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PREFACE

During the last decades much has been prophesized that there will be little need
for analog circuitry in the future because digital electronics is taking over. Far from
having proven true, this contention has provoked controversial rebuttals, as epito-
mized by statements such as *If you cannot do it in digital, it’s got to be done in
analog.” Add to this the commcn misconception that analog design, compared to
digital design, seems to be more of a whimsical art than a systematic science, and
what is the confused student to make of this controversy? Is it worth pursuing some
coursework in analog electronics, or is it better to focus just on digital?

There is no doubt that many functions that were traditionally the domain of
analog electronics are nowadays implemented in digital form, a popular example
being offered by digital audio. Here, the analog signals produced by microphones
and other acoustic transducers are suitably conditioned by means of amplifiers and
filters, and are then converted to digital form for further processing, such as mixing,
editing, and the creation of special effects, as well as for the more mundane but no less
important tasks of transmission, storage, and retrieval. Finally, digital information is
converted back to analog signals for playing through loudspeakers. One of the main
reasons why it is desirable to perform as many functions as possible digitally is the
generally superior reliability and flexibility of digital circuitry. However, the physical
world is inherently analog, indicating that there will always be a need for analog
circuitry to condition physical signals such as those associated with transducers, as
well as to convert information from analog to digital for processing, and from digital
back to analog for reuse in the physical world. Moreover, new applications continue
to emerge, where considerations of speed and power make it more advantageous to
use analog front ends; wireless communications provide a good example.

Indeed many applications today are best addressed by mixed-mode integrated
circuits (mixed-mode ICs) and systems, which rely on analog circuitry to interface
with the physical world, and digital circuitry for processing and control. Even though
the analog circuitry may constitute only a smalil portion of the total chip area, it is
often the most challenging part to design as well as the Iimiting factor on the perfor-
mance of the entire system. In this respect, it is usually the analog designer who is
called to devise ingenious solutions to the task of realizing analog functions in decid-
edly digital technologies; switched-capacitor techniques in filtering and sigma-delta
techniques in data conversion are popular examples. In light of the above, the need
for competent analog designers will continue to remain very strong. Even purely
digital circuits, when pushed to their operational limits, exhibit analog behavior.
Consequently, a solid grasp of analog design princ:, @  .nltchaiques is a valuable
asset in the design of any IC, not just purely digital or purely unalog ICs.

THE BOOK

The goal of this book is the illustration of general analog principles and design
methodologies using practical devices and applicatiens. The book is intended as a

Xi
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Preface

textbook for undergraduate and graduate courses in design and applications with
analog integrated circuits (analog 1Cs), as well as a reference book for practicing
engineers. The reader is expected to have had an introductory course in electronics,
to be conversant in frequency-domain analysis techniques, and to possess basic skills
in the use of PSpice. Though the book contains enough material for a two-semester
course, it can also serve as basis for a one-semester course after suitable selection
of topics. The selection process is facilitated by the fact that the book as well as its
individual chapters have generally been designed to proceed from the elementary to
the complex.

At San Francisco State University we use the book for a sequence of two one-
semester courses, one at the senior and the other at the graduate level. In the senior
coursc we cover Chaplers 1-3, Chapters 5 and 6, and most of Chapters 9 and 10;
in the graduate course we cover all the rest. The senior course is taken concurrently
with a course in analog IC fabrication and design. For an effective utilization of
analog ICs, it is important that the user be cognizant of their internal workings, at
least qualitatively. To serve this need, the book provides intuitive explanations of the
technological and circuital factors intervening in a design decision.

The third edition retains the features that distinguished the second edition from
the first: namely, considerable pedagogical enhancements, inclusion of PSpice sim-
ulations, and expanded subject coverage to include, among others, current-feedback
amplitiers, switching regulators, sigma-delta converters, and phase-locked loops. In
addition, negative-feedback concepts have been clarified and emphasized further,
and the number of end-of-chapter problems has been increased by 10% to achieve
a total ot 579. Although many readers will undoubtedly prefer to use Windows ver-
sions of PSpice, it was decided after much deliberation to retain the netlist version
of the second edition because of its pedagogical advantages. However, the interested
reader can find Windows versions of the book’s netlist examples in the accompanying
Website at http://www.mhhe.com/franco.

The desire to address general and lasting principles in a manner that tran-
scends the latest technological trend has motivated the choice of well-established and
widely documented devices and technologies as vehicles to illustrate such principles.
However, whenever necessary, the reader is made aware of more contemporary
alternatives, as well as bibliographical sources and where to find them.

THE CONTENTS AT A GLANCE

Although not explicitly indicated, the book consists of three parts. Part I (Chapters
1-4) introduces fundamental concepts and applications based on the op amp as a
predominantly idcal device. Itis felt that the student needs to develop sufficient con-
lidenee with ideal (or near-ideal) op amp situations before tackling and assessing the
consequences of practical device limitations. Limitations are the subject of Part 11
(Chapters 5-8), which covers the topic in more systematic detail than previous edi-
tions. Finally, Part 111 (Chapters 9-13) exploits the maturity and judgment developed
by the reader in the first two parts to address a varicty of design-oriented applications.
Following is a briet chapter-by-chapter description of the material covered.
Chapter | reviews basic amplifier concepts, including negative feedback. Much
emphasis is placed on the loop gain T as a gauge of circuit performance. The student
is introduced to simple PSpice models, which will become more sophisticated as

we progress through the book. Those irstructors whe find the joop-gain Geaimen:
overwhelming this early in the book, may skip itto retura to it later, at a more suitable
time. Coverage rearrangements of this sort are facilitated by the fact that individual
sections and chapters have been designed to be as independent as possible from each
other; moreover, the end-of-chapter problems are grouped by section.

Chapter 2 deals with /-V, V-1, and I-I converters, along with various instru-
mentation and transducer amplifiers. The chapter places much emphasis on feedback
topologies and the role of the loop gain T'.

Chapter 3 covers first-order filters, audio filters, and popular second-order fil-
ters such as the KRC, multiple-feedback, state-variable, and biquad topologies. The
chapter emphasizes complex-plane systems concepts, and concludes with filter sen-
sitivities.

The reader who wants to go deeper into the subject of filters will find Chapter 4
useful. This chapter covers higher-order filter synthesis using both the cascade and
the direct approaches. Moreover, these approaches are presented for both the case
of active RC filters and the case of switched-capacitor (SC) filters.

Chapter 5 addresses input-referrable op amp errors such as Vgs, Ig, Ios, CMRR,
PSRR, and drift, along with operating limits. The student is introduced to data-
sheet interpretation, PSpice macromodels. and also to different technologies and
topologies.

Chapter 6 addresses dynamic limitations in both the frequency and time domains,
and investigates their effect on the resistive circuits and the filters that were studied in
Part ] using mainly ideal op amp models. Voltage-feedback and current-feedback are
compared in detail, and PSpice is used extensively to visualize both the frequency and
transient responses of representative circuit examples. Having mastered the material
of the first four chapters using ideal or nearly-ideal op amps, the student is now
in a better position to appreciate and evaluate the consequences of practical device
limitations.

The subject of ac noise, covered in Chapter 7, follows naturally since it combines
the principles learned both in Chapters 5 and 6. Noise calculations and estimation
represent another area in which PSpice proves a most useful tool.

Part Il concludes with the subject of stability, in Chapter 8. The material has been
arranged to facilitate topic selection, and puts much emphasis on a systems-oriented
approach. Again, PSpice is used profusely to visualize the effect of the different
frequency-compensation techniques presented.

Part 111 begins with nonlinear applications, in Chapter 9. Here, nonlinear behav-
ior stems from either the lack of feedback (voltage comparators), or the presence
of feedback, but of the positive type (Schmitt triggers), or the presence of nega-
tive feedback, but using nonlinear elements such as diodes and switches (precision
rectifiers, peak detectors, track-and-hold amplifiers).

Chapter 10 covers signal generators, including Wicn-bridge and quadrature os-
cillators, multivibrators, timers, function generators, and V-F and F-V converters.

Chapter || addresses regulation. 1t starts with voltage references, proceeds to
linear voltage regulators, and concludes with switching regulators. The last topic has
been at the center of much attention and industrial activity since the eighties, and
entire books have been written on the subject. Of necessity, this chapter exposes the
student only to the fundamentals of this most important area.

Chapter 12 deals with data conversion. Data-converter specifications are treated
in systematic fashion, and various applications with multiplying DACs are presented.
The chapter concludes with oversampling-conversion principles and sigma-delta
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converters. Much has been written aiso about this subject, so this chapter of necessity
exposes the student onty to the fundamentals.

Chapter 13 concludes the book with a variety of nonlinear circuits, such as
log/antilog amplifiers, analog multipliers, and operational transconductance ampli-
fiers with a brief exposure to g,,-C filters. The chapter culminates with an introduc-
tion to phase-locked loops, a subject that combines important materials addressed
at various points in the preceding chapters.

THE WEBSITE

The book is accompanied by a website (http://www.mhhe.com/franco) containing a
variety of Instructor and Student Resources as welt as other useful links. A website
icon has been placed in the margin in those places in the text where the website
resources would prove most useful. The Instructor Resources consist of a Solu-
tions Manual, Downloadable Software, Windows Version of PSpice Examples, and
PageQut (a link to McGraw-Hill’s course Website Development Tools). The Stu-
dent Resources consist of Downloadable Software and Windows Version of PSpice
Examples. The author welcomes feedback via email, at sfranco @sfsu.edu.
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OPERATIONAL AMPLIFIER
FUNDAMENTALS

1.1 Amplifier Fundamentals
1.2 The Operational Amplifier
1.3 Basic Op Amp Configurations
1.4 Ideal Op Amp Circuit Analysis
1.5 Negative Feedback
1.6 Feedback in Op Amp Circuits
1.7 The Loop Gain
1.8 Op Amp Powering

Problems

Bibliography

Appendix 1A

The term operational amplifier, or op amp for short, was coined in 1947 by John R.
Ragazzini to denote a special type of amplifier that, by proper seleciion of its external
components, could be configured for a variety of operations such as amplification,
addition, subtraction, differentiation, and integration. The first applications of op
amps were in analog computers. The ability to perform mathematical operations
was the result of combining high gain with negative feedback.

Early op amps were implemented with vacuum tubes, so they were bulky, power-
hungry, and expensive. The first dramatic miniaturization of the op amp came with
the advent of the bipolar junction transistor (BIT), which led to a whole generation
of op amp modules implemented with discrete BJTs. However, the real breakthrough
occurred with the development of the integrated circuit (IC) op amp, whose elements
are fabricated in monolithic form on asilicon chip the size of a pinhead. The first such
device was developed by Robert J. Widlar at Fairchild Semiconductor Corporation
in the early 1960s. In 1968 Fairchild introduced the op amp that was to become the
industry standard, the popular uA741. Since then the number of op amp families
and manufacturers has swollen considerably. Nevertheless, the 741 remains one of
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The highly predictable characteristic of the bipolar junction transistor is ex- - '

ploited in the realization of some very useful nonlinear functions, such as logarith- (
mic conversion and variable transconductance multiplication. These functions, in
turn, provide the basis for a variety of other analog operations, such as antilogarith-
mic amplification, true rms conversion, analog division and square-root computa-
* tion, various forms of linearization, and voltage-controlled amplification, fiitering,
and oscillation. These precise building blocks simplify analog design considerably
while broadening the scope of practical analog circuits to applications where con-
siderations of speed or cost require implementation in analog rather than digital
form.

Another important class of nonlinear circuits is provided by phase-locked loops.
Though unrelated to those just mentioned, PLLs encompass many of the important
topics that we have studied so far. We thus find it appropriate to conclude the book
with this subject.
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CHAPTER 13
Nonlinear
Amplifiers and
Phase-Locked
{.00ps

13.1
LOG/ANTILOG AMPLIFIERS

A logarithmic amplifier—also called iog amp, or logger—is an I-V converter with a
transfer characteristic of the type

i
vo = V,,log,,T (|3])
i

where V,, is called the output scale factor, I; the input reference current, and b is
the base, usually 10 or 2. V,, represents the sensitivity of the log amp, in volts per
decade (or per octave), and [; is the value of iy for which vg = 0. Note that for
proper operation we must always have i;/I; > 0. The quantity

DR = log, //Imx (132)

is called the dynamic range and is expressed in decades or in octaves, depending on
b. For instance, a logger designed to operate over the range 1 nA <i; <1 mA has
DR = log;o(1073/107%) = 6 decades, or DR = log, 10% = 20 octaves.

Plotting Eq. (13.1) on semilog paper with i; /I; on the logarithmic axis and v
on the linear axis, as in Fig. 13.1a, yields a straight line with a slope of V,, V/dec.
Any departure of the actual characteristic from the best-fit straight line is called the
log conformity error e . Though this error can only be observed at the output, it is
convenient to refer it to the input because of the unique log-function property that
equal percentage errors at the input produce equal incremental errors at the output,
regardless of the point on the curve. Indeed, denoting the percentage input error as p,
we have e = vo(acual) — Vodideal) = Yo logp[(1 + p)E1 /1)1 — Vo logylip /1), or

eg = Volog,(1 + p) (13.3)

Forinstance, with b = 10and V,, = | V/dec, a | % input error corresponds to an output
error eg = | logy(1 + 0.01) =4.32 mV. Conversely, eg == 10 mV corresponds to a
percentage error p such that 10 mV = 1 logo(1 + p), or p = 2.33%.

The main application of log amps is data compression. As an example, consider
the digitization of a photodetector current over the range 10 nA <ij < 100 A with
an error of less than 1% of its actual value. Since we have a four-decade range, the
required resolution is 0.01/10* = 17105, or 1 ppm. Since 10% = 220, this requires

ve (lin)

(@) (b)

FIGURE 13.1
Logarithmic characteristic and the transdiode configuration.

a 20-bit A/D converter, which can be a challenging and expensive proposition.
Consider now the effect of compressing the input with a log amp before digitizing.
Letting, for instance, b = 10, V,, = | V/dec, and [; = 10 nA, the current range is now
compressed to a 0 to 4-V voltage range. Since a 1% current accuracy corresponds
to a 4.32-mV voltage interval, the required resolution is now (4.32 x 10-3)/4 =
1/926 = | /2"), or 10 bits. This represents a substantial reduction in cost and circuit
complexity!

The inverse function of logarithmic compression is exponential expansion. This
is provided by the antilogarithmic amplifier (antilog amp), whose transfer charac-
teristic is

ig=1b""Y (134)

where 1, is the output reference current and V; the input scale factor, in yolts per
decade or per octave. The output of an antilog amp can be converted to a vollage
by means of an op amp -V converter. When plotted on semilog paper with v; on
the linear axis and i /1, on the logarithmic axis, Eq. (13.4) also yields a straight
line. The above log conformity error considerations still hold, but with the input and
output errors interchanged.

The Transdiode Configuration

Log/antilog amplifiers exploit the exponential characteristic of a forward-active BJT.
By Eq. (5.3), this characteristic can be written as vgeg = Vr In(ic/l). Practical
logging BITs conform to this equation remarkably well over a range of at least six
decades,! typically for 0.1 nA <ic <0.1 mA. The heart of log/antilog amps is the
circuit of Fig. 13.1b, known as the transdiode configuration. The op amp converts
v} to the current i; = v /R, and then forces the BJT in its feedback path to respond
with a logarithmic base-emitter voltage drop to yield
Vi
=-Vrin— 13.5
vo TIn el (13.5)
If we take into account also the input bias voltage Vos and bias current Iy, then
the collector current becomes ic = (vy — Vos)/R —15,s0the transfer characteristic
takes on the more realistic form
vi — Vos — Rig

vo = —Vrin—— —— (13.6)
5

The input offset error (Vos + Rig) sets the ultimate limit on the range of inputs
that can be processed within a given log conformity error. Wide-dynamic-range
loggers use op amps with ultra-low Vos and /g to approach the ideal characteristic
of Eq. (13.5). The ultimate limit is then posed by drift and noise. if the transdiode is
driven directly with a current source i, Eq. (13.5) reduces to vo = — Vr In(i; /s),
and the ultimate limit is now set by the input bias current of the op amp or by the low-
end log conformity error of the BIT, whichever is higher. In general, current-driven
loggers offer a wider dynamic range than voltage-driven loggers.
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610 Stability Considerations
CHAPTER 13
Nonlinear Transdiode circuits are notorious for their tendency to oscillate due to the presence

Amplifiersand  of an active gain element inside the feedback loop. As shown in Fig. 13.2a, the
Phase-Locked transdiode is stabilized' by using an emitter-degeneration resistance Rg 10 reduce
Loops the feedback factor 8, and a feedback capacitance C s to provide feedback lead. To
investigate stability we need to find the feedback factor B. To this end, refer to the
ac model of Fig. 13.2b, where the BJT has been replaced by its common-base small-
signat model.* The BJT paramelers r, and r, depend on the operating current /¢
as
o — o VT r= VA
¢ - [C [ ’C
where Vr is the thermal voltige and V4 is the so-called Early voltage. Fypically,
a@ =1 and V4 = 100 V. The base-collector junction capacitance Cy and the
inverting-input stray capacitance C, are typically on the order of a few picofarads.

a3n

i

(a) b)
FIGURE 13.2
Transdiode circuit with frequency compensation, and its incremental model.
Circuit analysis is facilitated by the introduction of
- Ra=RHlroliry Rp=re+ Rg (13.8)
Applying KCL at the summing,junction gives
vall/Ra + joo(Cp + Cy)] + tie + joCp(vy — vg) =0
Letting i, = —v,/ Ry, rearranging, and solving for § = vn/vo gives, fora = 1,
1 - Re 1+ Jf/f,
B Ral+jfffp

where the zero and pole frequencies are

fo= 1 PR
T MR(CH+Cut Cp) P T 2mRCy

(13.9)

(13.10)

The |1/ 8] curve has the low-frequency asymptote 1/ 8y = Rp/ Ry, the high-frequency
asymptote 1/foo = | + (Cu + Cp)/Cy, and two breakpoints at f; and f,. While
fr and 1/Boo are relatively constant, f, and /8y depend on the operating current
as per Eq. (13.7), so they can vary over a wide range of values, as exemplified in
Fig. 13.3. The hardest condition to compensate is when ic is maximized, since this
minimizes 1/fg and maximizes fp, leading to the highest rate of closure. As a rule
of thumb,! Rg is chosen so that, when ic is maximized, 1/8g = 0.5 V/V and
fp = 0.5 fx, where f, is the crossover frequency.

EXAMPLE 13.1. [In the circuit of Fig. 13.2alet R = 10kQ2, I mV <v; <10V, C, +
C, =20pF, V4, =100V, rs = 2MQ, and f, = 1 MHz. Find suitable values for Rg
and C].

Solution. At the upper end of the range, where ic = (10 V)/(10kQ) = | mA, we
have r, = 26 2, r, = 100 k2, and R, = 9 kQ2. Imposing (26 + R:}/9000 = 0.5 gives
Rg = 4.47 kQ (use 4.3 k).

Next, find f; using the definition la(jf,)| x B = L. Letting la(if )| = fi/f:
andusing 1/B = 14+ (Cy + C,.)/Cy weget f, = f/[1+ (G, + C,)/ Cy). Imposing
Jp = 0.5 f, and simplifying, we finally obtain
C = I +(Ca +CL)/Cs

! n Rbﬁ
Substituting the given parameter values, along with R, = 4.3 kR, gives C; = 90 pF
(use 100 pF).

Figure 13.3 indicates that at low values of v, the response is dominated by f)p,
thus resulting in slow dynamics. This is not surprising, since at low current levels
it takes longer to charge or discharge the various capacitances. Al low currents
we have r. > Rg, so fp = 1/2nr,Cy, indicating a time constant 1 = r,Cy; =
(Vr/lc)Cy = (Vr/v;)RC{. For instance, with Cy = 100 pF, at Ic = | nA we
have v = (0.026/10~%)10~ ' = 2.6 ms, s0 we must be prepared for slow dynamics
near the low end of the range.

dB

0 - f (Hz)
104 10’ / IO\
10w =10V
FIGURE 13.3
Bode plots for the transdiode circuit of Exam-
ple 13.1.
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Practical Log/Antilog Circuits®

Both the output scale factor and the input reference term in Eq. (13.5) depend
on temperature. The circuit of Fig. 13.4 overcomes this serious drawback by us-
ing a matched BIT pair to eliminate /;, and a temperature-sensitive voltage di-
vider to compensate for TC(Vr). The op amps force the BJTs to develop vgg; =
Vr In(iz/I51) and vggs = V7 In(Jrgp/152), where Ipgr = VRer/R,. By the volt-
age divider formula, vz = vo/(1 + R2/R1). But, by KVL, vz, = vgm —
vae) = Vr In({IRer/1s2)(Us1/i;)]. Eliminating v g7 and using the property Inx =
2.303 log g x, we get

vo =V, mgmi‘r’T (13.11)
i

Ri(T)+ Ry VRer I

e A A Yl
For matched BJTs Js3/1sy = 1, so we get the temperature-independent expression
I; = Vggr/R,. Moreover, for R, 3> Ry, we can approximate V, = —2.303R,;Vr/
R (T), indicating that V, can be thermally stabilized by using a resistance R (T)
with TC(Ry) = TC(Vr) = 1/T = 3660 ppm/°C. A suitable resistor is the Q81
(Tel Labs), which must be mounted in close thermal coupling with the BIT pair. The
function of Dy is to protect the BITs against inadvertent reverse bias. The use of the
LT 1012 picoampere-input-current, microvolt-offset, low-noise op amp (Linear Tech-
nology) allows for a voltage-logging range of 4% decades. With the given component
values, Vo = —~1 V/dec and [; = 10 uA, so vo = —(1 Videc) log,qlvy /(0.1 V)].
Vo and I; are calibrated via R; and R;.

If the input reference current [; is allowed to vary, the log amp is called a log ratio
amplifier and finds application in wide-dynamic-range ratiometric measurements
where the unknown signal is measured against a reference signal that is itself variable.
Typical examples are absorbance measurements in medicine and pollution centrol,
where light transmitted through a specimen is measured against incident light, and the
result must be independent of incident light intensity. This application is illustrated

Vo = -2.303 (13.12)

LM394

FIGURE 13.4
Logarithmic amplifier.

Log ratio amp
it
— @ 2,
N l F[—V_SIZ_‘ p o,
= ~ = Ry
OA,
+

Source irer | T % R(T)
—b
Angr T
% -

FIGURE 13.5 .
Log ratio amplifier for absorbance measurements.

in Fig. 13.5, where frequency compensation and reverse-bias protection have been
omitted for simplicity. The transmitted light A; and the incident light AgrgF are
converted to the proportional currents i; and iggF by a pair of matched photodiodes
operating in the photovoltaic mode. Then, the circuit computes the log ratio vp =
Vo logyo(is/irer) = Vo log o(A; /AREF), where V, is given by Eq. (13.12).

Figure 13.6 shows how the log amp can be rearranged to implement an expo-
nential amp. It is left as an exercise for the reader (see Problem 13.4) to prove that
the circuit gives

ip = I,10"/ Y (13.13)
VrRer Iz Ri(T)+ R
= 3y =233 2, 13.14)
fo Rr X lsl ! RI(T) T (

With the given component values, /, = 0.1 mA and V; = —1 V/dec. It is important
that the collector of 9 be returned to a 0-V node, such as the virtual-ground node
of the I-V converter OA3, in order to nullify the collector-base leakage current of
5. Otherwise, this current may degrade log conformity at the low end of the range.

. LM39%4
) Vier R, e Q 0 -2 R
i5v - 1 -,—4“ 2
10kQ 69.8 k2 100k
33 pF B3
LM329 ™ 220 >
695V OA, AN OA,
+ R, + Yo
L LF411 | LTi012
IN914 ‘E R(D v

FIGURE 13.6
Antilog amplifier.
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Log, log-ratio, and antilog amplifiers are available in IC form from various
manufacturers (Analog Devices, Burr-Brown, Harris). These devices usually work
over a six-decade cyrrent range (1 nA to | mA) and a four-decade voltage range
(1 mVio 10 V).

True rms-to-dc Converters

The logarithmic characteristics of BJTs are also exploited to perform a variety of
slide-rule-like analog computations. A popular example is true rms-to-dc conversion,

defined as
-y T ) 172
Vems = -j ve( de (13.15)
T Jo

Vrms gives a measure of the energy content of v{t), so it provides the basis for accu-
rate and consistent measurements, especially in the case of ill-defined waveforms,
such as noise (electronic noise, switch contact noise, acoustical noise), mechanical
transducer outputs (stress, vibration, shock, bearing noise), SCR waveforms, low-
repetition-rate pulse trains, and other waveforms carrying information on the average
energy generated, transmitted, or dissipated.

Equation (13.15) can be mechanized by performing the operations of squaring,
averaging, and square rooting. Referred to as explicit rms computation, this scheme
places severe demands on the dynamic output range of the squarer, which must
be twice as wide as the input range. This drawback is overcome by implicit rms
computation, in which the gain of the squarer is made inversely proportional 0 Vins
to make the output dynamic range comparable to the input range.

A common implementation of this principle is shown in Fig. 13.7, where fre-
quency compensation and reverse-bias protection have been omitted for simplicity.

*

:
o
-l

0 Vi

R
YW
R R Ri2
—A W =
a | OA2

W) D r §: + R

o
La
FIGURE 13.7

True rms converter.

AN
—V

>—

53

OA) and the associated circuitry convert v(t) to a full-wave rectified current ic) =
v/ R flowing into Q. By KVL, vgg1 + vgga = vpE1 +vBE2. or Vr In[(ic3/1,3) x
(ica/ls4)) = VrInlticy/I51) x (ic2/152)). Assuming pairwise matched BJTs and
ignoring base currents so that icy = icy, we get

Substituting i%l =vI/R? and icy = Vims/ R gives
V2
RVims
indicating that the scale factor of the squaring function is controlled by Vs, as
expected of implicit computation.

OA;3 forms a low-pass filter with cutoff frequency fy = 1/27 RC. For signal
frequencies sufficiently higher than fo, OA3 will provide the running average of
ic3 a8 Vans = Ric3 = v2/ Vis. Making the approximation Vs = Vyms, we can
writeV,2,s = vZ, or

ic3=

Vems = (v2)!/2 (13.16)

As a consequence of the approximations made, Vims of Eq. (13.16) will differ
from the ideal Vis of Eq. (13.15) by an average (or dc) error as well as an ac (or
ripple) error. Both errors can be kept below a specified limit by using a svitably large
capacitance." However, 100 large a capacitance will increase the response time of
the circuit, so a compromise must be reached. An effective way of reducing ripple
without unduly lengthening the response is to use a post filter, such as a low-pass
KRC type.

The structure of Fig. 13.7 (or improved variations thereof) is available in IC
form from various manufacturers. Consult the literature? for useful application tips.

i

13.2
ANALOG MULTIPLIERS

A multiplier produces an output v proportional to the product of two inputs vy
and vy,

vo = kvyvy 3.147

where k is a scale factor, usuaily 1/10 V=1, A multiplier that accepts inputs of either
polarity and preserves the correct polarity relationship at the output is referred to as
a four-quadrant multiplier. Both the input and output ranges are usvally from —10 V
to +10 V. By contrast, a two-quadrant multiplier requires that one of its inputs be
unipolar, and a one-quadrant multiplier requires that both inputs be unipolar,
Multiplier performance is specified in terms of accuracy and nonlinearity. Ac-
curacy represents the maximum deviation of the actual output from the ideal value
predicted by Eq. (13.17); this deviation is also referred to as the total error. Nonlin-
carity, also referred to as linearity error;, represents the maximum output deviation
from the best-fit straight line for the case where one input is varied from end to
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end while the other is kept fixed, usually at +10 V or —10 V. Both accuracy and
nonlinearity are expressed as a percentage of the full-scale cutput.

Muitiplier dynamics are specified in terms of the small-signal bandwidth, rep-
resenting the frequency where the output is 3 dB below its low-frequency value,
and the /% absolute-error bandwidth, representing the frequency where the output
magnitude starts to deviate from its low-frequency value by 1%.

Variable-Transconductance Multipliers

Monolithic four-quadrant multipliers utilize the variable-transconductance principle’®
to achieve errors of fractions of 1% over small-signal bandwidths extending well into
the megahertz range. This principle is illustrated in Fig. 13.8a. The block uses the dif-
ferential pair Q3-Q4 to provide variable transconductance, and the diode-connected
pair Q-Q to provide the proper base drive for the former. The following analysis
assumes matched BITs and negligible base currents.

By KVL, vy + vBE4 — vBE3 — vBE2 = 0, Of vBE3 - vBE4 = VBEY — VEE2.
Using the logarithmic v-i characteristics of the BJTs, this can be expressed as

VrIn(ia/is) = VrIn(iy/iz), or ,

i3 _ i}

ia i
Rewriting as (i3 — i4}/(i3 + is) = (i) — {2}/ (i1 + i2) gives
iy —ia = (i1 —d2) x (i3 + ig)

’ i +i2
indicating the circuit’s ability to multiply the current difference (i; — i3) by the total
emitter current (iy + iq).

To be of practical use, the circuit requires two V- converters to synthesize the

terms (i} —i2) and (i3 + i4) from the input voltages vy and vy, and an I-V converter
to convert (i3 — i4) to the output voliage v . Moreover, provisions must be made to

(13.18)

Q@ Q.
\ 4 i i
1 aly 4w K
XIO—KQ] 1273
a & O3 R,
X0
(¥ ) Ix
i i i+
!o& &oz ? ‘o‘ Vee
(a) »

FIGURE 13.8
Linearized transconductance block, and differential V-1 converter.

ensure four-quadrant operation; as is, the circuit is only two-quadrant because the
current (i3 + i4) must always flow out of the emitters.

Figure 13.8b shows the circuit used to provide V-I conversion. By KCL, i) =
Ix +ig andiz = Iy —ip,, where ig, = (vg1 — vE2)/R, is the current through
Ry, assumed to flow from left to right. Consequently,

VEl — VE2
Ry

ByKVL,vg|—vg2=(vx,~vBE1) —(vx,—vBE2) = (vX,—VX,) — (VBEI —VBE2),OF

i|—ip=2

i
VE| — VE? = VX, — VX, — VTI"E

Combining the two equations gives *

2V i
_T]n!l
Ry i2

In a well-designed multiplier the Jast term is on the order of 1% of the other two, so
we can ignore it and approximate

2
i1 —iz= R—(V)‘rI —-vx,) — * (13.19)
x

2
if—h= E_(vx' —vx,) (13.20)
x

indicating the circuit’s ability to provide differential V-I conversion.
Figure 13.9 shows the complete multiplier. Four-quadrant operation is achieved
by using two transconductance pairs with the bases driven in antiphase and the

R, RZ n;,

@ 4} [N ’-KQL‘ Qs

i

1

I

1

i

|

1

'

i

]

|

; j i

(2] [ X, 2y Qo r—°"1 (2] Qu Z
Mg

R R R,
’ -»——P«i p——N—2
-0 X; orn %
:,dP Iy l.(? ly(P szP (¢ i
Vee

FIGURE 13.9
Four-quadrant analog multiplier.
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emitters driven by a second V-I converter. Substituting Eq. (13.20) into Eq. (13.18)
and using the identities i + i; = 2Ix and i3 + iy = iy, we obtain

iy - iy = g
Ryly
Likewise, using the identity i5 + /g = i1p, we obtain
ig—is= wim
R,r Iy

Subtracting the first equation from the second pairwise and using ijp — iy =
(2/Ry)(vy, — vy,), we obtain

(vx, —vx,)(vy, — vy}
RcR,Ix /2

The output /-V converter is made up of the op amp and a third V-/ converter
in its feedback path, namely, Q;-Qj2. By KVL, the voitages at the inverting and
noninverting inputs are vy = Voo —=R(ig+Hig+iy ) andvp = Vec— R(i3+is+iy2).
The op amp will provide Q12 with whatever drive it takes to make vy = vp, or
ig +ig+ i =i3+is5+iyp, thatis,

(ia +ig) — (i3 is) =

2
Ug+ig) = (3 +is) =iz —in = vz, = vz,)
4

Combining the last two equations, we finally obtain

vy, - vz, = klvg, —vx,)(vy, —vy,) (13.21)
R,

= 13.22

ReRylIy (13:22)

Most multipliers are designed for k = 1/(10 V). Letting vop = vz, — vz,,vx =
VX, — Vx,. and vy = vy, — vy, gives Eq. (13.17).

One of the main causes of linearity error is the logarithmic term of Eq. (13.19).
This error is, to a first approximation, compensated for by introducing an equal but
opposite nonlinearity term via the V-I converter Q1-Q)2 inside the feedback path.
The architecture of Fig. 13.9 forms the basis of a variety of monolithic multiplicrs.
Two of the earliest and most popular examples are the AD534 (Analog Devices)
and MPY 100 (Burr-Brown). The AD534L version has a maximum pretrimmed total
error of 0725%, a maximum linearity error of §.12%, a typical small-signal bandwidth
of 1 MHz, and a typical 1% amplitude error bandwidth of 50 kHz.

»

Multiplier Applications

Analog multipliers find application in signal modulation/demodulation, analog com-
putation, curve fitting, transducer linearization, CRT distortion compensation, and
a variety of voltage-controlled functions.!-6

Figure 13.10 shows the basic connection for signal multiplication, or vg =
v1v2/10. As such, it forms the basis of amplitude modulation and voltage-controlled
amplification. When either input is zero, v should also be zero, regardless of the
other input. In practice, because of slight component mismatches, a small fraction
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15V =

50 kf2

1 k2
-15V !

FIGURE 13.10
Basic multiplier connection for vg = v v3/10. If followed by a low-pass [
filter, it can be used for phase detection.

of the nonzero input will feed through to the output, causing an error. In critical
applications such as suppressed-carrier modulation, this error can be minimized by
applying an external trim voltage (+30-mV range required) to the X or the Y5 input.

Of particular interest is the case in which the inputs are ac signals, or vy ==
V) cos(wyf + 8)) and v = V5 cos(wyt + &), for then their product is, by a well- ;
known trigonometric identity

vy V-
vo = —;63{005[@1 ~ Wt + (8] — 8)] + cosf(w) + wa)t + (6 + 62))])

indicating that v consists of two components, with frequencies equal to the sum

and the difference of the input frequencies. If the input frequencies are the same and i
the high-frequency component is suppressed with a low-pass filter, as shown, then
we get

v,V
vo = -2 cos(®) — ) (13.23) ‘
20 |

In this capacity, the circuit can be used in ac power measurements or as a phase
detector in phase-locked-loop circuits. !

Figure 13.11 shows how a multiplier can be configured for two other popular
functions, namely, analeg division and square-root extraction. In Fig. 13.11a we

E,__.I:r
[

s

vg=10(v/v))
(a) )]

FIGURE 13.11
Analog divider and square-rooter. L
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have, by Eq. (13.21), 0—v3 = (v{ —0)(0—v¢)/10,0rv g = 10(v2/v|). To maximize
the denominator range, return the X7 input to a trimmable voltage (4:3-mV range
required).

In Fig. 13.11b we have 0 — v; = (vp — 0)(0 — v0)/10, orvp = /TOv;. The
function of the diode is to prevent a latching condition, which could arise in the event
of the input inadvertently changing polarity. Additional applications are discussed
in the end-of-chapter problems.

133
OPERATIONAL TRANSCONDUCTANCE AMPLIFIERS

An operational transconductance amplifier (OTA) is a voltage-input, current-output
amplifier. Its circuit model is shown in Fig. 13.12a. To avoid loading effects both
at the input and at the output, an OTA should have z4 = z, = 60. The ideat OTA,
whose circuit symbol is shown in Fig. 13.12b, gives ig = gmvp, or

io =gm(vp —VN) (13.24)

where g, is the unloaded transconductance gain, in amperes per volt.

In its simplest form, an OTA consists of a differential transistor pair with a
current-mirror load.” We have encountered this configuration when studying op
amp input stages, in Chapter 5. In the bipolar example of Fig. 5.1 the OTA consists
of the Q-Q7 pair and the 03- Q4 mirror; in the MOS example of Fig. 5.8 it consists
of the M;-M3 pair and the M1-M; mirror.

Besides serving as building blocks for other amplifiers, OTAs find applica-
tion in their own right. Since it can be realized with just one stage and it operates
on the principle of processing currents rather than voltages, the OTA is an inher-
ently fast device.? Moreover, 2m can be varied by changing the bias current of
the differential transistor pair, making OTAs suited to electronically programmable
functions.

(@) &)

FIGURE 13.12
Operational transconductance amplifier: (a) equivalent circuit and
(b) ideal model.

gm-C Filters

A popular OTA application is the realization of fully integrated continuous-time
filters, where OTAs have emerged as viable alternatives to traditional op amps.”?
OTA-based filters are referred to as gm-C filters because they use OTAs and capac-
itors, but no resistors and no inductors. A popular gp,-C filter example is shown in
Fig. 13.13a. Its analysis proceeds as follows.

B

vi(H)

@) (2]

FIGURE 13.13
Second-order g,-C filter and its RLC equivalent.

By Eq. (13.24), I} = gm1(V; ~ VBp), I2 = gm2ViLp, and I3 = —gm3Vpp. By
Ohm’s law, Vi p = (1/sC2)I3 and Vp = (1/sC})(]} + 7). Combining, we get

Ve _ 5C28m1/8m28m3 13.25)
- == 3.
Vi $°CCo/gm28m3 +5C28m1/8m28m3 + 1

It is readily seen that this transfer function is the same as that of the RLC equiva-
lent of Fig. 13.13b, provided C = Cy, R=1/gm;, and L = C2/gm28m3- Evidently,
&m1 simulates a resistance, whereas the combination gm2-gm3-C2 simulates an in-
ductance. Moreover, the circuit provides Vgp and Vi p simultaneously, a feature
not available in its RLC counterpart. What is even more important is that we can
automatically tune fg by varying gm2 and gn3, and tune Q by varying gm).

EXAMPLE 13.2. (a)Inthe filter of Fig. 13.13afind g and gz = gm3 for wy = 10° rad/s
and Q =5 with C; = C; = 100 pF. () What are the values of the simulated resistance
and the simulated inductance? {c) The sensitivities of the filter?

Solution.

(a) By inspection, @y = +/Bm28m3/C1C2 a1 Q@ = T1/C3 X \/Zm28m3/8m1. Substi-
tuting the given data, we get gm1 = gm3 = 10 pA/V and gm) = 2 uA/V.

(b) R =500k,and L =1 H.

(¢) The sensitivity of @ with respect to gm is —1: all other sensitivities are either % or
— 3. which are fairly low.
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Off-the-Shelf OTAs

Figure 13.14 shows a popular OTA available as an off-the-shelf IC. Its heart is the
linearized transconductance multiplier made up of D|-D; and @3- Q4. The remain-
ing blocks, each consisting of a BJT pair and a diode, are high-output-impedance
current mirrors of the Wilson type. Denoting the collector current of transistor 0
as iy and ignoring base currents, we can describe circuit operation as follows.

FIGURE 13.14
Bipolar OTA.

The rpirror Q)-D3-Q7 accepts the external control current /¢ and duplicates it
at the emitiers of the Q3-Q4 pair to give

i3t+ig=Ic
. - - . £] .
The mirror Qs-Dy-Qs duplicates i3 to yield ig = i3, and the mirror Q7-Ds-Qg
‘_1upl|c?tes igtoyieldig = ig, soig = i3. Likewise, the mirror Q9-Dg-Q 19 duplicates
ia to yield i1p = i4. Consequently, KCL givesip = ijg — ig, or
io=1i4—i1
Retracing the reasoning of Section 5.1, we can write

io=lcmnth—2%:—~

where Vr is the thermal voltage. As we know, this is a nonlinear characteristic,

which, for |[vp — vy| « 2V7r, can be approximated as
Ic
g = —— - 13.26
0 = 3y (vp —vn) ( )

indicating that g, = Ic/2Vr.
To accommodate applications requiring a wider linear range at the input, the
linearizing diode network of Fig. 13.15 is used. Applying Eq. (13.18), we can write
i2— 10
is + iy

ip=i4—iy=

With v; = v, the bias current provided by Rj splits evenly between D) and Ds,
giving ia — i) = 0. Moreover, we can write iz + i) = I, = (Vcc — Vp)/IR3y +
(R1 Il R2)/2] = 1.08 mA, where we have assumed Vi = 0.7 V. Making v) # v2
wil! unbalance the two halves of the input network and divert a greater portion of
IR, toeither Dy or Dy, depending on the imbalance direction. The voltage variation
at the anodes is designed to be negligible compared to Ve over an input range
of more than 10 V, so0 i3 + i) can be assumed to be constant. Using simple KCL
reasoning, we find that Iz, is completely diverted from one diode to the other when
Ivi —val S (R + R ik, = 113V Camsequently, for vy —va| < 11.3 V we have
iz — i = (v — v2)/(L1.3 k§2). Substituting into the above equation, along with
iz + i} = 1.08 mA, we obtain

ig = gm(v) —v2) (13.27a)
~ lc
&= oy (13.27b)

The scale factor of approximately 1/(12.2 V} allows for operation over the range
—10 V < (v; - v2) < 10 V with negligible linearity error and no fear of saturation.
Popular OTAs of the type shown are the LM13600 (National Semiconducter) and
NES517 (Signetics). The CA3080 (Harrig) comes without the input diodes.

gy
RI
10k 0kQ
v Ry ‘T o5k Ky T 05k v
FIGURE 13.15

Input tinearization network,
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Applications with Off-the-Shelf OTAs

Though OTA data sheets propose quite a variety of useful applications, we shall
examine a few representative ones, namely, voltage-controlled amplifiers, filters,
and osciltators (VCAs, VCFs, and VCOs).

Vi

172 EM13600

FIGURE 13.16
Voltage-controlled amplifier with linear control.

Figure 13.16 shows a basic VCA (note the alternative symbol for the OTA). Here
OA| and Q) form a V-7 converter to provide /¢ = Vc/R, where we are assuming
the base current of Q) to be negligible. OA; converts i to a voltage v, and since
ip is proportional to the product /¢ x vy, the final result is vp = Avy,

A=kVc (13.28)

where k is a suitable proportionality constant, in V='. The 1-k§2 pot is used for
offset nulling, and the 25-k$2 pot for the calibration of k. By Eq. (13.27), adjusting
the 25-kQ pot near 12.2 k2 yields k = 1/(10 V), indicating that varying V¢ from 0
to 10 V will change A from O to 1 V/V. The circuit is calibrated as follows: (a) with
vy = 0, sweep V¢ from 0 to 10V, and adjust the 1-kQ2 pot for the minimum deviation
of vp from 0 V; (b) with V- = 10 V, adjust the 25-k2 pot so that vg = 10 V for
vy =10V.

The circuit of Fig. 13.16 provides linear gain control. Audio applications often
call for exponential control, or

A = Agh*¥e (13.29)

where b is usuaily either 10 or 2, k is a proportionality constant in decades or octaves
per volt, and Ay is the gain for V¢ = 0. Exponential control is readily achieved by
generating Ic with an antilog converter, as shown in Fig. 13.17. Since /¢ must be
sourced to the OTA, the BJTs must be of the pnp type. With V¢ = 0, the circuit
gives Ic = | mA; increasing V- decreases /- exponentially with a sensitivity of k
dec/V or k oct/V, with k being set by R».

. 4

IN914 22k02
l =“ vw : 4
Ry g I
& @
Ve(P) R ADE21 i [

-
LM385 -15v
25V

FIGURE 13.17
OTA with exponential control.

OTA-based VCFs and VCOs rely on the integration of the OTA’s output current
using a capacitor. The example of Fig. 13.18 uses also an op amp lo provide low output
impedance. Writing Vo = (—1/5sC)l, = (—1/sC) x {Ic/(122 V)] x (V2 — W),
and letting s = j2x f, we obtain

1 Ic
o= FmM Y o= mmane
The circuit integrates the difference V; — V2 with a programmable unity-gain fre-
quency fp. For instance, varying /c from 1 A to 1 mA with C =652 pF will
sweep fo over the entire audio range, from 20 Hz to 20 kHz. I¢ can be generated
either with a linear V-1 converter, as in Fig. 13.16, or with an exponentiai converter,
as in Fig. 13.17.

The circuit of Fig. 13.19 uses two OTA-based integrators to implement a state-
variable topology of the type of Fig. 4.37. The output current of the V-/ converter,
which can be controlled either linearly or exponentially, is split between the two
OTAs by the suitably biased AD821 matched BIT pair.

(13.30)

10kQ

FIGURE 13.18
Current-controlled integrator.
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FIGURE 13.20
Current-controlled relaxation oscillator.

o,/

1
Applying Eq. (13.30), we get Vap = (Vi — VBp/Q — VLp)/(if /fo) and Vi p =
Vap/(jif /fo). Combining, we obtain |
Vep Vip ,
= — = 13.31
m QO Hgp m Hyp (13.31)

where Hpp and Hy p are the standard second-order band-pass and low-pass functions
defined in Section 3.4, and

VLTI 4

fo=——¢
0= (22 v)C

If a resonance gain of unity is desired, then increase the 10-k2 input resistance by a f
factor of Q. To reduce Q-enhancement effects, follow the directions of Section 6.5
and use a small phase-lead capacitor in parallel with the 10-k<2 interstage resistance.

In the circuit of Fig. 13.20 the OTA is used to source/sink a current of value I¢c,
and thus charge/discharge C at a programmable rate. The resulting triangle waveform

i alternates between 5 V and 10 V, the thresholds of the high-input-impedance CMOS {
g % timer. The frequency of oscillation is (see Problem 13.16),
e 3 Ic \
E h=10n (13.32)
g As usual, I¢ can be controlled either linearly or exponentially. If the triangular wave
-‘:‘ is used, a buffer amplifier may be required.
5 ‘
2
ol 134 <
u ¥ PHASE-LOCKED LOOPS
[T i
S

A phase-locked loop (PLL) is a frequency-selective circuit designed to synchronize
with an incoming signal and maintain synchronization in spite of noise or variations
in the incoming signal frequency. As depicted in Fig. 13.21, the basic PLL system {
comprises a phase detector, a loop filter, and a voltage-controlled oscillator (VCO).

The phase detector compares the phase 6; of the incoming signal v; against
the phase 8¢ of the VCO output v, and develops a voltage vp proportional to

the difference 6; — 6¢. This voltage is sent through a low-pass filter to suppress l
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vp (@ 6p) controlled
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FIGURE 13.21
Basic phase-locked loop.

high-frequency ripple and noise, and the result, called the error voltage v, is applied
to the control input of the VCO to adjust its frequency wo.

The VCO is designed so that with vg =0 it is oscillating at some initial
frequency wy called the free-running frequency, so its characteristic is

wo(t) = wg + Kovg(D) (13.33)

where K, is the sensitivity of the VCO, in radians-per-second per volt. If a periodic
input is applied to the PLL with frequency «ty sufficiently close to the free-running
frequency wy, an error voltage vg will develop, which will adjust wg until vp
becomes synchronized with vy, that is, until for every input cycle there is one, and
only one, VCO cycle. At this point the PLL is said to be locked on the incoming
signal, and it gives wp = w; exactly.

Should @y change, the phase shift between vo and vy will start to increase,
changing vp and, hence, the control voltage vg. This change in v is designed to
adjust the VCO until wg is brought back to the same value as wy . This self-adjusting
ability by the feedback loop allows the PLL, once locked, to track input frequency
changes. Since a change in w; is ultimately reflected by a change in vg, we use vg
as the output of the PLL whenever we wish to detect changes in wy, as in FM and
FSK demodulation.

A PLL can be designed to lock on the incoming signal in spite of noise that might
afflict such a signal. A noisy input will generally cause the phase-detector output
vp to jitter around some average value. However, if the filter cutoff frequency is
low enough to suppress this jitter, v g will emerge as a clean signal, in turn resulting
in a stable VCO frequency and phase. We thus use wg as the output of the PLL
whenever we wish to recover a signal buried in noise, and also in frequency-related
applications such as frequency synthesis and synchronization.

Lock and Capture

To develop a concrete understanding of PLL operation, consider the case of phase
detection being accomplished with a balanced mixer of the type discussed in Sec-
tion 13.2. As we know, the mixer output contains the sum and difference frequencies
wr + wp. When the loop is locked, the sum is twice w; and the difference is zero,
or dc. The low-pass filter suppresses the sum but passes the dc component, which
thus keeps the loop in lock.

If the loop is not locked, and if the difference frequency falls above the cutoff
frequency of the filter, it will be suppressed along with the sum frequency, leaving
the loop unlocked and oscillating at its free-running frequency. However, if wo is
sufficiently close to w; to make the difference frequency approach the filter band
edge, part of this component is passed, tending to drive wg toward w;. As the
difference wg — wy is reduced, more error signal is transmitted to the VCO, resulting
in a constructive effect that ultimately brings the PLL in lock.

The capture range is the frequency range + Awc, centered about wy, over which
the loop can acquire lock. This range is affected by the filter characteristics, and gives
an indication of how close w; must be to wy to acquire lock. The lock range is the
frequency range £ Awy, also centered about wyg, over which the 1oop can track the
input once lock has been established. The lock range i affected by the operating range
of the phase detector and the VCO. The capture process is a complex phenomenon,
and the capture range is never greater than the lock range.

The time it takes for a PLL to capture the incoming signal is called lhe capture
time or pull-in time. This time depends on the initial frequency and phase differences
between v; and v, as well as the filter and other loop characteristics. In general, it
can be said that reducing the filter bandwidth has the following effects: (a) it slows
down the capture process, (b) it increases the pull-in time, (c) it decreases the capture
range, and (d) it increases the interference-rejection capabilities of the loop.

The PLL in the Locked Condition

When in the locked condition, a PLL can be modeled'®2 as in Fig. 13.22. This
diagram is similar to that of Fig. 13.21, except that we are now working with Laplace
transforms of signal changes (symbolized by lowercase letters with lowercase sub-
scripts) about some operating point, and operations on these changes, both of which
are generally functions of the complex frequency s. The phase detector develops the
voltage change

va(s) = Kqba(s) (13.34a)
B4(s) = 8;(s5) — B,(s) (13.34b)

]
whiere K is the phase-detector sensitivity, in volts per radian. This voltage is sent
through the loop filter, whose transfer function is denoted as F(s), and possibly

FIGURE 13.22
Block diagram of the basic PLL system in the locked condition.
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an amplifer with gain K, in volis per volt, to produce the error-voltage variation
ve(s). This, in wm, is converted to the frequency variation wofs) = Kove(s), by
Eq.(13.33). _

Since the phase detector processes phase, we need a means for converting from
frequency to phase. Considering that frequency represents the rate of change of
phase with time, or @ = d(t)/d1, we have

1
8() = 6(0) + [0 wlg) dt (13.35)

indicating that frequency-to-phase conversion is inherently an operation qf in!egra-
tion. Exploiting the well-known Laplace transform property that integration in the
time domain corresponds to division by s in the frequency domain, we us¢ the 1/s
blocks shown.

If we were to open the loop at the inverting input of the phase comparator, tt!e
overall gain experienced by 8; (s) in going around the path and emerging as 8,(s) is
Kqg x F(s) x Kg x Ko x /s, 0r

F(s)

T@s) =Ky (13.36)
Ky = KiKaKo (13.37)

where T(5) is the open-loop gain, in radians per radian, and K, is called the gain
facter, in s~ 1. With the loop closed, we readily find

6(s) T(s) _ K,F(s)
6is) 1+T(s) s+K.F@)

H(s) = (13.38)

Other transfer functions may be of interest, depending on what we consider as input
and output. For instance, substituting 8;(s) = w;(s)/s and 6, = (Ko/5)ve(s), we
readily get

vels) 1

= e 13.39
o) K H(s) ( )

which allows us to find (he voltage change v{s) in response to an input frequency
change w;(s), as in FM and FSK demodulation.

Comparing Fig. 13.22 with Fig. 1.21, we observe that a PLL is a negative-
feedback system with x; = 6; axs = 6o, and af = T = K, F(s)/s, indicating that
the open-loop gain T plays also the role of the loop gain of the system. Further, even
though we are more attuned to frequency, we must recognize that the natural input of
aPLL is phase. Since T — oo as s — 0, the PLL will force 6, to track 6;, justas an
op amp voltage follower forces v, to track v;. In this respect, it pays to view a PLL
as a phase follower. The fact that it also forces wo to track wy is a consequence of
this phase-follower action, along with the phase-frequency relationship w = d6/dt.

As seen in Chapter 8, the loop gain T affects both the dynamics and the stability
of the PLL. In turn, T(s) is strongly influenced by F(s). We make the following
observations; (@) The number of poles of H (s) defines the order of the loop, (b) the
number of 1/s terms (or integrations) present within the loop defines the ype of a

loop. Because of the 1/s function associated with the VCO, a PLL is at least Type I,
and its order equals the order of the filter plus 1.

First-Order Loop

Consider the instructive case in which there is no loop filter, or F(s) = 1. The result s
a first-order loop, and the above equations simplify, after the substitutions — jw, as

T(jw) = (13.40)

jo/K,
veliw) _ _ 1/Ko
wi(jo) 1+ jo/K,
Equation (13.40) indicates a Type I loop with crossover frequency w, = K, and
phase margin ¢, = 90°. Equation (13.41) indicates that the loop inherently pro-
vides a first-order low-pass response with a dc gain of 1/ K, V/Arad/s) and a cutoff
frequency of Ky rad/s.

If w;(s) is a step change, the resulting change v.(t) will be an exponential
transient governed by the time constant t = 1/K,. If w;(¢) is varied sinusoidally
with a modulating frequency @y, v.({f) will also vary sinusoidally with the same
frequency wy; its amplitude is Jve| = (1/K,)|w;] at low frequencies, and rolls off
with wy, at the rate of —1 dec/dec past K.

(13.4D)

EXAMPLE 133, A first-order PLL with K, = 10* 5! uses a VCO with a free-running
frequency of 10 kHz and a sensitivity of 5 kHz/V. (a) What is the control voltage
needed to lock the PLL on a 20-kHz input signat? On a 5-kHz input signal? (b) Find
the response v, (¢) if the inpul frequency is changed stepwise as f; = [10 + u(r)] kHz,
where u(1) = 0 for ¢ <0 and u{t) = t for 1 > 0. (c) Repeat if the input frequency is
modulated as f; = 10(1 + 0.1cos 27 f,.1) kHz, f. = 2.5 kHz.

Solution.

4
(@) By Eq. (13.33), vg = (wp — @n)/K,, where wy = 2w 10* rad/s and K, = 27 x
$ x 10° = 1 10* (radisWV. For wg = 21 x 20 x 10° rad/s we getvg =2V, and for
wo =2 x5 x 10° rad/s wegel vg = ~1 V.
(b) The response to a step increase w; (1) = 2mwu(¢) krad/s is an exponential transient
with amplitude |o; (1)]/K, = 2x10*/10*x = 0.2 V, and time constant 1/K, =
1/10* = 100 us, so

Ve(t) = 02() — e /0B,y

(c) Now w;(r) = 2 x 10* x 0.1cos 2n f,t = 2w 10 cos 2 2500r rad/s. Calculating
Eq. (1341} at jw = jwy = j2r2500 rad/s gives

veljwa) 1/10°x _ 05370 .
orGom) ~ TF 7222500/10° = 100 [2L3Z V/(rad/s)

Letting w; (jwm) = 2 10° /0° rad/s gives v, (jwm) = 0.1074 /=57.52° V, s0
vl1) = 0.1074 cos(2w2500r — 57.52°) V

The'abscnce of a loop filter drastically limits the selectivity and noise-
suppression capabilities of a PLL, so first-order loops are seldom used in practice.
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Second-Order Loops

Most PLLs utilize a one-pole low-pass filter and are thus second-order loops. Such
a filter provides a flywheel-like function that allows the VCO to smooth over noise
and jumps in the input frequency. As seen in Chapter 8, the presence of a second
pole within the loop erodes the phase margin, so care must be exercised to avoid
instability. Second-order loops are stabilized by introducing also a filter zero to
counterbalance the phase lag due to the filter pole.

A popular loop filter is shown in Fig. 13.23a. Called a passive lag-lead filter, it
provides the transfer function

_l+s/w;
T 1+s/wp

where w; = 1/R2C and wp =1/(R) + R2)C. By Eq. (13.36), the loop gain is
now

F(s5) (13.42)

1+ jw/w,
(o/Ky)(1 + jofwp)
indicating a second-order, Type I loop. This gain is plotted in Fig. 13.235 for the case
in which @, is positioned at the geometric mean of wp and Ky, ofr @; = Jw, K.
The crossover frequency is then w, itself, and the phase margin is 45° Also shown
for comparison is the loop gain of the first-order loop, or F(s) = 1.

T(jw) = (13.43)

|T| (aB)

1# order lcop

-20 dB/dec

[}
oy mz&\
b

o (dec)

FIGURE 13.23
Passive lag-lead filter, and magnitude plot of the loop gain T.

EXAMPLE 134. (a)Given a PLL system with K, = 10*s~!, specify a passive lag-lead
filter for a crossover frequency w, = 10* rad/s and a phase margin ¢ = 45° (b) What
are the actual values of w, and ¢, ?

Solution,

(a) For ¢, =45 we want w,=w,=10" radls, so w,=w/K,=10/10¢=
100 rad/s. Let C = 0.1 uF. Then, R; = 1 /w,C = 10kQ,and R, = 1/w,C — Ry =
90 kS2 (use 91 k§2).

(b) Using Eq. (13.43), along with the trial-and-error technique of Example 8.1, we find
the actual values w, = 1.27 krad/s, and ¢, = 180° + LT (j1.27 x 10%) = 56°.

I7] B)
R R € R R,
Vo
p p oV, o \- o (dec)
BN
(@ - (b
FIGURE 13.24
Active PI filter, and magnitude plot of the loop gain 7. .

Another popular loop filter is the active PI filter of Fig. 13.24q, so called because
its output is proportional to the input as well as to the integral of the input. The
inverting stage OA; can be omitted by interchanging the phase-detector inputs, if
needed. Assuming ideal op amps, the filter gives

_1+s5/w,

F(s) (13.44)
s/wp
where @, = 1/R;C and wp = 1/R) C. The corresponding loop gain is
. 1+ jow/w,
T(jw) = ———tt e (13.45)
U = GalKyGala)

indicating a second-order, Type Il loop. As shown in Fig. 13.24b, the slope is
~40 dB/dec below w,, and —20 dB/dec above w,. Imposing again w, = \/wpK,
gives wy = w; and ¢n = 45°

Compared to the passive filter, whose dc gain is F(0) = 1, the active filter gives
F(0) = oo, indicating that the phase error §p needed to sustain the contro] voltage
v g approaches zero when the PI filter is used. In practice, F (0) is limited by the finite
de gain of OA|; even so, 8p will still be vanishingly small, implying 8¢9 = 8;, or
phase coherence at the detector input. The use of the active filter also avoids possible
loading effects at the output.

Damping Characteristics

Additional insight is gained by substituting Eqs. (13.42) and (13.44) into Eq. (13.38),
and then expressing the latter in the standard form of Eq. (3.40). The results (see
Problem 13.20) are

(28 —ewn/KyXs/wn) +1

= 13.46a

H () = o2 + 2t am) 1 (13.462)
Wp @,

wn = JwpK, ;=E(|+ﬁ) (13.46b)
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for the passive lag-lead filter, and

2¢(s/wn) + |

H(s) = 13.47

© (s/wn)? + 20 (s/wn) + 1 (13:47a)
W,

wy = (JwpkK, = '20% (13.47p)

for the active Pl filter. As we know, w, is the undamped natural frequency, and ¢
is the damping ratio. If w, « Ky, as is predominantly the case, Eq. (13.46) reduces
to Eq. (13.47) and the PLL with the passive lag-lead filter is said to be a high-gain
loop. We observe that H(s} is in both cases a combination of the band-pass response
Hpp and the low-pass response Hyp. At low frequencies H — Hyp, but at high
frequencies H — Hpp. -

Recall that for { < 1 the step response exhibits overshoot. To keep the latter
within reason, it is customary to design for 0.5 < < 1. Under this condition, the
time constant governing the loop response to small phase or frequency changes is
roughly7

1

TE - (13.48)
Wn

and the loop bandwidth, obtained by imposing |H (jw)! = 1/1/2, ish?

w_sap =wnll £27+ /1 + (1 £ 20212

where the plus (minus) sign holds for high-gain (low-gain) loops.

(13.49)

EXAMPLE 135, (a) Find ¢, 7, and w_; gp for the PLL of Example 13.4. () Find the
response v, () to small input changes of the type w; = |aw; [u(f) and w; = |w;| COS Wm!,
wy = | krad/s.

Solution.

(a) By Eq. (13.46b), w, = V102 x 10° = | krad/s and ¢ = [10°/2 x 10%)[1 +
10°/10%) = 0.55. Using Eq. (13.49) for the high-gain loop case gives w_3 45 =
1.9w, = 1.9 krad/s. By Eq. (13.48), t = 1/10° = | ms.

(b) Substituting the above data into Eq. (13.464) gives

_ 5/10° + 1
T /1002 + 1.1(s/10%) ¥ 1

This function has a complex pole pairats = —550 + j835 complex Np/s, indicating
a step response of the type

M(s)

ve(1) = %[1 — Ae™¥ co5(835¢ + ¢))
with A and ¢ suitable constants. Calculating H(s) at s = jw, as in Example 13.3,
we find the ac response as
eos |

K' 1.286 cos(10% — 45°)

Ve(t) =

+

Filter Design Criteria

In general, w, is chosen high enough to ensure satisfactory dynamics, yet low enough
to provide sufficient flywheel action for smoothing over undesired frequency jumps
or noise. A typical design process proceeds as follows: (a) first, choose wy to achieve
either the desired w_3 gg or the desired 1, depending on the application; (b) next,
using Eq. (13.46b) or (13.47b), specify wp, for the chosen wy; (c) finally, specify w,
for the desired ¢.

We observe that because of the filter zero, a second-order PLL acts as a first-
order loop at high frequencies, indicating a reduced ability to suppress ripple and
noise. This drawback can be overcome by adding a capacitance Cy « C in parallel
with R; in either of the above filters. This creates an additional high-frequency pole
and tums the loop into a third-order loop. To avoid perturbing the existing values of
w, and ¢, significantly, this pole is positioned about a decade above w, by imposing
1/RCy = 10w,.

EXAMPLE 136 Redesign the filter of Example 13.4 for w_ 345 = 1 kuad/s and { =
1/»/2. What are the new values of 7 and ¢,,? What value of C; would yield a third-order
loop without reducing ¢ too much?

Solution. With{ = I/\/E wegelw, = w.3qp/2 = 10°/2.0 = 500rad/s,sot = 2 ms.
Equation (13.46b) gives w, = 25 rad/s and w, = 366 rad/s, which can be realized with
C =1 uF, R =39k, and R; = 2.7 kQ. Proceeding as in Example 13.4, we find
w; = 757 rad/s, and ¢, = 66°. Use C; = C/10=0.1 uF.

13.5
MONOLITHIC PLLs

Monolithic PLLs are available in various technologies and in a wide range of perfor-
mance specifications. 2 [n the following we discuss the popular 4046 CMOS PLL
as a representative example. '

The 74HC(T)4046A CMOS PLL

Originally developed by RCA, the 4046 family of CMOS PLLs has gone through
a series of improvements, and presently includes the 74HC(T)4046A, the
T4HC(T)T046A, and the 74HC(T)9046A (Philips).'3 We select the 4046A version,
shown in simplified form in Fig. 13.25, because it includes the three most common
phase detector types, known as Type [ (PC)), Type Il (PC3), and Type 1l (PC3)
phase comparators. Since the circuit is powered from a single supply (typically
Vss = 0V and Vpp = 5 V), all analog signals are referenced to ¥pp/2,0r2.5 V.

The VCO

The VCO, whose detaits’-'? are omitted for brevity, is a current-controlled mul-
tivibrator operating on 4 principle similar to that of the emitter-coupled VCO of
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FIGURE 13.2%
Simplified block diagram of the 4046A CMOS PLL.

Fig. 10.30. The current for the capacitor is obtained from the control voltage vg via
a V-I converter whose sensitivity is set by R| and whose output is offset by R;. The
VCO characteristic is of the type

ky ky

fo=pE"et R

(13.50)

where & and k; are suitable circuit constants. As shown in Fig. 13.26, the value of
fo comresponding to vg = Vpp/2 is called the center frequency fy. It is apparent
that if Ry is omitted (Ry = 00), the frequency offset fory = ka/R2C becomes
zero. The maximum VCO frequency of CMOS PLLs is typically on the order of
10 MHz.

fo
fO(uus) o
fo e
f(’lmin) —l—— =
Sowm 4|r.’__{. _______ L _______ l' ________
] ] '
1
! : ! Set by R,C
i
t
04— i N e
0 VEmin 0.5V Vermay  Vpp

FIGURE 13.26
VCO characteristic and terminology.

The VCO characteristic of Eq. (13.50) holds only as long as vg is confined
within the range vg(min) £ VE < VE(max). For a 4046A PLL with Vpp = 5V, this
range is typically!3 1.1 V<vg <3.9V. The frequency range corresponding to the
permissible range of v is calied the VCO frequency range 2 fg. Outside this range
the VCO characteristic depends on the particular 4046 version, and it can be found
in the data sheets.

The VCO sensitivity is Ko = 2fR/IVE(max) — VE(miny)- In FM applications it
is usually required that the V-F characteristic of the VCO be highly linear in order
to minimize distortion. However, in such applications as frequency synchronization,
synthesis, and reconstruction the linearity requirements are less stringent.

The Type 1 Phase Comparator

The Type I phase comparator, depicted in Fig. 13.274, is an exlusive-OR (XOR) gate.
This gate outputs vp = Vpp = 5 V whenever its input levels disagree with each
other, and vp = Vss = 0 whenever they agree. This is exemplified in the timing
diagram of Fig. 13.28, where the waveforms have been plotted as a function of «w; ¢,
It is apparent that if we average out vp(¢) by means of a low-pass filter, the result
is Vp = DVpp, where D is the duty cycle of vp. D is minimized when the inputs

(@) ®

FIGURE 1}.27
Type 1 phase comparator, and its output average Vp as a
function of the input phase difference.
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FIGURE 13.28
Typical waveforms for the Type I phase comparator in the locked condition: 8p = /6 (left),
8, = m/2 (center}, and 8p = (5/6)x (right).
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are in phase with each other, and maximized when they are in antiphase. If both
input waveforms have 50% duty cycles, as shown, then 0 < D < 1. Consequently,
PC) will exhibit the characteristic of Fig. 13.27b, and Ky = Vpp/n = S/n =
1.59 V/rad.

An altemnative implementation of the Type 1 comparator, especially in bipolar
PLLs designed to work with low-amplitude inputs, is a four-quadrant multiplier,
as discussed in Section 13.2. Also called a balanced modulator, the multiplier is
implemented with a scale factor high enough to ensure that vy will typically over-
drive tlt(l)e multiplier and thus render the sensitivity K4 independent of the amplitude
of v !

The Type | comparator requires that both inputs have 50% duty cycles; if at least
one input is asymmetrical (see Preblem 13.23), the characteristic will generally be
clipped, reducing the lock range. Another notorious feature of the Type I comparator
is that it may allow the PLL to lock on harmonics of the input signai. Note that if
vy is absent, vp oscillates at the same frequency as v, so the average of vp is
Vp =0.5Vpp, and wp = wy.

The Type I1I Phase Comparator

The Type 11l comparator, shown in simplified form in Fig. 13.29a, overcomes both of
the above limitations by using an edge-triggered set-reset (SR) flip-flop. As depicted
in Fig. 13.30, vp now responds only to the rising edges of v; and v, regardless
of the duty cycles. It is readily seen that the phase range of PC3 is twice as large
as that of PC|, so the characteristic is as in Fig. 13.29b, and K; = Vpp/2n =
0.796 V/rad.

The advantages of edge-triggering operation come at the price of higher sen-
sitivity to noise. An input noise spike may falsely toggle the flip-flop and cause
unacceptable output errors. By contrast, with a Type 1 comparator, an input spike is
merely transmitted to the output, where it is suppressed by the loop filter.

We observe that in the locked condition the output frequency is wp = 2w for
PC}, and wp = wy for PC3, so the ripple at the output of the loop filter is generally
higher with PC5 than with PC|. Note that with v; absent, PC3 will drive wg as low
as it can.

FF
Vo o—P R

(@ b

FIGURE 13.29
Type 11l phase comparator, and its output average Vp as a
function of the input phase difference.
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FIGURE 13.30
Typical waveforms for the Type 11I phase comparator in the locked condition: ¢p =
7 /4 (left), 8p = 5 {center), and 8, = (1/4)x (right).

The Type I1 Phase Comparator

The Type 11 comparator differs from PC| and PC3 because its output depends not
only on the phase error 8; — 8¢, but also on the frequency error w; — wg when the
loop has not yet acquired lock. Also called a phase-frequency detector (PFD), the
circuit is shown in simplified form in Fig. 13.31a.

Yoo o~ p 0
| FR
v _Q
T = v
o
Voo b oo
CcL
Yo o-b Vool }———~ !
A 4
FF, II I|
Vopodp @ — 0 B H o
- ] 2
(@) ®)

FIGURE 13.31
Type 11 phase comparator, and its output average Vp as a function of the input phase difference.

With reference to Fig. 13.32, we observe that PC3 produces UP pulses when
the rising edge of v; leads that of v, DN pulses when the rising edge of v/ lags
that of vg, and no pulses when the leading edges are aligned. An UP pulse closes
the MOSFET switch M, and causes the filter capacitance C 1o charge toward Vpp
via the series Ry + R;. A DN pulse closes switch M, and discharges C toward
Vss = 0 V. Between pulses, both Mp and M,, are off, providing a high-impedance
state to the filler. When PC3 is in this state, C acts as an analog memory, retain-
ing whatever charge it had accumulated at the end of the last UP or DN pulse.
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FIGURE 13.32
Typical waveforms for the Type II phase comparator for wg = wy: vo
lags v, (left), vo is in phase with v (center), and v leads v, (right).

Clearly, we now have vp = vg = v¢. The characteristic is as in Fig. 13.315, with
K4 = Vpp/4n = 0.398 V/rad. For obvious reasons, PC; is also called a charge-
pump phase comparator.

To appreciate its operation, suppose we initially have w; > wg. Since v; gen-
erales more rising edges per unit time than vg, UP will be high most of the time,
pumping charge into C and thus raising wg. Conversely, when w; < wg, DN is high
most of the time, pumping charge out of C and lowering . In either case, PC will
keep pumping charge until the inputs become equal both in frequency and in phase, or
wo =y and 8 = 6. We conclude that PC; approaches ideal-integrator behavior.

Itis apparent that a PLL with a Type Il comparator will lock under any condition,
and that it drives the input-phase ervor to zero over the full frequency range of the
VCO. Moreover, since the UP and DN pulses disappear entirely once the loop is
locked, v ¢ will exhibit no ripple, so there are no unwanted phase modulation effects.
The main drawback of PC1 is its susceptibility to noise spikes, just like PC3. Even
s0, PCy is the most popular of the three PCs, Note that with v; absent, PCy will
drive wg as low as it can.

Designing with PL.Ls

The design process of a PLL-based system involves a number of decisions'Z dictated
by the performance specifications of the given application, along with considerations
of circuit simplicity and cost. For 4046 PLLs, this process requires (a) the specifi-
cation of the VCO parameters f; and 2 fg, the choice of (b) the phase-detector type
and (c) the filter type, and (d) the specification of the filter parameters w) and w,.
To simplify the process, computer programs are available that accept specifica-
tions by the user and translate them into actual resistance and capacitance values to
meet the VCO and filter requirements. An example is the HCMOS Phase-Locked
Loop Program, by Philips Semiconductors (check our Web site at http://www.mhhe.
com/franco to find how to download this program), which also provides important

data about the loop dynamics and displays the frequency response via Bode ]plots.
Once a PLL system has been designed, it can be simulated by computer,”'2 for
instance, using svitable SPICE macromodels.'4 However, the designer stilt needs a
sound understanding of PLL theory to judge the results of any simulation!

Popular PLL applications!? include FM, PM, AM, and FSK modulation/ demod-
ulation, frequency synchronization and synthesis, clock reconstruction, and motor
speed control. Here we discuss two examples, FM demodulation and frequency
synthesis. Other examples can be found in the end-of-chapter problems.

EXAMPLE 137. An FM signal is being modulated over the range of | MHz & 10kHz
with amodulating frequency of 1 kHz. Using ad046A PLL. design a circuit to demodulate
such a signal.

-

Solution. Forthe VCO we let fo = | MHz, and choose 2 fz wide enough to accommo-
date parameter spread. Thus, let 2 fg = 0.5 MHz. This gives K, = 21 x0.5x 10%/2.8 =
1.122 x 10° (rad/s)'V. Using the data sheets or the aforementioned PLL’program,
we find that a suitable set of VCO components is Ry =95.3 kQ, Ry =130 k£, and
C =100 pF.

Next, anticipating a noisy input signal, we choose PC|, so Ky = 5/r V/rad and
K, = K;K, = 1.786 x 10° s~'. To allow for the possibility of a weak input, we take
advantage of the fact that the detector input buffers are self-biased near Vpp/2, where
gain is maximized. Consequently, the input signal is ac coupled, as shown in Fig. 13.33.

Finally, to minimize cost, we use a passive lag-lead filter. Impose ¢ = §.707 and
choose f 34p > fm. 52y, f-3a8 = 10 kHz. Proceeding as in Example 13.6, we find
w, = 553 rad/s and w, = 22.5 krad/s, which can be met with the filter components
shown in the figure.

Just as inserting a voltage divider within the feedback loop of an op amp in-
creases the output voltage swing, inserting a frequency divider inside the PLL loop
downstream of the VCO increases the VCO frequency. A frequency divider is imple-
mented with a counter, and the VCO output frequency becomes wp = Nwj, where
N is the counter modulus. Making the counter programmable allows the synthesis
of variable frequencies that are integral multiples of w;.

The PLL formalism still holds, but with K, replaced by K,/ N. We observe that
varying N varies also the gain factor X, so care must be exercised to ensure that
stability and dynamics are maintained over the full range of values of N.

100 pF
3 o] 7]
06k
4
rc, 2 vco
14
20002 n 12
100 053 %0
Y 20F ey kQ

FIGURE 13,33
FM demodulator using the 4046A PLL.
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FIGURE 13.34
Frequency synthesizer using the 4046A PLL.

EXAMPLE 138 ilng a 4046A PLL, design a circuit that accepts a 1-kHz reference
frequency and synthesizes all frequencies between | MHz and 2 MHz in 1-kHz steps.

Solution. To span the given range, we need & programmable counter between Ny, =
104/10° = 1000 and N,,,, = 2000. Choose, for instance, a 4059 counter, which allows
for N 10 be progranimed anywhere from 3 to 15,999 via a set of inputs referred to as the
Jjam inputs J in the data sheets.

For the VCO, specify fo halfway between the extremes, or f; = 1.5 MHz, and
again choose 2 fx wide enough, say, 2f = 1.5 MHz. This gives K, = 3.366 x 10°
(rad/s)/V. Using the data sheets or the aforementioned PLL program, we find the VCO
component values R, = 28.0k$2, R, =287k, and C = 110 pF.

Anticipating relatively clean on-board signals, we choose PCy, s0 Ky = 5/4rn
V/rad. Since N is variable, a reasonable approach'? is to design for the geometric mean
of the extremes, or for Npcun = /NuinNmax = 1414, The corresponding gain facior is
then Kuimean) = KaKo/Npean = 947 57,

We again usc a passive lag-lead filter. Imposing ¢ = 0.707 and arbitrarily choosing
wy = @; /20 = 210320 = 7100 rad/s, we obtain w, = 104 rad/s and w, = 290 rad/s.
Thes€ parameters are met with the filter components shown in Fig. 13.34, where the
wiring details of the 4059 counter have been omitted for simplicity.

Using Eq. (13.46b), we find ¢ = 0.78 for N = 1000, and { = 0.65 for N = 2000,
both of which are fairly reasonable values.

PROBLEMS
13.1 Log/antilog amplifiers

13.1 In the ransdiode of Fig. 13.2alet R = 10kQ, €, + C, = 20 pF, V, = 100V,
rg = 2MQ and f, = | MHz. If Ry = 4.3 kQ2 and C; = 100 pF, calculate 1/fo.

13.2

13.3

134

13.5

13.6

/B, fr.and f, for vy = 1 mV, 10 mV, and t0 V; bence, confirm the linearized plots
of Fig. 13.3.

Find the phase margin of the circuit of Example 13.1.
Modify the circuit of Fig. 13.4 to yield vp = —(2 Videc) log[vi/(1 V)]

(a) Derive Eqs. (13.13) and (13.14). (b) Design a circuit that accepts an input voltage
—5V <v; < +5V,andgivesig = (K 2A)27%/0 V); thiscircuit is useful in electronic
music. (¢) Modify the above circuit so that it gives the same output range, but for
0V <y 210V

The log conformity error at the upper end of the current range is due primarily 1o the
bulk resistance of the emitter region, which can be modeled with a small resistance
ry in series with the emitter itself. (a) Recompute the transfer characteristic of the
transdiode of Fig. 13.1b, but with r, in place. If r, = 1 €2, what is the log conformity
error at i; = | mA? Até; = 0.1 mA? (b) The effect of r, can be compensated by
feeding a small portion of v; to the base of the BJT. This is achieved by lifting the
base off ground, returning it to ground via a resistance R,, and connecting a secend
resistance R, between the source vy and the base of the BJT. Sketch the modified
transdiode, and show that choosing R, /R, = R/r, — 1 will eliminate the error due
tor,,

In the log amp of Fig. 13.4 the bulk-resistance error (see Problem 13.5) can be com-
pensated by connecting a suitable network between the base of @7 and the output of

OA;. Such a netwank oot of i resistance R in series with a diode D, (cathode
at the output ol (2t ., . s the antilog amp of Fig. 13.6 the compensation
network is comnics bt beiween the base of @) and the output of OA, (cathode at the

output of OA)). Show that the error is nulled when R, = (R, || R2)(2.2 kQ)/r,. What
is the required R,, given that the LM394 has r, = 0.5 Q?

13.2 Analog multipliers

13.7

13.8

A popular multiplier application is f}equency doubling. One way of configuring the
AD534 for this operation is as follows:® connect X; and ¥, to ground, connect X
and ¥, together and drive them with a source v; = 10coswt V, connect the Out
pin 1o Z; via a 10-kQ resistor, connect Z; 10 Z; via another 10-kS2 resistor, and
drive Z; with a 10-V reference voltage. (a) Skeich the circuit; then, using the iden-
tity cos?a = (1 + cos2w)/2 obtain an expression for the output vy. (b) Assum-
ing well-regulated £15-V supplies, design a circuit to generate the 10-V reference
for Z,.

The AD534 multiplier can be made to approximate the sine function within 0.5% of
full scale as follows:® connect ¥; to ground, connect ¥, and Z; together and drive
them with a source v;, connect ¥, to X; via a 10-k$? resistor, connect Xz to ground
via an 18-k resistor, connect the Out pin to Z, via a 4.7-kQ resistor, connect Z, to
X via a 4.3-kSQ resistor, and connect X, to ground via a 3-kQ resistor. (a) Skeich
the circuit, derive an expression tor the output vy as a function of v;, and calcu-
fate v at some significant points to verify that the circuit approximates the function
vo = 10sin[(v,/10)90°] V. (b) Using additional components as needed, design a cir-
cuit that accepts a triangular wave with peak values of 5 V and gives a sine wave
with the same frevaency and peak values as the input,
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644 13.9 The ﬁDS:M multiplier can be configured to yield the percentage deviation between 13.16 (a) Sketch and label all relevant waveforms in the CCO of Fig. 13.20, and derive 645
CHAPTER |3 twa signals vy and v, as follows: connect X, and Z, together and drive them with Eq. (13.32). (b) Find C so that fy = 100 kHz for Ic = | mA; next, using this CCO Problems
Nonlinear vy, connect X, and ¥, to ground, drive Z; with v2, connect the Out pin to ¥; via a as basis, design a VCO such that fp = (100 kHz)10~Y</@ Y} 0 < V. < 10 V. Qutline
Amplifiers and resistance R, and connect ¥; to ground via a resistance R,. Develop an expression its calibration procedure.
Phase-Locked for the output vy, and specify Ry and R; for vp = 100(vy — v})/v,.

Loops 13.4 Phase-locked loops
13.10 Figure P13.10 shows a transducer-response linearization technique using a four-
quadrant multiplier. Derive an expression for Vg as a function of & and verify that it
is linearly proportional to & in spite of the fact that the voltage across the transducer
is a nenlinear function of 5.

13.17 Find the phase response 8,(1), in degrees, in parts (a) and (&) of Example 13.3.

13.18 If welet R; = Oin Fig. 13.23q, the zero is moved to infinity, resulting in a passive lag
filter. Such a filter finds limited use because it does not allow for w, to be specified
nv independently of X, . (a) Verify that if we let R; = O in the filter of Example 134,

the phase margin is inadequate. (&) Specify a newsset of values for R; and C to ensure
R Pm = 45° with Ry = 0. What is the corresponding value of @, ?
! 13.19 Repeat Example 13.4, but using an active P1 filter. :
R(1+ & i
13.20 Prove Eqgs. (13.46) through (13.47).
10V =

13.21 APLLhasey = 2x10°rad/s, K4 = 0.2 V/rad, K, = | V/V,and K, = w108 (rad/s)/V.
Design an active P filter for a loop time-constant of approximately 100 periods of the
free-running frequency and @ = 0.5.

FIGURE P13.10 !

13.22 If a 0.1-uF capacitance is connected in parallel with R; in the loop filter of Exam-
ple 13.6, find how it affects w, and ¢,,.

13.11 Using the AD534 as a voltage-controlled attenuator, design a programmable first-
order low-pass filter with a dc gain of 20 dB and f = kV¢, 0.1 V< Ve <10V and
k = 100 Hz/V. Hint: See Problem 12.1%.

13.5 Monolithic PLLs

13.3 Operational transconductance amplifiers

13.23 (a) Sketch and label the average Vp, versus 8p for a Type 1 phase comparator if the
duty cycles of v; and vo are Dy = } and Dg = {. (b) Repeat, but with D; = § and
Do = }. Comment.

13.12 Find the transfer function of the g,,-C filter of Fig. P13.12.

13.24 Sketch v/, v, UP, DN, and v for a Type II detector if (@) wy is slightly higher than
wg, (b) w; is slightly lower than wg, (¢) w1 3> wg, and (d) w; K wo.

13.28 A certain CMOS PLL is powered between 5 V and 0 V, and uses a Type I phase com-
parator and a VCO with K, =5 MHz/V and f; = 10 MHz for vz = 2.5 V. (a) Design
a passive lag-lead filter for w, = 2a5 krad/s and Q =0.5. (b} Sketch v;, vp, vp, and
vg for the case in which the loop is locked to an input frequency of 7.5 MHz.

FIGURE PI13.12

13.13 Design an exponential VCA such that A = 2-¥</(' V) y/v 0 < V- <10 V. Hence, 13.26 Find v.(f) in the FM demodulator of Example 3.7.
outline its calibration procedure.

13.27 Dual-slope ADCs are clocked at a frequency that is locked to the ac line frequency
fiine in order to reject line-induced noise. Using a 4046A PLL, design a circuit that
accepls fine (either 60 Hz or 50 Hz) and gives fox = 2'® X fiine. Specify as many
parameters and components as you can in your circuit.

13.14 Design a programmable state-variable filter with Q = 10, Hogp = 1, and f; variable
over the audio range by means of control voltage Ve as fy = (20 kHz)2-%/0 V),

13.15 The VCAG610 (Burr-Brown) is a wideband VCA that accepts two signal inputs v, 13.28 Using a 4046A, for phase detection and an 8038 as VCO, design a circuit that generates
and vy and a conirol input V¢, and gives vo = A(vp —vy), where A=0.01 x a |-kHz sine wave synchronized on a |-MHz crystal oscillator.
10-Ye/03Y) yiy for —2 V < Ve <0. Using a VCA610 and an OPA620 wideband .
precision op amp, design a first-order low-pass filter with unity dc gain and pro- 13.29 An FSK signal v; alternates between f; = 1200 Hz (logic 0) and fy =2400 Hz
grammable cutoff frequency from 100 Hz to 1 MHz. (logic 1). One way'? to decode this signal with a 4046A PLL is to use PC;, a loop
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filter consisting of a plain RC stage with 1/2n RC = fy, the VCO with f =
(fo + fuy/2=18 kHz and 2 fg =2 kHz, and a positive edge-triggered latch flip-
flop of the type of Fig. 13.31, with v, as the D input and the VCO output vy as the
clock; the Q output of the flip-flop is the FSK decoder output. Draw the circuit; then
sketch and label v;, the average of v, v, and @ both for f; = f; and f; = fi. What
is the distinguishing feature of PC; that makes it attractive in this application?
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HATEG, 524
#AT9G, 524
HAT4l opamp, 1,2, 212, 215,
216, 249-257, 340
HATBOO series, 523-525, 530
#AT805 regulator, 525, 527
HATI00 series, 523, 530
Absolute accuracy, 562
Absolute maximum ratings, 241
Absolute-value circuit, 422
ac-dc converters, 426-428
ac noise. See Noise
Acquisition time, 439
Active compensation of
integrators, 285
Active filters, 106-210
all-pass filiers.
See All-pass filters
awdio filter applications,
121-126. See also Audie
filter applications
band-pass filters.
See Band-pass filers
band-reject filers.
See Band-reject filters
biquad filters, 147, 148
common frequency responses,
106-108
first-order tilters, 115-121.
See also First-order active
filiers
GBP, and, 289-293
higher-order filters, 160-210.

See also Higher-order
active fillers
high-pass filters.
See High-pass filters
KRC filters, 133-141. See also
KRC filters

limitation, 109

low-pass filters. See Low-pass
filters

multiple-feedback filters,
141-144

nawre of, 109

RLC filters, 109

SC filters. See SC filters

second-order fillers, 126-133.
See also Second-order
filters

sensitivity, 150-152

SV filters, 144-147
transfer function, 109-114
universal filters, 144-150
Active guard drive, 86, 87
Active Pl filter, 633
Active 1one control, 123-125
ADS22, 81
AD534, 618
ADS37 V-F converter, 484
ADS537 voliage-to-trequency
converter, 487489
ADS549, 222
ADS90 IPTAT, 518
AD590 two-terminal temperature
transducer, 512
ADS594/5/6/7 series, 519
ADSI7,364
AD7846 16-bit segmented
DAC, 577
A-D converters, 559-606.
See also D-A converters
CR ADC, 588-550
DAC-based A-D conversion,
584, 585
errors, 560
fiash converters, 590, 591
INL/DNL, 566
integrating-type conventers,
592-595
performance specifications,
564, 563
pipelined converters, 592
SA ADC, 586-588
subranging converters,
591,592
ADCs. See A-D conventers
Aliasing, 596
All-pass filters
all-pass response, 107, 108
second-order filters, 132
All-pole ladder, 182
Alternative D-element
realization, 178
Amount of feedback, 24
AMP-01, 83-85
Amplifier
bridge, 57. See also Transducer
bridge amplifiers
CFAs, 293-303. See also
Current-feedback
amplifiers (CFAs)
composite, 384-390
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current, 71,72
difference, 19, 20, 73-79.
See ulso Ditterence
amplitiers
fundamentals, 2-5
1As, 79-91. See also
Instrumentation
amplitiers
inverting, 12-15, 260-268
linear. 3
log/antilog, 608-615
main, 234
noninverting, 8-12, 262-264
nonlinear. S¢¢ Nonlinear
amplifiers
nuiling, 234
op amp. See Op amp
OTA, 620627
photadetector, 63
SHAs, 437-443
THAs, 437-443
transconductance. 63-71.
See ulso Voltage-to-
current converters
transducer bridge, 91-97
ransimpedance, 61, 294
transresistance, S, 61-63
VFAs, 293, 300-303
voltage, 3
Analog division, 619, 620
Analog-ground-switch, 430
Analog multipliers, 615-620
Analog switches, 428-433
Analog to digital converters. See
A-D converters
Angular frequency, 109, 258
Antilogarithmic amplifier,
609,613
Aperture jitter, 439
Aperture time, 439
Apenture upcertainty, 439
Astable multivibrator, 457
Audio filler applications,
121-126
active tone control, 123125
graphic equalizers, 125, 126
phono preamplifier, 122
tape preamplifier, 123
Autozero mode, 235
Autozero phase, 594
Autozero (AZ) technigue, 234
Avalanche breakdown, 507
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