distribution (ground 2) eliminates the effect of return currents through the
same ground path.

Figure 2.8(b) shows the circuit used to demonstrate the effectiveness and
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limitations of the previously described shielding techniques in the elimination of
interference problems. A two-wire shielded cable connects a signal generator to a
noninverting amplifier; this 2-m-long wire is placed near the power line (120 V/60
Hz) for higher electric field interference. Resistors R, and R, have been added to
the signal wires in order to exaggerate interference effects. When electric field
interference occurs, an interference current enters the signal line through the mutual
capacitance Cy, causing on its way to ground a voltage drop across R,.

It is also possible to observe ground resistance interference when parts of
the circuit are connected to different earth points. In this case, the potential difference
between earths causes a current flow through the zero-signal-reference wire (ground
loop), and the resulting voltage drop across Ry is amplified and observed in the
oscilloscope. For a better display of the interference signals, the frequency of the
source signal has been fixed at 1 kHz, quite distinguishable from 60-Hz noise.

The following cases show interference created by electric fields and different
earth points. Interference is shown in the oscilloscope as a 60-Hz signal.

a. R, = 0, no shield, no noise
b. R, 100 k), no shield, 8-mV noise
¢. R, = 50 kQ, no shield, 4-mV noise

Cases b and ¢ suggest that a 80-nA interference current flows through R, to earth.
These three cases apply when point 1 is earthed or unearthed. For the next cases
(d, e, and f), the shield is connected to point 1 or 3 (the zero-signal reference
potential) and rule 1 of shielding applies.

d. R, = 0, no noise
e. R, = 100 kQ, 2-mV noise, i = 20 nA
f. R, = 50 kQ, 1-mV noise, i = 20 nA

If the signal (point 1) is earthed to the same earth point as the oscilloscope,
ey = 0 and interference is due only to electric fields. If points 1 and 2 are earthed
to different earth points, ey # 0 and the shield cannot eliminate the interference
completely: two different types of interferences appear now, capacitive and resistive.
The shield eliminates only the capacitive interference. The following cases apply
for ey # 0 (1 and 2 are different earth points).

g. Rz = 0, no shield, 15-mV noise
h. Ry = 2 k{Q, no shield, 40-mV noise
i. Rz = 0, shielded, 10-mV noise
j- Rz = 2 kQ, shielded, 30-mV noise

The cases mentioned above are just a few among many possible cases of
interference. The indicated noise levels were obtained experimentally and they
may vary over a wide range; this is due mainly to the particular characteristics
of the earth line during measurements (e.g., leakage currents, appliances connected
to the line, ‘etc.).

Nevertheless, and as a general conclusion of the experiment indicated above,
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we may state that (1) shielding eliminates only interference due to electric field
effects, (2) having only one earthed point eliminates ground loops, and (3) in-
terference increases for higher effective values of the resistance along signal
lines.

2.4 ISOLATION

We now consider the case when two zero-signal reference potentials are involved
in the processing of a signal as illustrated in Figure 2.9. The signal v, is amplified
by a differential amplifier, giving v,. But v, has a zero-signal reference 2 that
is different from 1, the input signal reference.

Figure 2.9 Example of two zero-

v, reference potentials in the processing
of a signal using differential amplifier.
The common-mode voltage (v, — v,)
creates interference in low-input
impedance amplifiers and low-level

signals.

Differential
amplifier

This case is quite common in practical applications. The potential difference
of both references, v, — v,, will cause a current to flow through R, or R, as
long as an electrical path exists between A or B and 2. For (v, — v,) of the
order of volts, the impedance between A or B and 2 must be hundreds of megohms
to avoid signal interference. For clarity, let us consider a numerical example.
Suppose that R, = 500  and R; = 0. The interference voltage (v, — v,) =
5V, and for a 5-mV signal (v,), 0.1% accuracy is required. This accuracy value
means that no more than 5 uV superimposed on the signal is acceptable. In
other words, the voltage drop in R, due to the interference current created by
(v; — v,) should not exceed 5 V. For a 500-) resistance this implies a current
less than 10 nA. Now, for (v, — v;) = 5 V this implies that the impedance of
this interference current path should be greater than 500 MQ. Different values
of v;, R,, and R, can give a much higher impedance requirement.

Such a high-impedance path is not provided by common differential amplifiers.
Very high-impedance paths between different grounds to avoid interference currents
can be accomplished only by using isolation amplifiers, which present virtually
infinite impedance between input and output sections.

These amplifiers are useful in all types of applications that require the
discrimination of low-level differential signals from high levels of noise, interference,
or other common-mode voltages (Intronics, 1976).

Two isolation techniques are widely used: transformer isolation amplifiers
and optically coupled amplifiers. A variety of these amplifiers is commercially
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available, so only some general ideas involving flux-coupled amplifiers and optical
isolators are discussed in the following sections.

Flux-Coupled Differential Amplifiers

Figure 2.10 shows a flux-coupled differential amplifier. A 400-Hz modulator
develops a carrier signal proportional to the incoming signal. On the secondary
side of the transformer this signal is amplified and demodulated. The modulated
input signal appears across capacitor C;. The signal that appears on the secondary
side is proportional to the signal on C;. The signal that drives the modulator is
the same one that demodulates the amplified carrier signal. To obtain adequate
isolation, all the parasitic capacitances of the coils must be eliminated with
shields. The power entrance usually requires a double shield (Morrison, 1977).

These types of amplifiers have the advantage that common-mode signals
are placed across transformer shields. Also, they permit the use of floating
sources. The circuit inside the shield can function ignoring external potentials.
The main disadvantage is that if overall feedback is needed, another flux coupling
is required. Carrier signals can create interference, and the bandwidth is limited
by the frequency of modulation. Integrated isolation amplifiers are available.
They provide isolation greater than 1 kV, an internal floating power supply, very
high input impedance, and programmable gain (Intronics, 1976).

Cu

Oscillator

Modulator

ﬂ A Demodulator
m L|

o]

VVVy

120V Power
neutral

Figure 2.10 Flux-coupled differential amplifier. (From R. Morrison, Grounding
and shielding techniques in instrumentation, Wiley, New York, 1977.)
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Optical Isolators

Current semiconductor technology is increasing the popularity of integrated optical
isolators. Figure 2.11 shows the basis of operation. A forward-biased light-
emitting diode emits light from one side of the circuit to be isolated. A pho-
totransistor senses the light on the other side of the circuit. Chapter 8 explains
the theory of operation of light sources and sensors. Photodiodes are used to
improve the speed of operation of these devices. Although they are designed
for low-level signals, they provide an isolation voltage of several kilovolts (Hewlett-
Packard, 1979). With appropriate external circuitry it is possible to use these
devices in high-level signal applications.

i
R ol
Anode
Figure 2.11 Principle of operation of
LED Phototransist an optical isolator. A current forward
Ototransisior  iases the diode and causes the LED
to radiate energy which is sensed by
Cathode the phototransistor.

2.5 MAGNETIC PROBLEMS

Basic Concepts

Magnetic fields are formed when cables carry current and distribute utility power.
The effects of these fields depend on the geometry of conductors and on the
materials near the conductors. If a closed conductor is moved through a magnetic
field, a current flows. Conversely, a stationary conductor in a changing magnetic
field causes the same effect [Figure 2.12(a)].

The current is proportional to the loop area A of the conductors. An
increase in the frequency of the field B increases the current. For a coil, the
voltage V induced at its ends is proportional to the number of turns n [Figure
2.12(b)). Mathematically, this relationship is given by Lenz’s law:

dB
V=—~-nA—
"t
This equation shows the fact that loop area is a dominant factor when
analyzing magnetic behavior. Current flowing along a loop develops a magnetic
field. Also, a magnetic flux ¢ cutting a loop induces a voltage at its ends.
Thus Morrison (1977) suggests that:

1. All critical signal wiring should have minimal loop area, to avoid pickup
from external magnetic fields.

2. Currents should flow in minimal loop areas, to avoid magnetic field generation.
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Area A

Figure 2.12 (a) A current i flows
when the conductor of loop area A is
ntums  moved through a magnetic fleld B.
The same effect is observed for a sta-
tionary conductor in a changing mag-
netic field. (b) Lenz’s law. A voltage
9 is induced at the ends of an n-turn coil
due to a changing magnetic flux. The
induced voltage is proportional to the
loop area A, to the number of tumns n,
[(J] and to the rate of change of B.
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One way of achieving condition 1 is to twist the wires all along their lengths.
The use of coaxial conductor is often a solution, because if current flows in a
coaxial cable, Ampere’s law shows that the external magnetic field is zero.

Small or moderate magnetic fields are found in the vicinity of power trans-
formers and induction motors. Lenz’s law shows that even for low fields of 2
mT, the induced voltage in a single loop of area 1 cm® has a peak value of 75.4
wV at a frequency of 60 Hz. Small voltages like this one are enough to interfere
with low-level signals. Magnetic interference can be reduced in long lines if the
power conductors, ground wires, and control lines are grouped together and run
in a bundle separate from the signal lines.

Transformer Shields

Special precautions must be taken when placing an electric shield around a coil
in a transformer. This shield could behave as a single-turn coil and not as a
single shorted turn. The time-varying magnetic field of the transformer would
induce a voltage on the shield that would cause high currents to flow. Also, in
some applications rapid changes in B may occur; this would result in very large
pulses of cutrent in the mutual capacitances terminating on the shields. Figure
2.13 shows the correct shielding of the coils.
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Insulation to prevent
shield from acting as
a single shorted turn

Primary coil

Shield between
primary and secondary

Figure 2.13 Cross-sectional view of a

Secondary”” . RERRRX transformer with shield between pri-

mary and secondary coil.

2.6 ELECTROMAGNETIC FIELDS

It is quite difficult to analyze mathematically the interference created by elec-
tromagnetic fields in a circuit. However, we consider some solutions to certain
radio-frequency (RF) interference in instrumentation systems. The range for RF
is 3 kHz to 3000 MHz.

Electromagnetic fields propagate in free space at the speed of light. The
energy that resides in these fields (i.e., RF energy) tends to follow conductors.
Two conductors running in parallel (i.e., a transmission line) constitute a path
for RF,. with the energy stored in the space between conductors. If a system
can radiate energy at a point (entry point), it can also pick up external energy
?t the same point (the point of discontinuity). Once the energy is captured, it
is conducted to circuit points as interference (Morrison, 1977). Two conductors
in parallel constitute the simplest transmission line. Any number of signals can
travel in both directions on a transmission line. A point of discontinuity reflects
RF energy.

In previous sections, we analyzed the problem of electric shielding. Un-
fortunately, a shield for an electric field acts as a waveguide for RF energy.
Also, if the shield is grounded or earthed, this point represents a discontinuity
that reflects RF energy. A second point of grounding may be necessary to
eliminate the RF interference. In order not to violate the rules for electric
shielding, if an RF shield must be connected to ground at many points, it should
be separate from the signal shield.

The end of a signal path is a point of discontinuity, or in other words, a
point of entry to the signal wires. Sometimes it is more effective to use RF
ﬁltering after the pickup rather than shielding the entry point. This filter may
provide a point of reflection so that the energy cannot pass that point.

Figure 2.14 shows RF filtering for a differential amplifier. Capacitor C,
acts as a short circuit at RF frequencies, although it is an open circuit for low-
frequency signals. The input shield of the differential amplifier in Figure 2.14
is a reflection point for RF energy carried by the shield and earth as a transmission
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Differential l

L amplifier
=~ Figure 2.14 RF filtering for a differen-
~ tial amplifier. C, acts as a short-circuit
Ce T at RF frequencies. The filter R—C, by-
’ passes the shield to earth only for RF.
T This prevents the violation of shielding

R c, rules. (From R. Morrison, Grounding
_ (_4 _L and shielding techniques in instrumen-
= tation, Wiley, New York, 1977).

line. To connect this shield to earth at the instrument would violate rule 2 of
electric shielding. A partial solution can be achieved if the shield is bypassed
to earth only for RF, as represented by the filter R-C,.

2.7 POWER SUPPLIES

In this section we describe the most common types of power supplies used to
drive electronic circuits. The selection of one type or another depends on the
characteristic of the load (i.e., the electronic circuit). The power supplies presented
here are for general-purpose applications, and all the types are commercially
available. We present a glossary of power-supply terminology to help understand
the characteristics of a power supply. We distinguish between the different power
supplies in terms of their theory of operation.

We also present the characteristics of the IBM PC power supply. For some
applications, this source can be used to drive a system external to the computer.

Linear or Series-Pass Regulated Power Supply

The principle of operation of a regulated power supply is to keep the output
voltage constant even when changes in line voltage or in the load take place.
Figure 2.15 shows the most common type of regulated power supply. It achieves
this regulation by using a transistor as a variable resistor to absorb the changes
in power.

Series-pass 9
transistor 2R,
| >
-
. . Filter and I 3
Line power in rectifiers Voltage ' "“%{
amplifier X
o— 2R,
<
. V'
O

Figure 2.15 Linear or series-pass regulated power supply.

Sec. 2.7 Power Supplies 53

A resistor divider R,—R, provides a fraction of the output voltage, which
is compared to a stable voltage reference. If the load varies in magnitude, the
current demanded by the source also changes, which causes a change in the
output voltage. However, this change is sensed by the differential amplifier that
is connected to a voltage amplifier. This amplifier adjusts the base current of
the series-pass transistor. The transistor conducts more or less (variable resistor
effect) in order to maintain a constant output voltage.

The major disadvantage of series regulation is the high power loss in the
transistor. This device should also be able to absorb all the excess power, so
elaborate (and usually expensive) heat sinks must be used. One way of keeping
losses down is to lower the input-to-output differential voltage to the absolute
minimum. The consequence of this is that the input voltage range has to decrease,
usually to +10%. The efficiency of this linear regulated power supply is less
than 50%.

Switching Power Supply

The switching power supply is a very attractive type of power supply, mainly
due to its efficiency and small size (Power General, 1980). Figure 2.16 shows
a typical switching power-supply diagram. As shown, the ac power is directly
rectified off the line and then filtered to produce raw dc. This dc voltage is
chopped by the switching element at a fixed frequency determined by the oscillator.
The most commonly used frequency is 20 kHz. The chopped dc produces a
square wave which is then transformed, rectified, and filtered to the desired
output voltage. An error amplifier monitors the output voltage and compares
its value against a stable fixed reference voltage V,. Any changes in the output
level, due to line or load variations, are amplified by the error amplifier. The
error amplifier is used to control the pulse-width modulator; that is, it varies the
conduction period of the switching element, thus keeping the output voltage
constant.

The switching power supply has high efficiency. Since the switching element
works in the switching rather than in the linear mode, it is either ON or OFF.

. P Output
Line power in—-] RF filter |- Rectifier L Switching rectifier and V,
and filter element filter
Puise-width Error
Oscitlator — mgdulatorI ¢ am:;?fler
and contro v,

Figure 2.16 Block diagram of a switching power supply.
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Therefore, the absence of voltage or current on alternate half cycles means a
theoretical power loss of zero watts. Actually, the rise and fall times and saturation
voltage of the switching element cause some minor loss. Including the losses
of rectifiers and transformers, the efficiency of this type of power supply is 70
to 80%.

DC-to-DC Converter

The dc-to-dc converter is used when local transformation of power supply voltages
is needed. For example, an op amp (+ 15 V) may be powered with +5 V using
a dc-to-dc converter.

Figure 2.17 shows a simplified circuit diagram. A key component in this
supply is the small transformer, which may have a ferrite or tape-wound core.
The transformer, in conjunction with switching transistors Q, and Q,, constitutes
a self-oscillating circuit that generates a high-frequency square wave at the trans-
former primary. This square wave is then rectified and filtered at the secondary.
After filtering, the output voltage goes through a linear regulator circuit.

_ . ’: Reg. -0 +
; LN—\
L]
4 A
OGND
L]
-y ;:
L]
Reg. -0 -

Figure 2.17 Dc-to-dc converter.

When the circuit is first turned on, unbalanced leakage currents cause one
of the two transistors to turn on by means of the regenerative action of the
transformer winding connected to the transistor base. With one transistor on,
the magnetic flux builds up in the transformer core until it begins to saturate.
As the transformer goes into saturation the flux collapses, producing a voltage
of opposite polarity across the transformer windings. This turns the first transistor
off and the"other transistor on. Then the process repeats itself for the other side
of the primary winding.

P S
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An obvious advantage of a dc-to-dc converter over a line-operated power
supply is the small size for the power produced. Switching frequency is in the
range 8 to 20 kHz. Filter capacitor sizes are also reduced. The ripple that this
supply presents consists of spikes due to the switching frequency. Adequate
filtering is needed to reduce these spikes.

Power-Supply Terminology

In this section we present some frequently used power-supply terminology (Power
General, 1980).

* Back ripple current: in dc-to-dc converters, the peak-to-peak ac current
generated in the input lines by switching transients.

* Breakdown voltage: the maximal ac or dc voltage that may be applied
between input and output of a power supply.

* Efficiency: ratio of the output power to the input power, usually expressed

as a percentage, measured under full load and nominal line conditions.

EMI/RFI: electromagnetic and radio-frequency interference spectrum, which

is either radiated or conducted by switching-mode power supplies.

Current limiting: an overload protection circuit that monitors the output

current and automatically limits its value should an overload occur, so that

the power supply is not damaged. Two types of current limiting are most

popular: constant current limiting, in which the output current is limited

to a constant maximal value of about 120 to 140% of rated current, and

foldback current limiting, in which the output current decreases or ““foldsback”’

to about 50% of rated current, should an overload occur.

Holdover or hold-up time: the length of time a power supply maintains its

rated output after the input has been lost.

Inrush current limiting: protective circuit designed to limit the large current

flow during system power-up. To prevent unnecessary power loss, the

circuit is usually inhibited after the filter capacitors attain full charge.

Isolation: the resistive and capacitive coupling between the input and output

of a power supply expressed in megohms and picofarads.

Line regulation: a percentage rating of the output voltage variation as the

line voltage changes between its specified limits. Load and ambient tem-

perature remain unchanged.

Load regulation: a percentage rating of the output voltage variation as the

load is varied between specified limits. Line voltage and ambient temperature

remain unchanged.

Noise and ripple: the ac voltage superimposed on the output dc. Usually,

in the millivolt range and specified as either rms or peak-to-peak.

* Output impedance: also called dynamic load regulation, is defined as AV,/A I,
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o Output voltage accuracy: the maximal deviation of the dc output voltage
from its nominal value.
o Off-the-line power supply: a supply in which raw dc is obtained by rectifying
and filtering the line voltage directly without using an isolation transformer.
Most switchers are off-the-line units.
Overshoot: a transient voltage spike above the specified normal regulation
limits that can occur at turn-on or turn-off of a power supply.
Overvoltage protection: a device or circuit that shuts down the power
supply automatically when its output voltage exceeds a preset level.
Remote sensing: a method of sensing the output voltage of a supply directly
at the load in order to compensate for voltage drops in the power buses.
Soft start: a method of increasing the duty cycle of a pulse-width modulatqr
of a switching power supply from zero to its normal operating point. This
is used primarily during system startup to eliminate output voltage overshoots
and magnetizing current imbalances in the power transformer.
Transient recovery time or transient response: the time required for the
output voltage to settle within specified regulation limits after a step change
in output load current.

Series Stacking of Power Supplies

Figure 2.18 shows that power supplies may be stacked in series to providej a
variety of output levels. This stacking may be done to both line-operate(.i sppphes
and dec-to-dc converters. Current limiting occurs at the lowest current limit value
of the stack.

| +15Vv 30V

Power:upply GND > +15V
-15V

Line power 4
ordcin o | !

+15 V

PmrBsuPpw _GND —-15V  Figure 2.18 Series stacking of power

_‘ﬂ_> _3gy supplies, showing a wider range of
available voltages.

The IBM PC Power Supply

The IBM PC power supply is a dc-switching power supply designed for continuous
operationat 63.5 W. It has a fused 120-V input and provides four regqlated dc
output voltages. Figure 2.19(a) shows the ac input requirements of this power
supply, and Figure 2.19(b) shows the dc voltage output. The outputs are over-
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Voltage (V ac)
Frequency (Hz) Current (A)
Nominal Minimum Maximum +3 Hz Maximum
120 104 127 60 2.5at 104 V ac
@
Current (A) Regulation (tolerance)
Voiltage (V dc)
Nominal Minimum Maximum +% -%
+5.0 23 7.0 5 4
-5.0 0.0 0.3 10 8
+12.0 04 2.0 5 4
-12.0 0.0 0.25 10 9
(b)

Figure 2.19 Characteristics of the IBM PC power supply. (a) Ac input require-
ments. (b) Dc output voltages. The PC uses the listed minimal current. Thus
the difference between maximal and minimal current is available for boards in
the expansion slots.

voltage, overcurrent, open-circuit, and short-circuit protected. If a dc overload
or overvoltage condition occurs, all dc outputs are shut down as long as the
condition exists.

The +5-V supply powers the logic on the system board and the diskette
drives and allows approximately 7.0 — 2.3 = 4.7 A at +5 V for the adapters
in the system-unit expansion slots. Usually the current available for the prototype
board is less than 1 A if the other four slots are fully used for feature cards.
The power requirement of the user design should not exceed the value specified.
The +12-V supply powers the system’s dynamic memory and the two internal
54-inch diskette drive motors. It assumes that only one drive is active at a time.
The —5-V level powers the dynamic RAM memory’s bias voltage; it tracks the
+35-V and +12-V supplies very quickly at power-on and has a longer decay on
power-off than do the +5-V an + 12-V supplies. The +12-V and — 12-V supplies
power the EIA drivers on the asynchronous serial communications adapters
(IBM, 1983).

The power supply of the IBM PC/XT provides 130 W (compared to the
63.5 W of the PC). This supply is designed to support the PC/XT’s fixed disk
drive and its three additional system unit expansion slots (it has eight compared
to the PC’s five).

Worst-Case Calculations

An important power supply calculation is the worst-case output voltage. This
must be determined from the regulation, accuracy, and temperature specifications
for the supply. As an example we calculate the total change in the output voltage
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from no load to full load, and for a AT of (70°C — 25°C), assuming the following
data:

Output voltage accuracy: + 1%

Line regulation: +0.05%

Load regulation: +0.1%

Change with AT: +0.90% (0.02%/°C)(45°C)
Total change: +2.05%

For an output of +5 V, this means that the voltage can be 5 = 0.103 V.
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Interfacing
to the IBM PC Bus

Jiu An, Thomas A. Doumas, and
Thomas J. Yorkey

In this chapter we provide the design of bus buffers, the decoding circuit for
parallel input/output (1/0) ports, and circuitry for programmable counter/timers
and interrupt controllers. The bus buffer design provides circuits for interfacing
the IBM PC to a diversity of sensors. The circuits are implemented on a prototype
board that plugs into an IBM PC system bus connector.

3.1 PROTOTYPE BOARDS*

IBM sells a prototype board designed to permit users to develop their own
interfaces to the IBM PC bus. This board provides connections to the bus, a
large wire-wrap arca, and a small printed-circuit region. The printed circuit
implements an interface to the bus that includes the basic decoding for a set of
ports. Buffers ensure that the bus is not excessively loaded by the board’s
circuitry.

We did not use the IBM prototyping board for our design. We elected to
do more complete decoding of the ports, providing for up to 64 ports—32 input
and 32 output ports—so a prototype board manufactured for the IBM PC by
another company (Vector 4613-1) was used. This board has a completely bare

* Section 3.1 written by Jiu An.
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wire-wrap space that can hold up to 84 16-pin dual-in-line package (DIP) integrated
circuits. Designs for the port decoding and bus interface buffers are provided
in this chapter.

IBM PC System Bus

The IBM PC system bus is an extension of the Intel 8088 microprocessor bus.
It is, however, demultiplexed and enhanced by additional signals to support
direct memory access (DMA), interrupts, and other features. All signals are
transistor—transistor logic (TTL) level, and there are power and ground pins.
Figure 3.1 shows the 62-pin assignment of the IBM PC system bus. Detailed
descriptions follow. All signals are active high unless specified otherwise.

A0 through A19. These 20 pins provide memory and I/O addresses. A0
is the least-significant bit (L.SB) and A19 is the most-significant bit (MSB). These
lines are driven by either the Intel 8088 processor or the DMA controller.

DO through D7. These eight pins are a bidirectional data bus. DO is the
LSB and D7 is the MSB. During the 8088-initiated write-bus cycle, the 8088
processor provides data on the data bus before the rising edge of input/output
write (IOW) or memory write (MEMW) signal, which will clock the data into
the output port or memory. During a 8088-initiated read-bus cycle, the input
port or the memory must place data on the data bus before the rising edge of

the input/output-read (IOR) or memory-read (MEMR) signal, which latches the
data into the Intel 8088 microprocessor.

MEMR, MEMW, IOR, IOW. These active-low signals control read and
write operations as mentioned above. They may be generated by the Intel 8088
processor or the DMA controller.

ALE (address latch enable). For the PC system bus, ALE indicates the
beginning of an Intel 8088-initiated bus cycle. When this signal is asserted, the
system data bus does not contain address information. Thus, unlike the signal
with the same name in the Intel 8085 microprocessor, the function of ALE is
not demultiplexing of the address from the data bus.

AEN (address enable). This signal is issued by the DMA controller to
indicate that a DMA cycle is in progress. It is normally used to disable the 1/0
port decode logic during a DMA cycle so that the DMA memory address is not
used inadvertently as an I/O port address. This situation could occur since
JOR or IOW may be active during a DMA cycle.

0SC (oscillator), CLOCK. OSC is the high-speed system clock with a 70-
ns period (14.31818 MHz) and a 50% duty cycle. CLOCK is one-third the
frequency of the oscillator (4.77 MHz). This is the operating frequency of the
Intel 8088 microprocessor. It has a period of 210 ns and a 33% duty cycle.
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Figure 3.1 IBM PC system bus.
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I/0 devices use these six input

They are prioritized

with IRQ2 as the highest priority and IRQ7 as the lowest. An interrupt is
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generated by raising an IRQ line and holding it high until it is acknowledged by
the processor. Since the microprocessor’s interrupt acknowledge (INTA) signal
is not available on the system bus, the acknowledge is usually accomplished by
an I/O port bit using an OUT command that is issued in the interrupt service
routine.

I/O CH RDY (I/O channel ready). This is an input signal used to generate
wait states, which extend the length of microprocessor bus cycles for slow
memory and 1/0 devices.

1/0 CH CK (I/O channel check). This is an active-low signal used to
inform the 8088 processor that there is a parity error in the memory or I/O
devices.

RESET DRYV (reset drive). This signal is used to reset or initialize system
logic upon power-up or in case any power-supply voltage level falls outside the
operating range after power-on. This signal is synchronized with the falling edge
of the OSC.

DRQ1 through DRQ3 (DMA requests). These input lines are asynchronous
channel requests used by peripheral devices to gain DMA service. A DRQ line
must be held high until the corresponding DACK line goes low. Note that DRQO
is not available on the bus. It is used to refresh the system’s dynamic memory.

DACKO through DACK3 (DMA acknowledge signals). These active-
low lines are used to acknowledge DMA requests and to refresh the dynamic
memory (DACKO).

T/C (terminal count). This line provides a pulse when the terminal count
for the DMA channel is reached.

Power Considerations for the Prototype Board

Power limitations. Figure 2.19 provides the specifications of the power
supply in the PC. From the 5-V power supply approximately 4 A is available
for the boards in the five expansion slots. If the other four slots are fully used
for feature cards, less than 1 A is available for the prototype board.

Power decoupling. Since digital systems have highly variable power re-
quirements that are often dependent on the operation occurring in an instant of
time, decoupling is needed to supply the short-term power requirements so that
the instantaneous power does not have to come directly from the system power
supply. Also, wiring and cables add inductance to the power source. This means
that the power supply cannot respond quickly to high, transient power requirements.
To solve this problem, decoupling capacitors are typically added at key points
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in the circuits so that transient power can be drawn from them rather than
directly from the power supply.

For large, slow, power fluctuations, use 10- to 50-uF bulk capacitors. It
is extremely important to decouple the +5-V power supply because it will
probably draw most of the current in a typical design. For high-frequency and
smaller transient power requirements, use ceramic capacitors in the range 10 to
100 nF. These capacitors are normally placed between the ground and power
pins of high-transient-current devices such as TTL chips, bus drivers and trans-
ceivers, large-scale-integration (L.SI) chips, and high-switching-speed devices.

System Bus Loading and Driving Capabilities

Bus loading and driving are important considerations when connecting to the
system bus. For bus output signals, the bus driver must provide sufficient
capability to support the user’s design. For bus input signals, the user’s design
must have the capability to drive the system bus.

Usually, a designer must do loading calculations to obtain an accurate value
for a specific design. In practice, however, there are several useful rules of
thumb. First, do not attach an NMOS LSI chip directly to the system bus.
Typically, these devices have a low drive capability and cannot tolerate negative
undershoots that may exist on the system bus. Second, do not present more
than two LSI TTL loads to any bus signal. Third, do not run bus signals for
long distances on the prototype board because this will add excessive capacitance
that will distort and delay the bus signals. Therefore, signal buffer circuits should
be placed near the bus connectors (Eggebrecht, 1983). All these rules were used
in the interface design presented here.

3.2 PARALLEL I/0 PORT DESIGN*

The IBM PC, although very powerful for data processing, needs a way to com-
municate with the outside world. I/O hardware and its corresponding sqftware
provide the interface to transfer data between the computer and a peripheral
device.

Basic I/0 Concepts
There are several ways to initiate and control a data transfer.

1. Program-controlled 1/0
2. Interrupt-service-routine-controlled 1I/0
3. Hardware-controlled 1/0 (DMA)

* Section 3.2 written by Jiu An.
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In this section we concentrate on program-controlled I/0. Interrupt service
concepts are provided in Section 3.3. We do not cover DMA techniques extensively
because they are rarely used for sensor interfaces.

Ports can be connected to a microprocessor in such a way that they are
accessed as if they were memory addresses. This case is called memory-mapped
I/0. More commonly, ports are connected so that they are accessed by special
microprocessor commands. In IN and OUT instructions of the Intel 8088 provide
data transfer for input/output-mapped I/0O. The designs in this book use this
standard 1/0 interfacing.

Figure 3.2 shows a block diagram of the basic 1/0 operation. The decode
logic generates the chip-select pulse from the address bus and the I/O control
signals TOR and TOW. The chip-select pulse for the input port strobes data into
the port from the input device. The chip-select pulse for the output port latches
the data provided by the processor into the port. An input port includes three-
state buffers to isolate the input data from the bus except during the bus-read
cycle. An output port uses latches to hold the data until the relatively slow
output devices accept the data bits. In Figure 3.2 the DIP switches and the
LED displays serve as input and output devices, respectively.

+5V
3 ‘& L Data bus
€ 8-
ﬂD 1. ‘>
input DIP Output +5V
switches LEDs
P L —MWW—e
- Three-
> state Lach HIF—wWW—te
: buffer IBM PC {output .
. {input port}
~ port)
T0R Ad:ms oW
- . us
Chlp Chip
select select
puise & \ pulse
Decode
logic

Figure 3.2 Block diagram of basic 1/0 operation.

Program-Controlled I/O Transfer

The two t'ypes of program-controlled 1/O are conditional and unconditional. An
unconditional transfer conveys data to or from an I/O port without determining
if the port is ready to receive or transmit the data. Usually, unconditional
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transfers handle command information and status information. For these data
transfers, the processor just assumes that the I1/0 device is ready to receive or
transmit the data. Data-transfer errors can occur if the programmer is not careful.
If the microprocessor sends data faster than an output port can receive it, data
will be lost. Also, an input port could provide redundant data to the microprocessor
if it is accessed too rapidly.

To avoid these problems, 1/0 ports are often configured to do conditional
data transfer using handshaking. In conditional data transfer, unconditional transfer
of status information from the 1/0 device to the processor precedes the actual
data transfer. Status information in a bit pattern, called a flag, designates the
state of readiness of an 1/0 port. Software to test the status flag increases the
time associated with the I/O operation; the additional time is called I/O overhead.
If several 1/0 devices are used in a system with programmed 1/0, a process is
needed to check the flag of each device in turn; this process is known as polling.

Figure 3.3 shows an example of using handshaking for an I/O operation.
An input device has data available at input port 1 for transmission to the mi-
crocomputer. To indicate the availability of data, the input device sets 2 flag
bit in input port 0. The microcomputer periodically accesses the status flag at
input port 0 and tests it. If it is 1, data are available, and the microcomputer
accepts the data from input port 1. The chip-select signal for port 1 enables
data from port 1 and also resets the data-available flag.

Three-
state Data from
. To , Data | eeer Latch input
microcomputer bus {input device
port 1} ‘
* L_ 1 Strobe from
Status flag P1 input device
+5V
] T o \

Three-state Data
buffer available
{input

port 0} PO Flip-flop

!

P1

Figure 3.3 Handshaking using a data available flag.

I/0 Map in the IBM PC

In order to generate correct chip-select signals, we need to know the I/O port
addressing and the port assignment map. The PC design provides 10 bits for
port addressing, bits A0 through A9, for a total of 1024 port addresses. The
1/0 port-address map is divided into two parts. The 512 addresses from 0000H



66 Interfacing to the IBM PC Bus Chap. 3

to 01FFH (these are in hexadecimal notation) are assigned to the system mother
board. The address space from 0200H to 03FFH, 512 port addresses, is available
for boards in the five card slots. Figure 3.4 shows that most of these 512 port
addresses are already assigned to IBM feature cards. The designated ports for
a prototype board are from 300H to 031FH, only 32 port addresses.

Hex range Usage
000-00F DMA chip 8237A-5 3
020-021 interrupt B259A
040-043 Timer B263-5
060-063 PPI B2565A-5 Assigned to
080-083 DMA page registers > system board
0AX NMI mask register components
0Cx Reserved
OEx Reserved
100-1FF Not usable J
200-20F Game control 7
210-217 Expansion unit
220-24F Reserved
278-27F Reserved
2F0-2F7 Reserved
2F8-2FF Asynchronous communications (2)
[300-31F Prototype card |
320-32F Fixed disk .
378-37F Printer | ssigned to
380-38C SDLC communications ports
380-389 Binary synchronous communications (2)
3A0-3A9 Binary synchronous communications (1)
3B0-3BF IBM monochrome dispiay/printer
3C0-3CF Reserved
3D0-3DF Color/graphics
3E0-3F7 Reserved
3F0-3F7 Diskette
3F8-3FF Asynchronous communications (1) J

Figure 3.4 1/0 map in IBM PC.
Timing

The key to the design of any interface to the system is establishing its timing
compatibility with the system bus. The charts and tables in Figure 3.5 present
detailed timing information on both I/0 read and write bus cycles that exist on
the system bus.

These bus cycles are normally four T-state clock cycles in length, but the
PC design automatically inserts an extra T-wait (TW) clock. Thus in the PC,
all 1/0 bas cycles are a minimum of five clock cycles, or approximately 1.05
us in length. The bus cycles can be further extended by controlling the ready
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T T2 T3 ™ T4
fte——tt——
Processor {9 13
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ALE o] F —~ et 1 - |2095
2 - |1245
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. t4 15f -
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== 7 - | 915
I0R 1 | 8 36{ 10
-8 '<— t9 -1 42
| "2 ~led® |+m tio | 35] 10
tt |- [ 10
00-D7 112 - |551.5
| 13 - |es8
13 -
| *All times are in nanosecond:

Data must be
valid here
(a)
T1 T2 T3 T™W T4
et }—
Processor 2 3 Symbol [Max.| Min.
clock t1 - |2095
1. -
ALE 4] e 'g - ‘g‘::g
et t4 15 -
> t5 5] -
A0-A15 alid port address ® 128| 16
t7 - .5
L-~t7 __>| 111 l‘— 18 35 10
ow 18 I<— t9 122 14
™ r t10 - 10
-—>| l<—t12 t10 3 t11 35] 10
112 112 -
D0-D7 Ww 7d data from 8083 u3 | - [506.5
| *All times are in nanosecond
“t9 I t13
(b)

Figure 3.5 1/0 port timing. (a) Input port read-bus cycle timing. (b) Output port write-
bus cycle timing. (From L. C. Eggebrecht, Interfacing to the IBM personal
computer, Howard W. Sams & Co., Indianapolis, IN, 1983.)
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signal (IO CH RDY) on the system bus. Note that pins A16 to A19 of the
address bus in the PC are not activated during I/O bus cycles.

The I/0 read-bus cycle is initiated each time the 8088 processor executes
an IN instruction. During T1, the ALE signal is activated, which indicates at
its trailing edge that bits A0 to A15 of the address bus contain a valid I/O port
address. During T2, the bus-control signal IOR is activated, which indicates
that the addressed input port should respond by driving the data bus with its
contents. At the beginning of T4, the processor samples the data on the data
bus and then the IOR signal is deactivated.

An 1/0 write-bus cycle is intiated each time the 8088 processor executes
an OUT instruction. The ALE signal is activated, which indicates at its trailing
edge that the address bus contains a valid port address during T1. Next, the
bus-control signal IOW is activated during T2, which signals the selected output
port that it should take the data from the data bus. Later during T2, the 8088
processor drives the data bus with data for the output port. At the beginning
of T4, the IOW signal is deactivated, and the 8088 processor removes the data
from the bus.

Here we have presented the timing information as maximal and minimal
worst-case data. Thus this timing is valid for all conditions of bus loading and
power levels that are within the specified limits.

Bus Buffering and Decoding for the Prototype Board

There are many ways to buffer and decode. Figures 3.6 and 3.7 illustrate the
design that provides the interface to the IBM PC bus for all other circuits
discussed in this book. The buffering circuit gives the buffered data bus, BD0
to BD7, the address bus, BAO to BA9, and several control signals: BIOR,
BIOW, BRESET DRV, BCLOCK. Note that the first letter B on the label
indicates that it is a buffered signal. The decoding circuit generates 32 port-
select signals, EO through E31 (0300H to 031FH).

Two three-state buffers (741.S244) are used to buffer bits A0 to A9 of the
address bus and the required control signals. In order to place the 32 port
addresses in the desired space, from 0300H to 031FH, we use a comparator
(74L.5688) to compare the value set to 03XXH with the address bits (AS through
A9) on the bus and generate an input/output active (IDA) card-select signal.
The card-select signal enables the bus transceiver (74LS245) and also enables
further decoding of address bits A0 through A4. Further decoding is accomplished
by using two 4-to-16-line decoders (74LS154). The BIOR signal controls the
data direction in the bus transceiver. As the chip-enable signal, address enable
(AEN) is used to disable the comparator so that no I/O port can be accessed
during DMA bus-cycle operation.

Interfacing the PC with the Intel 8255 1/0 Port Chip

The Intel 8255 is a single-chip programmable peripheral interface (PPI) that
provides three programmable 1/0O ports.
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General description. Figure 3.8 shows the block diagram of the Intel
8255 chip. It contains a control register and three 8-bit I/O ports named A, B,
and C. Port C is actually two separately programmable ports: C-upper (PC4—
PC7) and C-lower (PC0-PC3). Note that we can write into the control register
but cannot read its contents.

26

6| < Vee
cs pao S
e PB1 18
. WR PB2 20
RD 21
Group B PB3
port B (27 £
9
. A0 PBS 23
Al PB6 24
Group B 25
control PB7
1
PCO ?
Group B pc1 |8
portC 1
Ed P {lower) pc2[2
33 D1 PC3 14
2
2102 13
31 PC4
D3 12
30 Group A PC5
D4 port C 11
29 {upper) PC6
D5 10
PC7
e D6
27
b7 Group A paolt
control 3
PA1
PA2 2
1
Group A PA3 0
port A PAdI——
PAS 39
38
35! ResET PAB -
PA7
GND

7

Figure 3.8 Intel 8255 programmable peripheral interface.
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Figure 3.9 provides information on the operation of the 8255. The 8255 is
selected when its chip select (CS) is activated by decoding logic. Further, A0
and Al select the control register or one of the three ports for data transfer.

When the system is powered up, the reset signal applied to the 8255 floats
all 24 pins associated with the three I/0 ports. The 8255 stays in this condition
until the application program writes a word into the control register to define
the mode of operation. There are three operation modes:

1. Mode 0: basic 1/0
2. Mode 1: strobed 1/0
3. Mode 2: bidirectional bus

Al A0 RD WR CS

Input operation (read)

0 0 0 1 0 Port A to data bus

0 i 0 1 0 Port B to data bus

i 0 0 1 0 Port C to data bus

Output operation (write)

0 0 1 0 0 Data bus to port A

0 i i 0 0 Data bus to port B

1 0 i 0 0 Data bus to port C

1 1 1 0 0 Data bus to control

Disable function

X X X X 1 Data bus to three-state
1 1 0 1 0 Illegal condition

X X 1 1 0 Data bus to three-state

Figure 3.9 Basic operation of the Intel 8255 PPL

Figure 3.10 shows the mode definition format in the control register.

Mode 0 provides two 8-bit ports (A and B) and two 4-bit ports (C-upper
and C-lower). Any port can be programmed as an input or an output port.
Outputs are latched, and inputs are not. There are 16 possible I/0O configurations
in this mode.

Mode 1 also provides two 8-bit ports, A and B, but both the inputs and
outputs are latched. The two 4-bit ports (C-upper and C-lower) become handshaking
lines for ports A and B and are no longer available as ports. For input in mode
1, PC3, PC4, and PC5 are used as handshaking for port A; PC0, PC1, and PC2
are used for port B. PC6 and PC7 can be programmed as either input or output
port bits. In normal use in this mode, the input device places 8-bit data at PAO-
PA7 (or PBO-PB7), then sends an active-low strobe signal, STB to PC4 for port
A, or to PC2 for port B. The strobe loads the data into the input latch. This
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Port 303H

Group A

6 | 05 | o4 | 03

Mode select flag
1 = active

=] [

Port A Port C {upper)
1= input 1= input
0 = output 0= output

Group A mode selection

0 0 = mode 0 Basic /O {one 8-bit and one 4-bit port)

0 1 = mode 1 Strobed I/O {port C does handshaking for port A}

1 x = mode 2 Bidirectional bus {port A is 8-bit bus, port C does handshaking}-

Group B
D2 | D1 I Do

Port B Port C {lower)
1= input 1 = input

m 0 = output 0= output

Port B mode selection
0 = mode 0 Basic I/O
1= mode 1 Strobed L/O

Figure 3.10 Mode definition format of the control register for the Intel 8255 PPI.
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PORT_A
PORT_C

RTAT
DELAY

LOOP1:

DELAY

START:

MY_CODE

MY_CODE SEGMENT

ASSUME CS:NY_CODE
xQU 300H

xQU 3028

xQU 3038

EQU 8

PROC  NEAR

PUSE  BX

DEC BX

Nz L00P1

POP BX

RET

ENDP

MoV AL, 100100008
MoV DX, CTRL
ovT DX, AL
MoV CL,RTAT
MoV DX, PORT_A
N AL,DX
MOV DX, BORT_C
ovT DX, AL
MOV BL,AL
RCL BX,CL
AND BX, OFO00R
CALL  DELAY

MOV AL, 00H
0uT DX,AL
CALL  DELAY
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PORT A AS INPUT PORT

PORT C~LOWER AS OUTPUT PORT
CONTROL REGISTER

NUMBER OF ROTATICNS

; DELAY ROUTINE

SAVE REG. BX
USE B REG. AS A COUNTER

SET PA TO INPUT AND PC-LOWER TO OUTPUT

PUT 8 IN CL AS A COUNTS

INPUT DIP SWITCH SETTING

OUTPUT TO LED

SAVE PA4-PA7 IN B REG.

ROTATE THROUGH CARRY 8 TIMES
KEEP IT IN THE HIGH 4 BITS OF BX

; TURN THE LEDS OFF

Figure 3.12 PC assembly language program for reading the DIP switches and lighting the

LED:s in the circuit of Figure 3.11.

3.3 INTERRUPT STRUCTURES*

An important feature of a computer

is its interrupt structure. Its principal task

is to provide an efficient way for the microprocessor to respond quickly to

unpredictable events. I
system by allowing peri

nterrupt processing increases the throughput of the computer
pheral devices to request service from the microprocessor

when they need it instead of requiring the microprocessor to poll the peripheral
devices for.service requests. Additionally, many microprocessors have internally
generated on-chip interrupts.

* Section 3.3 written by Thomas A. Doumas.

§define
$define

for(i = time; 1 > 0; --1)

main()
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PORT_A 0x300 /* Port A on the 8255, */
PORT_C 0x302 /* Port C on the 8255, */
§define CTRL 0x303 /* 8255 control register. */
{

char input ;
int off time, on_time = 8 ;

outp (CTRL, 0x90) ; /* Set the 8255 to mode 0 with port A as */
/* an input port and other ports as */
/* output ports. */

delay (time)

while (!'kbhit ()) /* Repeat loop until the keyboard is hit. */
{
input = inp(PORT_A) ; /* Read from DIP switches. */
off time = input & OxFO ; /* Bigh bits used for off time. */
off time = off time >> 4 ; /* Shift bits to lower half of */
/* off_time. */
outp (PORT C, input) ; /* Turn LEDs on. */
delay(on_time) ; /* Wait a while. */
outp (PORT_C, 0x00) ; /* Turn LEDs off. */
delay (off_time) : /* Wait awhile. */
}
}
int time ;
{
int i, j

/* Rapeat specified number of times. */
for(j = 0; 3J < 1000; ++3)
}

Figure 3.13 C langnage program for reading the DIP switches and lighting the LEDs in
the circuit of Figure 3.11.

In this section we present the aspects of interrupt structures that pertain
to using interrupts on an IBM PC. After a discussion of general concepts of
interrupts, the details of the interrupt structure of the Intel 8088 microprocessor
and the implementation of this interrupt structure on the IBM PC are discussed.

interrupt Processing

In this section we describe how interrupt processing interleaves with normal
program execution.

A computer is a finite-state machine that has many unique states. The
execution of a program can be described as a sequence of machine states S,
S, . . ., S.. The elements of the state of the program are the (1) instruction
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space, (2) data space, (3) program counter, and (4) processor status. If the
computer is programmed to go from S; to S,, then any time it is in S5, it will
go to S,. There is no difference between reaching S; during program execution
and starting program execution at S;.

Interrupt processing temporarily changes the state of the machine while
executing the interrupt service routine. To return to the state previous to the
interrupt request, the machine state must have been stored. The microprocessor
automatically saves the program counter and the processor status when the
interrupt is acknowledged. The interrupt service routine must save all micro-
processor registers that will be changed and restore these registers before returning
the program counter and processor status to their previous states. The system
stack is commonly used for saving the program counter, processor status, and
registers. This stack is maintained by the stack pointer register of the Intel 8088
MICroprocessor.

Transfer of control from the main routine to the interrupt service routine
takes place after the program counter and processor status are stored. The
address of the interrupt service routine is stored in the interrupt vector table.
A vector is an address of a service routine. Each device uses a separate entry
in the interrupt vector table to point to its interrupt service routine. Figure 3.14
shows these concepts in flowchart form, and the interrupt follows this sequence:

A F
S; b Sty P Sis2 > Sis3
y
B §; el S
€| Si+a
R
si+2

Figure 3.14 Interrupt processing.
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A. An interrupt request occurs during execution of state S,, ,.

B. The microprocessor begins to service the request after execution of state
$:+2 and ends up in S; with state S;,, saved on the stack.

C. The address of the interrupt service routine is found in the interrupt vector
table during state S, .

D. The interrupt service routine is executed in states S, , to S;,,.
E. The state S,., is restored by state S;.
F. Execution of the main routine continues with state S, ;.

Interrupt service routines can be nested in many computer systems. That
is, a device can interrupt the execution of an interrupt service routine. Figure
3.15 shows the transfers of control during processing of nested interrupt requests.

Main routine
2 A

-

Interrupt
routine 1

interrupt
routine 2

Figure 3.15 Nested interrupt
processing.

Typical Pitfalls Encountered When Using Interrupts

Interrupts should be used with caution since normal program execution is tem-
porarily suspended when an interrupt is serviced. The four main topics to consider
are (1) interruption of critical processes, (2) missing interrupts, (3) priority levels,
and (4) interrupt latency time. Reliable system performance depends on proper
handling of these potential problems.

Critical processes. This problem involves specific processes or tasks that
would cause unpredictable or undesirable system behavior if interrupted. An
example of this occurs when memory segmentation registers are being changed.
All programs use memory segmentation registers to control the physical address
of critical data structures such as the system stack and the code space. If an
interrupt occurs while the stack is being relocated, execution may not resume
properly after the interrupt routine is completed. Interruptions during routines
that have tight constraints can cause undesirable effects.

To ensure correct system function, any task can be protected from interruption
by disabling maskable interrupts during the critical portions of the routine. In-
terrupts that occur when interrupts are disabled may be serviced when the
interrupts are reenabled. If a device attempts multiple interrupt requests while
interrupts are disabled, the interrupt requests will be lost.
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Disabling interrupts. The problem of lost interrupts can occur if interrupts
remain disabled for excessive amounts of time. The result may be as benign as
a slightly slow time-of-day display or as deleterious as blocks of data being
dropped while reading from a disk. To avoid these types of problems, interrupts
should not be disabled unnecessarily. The common practice is to disable interrupts
for the execution of a few machine-language instructions.

Interrupt priorities. Since many different devices may request interrupt
service simultaneously, a system of priority levels determines the order of interrupt
processing. The highest-priority device is serviced first, followed by successively
lower-priority devices. A fully nested priority system is used to control when
and if one device can interrupt an interrupt service routine already in progress.
Typically, an interrupt service routine can be interrupted by a device with a
higher priority. If a device with equal or lower priority requests service, the
request is saved until the present interrupt routine is completed.

Interrupt latency time. The interrupt latency time is the interval between
the time when the interrupt request is posted and the time when the interrupt
service routine is entered. The latency time is composed of the time required
to process the interrupt request after it has been recognized plus the additional
time necessary to complete the instruction executing when the interrupt was
posted. The interrupt processing time is the amount of time needed by the
microprocessor to acknowledge the interrupt and to save the state of the machine.
The time needed to complete the current instruction depends on the instruction.
Instructions that execute multiple shifts have the potential for the largest instruction
completion time. Whenever critical timing is part of an interrupt application,
the latency time should be considered.

Types of Interrupts

Interrupt requests usually associated with devices external to the microprocessor
such as disk drives, keyboards, printers, and timers are hardware interrupts.
Interrupt requests generated within the microprocessor itself are software interrupts.

An interrupt request that can be ignored by the microprocessor is said to
be maskable. Maskable interrupts are enabled and disabled by machine language
instructions. Nonmaskable interrupt request lines will always cause interrupts
when activated, and can be used as maskable request lines if the masking operation
is implemented in hardware.

Hardware interrupts. External devices use either a voltage level or a
change in voltage level to issue an interrupt request. The method that the devices
must use depends on whether the microprocessor has a level or edge-sensitive
interrupt request line. If the microprocessor has a level-sensitive interrupt request
lirte, the device must keep the interrupt request line active until the microprocessor
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acknowledges the request. The microprocessor acknowledges the interrupt request
by activating one or more status lines. Microprocessors that have edge-sensitive
interrupt request lines use internal flip-flops to capture the interrupt request.

The microprocessor must have some way of identifying which device requested
service so that the proper interrupt service routine will be executed. Identification
information is either provided by the device during the interrupt acknowledge
sequence, or is defined by the interrupt line that is activated. For example, the
popular Intel 8085 microprocessor has four interrupt lines that vector through
fixed locations and one interrupt request line that causes the microprocessor to
read the data bus for device identification information. Since most external
devices do not respond to interrupt-acknowledge signals by putting a code on
the data bus, interrupt-controller chips are used to generate the proper code.

The numerous sources of hardware interrupts already mentioned all pertain
to some input or output function. Two other hardware interrupt sources to
consider are fault-detection circuitry and system reset.

Many computer systems contain extra circuitry that ensures the integrity
of the system. System performance can be adversely affected by power-supply
problems. When the voltage level approaches the lower limit of the operating
range of the integrated circuits, erroneous behavior can result. One danger during
a power failure is undesired disk accessing.

A computer that has power-fail-detection circuitry to detect sudden loss of
ac power can be made to ‘‘die gracefully’” when the power fails. After ac power
is lost, the power-supply filter capacitors normally can maintain valid voltage
levels for a brief time. To use this time, the power-fail circuits issue an interrupt
request to the nonmaskable interrupt line. The power-fail interrupt service routine
can safely halt the microprocessor.

A hardware problem in the memory array will cause unpredictable behavior.
A commonly used protection scheme is to implement parity-checked RAM. In
this case, a parity error occurring during a memory-read operation triggers an
interrupt. The interrupt service routine reports the error to the user and then
halts the microprocessor. If parity-checked RAM is used, a program must initialize
the memory before reading from it because the values present in the RAM may
not have correct parity after power-up. This is the reason the IBM PC spends
some time on memory management every time the power is turned on.

The reset line on a microprocessor can be viewed as a type of interrupt.
Reset differs from other interrupts because the state of the machine previous to
reset is not saved. The reset interrupt aborts current program execution and
forces execution to start at a fixed address. The user does a manual reset of
the computer to place the processor in a known state.

Software interrupts. Software interrupts are generated from within the
microprocessor. Logical interrupts occur when an arithmetic operation results
in an overflow or underflow. Interrupts can also be generated by machine-
language instructions. The two main uses for software interrupts are for testing
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interrupt routines written to service an external device and for providing a
transparent link to utility routines.

The transparent link idea is that a general-purpose routine whose address
is unknown to the programmer can be accessed through the interrupt vector
table by issuing a software-interrupt instruction. An interesting implementation
of this technique is the ROM BIOS (basic input/output system) of the IBM PC.
The BIOS contains the utility routines that the IBM PC operating system uses
for system functions. These powerful routines are a permanent part of the
computer and are accessible through software-interrupt instructions. If the address
of some BIOS routine changes when a new model of computer is introduced,
the routine will still be accessible through the same interrupt and all existing
software will be compatible with the upgraded computer.

Interrupts on the 8088 Microprocessor

The interrupt structure of the IBM PC is based directly on that of the 8088
microprocessor. This section presents the details of the 8088 interrupt structure.
Figure 3.16 shows the sources of interrupts on the 8088. It is evident that the
8088 supports both internal and external interrupt processing. Each of the 256
possible interrupts is assigned a type code which the microprocessor uses to
index into the interrupt vector table.

NMI INTR Reset

Figure 3.16 Interrupt sources for the

INT n INTO Divide by 0 Single step

struction causes a software interrupt

I
|
: 8088 microprocessor. The INT n in-
|
|

and provides a transparent link to
8088 microprocessor

_____________________ _3  BIOS routines.

8088 address generation. In this section we discuss the method that the
8088 uses to generate physical addresses from logical addresses. This information
is important when using interrupts because the entries in the vector table must
be properly initialized with logical addresses.

Every 8088 address is composed of between two and four components
(Figure 3.17). The segment, base, index, and displacement values used are either
specified in the instruction or implicit. The 16-bit segment value is multiplied
by 16 (i.e., shifted left 4 bits) before being added to a 16-bit index value, a 16-
bit base value, and a 16-bit displacement. The sum is a 20-bit physical address.
The segment-register component and at least one offset component are always
used in the cdlculation. The location of an interrupt service routine is completely
specified by the segment and offset.
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segment:0 16 X 16-bit segment
base 16-bit base pointer
index 16-bit index
+ displacement 8- or 16-bit offset
physical address 20-bit physical address Figure 3.17 Address generation for
the 8088 microprocessor.

External interrupts. External interrupt requests can be issued on the
NMI (nonmaskable interrupt) line or on the INTR (maskable interrupt) line. The
NMI request line is positive-edge triggered. The INTR request line is activated
by a high-level signal. When the INTR line is active, the microprocessor will
respond after completion of the current instruction if the interrupt enable flag
(IF) is set and if no higher-priority interrupts are pending.

The initial response of the microprocessor to an INTR interrupt is to execute
an interrupt acknowledge bus cycle (Figure 3.18). The interrupt acknowledge
consists of two active-low pulses on the INTA line. The first pulse is used by
the interrupt controller for internal setup. During the second half of this bus
cycle, the microprocessor reads the interrupt type code (8 bits) from the data
bus. The next step is to save the state of the microprocessor by pushing the
flags register, the code-segment register, and the instruction pointer onto the
stack. The type code is multiplied by 4 to yield the address of the interrupt
vector. Each interrupt vector is 4 bytes long and consists of a 16-bit offset and
a 16-bit base address. These values specify the 20-bit physical address of the
interrupt service routine to be executed. After the routine has been executed,
the IRET (return from interrupt) instruction is used to restore the saved state
of the microprocessor from the stack and to resume execution at the point where
the interrupt occurred. Internal interrupts and NMlIs are treated in the same
way except that no interrupt-acknowledge bus cycle is issued. The type codes
for these interrupts are either fixed or specified in the coding of the instruction.
Figure 3.19 shows the interrupt processing sequence in flowchart form.

First cycle Second cycle
A A

INTA I l I ]

ADy-AD, {vector type}

Figure 3.18 Interrupt acknowledge sequence for the 8088 microprocessor.
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Figure 3.19 The 8088 interrupt processing sequence. (From Intel Corporation,
iAPX 86,88 Users Manual, 1983.)
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Figure 3.20 depicts how interrupts affect normal program execution on the
8088. At point A, the main program disables interrupts with the clear interrupt
(CLY) instruction. Some time later (point B), the NMI line becomes active.
Even though interrupts are disabled, the interrupt service routine C is executed
because the NMI cannot be masked with software. The interrupt request (INTR)
line becomes active at point D, but the request is ignored until interrupts are
enabled by the start interrupt (STI) instruction at point E. When the interrupt
is acknowledged, the interrupt flag (IF) is cleared. After branching to the interrupt
service routine (F), the routine issues an STI command. During execution of
the interrupt service routine (F), another INTR request occurs and since interrupts
are enabled, it is serviced immediately. When the second interrupt service
routine (G) is finished, execution continues in the previous routine (F). Finally,
when all interrupt service routines have been executed, the main program takes
control at point H.

A. CLI €. STI
B. NMI D. INTR H.

Figure 3.20 Interaction between interrupts and normal program execution.

Internal interrupts. Internal interrupts are nonmaskable on the 8088. The
divide-by-zero interrupt is generated when the quotient calculated in a division
instruction is larger than the specified destination for the quotient. The overflow
interrupt is generated if the INTO instruction is executed when the overflow
(OV) flag is set. The TRAP interrupt is generated after the completion of each
instruction if the trap flag (TF) is set. This interrupt is used for implementing
a single-step mode in a debugger program.

Interrupt priorities and latency time. Figure 3.21 gives the priority as-
signed to each interrupt source. The internal interrupts have the highest priority
so that interrupt service routines in progress can use the software interrupts
(particularly the ROM BIOS routines). After internal interrupts, the interrupt
priority sequence.is NMI, INTR, and TRAP (single step).

Interrupt Priority
Divide by 0, INTO Highest
NMI
INTR
Single step { owest
Figure 3.21 Interrupt priorities.
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Interrupt latency time is also dependent on the specific interrupt. The INTR
requires a processing time of 61 clocks. This is the longest latency time of all
the interrupts because of the required interrupt-acknowledge bus cycle. Next
come in INTO, divide by 0, INT type 3, and INT n. The shortest latencies are
NMI and single step, each requiring 50 clock ticks.

Interrupts on the IBM PC

In this section we discuss the implementation of interrupts on the IBM PC. The
interrupt-handling capabilities of the 8088 are enhanced by hardware in the IBM
PC that allows multiple devices to request interrupt service on the single 8088
maskable interrupt-request line (INTR). The interrupt vector table is initialized
with the addresses of the IBM PC BIOS routines so that the programmer can
use software interrupts to access the BIOS.

Hardware interrupts. The IBM PC uses the 8259A programmable interrupt
controller to handle external interrupt requests to the INTR line. The 8259A
accepts eight interrupt-request lines from external devices, and generates an 8088
interrupt-type code in response to the interrupt-acknowledge bus cycle. The
fully nested mode of the 8259A is used. Initialization of the mode of operation
and priorities occurs whenever the computer is reset. A discussion of the modes
of operation of the 8259A follows.

Figure 3.22 shows the eight interrupts caused by the 8259A controller
labeled IRQO through IRQ7. Only IRQ2 through IRQ7 are available on the PC’s
system bus. As might be expected, the IBM PC has certain devices that require
interrupt processing. The disk drive system, keyboard, and clock /calendar each
require a dedicated interrupt line. The clock/calendar function is implemented
by counting interrupts generated by one channel of the 8253 timer chip that is
on the system board. To keep accurate time, the clock interrupt has the highest-
priority interrupt-request line (IRQQ). Clock interrupts occur at a frequency of
18.2 Hz. Keyboard interrupt requests (IRQ1) have the second-highest priority.
A keyboard interrupt occurs every time a key is pressed or lifted.

Interrupt-request lines IRQ3, IRQ4, and IRQ7 are reserved for the COM1
and COM2 serial ports and for the LPT1 parallel printer port, respectively. IRQ6,
which has higher priority than only IRQ7, is dedicated to the disk-drive controller.
IRQ2 is the only unused interrupt in a fully configured PC. If a particular
application does not require all of these ports, the unused interrupt lines are
available for other purposes. Hardware design engineers should keep in mind
that if reserved interrupt lines are used in designs, the resulting product may
not be compatible with all software available for the IBM PC. To ensure a fully
compatible system, only the IRQ2 and IRQS interrupt-request lines should be
used by custom hardware. Of course, IRQS should not be used if the custom
design might be used with a hard disk system.
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Figure 3.22 Hardware interrupt assignments for the IBM PC.

As Figure 3.23 shows, each of these interrupts has an assigned interrupt
pointer in the interrupt vector. This table shows which interrupt types are
dedicated, reserved for future use, and available. The table occupies the lowest
1024 bytes of memory. Since each interrupt vector consists of 4 bytes—a 16-
bit offset and a 16-bit base address—this table includes information for processing
256 interrupt types. Dedicated pointers (addresses) are currently used for special
purposes. The reserved interrupt pointers may be dedicated in future products
and should be avoided if future compatibility is desired. Available interrupts
can be used within any constraints imposed by the computer.

Each interrupt is given a type number according to its location in the vector
table. For example, divide by zero is type 0, TRAP for single-step mode is type
1, and the interrupt from activation of the NMI pin on the processor is type 2.
The assembly language instruction, INT n, generates a software interrupt of type
n. The number n simply designates the location of the interrupt vector table.

The NMI interrupt (i.e., type 2) is dedicated to reporting memory parity
errors and to servicing the optional numeric processor. Interrupt requests from
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Interrupt Interrupt
type type {hex) Name
0 0 divide by O Address 00000H
1 1 single step
2 2 NMI
3 3 breakpoint
4 4 overflow
5 5 print screen
6 6 unused
7 7 unused
81RQO 8 time of day W
91RQ1 9 keyboard
101IRQ2 A unused
111RQ3 8 COM2 > B259A interrupt linas
121RQ4 c COM1
131RQ5 D unused
14 IRQ6 € diskette
15 IRQ7 F LPT1 J
16 10 video /O ]
17 1 equipment
18 12 memory
19 13 disk I/O
20 14 serial /O
21 15 cassette + BIOS entry points
22 16 keyboard I/0
23 17 printer A
24 18 resident BASIC
25 19 bootstrap
26 1A time of day 3
27 18 keyboard break 1
28 ic timer tick
29 1D video install + User-supplied routines
30 1€ disk install
31 1F video graphics J
32 20 DOS program terminate |
33 21 DOS function call
34 22 DOS terminate address
35 23 DOS fatal error
36 24 DOS Ctrl Brk exit
37 25 DOS absolute disk read
33—63 §$—3F gg: ::::::: disk write ¥ DOS and BASIC interrupts
64-95 40-5F reserved
96-103 60-67 reserved for user
104-127 6B-7F available
128-133 80-85 reserved for BASIC
134-240 86-F0 reserved for BASIC
241-255 F1-FF not used J Address 003FFH

Figure 3.23 IBM PC interrupts.
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the memory can be masked by controlling the value of a bit in a 8255 output
port. The numeric processor interrupt is enabled by opening switch 2 on the
SW1 bank of DIP switches on the system board.

Software interrupts. Many applications need to interact with peripheral
devices. Word processors must be able to communicate v+ith printers through
serial or parallel ports. Communication programs need to transfer data through
serial ports and also to and from the disk. What these programs have in common
is that they all can make use of a set of resident routines that manipulate the
various peripherals in a flexible way. The ROM BIOS contains the routines to
do this. Figure 3.23 shows a list of routines available in the BIOS. All BIOS
routines are accessible through the INT n software interrupt instruction. Use
of BIOS routines typically requires loading a few microprocessor registers with
the parameters to be passed in. This is followed by the INT n instruction with
the appropriate type code specified. If the routine reads the status of some
device, the status will be returned in a register. For example, INT 20 (i.e., 14
hexadecimal) provides access to routines that operate the serial input/output
ports. The following code sends a character to the COM1 serial output port:

MOV DX, # 0 ; select COM1

MOV AH, # 1 ; select output function
MOV AL, # char ; character to send

INT 20 ; execute

Programming the 8259A

The 8259A is programmed with initialization command words (ICWs) and op-
erational command words (OCWs). A sequence of ICWs set (1) the type code
to generate for each request line, (2) cascade or normal mode, (3) automatic or
manual end of interrupt, and (4) fully nested, automatic rotation, or specific
rotation mode. The OCWs are used to (1) program the individual interrupt enable
flags, (2) read the 8259A status register, and (3) issue end-of-interrupt commands.

Type code initialization. The 5 high-order bits of the 8-bit type code are
programmable with ICW2. The 3 low-order bits are equal to the interrupt request
number (0-7).

Cascade/normal mode. The cascade mode assumes that there is a master
and at least one slave interrupt controller. This mode allows up to eight 8259A
devices to be cascaded to provide 64 fully nested interrupt levels.

End of interrupt. The 8259A will service a new interrupt request only
after an end-of-interrupt command (EQOI) is issued. If the automatic EOI mode
is programmed with ICW4, the trailing edge of the second INTA pulse will issue
the EOI. The interrupt service routine must issue the EOI command by sending
an operational command word to the 8259A.
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Nested /rotation modes. In the fully nested mode, IRQO has the highest
priority and IRQ7 has the lowest. If multiple interrupts are pending, the 8259A
services the highest-priority request first and locks out requests with equal or
lower priority. The lockout is maintained until the EOI command is received.

Two rotation modes are available: automatic and specific. In the automatic
rotation mode a device receives the lowest priority after being serviced. For
example, suppose that the priorities are as shown below (priority 7 is lowest,
priority 0 is highest).

Device 76543210
Priority 76543210

If an interrupt request by device 4 is serviced, the new priorities are

Device 76543210
Priority 21076543

It is evident from this example that over the long run the automatic rotation
mode gives all seven devices equal priority.

The specific rotation mode allows the programmer to set which device has
the lowest priority. This fixes all the other priorities. If device 3 is to have the
lowest priority, the priorities are as follows:

Device 76543210
Priority 32107654

interrupt-enable register. Individual interrupts are enal?led and disabled
with OCW1. The bits in the command word correspond to the interrupt-request
lines. An interrupt is masked if the corresponding bit is set to 1.

Status register. The interrupt-service register (IS) and the interrupt-request
register (IR) are read with OCW3. A set bit in the IS indicates that the interrupt
request corresponding to that bit is being serviced. A set bit in IR means that
the corresponding device has issued an interrupt request.

End-of-interrupt command. There are two types of EOI commands,
nonspecific and specific. When the fully nested mode is used, the 8259A can
determine which interrupt service bit to reset by checking for the highest-priority
request. In this case the nonspecific EOI command is issued. If the fully nested
mode is not used, the 8259A cannot determine which interrupt service bit to
reset. A specific EOI command is used to specify which IS bit to reset.

The iAPX 88 User’s Manual (Intel, 1981) has a complete description of the
Intel 8259A programmable interrupt controller.
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Programming Considerations

In this section we combine the general concepts of interrupt processing with
some specific issues concerning interrupt processing on the IBM PC. Many
applications will require the services of the ROM BIOS and the PC disk operating
system (DOS). This assumption implies that any initializations made by the
BIOS or the DOS must be identified and considered carefully so that the application
program does not affect any critical computer operations.

Enabling and disabling 8088 interrupts. The interrupt flag (IF) controls
whether or not the 8088 will respond to interrupt requests from the 8259A. If
the flag is reset, interrupts are disabled. If the flag is set, interrupts are enabled.
The microprocessor automatically clears IF when an interrupt is acknowledged,
so the interrupt service routine must set the flag if any other interrupts are to
be serviced. The following instructions are used to control IF:

CLI ; clear IF
; this disables all maskable interrupts

STI ; set IF
; this enables all maskable interrupts

Saving and restoring registers. In the most general case, the interrupt
service routine must save all of the 8088 registers. The registers are pushed
onto the stack in any order, and popped off in the reverse order:

PUSH AX ; save all registers
PUSH BX
PUSH CX
PUSH DX
PUSH DI
PUSH SI
PUSH BP
PUSH ES
PUSH DS

POP DS ; restore all registers
POP ES
POP BP
POP SI
POP DI
POP DX
POP CX
POP BX
POP AX
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Enabling interrupt request lines. Figure 3.22 shows the 82§9A interrupt
request line assignments on the IBM PC. Request lines IRQO (time of day.),
IRQ1 (keyboard), and IRQ6 (floppy disk) are always enabled after the DOS is
loaded.

If the computer has one or more serial 1/0O ports or a parallel 1/O port,
then IRQ4, IRQ3, and IRQ7 are initialized, respectively. The DOS checks for
these options and initializes the interrupt-mask register accordingly. Fgr gx:arpple,
if we have a parallel I/O port and one serial I/O port, the DOS will initialize
IRQ4, and IRQ7. The interrupt-mask register will contain the value 2CH. Re-
member that the interrupt-request line is masked by a 1 in the interrupt-mask
register.

To change the value in the interrupt-mask register, we must first read the
current value and then either ‘““AND out’” or “OR in" the bit we want to change.

For example, the following code enables IRQ2:
OCW1-PORT EQU 21H . address of the 8259A OCW1

IRQR-ON EQU 11111011B

IRQ2-0FF EQU 00000100B

MOV DX, OCW1-PORT . load DX with I/0 address
MOV AH, IRQ2-ON . load AH with on mask

IN AL, DX . read current mask

AND AL, AH ;. generate new mask

OUT DX, AL . write out new mask

The following code will disable IRQ2:

MOV DX, OCW1-PORT ; load DX with I/0 address
MOV AH, IRQR-OFF . load AH with off mask
IN AL, DX . read current mask

OR AL, AH . generate new mask

OUT DX, AL . write out new mask

Sending the EOl command. The 8259A is initialized for nonspecific er}d-
of-interrupt commands (EOI). This means that every hardware-interrupt service
routine must send the EOI command before returning to the main routine. The
following code performs this function:

OCW2-PORT EQU 20H ; I/0 address for EOI command
EOI EQU 20H . code for EOI command

MOV DX, OCW2-PORT
MOV AL, EOI ;
OUT DX, AL :

. load DX with address

load AL with EOI command
send EOI command to 8259A

Y
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Reading the 8259A status. The interrupt-service and request-mask registers
can be read by software. This information is useful for debugging programs and
evaluating system performance. The registers are read by first writing a command
to the OCW3 port and then reading from the OCW3 port. The following code
returns the contents of the interrupt service register in register BH and the
contents of the interrupt request register in BL:

OCW3-PORT EQU 20H

READ-IS EQU 00000011B : read service register command
READ-IR EQU 00000010B ;: read request register command
MOV DX, OCW3-PORT : load DX with I/0 address

MOV AL, READ-IS : load AL with command

OUT DX, AL ; send command to OCW3

IN AL, DX ; read service register

MOV BH, AL ; store value in BH

MOV AL, READ-IR ; load AL with command

OUT DX, AL ; send command to OCW3

IN AL, DX ; read request register

MOV BL, AL ; store in BL

Initializing the interrupt vector table. The interrupt vector table must
be initialized to point to the address of the interrupt service routine. The following
code initializes the IRQ2 entry of the interrupt vector table. The routine expects
the offset to the interrupt service in DX and the segment in BX.

IRQ2-VECTOR EQU OOOAH * 4 ; address for storing offset
XOR CX, CX ; clear CX
MOV ES, CX ; load ES with segment of table

MOV DI, IRQR-VECTOR ; load DI with the vector table

; offset
MOV AX, DX ; load AX with routine offset
STOSW ; store at ES:DI
; DI is incremented automatically
MOV AX, BX ; load AX with segment
STOSW ; store at ES:DI

If all the potential problems that we have covered are considered when
writing interrupt service routines, you will control the power of interrupt processing.
Anyoné who wants to write interrupt service routines for the IBM PC should
have a copy of the IBM PC Technical Reference Manual (IBM, 1983) on hand
to answer questions that may not have been addressed in this chapter.
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3.4 COUNTERS*

A basic building block of a counter is the D-type flip-flop (Wobschall, 1979).
Figure 3.24(a) shows a schematic representation of the D flip-flop together with
its logical states. A clock signal applied to the clock input (CLK) determines
the point in time when the output Q changes to the value of the input D.

This entire section assumes positive logic. In a logic diagram a ‘0’ represents
a low voltage (usually ground) and a *“1”’ represents a high voltage (nominally

5V).
D | Q | Qs
—{CLK Q
0 0 0
0 1 0
~——1D 1 0 1
1 1 1
Figure 3.24 D-type flip-flop. (a) Sche-
{a) {b) matic. (b) Logic states.

In Figure 3.24(b), Q, is the current state of the output, and Q,, , represents
the state that the output will take on after the next clock transition. Note that
whatever signal is present on the D-input line is placed on the Q output at the
next clock cycle. The exact time of clock transition depends on the type of flip-
flop being used. Some switch on the rising or positive edge of the clock, others
during the falling or negative edge, and still others allow output changes as long
as the clock is high.

Figure 3.25(a) shows a possible configuration of two D flip-flops that form
a 2-bit binary counter. These flip-flops switch on the leading edge of the clock
waveform. The Q output is just the complement, or alternate logic state of the
Q output. Figure 3.25(b) shows a timing diagram for this circuit. Figure 3.25(c)
shows that the logic states of the outputs Q0 and Q1 are divided into four time
intervals. These states are actually the binary representations of the numbers
0, 1, 2, and 3. Once the count reaches three, the next clock transition forces
it back to zero, and the counting process repeats. Larger counters are made by
cascading more flip-flops.

In practice, we rarely need to string D flip-flops together to form counters
since manufacturers provide single-chip counters in a variety of sizes. When
one of these counters reaches its limit and starts at zero again, the counter
produces a pulse called the carry output. This pulse can be used to clock another
counter. Thus the user can cascade these counter chips to achieve any desired
count. Figure 3.26 shows an example of cascading counters. When counter 1
reaches its maximal count, it produces a pulse on the carry output (CAR) and
starts counting from zero again. The CAR pulse from counter 1 is used to clock

* Section 3.4 written by Thomas J. Yorkey.

—{CAR CLK CAR CLK
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J1

CLK Q Qo

a | o IITLO !_TL

ClKk Q Q1 I
1
a1 I 0 } 0 I 1 ,I 1 I
- |
D Q
(a) {b)
Qo [¢}] Count
0 0 0
0 1 1
1 0 2
1 1 3

{e)

Figure3.25 Binary counter. (a) Circuit using two flip-flops. (b) Timing diagram.
(c) Logic states of Q0 and Q1 showing the counting.

counter 2, so that counter 2 is incremented every time counter 1 overflows. The
combined outputs (B0-B7) form an 8-bit count.

Counter chips are available that produce their count in straight binary and
BCD (binary-coded decimal). A typical BCD counter has four output lines.
Instead of counting from the possible 0 to 15 in straight binary, they count only
from 0 to 9 in decimal.

Some versions of counters permit counting up or down. Since zero may
not always be the desired starting count, the user can preset the starting count.
Thus these up/down presettable counters have additional pins. The preset data
inputs are the initial count. A pulse on the load enable input loads the initial
count into the counter and forces the data outputs to the same value as the
preset inputs. The borrow pin gives a pulse if the counter counts below zero.

Counter 2 Counter 1

D3 D2 D1 DO D3 D2 D1 DO

B7 B6 BS B4 B3 82 B1 BO Figure 3.26 Cascading of counters.
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Figure 3.27 shows the method that we use on the prototype board to divide
the clock by 2, 4, 8, and 16. The modulo-16 counter chip has four internal flip-
flops connected together similar to the connection shown in Figure 3.25. Each
flip-flop divides its input by 2.

17415393
Dual modulo-16 counter

BCLOCK—K}‘O cP

Qo Q1 Q2 Q3 MR

11 [10 _L

©0
(-]
=y

Figure 3.27 Counter circuit for divid-
ing the frequency of the buffered clock
signal on the prototype board. See
Figure 3.6 for definition of BCLOCK.

8CLK/2
BCLK/4
8CLK/8
BCLK/16

With all of the counters described, two general types of internal timing are
available: synchronous and asychronous. For synchronous counters, the outputs
change with the clock. With asychronous counters, the control lines affect the
outputs independent of the state of the clock. An example is the RESET pin
on a counter. If a RESET occurs with a synchronous counter, the output does
not go to zero until the correct time in the clock cycle. However, if a RESET
occurs with an asynchronous counter, the output goes low as soon as the RESET
occurs independent of the clock cycle.

3.5 TIMERS*

A very popular timer-type integrated circuit is the 555 timer (Berlin, 1976). This
timer operates in two modes, the monostable multivibrator (one-shot), and the
astable multivibrator (square-wave generator).

Figure 3.28 shows the internal structure of the 555 timer. Let us analyze
the operation of this timer pin by pin. A supply voltage in the range 5to 15 V
is applied -between V.. and GND. The two comparators produce high outputs
when the voltages at their positive inputs are greater than the voltages at their
negative inputs and low otherwise.

The RESET line is usually tied to V.. so that it is always high. This makes
the output of the NAND gate only dependent on the state of the top comparator
and allows the comparators to have complete control of the S-R flip-flop. The
control voltage (CV) pin is tied internally to a voltage divider that sets itat 3V .
Another external voltage may be connected at that point to provide a different
reference, but most applications use the internal control voltage. In this case a
10-nF capacitor between the CV and GND pins implements a low-pass filter for
noise immunity. When the trigger pin (TRIG) goes more negative than iV ., the

* Section 3.5 written by Thomas J. Yorkey.
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Ve RESET
8 4
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3
cv +
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THRESH -
e
S
RS -
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TR 2
16—
+
! —— DIS
RS 7
3

1
GND

Figure 3.28 Internal structure of the 555 timer.

lower comparator sets the flip-flop and OUT goes high. OUT stays high until
the threshold voltage (THRESH) is more positive than V.., at which time the
top comparator resets the flip-fiop. This turns on the npn transistor and connects
the discharge pin (DIS) to GND.

Figure 3.29%a) shows how the 555 can be used as a one-shot. When TRIG
goes below 4V.., OUT goes high and DIS is open circuited from GND so that

45V 45V
2 4 8 R 2 4
R:: R Vcc ”:: R Vc«:
7
8 THRESH o
2 3 fog
input TRIG 555 OUT Urric 555  OUTE
7 e}
DIS 8 THRESH
c= pgy
GND CV ¢ GND CV
1 |_i5 1 '_ls
)
) )
=10 nF = 10nF

(a) (b}
Figure 3.29 Circuits using the 555 timer. (a) One-shot. (b) Astable multivibrator.
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the capacitor (C) starts charging. When the voltage across the capacitor reacheg
$V.., OUT goes low and the capacitor discharges through the DIS pin. The
resulting output pulse is high for a period of 1.1RC. TRIG must not be low for
more than 1.1RC; otherwise, OUT will stay high until TRIG goes high.

Figure 3.29(b) shows a 555 configured to produce a train of pulses. OUT
stays high while the capacitor charges up through R, and R, until the threshold
of 8V, is reached. OUT then goes .low and the capacitor starts to discharge
through R, since the DIS pin is now tied to GND. When the capacitor s
discharged to below 4V, TRIG is activated and the output goes high again,
This process then repeats. The length of time the output is high is 0.69(R, +
R,)C and the output is low for 0.69R,C. This is not a perfect square wave, but
the error can be minimized by making R, >> R,. R, must not be smaller than
1 kQ since at times of operation it is connected between V.. and GND and may
therefore draw excessive current.

3.6 PROGRAMMABLE TIMERS*

So far, we have discussed counter and timer integrated circuits. These single-
chip components are designed to be hardwired for certain applications. In addition,
programmable counter/timer chips are available. One such device that can be
reprogrammed for different applications is the Intel 8253 programmable interval
timer (Intel, 1977).

The 8253 has three independent 16-bit down counters. Each counter has
its own clock, output (borrow), and gate (enable) line. The counters may be
preset to count in either binary or BCD, and there are six different modes of
operation.

Mode 0. Upon terminal count the output goes high. A low level on the
gate stops counting and a high level enables counting.

Mode 1. This is a programmable one-shot. The output is low only while
the clock is counting. A rising edge on the gate pin enables counting and
resets the count after the next clock.

Mode 2. This mode produces a string of pulses. The output is high while
the clock is counting and goes low for one clock cycle upon terminal count.
This process repeats itself as long as the gate is high. A low level on the
gate disables counting and forces the output high if it is not already. A
rising edge on the gate initiates counting.

Mode 3. This mode is similar to mode 2, but a square wave is produced
at the output. If the count n is even, the output is high for n/2 clock cycles
and low for n/2 clock cycles. If the count is odd, the output is high for

0

* Section 3.6 written by Thomas J. Yorkey.
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(n + 1)/2 counts and low for (n — 1)/2 counts. The gating is the same
as for mode 2.

Mode 4. The output is normally high in this mode and it goes low for one
clock cycle upon terminal count. A low on the gate disables counting and
a high enables counting.

Mode 5. The output is the same as mode 4 except that the counting is
enabled on the rising edge of the gate.

The clocks may be of any frequency up to 2 MHz, and since the clock
duty cycle need not be 50%, the 8253 can also be used as an event counter.
The triggering may be done by either hardware or software. The outputs can
be used to cause interrupts, be polled, or clock other devices, so a great deal
of flexibility is allowed in the implementation. With software, the user sets the
mode of operation and loads the initial count.

Figure 3.30(a) shows the bit assignments of the control word that must be
sent to the 8253 to initialize a specific counter. The two most significant bits

(SC1, SCO) designate the counter to be set. Figure 3.30(b) shows the different
bit assignments.

Port 307H
D7 D6 DS D4 D3 D2 D1 D0
SC1 | sco] RL1|{ RLO] M2 | M1 ] mo | seD

AN

(a)

D7 D6 D3 D2 D1 DO
SC1 | sco M2 M1 | Mo BCD
0 0 Select counter 0 0 0 0 Mode0 0 Binary
0 1 Select counter 1 0 0 1 Mode 1 1 Binary-coded
1 0 Select counter 2 x 1 0 Mode?2 decimal {BCD)
1 1 lllegal x 1 1 Mode 3 (e}
) 1 0 0 Mode 4
1 0 1 Modeb

D5 D4

RL1 | RLO
0 0 Counter latching operation
0 1 Read/load least significant byte only
1 0 Read/load most significant byte only
1 1 Read/load least significant byte first,

then most significant byte
()

Figure ?.30 The bit assignments in the Intel 8253 counter/timer for the control
word with SC (select counter), RL (read/load), M (mode), and BCD (binary/BCD).
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The next two bits (RL1, RLO) tell the 8253 whether the user wants to read 8753
information from it, which is explained later, or load a count into it. Since the timer/counter 45V
counters each have 16 bits, there are three options for loading the count. The 8O 9] o v |2 T
user can load (1) only the least significant byte, (2) only the most significant 20 “N2
byte, or (3) the least significant byte first, then the most significant byte. If only BA1 =1 GNDI——
one byte is loaded, the other byte is assumed to be zero. Figure 3.30(c) shows BIOR RD =
the exact assignments. BTOW i out2” TOLK
The next three bits (M2, M1, MO) select one of the six modes of operation BCLK/4 9 CLKO
discussed previously. Figure 3.30(d) shows the possible bit assignments and 13
their meanings. The least significant bit directs the timer to count in 16-bit binary 8 out E
or 4-decade BCD. Figure 3.30(e) shows this assignment. 800 —P° CLK2[
To program the timer, first output the control word to the designated port, 8D1 D1 ouTo
then output the count to the appropriate timer port. Gating provides the remaining 8D2 51p2 CLK1 E
control. 803 5103 = 2
At times the user may wish to read the current count from a counter. One - 4
reason may be to find out how many clock pulses have occurred since the last BD4 3 D4 ®
reading of the counters. This method permits the 8253 to be used as a pulse B8D5 2 D5 GATE2 "
counter. There are two ways to read the count from the counter. The first is 8D6 D6 GATE1
to disable the specific counter using the gate and then to read from that counter’s 8D7 o7 GATEO ﬂT
port. The reading is done in the same way the loading was programmed. For
example, if only the low byte was loaded, only the low byte can be read. If
both bytes are loaded, they must both be read—first the low byte, then the high
byte.
If the user does not want to, or because of some restriction cannot, disable 7415373
. . . octal tatch
the counter, it may still be read on the fly. By sending a status word to select 3 )
the appropriate counter [Figure 3.30(a) and (b)] and also selecting the read-load DO 00
bits to be in the counter latching mode [Figure 3.30(c)], the next valid count is 4 b1 o1 5 SCSLCT
loaded into a buffer so that the user may read from it as described above. 7 6
D2 02 INTSLCT
3.7 THE 8253 TIMER/COUNTER* L6 4 N
There is an 8253 already on the IBM PC system board, but the system uses all 5 ———a a |5 _
three timers. One is for memory refresh, another for the tone generator, and 741502 jj
the third for the time-of-day interrupt. The latter interrupt provides the user guad AND =
with 18.2 interrupts/s that are serviced through software at location 001CH.
However, for many applications this rate is much too slow.
3.8 EXAMPLES OF THE USE OF THE 8253 TIMER/COUNTER?t
Figure 3.31 shows the schematic of the 8253 circuit that was implemented on
the prototype board. The 5-V supply connects between V.. and GND. Lines
DO to D7 connect to the buffered data bus. The RD and WR lines connect to
* Section 3.7 written by Thomas J. Yorkey. ?g;lr;oz.:ilgna’flzzr{ﬁzlr;tfar circuit for prototype card. See Figures 3.6,3.7, and
+ Section 3.8 written by Thomas J. Yorkey.
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the buffered IORD and IOWR lines. Lines A0 and Al connect to the buffered
address bus. Figure 3.32 shows how this allows addressing of the status word
and the three clocks. The chip select (CS) must be activated by four separate
ports since the control word and counters are all addressed separately. Decoded
port lines E4 (port 304H) through E7 (port 307H) access these ports. Decoded
line E12 (port 30CH) controls the gates of the 8253 chip through a 74LS373 latch
to permit the signal to exit at pin OUT2. We clock the counter 0 at 1.1925 MHz,
one-fourth the system clock frequency, using the circuit of Figure 3.27. All three
counters are cascaded together to provide a possible 48-bit count, permitting
division of the input clock frequency by as much as 2* — 1. This arrangement
gives a maximum period of over seven years. Although this ability may never
be fully used, it has an advantage over a 32-bit count, which would only allow
a maximum period of about 1 hour.

RD R Al A0

1 0 0 0 Load counter 0

1 0 0 1 Load counter 1

1 0 1 0 Load counter 2

1 0 1 1 Write control word

0 1 0 0 Read counter 0

0 1 0 1 Read counter 1 Figure 3.32 Addressing of the
0 1 1 0 Read counter 2 counters and status control word

of the Intel 8253.

In Chapter 5 (Figure 5.22) you will see that the final output OUT2 can be
connected with software either to interrupt IRQ2 or to an analog-to-digital converter.
Figure 3.33 shows the port and bit assignments for the Intel 8253. Since we
have configured this chip to serve as a single counter, all three of the cascaded
counters on the 8253 must be enabled at the same time and have counts loaded
into them.

Port
address

(hex)

304 Counter 0

305 Counter 1

306 Counter 2

307 Control register Figure 3.33 Port assignments for
30C Gate port (bit 0 only) the Intel 8253 timer/counter on

the prototype board.

Examples of programs that use this design follow. Hexadecimal numbers
are preceded by &H in BASIC and by 0x in C.
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Figure 3.34 is a BASIC program that divides the input clock of 1.1925 MHz
by 2385 to produce a TCLK of 500 pulses/s. All three clocks are placed in
mode 2 to provide continuous pulses. Counters 0 and 1 divide the clock by
unity and therefore only have the low byte loaded. Counter 2 divides the clock
by 2385, which is loaded in BCD format.

10 REM Set the status word for counter 0 (00 01 001 0)
20 OUT &H307,&H12

30 REM Set the status word for counter 1 (01 01 001 0)
40 OUT §H307,&852

50 REM Set the status word for counter 2 (10 11 111 0)
60 OUT &H307,&HBE

70 REM Load counter 0

80 OUT §&H304,1

S0 REM Load counter 1

100 OUT ¢H305,1

110 REM Load counter 2 - &HO0951 = 2385

120 OUT &H306, £HS1

130 OUT &H306,&B09

140 REM Gate the counters

150 OUT &H30C,1

160 END

Figure 3.34 BASIC program to initialize the Intel 8253 chip on the prototype board to
produce a sequence of pulses at a rate of 500 pulses/s.

Figure 3.35 is a C-language function that initializes the 8253 chip to produce
a sequence of pulses at a rate given by the input parameters specified by the
user. Function timer() sets up the 8253 chip on the prototype board to tick at
a given rate. Timer() is passed the number of time periods between ticks and
the unit of time. A value of unit equal to ‘s’, ‘m’, or ‘u’ selects a period in
seconds, milliseconds, or microseconds, respectively. The microseconds are
rounded to the closest multiple of 3.3543 us. As an example, the command

timer(5, 'm') ;

causes the counter to produce a pulse stream with a period of 5 ms between
pulses. By proper initialization of the status register on the protoboard, the
programmer may select to use the pulses from the counter either to start analog-
to-digital conversions or to cause interrupts.

Function timer() sets all three of the counters in the 8253 to operate in
mode 2, producing a continuous stream of repetitive pulses. It is important to
realize that the counter registers must be loaded with a count of at least 2 in
order for them to produce an output. The effect of this is to divide the input
count by 2. In general, function timer() is designed to load the first two counter
registers of the 8253 to produce a clock input to the last counter that will be



#define CNTO 0x304
#define CNT1 0x305
#define CNT2 0x306
#define TCNTRL 0x307

timer (period, unit)
int period ;
char uait ;
{
char tic{6] ;

/* First counter register
/* Second counter register
/* Third counter register
/* Timer control register

unsigned int tottics ;

1f (unit == 'u’')
{

tottics = (float) period / 3.3543 ;

ticl5]
ticl4]
tic[3]
tic[2]
ticll}
tic[O0]
}

if(unit == ‘m')
{
tic[5]
tic[4]
tic[3]
ticl[2]
tic[l]
ticl[0]
}

1f(unit == 'g')
{
ticl[S]
ticl4]
tic[3]
tic[2]
tic[l}
tic[0]
}

/* Microseconds */

tottics / 256 ;
tottics & 256 ;

NOoONO

4

/* Milliseconds */

= (period*2) / 256 ;
= (period*2) % 256 ;
=1 ;
= 42 ;
=2 ;

/* Seconds */
= (period*2) / 256 ;
= (period*2) % 256 ;
= 0x17 ;
= 0x4B ;
=0 ;
= 100 ;

*/
*/
*/
*/

outp (TCRTRL, 0x34) ;
outp (TCNTRL, 0x74)
outp (TCRTRL, 0xB4) ;
outp (CHNT0,tic[0]) ;
outp (CW?0, tic[1]) ;
outp (CNT1, tic([2])
outp (CHT1,tic([3]) ;
outp (CNT2,tic[4]) ;
outp (CNT2, tic[5])
}

/* Counter 0, load LSB and MSB, mode 2 */
/* Counter 1, load LSB and MSB, mode 2 */
/* Counter 2, load LSB and MSB, mode 2 */

Figure 3.35 C-language function for initializing the counters in the Intel 8253 timer/counter
chip to produce a sequence of pulses. The interval between pulses is specified by the two
parameters of the function, period and unit.
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half the specified time unit. Half the specified time unit is used so that a pulse
rate of one pulse per time unit may be produced by loading counter register 2
with the value 2. The number of time units per tick is multiplied by 2 and loaded
into clock register 2. This causes pulses of duration equal to half of the time
unit to appear at the CLK2 output at the specified rate. Because of the way
that we wired the 8253 on the prototype board, the minimal period that can be
produced between TCLK pulses is 3.354 us. This is achieved by loading each
of the three clock registers with the number 2. Thus when using microsecond
time units, the output is set to the closest multiple of 3.354 us.

Figure 3.36 shows a BASIC program that places counters 0 and 1 in mode
2 for continuous pulses and sets counter 2 to mode 1, which remains low only
while counting. This is useful as an event counter. The counters are gated when
the user detects an event. On the next occurrence of the event, the count is
read. The time difference is the difference in the count divided by the clock
frequency. Routine INIT sets up the counters and gates them. Routine TIME
loads the current count of counter 2 into BH (byte high) and BL (byte low).

5 REM This is routine INIT

10 REM set the status word for counter 0 (00010010)
20 OUT &H307,&H12

30 REM set the status word for counter 1 (01010010)
40 OUT £H307,&H52

S0 REM set the status word for counter 2 (10001110)
60 OUT £&H307,&HSE

70 REM load counter 0

80 OUT §H304,1

90 REM load counter 1

100 OUT &H30S,1

110 REM load counter 2
120 OUT &H306, &BFF

130 OUT &H306, &HFF

140 REM gate the counters
150 OUT §H30C,1

151 RETURN

155 REM This is routine TIME

160 REM set the status word to read counter 2 (10000000)
170 OUT &H307,&H80

180 BL=INP (&R306)

190 BH=INP (&§H306)

200 RETURN

Figure 3.36 BASIC subroutines for manipulating the Intel 8253 chip. INIT initializes the
three internal counters. TIME reads the total count at a user-specified time.
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Basic
Signal

Conversion

Jorge E. Monzon and Willis J. Tompkins

The information obtained from the physical world must be converted into a form
suitable for computer processing. In this chapter we describe the basic concepts
of transforming the analog signal, which represents a physical magnitude, into
a digital signal. Since computers use binary numbers, we present some of the
most common binary codes. We also discuss the basic concepts of sampling a
signal, which is the first step in the operation of analog-to-digital converters
(ADCs) (see Chapter 5). Finally, we describe the principles of digital-to-analog
converters (DACs), their internal operation, and basics of interfacing them to
the IBM PC.

Figure 4.1 presents, in a sequential way, how physical variables enter a
computer. Blocks 1 and 2 in Figure 4.1(a) correspond to the specific sensor
used as presented in subsequent chapters. In Chapters 1 and 2 the tools for
conditioning analog signals were described. The process for sampling analog
signals [block 3, Figure 4.1(a)] and the characteristics of the digitization results
(binary codes) are described in this chapter.

The output signal of a DAC [Figure 4.1(b), block 2] must also be conditioned
(block 3) in order to reconstruct an analog signal. We present some methods
. to accomplish this reconstruction process.

107
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; Sei and Analog-to-
Physical > rs‘isg;)nrm > digital- —» Computer
system conditioner converter
1 2 3 4
f\/ f\/ 0101101
Physical signal Electrica'l signa! Electrical signal Electr.ic.al signal
(analog) (conversion) (digital)
Temperature Voltage Sampling Binary codes
Pressure Digitization
Displacement
Velocity
Flow
Radiation (a)
Digitat-to- Signal
Computer analog > conditioner |
converter
1 2 3
Electrical signal Electrica! signa! Electrical signal
(digital) (quantized) (analog)

(b)

Figure 4.1 Signal conversion systems. (a) Analog-to-digital conversion. (b)
Digital-to-analog conversion.

4.1 BINARY CODES*

We normally present numbers using the decimal system, in which a number is
the sum of powers of 10, although we write only the coefficients. For example,
the number 4,618 actually is
@ x 10°) + (6 x 10 + (1 x 10" + 8 X 10% = 4618

This system allows the use of 10 digits (0 to 9) for the coefficients, and the base
is 10.

However, computers use the binary system to represent numbers. This
system uses only two possible coefficients, 0 and I, called binary digits or *‘bits.”
The base is 2, and the weights of the coefficients depend on powers of 2.

* Section 4.1 written by Jorge E. Monzon.

Sec. 4.1 Binary Codes 109

In this section, we first present those codes used for unipolar quantities.
However, since the signal equivalent to a physical variable is, in many cases,
a bipolar magnitude (positive and negative values) the codes used to represent
bipolar magnitudes are also discussed.

Unipolar Codes

Ordinary binary. Also known as natural binary, ordinary binary is the
most common binary code. The rightmost bit is the least-significant bit (LSB).
The leftmost bit is the most-significant bit (MSB).

In this code the contribution of an individual bit depends on its relative
position in the string. In a 4-bit binary number, for example 1101, the weight
of the MSB is 2° and the weight of the LSB is 2°. The decimal number that
this code represents is found by adding the weights of the nonzero bits:

1101 = (1 x 2 + (1 x 2% + (0 x 2") + (1 x 2% = decimal 13

In general, for n bits in the string the MSB has a weight of 2"~1 The
maximal representable number is 2° — 1). To code 2" different quantities requires
a minimum of »n bits. Decimal digits need a minimum of 4 bits for their binary
representation. However, binary code permits use of any number of bits to
represent a number. For example, the binary number 00001101 also represents
decimal 13.

In our discussion of ADCs we are more interested in considering the binary
string as a fractional representation of a whole number (i.e., fraction of full
scale). In this case, for an n-bit number, the weight of individual bits is slightly
different: The MSB has a weight of } 27") and the LSB a weight of 27". There
is an implicit binary point at the left end of the number. A binary point is the
equivalent in the binary system of a decimal point in the decimal system. The
example shown, 1101, now represents a decimal fraction, which is calculated as
follows:

AX27)+AXx27H+0x27)+(1x27%
1
16

-+

-
-

b |
alS

The common denominator of this fraction is 2",

Figure 4.2 lists the 16 decimal fractions (0 to 1§) that it is possible to
represent with 4 bits in the natural binary code.

The LSB deserves special attention. It is possible to calculate the value
of a fractional number when all bits are 1 as follows:

normalized full scale — 1 LSB
For n = 4, it would be 1 — &% = 1¥).
Also, the weight assigned to the LSB (i.e., 1/2") is the resolution inherent
in numbers having n bits (Sheingold, 1977a). For a 4-bit code it is 1% or 6.2%.
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Binary code

Whole Bit 1 Bit 2 Bit 3 Bit 4

decimal Decimal " -

number fraction 271 2-2 2 2
0 0 0 0 0 0
1 % =2 0 0 0 1
2 & =273 0 0 1 0
3 S=27%+2" 0 0 1 1
4 i 0 1 0 0
5 s 0 1 0 1
6 5 0 1 1 0
7 i 0 1 1 1
8 % 1 0 0 0
9 & 1 0 0 1
10 i 1 0 1 0
11 H 1 0 1 1
12 3 1 1 0 0
13 13 1 1 0 1
14 H 1 1 1 0
15 8 1 1 1 1

Figure 4.2 Natural binary code.

The concept of resolution is very important in ADCs, as it determines the
minimal representable voltage (MRV) when digitizing an analog signal. Thus

MRYV = full scale X resolution

For example, if an analog signal has a full scale of 10 V and we use 4-bit encoding
(i.e., n = 4),

1
MRYV = (10 V) x - 625 mV

This means that with 4 bits it is not possible to represent a voltage lower than
625 mV. The importance of this limitation depends on whether or not the analog
signal being converted carries negligible information at that level.

To improve the accuracy of a conversion, we must increase n, which
changes the resolution of the code. Repeating the previous example, but this
time with n equal to 8 bits,

I
MRV = (10 V) x »= 39 mV
Figure 4.3 shows the amplitude resolution obtained using common binary codes.

BCD code. The binary code for a decimal digit requires at least 4 bits.
The most common of these codes is BCD (binary-coded decimal). The weights

Sec. 4.1 Binary Codes 11
n = number of bits 2" % Resolution = 100/(2") = weight of LSB

1 2 50

2 4 25

3 8 12.5

4 16 6.2

5 32 31

6 64 1.6

7 128 0.8

8 256 04
12 4,096 0.024
16 65,536 0.0015

Figure 4.3 Binary bit weights or resolution.

assigned to each bit are the same as for the natural binary, that is, 8-4-2-1.
Although 4 bits allow the representation of 16 different numbers (0 to 15), in
BCD only 10 are valid, the 10 decimal digits 0 to 9. The four columns and the
first 10 rows in Figure 4.2 represent the BCD code. To code any decimal number
in BCD, each digit must be converted separately into its 4-bit binary equivalent.
For example, the decimal number 283 in BCD is

0010 1000 0011
which is different from its representation in ordinary binary:
000100011011

The first case is an example of coding a decimal number. The second case
represents the conversion of the same number to binary. The bits obtained from
conversion are binary digits. Bits obtained from coding are combinations of 1's
and (s arranged according to the rules of the code used, BCD in our case (Mano,
1979).

Gray code. Figure 4.4 shows one representation of the Gray (reflected)
code, which is useful for applications in which angles must be measured, as in
a shaft encoder. The angle is converted directly into the Gray code, thus eliminating
the use of potentiometers to measure angular displacements (Malvino and Leach,
1981).

The advantage of the Gray code over ordinary binary is that a number in
the Gray code changes by only one bit as it proceeds from one bit pattern to
the next. This reduces the ambiguity in measuring consecutive angular positions,
unlike the case with natural binary (Mano, 1979). For example, in natural binary,
changing from the code for three to the code for four involves changing 2 bits
from 1 to 0 and 1 bit from 0 to 1 (see Figure 4.2). There is no guarantee that
these bits will change value at precisely the same time. Therefore, any combination
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of 3-bit patterns can occur in going from the code for thr_ee to the code for four
as each of the 3 bits changes state. On the other hand, in the Gray code,_only
one bit changes in going from the code for three to the code for four (see Figure
4.4). Thus the pattern always represents one of the two codes, and no pattern

ambiguity can occur.

Decimal number Gray code
0 0000
1 0001
2 0011
3 0010
4 01160
5 0111
6 0101
7 0100
3 1100
9 1101
10 1111
1 1110
12 1010
3 1011
14 1001
15 1600

Figure 4.4 Gray code.

Bipolar Codes

Figure 4.5 shows bipolar codes, which are used when it is necessary to preserve
the positive-negative excursion of an analog §ignal. The binary quantity that
represents such a signal must include a sign bit.

This extra bit (leftmost bit) doubles the analog range (full scale) fmd tl:e
aumber of levels. But now the weight of the LSB for either polarity is 2 T,
not 2°"; that is, the resolution is double that of its value without the sign bit

(Sheingold, 1977a).

Two's complement. Most microprocessors, including the Intel 8088 in
the IBM PC, use the two’s-complement code. In the two’s-corflplement code,
positive numbers are represented with a zero sign bit. The negative of a number
is formed by complementing each bit of the positive num!oer and_ addmg 1.

The great advantage of the two’s-complement co§ie is that it permnts sub-
traction arithmetic by performing simple addition of positive and negat_lve numbers.
Another important property, which is not possessed by the other bipolar codes,
i nique representation for zero.

e qucc)lwe‘verp, the large bit transition at zero (all bit changes t:rom_ ll'll' to OOQO)
can cause large transients because of speed difference in turning individual bits

on and off.

r
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Decimal Two’s One’s Sign + Offset
Number fraction complement complement magnitude binary
+7 +1 0111 0111 0111 1111
+6 +§ 6110 6110 0110 1110
+5 +3 0101 0101 0101 1101
+4 +% 0100 0100 0100 1100
+3 +i 0011 0011 0011 1011
+2 +% 0010 0010 0010 1010
+1 +3 0001 0001 0001 1001
0 0+ 0000 0000 0000 1000
0 0- 0000 1111 1000 (1000
-1 -3 1111 i110 1001 0111
-2 —% 1110 1101 1010 o110
-3 -3 1101 1100 1011 0101
-4 ~-% 1100 1011 1100 0100
-5 ~3 1011 1010 1101 0011
-6 -3 1010 1001 1110 0010
-7 ] 1001 1600 1111 0001
-8 -4 (1000) ©000)

Figure 4.5 Bipolar codes used to represent positive and negative decimal numbers.

One's complement. Negative numbers are obtained simply by comple-
menting the positive number, that is, changing 1’s to 0’s and 0’s to 1's. Many
ADCs use this code.

Arithmetic additions with one’s complement may involve two steps, not
just one as for the two’s-complement code. Another disadvantage is the existence
of two arithmetic zeros: all 0’s and all 1°’s (Figure 4.5).

However, its use simplifies some logical manipulations, since the change

of 1’s to 0’s, and vice versa, is equivalent to a logical inversion operation (Mano,
1979).

Sign magnitude. In the sign-magnitude code, positive and negative numbers
have the same code except for the MSB, the sign bit, which is 0 for positive or
1 for negative. The bit transitions are small near zero, thus minimizing large
spikes due to simultaneous bit changes. For signals varying around zero, this
code is particularly useful. ‘

Offset binary. The offset binary code is similar to two’s complement.
They differ only by their MSB, and both present a major change of bits at 0.
The offset binary.code for 3 bits is a natural binary code for 4 bits, but with its
zero at negative full scale. This code is easily implemented (Sheingold, 1977a).

Code Conversion
To make the best use of ADCs or DACs, it may be necessary to convert from

one code to another. Figure 4.6 shows algorithms for conversion among the
bipolar codes that were presented in this section.
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Two's
complement

No change

Complement
fad No change ather bits

¥

Add
000...01

One’s compiement ' Sign magnitude I | Offset binary l

{a)

One's
compiement

No change 000. .. 01 No change other bits

Cc

No change 00 o1

l Two's compiement I | Sign magnitude l Offset binary

{b)

Figure 4.6 Method of conversion from one bipolar code to the other codes.
(a) Two’s complement. (b) One’s complement. (c) Sign magnitude. (d) Offset
binary.

4.2 SAMPLING CONCEPTS*

In this section we discuss the mathematical conditions that must be followed to
obtain a discrete-time function of the analog signal, including the methods for
reconstructing the output signal from a DAC and the rules to avoid the effect
of aliasing.

* Section 4.2 written by Jorge E. Monzon.
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Sign
magnitude
N Y
Complement MSB
No cha Complement
© change other bits
No ¢t Complement
other bits
Add
l 000...01
Two's complement | One’s compiement l I Offset binary l
(c)
Offset
binary
Complement MSB Compliement MSB

Ny

| Compiement MSB I No change 1 IAdd 11 No change cme;?;m

Al
000...01
ITwo‘scompIement l l One’s complement I I Sign magnitude I

{d)

Figure 4.6 Continued
Sampling Theorem
An analog signal, as obtained from a transducer or sensor, represents some

p‘hysicz'll parameter defined for every instant of time. In other words, an analog
signal is a continuous-time function.
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This signal must be converted into some suitable form for computer processing,

as the processor deals only with num

bers. A series of numeric values equivalent

to the analog signal must be presented to the computer.

The ideal case would be to process all the de

i . However, due to computer storage lhnitaﬁon§, I .
e alues, taken at discrete instants of time, constitute

al. The rate at which a signal is sampled

of sampled points. These values
the ‘“‘samples’ of the analog sign

determines the accuracy of the representation as a time
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Figure 4.7 Sampling. (2) A signal x(9)
is multiplied by a train of impulses.
p(D), giving x,(1). (b) Modulating signal
x(f). (c) Carrier signal p(f). ) Thej.
modulated signal x,(?) is a train of im-
pulses with amplitudes limited by x(r)
as an envelope. (From Alan V. Op-
penheim/Alan S. willsky, Signals and
Systems, © 1983. Reprinted by per-
mission of Prentice-Hall, Inc., Engle-
wood Cliffs, New Jersey.)

Y
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Let us analyze the mathematical process of sampling. If a given signal x(¢)
in Figure 4.7(a) is multipled by another signal p(¢) consisting of a train of impulses,
the resulting signal x,(¢) will also be a train of impulses, but with their amplitudes
limited by x(z) as an envelope. This is the process of modulation. The signal
x(#) [Figure 4.7(b)] is called the modulating signal; p(¢) [Figure 7(c)] is the carrier
and the modulated signal is represented by x,(¢) in Figure 4.7(d).

We also wish to recover the analog signal from its discrete-time representation.
The sampling theorem states that ‘‘under certain conditions a continuous-time
signal can be completely represented by and recoverable from knowledge of its
instantaneous values or samples equally spaced in time” (Oppenheim and Willsky,
1983). These conditions are analyzed in the following paragraphs.

So far, we have considered the analog signal and its sampled function in
the time domain. To study the conditions for recovery, consider the signals of
Figure 4.7 in the frequency domain. We can find Fourier transforms to obtain
the frequency content of these modulating, carrier, and modulated signals.

Figure 4.8(a) represents the frequency spectrum of the signal x(¢) displayed
in Figure 4.7(b). As you can see, X(f) = 0 for frequencies greater than f,,
that is, x(f) has no frequencies beyond the one that corresponds to f; x(¢) is
said to be a bandlimited signal. The spectrum for a train of impulses spaced in
time by T [Figure 4.7(c)] is also a sequence of impulses separated by 1/T = f,,
the sampling frequency [Figure 4.8(b)].

The modulated signal x,(7) in Figure 4.7(d) has the spectrum shown in Figure
4.8(c). The plot of X (f) shows a repetitive pattern of the spectrum of X(f) on
Figure 4.8(a); the spacing of these repetitive patterns is precisely f;, the sampling
frequency.

To recover the analog signal x(f) from its sampled representation means to
recover its spectrum totally in the frequency domain. A low-pass filter, whose
frequency response is indicated by dashed lines in Figure 4.8(c), will accomplish
the recovery of x(¢) as long as its corner frequency f. is greater than fj,.

From the discussion above, it seems to be quite easy to recover a sampled
signal. However, we have been working under the hypothesis that the signal is
bandlimited and that the sampling frequency f, is not only greater than f,,, but
in fact is (f, — fy) greater than f,, [Figure 4.8(c)]. Thus

S~ > = f>2u

or f, is greater than twice f,.

We can now complete the sampling theorem. The conditions for exact
representation and recovery are: The signal must be bandlimited, and the sampling
frequency must not be lower than twice the highest frequency present in the
signal.

However, in the real world, these conditions are not easily met. Signals
coming from a sensor will surely have an infinite number of harmonics, and to
increase the sampling frequency would require—for fast-changing analog functions—
faster processing and more storage capability in the computer. Therefore, there
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Figure 4.8 Fourier transforms of signal in Figure 4.7. (a) The lpodulation s_ignal
x(f) has a frequency content indicated by X(f). (b) Harmonics of.a train of
impulses p(f). (c) The spectrum of the modulated signal is a repetitive pattern
of the spectrum of x(f). The modulating signal can be totally recovered by low-
pass filtering. (d) Spectrum of the modulated signal for a low sampling.frequency.
The overlapping of the patterns of the spectrum of x(t) is due to aliasing. (I:‘rom
Alan V. Oppenheim/Alan S. Willsky, Signals and Systems, © 1983. Reprinted
by permission of Prentice-Hall, Inc., Englewood Cliffs, New Jersey.)

is no possibility of processing real signals without error, although with some

intermediate steps we can minimize this error.
Figure 4.9 shows a real signal limited by the use of a low-pass filter before
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Xif)

r— """ """

Figure 4.9 Spectrum of a real signal

x(1). A low-pass filter is used to band-

limit the signal and avoid aliasing.

Information However, the high-frequency informa-
lost tion is lost.

sampling. The information contained in higher frequencies is lost, and this con-
stitutes what is called an “‘error of omission> (Stacy and Waxman, 1965). All
the processing is done on a signal that is not the original one. If the information
lost by filtering is not important, this procedure is valid as long as f, is greater
than twice f;,.

Aliasing

When the sampling frequency f; is less than twice the highest frequency of the
signal, the spectrum of x(¢) is no longer replicated in X,(f) and thus is no longer
recoverable by low-pass filtering (Oppenheim and Willsky, 1983). Figure 4.8(d)
shows the overlapping that occurs for low sampling frequencies; this effect is
known as aliasing.

For a better understanding of this effect, let us consider a pure cosine wave
of frequency f,, that is,

cos 27rfyt

whose spectrum is presented in Figure 4.10(a).

If we sample this wave with a train of impulses at a frequency f,, the
spectrum will be an infinite series of pairs of impulses as Figure 4.10(b) shows
(for clarity in the drawing we have marked each pair of corresponding impulses
with an equal number of dashes). Negative frequencies are a mathematical
consequence of the modulation process, so let us center our attention on the
real positive frequencies.

In Figure 4.10(b) the sampling frequency is f, > 2f,. A low-pass filter,
whose frequency response is also indicated with dashed lines in Figure 4.10(b),
can completely recover the spectrum of the cosine wave.

Now let us analyze what happens for lower sampling frequencies, for f, <
2fy. To clarify this case, in Figure 4.10(c), instead of decreasing the sampling
frequency, we hold it constant and increase f;.

A close look at the pair of impulses generated by the modulation shows
that the signal which will be recovered by low-pass filtering, although still a
cosine wave, has a frequency (f, — f;). Note that the only change introduced
in Figure 4.10(c) was a lower ratio of £, to f, than that of Figure 4.10(b).

We summarize these results by saying that when aliasing occurs, the original
frequency f, becomes an alias of a lower frequency (f, — f,) (Oppenheim and
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Willsky, 1983). We have seen the aliasing effect many times at Western movies.
The wheels of a wagon seem to be rotating slower than the _actual mouon,_ and
eventually in the opposite direction. This is due to the ratio of the rotational
velocity of the wheels to the sampling frequency (frames per second) of the
movie camera.

Aliasing is undesirable for making measurements frorp most sensors. How-
ever, the measurement of rotational speed—of an engine, for _exmple—by
means of a stroboscopic light (sampling) is possible thanks to ah_asmg. Wh.en
the sampling rate (number of flashes per seco'nd) equals the rotatlopal velocity
(in fact, a frequency) of the engine, the resultmg frequel'lc)f fi — fois zero, and
the engine seems to be stopped. Another application of aliasing allows the display
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Figure 4.10 Aliasing. (a) Spectrum of a cosine wave of frequency fo. (b) Spectrum
of the cosine wave modulated by a train of impulses of frequency f, A low-
pass filter (dashed lines) recovers the original signal. (c) Effects of aliasing. The
filter reconstructs a cosine wave of lower frequency f. - fo (From Ala_m _V.
Oppenheim/Alan S. Willsky, Signals and Systems, © 1983. Reprinted by permission
of Prentice-Hall, Inc., Englewood Cliffs, New Jersey.)

x(t)

x(t)
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of very-high-frequency signals in relatively narrowband oscilloscopes (Oppenheim
and Willsky, 1983).

Interpolation

The output of a DAC is a quantized signal, as indicated in Figure 4.1(b). The
analog signal must be reconstructed from the quantized levels at the converter
output. The process of reconstructing a signal from its values at discrete instants
of time is called interpolation.

Although from a mathematical viewpoint several procedures of interpolation
have been proposed, we present here only those methods that can be easily
implemented with electronic circuits or processing algorithms.

Zero-order hold or one-point. A zero-order hold is the simplest method
of interpolation. The value at a given sampling time is considered the value of
the function until the next sample [Figure 4.11(a)}. This causes large errors, as

Time

(a)

Time

{b)

Figure 4.11 Interpolation. (a) Zero-
order hold or one-point interpolation.
(b) Linear or two-point interpolation.

(c) Low-pass interpolation. The signal
Time  is low-pass filtered after a zero-order
(c) hold interpolation.
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would be the case when the same signal is sampled by two channels but at
different instants. The reconstructed signals, although coming from the same
analog function, would be different.

Linear or two-point. Figure 4.11(b) shows linear interpolation. It consists
of linking two adjacent sample values with a straight line. The reconstruction
is better than with one-point interpolation, and the implementation of this algorithm
is not difficult to achieve with moderate processing capabilities.

Bandlimited or low-pass. Figure 4.11(c) shows low-pass interpolation,
It consists of applying a low-pass filter to the signal obtained after a one-point
interpolation. The typical steps of the zero-order-hold reconstruction are smoothed
at the output of the low-pass filter. If the original analog signal is bandlimited,
the reconstruction is exact, as we have already seen in connection with the
sampling theorem and have shown in Figure 4.8(c).

4.3 DIGITAL-TO-ANALOG CONVERTERS*

Figure 4.12 shows a typical block diagram for an n-bit DAC. It has a set of n
latches that hold the binary number that is to be converted to an analog voltage
level. The output of each latch controls a transistor switch that is associated
with a particular resistor in the resistor network. A precision voltage reference
connected to the resistor network controls the range of the output voltage. The
output op amp provides a summing function to add together the results of activating
multiple switches simultaneously. For a simple, general-purpose DAC, all of
the components can be fabricated on a single integrated circuit. Higher-performance
DACs having high-amplitude resolution and fast sampling rates are built with
multichip hybrid techniques or discrete components.

Figure 4.13 shows the basic conceptual design of a 4-bit DAC. The 4 bits
latched in the register control the four switches to provide 16 different switch
settings. The op-amp circuit is connected as a summing circuit. For a given
switch closure, the output voltage is determined by the product of the reference
voltage and the ratio of the value of the feedback resistor to that of the switched
resistor. For example, if the MSB switch is closed for the case where bit 3 is
logic 1,

R E
€out = 'Z_R-EREF = ;EF

For the case where bit 1 is 1,

R E,
Cout = gﬁEREF = I;EF

Each switch changes the output voltage by a power of 2 compared to the adjacent

* Section 4.3 written by Willis J. Tompkins.
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Figure 4.12 Block diagram of a digital-to-analog converter.

switch. If multiple switches are closed, the resulting output voltage is the summation

of the combined effects of the switches For e if bi
! e combin xample, if bits 3 and 1 are both
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Thus 16 different discrete voltages can be obtained corresponding to the 16 binary
mpl.xt patterns. The resistor values must be precisely related to produce the
desired linear relation in the output voltage.

) For implementing a DAC on a single chip, there is a problem with this
design. Tl%e range of resistor values required is large. This 4-bit example requires
a LSB resistor that is 16 times larger than the feedback resistor.

In gene‘ral, an n-bit converter requires n + 1 resistors, and the LSB resistor
must be 2" ‘umes greater than the feedback resistor. A realistic value of R that
can be fabricated as part of an integrated circuit is 5 k(. Thus an 8-bit DAC

4-bit R
register M
MSB| bit3 } ____ 2R
[—0‘ (o0 AN -
bit2 |__} __ 4R + T Bout
—” o——W—t
bit1 | 1__ BR v
—e" O——AM\—¢
LS8 | bito | _]__ 16R
—e O——AWW—
= 5
Eper —

7

Figure 4.13 Basic DAC design.
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would require nine resistors, ranging from 5 k to 1.28 MO (256 x 5 k). A
12-bit DAC would require 13 resistors having unrealistic values up to 20.48 M.
Such values are not achievable in integrated-circuit technology because of
the limited space available on a chip (i.e., the real estate). A typical integrated
circuit chip is about 0.25 in. square. Since the value of a resistor is proportional
to the resistivity of the material used to fabricate it and to its length, and is
inversely proportional to its cross-sectional area, the range of resistivities achievable
in a semiconductor material is limited. The cross-sectional area of such aresistor
is determined primarily by its width since the depth of a semiconductor structure
is microscopic. Thus resistance is mostly determined by the length and width.
High resistor values require substantial portions of the chip surface. Thus this
type of resistor network design is not practical in a single-chip DAC.
Integrated-circuit technology is best at making the same structure over and
over again on the same chip. Devices like transistors are closely matched. Thus
it is desirable to design a converter with small, equal-value resistors. Figure
4.14 shows a design that is functionally equivalent to that of Figure 4.13. However,
it uses only two resistor values—R and 2R. The structure of this network is
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Figure 4.14 Practical DAC design for a monolithic (single-chip) circuit based
on an R-2R ladder network.
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such that current entering through a branch at any node divides in half through
the two branches leaving the node as it exits on its way toward the end of the
ladder. Each switch produces the same result in the output voltage as the
corresponding switch in the preceding example.

This design requires almost twice as many resistors as a straightforward
network (i.e., 2n + 1), but they are of small value, typically 5 and 10 k. They
each require a relatively modest amount of real estate and can be fabricated to
be closely related in value. In commercial products, companies use laser trimming
to precisely control the resistor values.

Figure 4.15 shows the internal circuitry for an actual 8-bit DAC, Analog
Devices AD558. An 8-bit latch accepts the byte from the data bus when the
chip select lines are both active. This 8-bit binary number is stored in the latch
until a subsequent chip select occurs. Each latch controls a transistor switch
that acts on a R-2R laser-trimmed resistor network composed of 16 resistors.

The final op amp has a resistor network accessi

the output voltage range.

ble by the user for controlling
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Figure 4.15 Internal circuitry of the monolithic (single-chip) Analog Devices

ADS558 DAC.
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Figure 4.16 shows the circuit diagram for the DAC that is implemented on
the prototype board. Port select line EIT (port 30BH) controls selection of the
DAC as an output port. The output control lines are configured to produce a
voltage in the range 0 to 2.56 V. Additional DAC channels can be added by
repeating this circuit and using a different decoded port select line to select each

channel. A list of assigned and unused ports is presented in Appendix B.

+5Vv
o
1 |
. o[ _ v, 0.1 uF
E1l—————Cs
———— 9 —
BIOW CE ADb558
DAC
1 16
8D0 DO vOuUT 010 2.56 V
2
BD1 D1
3 15
B8D2 D2 vOouT
4 SENSE
B8D3 D3
5 14
BD4 D4 VouT
6 SELECT
B8D5 DS
7
BD6 D6
8
807 —————D7
GND GND
12 13
Analog
ground Figure 4.16 Digital-to-analog con-
: verter circuit for PC prototype board.
L system See Figures 3.6 and 3.7 for signal
° ground definitions.

The two ground pins of the AD558 are typical of devices that include both
analog and digital functions. The grounds are to minimize ground drops and
noise in the analog signal path. To reduce noise in a system that includes both
analog and digital components, a good practice is to keep the analog and digital
grounds separate throughout the system, tying them together at only a single
point.

Figyre 4.17 shows a C-language program for producing a sawtooth waveform
at the output of the DAC. Function, daOput(val), sends the least-significant 8
bits of integer val to the DAC.

Y

Chap. 4 References
§define DACO 0x30B /* This is the DAC port corresponding */
/* to address line E11l. */
main()
{
int i ;

while(!kbhit ()) /* Repeat until key hit */
for(i = 0; 1 <= 255; i++) daOput(i) ; /* Increment i and send */
} /* it to DACO. */
}

/* DACO output */

daOput (val)

int val ;
{
outp (DACO, val) ;
}

/* Send number to DACO */

Figure4.17 C-language program to produce sawtooth waveform at the output of the AD558
DAC on the prototype board. Since this is an 8-bit DAC, only the least-significant 8 bits
of the 16-bit integer are used.
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Basic Input/Output Relationship

Analog-to-digital conversion is essentially a ratioing operation. The input analog
signal v, is converted into a fraction x by comparing it against a reference signal
V,. The digital output of the converter is a coded representation of this fraction.
Figure 5.1(a) illustrates this fundamental relationship. If the converter output
code consists of n bits, the number of discrete output levels is fixed at 2". For
one-to-one correspondence, the input range must be quantized into this same
number of levels. Each such level (quantum) is the analog value by which two
adjacent codes differ. It is also called the least-significant bit (LSB) size. Thus

Q=1LSB = F:,S
o o 2
Analog'tO'Dlgltal where Q is a quantum, LSB refers to the analog value of an LSB, and FS is
the full-scale analog input level.
ConverSion All analog values within a given quantum are represented by the same

digital code, which generally corresponds to the midrange value called threshold
(Tewksbury et al., 1978). Since the input signal can differ from the threshold

level by as much as +} LSB and still be represented by the same output code,
Pradeep K SOOd there exists an inherent quantization uncertainty of +3 LSB in any A/D conversion
process. Its effect can only be minimized by increasing the number of bits in
the converter output code. Figure 5.1(b) shows this conversion relationship for
an ideal 3-bit ADC. The LSB size is 4 FS and the input range is quantized into
eight distinct levels from 0 to § FS. Note that the maximal output of binary
number 111 corresponds not to full scale but to § FS. With one of the codes

It is becoming increasingly advantageous to carry out information processing

X

and control functions using digital methods. However, the data from the real v Code  _ _ _ _
world are typically in analog form. A data-acquisition system provides the necessary y 1 anf ]
analog-to-digital (A/D) interface. It converts raw data from one or more transducers l 2 ok i
into an output suitable for digital processing using components such as amplifiers, T ; ! {
filters, sample-and-hold circuits, multiplexers, and analog-to-digital converters D 101 - ! ! |I
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Analog input —>
5.1 ADC ESSENTIALS (b)
Figure 5.1 Analog-to-digital converter. (a) Basic relationship. (b) Ideal char-

In this section we introduce the basic concepts, define some of the commonly acteristics of a 3-bit ADC.

used terms, and describe inputs and outputs of a typical ADC (Sheingold, 1977).

128 l
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assigned to zero level the maximal output of an ADC always corresponds to an
analog value of full scale minus 1 LSB.

Converter Errors

Practical converters may deviate from the ideal characteristics of Figure 5‘.l(b)
in several ways. The transfer function may be shifted from its ideal value [Flgl}re
5.2(a)l. This “offset” or “‘zero error” is defined as the analog value by which
the transfer function fails to pass through zero (Sheingold and Ferrero, 1972a).
The slope of the transfer function may differ from its ideal value, generating a
“slope” or ‘‘gain” error [see Figure 5.2(b)]. For most ADCs on the: rqarket the
offset and gain errors are either very small or can be virtually eliminated by
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F:Igure 5.2 Converter errors. (a) Offset error. (b) Gain error. (c) Integral
linearity error. (d) Differential linearity error.

&

Sec. 5.1 ADC Essentials 131

initial adjustments. More difficult to deal with are the linearity errors that cannot
be altered by adjustments. ADCs have two types of nonlinearities. Integral
linearity error is defined as the maximal deviation of the transfer function from
its ideal straight-line characteristics when offset and gain errors are zero [Figure
5.2(c)]. Differential linearity error is the deviation of any quantum from its ideal
analog value. Note that if the differential nonlinearity exceeds 1 LSB, the output
may have a missing code, as shown in Figure 5.2(d).

Converter Resolution

This important converter term is defined as the smallest change required in the
analog input of an ADC to change its output code by one level. It is generally
specified assuming an ideal converter and therefore reflects a converter’s capability
rather than its actual performance. It can be given in percent of full scale, in
millivolts for a given input range, or simply and most commonly as the number
of converter bits.

Converter Accuracy

For ADCs the accuracy is defined as the difference between the actual input
voltage and the full-scale weighted equivalent of the binary output code. It is
called absolute accuracy when specified in actual volts. It is more commonly
specified relative to the analog signal in LSB size and is then called the relative
accuracy. In either case, it is the maximal sum of all converter errors, including
the quantization error. Converter error specifications generally list individual
errors in LSB size. For converters that do not require offset or gain adjustment
by the user, such as the National Semiconductor ADCO0816, total unadjusted
error may be specified (e.g., =4 LSB for ADC0816). Accuracy may not always
be included in specifications when individual errors are separately given, but it
is easily calculated.

Conversion Time and Converter Throughput Rate

After a start command is received by an ADC, it requires a finite time, called
conversion time ¢., before the converter can provide valid output data. Input
voltage change during the conversion process introduces an undesirable uncertainty
in the generated output (Zuch, 1979). The full conversion accuracy is realized
only if this uncertainty is kept below the converter’s resolution. Thus for an n-
bit converter having a conversion time 7.,

dv FS
— s —
dt ] pux 2.

For example, consider a sinusoidal input signal of amplitude A and frequency
S being converted by an 8-bit monolithic converter having a conversion time of
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100 ps:
v; = A sin 2af?)
The rate of change of the input signal is given by
dv;
dt
and the maximal rate of change is given as

dv; _
(). 2

If we let full-scale FS equal 24, the peak-to-peak value of the sine wave, we
have

= 2mufA cos uft)

2A
< —
2mfA >

1
<
f 2"t

1
=—— =124
foux = g = 124 Hz

Thus, even for relatively smooth sinusoidal signals we are limited to a low
frequency of 12.4 Hz. This would be acceptable in very few applications. We
get around this difficulty by using a sample-and-hold (S/H) circuit between the
input signal and the ADC. An S/H circuit is a simple analog circuit that quickly
samples the input signal on command and then holds it relatively constant while
the ADC performs the conversion. The time interval involved in calculating the
permissible rate of change of the input voltage is now a time delay called aperture
time, f,. This delay occurs in S/H circuits between the time the hold command
is received and the instant the actual transition to the hold mode takes place
(S/H circuits are discussed in greater detail in Section 5.4). It is typically of
the order of a few nanoseconds. If we use an S/H circuit having an aperture
time of, say, 20 ns, and recalculate the maximal permissible frequency,
1
Sfrnax = ﬁ = 62.17 kHz

This is a reasonably good value for a 100-us converter. The value of fy.x can
be further increased by as much as 100 if the S/H command is advanced by the
aperture delay. Uncertainty involved in calculation of f,,, is now a much smaller
delay called aperture jitter.

Converter throughput rate is another important parameter. It is defined as
the number of times the input signal can be sampled maintaining full accuracy.
It is calculated as the inverse of the total time required for one successful
conversion. It equals the inverse of the conversion time only if no S/H circuit
is used. See Section 5.6 for an example of throughput-rate calculation involving
an S/H circuit.

Y
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Converter Inputs and Cutputs

Analog input signal. A majority of monolithic converters are designed
to accept a differential or a single-ended input signal of a single polarity. The
signal must conform to a specified input range. Most commonly available input
ranges are 0 to 10 V and 0 to 5 V. If the actual input signal does not span the
full input range, some of the converter output codes are never used. This
constitutes a waste of the converter dynamic range and results in a greater relative
effect of the converter errors on output. This problem is best avoided by first
selecting the most suitable converter input range and then prescaling the input
signal using an operational amplifier. In most systems the input signal generally
requires some preprocessing, and the matching can be done in the final stage of
this preconditioning circuit. Sometimes a reduced input signal span may be
tackled by proportionally scaling down the reference signal, provided that the
converter has been designed to work with an adjustable reference signal.

If the input signal is bipolar, we may still use a unipolar converter by first
scaling down the input and then adding an offset as shown in Figure 5.3. We
need to use a bipolar converter if the polarity information in the output is desired.
These converters have bipolar input ranges, most commonly 0 to *5 V, and
generate outputs in bipolar digital codes such as two’s-complement, offset binary,
sign magnitude, and others discussed in Section 4.1.

(— v*) +25
v, 2 . A
+10 Vi 5 5 4R
i v; —AW—t
+5 25 _— —
4R —> To AD
04 — 0 0 0 -10 V —WWW— ° ADC
ADC input

-5 -2.5 range

-10
(a) (b)

Figure 5.3 Adapting a bipolar signal to a unipolar ADC. (a) Input signal is scaled and
an offset is added. (b) Circuit that implements this function.

Analog reference signal. Figure 5.4(a) shows the inputs and outputs of
a typical ADC. Every ADC requires an analog reference signal in order to
convert the input signal to a ratio. Any error in the reference signal, either due
to initial adjustments or generated by drifts with time and temperature, appears
as a gain error in the ADC transfer characteristics. A precise and stable reference
signal is, therefore, crucial to realizing the full accuracy of the ADC. Low-cost
IC regulators are a satisfactory source of reference signal provided that the
ambient temperature changes are not large. However, most applications can
benefit from the better temperature stability provided by precision IC voltage
references at very reasonable cost.
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Figure 5.4 Analog-to-digital converter (ADC). (a) Typical inputs and outputs.
(b) Typical circuit control signal waveforms.

There are essentially two types of IC voltage references. One type uses
the reverse breakdown of a compensated zener diode. These have a typical
reference voltage of about 6.9 V and are available with temperature coefficients
ranging from 100 ppm/°C to as low as 5 ppm/°C. Newer devices of this type
use a “‘subsurface’ or ‘‘buried’’ zener diode, so called because the avalanche
breakdown in these devices takes place below the silicon surface. This results
in improved long-term stability and noise characteristics. The other type of IC
reference is the ‘‘band-gap’’ reference. This derives its reference voltage from
the extrapolated band-gap voltage of silicon. Temperature compensation in this
type of reference is obtained by utilizing the base—emitter voltages of two transistors
biased at different current densities. A reference voltage of 1.2 V is typical of
these devices.

Either type of reference should be used with a buffer, sometimes already
on the chip, both to scale the reference to the desired level and to enhance its
operating-point stability. Such a buffered IC reference makes a good source of
reference voltage for the majority of ADCs.
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Outputs. The digital output of an ADC is characterized by the number
of bits (resolution) and the type of code used. Converters with 8- and 12-bit
resolution are the most common. However, converters with resolutions of 10
bits, 3i-digit BCD, 14 bits, and 16 bits are also readily available. The output
code most commonly used in unipolar converters is natural binary. ADCs designed
specifically for digital panel meters and digital multimeter applications almost
always provide BCD outputs. For a discussion of these and other commonly
used binary codes, see Section 4.1.

Control signals. All ADCs require a clock and certain control signals for
their operation. The control signals are best introduced by going over one
conversion cycle of a typical ADC [Figure 5.4(b)]. The external device to which
the ADC is interfaced (e.g., a microprocessor) initiates the conversion process
by momentarily raising the START input of the ADC. As it starts the conversion
process, the ADC lowers its BUSY or end-of-conversion (EOC) line. This signals
the outside world that a conversion is in process and that the output data should
not yet be sought, nor should a new conversion be initiated. At the end of the
current conversion, the ADC pulls this line up again. This transition is generally
used to generate an interrupt in the microprocessor or in some other way to
signal the external device of the end of conversion. The external device then
sends an output enable (OE) signal to the ADC to cause it to make the output
word available. For converters of greater than 8-bit resolution, the OE signal
might take the form of a high-byte enable (HBE) and a low-byte enable (LBE)
signal so that the converted word can be put on an 8-bit-wide data bus in two
sequential transfers.

5.2 A/D CONVERSION TECHNIQUES

In this section we discuss some of the basic techniques used in the internal
design of ADCs. The discussion highlights the significant characteristics of these
designs.

The most common circuit implementations use either an internal DAC or
some form of integration to carry out the conversion function. A technique that
does not belong to either of these two broad classifications is the parallel or flash
conversion approach used primarily in very high speed converters.

Counter or Tracking ADC

Figure 5.5(a) shows a block diagram of the counter type ADC. It uses a counter
to build up the internal DAC output until it equals or exceeds the input voltage
signal. The counter is reset at the start of the conversion and then incremented
one bit at each clock cycle. The DAC output builds up one LSB at a time, as
illustrated in Figure 5.5(b). A comparator stops the counter when the DAC
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Figure 5.5 Counter or tracking-type ADC and circuit waveforms. (a) Simpliﬁed
block diagram. (b) Waveforms for counter type. (c) Waveforms for tracking

type.

voltage has built up to the input signal level. The final con{nt is thg digital ou'tput.
The major disadvantage of this simple implementation is that it results in an
ADC conversion time that varies with the level of the input signal and can be
rather long, 2" clock periods for an n-bit converter for the input signal levels
near full scale.

A variation of this implementation, called the “‘tracking’’ or “sgrvo” t‘ype,
uses an up/down counter to allow the DAC voltage to track the lpput signal
continuously, provided that the input signal changes are not large. Flgun? 5.5(c)
shows the DAC voltage of a tracking-type ADC. By externally stopping thg
counter at a desired instant we may use the tracking-type ADC as an S /H‘cnrcult
with a digital output and an arbitrarily long hold time‘. ‘Simply by disabling t_he
up or the down control, the converter can generate a digital oufput correspon(‘img
to the taximum or minimum value reached by the input signal over a given

period.
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Successive-Approximation ADC

Successive approximation is the most commonly used technique of implementing
A/D conversion function in medium- to high-speed converters. It, too, uses an
internal DAC. However, unlike the counter-type ADC, the DAC in the successive
approximation ADC builds up its voltage to the input signal level in just n clock
periods for an n-bit ADC. This produces a conversion time that is much shorter
and does not depend on the input signal level. The technique is based on ap-
proximating the input signal with a binary code and then successively revising
this approximation for each bit in the code until the best approximation is achieved.
At each step in this process the current binary value of the approximation is
stored in the so-called successive-approximation register (SAR).

Figure 5.6 shows the basic scheme and its operation for a 3-bit ADC. The
conversion always begins by the MSB of the SAR being turned on. This corresponds
to an initial estimate of one-half full scale of the input signal. A comparator
then compares the generated DAC output with the input voltage and commands

Analog Analog
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-t DAC

Digital
output

{SAR) Successive
approximation
Clock »1 register and control

{a)

S
F Analog input

DAC output > 100

I SAR output 010 001
LSB Ny
'./ 001
0 1 000

MSB

Time
(b}

Figure 5.6 Successive-approximation ADC converter. (a) Block diagram.
(b) Circuit waveforms. (c) Logic flow diagram.
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the controller to turn off the MSB if this initial estimate has already exceeded
the input signal; otherwise, the MSB is left on. In the following clock period
the controller turns on the next MSB. Again the comparator decides on the
basis of the input signal level whether the bit is turned off or retained. Conversion
proceeds in a similar fashion until the LSB has been tested. At that point the
contents of the SAR and the output register contain the best binary approximation
of the input signal and therefore constitute the output digital word. Since the
bit decisions are made in serial order in successive approximation, providing
serial outputs is extremely easy in this type of converter. Note that we have
assumed the input signal constant during the conversion process. In general,
we cannot guarantee this and must consider the effect of a changing input voltage
on the converter output, discussed in Section 5.1.

Dual-Slope integrating ADC

Figure 5.7 shows the dual-slope technique. The input voltage is integrated for
a fixed interval of time, T,, which generally corresponds to the maximal count
of the internal counter. At the end of this interval the counter resets and the
integrator input is switched to the negative reference signal. The integrator’s
output then decreases linearly until it reaches zero when the counter is stopped
and the integrator is reset. The charge gained by the integrator capacitor during
the first interval must equal the charge lost during the second; thus

Tlvi(avg) = tZVr
Therefore,

_t_Z- - Uiavg) =

Tl Vr

Note that the ratio of the time intervals is also the binary count relative to the
full count of the counter. Hence the count at the end of ¢, is also the output
word of a binary output ADC. The scheme is easily adapted for ADCs that use
other output codes.

The dual-slope technique offers a number of advantages, foremost being
their excellent noise-rejection characteristics. Since the input voltage is integrated
over a period of time, any high-frequency noise riding over the input signal gets
canceled out. Further, the fixed averaging period T, can be selected to eliminate
almost totally noise at frequencies that are multiples of 1/T,. Line frequency
is commonly selected for this purpose.

Note that variations in clock frequency do not affect resolution. The converter
resolution is limited only by the capability of the analog circuitry, and not by
converter differential nonlinearity, since the integrator output is free of jumps
and would not cause any missing codes in the output. Thus good resolution is
relatively asy to obtain and can be varied by adjusting the size of the internal
counter and the clock frequency.

Low speed is a major limitation of the dual-slope converters. For example,
if T, is picked to reject 60-Hz line frequency and its harmonics, the minimal
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Figure 5.7 Dual-slope ADC. (a) Block diagram. (b) Circuit waveforms.

va!ue it. can assume is 16.67 ms. Since the conversion time can be Jjust over
twwe. this value, the converter throughput rate is limited to fewer than 30 samples/s
unsuitable for any fast data-acquisition application. Dual-slope converters are:
very popular in digital panel meters (DPMs), digital multimeters (DMMs), tem-
perature sensing, and similar low-sample-rate applications.

Voltage-to-Frequency ADC

Figure 5.8 §hows the voltage-to-frequency (V-f) technique of A/D conversion.
The anz?log input voltage is converted by a precision voltage-to-frequency converter
(VFC) into a train of pulses of a frequency proportional to the input voltage. A
countgr then generates the output digital word by counting these pulses over a
fixed interval of time. Note that the input signal is effectively integrated over
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Figure 5.8 V-ftype of A/D conversion.

this interval. Like the dual-slope technique, it is characterized by slow speeds
but good noise immunity.

If long conversion times are acceptable, the V-f conversion technique permits
a high resolution of slowly changing signals at very reasonable costs. For example,
a 10-kHz VFC counted for a 1-s interval yields an accuracy of 1 part in 10,000
(i.e., better than 13-bit resolution). Moreover, this accuracy can be maintained
over a large range of the input signal. The greatest advantage of V-f conversion
is seen in remote data-sensing applications in noisy environments. In such an
application the VFC is located in close proximity to the remote transducer. The
pulse train generated by the VFC is digitally transmitted over a long distance
to the monitoring station, where a receiver—counter combination converts it into
a digital output. This avoids transmission of the analog signal through noisy
environments and with it possible deterioration of the signal-to-noise ratio. Digital
transmission of the data also eliminates the common-mode noise. If needed, the
converter output can be electrically isolated from the transducer, a feature required
in monitoring and control of high-voltage systems.

The practicality of this type of A/D conversion depends on the availability
of low-cost VFCs that have good linearity and stability. Several techniques are
in use in implementing the V-f conversion function. The most prominent of these
is the method of charge balancing discussed in Section 1.9, which also describes
some of the VFCs available on the market.

Parallel or Flash ADC

Figure 5.9 shows the flash or parallel conversion technique. It is used when
very high speed conversion is required, as in video, radar, and digital oscilloscope
applications. In this implementation the input signal is compared simultaneously
against all threshold levels by using comparators biased 1 LSB apart. Converter
biasing is achieved by using the reference signal and a precision resistive network.
The comparators biased above the input signal level are turned off, while those
biased below remain turned on. Since all comparators change state simultaneously,
the quantization process is completed in a single step. A fast encoder then
converts the comparator outputs into the output. ADCs using parallel conversion
can achieve conversion rates of up to 100 MHz for 8-bit resolution. However,
the resolution of a monolithic parallel converter is limited due to the large number
of comparators, 255 for an 8-bit ADC implementation.
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Figure 5.9 Parallel or flash ADC.

Software Implementations

Fun‘ctlons such as counting, shifting, inverting, code conversion, and others are
realizable in software using the microprocessor itself. Such software implementation
of A/D conversion is sometimes used. However, it appears to be of limited

practical value because of the availability of good-performance ADCs at very
reasonable costs.

Shaft Encoders

Shaft encoders use electromechanical methods of A/D conversion to convert
shaft angle directly into a corresponding digital output. Encoding is generally
done using optical or magnetic sensors and an encoding wheel attached to the
shaf‘t. Figure 5.10(a) shows the encoding mechanism for a 3-bit binary output.
A disadvantage of binary coding is that a slight misalignment of the mechanism
can cause a large error in the output. For example, the code 011 can turn into
11 if t‘he MSB is misaligned, generating a 180-degree error. This problem can
be avoided if a Gray code is used (see Section 4.1). A similar misalignment then
generates an error no larger than 1 LSB. Figure 5.10(b) shows an encoding
wheel that generates a 3-bit Gray code.

Shaft encoders are compact, rugged devices. They can provide incremental
or absolute angle and velocity measurements of a high accuracy. They are used
wnde:ly in machine tools, industrial robotics, numerical control, and other industrial
motion-control systems.
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Figure 5.10 Shaft encoders. (a) Three-bit binary encoder. (b) Three-bit Gray
encoding wheel. (From A. P. Malvino and D. P. Leach, Digital principles and
applications, 3rd ed., 1981, © McGraw-Hill. Reproduced with the permission
of McGraw-Hill/Gregg Division.)

5.3 INTERFACING THE ADC TO THE iBM PC

Converter manufacturers have sought to make the ADC-to-microprocessor interface
simple to implement. This is most apparent in the design of monolithic ADCs
introduced over the past few years. Most of these newer devices can be interfaced
with a few gates and offer similar ease in programming.

Defining the Interface Operation

There is more than one method of implementing the ADC-to-microprocessor
interface.
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Most-recent-data scheme. In this method, the ADC works continuously.
At the end of each conversion it updates an output buffer (e.g., first-in first-out
buffer) and then automatically begins a new conversion. The microprocessor
simply reads this buffer whenever it requires the most recent data. The method
is suitable for applications needing the data to be updated only occasionally.

Start-and-wait scheme. The microprocessor initiates the conversion every
time it needs new data and then continuously tests the converter EOC line to
see if the conversion has been completed. When it detects an end of conversion
it reads the converter output. A variation is simply to wait for a time interval
greater than the expected conversion time, then presume that the conversion
has been completed and read the output. This method is somewhat easier to
implement but ties up the microprocessor for the duration of the conversion.

Using a microprocessor interrupt.  This method makes use of the interrupt
capabilities of the microprocessor. The processor or a clock still starts the
conversion, but then the microprocessor can proceed to do other things. When
the conversion is complete, the ADC causes an interrupt. The microprocessor
responds by leaving its current task and storing vital information required for
its resumption later. It then proceeds to locate and execute a set of instructions
(service routine) designed to access data from the ADC. After the service routine
has been executed, the microprocessor goes back to its original task.

The task of locating the service routine is sometimes carried out by executing
another routine (polling routine) that checks all the interrupt sources one by one.
A much more efficient approach is to use vectored interrupts. The technique is
based on storing the addresses of individual service routines in a predetermined
location called a vector table. In response to an interrupt, the microprocessor
now goes to the predefined location where the user has earlier stored the address
of the corresponding service routine. The real power of this technique is seen
in systems having numerous sources of interrupts, such as the IBM PC. Such
systems generally use a dedicated device called an interrupt controller. An
interrupt controller, such as the Intel 8259A (other microprocessor families have
equivalent devices), organizes various incoming interrupt signals in the order of
their importance (priority), sends the interrupt signal to the microprocessor, and
points it to the correct location in the vector table. See Section 3.3 for a detailed
discussion of interrupts and interrupt controllers.

interface Software

Data transfers' between the ADC and the microprocessor can be organized in
software in three ways.

Memory-mapped transfers. In memory mapping the ADC is assigned
an address in the memory space not used by the actual memory. All transfers
between the ADC and the microprocessor are then carried out by treating the
ADC just as a memory location. However, besides a reduction in the usable
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i i ity of managing it
memory space, memory mapping can increase the comp!exn of
and generally requires more hardware to decode the address since minimal hardware
decodes would be too wasteful of memory space.

input/output (I/0)-mapped transfers. Some systems create a separate
set of addresses for I/O (I/O space), which although numer:ically th.e same as
memory addresses, can be distinguished from them by using special control
signals (TOR and JOW on the PC system bus). Separation of the memory space
from the 1/O space makes for a better system design. It generally allows simpler
address decoding using a minimal hardware decode since I/O space rather than
the precious memory space is sacrificed.

Direct memory access (DMA). When only simple data transfers be.tween
the memory and a peripheral are required, involving the acgl}mulator in the
transfer slows down the process unnecessarily. By using addmor}al hardware,
usually in the form of a dedicated device called a DMA controller, direct transf'ers
can be achieved at much faster rates. Most microprocessors allow DMAinm-
plementation by releasing the control of the system bus for a pred‘ete:rmmed
interval. The DMA controller takes command of the bus during this interval
and carries out data transfers by generating the required addresses and control
signals. At the end of the interval the bus control reverts back to the micrf)processor.
A complete data transfer may take several such DMA cycles to lmp}emgnt.
DMA is extremely useful in high-speed or high-volume data-transfer ap.pllcatu‘)ns
such as disk-drive interfaces. Its application in data-acquisition systems is possible
but normally used only in high-performance applications. There is a four-chqnnel
DMA controller on the PC system board that performs several system functions,
including memory refresh and disk transfers.

Interface Hardware

The approach to the hardware design differs significantly depending on whether
a serial or a parallel data format is chosen.

Parallel dataformat. Hardware for a parallel data interface almost always
includes a buffer with three-state output through which the ADC is connected
to the microprocessor data bus. Decoded addresses and the read control signal
of the microprocessor are used to enable the buffer for transfer of the ADC data
to the microprocessor. The same address decode and the write control signal
of the microprocessor are used to generate the start command to the converter.
It is not necessary to use separate read and write control; however, doing so
allows the same address to be used for sending commands to the \ADC and to
read the ADC output. :

AN
Most newer-generation ADCs have on-chip three-state output buffers alon_g
with their control circuitry. These ADCs can be directly connected to the mi-
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croprocessor data bus. To interface such devices the user has to provide only
a decoded address and sometimes a few gates to match the control signals.
Interfacing to microcomputer systems is even simpler because microcomputers
provide directly addressable ports and no address decoding is necessary.

Serial data format. Serial data format is the natural choice for systems
that use serial data transmission to send data over long distances to a monitoring
station. Asynchronous serial transmission using dedicated lines or telephone
lines with modems at each end is a very cost-effective means of doing this.
Interface hardware at the microprocessor end, usually located at the monitoring
station, most often takes the form of a dedicated device called a universal
asynchronous receiver/transmitter (UART). A UART receives and transmits
the data in serial form but interfaces with the microprocessor in a parallel data
format. Every microprocessor has at least one UART with which it is compatible.
The interface at the ADC end depends greatly on the choice of ADC and is best
examined on a case-by-case basis. Again the trend in the design of ADCs is to
integrate most of the hardware onto the chip itself. For example, the TSC7109
manufactured by Teledyne and Intersil provides serial output that is compatible
with most industry UARTS.

Interfacing a 10- or 12-bit ADC to an 8-bit data bus might appear to be a
problem. It is handled rather easily by transferring data in chunks of 8 bits (1
byte) one after the other. This is true for both parallel and serial formats.

5.4 DATA-ACQUISITION SYSTEMS

A data-acquisition system performs the complete function of converting the raw
outputs from one or more transducers into equivalent digital signals usable for
further processing, control, or display applications. Applications can range from
simple monitoring of a single analog variable to control and monitoring of hun-
dreds of parameters in a nuclear plant. Data-acquisition systems can similarly
range from a minimal-cost, direct-conversion system to complex multichannel
systems offering a high degree of accuracy and reliability.

Single-Channel Systems

Figure 5.11 shows a typical single-channel data-acquisition system. The signal
from the transducer is generally of low amplitude, is mixed with undesirable
signals and noise, and might need to be linearized. Amplifiers, filters, and other

Transd »| Amplifier »!  Filter > smH »{ ADC —:>2u":;‘;“t

Figure 5.11 Single-channel data-acquisition system.
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analog circuits are utilized to condition this signal into a suitable form. Design
of such signal-conditioning circuits is described in earlier chapters. Direct con-
version is sometimes used in low-cost applications where output of the signal-
conditioning circuit is fed directly to the ADC for conversion. However, most
applications need a sample-and-hold circuit, which we describe next.

Sample-and-Hold Circuits

Section 5.1 explained that a sample-and-hold (S/H) circuit reduces uncertainty
error in the converted output when input changes are fast compared to the
conversion time of the converter. S/H circuits are also needed in multichannel
systems to hold a sample from one channel for conversion while the multiplexer
proceeds to sample the next one. They are sometimes used to capture input
signal transients or when two or more signals need to be sampled at precisely
the same instant (simultaneous sampling).

Figure 5.12 shows a simplified schematic and waveforms of a typical S/H
circuit. Analog switch S, closes when the SAMPLE command is received.
Capacitor C, begins to charge up (or down) to the level of the input signal. After
a certain delay called the ‘‘acquisition time”” the capacitor voltage reaches and
stays within a specified error band about the input signal. A HOLD command
causes switch S, to open but it does so after a short time interval called ‘‘aperture
time delay.” Aperture time (z,) is typically a few tens of nanoseconds. Section
5.1 shows that ¢, determines the maximum allowable rate of change of the input
signal to realize full conversion accuracy. After S, opens a ‘‘settling time’’ must
elapse before the S/H output stabilizes to a steady value and can be used for
conversion. However, when stabilized it does not remain constant but decays
or “‘droops’” with time. Also, parasitic capacitance can cause any large input
signal changes to appear at the S/H output in an attenuated form. This phenomenon
is called hold ‘‘feedthrough.”

Some care is required in selecting the type and value of the hold capacitor.
A low value of capacitance reduces acquisition time but increases droop. Similarly,
a large value minimizes the droop but might result in unacceptably large acquisition
times. When an S/H circuit is used in an ADC, the hold time is generally not
much larger than the conversion time of the ADC. Thus for a given value of
capacitor, we can estimate the total droop during one conversion. We select
the capacitor to get the best acquisition time while keeping the droop per conversion
below 1 LSB. The type of capacitor selected is also important because the
dielectric absorption in the hold capacitor is a source of error. Polypropylene,
polystyrene, and Teflon are most suitable. Mica and polycarbonate are only
moderately good. Ceramic capacitors have a high dielectric absorption and
should not be used.

Several manufacturers offer general-purpose monolithic S/H circuits that
have typical acquisition times of 4 us for an accuracy of 0.1%, or 10 to 20 us
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Figure 5_.12 Sample-and-hold (S/H) circuit. (a) Simplified circuit diagram. (b)
Illustrative waveforms with some important terms associated with S/H circuits.

for an accuracy of 0.01%. This moderate performance at low cost makes these
devnges a good choice for most applications. If higher performance is needed,
hybrid and modular S/H’s are available from Datel-Intersil, Burr-Brown, Analog

Devjoes, and several others. Figure 5.13 shows a representative set of commercially
available S/H circuits.

Multichannel Systems

There are two basic approaches to handling more than one analog signal (Garrett,
1978). By far the most common technique has been to analog multiplex all input
f:hannels and then use a single ADC to perform conversions. One reason for
gts popularity has been the high cost of ADCs in the past. An alternative approach
is to use an individual ADC for each channel. This method has several advantages

and is becoming increasingly practical to implement due to the decreasing cost
of ADCs.






