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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 rehuttals. as epito­
mized hy statemcnls such as "If you cannot do it in digital. it's got 10 be done in
analog." Add to this the common 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 10 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 ofspecial 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 funclions as possible digitally is the
generally superior reliability and flexibility ofdigital 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 arplications continue
to emerge, where consideralions of speed and power make il more advantageous to
use analog fronl 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 circuilry to interface
with the physical world, and digital circuitry for processing and control. Even though
the analog circuilry may constitute only a small portion of the total chip area, it is
often the most challenging part to design as well as the limiting factor on the perfor­
mance of the entire system. In this respect, it is usually the allalog 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 conlinue to remain very strong. Even purely
digital circuits, when pushed to their operalional limits, exhibit analog behavior.
Consequenlly, a solid grasp of analog design princ,' .. II I "'('hniques is a valuable
asset in the design of any IC, not just purely digital or pureJ) analog ICs.

THE BOOK

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

xi

IPR2025-01331 Page 00004



xii 

Preface 
h:xthnuk for llllllcrgradu:1tc und gruduate course:. in design and applications with 
anulug intcgratcd circuits (analog !Cs), 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 
course we cover Chapters 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 lirst: namely. considerable pedagogical enhancements, inclusion of PSpice sim­
ulations, and expanded subject coverage to include, among others, current-feedback 
ampliliers, 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 increused by 10% to achieve 
a total of 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 net list examples in the accompanying 
WehMite at http://www.mhhe.com/franco. 

The desire lo 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 ideal device. II is felt that the student needs to develop sufficient con­
lidencc with ideal (or near-ideal) op amp situations hcli.1re tackling and assessing the 
L'(lllSL'qUL'llL"t.'S of practical devke limitations. Limitations are the subject of Part II 
(Chapters 5-8), which covers the topic in more systematic detail than previous edi-
1 ions. Finally. Part Ill (Chapters 9-13) exploits the muturity and judgment developed 
hy the reader in the lirsl two parts tu address a variety of design-oriented applications. 
Following is II brief chapter-by-chapter description of the material covered. 

Chapter 1 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 intmduced to simple PSpice models, which will become more sophisticated as 

we progress through 1he hrn,k. T!io�e h•struc!ors whl1 !1;1d the :oor,-,:,;i:: ;;·::mmc.,, 
overwhelming this early in the blK1k, may skip it to return 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 /-/ 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 ca.,;e of switched-capacitor (SC} filters. 

Chapter 5 addresses input-referrable op amp errors such as Vos, I B, I os, 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 6addresses dynamic limitations in both the frequency and time domains, 
and investigates their effect on the resistive circuits and the fillers that were studied in 
Part I using mainly ideal op ump models. Vollage-feedback and current-focdhack 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 II 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 Ill 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 Wien-bridge and quadrature os­
cillators, multivibrators. timers, function generators, and V-F and F-V converters. 

Chapter 11 addresses regulation. It 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 fundamental� 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 

/. 

Preface 

!, 
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Preface

conveners. Much has been written also about this subject, so this chapter ofnecessity
exposes the student only to the fundamentals.

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

THE WEBSITE

The book is accompanied by a website (http://www.mhhe.comlfranco)containing a
variety of Instructor and Student Resources as well 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
PageOut (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 IA

The term operational amplifier, or op amp for short, was coined in 1947 by John R.
Ragazzini to denote a special type ofamplifier that, by proper seledion of its external
components, could be configured for a variety of operations such as amplification,
addition, su~traction, differentiation, and integration. The first applications of op
amps were tn 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
ofop amp ~odules implemented with discrete BITs. However, the real breakthrough
occurred With the development of the integrated circuit (IC) op amp, whose elements
are fabricated in monolithic form on a silicon chip the size ofa pinhead. The first such
device was developed by Roben J. Widlar at Fairchild Semiconductor Corporation
tn the early 196Os. In 1968 Fairchild introduced the op amp that was to become the
industry standard, the popular /lA74 I. Since then the number of op amp families
and manufacturers has swollen considerably. Nevenheless, the 741 remains one of
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CHAPTER 12

O-A and A-O
Converters

' .... .. tIi
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NONLINEAR AMPLIFIERS AND
PHASE-LOCKED LOOPS

13.1 Log/Amilog Amplifiers
13.2 Analog MUltipliers
13.3 Operational Transconductance Amplifiers
13.4 Phase-Locked Loops
13.5 Monolithic PLLs

Problems
References

The highly predictable characteristic of the bipolar junction Iransistor is ex­
ploired in the realizalion of some very useful nonlinear functions, such as logarilh­
mic conversion and variable transconduclance multiplicalion. These functions. in
tum. 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, filtering,
and oscillation. These precise building blocks simplify analog design considerably
while broadening Ihe scope of practical analog circuits to applications where con­
siderations of speed or cost require implementation in analog rather Ihan 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
lopics that we have sludied so far. We thus find it appropriate to conclude the book
with this subject.
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(13.6)

(13.5)

(13.4)..

VI- Vos- RIB
\'a = - VT In --'---=-':---

RI.,

The input offset error (Vas + RIB) sets the ultimate limit on ';he range ~f inputs
that can be processed within a given log conformIty error. Wlde-dynamlc-range
loggers use op amps with ultra-low Vas and IB to ~pproach the ideal charactenst~c

of Eq. (13.5). The ultimate limit is then posed by dnft and nOIse. If the transdlOde IS

driven directly with a current source iI. Eq. (13.5) reduces to vo = - VT In(1 11 I.,),
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 BJT. whichever is higher. In general, current-driven
loggers offer a wider dynamic range than voltage-driven loggers.

VI
vo=-VTln­

RI.,

If we take into account also the input bias voltage Vas and bias current IB, then
the collector current becomes ic = (v1- Vos) I R - IB, so the transfer characteristic
takes on the more realistic form

Log/antilog amplifiers exploit the exponential characteristic of a forward-active BJT.
By Eq. (5.3), this characteristic can be written as VBE = VT In(ie/I,). Practic~1
logging BJTs conform to this equation remarkably well over a range of at lea~t SIX
decades, I typically for 0.1 nA:",: ic :"': 0.1 rnA. The heart of log/antilog amps 's the
circuit of Fig. 13.1 b, known as the transdiode configuration. The op amp converts
vI to the current i I = vII R, and then forces the BJT in its feedback path to respond
with a logarithmic base-emitter voltage drop to yield

The Transdiode Configuration

where 10 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 voltage
by means of an op amp 1-V converter. When plotted on semilog paper with vI on
the linear axis and iollo 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
outpot errors interchanged.

a 20-bit AID 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, Vo = I V/dec, and Ii = 10 nA, the current range is now
compressed to a 0 to 4-V voltage range. Since a I% current accuracy corresponds
to a 4.32-mV voltage interval, the required resolution is now (4.32 x 10-3 )/4 ;::
1/926 ;:: 1/210, 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

(13.3)

"0

lb)(a)

R

l--/- *(log)

Fila/HE 13.1
Logarithmic characteristic and the Iransdiode configuration.

13.1
LOG/ANTILOG AMPLIFIERS

A logarithmic amplifier-also called log amp, or logger-is an 1-V converter with a
transfer characteristic of the type

For instance, with b = 10 and Vo = I VIdec, a 1%input errorcorresponds to an output
error eo = I log10(I +0.01) = 4.32 mV. Conversely, eo = 10 mV corresponds to a
percentage error p such that 10 mV = I log10(I + 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:",: i/ :"': 100}.LA with
an error of less than I % of its actual value. Since we have a four-decade range. the
required resolution is 0.01/104 = 1/106 , or I ppm. Since 106 =220, this requires

i /
vo=Vologb - (13.1)

I;

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

DR = 10gb li./ lma• (13.2)
I,/Imin

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 I nA:",: i / :"': 1 rnA has
DR = loglO(IO-3/1O-9) = 6 decades, or DR = log2 106=20 octaves.

Plotting Eq. (13.1) on semilog paper with it! I; on the logarithmic axis and vo
on the linear axis, as in Fig. 13.la, yields it straight line with a slope of Vo V/dec.
Any departure of the actual characteristic from the hest-fit straight line is called the
log co'!formity error eo. 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,
wehaveea = vOlaclUalj-VOtideal) = Vologb[(I +p)(illl;»)- Vologb[illl;l,or
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Stability Considerations

aVT VA
T. = -- To = - (13.7)

Ie Ie
where VT is the thermal vollage and VA is the so-called Early vollage. Typically.
a :::: I and VA:::: 100 V. The base-collector junclion capacilance C,. and lIle
inverting-input stray capacilance Cn are typically on the order of a few picofarads.

611

SECTION 13. I

Log!Anlilug
Amplifiers

Figure 13.3 indicates thaI at low values of v/ the response is dominated by I 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. AI low currents
we have r.» RE' so I p :::: 1/2"r.Cf' indicating a time constant r :::: r.Cf ::::
(VrllC>Cf = (Vrlv/)RCk For instance, willl Cf = IOOpF,at Ie = I nAwe
have r :::: (0.0261 I0-9) 10- 0 = 2.6 ms, so we must be prepared for slow dynamics
near lIle low end of lIle range.

EXAMPLE 13.t. In the circuit of Fig. 13.2a let R = 10 kO, I mV < v, < 10 V, C. +
Co = 20 pF, VA = 100 V, Td = 2 MO, and I, = I MHz. Find suilable values for R.
andC,.

Solution. At lhe upper end of lhe range, where ic = (10 Vl/( 10 kOl = I rnA, we
have T, ~ 26 0, T. = 100 kO, and R. ~ 9 kO. Imposing (26 + R.l/9000 = 0.5 gives
R. = 4.47 kO (use 4.3 kOl.

Nexl, find I, using the definition laU!,ll x /300 = I. Lelling laU!,lI ~ M!,
and using liP"" = I + (C. + Col/C, we get I, = f,1[ I + (C. + Col/ClIo Imposing
I p = 0.5!, and simplifying, we finally obtain

C, = I + (C. + ColiC,

" R.f,
Substituting lhe given parameter values, along with R. ~ 4.3 kO. gives C, = 90 pF
(use 100 pF).

The II I PI curve has the low-frequency asymptote IIfJo = RbiRa,lhe high-frequency
asymptote 1//300 = 1+ (Cn + C,.)/Cf' and two breakpoints at I, and I p . While
I, and IIPoo are relatively constant, I p and II fJo depend on the operating current
as per Eq. (13.7). so Ihey can vary over a wide range of values. as exemplified in
Fig. 13.3. The hardesl condition to compensate is when ie is maximized. since lIlis
minimizes IIfJo and maximizes I p , leading to the highest rate of closure. As a rule
of lIlumb, I RE is chosen so that. when ie is maximized, I/fJo :::: 0.5 VlV and
Ip :::: O.5Ix. where Ix is lIle crossover frequency.

E

(b)

>--------' '0'0

(oj

R

" +

Transdiode circuits are notorious for their tendency 10 oscillate due 10 Ihe presence
of an active gain elemenl inside Ihe feedback loop. As shown in Fig. 13.2a, the
transdiode is slabilized I by using an emiller-degeneration resislance RE to reduce
the feedback factor /3. and a feedback capacilance Cf 10 provide feedback lead. To
invesligale slabilily we need 10 find the feedback factor /3. To this end. refer to the
ac model of Ft 13.2b, where the BJT has been replaced by its common-base small­
signal model. The BJT parameters T. and To depend on the operating current Ie
as
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(13.9)

(13.8)

FIGURE 1J.1

Transdiode circuit with frequency compensation, and its incremental model.

Circuit analysis is facilitated by the introduction of

Ra = R II To II Td Rb = r. + RE

Applying KCL al the summingjunction gives

vnl IIRa + jw(Cn + C,.») + air + jwCf(vn - va) = 0

Lelling i. = -vol Rb. rearranging. and solving for /3 = vnlvo gives, for a:::: I,

I Rb 1+ jflI,
{J = Ra I +jflIp

where the zero and pole frequencies are

dB

(13.10)

FIGURE 1J.3

Bode plots for the .ransdiode circuit of Exam­
ple 13.1.
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R,ITl

R,

..

FIGURE 13.6
Antilog amplifier.

FIGURE 13.5
Log ratio amplifier for absorbance measurements.

LM329
6.95 V

LM394

>-...---1-0 Vo

15 VO-C;.},"-+--JII'--.-==----..---ih.

Lo& ratio amp

in Fig. 13.5, where frequency compensation and reverse-bias protection have been
omitted for simplicity. The transmitted light A' and the incident light AREF are
converted to the proportional currents i, and iREF by a pair of matched photodiodes
operating in the photovoltaic mode. Then, the circuit computes the log ratio v0 =
Vo 10g\O(i, I iREf) = Vo 10g\O(A, IAREF), where Vo 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

io = 101Ov,;v, (13.13)

1
0

= VREF x Is2 Vi = -2.303 R, (T) + R2 Vr (13.14)
R, lsi RI(T)

With the given component values, 10 = 0.1 mA and Vi = -I Vldec.lt is important
that the collector of Q2 be returned to a 0-V node, such as the virtual-ground node
of the I-V converter OA2, in order to nullify the collector-base leakage current of
Q2. Otherwise, this current may degrade log conformity at the low end of the range.

(13.11)

(13.12)

LM329
6.95 V

'REP

rI----...~..-:--...-___"N'_-<l>--../V'---O15 v

FtGURE 13.4
Logarithmic amplifier.

Practical Log!Antilog Circuits)

i,
vo = Vo 10gIO ­

Ii

Vo = -2.303 RI (T) + R2 Vr I, = VREF x Is2
R, (T) R, lsi

For matched BITs Is21 Is I = I, so we get the temperature-independent expression
Ii = VREfl R,. Moreover, for R2 » RI, we can approximate Vo ;;;; -2.303R2Vrl
RI (T), indicating that Vo can be thermally stabilized by using a resistance RI (T)
with TC(RI) =TC(Vr) = liT = 3660 'ppm;oC. A suitable resistor is the Q81
(Tel Labs), which must be mounted in close thermal coupling with the BIT pair. The
function of DI is to protect the BJTs against inadvertent reverse bias. The use of the
LTI012 picoampere-input-current, microvolt-offset,low-noiseop amp (LinearTech­
nology) allows for a voltage-logging range of 4! decades. With the given component
values, Vo = -I V/dec and Ii = 10 J1.A, so vo = -(I Vldec) 10glO[vJ!(0.1 V»).
Vo and Ii are calibrated via R2 and R,.

Ifthe input reference current Ii 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 itselfvariable.
Typical examples are absorbance measurements in medicine and pollution control,
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

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 Is, and a temperature-sensitive voltage di­
vider to compensate for TC(Vr). The op amps force the BJTs to develop VBEI =
Vr In(iJ! lsi) and VBE2 =Vr In(lREFlls2), where IREF =VREFIR,. By the volt­
age divider formula, VB2 = vol(l + R2IRI). But, by KVL, VB2 = VBE2 ­
VBEI = Vr In[(lREFlls2)(lslli,)]. Eliminating VB2 and using the property Inx =
2.30310g lO x, we get

v,
( >0)
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(13.16)

vo = kvxvy (13.17)

where k is a scale factor, usually 1110 V-I. A multiplierthataccepts inputs ofeither
polarity and preserves the correct polarity relationship at the output is referred to as
afour-quadrant multiplier. Both the input and output ranges are usually 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 10 as the IOtal error. Nonlin­
earity, 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

As a consequence of the approximations made, V,ms of Eq. (13.16) will differ
from the ideal Vrms 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 suitably large
capacitance.4 However, too large a capacitance will increase the response time of
the circuit. so a compromise must he reached. An effective way of reducing ripple
without unduly lengthening the response is to use a post filter, such as a low-pass
KRCtype.

The structure of Fig. 13.7 (or improved variations thereof) is available in IC
form from various manufacturers. Consult the literature4 for useful application tips.

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

13.2
ANALOG MULTIPLIERS

OAI and the associated circuitry convert v(t) to a full-wave rectified current iCi =
Ivll R Oowing into Q,. By KVL, VBE3 +VBE4 = vBEI +VBE2, or VT In[(iC)1 15 3) x
(iC4lls4)) = VT InWCIIlsl) x (iC21Is2)). Assuming pairwise matched BJTs and
ignoring base currents so that iC2 = iCl' we get

·2
'CIiC) = -.-
'C4

Substituting i~1 = v2I R2 and iC4 = Vrmsl R gives

v2

iC3= -­
RVrms

indicating that the scale factor of the squaring function is conlrolled by Vrms, as
expected of implicit computation.

OA3 forms a low-pass filter with cutoff frequency fo = I12Jr RC. For signal
frequencies sufficiently higher than fo, OA3 will provide the running average of
iC) as Vnns ~ Ric3 = v2I Vnns . Making the approximation Vrms ~ Vnns, we can
writeVJ". =v2, or

R/2R

R

71

FIGURE 13.7
True nos converter.

True nns·to-dc Converters

The logarithmic characteristics of BJTs are also explo.ited to perform a variet~ of
slide-rule-like analog computations. A popular example IS true rms-to-dc converSIOn,
defined as

Vrms -: (~ foT V2(t)dt) 1/2 (13.15)

~ gives a measure of the energy content ofv(t), so it provides the basis foraceu­
n::;sand 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, transmilled, or dissipated.. . .

Equation (13.15) can be mechanized by performmg the operaltons of squanng,
averaging, and square rooting. Referred to as explicit rms computation, this scheme
places severe demands on the dynamic .output range. of the squarer, :-Vhi~h. 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 to Vnns
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 omilled for simplicity.

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 current range (1 nA to I lOA) and a four-decade voltage range
(I mV to 10 V).
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(13.20)

• (13.19)

..
Combining the two equations gives

2 2Yr il
il - i2 = -(vx - vx ) - -In.,-Rx I , Rx 12

In a well-designed multiplier the last term is on the order of I% of the other two. so
we can ignore it and approximate

2
il - i2 = -(vxl - vx,)Rx

indicating the circuit's ability to provide differential Y·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

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 Y·I conversion. By KCL, il =
Ix + iR, and i2 = Ix - iR,. where iR, = (VEl - VE2)/Rx is the current through
Rx • assumed to flow from left to right. Consequently,

. . VEl - VE2
Ii -/2 = 2 R

x

By KVL. VEI-VE2 = (vx
l
-VBEI)-(VX,-VBE2) =(vx,-vX,)-(VBEI-vBE2),or

i I
VEl - VE2 =vx l -vx, - Yr 1n .,-

12

(b)

x,o--+---t---'

x,

I

i3 i I
i4=i2

(a)

Monolithic four-quadrant multipliers utilize the variable-transconductanceprincipleS
to achieve errors of fractions of I % 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 QI-Q2 to provide the proper base drive for the former. The following analysis
assumes matched BJTs and negligible base currents.

By KVL. VBEI + VBE4 - VBE3 - VBE2 = O. or VBEJ - VBE4 = VBEI - VBE2.
Using the logarithmic v-i characteristics of the BJTs, this can be expressed as
Yr In(i3/i4) = Yr In(i1/i2), or

Rewriting as (i3 - i4)/(i3 + i4) = (il - i2)/(i1 + i2) gives

(il - i2) x (i3 + i4)
i3 - i4 = (13.18)

il + i2

indicating the circuit's ability to multiply the current difference (i I - i2) by the total
emitter current (i3 + i4).

To be of practical use, the circuit requires two Y·I converters to synthesize the
terms (i I - i2) and (i3+ i4) from the input voltages vx and vy, and an I- Y converter
to convert (i3 - i4) to the output voltage va. Moreover, provisions must be made to

Variable-Transconductance Multipliers

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 output.

Multiplier 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 1% absolute-error bandwidth, representing the frequency where the output
magnitude starts to deviate from its low-frequency value by 1%.
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Linearized transconductance block, and differential V-' converter.

FIGURE 13.9
Four-quadrant analog multiplier.
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(bJ(aJ

FtGURE 13.1\

Analog divider and square-rooter.

FIGURE t3.10

Basic multiplier connection for Vo = VIV2/1O. If followed by a low-pass
tilter, it can be used for phase detection.

-ISV

VI V2
vo = 20 ~os(1I1 -1I:z) (13.23)

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, analog division and square-root extraction. In Fig. 13.lIa we

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 (±3O-mV range required) to the X2 or the Y2 input.

Of particular interest is the case in which the inputs are ac signals, or VI =
VI COS(WI t + III) and V2 = V2 COS(W2t + 1I:z), for then their product is, by a well­
known trigonometric identity

VI V2
Vo = 2O,cos[(wl - W2)t + (III -1I:z)) + COS[(WI + W2)t + (III + 1I:z)1I

indicating that v0 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
the high-frequency component is suppressed with a low-pass filter, as shown, then
we get

(13.21)

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. 1.6

Figure 13.10 shows the basic connection for signal multiplication, or v0 ='

VI V2/ 10. As such. it forms the basis ofamplitude modulation and voltage-controlled
amplification. When either input is zero, v0 should also be zero, regardless of the
other input. In practice, because of slight component mismatches, a small fraction

emitters driven by a second V-I converter. Substituting Eq. (13.20) into Eq. (13.18)
and using the identities il +;2 = Ux and i3 +;4 = i9' we obtain

. . vX. - VX2'
13 -'4 = '9

Rxlx

Likewise, using the identity is + i6 = i 10, we obtain

.. vX.- VX2 •
'6 -IS = IJO

Rxlx

Subtracting the first equation from the second pairwise and using ;10 - i9
(2/ Ry)(vy, - vy,), we obtain

(
. +') (. --L .) (vx, - vx,)(vY, - vY,)
'4 16 - 13 T 'S =

Rx Ry lx/2

The output 1-V converter is made up of the up amp and a third V-I converter
in its feedback path, namely, QWQI2. By KVL, the voltages at the inverting lIIId
noninvertinginputsarevN = VCC-R04+i6+ill)andvp = Vcc-R(i3+iS+iI2).
The up amp will provide QI2 with whatever drive it takes to make VN = vp, or
;4 + i6 + ill =;3 + is + il2, that is,

2
04 + i6) - 03 + is) = il2 - ill = -(Vz, - Vz,)

R,
Combining the last two equations, we finally obtain

vL, -- vz, =k(vx, - vx,)(vY, - vy,)

k=~
RxRylx

Most multipliers are designed for k = 1/(10 V). Letting vo = 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 Q II-Q 12 inside the feedback path.
The architecture of Fig. 13.9 forms the basis of a variety of monolithic multipliers.
1\vo of the earliest and most popular examples are the AD534 (Analog Devices)
and MPYIOO (Burr-Brown). The AD534L. version has a maximum pretrimmed total
errorofO:25%, a maximum linearity errorof0.12%, a typical small-signal bandwidth
of I MHz, and a typical I% amplitude error bandwidth of 50 kHz.

;.
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have, by Eq. (l3.2\),O-V2 =(vl-O)(O-vo)/IO,orvo = IO(V2/vl). To maximize
the denominator range, return the X2 input to a trimmable voltage (±3-mV range
required).

In Fig. 13.lIb we have 0 - v, = (Vo - 0)(0 - vo)/IO, or Vo = ."ITllV/. 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.

,.-CFUters

A popular <JfA application is the realization of fully integrated continuous-time
filters, where <JfAs have emerged as viable alternatives to traditional op amps.7-9
<JfA-based filters are referred to as gm-C filters because they use <JfAs and capac­
itors, but no resistors and no inductors. A popular gm-C filter example is Shown in
Fig. 13.13a. Its analysis proceeds as follows.

621
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(13.25)

(b)

..

L

(a>

Solution.

(a) By inspection, CL\l = J8m28m3!C,C2 and Q = JCITC2 x J8m28m3/8m •. Substi­
tuting the given data, we get 8m2 = 8m3 = 10 ILA/V and gmt =2ILA/V.

(b) R =500 kQ, and L = I H.
(e) The sensitivity of Qwith respect to 8m. is -I; all other sensitivities are either! or

-!, which are fairly low.

EXAMPLE 13.:1. (a) In the filter of Fig. 13.130 find 8m. and 8m2 =8m3 forCL\l =10' radls
and Q= 5 with C, = C2 = 100 pF. (b) What are the values of the simulated resistance
and the simulated inductance? (e) 1lle sensitivities of the filter?

FIGURE 13.13
Second-order gm-C filler and its RLC equivalent.

By Eq. (13.24), It = gml(Vi - VBP), 12 = gm2VLP, and 13 = -gm3VBP. By
Ohm's law, VLP = (I/SC2)/3 and VBP = (l/sCI )(11 + h). Combining, we get

VBP sC2gml/gm2gm3

T = s2C,C2/gm2gm3 +SCUml/gm2gm3 + I

It is readily seen Ihal this transfer funclion is the same as that of the RLC equiva­
lent of Fig. 13.13b, provided C =C" R = I/gml, and L =C2/gm2gm3. Evidently,
gml simulates a resistance, whereas the combination gm2-gm3-C2 simulates an in­
ductance. Moreover, the circuit provides VBP and VLP simultaneously, a feature
not available in its RLC counterpart. What is even more important is that we can
automatically tune fo by varying gm2 and gm3, and tune Q by varying gml·

(13.24)

(b)

Vp

VN

(a)

VP]'---------------. --I
I +
: 4et YD
I ­
I

VN
I
I -:: I
~--------- I

13.3
OPERATIONAL TRANSCONDUCTANCE AMPLIFIERS

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

where gm is the unloaded transconductance gain, in amperes per volt.
In its simplest form, an <JfA consists of a differential transistor pair with a

current-mirror load.7 We have encountered this configuration when studying op
amp input stages, in Chapter 5. In the bipolar example of Fig. 5.1 the <JfA consists
of the Q,-Q2 pair and the Q3-Q4 mirror; in the MOS example of Fig. 5.8 it consists
of the MI-M2 pair and the M3-M4 mirror.

Besides serving as building blocks for other amplifiers, <JfAs 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 <JfA is an inher­
ently fast device.8 Moreover, gm can be varied by changing the bias current of
the differential transistor pair, making <JfAs suited to electronically programmable
functions.

An operational transconductance amplifier (<JfA) 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 <JfA should have Zd = Zo = 00. The ideal <JfA,
whose circuit symbol is shown in Fig. 13.12b, gives io = gmvD, or

,
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(13.26)

(13.27a)

(13.27b)

which, for Ivp - vNI «2VT, can be approximated as

. Ie
10 = -(vp - VN)

2VT

;0 = 8m(VI - V2)
_ Ie

8m = 12.2 V

The scale factor of approximately 1/{l2.2 V) allows for operation over the range
-10 V < (VI - V2) < 10 V with negligible linearity error and no fear of saturation.
Popular arAs of the type shown are the LM 13600 (National Semiconductor) and
NE5517 (Signetics). The CA3080 (Harri,) comes without the input diodes.

indicating that 8m = le/2VT·
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

. . . ;2 - il
'0 = '4 - 13 = -.--. Ie

/2 + II

With VI = V2. the bias current provided by R3 splits evenly between DI and D2,
giving i2 -;1 = O. Moreover, we can write;2 +;1 = IR, = (Vee - VV)/IR3 +
(Rill R2)/2] == 1.08 rnA. where we have assumed Vo == 0.7 V. Making VI l' V2
will unbalance the two halves of the input network and diven a greater ponion of
I R to either D2 or DI, depending on the imbalance direction. The voltage variation
at ~he anodes is designed to be negligible compared to Vee over an input range
of more than 10 V, so ;2 + ;I can be assumed to be constanl. Using simple KCL
reasoning, we find that I R, is completely divened from one diode to the other when
IVI - v21 == (RI + R2)1H; c;: I U V ( ",,,c'luently. for IVI - v21 ~ 11.3 V we have
;2 - il = (VI - V2)/( 11.3 Hl). Substituting into the above equation, along with
;2 +;I == 1.08 rnA. we obtain

Diode bias

Vp 0---<>-"'-+---+---;_-,

VN 0----......--/

'e-+

Vee

OfJ-the-Shelr OTAs

Figure 13.14 shows a popular arA available as an off-the-shelf Ie. Its heart is the
linearized transcoqductance multiplier made up of DI-~ and Q3-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 Qk
as ik and ignoring base currents, we can describe circuit operation as follows.
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FIGURE 13.15
Inpot linearization nelwork.

ISV

R, IHO

0, 0, ~ ;,

R,

O.S to R,

FIGURE 13.14
Bipolar orA.

The mirror QI-D3-Q2 accepts the external control current Ie and duplicates it
at the em~t1ers of the Q3-Q4 pair to give

i3 + i4 = Ie..
The mirror QS-D4-Q6 duplicates i3 to yield i6 = i3, and the mirror Q7-DS-QS
duplicates i6 to yield is = i6, so is = i3. Likewise, the mirror Q9-D6-QIO duplicates
i4 to yield ilO = i4. Consequently, KCL gives io = ilo - is. or

io =;4 - i3

Retracing the reasoning of Section 5.1, we can write

vp - VN
io = Ie tanh --­

2VT

where VT is the thermal voltage. As we know, this is a nonlinear characteristic.
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FIGURE 13.17

orA with exponential control.

orA-based VCFs and VCOs rely on the integration of the orA's output current
using acapacitor. Theexample ofFig. 13.18 uses also an opamp to provide low output
impedance. Writing Vo = (-llsCl1o = (-llsC) x [Ic1(12.2 V») x (V2 - VI).
and letting s = j21rf. we obtain

'0

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

FIGURE 13.16

Voltage-controlled amplifier with linear control.

15V

R
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Figure 13.16 shows a basic VCA (note the alternative symbol for the orA). Here
OAI and QI form a V-I converter to provide Ie = VeIR. where we are assuming
the base current of QI to be negligible. OA2 converts io to a voltage vo, and since
io is proportional to the product Ie x VI. the final result is vo = Av/.

where b is usually either 10 or 2, k is a proportionality constant in decades or octaves
per volt. and Ao is the gain for Ve = O. Exponential control is readily achieved by
generating Ie with an antilog converter. as shown in Fig. 13.17. Since Ie must be
sourced to the orA, the BlTs must be of the pnp type. With Ve = O. the circuit
gives Ie = I rnA; increasing Vc decreases Ie exponentially with a sensitivity of k
declV or k octIV, with k being set by R2.

(13.30)
Ie

fo = 21r (12.2 V)C

FIGURE 13.18
Current-controlled integrator.

v, O------.JI/'-......-----j-j

v'o---/I/'--.-.-----1

The circuit integrates the difference VI - V2 with a programmable unity-gain fre­
quency fo. For instance, varying Ie from 1 /LA to I rnA with C = 652 pF will
sweep fo over the entire audio range, from 20 Hz to 20 kHz. Ie can be generated
either with a linear V-I converter, as in Fig. 13.16. or with an exponential converter.
as in Fig. 13.17.

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

(13.28)

(13.29)

A =kVe

where k is a suitable proportionality constant, in V-I. The l-kO pot is used for
offset nulling. and the 25-kO pot for the calibration of k. By Eq. (13.27). adjusting
the 25-kO pot near 12.2 kO yields k = 1/(10 V). indicating that varying Ve from 0
to 10 V will change A from 0 to I V/V. The circuit is calibrated as follows: (a) with
v / = O. sweep Ve from 0 to 10 V, and adjust the l-kO pot for the minimum deviation
of vo from 0 V: (b) with Ve = 10 V. adjust the 25-kO pot so that vo = 10 V for
v/=IOY.

The circuit of Fig. 13.16 provides linear gain control. Audio applications often
call for exponential control. or
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PHASE-LOCKED LOOPS

/0 = 411"(12.2 V)C

If a resonance gain of unity is desired, then increase the 10-kn input resistance by a
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 I ()..kn inlerstage resistance.

In the circuit of Fig. 13.20 the orA is used to source/sink a current of value Ie,
and thus charge/discharge C at a programmable rate. The resulting triangIe waveform
alternates between 5 V and 10 V, the thresholds of the high-input-impedance CMOS
timer. The frequency of oscillation is (see Problem 13.16),

Ie
/0 = JOC (13.32)

As usual, Ie can be controlled either linearly or exponentially. If the triangular wave
is used, a buffer amplifier may be required.

Applying Eq. (13.30), we get Vop = (Vi - Vop/Q - VLP)/(j/ //0) and VLP =
Vop/(j/ //0)' Combining, we obtain

Vop VLP
- = QHop - = HLP (13.31)

Vi Vi

where HBP and HU' are the standard second-order band-pass and low-pass functions
defined in Section 3.4, and

I kG

10kG

FIGURE 13.10

Cunent-controlled relaxation oscillator.

A phase-locked loop (PLL) is a frequency-selective circuit designed to synchronize
with an incoming signal and maintain synchronization in spile 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 (JJ of the incoming signal v J against
the phase (Jo of the VCO output vo, and develops a vohage VD proportional to
the difference (JJ - (Jo. This vohage is sent through a low-pass filter 10 suppress

"'-

626

.. « .. j.'
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FIGURE 13.21

Basic phase-locked loop.

high-frequency ripple and noise, and the result. called the error voltage vE. is applied
to the control input of the yeO to adjust its frequency "'0.

The yeO is designed so that with vE =0 it is oscillating at some initial
frequency "'0 called thefree-runllingfrequency. so its characteristic is

where Ko is the sensitivity of the Yeo. in radians-per-second per volt. If a periodic
input is applied to the PLL with frequency all sufticiently close to the free-running
frequency "'0, an error voltage VE will develop. which will adjust "'0 until vo
becomes synchronized with v I. that is. until for every input cycle there is one, and
only one, veo cycle. At this point the PLL is said to be locked on the incoming
signal, and it gives "'0 = "'I exactly.

Should "'I change. the phase shift between vo and VI will start to increase.
changing vD and. hence. the control voltage vE. This change in v E is designed to
adjust the yeO until "'0 is brought back to the same value as "'I. This self-adjusting
ability by the feedback loop allows the PLL. once locked. to track input frequency
changes. Since a change in "'I is ultimately reOected by a change in VE, we use VE

as the output of the PLL whenever we wish to detect changes in "'I, as in FM and
FSK demodulation.

A PLL can be designed to lock on the incoming signal in spite ofnoise that might
afflict such a signal. A noisy input will generally cause the phase-detector output
vD to jitter around some average value. However. if the tilter cutoff frequency is
low enough to suppress this jitter. vE will emerge as a clean signal. in tum resulting
in a stable yeo frequency and phase. We thus use "'0 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.

SECTION 13.4

Phase-Locked
Loops

629

(13.340)

(l3.34b)

Vd(S) = KdOd(S)

0d(S) = Oils) -Oo(s)

whei'e Kd is the phase-detector sensitivity. in volts per radian. This voltage is sent
through the loop tilter. whose transfer function is denoted as F(s), and possibly

When in the locked condition. a PLL can be modeled l Q-12 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

The PLL In the Locked Condition

If the loop is not locked, and if the difference frequency falls above the cutoff
frequency of the tilter. it will be suppressed along with the sum frequency. leaving
the loop unlocked and oscillating at its free-running frequency. However, if "'0 is
sufficiently close to "'I to make the difference frequency approach the tilter band
edge. part of this component is passed. tending to drive "'0 toward "'I. As the
difference "'0 - "'I is reduced. more error signal is transmitted to the YeO, resulting
in a constructive effect that ultimately brings the PLL in lock.

The capture range is the frequency range ±~"'c, centered about "'0, over which
the loop can acquire lock. This range is affected by the tiltercharacteristics. and gives
an indication of how close "'I must be to "'0 to acquire lock. The lock range is the
frequency range ±~"'L. also centered about "'0. over which the loop can track the
inputonce lock has been established. The lock range illaffected by the operating range
of the phase detector and the Yeo. 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 the capture
time or pull-in time. This time depends on the initial frequency and phase differences
between vI and vO. as well as the tilter and other loop characteristics. In general, it
can be said that reducing the tilter 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.

(13.33)

v.628
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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
"'I ± "'0. When the loop is locked. the sum is twice "'I and the difference is zero,
or dc. The low-pass tilter suppresses the sum but passes the dc component, which
thus keeps the loop in lock.

ro;

roO'

FIGURE 13.11
Block diagram of the basic PLL system in the locked condition.

v,

- 1 -
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Other transfer functions may be of interest, depending on what we consider as input
and output. For instance, substituting OJ(s) = wj(s)/s and 00 = (Kols)v.(s), we
readily get

63\
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The absence of a loop filter drastically limits the selectivity and noise­
suppression capabilities of a PLL, so first-order loops are seldom used in practice.

loop. Because of the lis function associated with the YCO, a PLL is at least Type I,
and its order equals the order of the filter plus I.

i
(a) By Eq. (13.33), VE = (wo - wo)/Ko, where wo = 21110" radls and K. = 211 X

5 X 10' = 11 Ill" (radls)/V. Forwo = 211 x 20 X 10' radls we get VE = 2 V, and for
Wo = 211 X 5 x Ill' radls we get VE = -I Y.

(b) The response to a step increase Wi (I) = 211u(l) kradls is an exponential transient
with amplitude IWi(I)I/K. = 21110'/10"11 = 0.2 V, and lime conslanl I/K, =
1/10" = 100 itS, so

v,(1) = 0.2[1 - .-'/1100 ·")u(1) V

(c) Now W,(I) = 211 x 10" x 0.1 cos 211/..1 = 211 10' cos 211 2500t radls. Calculating
Eq. (13.41) at jw = jw., = j2112500 radls gives

v,(jw.. ) = 1/10"11 0.5370
w,(jw.,) 1+ j2112500/10' = 10'11 1-57.52" V/(rad/s)

Letting Wi (jw.. ) = 211 10'iJL radls gives v,(jw.. ) = 0.1074/-57.52" V, so

v,(I) =0.1074cos(21125001 - 57.52") V

First-Order Loop

EXAMPLE 13.3. Afirst-order PLL with K, = 10" s~1 uses a VCO wilh a free-running
frequency of 10 kHz and a sensitivity of 5 kHzIV. (a) What is the control voltage
needed 10 lock the PLL on a 2Q-kHz input signal? On a 5-kHz input signal? (b) Find
the response V,(I) if the inpul flequency is changed stepwise as h = [10 + U(I)) kHz,
where u(t) = 0 for I < 0 and u(t) = I for I > O. (c) Repeat if Ihe input frequency is
modulated as h = 10(1 +0.1 cos 211/../) kHz, / .. =2.5 kHz.

Solution.

Considerthe instructive case in which there is no loop filter, or F(s) = I. The result is
afirst-order loop, and the above equations simplify, after the substitution s ..... jw, as

. I
T{jw) = -.-- (13.40)

]wIK.

v.(jw) II Ko
Wj(jw) = 1+ jwlK. (13.41)

Equation (13.40) indicates a Type I loop with crossover frequency w, = K. and
phase margin if'm = 90°. Equation (13.41) indicates that the loop inherently pro­
vides a first-order low-pass response with a de gain of II Ko Y/(radls) and a cutoff
frequency of Kv radls.

If Wj(/) is a step change, the resulting change v.(t) will be an exponential
transient governed by the time constant r = I/Kv.1f Wj(/) is varied sinusoidally
with a modulating frequency Wm, v.(1) will also vary sinusoidally with the same
frequency Wm; its amplitude is Iv.1 = (IIKo)lw;I at low frequencies, and rolls off
with Wm at the rate of -I decldec past K•.

(13.39)

(13.38)

(13.36)

(13.37)

(13.35)

F(s)
T(s) = K.-­

s
K. = KdKaKo

O(/) =0(0) + for w(~) d~

v.(s) = ~H(s)
,tlj(s) Ko

which allows us to lino Ih.: voltage change v.(s) in response to an input frequency
change cUj(s), as in PM and FSK demodulation.

Comparing Fig. 13.22 with Fig. 1.21, we observe that a PLL is a negative­
feedback system with Xi = OJ,.,xf = 00 , and ap = 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
a PLL is phase. Since T ..... 00 as s ..... 0, the PLL will force 00 to track Oi, just as an
op amp voltage follower forces Vo to track Vj. In this respect, it pays to view a PLL
as a phase follower. The fact that it also forces wo to track WI is a consequence of
this phase-follower action, along with the phase-frequency relationship W =dOIdt.

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: (a) The number of poles of H(s) defines the order of the loop; (b) the
number of lis terms (or integrations) present within the loop defines the type of a

indicating that frequency-to-phase conversion is inherently an operation of integra­
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\l the lis

blocks shown.
If we were to open the loop at the inverting input of the phase comparator, the

overall gain experienced by OJ (s) in going around the path and emerging as Oa(s) is
Kd x F(s) x Ka x Ko x Ils,or

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

Oo(s) T(s) K.F(s)
H(s) = OJ(s) = 1+ T(s) = s + K.F(s)

an amplifer with gain Ka , in volts per volt, to produce the error-voltage variation
v.(s). This, in turn, is converted to the frequency variation wo(s) = Kov.(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 w =dO(/)ldr, we have
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(b)

o t----->\c-......,--"'<--- OJ (dec)

..
FIGURE 13.14

Active PI filter, and magnitude plot of the loop gain T.

(al

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

F(s) = 1+ s/w. (13.42)
1+ s/wp

where w. =1/R2C and wp =I/(RI + R2)C. By Eq. (13.36), the loop gain is
now
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(13.45)

(13.44)

Another popular loop filteris the active PIfilter ofFig. 13.240, so called because
its output is proportional to the input as well as to the integral of the input. The
inverting stage OA2 can be omitted by interchanging the phase-detector inputs, if
needed. Assuming ideal op amps, the filter gives

I +s/w.
F(s) =-/­

s wp

where w, = 1/R2C and wp = 1/RI C. The corresponding loop gain is

T(' ) = I + jw/w,
JW (jw/Kv)(jw/wp)

indicating a second-order, Type /I loop. As shown in Fig. 13.24b, 'the slope is
-40 dB/dec below w" and - 20 dB/dec above w,. Imposing again w, = .,jwpKv
gives w. ;;, w. and t/>m ;;, 45°.

Compared to the passive filter, whose de gain is F (0) = I, the active filter gives
F(O) = 00, indicating that the phase error 6D needed to sustain the control voltage
VB approaches zero when the PI filter is used. In practice, F(O) is limited by the finite
dll gain of OA I; even so, 6D will still be vanishingly small, implying 60 ;;, 6" or
phaae coherence at the detector input. The use of the active filter also avoids possible
loading effects at the output.

+-_..L-~..-~__ OJ (dec)

ITI (dB)

R,

~

:'1
0

+ +
v, v. 0

0 I 0

(al (b)

FIGURE 13.13

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

T(jw) = 1+ jw/w. (13.43)
(jw/Kv)(1 + jw/wp)

indicating a second-order, Type I loop. This ¥ain is plolted in Fig. 13.23b for the case
in which w. is positioned at the geometric inean of wp and Kv, or w. = .,jwpKv.
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) = I.

(13.46b)

(13.460)

EXAMPLE 13.4, (a) Given a PLL system with K. = 10' S-I, specify a passive lag-lead
filter for acrossover frequency w, = 103 radls and a phase margin ~m =45°. (b) What
are the actual values of w, and ~m ?

Solution.

(a) For ~m :;45° we want w,=w,=103 radls, so wp=w~/K.=Ir!'/lo'=

looradls. Let C = O.IIlF. Then, R, = l/w,C = 10 kO, and R, = l/wpC - R, =
90 kO (use 91 kO).

(b) Using Eq. (13.43), along with the trial-and-error technique of Example 8.1, we find
the actual values w, = 1.27 kradls, and ~m = 180° + «T(j 1.27 x 10') = 56°.

Damping Characteristics

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

Problem 13.20) are

(2{ - wn/ Kv)(s/wn) + I
H (s) = -':-':--+;--;;:::;-';----7-;---;­

(s/wn)2 + 2{(s/wn) + I

{=_wn (I+ w
,)

2w, Kv

.

t~--------------""------------_1
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for the passive lag-lead filter, and

EXAMPLE 13.6. Redesign the filter of Example 13.4 for "'-J dB = I Iuadls and { =
1/../2. What are the new values off and 4>m'l Whal value of C, would yield a third-order
loop withoul reducing 4>m too much?

Solution. With { = 1/v'2weget"'. ~ "'-JdB/2 = 10'/2.0 = 500radls,sor ~ 2ms.
Equation (13.46b) gives "'p = 25 radls and "', = 366 radls, which can be realized with
C = I I-'F, R, = 39 H2, and R, = 2.7 k!2. Proceeding as in Example 13.4, we lind
"', ~ 757 rad/s. and 4>m ~ 66". Use C, ~ C/IO = O.II-'F.

Filter Design Criteria 635

SECTION 13.5
In general. Wn is chosen high enough to ensure satisfactory dynamics, yet low enough Monolithic PLLs
to provide sufficient flywheel action for smoothing over undesired frequency jumps
or noise. A typical design process proceeds as follows: (a) first, choose Wn to achieve
either the desired W-3 dO or the desired r. depending on the application; (b) next.
using Eq. (I3.46b) or (13.47b). specify wp for the chosen Wn; (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 C2 « C in parallel
with R2 in either of the above filters. This creates an additional high-frequency pole
and turns the loop into a Ihird-order loop. To avoid perturbing the existing values of
w, and tPm significantly. this pole is positioned about a decade above w, by imposing
1/R2C2 ~ lOw,.

(13.48)

(13.49)

(13.470)

(13.47b)

_I
f=­

Wn

H(s) = 2{(s/wn) + I
(s/wn)2 + 2{(s/wn) + I

p: Wn
Wn = wpK. {=-

2w,

for the active PI filter. As we know, Wn is the undamped nalural frequency, and {
is the damping ralio. If wn « K., 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
Hop and the low-pass response HLP. At low frequencies H ~ HLP. but at high
frequencies H ~ Hop.

Recall thaI for { < I the step response exhibits overshool. To keep the lalter
within reason, it is customary 10 design for 0.5 ~ { ~ I. Under this condition. the
time constant governing the loop response to small phase or frequency changes is
roughly7

and the loop bandwidth, obtained by imposing IH(jw)1 = 1/../2. is 13

W-3dB =wn[l ±2{2+ VI + (I ±2(2)2JI/2
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where the plus (minus) sign holds for high-gain (low-gain) loops. 13.5
MONOLITHIC PLLs

EXAMPLE 13.5. (0) Find {, r. and "'-J dB for the PLL of Example 13.4. (h) Find the
response .,(1) to small input changes oftbe type "" = l"'du(l) and "'i = 1"'.1 coS ..... I.
"'m = I kradls.

Monolithic PLLs are available in various technologies and in a wide range ofperfor­
mance specifications. 12 In the follOWing we discuss the popular 4046 CMOS PLL
as a representative example.

Solution.

(0) By Eq. (13.466), "'. = v'HJ2 x 1()4 = 1 kradls and { = [10'/(2 x 10'))(1 +
10'/10') = 0.55. Using Eq. (13.49) for the high-gain loop case gives "'-J dB ~
1.9",. = 1.9 kradls. By Eq. (13.48), r ~ 1/10' = I ms.

(h) SUbstituting the ahove data into Eq. (13.400) gives

II s _ s/Io' + I
( ) - (s/IO')' + 1.1 (s/I()3) + I

This funclion has a complex pole pair al s =- 550 ± j 835 complex Npls. indicating
a slep response of Ihe Iype

I""v,(t) = -' [I - A.-SlO< cos(8351 + 4>))
K.

wilh A and 4> suitable constants. Calculating H(s) at s = j"'m as in Example 13.3.
we find the ac response as

v,(I) = 1~~11.286COS(10'1 - 45°)

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 Ihe 74HC(T)4046A. the
74HC(T)7046A. and the 74HC(T)9046A (Philips). 13 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 I (pC1). Type II (PC2), and Type /II (PC3)
phase comparators. Since the circuit is powered from a single supply (typically
Vss = 0 V and VDD = 5 V). all analog signals are referenced to Vvv/2. or 2.5 V.

TheVCO

The VCO. whose details7.13 are omitted for brevity. is a current-controlled mul­
tivibrator operating on a principle similar to that of the emitter-coupled VCO of
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Fig. 10.30. The current for the capacitor is obtained from the control voltage v E via
a V-I converter whose sensitivity is set by RI and whose output is offset by R2. The
veo characteristic is of the type

(b)(al

..

The veo characteristic of Eq. (13.50) holds only as long as vE is confined 637
within the range vE(min) ~ VE ~ VE(max)' For a 4046A PLL with Voo = 5 V, this UCTION 13.5

range is typically13 1.1 V ~ VE ~ 3.9 V. The frequency range corresponding to the Monolithic PLLs
permissible range of vE is called the VCO frequency range 2fR. Outside this range
the veo characteristic depends on the particular 4046 version, and it can be found
in the data sheets.

The veo sensitivity is Ko = 2fR/[VE(max) - VE(min»)' In PM applications it
is usually required that the V-F characteristic of the veo 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 I Phase Comparator

The Type I phase comparator, depicted in Fig. 13.27a, is an exlusive-OR ()(OR) gate.
This gate outputs v0 = Voo = 5 V whenever its input levels disagree with each
other, and v0 = 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 wit.
It is apparent that if we average out vo(t) by means of a low-pass filter, the result
is Vo = DVoo, where D is the duty cycle of vo. D is minimized when the inputs

(13.50)

c

veo
in

FIGURE 13.25

Simplified block diagram of the 4046A CMOS PLL.

where k( and k2 are suitable circuit constants. As shown in Fig. 13.26, the value of
f 0 corresponding to vE = Voo/2 is called the center frequency fo. It is apparent
that if R2 is omitted (R2=OO), the frequency offset fO(off) = k2/R2C becomes
zero. The maximum veo frequency of eMOS PLLs is typically on the order of
10 MHz.

636

("IIAPTER 13

Nonlinear
Amplifiers and
Phase-Locked

UKlpS

(

In

FIGURE 13.27
Type I phase comparator, and its outpul average V0 as a
function of the input phase difference.
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FIGURE 13.26
YCO characteristic and tenninology.

FIGURE 13.28
Typical wavefonns for the Type I phase comparator in the locked condition: 90 = ,,/6 (left).
9n =,,/2 (cenler). and 9" = (5/6)" (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 0:0 D :0 I. Consequently,
PC, will exhibit the ~haracteristic of Fig. 13.27b, and Kd = Voo/n = 5/n =
1.59 V/rad.

An alternative implementation of the Type I 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 vI will typically over­
drive the multiplier and thus render the sensitivity Kd independent ofthe amplitude
ofvl lO

The Type I comparator requires that both inputs have 50% duty cycles; if at least
one input is asymmetrical (see Prilblem 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 signal. Note that if
vI is absent, v0 oscillates at the same frequency as vo. so the average of vD is
VD =O.5VDD, and wo = WOo

The Type III Phase Comparator

l+-- 2" --<Of 639

V, SECTION 13.5

Monolithic PLLs

Vo

(0,'_

FIGURE 13.30
Typical waveforms for the Type III phase comparator in the locked condition: 00 =
11/4 (Ieft),OD = 11 (center), and 00 = (7/4)11 (right).

The Type II Phase Comparator

The Type II comparator differs from PC, and PC) because its output depends not
only on the phase error 01 -00, but also on the frequency error WI - wo when the
loop has not yet acquired lock. Also called a phase-frequency detector (PFD), the
circuit is shown in simplified form in Fig. 13.3Ia.

FIGURE 13.%9

Type III phase comparator, and ilS output average VD as a
function of the input phase difference.

The Type III 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, VD now responds only to the rising edges of VI and vo, regardless
of the duty cycles. It is readily seen that the phase range of PC) is twice as large
as that of PC" so the characteristic is as in Fig. 13.29b, and Kd = VDD/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 I 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 wo = 2wI for
PC" and WD =WI for PC), so the ripple at the output of the loop filter is generally
higher with PC3 than with PC,. Note that with VI absent, PC) will drive wo as low
as it can.

l

l
( I

/

Voo
UP

0

v,
Vo

v,
R,

Vo ' +c Vc1-
Voo 0

8"DN
0 2Jr

(a) (b)

FIGURE 13.3t

Type II phasecomparator, and ilS output average VD as a function ofthe input phase difference.

With reference to Fig. 13.32, we observe that PC3 produces UP pulses when
the rising edge of v I leads that of v0, ON pulses when the rising edge of vI lags
that of v0, and no pulses when the leading edges are aligned. An UP pulse closes
the MOSFET switch Mp and causes the filter capacitance C to charge toward Voo
via the series RI + R2. A ON pulse closes switch M. and discharges C toward
Vss = 0 V. Between pulses, both M p and M. are off. providing a high-impedance
state to the filter. When PC2 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 ON pulse.

(b)

"'--_--',,'---_L.._ 8
0

(a)

..v'Ga VoFF
Vo R
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DN ........;..---~ 1-------1
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FlGlIRE 13.32

Typical waveforms for Ihe Type II phase comparator for Wo = w,: Vo
lags v, (left), va is in phase with ", (center), and Vo leads v, (righl).

Clearly, we now have vD = vE = ve. The characteristic is as in Fig. 13.31b, with
Kd = VDDI4rr = 0.398 V/rad. For obvious reasons, PC2 is also called a charge­
pump phase comparalor.

To appr«:iate its operation, suppose we initially have WI> wo. Since VI gen­
erates more nsing edges per unit time than vo, UP will be high most of the time,
pumpmg charge into C and thus raising wo. Conversely, when WI < wo, DN is high
most of the. time, pumping charge out of C and lowering Wo. In either case, PC2 will
keep pumpmg charge until the inputs become equal bolh in frequency and in phase, or
wo =WI and (10 =(I,. We conclude Ihat PC2 approaches ideal-integrator behavior.

It is apparent that a PLL with a Type II comparator will lock under any condition,
and that it drives the input-pha~e error to zero over the full frequency range of the
VCO. Moreover, since the UP and DN pulses disappear entirely once the loop is
lockcd. I' E will exhibit no ripple, so there are no unwanted phase modulation effects.
The main drawhack of PC2 is its susceptibility to noise spikes, just like PC]. Even
so, PC2 is the most popular of the three PCs. Note that wilh VI absent, PC2 will
drive wo a~ low as it can.

Designing with PLLs

The design process ofa PLL-hased system involves a number ofdecisions I2dictated
by the performance specifications ofthe given application, along with consideralions
of circuit simplicity and cost. For 4046 PLLs, this process requires (a) the specifi­
cation of the VCO parameters (0 and 2(R, the choice of (h) the phase-detector type
and (c) the filter type, and (d) the specification of the filter parameters wp and Wz.

To slmphfy 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 Phau-Loclced
Loop Program, hy Philips Semiconductors (check our Web site al 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 fJlots.
Once a PLL system has been designed, it can be simulated by computer,?' 2 for
inslance, using suitable SPICE macromodels. 14 However, the designer still needs a
sound understanding of PLL theory 10 judge the results of any simulation!

Popular PLL applications JO 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 13.7. An FM signal is being modulated over the range of I MHl ± 10 kHl
with a modulaling frequency of I kHz. Using a4046A PLL, design acircuit lodemooulale
such a signal. ..
Solution. Forthe YCO we let 10 = I MHz, and choose 2tR wide enough 10 accommo­
date paramelerspread. Thus, let2/R = 0.5 MHz. This gives K. = 2" x 0.5 x 10"12.8 =
1.122 x 10" (radls)N. Using the dala sheets or the aforementioned PLL" program,
we find that a suitable set of YCO components is R, =95.3 kQ. R, = 130 kQ, and
C=IOOpF.

Next, anticipating a noisy inpul signal, we choose PC" sO Kd = 51" Y/rad and
K, = KdK. = 1.786 x 10" s". To allow for the possibilily of a weak input, we take
advantage of the fact that Ihe detector input buffers are self-biased near Voo/2, where
gain is maximized. Consequently, the inpul signal is ac coupled, as shown in Fig. 13.33.

Finally, 10 minimize cost. we use a passive lag-lead filter. Impose f = 0.707 and
choose t-, dB> 1m. say, 1-, dB = 10 kHz. Proceeding as in Example 13.6, we find
wp = 553 radls and w, = 22.5 kradls, which can be mel 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
downslream of the VCO increases the VCO frequency. A frequency divider is imple­
mented with a counler, and the VCO output frequency becomes wo = NWI, where
N is the counter modulus. Making the counter programmable allows the synthesis
of variable frequencies that are integral multiples of WI.

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

2.00 kQ

22nF 1
.'tGlIRE 1J.33
FM demodulator using the 4046A PLL
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Problems

I I{J",,, f" and fp folV, = I mV, 10 mV, and 10 V; hence, confirm the linearized plots
of Fig. 13.3.

13.4 (a) Derive Eqs. (13.13) and 03.14). (b) Design a circuit that accepts an input voltage
-5 V :s VI :::: +5 V. and gives io = (lOIlA)2-"I!(1 V); this circuit is usefulineleclronic
music. (t') Modify the above circuit so that it gives the same output range, but for
OV ~v,~IOV.

13,7 A popular multiplier application is f~equency doubling. One way of configuring the
AD534 For this operalion is as follows:· connect X2 and Y, to ground, connect X,
and Y2 together and drive them wilh a source v, = 10coswi V, connect the Out
pin to 2, via a 100kQ resis10r. connect 2, to 2 2 via another 100kQ resistor, and
drive 22 with a 10-V reference voltage. (a) Sketch the circuit; then, using the iden­
tity cos2 a=(1 + cos2a)/2 obtain an expression for the output va. (b) Assum­
ing well-regulaled ± I5-V supplies, design a circuit to generate the 10-V reference
for 2 2.

13.8 The AD534 multiplier can be made to approximate the sine function within 0.5% of
full scale as follows:· connecl Y2 to ground, connect Y, and 22 together and drive
them with a source VI, connect Y, 10 X2 via a 100kQ resistor, connect X2 to ground
via an 18-kQ resislor, connect the Out pin to 2, via a 4.7-kQ resistor, connecl 2, 10

X, via a 4.3-kQ resistor, and connect X, to ground via a 3-kQ resistor. (a) Sketch
the circuit, derive an expression for the output v0 as a function of v/, and calcu­
late Vo at some signifi(;ant points to verify that the circuit approximates the function
va = 10 sinl(vdlO)9IF) 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 fr"'lilL:n,,:y :I11l11'Cili.. \ alth." as the input.

13,2 Find the phase margin of the circuit of Example 13.1.

13.6 In the log amp of Fig. 13.4 the bulk-resistance error (see Problem 13.5) can be com­
pensated by connecling a suitahle network between the ba... of Q2 and the output of
OA2, Such a ncty..th~ c"p'i,.l'. ,,f;\ h\... i"lance RI , in series with a diode DI " (cathode
at lhe output 'If 0,1. I III the antilog amp of Fig. 13.6 the compensation
network is conll\"' t~".t "1'(\,,'\,11 1111" h;I:,': of QI and the oulput of OAI (cathode atlhe
output of OA,). Show thalthe error is nulled when R, = (R, II R, )(2.2 H2)1 r,. What
is the required R" given Ihatthe LM394 has r, = 0.5 Q?

13.5 The log conformity error at the upper end of the current range is due primarily to the
bulk resistance of the emitter region, which can be modeled with a small resistance
Ts in series with the emitter itself. (a) Recompute the transfer characteristic of the
transdiode of Fig. 13.lb, but with r, in place. If r, = I Q. what is the log confomlity
error at i, = I rnA? At il = 0.1 rnA? (b) The effect of r, can be compensated by
feeding a small portion of v, to the base of the OJT. This is achieved by lifting the
base off ground. returning it to ground via a resistance Rx , and connecting a second
resistance R, between the source v, and the base of the OJT. Sketch the modified
transdiode, and show that choosing R,1R, = R1r, - I will eliminate the error due

to '.I'

13.3 Modify the circuit of Fig. 13.4to yield va = -(2 V/dec) 10glO!vtlO V)).

13.1 AnolOll mulUpllers

(I MHz 10 2 MHz
in I-kHz steps)

4
VCO

IlOpF

6 1

9

J

4059

.N

3.4SkO

13 6.11k1l

23

PC,

PROBLEMS

EXAMPLE 1.\.'. I !"llg a 4046A PLL, design a circuit that accepts a I-kHz reference
frequency aud syulhesizes all frequencies between I MHz and 2 MHz in I-kHz sleps.

Solution. To span the given range, we need a programmable counter between N... =
IrI'1IlP = 1000 and N""" = 2000. Choose, for instance. a 4059 counter, which allows
for N to be programmed anywhere from 3to 15,999 via a set of inputs referred to as the
jam inputs} in lIIe data sheets.

For the VCO, specify fo halfway between the extremes, or fo = 1.5 MHz, and
again choose 2!R wide enough, say, 2!R = 1.5 MHz. This gives K. = 3.366 x IrI'
(rod/s)fV. Using the data sheets or the aforementioned PLL program, we find the VCO
component values R, = 28.0 kQ, R2 = 287 kQ, and C = 110 pE

Anticipating relatively clean on-board signals, we choose PC2, so Kd = 5/4tr
Vlrad. Since N is variable, a reasonable approach 12 is to design for the geometric mean
of the extremes, orfor N m = .JNm;.N~. = 1414. The corresponding gain factor is
then K'l....m) = KdK.IN =947 s-'.

We again use a passive lag-lead filter. Imposing { =0.707 and arbitrarily choosing
w. = wtl20 = 2tr IlP120 = tr100 rad/s, weoblainwp = 104 rad/s and w, = 290rad/s.
These 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. (I3.46b), we find { = 0.78 for N = 1000, and { = 0.65 for N = 2000,
both of which art' fairly reasonable values.

FIGURE 13.34

Frequency synthesizer using Ihe 4046A PLL.

13.1 In the transdiode of Fig. 13.2a let R = 10 kQ, C. + C. = 20 pF, VA = 100 V,
rd = 2 MQ, and f, = I MHz. If R. = 4.3 kQ and Cf = 100 pF, calculate I//Jo,
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13.9 The AD534 multiplier can be configured to yield the percentage deviation between
two signals v I and V2 as follows: connect X I and Z I together and drive them with
VI. connect X2 and Y1 to ground. drive Z2 with V2. connect the Out pin to Y2 via a
resistance RI • and connect Y2 to ground via a resistance R2. Develop an expression
forthe output 1'0, and specify R, and R, forvo = 100(v, - V, )/v,.

13.10 Figure PI3.IO shows a transducer-response linearization technique using a four­
quadrant multiplier. Derive an expression for Vo as a function of 6 and verify that it
is linearly proponionalto 6 in spite of the fact that the voltage across the transducer
is a nonlinear function of &.

lOY

R

RO + 6)

-lOY

FIGURE PtJ.IO

13.11 Using the AD534 as a voltage-controlled allenuator, design a programmable first­
order low-pass filter with a dc gain of 20 dB and /0 = kVe, 0.1 V ~ Ve ~ 10 V and
k = 100 HzIV. Hinl: See Problem 12.11.

13.3 Operational trallS<Ollducla.... amplifiers

13.12 Find the transfer function of the gm-C filter of Fig. PI3.12.

Vo

FIGURE PtJ.12

13.13 Design an exponential VCA such that A = 2- vc /o V) V/V, 0 ~ Ve ~ 10 V. Hence,
outline ils calibration procedure.

13.14 Design a programmable state-variable filter with Q = 10, Hoop = I, and /0 variable
over the audio range by means of control voltage Ve as /0 = (20 kHz)2-vc/o V).

O~ Ve ~ IOV.

13.16 (a) Sketch and label all relevant waveforms in the CCO of Fig. 13.20, and derive
Eq. (13.32). (b) Find C so that /0 = 100 kHz for Ie = I rnA; next, using this CCO
as basis, design a VCO such that /0 = (100 kHz)IO- vc/12 VI, 0 ~ Ve ~ 10 V. Outline
its calibration procedure.

13.4 ........Ioeked loops

13.17 Find the phase response 1I.(t), in degrees. in parts (a) and (b) of Example 13.3.

13.18 If we let R, = 0 in Fig. 13.23a, the zero is moved to infinity, resulting in a passive lag
jiller. Such a filter finds limited use because it does not allow for w, to be specified
independently of K,. (a) Verify that if we let R, = 0 in the filter of Example 13.4,
the phase margin is inadequate. (b) Specify a new,oet of values for R, and C to ensure
4>m ;;, 450 with R, = O. What is the corresponding value of w,?

13.19 Repeat Example 13.4, but using an active PI filter.

13.20 Prove Eqs. (13.46) through (13.47).

13.21 APLLhaswo = 211 Io"radls, K. = 0.2 Vlrad, K. = I VIV,and K. = 11 10" (radls)/V.
Design an active PI filter for a loop time-constant of approximately 100 periods of the
free-running frequency and Q = 0.5.

13.22 If a O.I·/LF capacitance is connected in parallel with R, in the loop filter of Exam­
ple 13.6, find how it affects w, and 4>m.

13.5 Monolllhie PLLs

13.23 (a) Sketch and label the average Vo versus 110 for a Type I phase comparator if the
duty cycles of VI and va are DI = 4and Do = i. (b) Repeat, but with DI = i and
Do = 4. Comment.

13.24 Sketch v" vo, UP, ON, and VD for a Type II detector if (a) w, is slightly higherthan
wo, (b) WI is slightly lower than wo, (e) w, »wo, and (d) w, «wo.

13,25 A cenoin CMOS PLL is powered between 5 V and 0 V, and uses a Type I phase com­
parator and a VCO with K. = 5 MHzIV and /0 = 10 MHz for VE = 2.5 V. (a) Design
a passive lag-lead filter for w. = 2115 kradls and Q= 0.5. (b) Sketch VI, VD, VD, and
vE for the case in which the loop is locked to an input frequency of 7.5 MHz.

13.26 Find V,(I) in the PM demodulator of Example 1'3.7.

13.27 Dual-slope ADCs are clocked at a frequency that is locked to the ac line frequency
fi;ne in order to reject line-induced noise. Using a 4046A PLL, design a circuit that
accepts fi;ne (either 60 Hz or 50 Hz) and gives fcK = 2'6 X fi;ne. Specify as many
parameters and components as you can in your circuit

645
Problems

13.15 The VCA610 (Burr-Brown) is a wideband VCA that accepts two signal inputs Vp

and VN and a control input Ve, and gives vo=A(Vp-VN), where A=O.OI x
IO- vc /'"'V, V/V for -2 V ~ Ve ~O. Using a VCA610 and an OPA620 wideband
precision op amp, design a first-order low-pass filter with unity dc gain and pro­
grammable cutolT frequency from 100Hz to I MHz.

13.28 Using a 4046A for phase detection and an 8038 as VCO, design a circuit that generates
a I-kHz sine wave synchronized on a I-MHz crystal oscillator.

13.29 An FSK signal v, alternates between h = 1200 Hz (logic 0) and In =2400 Hz
(logic I). One way" to decode this signal with a 4046A PLL is to use PC,. a loop

------- 1 _-
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filler consISt109 of a plain RC stage with 1/2" RC = fll, the VCO with fll =
(fL + fll )/2 = 1.8 kHz and 2f. =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 Vo as the
dock; the Q output of the flip-flop is the FSK decoder output. Draw the circuit; then
sketch and label' v/, the average of v., I'0, and Qboth lor [, = fL and [, = f II. What
is the distinguishing feature of PCJ that makes it auraclive in this application"
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A
a A7RG.524
aA79G,524
IJA14 I up amp. 1.2.212.215.

216,249-257,340
#1A7800 series. 523-525. 530
J.lA7805 regulator, 525. 527
IlA7900 series. 523, 530
Absolule accuracy. 562
Absolute maximum ratings. 241
Absolute-value circuil, 422
ac-dc c;onverters, 426-428
at noise. S~e Noise
Acquisition lime, 439
AClive compensation of

integrators, 285
Active filters, 106-210

all-pass fillers.
See All-pass fillers

audio tiller applications,
121-126. See also Audio
filler applications

band-pass filters.
See Band-pass tillers

band-reject fillers.
See Band-reject filters

biquad fillers, 147, 148
common frequency responses,

t06-108
first-orderfihers, 115-121,

See also First-order aclive
filters

GOP, and, 289-293
higher-order filters. 160-210.

See also Higher-order
aclive filters

high-pass filters.
See High-pass filters

KRC filters, 133-141. See also
KRCfilters

limitation, 109
low-pass filters. See Low-pass

fitlets
multiple-feedback filters.

t41-144
nature of, 109
RLC filters, 109
SC fillers. See SC filters
second-order filters, 126-133.

See als" Second-order
filters

sensitivity, 150--152

INDEX

SV fillers, 144-147
transfer funl.:tiun, IlN-114
universal fillers, 144-150

Active guard drive, 86, 87
Active PI filter, 633
Active tune wnlrol, 123-125

AD522.8t
AD534,6t8
AD537 V-F converter, 484
AD537 vollage-lo-t're4uency

converter, 487-489
AD549.222
AD590 t!'TAT. 518
AD590 two-Ierminallemperature

Iransducer, 512
AD594/5/6f7 series, 519
ADR17,364
AD7846 l6-bil segmented

DAC, 577
A-D converters, 559--606.

Set' also D-A converters
CR ADC, 5RR-590
DAC-based A-D conversion,

584.585
errors, 566
flash converters, 590, 591
INUDNL,566
integraling-type converters,

592-595
performance specifications,

564, 56~
pipelined converters, 592
SA ADC, 586-588
subranging converters,

59t, 592
ADCs. Su A-D converters
Aliasing, 596
All-pass fillers

all-pass response, 107, 10K
second-order fillers, 132

All-pole ladder. t82
Ahemative V-element

realizalion, 178
Amount of feedback, 24
AMP-O I, 83-85
Amplifier

bridge, 57. Su a/so Transducer
bridge amplifiers

CFAs, 293-303. See also
CurreRI-feedback
amplifiers (CFAs)

composite. 384-390
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currenl, 7 I, 72
differenl:e, 19.20.73-79

Set' ul.WI Ditlerence
amplifiers

fundamenlals,'2-5
lAs, 79-91. See abo

Instrumentation
amplifiers

inverting, 12-15,266--268
linear. :\
lug/antilog, 608--615
main, 2.14
noninverting. 8-12, 262-264
nonlinear. See Nonlinear

amplifiers
nulling, 234
op amp, Su Op amp
orA. 621HJ27
photodetector. 63
SHAs, 437--443
THAs, 4.17--443
transconductance. 63-71.

See u/so Voltage-to­
current converters

transducer bridge, 91-97
lransimpedance. 61. 294
transresistance. 5, 61--63
VFA" 293. 300--303
voltage, 3

Analog division, 619, 620
Analog-grouoo-switl.:h.430
Analog multipliers. 615--620
Analog swilches, 428-433
Analog to digital converters. See

A-D converters
Angular frequency, 109,258
Antilogarithmic amplifier,

609.6t3
Aper1ure jitter, 439
Aperture time, 439
Apel1ure um:ertainty, 439
A!>table mullivibrator, 457
Audio filler applicalions,

12t-t26
active tone control, 123-125
graphic equalizers, 125, 126
phuno preamplifier, 122
tape preamplifier, 123

Aulozero mode, 235
Autozero phase, 594
Autuzero (AZ) technique, 234
Avalanche breakdown, 507
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