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Preface

Welcome to the third edition of this text! The first edition was written circa 1990 and was published by West
Publishing. The title was then purchased by Delmar/Thomson/Cengage some years later and a new edition was
written around 2000 (although it was never tagged as a second edition). That version added a companion
laboratory manual. In the early 2000s the text went from hard cover to soft cover, and in early 2016, Cengage
decided to revert the copyright back to me, the original and singular author. Having already produced a number
of OER (Open Educational Resource) titles including a microcontroller text using the Arduino platform and
numerous laboratory manuals covering DC circuits, AC circuits, Python programming and discrete electronic
devices, it was an obvious decision to go the same route with this book. This third edition includes new specialty
ICs and rewrites of certain sections. If you need information on obsolete legacy ICs such as the NE565,
ICL8038, etc., an OER second edition is available (and for you fans of analog computing, Chapter 10 remains).
The OER lab manual to accompany this text has also been updated to the third edition. It features new exercises
and expansions of the existing ones. If you have any questions regarding the text or lab manual, or are interested
in contributing to the project, do not hesitate to contact me. Finally, please be aware that the most recent
versions of all of my OER texts and manuals may be found at my MVCC web site as well as my mirror site:
www.dissidents.com The original Preface follows, slightly modified.

The goal of this text, as its name implies, is to allow the reader to become proficient in the analysis and design
of circuits utilizing modern linear ICs. It progresses from the fundamental circuit building blocks through to
analog/digital conversion systems. The text is intended for use in a second year Operational Amplifiers course at
the Associate level, or for a junior level course at the Baccalaureate level. In order to make effective use of this
text, students should have already taken a course in basic discrete transistor circuits, and have a solid
background in algebra and trigonometry, along with exposure to phasors. Calculus is used in certain sections of
the text, but for the most part, its use is kept to a minimum. For students without a calculus background, these
sections may be skipped without a loss of continuity. (The sole exception to this being Chapter Ten, Integrators
and Differentiators, which hinges upon knowledge of calculus.)

In writing this text, | have tried to make it ideal for both the teacher and the student. Instead of inundating the
student with page after page of isolated formulas and collections of disjunct facts and figures, this text relies on
building a sound foundation first. While it may take just a little bit longer to “get into” the operational amplifier
than a more traditional approach, the initial outlay of time is rewarded with a deeper understanding and better
retention of the later material. I tried to avoid creating formulas out of thin air, as is often done for the sake of
expediency in technical texts. Instead, I strove to provide sufficient background material and proofs so that the
student is never left wondering where particular formulas came from, or worse, coming to the conclusion that
they are either too difficult to understand completely, or are somehow “magic”.

The text can be broken into two major sections. The first section, comprised of Chapters One through Six, can
be seen as the foundation of the operational amplifier. Here, a methodical, step by step presentation is used to
introduce the basic idealized operational amplifier, and eventually examine its practical limitations with great
detail. These chapters should be presented in order. The remaining six chapters comprise a selection of popular
applications, including voltage regulation, oscillators, and active filters, to name a few. While it is not
imperative that these chapters be presented in the order given (or for that matter, that they all be covered), the
present arrangement will probably result in the most natural progression. Treat these chapters as application
reference material and shape the presentation to your needs.
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There are a few points worth noting about certain chapters. First, Chapter One presents material on decibels,
Bode plots, and the differential amplifier, which is the heart of most operational amplifiers. This chapter may be
skipped if your curriculum covers these topics in a discrete semiconductor or circuit analysis course. In this
case, it is recommended that students scan the chapter in order to familiarize themselves with the nomenclature
used later in the text. As part of the focus on fundamentals, a separate chapter on negative feedback (Chapter
Three) is presented. This chapter examines the four basic negative feedback connections that might be used with
an operational amplifier, and details the action of negative feedback in general. It stresses the popular series-
parallel (VCVS or non-inverting voltage amplifier) form to show how bandwidth, distortion, input impedance,
etc. are affected. Chapter Six presents a variety of modern special purpose devices for specific tasks, such as
high load current, programmable operation, and very high speed. An extensive treatment of active filters is
given in Chapter Eleven. Unlike many texts which use a “memorize this” approach to this topic, Chapter Eleven
strives to explain the underlying operation of the circuits, yet it does so without the more advanced math
requirement of the classical engineering treatment. The final chapter, Chapter Twelve, serves as a bridge
between the analog and digital worlds, covering analog to digital to analog conversion schemes. Please bare in
mind that entire books have been written on the topics of active filters and analog/digital systems. Chapters
Eleven and Twelve are designed as introductions to these topics, not as the final, exhaustive word.

At the beginning of each chapter is a set of chapter objectives. These point out the major items of importance
that will be discussed. Following the chapter objectives is an introduction. The introduction sets the stage for the
upcoming discussion, and puts the chapter into perspective with the text as a whole. At the end of each chapter
is a summary and a set of review questions. The review questions are of a general nature, and are designed to
test for retention of circuit and system concepts. Finally, each chapter has a problem set. For most chapters, the
problems are broken into four categories: analysis problems, design problems, challenge problems, and
computer simulation (SPICE) problems. An important point here was in including problems of both sufficient
variety and number. An optional coverage extended topic may also be found at the end of many chapters. An
extended topic is designed to present extra discussion and detail on a certain portion of a chapter. This allows
you to customize the chapter presentation to a certain degree. Not everyone will want to cover every extended
topic. Even if they aren't used as part of the normal run of the course, they do allow for interesting side reading,
possible outside assignments, and launching points for more involved discussions.

Integrated with the text are examples using popular SPICE-based circuit simulation packages and derivatives
such as the commercial offerings NI Multisim and Orcad PSpice, or free versions such as Texas Instruments'
TINA-TI and LTspice from Linear Technology. If you are not using computer simulations in your courses, these
items may be skipped over with little loss of continuity, however, if you are using simulations, I think that you
will find that this integrated approach can be very worthwhile. Generally, simulations should not be used in
place of a traditional analysis, and with this in mind, many of the examples are used to verify the results of
manual calculations, or to investigate second-order effects which may be too time consuming otherwise.
Computer simulations are also very valuable in the classroom and laboratory as a means of posing “what if”
questions. Some of the items explored include the effects of different op amp models, sensitivity to parameter
sweeps, and the usage of Monte Carlo analysis to investigate typical production spreads. The circuits are
presented using the schematic capture window of Multisim. Although Multisim's schematic editor and output
graphing tools are shown, the figures would be similar in other popular packages. At this level, the differences
between the input and output figures of the various packages are largely cosmetic. In general, any quality
SPICE-based simulator will be sufficient for the circuits presented in this book.
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Finally, there are two elements included in this text which I always longed for when I was a student. First,
besides the traditional circuit examples used to explain circuit operation, a number of schematics of have been
included to show how a given type of circuit might be used in the real world. It is one thing to read how a
precision rectifier works, it is quite another thing to see how one is being used in an audio power amplifier as
part of an overload protection scheme.

The second element deals with the writing style of this text. I have tried to be direct and conversational, without
being overly cute or “chatty”. The body of this text is not written in a passive formal voice. It is not meant to be
impersonal and cold. Instead, it is meant to sound as if someone were explaining the topics to you over your
shoulder. It is intended to draw you into the topic, and to hold your attention. Over the years, | have noticed that
some people feel that in order to be taken seriously, a topic must be addressed in a detached, almost antiseptic
manner. While I will agree that this mindset is crucial in order to perform a good experiment, it does not
translate particularly well to textbooks, especially at the undergraduate level. The result, unfortunately, is a
thorough but thoroughly unreadable book. If teachers find a text to be uninteresting, it shouldn't be surprising if
the students feel the same. I hope that you will find this text to be serious, complete and engaging.
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1 Introductory Concepts and Fundamentals

Chapter Learning Objectives

After completing this chapter, you should be able to:

*  Convert between ordinary and decibel based power and voltage gains.

»  Utilize decibel-based voltage and power measurements during circuit analysis.

* Define and graph a general Bode plot.

* Detail the differences between lead and lag networks, and graph Bode plots for each.

* Combine the effects of several lead and lag networks together in order to determine a system
Bode plot.

* Describe the use of digital computers in the area of circuit simulation.

* Analyze differential amplifiers for a variety of AC characteristics, including single ended and
differential voltage gains.

*  Define common-mode gain and common-mode rejection.

* Describe a current mirror and note typical uses for it.

1.1 Introduction

Before we can begin our study of the operational amplifier, it is very important that certain background elements
be in place. The purpose of this chapter is to present the very useful analysis concepts and tools associated with
the decibel measurement scheme and the frequency domain. We will also be examining the differential amplifier
that serves as the heart of most operational amplifiers. With a thorough working knowledge of these items, you
will find that circuit design and analysis will proceed at a much quicker and more efficient pace. Consider this
chapter as an investment in time, and treat it appropriately.

The decibel measurement scheme is in very wide use, particularly in the field of communications. We will be
examining its advantages over the ordinary system of measurement, and how to convert values of one form into
the other. One of the more important parameters of a circuit is its frequency response. To this end, we will be
looking at the general frequency domain representations of a circuit’s gain and phase. This will include both
manual and computer generated analysis and graphing techniques. While our main emphasis will eventually
concentrate on application with operational amplifiers, the techniques explored can be applied equally to
discrete circuits. Indeed, our initial examples will use simple discrete or black box circuits exclusively.

Finally, we will examine the DC and AC operation of the differential amplifier. This is an amplifier that utilizes

two active devices and offers dual inputs. It offers certain features that make it suitable as the first section of
most operational amplifiers.
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Variable Naming Convention

One item that often confuses students of almost any subject is nomenclature. It is
important, then, that we decide upon a consistent naming convention at the outset.
Throughout this text, we will be examining numerous circuits containing several
passive and active components. We will be interested in a variety of parameters and
signals. Although we will utilize the standard conventions, such as f. for critical
frequency and X, for capacitive reactance, a great number of other possibilities exist.
In order to keep confusion to a minimum, we will use the following conventions in
our equations for naming devices and signals that haven’t been standardized.

Resistor (DC, or actual circuit component)

Resistor (AC equivalent, where phase is 0 or ignored)
Capacitor

Inductor

Transistor (Bipolar or FET)

Diode

Voltage (DC)

Voltage (AC)

Current (DC)

Current (AC)

~< SoR~AY X

~.

Resistors, capacitors and inductors are differentiated via a subscript that usually
refers to the active device it is connected to. For example, R is a DC bias resistor
connected to the emitter of a transistor, while 7¢ refers to the AC equivalent
resistance seen at a transistor’s collector. Cy refers to a capacitor connected to a
transistor’s emitter lead (most likely a bypass or coupling capacitor). Note that the
device related subscripts are always shown in upper case, with one exception: If the
resistance or capacitance is part of the device model, the subscript will be shown in
lower case to distinguish it from the external circuit components. For example, the
AC dynamic resistance of a diode would be called r,. If no active devices are
present, or if several items exist in the circuit, a simple numbering scheme is used,
such as R;. In very complex circuits, a specific name will be given to particularly
important components, as in Rurce.

Voltages are normally given a two-letter subscript indicating the nodes at which it is
measured. Vg is the DC potential from the collector to the emitter of a transistor,
while v indicates the AC signal appearing across a transistor’s base-emitter
junction. A single-letter subscript, as in V', indicates a potential relative to ground
(in this case, base to ground potential). The exceptions to this rule are power
supplies, that are given a double letter subscript indicating the connection point (Vcc
is the collector power supply), and particularly important potentials that are directly
named, as in v;, (AC input voltage) and V; (DC voltage appearing across R)). If an
equation for a specific potential is valid for both the AC and DC equivalent circuits,
the uppercase form is preferred (this makes things much more consistent with the

16



vast majority of op amp circuits that are directly coupled, and thus can amplify both
AC and DC signals). Currents are named in a similar way, but generally use a single
subscript referring to the measurement node (/¢ is the DC collector current). All
other items are directly named. By using this scheme, you will always be able to
determine whether the item expressed in an equation is a DC or AC equivalent, its
approximate circuit location, and other factors about it.

1.2 The Decibel

Most people are familiar with the term “decibel” in reference to sound pressure. It’s
not uncommon to hear someone say something such as “It was 110 decibels at the
concert last night, and my ears are still ringing.” This popular use is somewhat
inaccurate, but does show that decibels indicate some sort of quantity - in this case,
sound pressure level.

Decibel Representation of Power and Voltage Gains

In its simplest form, the decibel is used to measure some sort of gain, such as power
or voltage gain. Unlike the ordinary gain measurements that you may be familiar
with, the decibel form is logarithmic. Because of this, it can be very useful for
showing ratios of change, as well as absolute change. The base unit is the Bel. To
convert an ordinary gain to its Bel counterpart, just take the common log (base 10)
of the gain. In equation form:

Bel gain=log,,(ordinary gain)

Note that on most hand calculators common log is denoted as “log” while the natural
log is given as “In”. Unfortunately, some programming languages use “log” to
indicate natural log and “log10” for common log. More than one student has been
bitten by this bug, so be forewarned! As an example, if a circuit produces an output
power of 200 milliwatts for an input of 10 milliwatts, we would normally say that it
has a power gain of:
P
G= 200 mW
10 mW
G=20

For the Bel version, just take the log of this result.

G'=log,,G
G '=log,,20
G'=1.301

17



The Bel gain is 1.3 Bels. The term “Bels” is not a unit in the strict sense of the word
(as in “watts”), but is simply used to indicate that this is not an ordinary gain. In
contrast, ordinary power and voltage gains are sometimes given units of W/W and
V/V to distinguish them from Bel gains. Also, note that the symbol for Bel power
gain is G'and not G. All Bel gains are denoted with the following prime (*) notation
to avoid confusion. Because Bels tend to be rather large, we typically use one-tenth
of'a Bel as the norm. The result is the decibel (one-tenth Bel). To convert to
decibels, simply multiply the number of Bels by 10. Our gain of 1.3 Bels is
equivalent to 13 decibels. The units are commonly shortened to dB. Consequently,
we may say:

G'=10log,,G (1.1
Where the result is in dB

At this point, you may be wondering what the big advantage of the decibel system
is. To answer this, recall a few log identities. Normal multiplication becomes
addition in the log system, and division becomes subtraction. Likewise, powers and
roots become multiplication and division. Because of this, two important things
show up. First, ratios of change become constant offsets in the decibel system, and
second, the entire range of values diminishes in size. The result is that a very wide
range of gains may be represented within a fairly small scope of values, and the
corresponding calculations can become quicker. There are a couple of dB values that
are useful to remember. With the aid of your hand calculator, it is very easy to show
the following:

dB Value using
Factor G~ 10 1og; G

1 0dB
2 3.01 dB
4 6.02 dB
8 9.03 dB
10 10 dB

We can also look at fractional factors (i.e., losses instead of gains.)

Factor dB Value
0.5 -3.01 dB
0.25 -6.02 dB
0.125 -9.03 dB
0.1 -10dB

If you look carefully, you will notice that a doubling is represented by an increase of
approximately 3 dB. A factor of 4 is in essence, two doublings. Therefore, it is
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equivalent to 3 dB + 3 dB, or 6 dB. Remember, because we are using logs,
multiplication turns into simple addition. In a similar manner, a halving is
represented by approximately -3 dB. The negative sign indicates a reduction. To
simplify things a bit, think of factors of 2 as £3 dB, the sign indicating whether you
are increasing (multiplying), or decreasing (dividing). As you can see, factors of 10
work out to a very convenient 10 dB. By remembering these two factors, you can
often estimate a dB conversion without the use of your calculator. For instance, we
could rework our initial conversion problem as follows:

e The amplifier has a gain of 20

e 20 can be written as 2 times 10

e The factor of 2 is 3 dB, the factor of 10 is 10 dB
¢ The answer must be 3 dB + 10 dB, or 13 dB

e This verifies our earlier result

Time for a few examples.

Example 1.1

An amplifier has a power gain of 800. What is the decibel power gain?

G'=10log,,G
G '=101log,,800
G'=10X2.903
G'=29.03dB

We could also use our estimation technique:

e G=800=2810°

* 8is equivalent to 3 factors of 2, or 2:2-2, and can be expressed as 3 dB +
3 dB + 3 dB, which is, of course, 9 dB

» 10%is equivalent to 2 factors of 10, or 10 dB + 10 dB =20 dB

¢ Theresultis 9 dB + 20 dB, or 29 dB

Note that if the leading digit is not a power of 2, the estimation will not be
as precise. For example, if the gain is 850, you know that the decibel gain is
just a bit over 29 dB. You also know that it must be less than 30 dB
(1000=10° which is 3 factors of 10, or 30 dB.) As you can see, by using the
dB form, you tend to concentrate on the magnitude of gain, and not so much
on trailing digits.
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Example 1.2

An attenuator reduces signal power by a factor of 10,000. What is this loss
expressed in dB?

. 1
G _1010&0710,000
G'=10x(—4)
G'=—40dB

By using the approximation, we can say,

1

104
10,000 1o

The negative exponent tells us we have a loss (negative dB value), and 4
factors of 10.

G'= —10dB —10dB —10dB —10dB
G'= —40dB

Remember, if an increase in signal is produced, the result will be a positive
dB value. A decrease in signal will always result in a negative dB value. A
signal that is unchanged indicates a gain of unity, or 0 dB.

To convert from dB to ordinary form, just invert the steps; that is, divide by ten and
then take the antilog.

LG
G=10glolﬁ

On most hand calculators, base 10 antilog is denoted as 10*. In most computer
languages, you just raise 10 to the appropriate power, as in G = 10.0"(Gprime / 10.0)
(BASIC), or use an exponent function, as in pow(10.0, Gprime / 10.0) (C or
Python).

Example 1.3

An amplifier has a power gain of 23 dB. If the input is | mW, what is the
output?

In order find the output power, we need to find the ordinary power gain, G.
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G=logiy
23
10 lO
G=199.5

G=log

Therefore, P,,=199.5 - 1 mW, or 199.5 mW

You could also use the approximation technique in reverse. To do this,
break up the dB gain in 10 dB and 3 dB chunks:

23dB=3dB+10dB+10dB

Now replace each chunk with the appropriate factor, and multiply them
together (remember, when going from log to ordinary form, addition turns
into multiplication.)

3dB=2X,10dB=10X, so,
G=2X10X10
G=200

While the approximation technique appears to be slower than the calculator, practice
will show otherwise. Being able to quickly estimate dB values can prove to be a
very handy skill in the electronics field. This is particularly true in larger, multi-
stage designs.

Example 1.4

A three-stage amplifier has gains of 10 dB, 16 dB, and 14 dB per section.
What is the total dB gain?

Because dB gains are a log form, just add the individual stage gains to arrive
at the system gain.

G ,total :G/1+G /2+G ,3
G',.,=10dB+16dB+14dB
G',.,=40dB

total

As you may have noticed, all of the examples up to this point have used power gain
and not voltage gain. You may be tempted to use the same equations for voltage
gain. In a word, DON’T. If you think back for a moment, you will recall that power
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varies as the square of voltage. In other words, a doubling of voltage will produce a
quadrupling of power. If you were to use the same dB conversions, a doubling of
voltage would be 3 dB, yet, because the power has quadrupled, this would indicate a
6 dB rise. Consequently, voltage gain (and current gain as well) are treated in a
slightly different fashion. We would rather have our doubling of voltage work out to
6 dB, so that it matches the power calculation. The correction factor is very simple.
Because power varies as the second power of voltage, the dB form should be twice
as large for voltage (remember, exponentiation turns into multiplication when using
logs). Applying this factor to equation 1.1 yields:

A" =20log,, 4, (1.2)

Be careful though, the Bel voltage gain only equals the Bel power gain if the input
and output impedances of the system are matched (you may recall from your earlier
work that it is quite possible to design a circuit with vastly different voltage and
power gains. A voltage follower, for example, exhibits moderate power gain with a
voltage gain of unity. It is quite likely that the follower will not exhibit matched
impedances.) If we were to recalculate our earlier table of common factors, we
would find that a doubling of voltage gain is equivalent to a 6 dB rise, and a ten fold
increase is equivalent to a 20 dB rise, twice the size of their power gain counterparts.

Note that current gain may be treated in the same manner as voltage gain (although
this is less commonly done in practice).

Example 1.5

An amplifier has an output signal of 2 V for an input of 50 mV. What is 4',?
First find the ordinary gain.

2
A =2 =40
T

Now convert to dB form.

A" =201log,,40
A" =20%1.602
A’ =32.04dB

The approximation technique yields 40=2-2-10, or 6 dB + 6 dB + 20 dB =32
dB

To convert A', to A, reverse the process.

!

A4,=1 e
y =108 20
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Example 1.6

An amplifier has a gain of 26 dB. If the input signal is 10 mV, what is the
output?

!
\4

20
126
A,=log, =~
v— 10810 20
A,=19.95
Vout:Av Vin
V,,=19.95X10mV

A4,=logy

The final point to note in this section is that, as in the case of power gain, a negative
dB value indicates a loss. Therefore, a 2:1 voltage divider would have a gain of -6
dB.

Signal Representation in dBW and dBV

As you can see from the preceding section, it is possible to spend considerable time
converting between decibel gains and ordinary voltages and powers. Because the
decibel form does offer advantages for gain measurement, it would make sense to
use a decibel form for power and voltage levels as well. This is a relatively
straightforward process. There is no reason why we can’t express a power or voltage
in a logarithmic form. Because a dB value just indicates a ratio, all we need to do is
decide on a reference (i.e., a comparative base for the ratio). For power
measurements, a likely choice would be 1 watt. In other words, we can describe a
power as being a certain number of dB above or below 1 watt. Positive values will
indicate powers greater than 1 watt, while negative values will indicate powers less
than 1 watt. In general equation form:

P
P'=10log,,——— (1.3)
810 reference

The answer will have units of dBW, that is, decibels relative to 1 watt.
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Example 1.7

A power amplifier has a maximum output of 120 W. What is this power in
dBW?

, P
P :1010g10m

120 W
P’'=101 e g—
0g10 W
P'=20.8dBW

There is nothing sacred about the 1 watt reference, short of its convenience. We
could just as easily choose a different reference. Other common reference points are
1 milliwatt (dBm) and 1 femtowatt (dBf). Obviously, dBf is used for very low signal
levels, such as those coming from an antenna. dBm is in very wide use in the
communications industry. To use these other references, just divide the given power
by the new reference.

Example 1.8

A small personal audio tape player delivers 200 mW to its headphones.
What is this output power in dBW, and in dBm?

For an answer in units of dBW, use the 1 watt reference

, P
P :1010g]0m
200mWw

P'=10log,, W

P'=—7dBW

For units of dBm, use a 1 milliwatt reference

, P
P :1010g10m

200 mW
P'= 1010g10W

P'=23dBm
200 mW, -7 dBW, and 23 dBm are three ways of saying the same thing.

Note that the dBW and dBm values are 30 dB apart. This will always be
true, because the references are a factor of 1000 (30 dB) apart.
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In order to transfer a dBW or similar value into watts, reverse the process.

P=log;, 113—0 X reference
Example 1.9

A studio microphone produces a 12 dBm signal while recording normal
speech. What is the output power in watts?

P=log;, % X reference

P=log;, —12f(]?m X 1 mW

P=158mW=.0158W

For voltages, we can use a similar system. A logical reference is 1 V, with the
resulting units being dBV. As before, these voltage measurements will use a
multiplier of 20 instead of 10.

v
V'=20log,)——— (1.4)
810 reference

Example 1.10

A test oscillator produces a 2 V signal. What is this value in dBV?

V'=20logy reference
, 2V

V :2010g]0W

V'=6.02dB

When both circuit gains and signal levels are specified in dB form, analysis can be
very quick. Given an input level, simply add the gain to it in order to find the output
level. Given input and output levels, subtract them in order to find the gain.
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Example 1.11

A computer disk read/write amplifier exhibits a gain of 35 dB. If the input
signal is -42 dBV, what is the output signal?

V ,mn‘: V ,in+A 'v
y' =-42dBV+35dB
v' =—7dBV

Note that the final units are dBV and not dB, thus indicating a voltage and
not merely a gain.

Example 1.12

A guitar power amp needs an input of 20 dBm to achieve an output of 25
dBW. What is the gain of the amplifier in dB?

First, it is necessary to convert the power readings so that they share the
same reference unit. Because dBm represents a reference 30 dB smaller than
the dBW reference, just subtract 30 dB to compensate.

20dBm=-10dBW

G I:P ,oul_P lin
G'=25dBW—(—10dBW)
G'=35dB

Note that the units are dB and not dBW. This is very important! Saying that
the gain is “so many” dBW is the same as saying the gain is “so many”
watts. Obviously, gains are “pure” numbers and do not carry units such as
watts or volts.

The usage of a dB-based system is shown graphically in Figure 1.1. Note how the
stage gains are added to the input signal to form the output. Even large circuits can
be quickly analyzed in this form. To make life in the lab even easier, it is possible to
take measurements directly in dB form. By doing this, you need never convert while
troubleshooting a design. For general-purpose work, voltage measurements are the
norm, and therefore a dBV scale is often used.
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Figure 1.1
Multistage dB application

/ / /

8 dBm 18 dBm 12 dBm 27 dBm

Items Of Interest In The Laboratory

When using a digital meter on a dBV scale it is possible to “underflow” the meter if
the signal is too weak. This will happen if you try to measure around zero volts, for
example. If you attempt to calculate the corresponding dBV value, your calculator
will probably show “error”. The effective value is negative infinite dBV. The meter
will certainly have a hard time showing this value! Another item of interest revolves
around the use of dBm measurements. It is common to use a voltmeter to make dBm
measurements, in lieu of a wattmeter. While the connections are considerably
simpler, a voltmeter cannot measure power. How is this accomplished then? Well, as
long as the circuit impedance is known, power can be derived from a voltage
measurement. A common impedance in communication systems (such as recording
studios) is 600 €, so a meter can be calibrated to give correct dBm readings by using
Power Law. If this meter is used on a non-600 Q circuit, the readings will no longer
reflect accurate dBm values (but will still properly reflect relative changes in dB).

1.3 Bode Plots

The Bode plot is a graphical response prediction technique that is useful for both
circuit design and analysis. It is named after Hendrik Wade Bode, an American
engineer known for his work in control systems theory and telecommunications. A
Bode plot is, in actuality, a pair of plots: One graphs the gain of a system versus
frequency, while the other details the circuit phase versus frequency. Both of these
items are very important in the design of well-behaved, optimal operational
amplifier circuits.

Generally, Bode plots are drawn with logarithmic frequency axes, a decibel gain
axis, and a phase axis in degrees. First, let’s take a look at the gain plot. A typical
gain plot is shown Figure 1.2.
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A A
Figure 1.2
Gain plot

A 'midband

/ fi midband f2 \ f

Note how the plot is relatively flat in the middle, or midband, region. The gain value
in this region is known as the midband gain. At either extreme of the midband
region, the gain begins to decrease. The gain plot shows two important frequencies,
frand fo. f; is the lower break frequency while f; is the upper break frequency. The
gain at the break frequencies is 3 dB less than the midband gain. These frequencies
are also known as the half-power points, or corner frequencies. Normally, amplifiers
are only used for signals between f; and f>. The exact shape of the rolloff regions will
depend on the design of the circuit. It is possible to design amplifiers with no lower
break frequency (i.e., a DC amplifier), however, all amplifiers will exhibit an upper
break. The break points are caused by the presence of circuit reactances, typically
coupling and stray capacitances. The gain plot is a summation of the midband
response with the upper and lower frequency limiting networks. Let’s take a look at
the lower break, f;.

Lead Network Gain Response

Reduction in low frequency gain is caused by lead networks. A generic lead network
is shown in Figure 1.3. It gets its name from the fact that the output voltage
developed across R leads the input. At very high frequencies the circuit will be
essentially resistive. Conceptually, think of this as a simple voltage divider. The
divider ratio depends on the reactance of C. As the input frequency drops, X.
increases. This makes V,,, decrease. At very high frequencies, where X,.<<R, V., is ¢
approximately equal to V;,. This can be seen graphically in Figure 1.4. The break
frequency (i.e., the frequency at which the signal has decreased by 3 dB) is found
via the standard equation

Figure 1.3
Lead network

1
T 27RC

S
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A!

VA
0 dB fe Figure 1.4
3dB b ; £ Lead gain plot (exact)
6 dB/octave
A'y =20 log( Vout/Vin )
4
A VA
fc Figure 1.5
0dB f' Lead gain plot (approximate)
6 dB/octave
4

The response below f. will be a straight line if a decibel gain axis and a logarithmic
frequency axis are used. This makes for very quick and convenient sketching of
circuit response. The slope of this line is 6 dB per octave (an octave is a doubling or
halving of frequency, e.g., 800 Hz is 3 octaves above 100 Hz).! This range covers a
factor of two in frequency. This slope may also be expressed as 20 dB per decade,
where a decade is a factor of 10 in frequency. With reasonable accuracy, this curve
may be approximated as two line segments, called asymptotes, as shown in Figure
1.5. The shape of this curve is the same for any lead network. Because of this, it is
very easy to find the approximate gain at any given frequency as long as f. is known.
It is not necessary to go through reactance and phasor calculations. To create a
general response equation, start with the voltage divider rule to find the gain:

~

w _ R
Vi, R—jX,

Vuu[ R~0
V.

in 2 2 Xc
\/R +X, A—arctanR—

1 The term octave is borrowed from the field of music. It gets its name from the fact that
there are eight notes in the standard western scale: do-re-me-fa-so-la-ti-do.
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The magnitude of this is,

R
4= —=—
R+ X
1
A=
\/1 +—
R
Recalling that,
_ 1
S =3zre
we may say,
1
R=
2n f,.C
For any frequency of interest, f,
1
X =
¢ 2nfC

Equating the two preceding equations yields,

fo_X.
f R

Substituting equation 1.6 in equation 1.5 gives,
=
\/ 1+ ?;

To express 4 in dB, substitute equation 1.7 into equation 1.2

1

A' =20log,,
\/1+L
f

XS} LR S
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After simplification, the final result is:

A’v:—1010g10(1+%) (1.8)
/

Where

£ is the critical frequency,

f is the frequency of interest,

A’ is the decibel gain at the frequency of interest.

Example 1.13

An amplifier has a lower break frequency of 40 Hz. How much gain is lost
at 10 Hz?

2

A ’v:—IOIOgIO 1+%

2

40?
A'=—101lo 1+—
” 8ol "0 )

A'=-123dB

In other words, the gain is 12.3 dB lower than it is in the midband. Note that
10 Hz is 2 octaves below the break frequency. Because the cutoff slope is 6
dB per octave, each octave loses 6 dB. Therefore, the approximate result is
-12 dB, which double-checks the exact result. Without the lead network, the
gain would stay at 0 dB all the way down to DC (0 Hz.)

Lead Network Phase Response

At very low frequencies, the circuit of Figure 1.3 is largely capacitive. Because of
this, the output voltage developed across R leads by 90 degrees. At very high
frequencies the circuit will be largely resistive. At this point ¥, will be in phase
with V;,. At the critical frequency, V,, will lead by 45 degrees. A general phase
graph is shown in Figure 1.6. As with the gain plot, the phase plot shape is the same
for any lead network. The general phase equation may be obtained from the voltage

divider:
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The phase portion of this is,
O=arct af
=arotan —
By using equation 1.6, this simplifies to,
f=arctan % (1.9)

Where

f 1s the critical frequency,

fis the frequency of interest,

6 is the phase angle at the frequency of interest.

Figure 1.6
Lead phase (exact)

Y

Often, an approximation such as Figure 1.7 used in place of 1.6. By using equation
1.9, you can show that the approximation is off by no more than 6 degrees at the
corners.

Figure 1.7
Lead phase (approximate)

45°

0°

\ 4

A, f, 10, f
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Example 1.14

A telephone amplifier has a lower break frequency of 120 Hz. What is the
phase response one decade below and one decade above?

One decade below 120 Hz is 12 Hz, while one decade above is 1.2 kHz.

f
O=arctan —=

S

120Hz

12Hz
0=284.3 degrees one decade below 1 (i.e, approaching 90 degrees)

f=arctan

120 Hz
1.2kHz

0=5.71degrees one decade above f . (i.e., approaching 0 degrees)

O=arctan

Remember, if an amplifier is direct-coupled, and has no lead networks, the
phase will remain at 0 degrees right back to 0 Hz (DC).

Lag Network Response

Figure 1.8

Unlike its lead network counterpart, all amplifiers will contain lag networks. In
Lag network

essence, it’s little more than an inverted lead network. As you can see from Figure
1.8, it simply transposes the R and C locations. Because of this, the response tends to
be inverted as well. In terms of gain, X is very large at low frequencies, and thus

Vo €quals V. At high frequencies, X. decreases, and V,,, falls. The break point 78
occurs when X. equals R. The general gain plot is shown in Figure 1.9. Like the lead

network response, the slope of this curve is -6 dB per octave (or -20 dB per decade.) L
Note that the slope is negative instead of positive. A straight-line approximation is

shown in Figure 1.10. We can derive a general gain equation for this circuit in

virtually the same manner as we did for the lead network. The derivation is left as an

exercise.

A’V:—1010g10(1+Lz) (1.10)
f

c

Where

f- is the critical frequency,

fis the frequency of interest,

A', is the decibel gain at the frequency of interest.
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Note that this equation is almost the same as equation 1.8. The only difference is that
fand /. have been transposed.

A VA
f
0dB ¢ >
B dB [ f
-6 dB/octave
\ 4
A VA
f
0dB < >
f
-6 dB/octave
v

In a similar vein, we may examine the phase response. At very low frequencies, the
circuit is basically capacitive. Because the output is taken across C, V,,, will be in
phase with V;,. At very high frequencies, the circuit is essentially resistive.
Consequently, the output voltage across C will lag by 90 degrees. At the break
frequency the phase will be -45 degrees. A general phase plot is shown in Figure
1.11, with the approximate response detailed in Figure 1.12. As with the lead
network,we may derive a phase equation. Again, the exact steps are very similar,
and left as an exercise.

6’2—90+arctan% (1.11)

Where

f- is the critical frequency,

fis the frequency of interest,

0 is the phase angle at the frequency of interest.
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Figure 1.9
Lag gain (exact)

Figure 1.10
Lag gain (approximate)
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-45°
-90°
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QA
00 ;
f
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Example 1.15

A medical ultra sound transducer feeds a lag network with an upper break
frequency of 150 kHz. What are the gain and phase values at 1.6 MHz?
Because this represents a little more than a 1 decade increase, the
approximate values are -20 dB and -90 degrees, from Figures 1.10 and 1.12,
respectively. The exact values are:

A

Figure 1.11
Lag phase (exact)

Figure 1.12
Lag phase (approximate)

Figure 1.13
Bode plot for 150 kHz lag

150 kHz

s VA
A',=—101log,, 1+f—2 0dB
S
1.6 MHZ*
A’ =—10log, | 1+——2
Y ol M50 k2

A’ =—20.6dB

35

-6 dB/octave
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/.
0=—90+arctan —- Figure 1.13 (continued)

v

f
B 150 kH.
§=—90+arctan 20KHZ. ode plot for 150 kHz lag
1.6 MHz 0,
0=—284.6degrees om0

1.5 MHz

The complete Bode plot for this network is shown in Figure
1.13. It is very useful to examine both plots simultaneously. In
this manner you can find the exact phase change for a given gain
quite easily. This information is very important when the

application of negative feedback is considered (Chapter Three). .
For example, if you look carefully at the plots of Figure 1.13,

you will note that at the critical frequency of 150 kHz, the total
phase change is -45 degrees. Because this circuit involved the

use of a single lag network, this is exactly what you would expect.

Risetime versus Bandwidth

For pulse-type signals, the speed of an amplifier is often expressed in terms of its
risetime. If a square pulse such as Figure 1.14a is passed into a simple lag network,
the capacitor charging effect will produce a rounded variation, as seen in Figure
1.14b. This effect places an upper limit on the duration of pulses that a given
amplifier can handle without producing excessive distortion.

Figure 1.14a
Pulse-risetime effect:

Vpeak

Input to network

~Yy

v

By definition, risetime is the amount of time it takes for the signal to traverse from
10% to 90% of the peak value of the pulse. The shape of this pulse is defined by the
standard capacitor charge equation examined in earlier course work, and is valid for
any system with a single clearly dominant lag network.

—t

Vout:Vpeak(l_gﬁ) (112)
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Figure 1.14b
Pulse-risetime effect:

Output of network

Vpeak
Vpeak

-1Vpeak

~Y

to ty to

In order to find the time internal from the initial starting point to the 10% point, set
Vou t0 .1V ,ea in equation 1.12 and solve for f-

AV o =V ™V peat "¢

peak — t
OV pear = Vpeakfﬁ
9= 6%
~t,
log.9 = RC
t,=.105RC (1.13)

To find the interval up to the 90% point, follow the same technique using .9V pea .
Doing so yields
t,=2.303RC (1.14)

The risetime, 7, is the difference between ¢; and ¢,

T =t—t,
T =2303RC—-.105RC

T.~22RC (1.15)

Equation 1.15 ties the risetime to the lag network’s R and C values. These same
values also set the critical frequency f;. By combining equation 1.15 with basic
critical frequency relationship, we can derive an equation relating f> to 7.

1
" 27 RC

/s
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Solving 1.15 in terms of RC, and substituting yields

22
o= 2xn T,
35
=2 (1.16)

I

Where
1> 1s the upper critical frequency,
T, is the risetime of the output pulse.

Example 1.16

Determine the risetime for a lag network critical at 100 kHz.

35
fz:T_r
.35
T==2
S
.35
T =
" 100kHz
T ,=35us

1.4 Combining the Elements - Multi-Stage Effects

A complete gain or phase plot combines three elements: (1) the midband response,
(2) the lead response, and (3) the lag response. Normally, a particular design will
contain multiple lead and lag networks. The complete response is the summation of
the individual responses. For this reason, it is useful to find the dominant lead and
lag networks. These are the networks that affect the midband response first. For lead
networks, the dominant one will be the one with the highest f.. Conversely, the
dominant lag network will be the one with the lowest f.. It is very common to
approximate the complete system response by drawing straight-line segments such
as those given in Figures 1.5 and 1.10. The process goes something like this:

* Locate all £ s on the frequency axis.

* Draw a straight line between the dominant lag and lead f. s at the
midband gain. If the system does not contain any lead networks,
continue the midband gain line down to DC.

* Draw a 6 dB per octave slope between the dominant lead and the
next lower lead network.

* Because the effects of the networks are cumulative, draw a 12 dB
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Example 1.17

per octave slope between the second lead f. and the third f.. After
the third £, the slope should be 18 dB per octave, after the fourth,
24 dB per octave, and so on.

Draw a -6 dB per octave slope between the dominant lag f. and the
next highest f.. Again, the effects are cumulative, so increase the
slope by -6 dB at every new f..

Draw the Bode gain plot for the following amplifier: 4, midband = 26 dB,
one lead network critical at 200 Hz, one lag network critical at 10 kHz, and
another lag network critical at 30 kHz.

The dominant lag network is 10 kHz. There is only one lead network, so it’s
dominant by default.

Draw a straight line between 200 Hz and 10 kHz at an
amplitude of 26 dB.

Draw a 6 dB per octave slope below 200 Hz. To do this,
drop down one octave (100 Hz) and subtract 6 dB from the
present gain (26 dB - 6dB = 20 dB.) The line will start at the
point 200 Hz/26 dB, and pass through the point 100 Hz/20
dB. Because there are no other lead networks, this line may
be extended to the left edge of the graph.

Draw a -6 dB per octave slope between 10 kHz and 30 kHz.
The construction point will be 20 kHz/20 dB. Continue this
line to 30 kHz. The gain at the 30 kHz intersection should
be around 16 dB. The slope above this second f. will be -12
dB per octave. Therefore, the second construction point
should be at 60 kHz/4 dB (one octave above 30 kHz, and 12
dB down from the 30 kHz gain). Because this is the final
lag network, this line may be extended to the right edge of
the graph.

A completed graph is shown in Figure 1.15.
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VA Figure 1.15
Gain plot of complete amplifier
26 dB -6 dB/octave
6 dB/octave
-12 dB/octave
0dB | | | >
200 10k 30k f
4

There is one item that should be noted before we leave this section, and that is the
concept of narrowing. Narrowing occurs when two or more networks share similar
critical frequencies, and one of them is a dominant network. The result is that the
true -3 dB breakpoints may be altered. Here is an extreme example. Assume that a
circuit has two lag networks, both critical at 1 MHz. A Bode plot would indicate that
the breakpoint is 1 MHz. This is not really true. Remember, the effects of lead and
lag networks are cumulative. Because each network produces a 3 dB loss at 1 MHz,
the net loss at this frequency is actually 6 dB. The true -3 dB point will have been
shifted. The Bode plot only gives you the approximate shape of the response.

1.5 Circuit Simulations Using Computers

With the advent of low cost personal computers, there are many alternatives to hand
sketching of plots. One method involves the use of commercial or public domain
software packages designed for circuit analysis. One common package is the public
domain program SPICE. SPICE is an acronym that stands for Simulation Program
with Integrated Circuit Emphasis, and was originally written in the mid- 1970’s by
Dr. Laurence Nagel of the University of California. This program is available for
many different computing platforms for minimal cost. SPICE also serves as the core
for a number of commercial packages. The commercial versions generally add
features such as schematic capture (the ability to “draw” circuits using the
computer’s mouse), graphical input and output of data, interactive analysis, analog-
digital mixed signal analysis and large device libraries. Examples of popular
simulation packages include the commercial offerings OrCAD PSpice and
Electronics Workbench Multisim, while freeware packages include Linear
Technology LTspice and Texas Instruments TINA-TI. The choice of a specific
simulation tool depends on the needs of the user, available facilities, costs, and so
forth. Of course, everyone has their own working style, so personal preference also
plays a role. Generally, any quality SPICE-based simulator will be sufficient for the
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circuits presented in this book.

In order to use a simulator, a circuit is “described” with a special data file. For non-
graphical simulators, the data file can be created using an ordinary text editor. The
data file is then used by the simulation program to estimate the circuit response.
Simulation results can include items such as Bode gain and phase plots.

< multiSIM - c1_basic.msm

Fie Edit View Simuate Tranter Toolk Window Help .
S Figure 1.16a

N Haagli”glgmﬁ

1_basic.msm

Multisim schematic for a simple
lag network

1kChm
N
141421V BOHz

(ol @lelbibegesterlee e bt

[Tomp 27| 0227 /00352 (] Vi

With graphical input (AKA schematic capture), components are usually dragged
onto the work area and interconnected through the use of a mouse or other pointing
device. Consequently, text-based input files are not needed, although many
programs can import them and create the circuit from there. Similarly, simulation
results are generally shown in graphical form using a plotting window or virtual
oscilloscope instead of using a text-based output file. Graphical input and output
using Multisim is shown in Figure 1.16. Here a simple lag network is drawn on the
worksheet. A Bode plot is then generated by selecting the AC Analysis option of
Simulate.
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Note that accurate models for specific op amps or other devices that are not included
in the simulator’s libraries may be obtained from their manufacturer. This is often as
simple as downloading them from the manufacturer’s Web site. A listing of
manufacturer’s Web sites may be found in the Appendix.

Simulators are by no means small or trivial programs. They have many features and
options, not to mention the variations produced by the many commercial versions.
This text does not attempt to teach all of the intricacies of SPICE-based simulators.
For that, you should consult your simulator user’s manual, or one of the books
available on the subject. The examples in this book assume that you already have
some familiarity with computer circuit simulators.

We will be using simulations in the following chapters for various purposes. One
thing that you should always bear in mind is that simulation tools should not be used
in place of a normal “human” analysis. Doing so can cause no end of grief.
Simulations are only as good as the models used with them. It is easy to see that if
the description of the circuit or the components within the circuit is not accurate, the
simulation will not be accurate. Simulation tools are best used as a form of double-
checking a design, not as a substitute for proper analysis.
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1.6 The Differential Amplifier

Most modern operational amplifiers utilize a differential amplifier front end. In other
words, the first stage of the operational amplifier is a differential amplifier. This
circuit is commonly referred to as a diff amp or as a long-tailed pair. A diff amp
utilizes a minimum of 2 active devices, although 4 or more may be used in more
complex designs. Our purpose here is to examine the basics of the diff amp so that
we can understand how it relates to the larger operational amplifier. Therefore, we
will not be investigating the more esoteric designs. To approach this in an orderly
fashion, we will examine the DC analysis first, and then follow with the AC small
signal analysis.

Figure 1.17
Simplified diff amp

RB1 . Rp2

DC Analysis

A simplified diff amp is shown in Figure 1.17. This circuit utilizes a pair of NPN
bipolar transistors, although the circuit could just as easily be built with PNPs or
FETs. Note the inherent symmetry of the circuit. If you were to slice the circuit in
half vertically, all of the components on the left half would have a corresponding
component on the right half. Indeed, for optimal performance, we will see that these
component pairs should have identical values. For critical applications, a matched
pair of transistors would be used. In this case, the transistor parameters, such as 3,
would be very closely matched for the two devices.

In Figure 1.18, the circuit currents are noted, and the generalized current source has
been replaced with a resistor/negative power supply combination. This is in essence,
an emitter bias technique. Assuming that the base voltages are negligible and that
Ve is equal to .7 V, we can see that the emitter of each device is at approximately
-.7 V. Kirchhoff’s Voltage Law indicates that the bulk of the negative supply
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potential must drop across Ry.

VR,: | Ve A%
! +Vee
IC1 ‘17 v ‘17 IC2 Figure 1.18
Diff amp analysis of
;RC1 ;RCZ Figure 1.17
Is1 |
. < B2
Q1 Q2
Ra1 . Rp2
— <+
Ie1 E2
= Ry
-VEE

Knowing this, we may find the current through Ry, which is known as the tail
current, /7.

/= IENAY

Ry
If the two halves of the circuit are well matched, the tail current will split equally
into two portions, /z; and /. Given identical emitter currents, it follows that the
remaining currents and voltages in the two halves must be identical as well. These
potentials and currents are found through the application of Kirchhoff’s Voltage and
Current Laws just as in any other transistor bias analysis.
Figure 1.19
Example 1.18 Diff amp for example 1.18
+20V

Find the tail current, the two emitter currents, and the two collector to
ground voltages in the circuit of Figure 1.19. You may assume that the two
transistors are very closely matched.

The first step is to find the tail current:

A
T RT

-0V
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The tail current is the combination of the two equal emitter currents, so

1

1.=1,=—
Er=4 2=
4.65mA
[EIZIEZZT
1;=1;=2.325mA

If we make the approximation that collector and emitter currents are equal,
we may find the collector voltage by calculating the voltage drop across the
collector resistor, and subtracting the result from the positive power supply.

Ve=Vee—1cRe
V.=20V-2.325mAX3kQ
V.=20V-6.975V
V.=13.025V

Again, because we have identical values for both halves of the circuit, V¢,
=V, . If we continue with this and assume a typical § of 100, we find that
the two base currents are identical as well.

1

IB:FC
_2.325mA
[=2m0 2
100
1,=23.25uA

Noting that the base currents flow through the 5 kQ base resistors, we may
find the base voltages. Note that this is a negative potential because the base
current is flowing from ground into the transistor’s base.

VB:_IBRB
V,=—23.250AX5kQ
V,=—116.25mV

This result indicates that the actual emitter voltage is closer to -.8 V than
-.7V, and thus, the tail current is actually a little less than our approximation
of 4.65 mA. This error is probably within the error we can expect by using
the .7V junction potential approximation.




Input Offset Current and Voltage

As you have no doubt guessed, it is impossible to make both halves of the circuit
identical, and thus, the currents and voltages will never be exactly the same. Even a
small resistor tolerance variation will cause an upset. If the base resistors are
mismatched, this will cause a direct change in the two base potentials. A variation in
collector resistance will cause a mismatch in the collector potentials. A simple B or
Vsr mismatch can cause variations in the base currents and base voltages, as well as
smaller changes in emitter currents and collector potentials. It is desirable then to
quantify the circuit’s performance so that we can see just how well balanced it is.
We can judge a diff amp’s DC performance by measuring its input offset current and
its input and output offset voltages. In simple terms, the difference between the two
base currents is the input offset current. The difference between the two collector
voltages is the output offset voltage. The DC potential required at one of the bases to
counteract the output offset voltage is called the input offset voltage (this is little
more than the output offset voltage divided by the DC gain of the amplifier). In an
ideal diff amp all three of these factors are equal to 0. We will take a much closer
look at these parameters and how they relate to operational amplifiers in later
chapters. For now, it is only important that you understand that these inaccuracies
exist, and what can cause them.

AC Analysis

Figure 1.20 shows a typical circuit with input and output connections. In order to
minimize confusion with the DC circuit, AC equivalent values will be shown in
lower case. Small emitter degeneration resistors, 7z, and 7z, have been added to this

+V
cC
Figure 1.20
A typical diff amp with input
and output connections
;Rm §Rcz |—cVoutg
* Vout1
"E1 "E2
V; V;
int Rp1 RB 2 in2
- VEE

diff amp. This circuit has two signal inputs and two signal outputs. It is possible to
configure a diff amp so that only a single input and/or output is used. This means
that there are four variations on the theme:

46



* Differential (also called dual- or double-ended) input, differential
output.

» Differential input, single-ended output.

» Single-ended input, differential output.

» Single-ended input, single-ended output.

These variations are shown in Figure 1.21. For use in operational amplifiers, the
differential input/single-ended output variation is the most common. We will
examine the most general case, the differential input/differential output version.

+Voo +Vee
Figure 1.21
The four different diff amp
input/output configurations
2t Vout = } Vout
Vin Vin Vin
a. Differential input and output b. Single-ended input and
differential output
+Vee +Vee
Vout Vout
vm Vin Vin
c. Differential input and d. Single-ended input and
single-ended output output

Because the diff amp is a linear circuit, we can use the principle of Superposition to
independently determine the output contribution from each of the inputs. Utilizing
the circuit of Figure 1.20, we will first determine the gain equation from V;,; to
either output. To do this, we replace V;,, with a short circuit. The AC equivalent
circuit is shown in Figure 1.22.
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Figure 1.22
The circuit of Figure 1.20
redrawn for AC analysis

For the output on collector 1, transistor 1 forms the basis of a common emitter
amplifier. The voltage across r¢; is found via Ohm’s Law.

Ve, Tler" e

The negative sign comes from the fact that AC ground is used as our reference. (i.e.,
for a positive input, current flows from AC ground down through 7¢;, and into the
collector.) To a reasonable approximation, we can say that the collector and emitter
currents are identical.

vV, =il
We must now determine the AC emitter current in relation to V;,;. In order to better

visualize the process, the circuit of Figure 1.22 is altered to include simplified
transistor models, as shown in Figure 1.23.

Figure 1.23
AC analysis
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', is the dynamic resistance of the base emitter junctions and is inversely
proportional to the DC emitter current. You may recall the following equation from
your prior course work:

, _26mV
r' =
¢ 1

E

Where
7', is the dynamic base-emitter junction resistance,
I is the DC emitter current.

For typical circuits, the values of 7', and 7 are much smaller than the tail current
biasing resistor, Rr. Because of its large size, we can ignore the parallel effect of Ry.
By definition, the AC emitter current must equal the AC emitter potential divided by
the AC resistance in the emitter section. If you trace the signal flow from the base of
transistor 1 to ground, you find that it passes through »',;, 7z, 7'.> and rg,. You will
also notice that the magnitude of ig; is the same as iz, although they are out of
phase.

Vin[

.=
Fr A ot
Because the circuit values should be symmetrical for best performance, this equation
may be simplified to

in

lEzz(r,e+rE)

If we now solve for voltage gain,

Where

A, is the voltage gain,

rc is the AC equivalent collector resistance,

rg is the AC equivalent emitter resistance,

r'. is the dynamic base-emitter junction resistance.
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The final negative sign indicates that the collector voltage at transistor number 1 is
180 degrees out of phase with the input signal. Earlier, we noted that i, is the same Figure 1.24 ‘
magnitude as ig;, the only difference being that it is out of phase. Because of this, the  waveforms for a single input
magnitude of the collector voltage at transistor number 2 will be the same as that on
the first transistor. Because the second current is out of phase with the first, it
follows that the second collector voltage must be out of phase with the first. This
means that the voltage at the second collector is in phase with the first input signal.
Its gain equation is

3
>

t

r'e

/N
N4
/\f

3
>

The various waveforms are depicted in Figure 1.24. The preceding equation is often Vei t

referred to as the single-ended input/single-ended output gain equation because it
describes the single change from one input to one output. The output signal will be
in phase if we are examining the opposite transistor, and out of phase if we are
looking at the input transistor. Because the circuit is symmetrical, we will get similar

results when we examine the second input. The voltage between the two collectors is ~ Ve2 t;
180 degrees apart. If we were to use a differential output, that is, derive the output

from collector to collector rather than from one collector to ground, we would see an

effective doubling of the output signal. If the reason for this is not clear to you,

consider the following. Assume that each collector has a 1 V peak sine wave riding

on it. When collector 1 is at +1 V, collector 2 is at -1 V, making +2 V total.

Likewise, when collector 1 is at its negative peak, collector 2 is at its positive peak,

producing a total of -2 V. The single ended input/differential output gain therefore is

Example 1.19

Using the circuit of Figure 1.20, determine the single-ended
input/differential output and single-ended input/single-ended output voltage
gains. Use the following component values: Ve =15V, Vi =-8V, Ri=10kQ,
R=8kQ, r;=30Q.

In order to find r’, we must find the DC current.

V=TV

T— RT

73V

7 10kQ
I1,=.73mA
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[T

I=—
2

I,= 73 mA

2

1,=.365mA
,_26mV
e IE

L _26mV
¢ 365mA

r'=7120

For the single ended output gain,

I'c

2(r,e+rE)

4= 8kQ

" 2(71.2Q+30Q)
_ 8kQ
"20240
A4,=39.5

A=

4

The differential output gain is twice this value, or 79.

Because it is possible to drive a diff amp with two distinct inputs, a wide variety of
outputs may be obtained. It is useful to investigate two specific cases:

* Two identical inputs in both phase and magnitude.
*  Two inputs with identical magnitude, but 180 degrees out of phase.

Let’s consider the collector potentials for the first case. Assume that a diff amp has a
single-ended input/single-ended output gain of 100 and a 10 mV signal is applied to
both bases. Using Superposition, we find that the outputs due to each input are 100
times 10 mV, or 1 V in magnitude. For the first input, the voltages are sketched in
Figure 1.25a (following page). For the second input, the voltages are sketched in
Figure 1.25b. Note that each collector sees both a sine wave and an inverted sine
wave, both of equal amplitude. When these two signals are added, the result is zero,
as seen in Figure 1.25c¢. In equation form,

Ve =Vim (—A4,)+v, ,4

in2*7y
vCl:Av(VinZ_vinl)

Because v;,; and v;,; are identical, the output is ideally zero given a perfectly
matched and biased diff amp. The exact same effect is seen on the opposite
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collector. This last equation is very important. It says that the output voltage is equal
to the gain times the difference between the two inputs. This is how the differential
amplifier got its name. In this case, the two inputs are identical, and thus their
difference is zero. On the other hand, if we were to invert one of the input
signals(case 2), we find a completely different result.

v, ==V

i1 = Vin2

ve, =4, (sz_ Viur)

Ve =4, (V= (=v,,,))

Ve =2 A4,v;,
Thus, if one input is inverted, the net result is a doubling of gain. This effect is
shown graphically in Figures 1.25d through 1.25f. In short, a differential amplifier
suppresses in phase signals while simultaneously boosting out of phase signals. This

can be a very useful attribute, particularly in the area of noise reduction.

10 mV 10 mV
Vin %_t} Vin \/ t;
1v { \/\ 1V { /\/
Ver —t> Ver t> Ver t;
1v { /\/ v { \/\
Vez —t) Vea t; Ve l‘;
c.z. Waveforms for first b Waveforms for second ¢. Combinations of a and b
input input
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Input-output waveforms for
common mode




10 mv
10 mV
N\,
Vin > t
/¢
1v { \/\ Y { \/\ 2v { \/\
7 t; Ve t; Ves _—t)
A /\/ 4 /\/ "t /\/
> V, > Vo>
Vee ; c2 ; c2 r
d. Waveforms for identical e. Waveforms for f- Combinations of d and e
first input inverted second input

Common Mode Rejection

By convention, in phase signals are known as common-mode signals. An ideal
differential amplifier will perfectly suppress these common-mode signals, and thus,
its common-mode gain is said to be zero. In the real world, a diff amp will never
exhibit perfect common-mode rejection. The common-mode gain may be made very
small, but it is never zero. For a common-mode gain of zero, the two halves of the
circuit have to be perfectly matched, and all circuit elements must be ideal. This is
impossible to achieve as errors may arise from several sources. The most obvious
error sources are resistor tolerance variations and transistor parameter spreads. The
basic design of the circuit will also affect the common-mode gain. With some circuit
rearrangements, it is possible to determine a common-mode gain for the circuits we
have been using. The circuit of Figure 1.20 has been redrawn in Figure 1.26 in order
to emphasize its parallel symmetry.
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e e
%RT
Vee

Because the DC potentials are identical in both halves, and identical signals drive
both inputs, we can combine resistors in parallel in order to arrive at the circuit of
Figure 1.27.

+Vee
Re
2
- -
[ [

I
v

Ve

Although it is not shown explicitly on the diagram, the internal dynamic resistances
(r'.) may also be combined (#'./2). This circuit has been effectively reduced to a
simple common emitter stage. Based on our earlier work, the gain for this circuit is
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Figure 1.26

The circuit of Figure 1.20
redrawn for common mode
rejection ratio (CMRR)
analysis

Figure 1.27
Common mode gain analysis




Tc
Ay em)= 2,

R+l

L)

This is the common-mode voltage gain. If R is considerably larger than 7, then this
circuit will exhibit good common mode rejection (assuming that the other parts are
matched, naturally). Ry is the effective resistance of the tail current source. A very
high internal resistance (i.e., an ideal current source) is desirable. There are many
ways of creating a more ideal current source. One way is to use a third bipolar

+Vee
|

Figure 1.28
Improved current source

R3

_VEE

transistor as shown in Figure 1.28. The tail current is found by determining the

potential across R, and subtracting the .7 V Vs drop. The remaining potential Figure 1.29
appears across R;. Given the voltage and resistance, Ohm’s Law will let you find the  cysrent mirror
tail current. In this circuit, R, is sometimes replaced with a Zener diode. This can

help to reduce temperature induced current fluctuations. In any case, the effective oV
resistance of this current source is considerably larger than the simple tail resistor

variation. It is largely dependent on the characteristics of the tail current transistor,

and can easily be in the megohm region. R

Current Mirror

A very popular biasing technique in integrated circuits involves the current mirror.
Current mirrors are also employed as active loads in order to optimize a circuit’s
gain. A simple current mirror is shown in Figure 1.29. This circuit requires that the
transconductance curves of the diode and the transistor be very closely matched.
One way to guarantee this is to use two transistors, and form one of them into a
diode by shorting its collector to its base. If we use an approximate forward bias
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potential of .7 V and ignore the small base current, the current through the diode is

Figure 1.30

I= Vee—T1V Transfer curve mismatch
R

%
In reality, the diode potential will probably not be exactly .7 V. This will have little
effect on /, though. Because the diode is in parallel with the transistor’s base-emitter
junction, we know that V,=V3g. If the two devices have identical transconductance
curves, the transistor’s emitter current will equal the diode current. You can think of
the transistor as mirroring the diode’s current, hence the circuit’s name. If the two
device curves are slightly askew, then the two currents will not be identical. Thisis 10 mA
shown graphically in Figure 1.30.

Example 1.20

A current mirror could be used in the circuit of Figure 1.28. The result is
shown in Figure 1.31. If the positive power supply is 15 V, the negative \
supply is -10 V, and R is 10 k€, the tail current will be

15 MA - moememesseaneas

I,= Vee 7 Vee =0 10 MA |- \

R 3d|odecurve
7 _15V—(=10V) -7V i >
P 10kQ 65V Vp
1,=2.43mA

Because the tail current is the mirror current,

1,=I,
1,=2.43mA

Biasing of this type is very popular in operational amplifiers. Another use for current
mirrors is in the application of active loads. Instead of using simple resistors for the
collector loads, a current mirror may be used instead. A PNP based current mirror
suitable for use as an active load in our previous circuits is shown in Figure 1.32.
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Figure 1.31
Current mirror bias

Figure 1.32
Active load current mirror

_VEE

To use this, we simply remove the two collector resistors from a circuit such as
Figure 1.31, and drop in the current mirror. The result of this operation is shown in
Figure 1.33. The current mirror active load produces a very high internal impedance,
thus contributing to a very high differential gain. In effect, by using a constant
current source in the collectors, all AC current is forced into the following stage.
You may also note that the number of resistors used in the circuit has decreased
considerably.

Figure 1.33
Current mirrors for bias and
active load

- VEE
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Summary

We have seen how to convert gains and signals into a decibel form for both powers
and voltages. This is convenient because what would require multiplication and
division under the ordinary scheme only requires simple addition and subtraction in
the dB scheme. Along with this, dB measurement is used almost exclusively for
Bode gain plots. A Bode plot details a system’s gain magnitude and phase response.
For gain, the amplitude is measured in dB, while the frequency is normally
presented in log form. For a phase plot, phase is measured in degrees, and again, the
frequency axis is logarithmic. The changes in gain and phase at the frequency
extremes are caused by lead and lag networks. Lead networks cause the low
frequency gain to roll off. The roll off rate is 6 dB per octave per network. The phase
will change from +90 degrees to 0 degrees per network. Lag networks cause the high
frequency gain to roll off at a rate of -6 dB per octave per network. The phase
change per lag network is from 0 degrees to -90 degrees. It was noted that computers
may be used to quickly tabulate the response of complex networks such as these.
Many computer circuit simulators are based on the original SPICE program. Among
the popular commercial simulation programs are PSpice and Multisim. Freeware
versions include LTspice and TINA-TI. Packages such as these offer graphical
schematic capture tools and large component libraries.

Differential amplifiers are symmetrical circuits, employing a minimum of two active
devices. They may be configured with single or dual inputs, and single or dual
outputs. Diff amps are commonly used as the first stage of an operational amplifier.
They tend to amplify the difference in the input signals while simultaneously
suppressing in-phase, or common-mode, signals. Current mirrors are widely used for
biasing purposes and as active loads. Active loads offer the advantage of producing
higher gains than ordinary resistive loads.

Review Questions

1. What are the advantages of using decibels over the ordinary scheme?

2. How do decibel power and voltage gain calculations differ?

3. What does the third letter in a decibel-based signal measurement indicate (as
in dBV or dBm)?

4. What is a Bode plot?

5. What is a lead network? What general response does it yield?

6. What is a lag network? What general response does it yield?

7. What do the terms f; and f> indicate about a system’s response?

8. What are the rolloff slopes for lead and lag networks?

9. What are the phase changes produced by individual lead and lag networks?

10. How is risetime related to upper break frequency?

11. How do multiple lead or lag networks interact to form an overall system
response?
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12.
13.
14.
15.

What is SPICE?

What is common-mode rejection?

What is a current mirror?

What is the advantage of using an active load?

Problems

Analysis Problems - dB emphasis
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1.

10.

11.

12.
13.
14.

15.

16.

Convert the following power gains into dB form: a) 10 b) 80 ¢) 500 d) 1
e).2 f).03.

Convert the following dB power gains into ordinary form: a) 0 dB b) 12 dB
c)33.1dB d).2dB e)-5.4dB f)-20dB.

An amplifier has an input signal of 1 mW, and produces a 2 W output. What
is the power gain in dB?

A Hi-Fi power amplifier has a maximum output of 50 W and a power gain

of 19 dB. What is the maximum input signal power?

An amplifier with a power gain of 27 dB is driven by a 25 mW source.
Assuming the amplifier doesn’t clip, what is the output signal in Watts?

Convert the following voltage gains into dB form: a) 10 b) 40 c) 250 d) 1
e).5 1).004

Convert the following dB voltage gains into ordinary form: a) .5 dB b) 0 dB
c)46dB d) 10.7dB e) -8 dB f)-14.5dB

A guitar pre-amp has a gain of 44 dB. If the input signal is 12 mV, what is
the output signal?

A video amplifier has a 140 mV input and a 1.2 V output. What is the
voltage gain in dB?

The pre-amp in a particular tape deck can output a maximum signal of 4 V.
If this amplifier has a gain of 18 dB, what is the maximum input signal?
Convert the following powers into dBW:a) 1 W b)23 W ¢) 6.5 W d) .2W
e)2.3mW f) 1.2kW g).045 mW h).3 uW i) 5.6E-18 W.

Repeat Problem 11 for units of dBm.

Repeat Problem 11 for units of dBf.

Convert the following voltages into dBV:a) 124V b) 1V ¢) .25V
d)1.414V ¢).1V ) 10.6kV g) 13 mV h)2.78 uV.

A two stage power amplifier has power gains of 12 dB and 16 dB. What is
the total gain in dB and in ordinary form?

If the amplifier of Problem 15 has an input of -18 dBW, what is the final
output in dBW? in dBm? in Watts?



17.

18.

19.

20.

21.

22.

23

Referring to Figure 1.1, what are the various stages’ outputs if the input is
changed to -4 dBm? to -34 dBW?

Which amplifier has the greatest power output? a) 50 Watts b) 18 dBW
¢) 50 dBm.

Which amplifier has the greatest power output? a) 200 mW b) -10 dBW
¢) 22 dBm.

A three stage amplifier has voltage gains of 20 dB, 5 dB, and 12 dB
respectively. What is the total voltage gain in dB and in ordinary form?

If the circuit of Problem 20 has an input voltage of -16 dBV, what are the
outputs of the various stages in dBV? In volts?

Repeat Problem 21 for an input of 12 mV.
Which amplifier produces the largest output voltage? a) 15V b) 16 dBV

Analysis Problems - Bode plot emphasis
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24.

25.

26.

27.

28.

29.
30.

31.
32.
33.
34.

35.

36.

Given a lead network critical at 3 kHz, what are the gain and phase values at
100 Hz, 3 kHz, and 40 kHz?

Given a lag network tuned to 700 kHz, what are the gain and phase values at
50 kHz, 700 kHz, and 10 MHz? What is the risetime?

A noninverting amplifier has a midband voltage gain of 18 dB and a single
lag network at 200 kHz. What are the gain and phase values at 30 kHz, 200
kHz, and 1 MHz. What is the risetime?

Repeat Problem 26 for an inverting (-180 degrees) amplifier.
Draw the Bode plot for the circuit of Problem 26.
Draw the Bode plot for the circuit of Problem 27.

An inverting (-180 degrees) amplifier has a midband gain of 32 dB and a
single lead network critical at 20 Hz (assume the lag network f. is high
enough to ignore for low frequency calculations). What are the gain and
phase values at 4 Hz, 20Hz, and 100 Hz?

Repeat Problem 29 with a noninverting amplifier.
Draw the Bode plot for the circuit of Problem 30.
Draw the Bode plot for the circuit of Problem 31.

A noninverting amplifier used for ultrasonic applications has a midband
gain of 41 dB, a lag network critical at 250 kHz, and a lead network critical
at 30 kHz. Draw its gain Bode plot.

Find the gain and phase at 20 kHz, 100 kHz, and 800 kHz for the circuit of
Problem 34.

If the circuit of Problem 34 has a second lag network added at 300 kHz,
What are the new gain and phase values at 20 kHz, 100 kHz, and 800 kHz?



37.
38.

39.

40.

41.

42.

Draw the gain Bode plot for the circuit of Problem 36.

What are the maximum and minimum phase shifts across the entire
frequency spectrum for the circuit of Problem 36?

A noninverting DC amplifier has a midband gain of 36 dB, and lag networks
at 100 kHz, 750 kHz, and 1.2 MHz. Draw its gain Bode plot.

What are the maximum and minimum phase shifts across the entire
frequency spectrum for the circuit of Problem 39?

What is the maximum rate of high frequency attenuation for the circuit of
Problem 39 in dB/Decade?

If an amplifier has two lead networks, what is the maximum rate of low
frequency attenuation in dB/Octave?

Analysis Problems - Differential amplifier emphasis

43.

44,

45.

46.

47.

48.

Given the circuit of Figure 1.20, determine the single-ended input/single-
ended output gain for the following values: Rz=5 kQ, R;=7.5 kQ, Rc=12
kQ, Vee=25V, Vgg=-9 V, rg=50 Q.

Determine the differential voltage gain in the circuit of Figure 1.28 if Rz=
15 kQ, R1:5 k.Q, R2:7 kQ, R3: 10 k.Q, RC: 20 k.Q, VCC: 22 V, VEE:-]Z V,
re=75 Q.

For the circuit of Problem 44, determine the output at collector 2 if
Vinr(1)=.001 sin 21000t and V,»(t)=-.001 sin 21000t.

Determine the differential voltage gain in the circuit of Figure 1.31 if R,=8
kQ, Ruinor=22 kQ, Rc=10kQ, Vcc=18V, Vig=-15V, rg=25 Q.

For the circuit of Problem 46, determine the output at collector 1 if
Vina(t)=-.005 sin 22000t and V;,5(1)=.005 sin 2z2000t.

Determine the tail and emitter currents in the circuit of Figure 1.33 if Rz=6
kQ, Rm,‘rmr:50 k.Q, VCC:]5 I/, VEE:-15 V, I’EZOQ.

Challenge Problems
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49.

50.

51.

You would like to use a voltmeter to take dBm readings in a 600 Q system.
What voltage should produce 0 dBm?

Assuming that it takes about an 8 dB increase in sound pressure level in
order to produce a sound that is subjectively “twice as loud” to the human
ear, can a Hi-Fi using a 100 W amplifier sound twice as loud as one with a
40 W amplifier (assuming the same loudspeakers)?

Hi-Fi amplifiers are often rated with a “headroom factor” in dB. This
indicates how much extra power the amplifier can produce for short periods
of time, over and above its nominal rating. What is the maximum output
power of a 250 W amplifier with 1.6 dB headroom?



52. If the amplifier of Problem 34 picks up an extraneous signal that is a -10
dBV sine wave at 15 kHz, what is the output?

53. If the amplifier of Problem 39 picks up a high frequency interference signal
at 30 MHz, how much is it attenuated over a normal signal? If this input
signal is measured at 2 dBV, what should the output be?

54. If an amplifier has two lag networks, and both are critical at 2 MHz, is the
resulting /> less than, equal to, or greater than 2 MHz?

55. If an amplifier has two lead networks, and both are critical at 30 Hz, is the
resulting f; less than, equal to, or greater than 30 Hz?

Computer Simulation Problems

56. Use a simulator to plot the Bode gain response of the circuit in Problem 39.
57. Use a simulator to plot the Bode phase response of the circuit in Problem 34.

58. Use a simulation program to generate a Bode plot for a lead network
comprised of a 1 kQ resistor and a .1 uF capacitor.

A Circuit Analysis Haiku
Kirchhoff's Voltage Law

What could be more important?
I'm thinking Ohm's Law
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2 Operational Amplifier Internals

Chapter Learning Objectives

After completing this chapter, you should be able to:

* Describe the internal layout of a typical op amp.

*  Describe a simple op amp computer simulation model.

* Determine fundamental parameters from an op amp data sheet.

*  Describe an op amp based comparator, and note where it might be used.
*  Describe how integrated circuits are constructed.

»  Define monolithic planar construction.

*  Define hybrid construction.

2.1 Introduction

In this chapter we introduce the fundamentals of the operational amplifier, or op amp, as it is commonly known.
We will investigate the construction and usage of a typical general-purpose op amp. Specific along with
generalized internal circuits and associated block diagrams are examined. An initial op amp data sheet
interpretation is given as well. Toward the middle of the chapter, the first op amp circuit examples are presented.
The chapter finishes with an explanation of semiconductor integration and construction techniques. After
finishing this chapter, you should be familiar with the concepts of what an op amp is composed of, how it is
manufactured, and a beginning idea of how it might be used in application circuit design.

2.2 What Is An Op Amp?

An operational amplifier is, in essence, a multi-stage high gain amplifier treated as a single entity. Normally, op
amps have a differential input and a single-ended output. In other words, one input produces an inverted output
signal, and the other input produces a noninverted output signal. Often, the op amp is driven from a bipolar
power supply (i.e., two supplies, one positive and one negative). Just about any sort of active amplifying device
may be used for the individual stages. Op amps can be made entirely from vacuum tubes or discrete bipolar
transistors (and of course, they were made that way some years ago). The advances in semiconductor
manufacture in the late 1960's and early 1970's eventually made it possible to miniaturize the required
components and place the whole affair on a single silicon chip (hence the term, integrated circuit). Through
common use, this is what is generally meant by the term op amp today.
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As seen in Figure 2.1, a typical op amp has at least five distinct connections; an

inverting input (labeled “-”), a noninverting input (labeled “+”), an output, and
positive and negative power supply inputs. These power supply connections are
sometimes referred to as supply rails. Note that a ground connection is not directly
given. Rather, a ground connection is implied through the other connections. This
symbol and its associated connections are typical, but by no means absolute. There
are a wide variety of devices available to the designer that offer such features as
differential outputs or unipolar power supply operation. In any case, some form of
triangle will be used for the schematic symbol. Vin-e—=

Figure 2.1
General op amp symbol

+V (power)

Vin+ e—— ¢

Vout

It is best to think of op amps as general-purpose building blocks. With them, you can -V (power)
create a wide variety of useful circuits. For general-purpose work, designing with op
amps is usually much quicker and more economical than an all-discrete approach.
Likewise, trouble shooting and packaging constraints may be lessened. For more
demanding applications, such as those requiring very low noise, high output current
and/or voltage, or wide bandwidth, manufacturers have created specialized op amps.
The final word in performance today is still dominated by discrete circuit designs
though. Also, it is very common to see a mix of discrete and integrated devices in a
given circuit. There is certainly no law that states that op amps can only be used with
other op amps. Often, a judicious mix of discrete devices and op amps can produce a
circuit superior to one made entirely of discretes or op amps alone.

Where might you find op amp circuits? In a word, anywhere. They're probably in
use in your home stereo or TV where they help capture incoming signals, in
electronic musical instruments where they can be used to create and modify tones, in
a camera in conjunction with a light metering system, or in medical instruments
where they might be used along with various bio-sensing devices. The possibilities
are almost endless.

Block Diagram Of An Op Amp

At this point you may be asking yourself, “what's inside of the op amp?”” The
generic op amp consists of three main functional stages. A real op amp may contain
more than three distinct stages, but can be reduced to this level for analysis. A
generalized discrete representation is given in Figure 2.2. Since the op amp requires
a differential input scheme, the first stage is most often a differential amplifier. As
seen here, O; and Q, comprise a PNP-based differential amplifier. The output of one
collector (O here) is then fed to a high-gain second stage. This stage usually
includes a lag network capacitor that plays a major roll in setting the op amp's AC
characteristics (this is examined further in Chapter Five). O; makes up the second
stage in the example. It is set in a common emitter configuration for both current and
voltage gain. The a-fore mentioned lag capacitor is positioned across Qj5's base-
collector junction in order to take advantage of the Miller effect. The third and final
section is a class B or class AB follower for the most effective load drive. O, and Qs
make up the final stage. The twin diodes compensate for the O, and Qs Vi drops,
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and produce a trickle bias current that minimizes distortion. This is a relatively
standard class AB stage. Note that the entire circuit is direct-coupled. There are no

lead networks, and thus the op amp can amplify down to zero Hertz (DC). There are

many possible changes that may be seen in a real world circuit, including the use of

Darlington pairs or FETs for the differential amplifier, multiple high gain stages, and

output current limiting for the class B section.

1

Vin- Qq Qy ;

Vin+

Sy

| VO!..'!l

T
&L

7 X
L

Ly

The example discrete circuit uses only five transistors and two diodes. In contrast, an

integrated version may use two to three dozen active devices. Because of the
excellent device matching abilities of single chip integration, certain techniques are
used in favor of standard discrete designs. Internal IC current sources are normally
made through the use of current mirrors. Current mirror configurations are also
employed to create active loads, in order to achieve maximum circuit gain.

Vee O—

-Vgg O— &

Vo

A typical integrated op amp will contain very few resistors, and usually only one or
two lag network capacitors. Due to size limitations and other factors, inductors are
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Figure 2.2
General op amp schematic

Figure 2.3
LF411 simplified schematic

Reprinted courtesy of Texas
Instrutments




virtually unseen in these circuits. A simplified equivalent circuit of the LF411 op
amp is shown in Figure 2.3. Note that this device uses JFETs for the diff amp with
an active load. The diff amp tail current source and the class AB trickle bias source
are shown as simple current sources. In reality, they are a bit more complex,
utilizing current mirror arrangements.

One of the most popular op amps over the years has been the 741. The specifications
of this device seem rather lackluster by today's standards, but it was one of the first
easy-to-use devices produced. As a result, it has found its way into a large number of
designs. Indeed, it is still a wise choice for less demanding applications, or where
parts costs are a major consideration. A complete schematic of the pA 741 is shown
in Figure 2.4. Several different manufacturers make the 741. This version is
manufactured by Signetics, and may be somewhat different than a 741 made by
another company?. The circuit contains 20 active devices and about one dozen

resistors.
- oV
él-;I:J 9 012 13 Figure 2.4
+ { Q14 Schematic of uA741
Reprinted courtesy of Philips
5 2 INVERTING :
HoN mvsﬁl'r;z? ol Q2 INPUT < RS Semiconductors
S 30K WA
R7 Q15
45K
=—Cl ¢
Q3 30 pF R8 RS
A N 75K 25
'AVA
V_’
lv—|:o7 is ouTPUT
I\A R10
50
b 1 Q17
~ v Q6 aio N
Q5 it in/' 020
OFFSET NULL OFFSET
NULL
R QRS SR2 S R4 SRz S RN
1K 250K 21K 5K > 50Kk © 50
- - -0~ "-

At first glance, this circuit may look hopelessly confusing. A closer look reveals
many familiar circuit blocks. First off, you will notice that a number of devices show
a shorting connection between their base and collector terminals, such as Qs, Oy,
and Q.. In essence, these are diodes (they are drawn this way because they are
manufactured as transistor junctions. It is actually easier to make diodes in this
fashion). For the most part, these diodes are part of current mirror biasing networks.
The bias setup is found in the very center of the schematic, and revolves around Oy
through Q,.. The setup current is found by subtracting two diode drops (Q,;, O;2)

2 While the exact internal circuitry may be altered, the various manufacturers versions will
have the same pinouts, and very similar performance specifications.
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from the total power supply potential (V. - V), and dividing the result by R;. For a
standard £15 V power supply, this works out to

V.=V =V vV

.= + BE-011—_ ¥ BE-QI2
ias R,
_30vV-14V
b 39k Q
1,..=.733mA

This current is reflected into Q;;. A close look at O;pand Q; reveals that this portion
is not a simple current mirror. By including R,, the voltage drop across the base-
emitter of 0 is decreased, thus producing a current less than .733 mA. This
configuration is known as a Widlar current source. The derivation of the exact
current equation is rather involved, and beyond the scope of this chapter?. This
current is reflected into Qg via Qo, and establishes the tail current for the differential
amplifier. The diff amp stage uses a total of four amplifying transistors in a
common-collector/common-base configuration (Q, through Q,). In essence, O, and
0 are configured as emitter followers, thus producing high input impedance and
reasonable current gain. Q; and Q, are configured as common base amplifiers, and
as such, produce a large voltage gain. The gain is maximized by the active load
comprised of Qs through Q. The output signal at the collector of O, passes on to a
dual transistor high-gain stage (Q;s and Q;7). Qs is configured as an emitter follower
and buffers Q;;, which is set as a common emitter voltage amplifier. Resistor R;;
serves to stabilize both the bias and gain of this stage (i.e., it is an emitter
degeneration or swamping resistor). O, is directly coupled to the class AB output
stage (O and Q»). Note the use of a Vzz multiplier to bias the output transistors.
The Ve multiplier is formed from Q;s and resistors R; and R;. Note that this section
receives its bias current from Q;; which is part of the central current mirror complex.

Some transistors in this circuit are used solely for protection from overloads. A good
example of this is Q;s. As the output current increases, the voltage across Ry will
increase proportionally. Note that this resistor is in parallel with the base emitter
junction of Q;s. If this potential gets high enough, Q;5 will turn on, shunting base
drive current around the output device (Q,). In this manner, current gain is reduced,
and the maximum output current is limited to a safe value. This limiting value may
be found via Ohm's Law:

V
Lyji = RBE
9
YA
I, =—
limit 259
1,,,=28mA

limit —

3 A complete derivation of the Widlar current source may be found in Principles of
Electronic Circuits, by S.G.Burns and P.R.Bond, 1987, West Publishing Company.
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In a similar fashion, O, is protected by R,y, R;;, and Q,,. If the output tries to sink
too large of a current, O,, will turn on, shunting current away from the base of Q.
While individual op amp schematics will vary widely, they generally hold to the
basic four-part theme presented here:

* A central current source/current mirror section to establish proper bias.
* A differential amplifier input stage with active load.

* A high voltage gain intermediate stage.

* A class B or AB follower output section.

Fortunately for the designer or repair technician, intimate knowledge of a particular
op amp's internal structure is usually not required for successful application of the
device. In fact, a few simple models can be used for the majority of cases. One very
useful model is given in Figure 2.5.

Figure 2.5
Simplified model
Vin+
Zout
§ VMV s Vout
) Ay (Vins - Vin.)
Vin- « —

Here the entire multistage op amp is modeled with a simple resistive input network,
and a voltage source output. This output source is a dependent source. Specifically,
it is a voltage-controlled voltage source. The value of this source is

Eout:Av(VinJr_Vin»)

The input network is specified as a resistance from each input to ground, as well as
an input-to-input isolation resistance. For typical op amps these values are normally
hundreds of kilo-ohms or more at low frequencies. Due to the differential input
stage, the difference between the two inputs is multiplied by the system gain. This
signal is presented to the output terminal through the final stage's output impedance.
The output impedance will most likely be less than 100 Q. System voltage gains in
excess of 80 dB (10,000) are the norm.
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A Simple Op Amp Simulation Model

It is possible to create a great variety of simulation models for any given op amp.
Generally speaking, the more accurate the model is, the more likely it is to be
complex. Due to the nature of most simulators, a more complex model requires a
greater amount of time for an analysis to be completed. There is always a trade-off
between model complexity and computation time. We can create a very simple
model based on the previous section. This model is shown in Figure 2.6.

™~
| ~
} e Figure 2.6
-
Vine o—F— T~ Simplified SPICE model
\ T
\ e
} Rin Zout ~—
| NV —— Vout
\ -7
} Ay (Vin+ - Vin-) _ —
Vin- e——| -
\ = -~
\ 7
| =
\ —
|-

It consists of just five nodes. The input section is modeled as a single resistor, R;,,
between nodes 1 and 2. These two nodes are the noninverting and inverting inputs of
the op amp, respectively. The second half of the model consists of a voltage-
controlled voltage source and an output resistor. The value of this dependent source
is a function of the differential input voltage and the voltage gain. With a minimum
of components, the simulation time for this model is very low. In order to use this
model, you need only set three parameters, the input resistance, the output
resistance, and the voltage gain. An example is shown in Figure 2.7 using Multisim.

- multiSIM - c2_model msm N | =10 x|
File Edt View Simulate Transfer Tools Window Help .
SEEEEEER ETE— || Figure 2.7
=2 Simple op amp model in
Multisim

‘|4@|c@|4[§]|43|4ﬂ|«v|40 |<ﬁ |<tj |«§> |<x&|¢sz |4$ |«M
tj |
4;__<>_
£

T | | ) o )
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This model must be used with great care because it is so simplistic. It is useful as a
learning tool for investigating the general operation of an op amp, but should never
be considered as part of a true-to-life simulation. This model makes no attempt to
consider the many limitations of the op amp. Because this model in no way imposes
output signal swing limits, the effects of saturation will go unnoticed. Similarly, no
attempt has been made at modeling the frequency response of the op amp. This is of
great concern and we will spend considerable time on this subject in later chapters.
Many other effects are also ignored. With so many limitations, you might wonder
just where such a model may be used. This model is useful for non-critical
simulations given low frequency inputs. You must also recognize the onset of
saturation (clipping) yourself. Its primary advantage is that the circuit model is
small, and thus computationally fast. Because of this, it is very efficient for students
who are new to both op amps and circuit simulation. Perhaps of equal importance, is
the fact that this model points out the fact that your simulation results can only be as
good as the models you use. Many people fall into the trap that “because the
simulation came from a computer, it must be correct”. Nothing could be further from
the truth. Always remember the old axiom: GIGO (Garbage In = Garbage Out). It
can be very instructive to simulate a circuit using differing levels of accuracy and
complexity, and then noting how closely the results match the same circuit built in
the laboratory.

Op Amp Data Sheet and Interpretation

Different manufacturers often use special codes and naming conventions to delineate
their products from those of other manufacturers, as well as providing quality level
and manufacturing information. A manufacturer's code is usually a letter prefix,
while a quality or construction code is a suffix. Common prefix codes include pA
(Fairchild), AD (Analog Devices), CS (Crystal), LM, LH, and LF (National
Semiconductor, now owned by Texas Instruments, with M indicating monolithic
construction, H indicating hybrid construction, and F indicating an FET device), LT
(Linear Technology), MC (Motorola), NE and SE (Signetics), OPA (Burr-Brown),
and TL (Texas Instruments).

Many manufacturers make a host of standard parts such as the 741. For example,
Texas Instruments makes the LM741, while Fairchild makes the pA741. These parts
are generally considered to be interchangeable, although they may vary in some
ways. Some manufacturers will use the prefix code of the original developer of a
part, and reserve their prefix for their own designs. As an example, Signetics
produces their version of the 741, that they call pA741 because this op amp was first
developed by Fairchild. (Signetics is then referred to as a second source for the
pA741).

Suffix codes vary widely between manufacturers. Typical designations for consumer

grade parts are C, and CN. The suffix N often means Not Graded. Interestingly, the
lack of a final suffix often indicates a very high quality part, usually with an
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extended temperature range. Suffix codes are also used to indicate package styles.
This practice is particularly popular among voltage regulators and other high-power
linear ICs.

Finally, some manufacturers will use a “parallel” numbering system for high-grade
parts. For example, the commercial grade device may have a “300 series” part
number, with industrial grade given a “200 series” designation, and a military grade
part given a “100 series” number. One possible example is the LM318 commercial
grade op amp versus its high-grade counterpart, the LM118. Generally, military-
specified parts will have a very wide temperature range, with industrial and
commercial grades offering progressively less.

The data sheet for the LE411 op amp is shown in Figure 2.8. Let's take a look at
some of the basic parameters and descriptions. The values given are typical of a
modern op amp. A complete investigation of all parameters will be given in Chapter
Five, once we've gotten a little more familiar with the device.

SNOSBHGE —APRIL 1968 —REVISED OCTOBER 2014 wwwti.com

6 Specifications

o Figure 2.8
6.1 Absolute Maximum Ratings
e e = Data sheet for the LF411
MIN MAX MIN MAX ‘ Reprinted courtesy of Texas
Supply Voltage | 222 =18 v Instrutments
| Differential Input Voltage ' +33 30| Vv
[ Input Voltage Range® | 18] 15 v
| Output Short Circuit Duration Confinuous Continuous
TO Package PDIP Package ‘
UNIT
MIN MAX MIN MAX
Power Dissipation'® ) | 670 670 mw
[tmax ' 150 15|
Operating Temperature | See See
[ Lead Temperature (Soldering, 10 5) [ 260 260 o

(1) “Absolute Maximum Ratings” indicate limits beyond which damage to the device may cccur. Operating Ratings indicate conditions for
which the device is functional, but do not ensure specific performance limits.

(2) Unless otherwise specified the absolute maximum negative input voltage is equal to the negative power supply voltage.

(3) For operating at elevated temperature, these devices must be derated based on a thermal resistance of &A.

(4) Max. Power Dissipation iz defined by the package characteristics. Operating the part near the Max. Power Dissipation may cause the
part to operate outside specified limits

(5) These devices are available in both the commercial temperature range 0°C=Ta=70°C and the military temperature range
—55°C=Tx=125"C. The temperature range is designated by the position just before the package type in the device number. A “C"
indicates the commercial temperature range and an “M" indicates the military temperature range. The military temperature range is
available in the TO package only.

6.2 Handling Ratings

| MIN MAX UNIT
Eﬂ 'Storage temperature range | —65 150 | °C
6.3 Recommended Operating Conditions
over operating free-air temperature range (unless otherwise noted)
| MIN NOM MAX| UNIT
__Supply Voltage LF411A ) 1—20_ \
Supply Voltage LF411 +15 W
6.4 Thermal Information
TO PDIP
THERMAL METRIC!"! UNIT
8 PINS 8 PINS
Raua ; ) i | still Air 162 |
| Junction-to-ambient thermal resistance | 400 LF/min Air Flow 1 65| —
\Reia _Junclion-to-ambient therma resstance f : |
2 Junction-to-case (top) thermal resistance 20

(1) For more information about traditional and new thermal metrics, see the /C Fackage Thermal Metrics application report, SPRAG53.
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6.5 DC Electrical Characteristics "'®
LF411A LF411
PARAMETER TEST CONDITIONS T RN wax| UNIT
[Vos | Input Offset Voltage | Rs=10 kD, Ta=25°C 03 05 0.3 200 mv
i =
DV pe/AT g‘frfigg\?o-lrtgggf Input Rz=10 kQ 7 7 W
las [ Input Offset Current [Vemz15v @ B [1=25C 25 100/ 25 100 pA |
T=70°C 2| 2] nA
[T=125°C 2| 25| m
I3 Input Bias Current V=15V & ) | T=25°C 50 200 50 200| pA
| T=T0°C 4 4 na
| T=125°C 50 50| nA
R | Input Resistance | TF25°C 10" 10" ol
[fop. | Large Signal Voltage Gain ¥§f~§gsg V=10V, R =2k, T & S s
| Over Temperature 25 200 15 200 Vimy
Vo [ Output voitage Swing | Vg=+15V, R =10k 212 +135 =12 4135 v |
| Vem Input Common-Mode +16 +19.5 +11 +145 "
| ‘Voltage Rangs [ 165 115 v
| CMRR ggtrl]gnon-ru'lode Rejection | Rg=10k a0 100 70 100 a8
PSRR g:ﬁgly Voltage Rejection | See ¥ 20 100 70 100 a8
ls | supply current 18 28 18 34 mA

(1) RETS 411X for LF411MH and LF411MJ military specifications.

(21 Unless otherwise specified, the specifications apply over the full temperature range and for Vz=+20V for the LF411A and for Ve=+15V
for the LF411. Viog, g, and los are measured at V=0,

(3) The input bias currents are junction leakage currents which approximately double for every 10°C increase in the junction temperature,
T;. Due fo limited production test time, the input bias currents measured are correlated to junction temperature. In normal operation the
junction temperature rises above the ambient temperature as a result of internal power dissipation, Po. T=Ta+6; Pp where & is the
thermal resistance from junction to ambient. Use of a heat sink is recommended if input bias current is to be kept to a minimum.

(4] Supply voltage rejection ratio is measured for both supply magnitudes increasing or decreasing simultaneously in accordance with

common practice, from £15V to +5V for the LF411 and from 20V to £5V for the LF411A.

6.6 AC Electrical Characteristics

1102 LF411A LF411
PARAMETER@ TEST CONDITIONS UNIT
MIN  TYP MAX MIN TYP MAX

SR Slew Rate Vg=+15V, Tp=25°C 10 15 8 15 Vips

| GBW Gain-Bandwidth Product Vg=+15V, T,=25°C 3 4 27 4 MHz

2, Equivalent Input Moise Voltage Ta=25°C, Rg=1000, 25 25 v/
=1 kHz :

in Equivalent Input Moise Current Ta=25°C, =1 kHz 0.01 0.01 pA/ Hz

| THD Total Harmonic Distortion Ay=+10, R =10k, V=20 =0.02 =0.02
Vip-p, BW=20 Hz-20 kHz | % %

(1) Unless otherwise specified, the specifications apply over the full temperature range and for Vz=+20V for the LF411A and for Ve=+15V
for the LF411. Vg, lg, and |5 are measured at V=0
(2) RETS 411X for LF411MH and LF411MJ military specifications.

First, note that two versions of the IC are given. We will examine the LF411 rather
than the high-grade LF411A. At the very top of the data sheet is a listing of the
absolute maximum ratings. The op amp should never operate at values greater than
those presented as doing so may permanently damage it. Like most general-purpose
op amps, the LF411 is powered by a bipolar power supply. The supply rails should
never exceed £18 V DC. Normally, op amps will be used with =15 V supplies.
Maximum power dissipation is given as 670 mW. Obviously then, this is a small
signal device. In keeping with this, the operating temperature range and maximum
junction temperatures are relatively low. We also see that the device can withstand
differential input signals of up to 30 V, and single-ended inputs of up to 15 V,

without damage. On the output, the LF411 is capable of withstanding a shorted load

condition continuously. This makes the op amp a bit more "“bullet-proof". The
remainder of this section details soldering conditions. Excessive heat during
soldering may damage the device.
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The second section of the data sheet lists the DC characteristics of the op amp. This
table is broken down into five major sections:

*  The parameter symbol.

e The parameter name.

*  The conditions under which the parameter is measured.
*  The parameter values, either typical or min/max.

*  The parameter units.

We will examine a few of these parameters right now. The fourth parameter given is
I3, the input bias current. /5 is the current drawn by the bases (or gates) of the input
differential amplifier stage. Because the LF411 utilizes a JFET diff amp, we expect
this value to be rather small. For an operating temperature of 25°C, a typical LF411
will draw 50 pA, and a worst-case LF411 no more than 200 pA. If we extend the
temperature range out a bit, /; can extend out to 50 nA. This is a sizable jump, but
even 50 nA is a very small value for general-purpose work. Because larger bias
currents are normally seen as undesirable, the maximum 7 is the worst case
scenario, hence a minimum /; is not reported. Along with this, we see a very high
value for input resistance, some 10" Q, typically. Op amps utilizing bipolar input
devices will show much higher values for /5, and much lower values for R;,.

Next in line comes A4,,,. This is the DC voltage gain. Note the test conditions. The
power supply is set to =15 V, the load is 2 kQ, and V,,, is 10 V peak. Normally, we
desire as much gain as possible, so the worst case scenario is the minimum 4,,.. For
25°C operation this is specified as 25 V/mV, or 25,000. The average device will
produce a gain of 200,000. As is typical, once the temperature range is expanded
performance degrades. Over the operating temperature range, the minimum gain
may drop to 15,000.

Because the op amp uses a class AB follower for its output stage, we should expect
the output compliance to be very close to the power supply rails. The output voltage
swing is specified for £15 V supplies with a 10 kQ load. The typical device can
swing out to £13.5 V, with a worst case swing of £12 V. A reduction in power
supply value will naturally cause the maximum output swing to drop. A sizable
reduction in the load resistance will also cause a drop in V,, as we will see a bit later.
These maximum output values are caused by the internal stages reaching their
saturation limits. When this happens, the op amp is said to be clipping or in
saturation. As a general rule of thumb, saturation may be approximated as 1.5 V less
than the magnitude of the power supplies.

The last item in the list is the standby current draw, /5. Note how small this is, only
1.8 mA, 3.4 mA worst case. This is the current the op amp draws from the supply
under no signal conditions. When producing output signals, the current draw will
rise.
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The final section of the data sheet lists certain AC characteristics of the op amp that
will be of great concern to us in later sections. Many device parameters change a
great deal with frequency, temperature, supply voltage, or other factors. Because of
this, data sheets also include a large number of graphs that further detail the op
amp's performance. Finally, application hints and typical circuits may round out the
basic data sheet.

2.3 Simple Op Amp Comparator

Now that you have a feel for what an op amp is and what some typical parameters
are, let's take a look at an application. The one thing that jumps to most people's Figure 2.9

attention is the very high gain of the average op amp. The typical LF411 showed 4.,  Comparator (single input)
at approximately 200,000. With gains this high, it is obvious that even very small

input signals can force the output into saturation (clipping). Take a look at Figure +15V

2.9. Here an op amp is being supplied by £15 V, and is driving a 10 kQ load. As
seen in our model of Figure 2.5, V,,, should equal the differential input voltage
times the op amp's gain, 4,,.

Vout: Avol( Vin+_ Vim)
V()lttzzooaooox(-l V_O V) 15V
y =20,000V

out

The op amp cannot produce 20,000 V. The data sheet lists a maximum output swing
of only +13.5 V when using +15 V supplies. The output will be truncated at 13.5 V.
If the input signal is reduced to only 1 mV, the output will still be clipped at 13.5 V.
This holds true even if we apply a signal to the inverting input, as in Figure 2.10.

Figure 2.10
Comparator (dual input)

+15V
Vout: Avol( Vin+_ Vin-)

Vv, .,=200,000X(.5V-3V)
VvV =40,000V

out

V_.=13.5V, due to clipping

out ™

Computer Simulation

A simulation of Figure 2.10 using Multisim is shown in Figure 2.11. The LF411 op
amp is selected from the component library, and you need not concern yourself with
the model's internal make-up just yet. This particular model includes the effects of
power supply limitations (i.e., output saturation) that the very simple dependent-
source model presented earlier does not. Individual DC sources are used for the
input signals. Although no AC signals are applied, it is perfectly valid to run a
transient-mode simulation. The first millisecond of the output voltage is shown. It
verifies the manual calculation, indicating a DC level of slightly more than 13.5 V.
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For any reasonable set of inputs, as long as the noninverting signal is greater than
the inverting signal, the output will be positive saturation. If you trade the input
signals so that the inverting signal is the larger, the converse will be true. As long as
the inverting signal is greater than the noninverting signal, the output will be
negative saturation. If the inverting and noninverting signals are identical, ¥,
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should be 0 V. In the real world, this will not happen. Due to minute discrepancies
and offsets in the diff amp stage, either positive or negative saturation will result.
You have no quick way of knowing in which direction it will go. It is for this reason
that it is impractical to amplify a very small signal, say around 10 uV. You might
then wonder, “What is the use of this amplifier if it always clips? How can I get it to
amplify a simple signal?”” Well, for normal amplification uses, we will have to add
on some extra components, and through the use of negative feedback (next chapter),
we will create some very well-controlled, useful amplifiers. This is not to say that
our barren op amp circuit is useless. Quite to the contrary, we have just created a
comparator.

A comparator has two output states: High and low. In other words, it is a digital,
logical output. Our comparator has a high state potential of 13.5 V, and a low state
potential of -13.5 V. The input signals, in contrast, are continuously variable analog
potentials. A comparator, then, is an interface between analog and digital circuitry.
One input will be considered the reference, while the other input will be considered
the sensing line. Note that the differential input signal is the difference between the
sensing input and the reference input. When the polarity of the differential input
signal changes, the logical output of the comparator changes state.

Example 2.1

Figure 2.12 shows a light leakage detector that might be used in a
photographer's dark room. This circuit utilizes a Cadmium Sulfide (CdS)
cell that is used as a light sensitive resistor. The inverting input of the op
amp is being used as the reference input, with a 1 V DC level. The
noninverting input is being used as the sensing input. Under normal (no
light) conditions, the CdS cell acts as a very high resistance, perhaps 1 MQ.
Under these conditions, a voltage divider is set up with the 10 kQ resistor,
producing about .15 V at the noninverting input. Remember, no loading of
the divider occurs because the LF411 utilizes a JFET input. Because the
noninverting input is less than the inverting input, the comparator's output is
negative saturation, or approximately -13.5 V. If the ambient light level
rises, the resistance of the CdS cell drops, thus raising the signal applied to
the noninverting input. Eventually, if the light level is high enough, the
noninverting input signal will exceed the 1 V reference, and the
comparator's output will move to positive saturation, about +13.5 V. This
signal could then be used to trigger some form of audible alarm. A real
world circuit would need the flexibility of an adjustable reference in place of
the fixed 1 V reference. By swapping the CdS cell and the 10 kQ resistor,
and adjusting the reference, an inverse circuit (i.e., an alarm that senses
darkness) may be produced.

Circuits of this type can be used to sense a variety of over level/under level
conditions, including temperature and pressure. All that is needed is an
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appropriate sensing device. Comparators can also be used with AC input
signals.

Example 2.2
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Sometimes, it is necessary to square up an AC signal for further processing.
That is, we must turn it into an equivalent pulse waveform. One example of
this might be a frequency counter. A frequency counter works by tallying
the number of high-to-low or low-to-high transitions in the input signal over
a specific length of time. For accurate counts, good edge transitions are
required. Because a simple sine wave changes relatively slowly compared to
an equal frequency square wave, some inaccuracy may creep into the
readings. We can turn the input into a pulse-type output by running it
through the comparator of Figure 2.13. Note that the reference signal is
adjustable from -15 to +15 V. Normally, the reference is set for 0 V.
Whenever the input is greater than the reference, the output will be positive
saturation. When the input is less than the reference, the output will be
negative saturation. By making the reference adjustable, we have control
over the output duty cycle, and can also compensate for DC offsets on the
input signal. A typical input/output signal set is given in Figure 2.14.

A
reference

/ setting

A §|gnal
input
+73.5 VvV
Vout >
t
-13.5 V |~

There are a few limitations with our simple op amp comparator. For very
fast signal changes, a typical op amp will not be able to accurately track its
output. Also, the output signal range is rather wide and is bipolar. It is not at
all compatible with normal TTL logic circuits. Extra limiting circuitry is
required for proper interfacing. To help reduce these problems, a number of
circuits have been specially optimized for comparator purposes. We will
take a closer look at a few of them in Chapter Seven.

Figure 2.13
“Square-up” circuit

+15V
signal input
+ >i:tput
1
ref.
15V
Figure 2.14

Output of “square-up” circuit




2.4 Op Amp Manufacture

Op amps and other linear integrated circuits are generally manufactured in one of
two ways: The device is either a hybrid, or is monolithic. In either case, the circuit
can contain hundreds of components. The resulting device will be packaged in a
variety of styles, including plastic and ceramic dual in-line and single in-line types,
multi-lead cans, flat packs, and surface mount forms. Some examples are shown in
Figure 2.15. In each type, the circuitry is completely encased and not accessible to
the designer or technician. If one of the components should fail, the entire op amp is
replaced. The design and layout of the integrated circuit itself is normally carried out
with the use of special computer workstations and software tools. These allow the
designers to simulate portions of the circuit, and create the outlines and
interconnections for the various components to be formed.

Figure 2.15

Package styles (through hole)
clockwise from top-left: can,
single in-line, mini dual in-line,
dual in-line

Monolithic Construction

The term monolithic is from the Greek, meaning literally “single stone”. In this
process, all circuit elements are created and interconnected using a single slab of
silicon (or other suitable material). Normally, several op amps are made from a
single silicon wafer. Each wafer may be a few inches in diameter, with each op amp
circuit chip comprising perhaps a square 1 millimeter by 1 millimeter in area. A
single transistor can easily be smaller than 15 micrometers by 20 micrometers.
Because the scale of construction is so small, special clean rooms are required in
order to remove tiny air-borne particles of dust and grit that could interfere with the
production of these super-small components. Workers in clean rooms are required to
wear special suits as well.

Figure 2.16 outlines the major steps in the chip manufacturing process. This process
starts with the preparation of a p-type silicon wafer. This is referred to as the
substrate. After it has been cleaned and polished, an n-type epitaxial region is
diffused into the p-type base. Epitaxial is from the Greek, roughly meaning “to
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arrange upon”. It is within this thin epitaxial region that the circuit elements will be
formed, the remainder of the substrate lending mechanical support to the structure.
The term diffusion refers to the manner in which the semiconductor material
becomes doped. In essence, the base material is surrounded by a high concentration
of doping material, usually gaseous, along with the application of heat. The low
concentration wafer material will be infiltrated by the high concentration doping
material. Diffusion is a relatively accurate and inexpensive means of controlling the
semiconductor's properties.

Circuit |

. —>| Creation of photomasks
design | /h

i \ i N ///
- - > | ]~ > ) > [
A\ 7 7 A\

L1 I L

.

Ingot Wafer (slice) Epitaxial Various diffusion sets Test
diffusion
N
s — ‘ — [
. Individual
Final Packaging chip

test
breakout

Once the n-type region is produced, the wafer will undergo an oxidizing process that
will leave the top surface covered with silicon dioxide. This layer prevents
impurities from entering the n-type region. At this point, a series of steps will be
used to create wells or deposits of alternate p and n material. These deposits will
form the various active and passive components. Normally, this is done through a
photolithographic process. This involves the use of light sensitive materials and
masks. Conceptually, the process is not very much different from the way printed
circuit boards are often made. In essence, specific areas of the silicon dioxide layer
will be stripped away, thus exposing the epitaxial region, and allowing diffusion of
other acceptor/donor impurities to take place. Because the silicon dioxide serves as
an effective barrier to diffusion, only areas cleared of silicon dioxide will be effected
by the diffusion process. In this manner, specific areas can be singled out, and
selectively doped to create specific components. This is detailed below and in Figure
2.17.

In order to selectively remove the silicon dioxide, the top surface is coated with a
light sensitive material called photoresist. Above this is placed a mask. This mask is
much like a black and white negative; some areas are clear, and some areas are
opaque. The resulting sandwich is then exposed to ultraviolet light. The clear areas
of the mask will allow the light to pass through and cause a chemical change in the
photoresist. A solution is then used to wash away the unexposed photoresist. At this
point, a second solution is used to wash away the silicon dioxide. This solution will
not effect the exposed photoresist, and thus, the silicon dioxide beneath it is
unaffected. After this protecting layer of photoresist is removed, all that remains on
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Chip manufacturing process




the top surface of the wafer are alternating patches of silicon dioxide. The wafer can

now be lead through another diffusion process.
Lol o

[ ] <«—Mask
[ ] «—Photoresist

Figure 2.17
Diffusion process (one run)
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The process of oxidizing, masking, and diffusing will be repeated several times. The
initial run will be produced with an isolation mask. This is used to separate the
various components. Normally, a base mask will be used next, followed by the
emitter mask. The final masks will be used for contacts and interconnections. In this
way, n-type material can be placed next to, or completely within, p-type material.
The adjoining areas are, of course, PN junctions. Because all circuit elements are
laid out length-wise on a thin strip, this form of manufacture is referred to as a
planar process.

Once the final mask is completed, the wafer will be inspected. The individual chips
will then be broken out of the wafer and mounted into the desired package. Leads
will be connected to the chip with fine angel hair wire, and then the package will be
sealed. It is now ready for final test and inspection. Part numbers and date codes will
also be imprinted.

Virtually all general-purpose op amps today use a planar monolithic process. Some
of the advantages of monolithic construction are its relative simplicity and low per-
part cost.

Hybrid Construction

Hybrids are usually used where a complete monolithic solution is impractical. This
is usually the case for special purpose devices, such as those requiring very high
output current, very wide bandwidth, or that are very complex or sensitive. Hybrids,
as the name suggests, are a collection of smaller circuit elements interconnected. A
typical hybrid may contain two or three smaller monolithic chips and assorted
miniaturized passive and/or power components. Passive components may be further
integrated by using either a thin or thick film chip process. (A discussion of thin and
thick film chip techniques is beyond the scope of this text). Due to the complexity of
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a hybrid chip, it is normally more expensive than its monolithic cousins. Although
the IC itself may be more expensive, the complete application may very well wind
up being less costly to produce because the cost of other components are effectively
absorbed within the hybrid IC. One place where hybrids are often used is in
consumer stereo music systems. A hybrid power amplifier IC offers the convenience
of a single IC solution with the capabilities of a discrete transistor approach. As an
op amp user, it makes little difference whether the device is hybrid or monolithic
when it comes to circuit analysis or design.

Summary

Op amps are presently in wide use in just about every aspect of linear electronics.
An op amp is a multi-stage amplifier treated as a single entity. The first stage usually
utilizes a differential amplifier that can be made with either bipolar or FET devices.
The following stage(s) create a large voltage gain. The final stage is a class B
voltage follower. The resulting op amp typically has a high input impedance, a low
output impedance, and voltage gains in excess of 10,000. The op amp operates from
a bipolar power supply, usually around £15 V. Externally, it has connections for the
inverting and noninverting inputs, the single-ended output, and the power supplies.
The op amp may be packaged in a variety of forms, including DIPs, SIPs, cans, flat
packs and surface mount.

The general-purpose op amp is manufactured using a monolithic structure and a
photolithographic process. Several chips are created from a single master wafer.
Creation is a multi-step process involving the selective doping of specific areas on
the chip through diffusion. The monolithic technique is relatively inexpensive and
accurate. Because integration allows for very tight part matching and consistency,
certain circuit design techniques are favored, including the use of current mirrors
and active loads.

Finally, with very little supporting circuitry, simple op amps can make effective
comparator circuits. A comparator is in essence, a bridge between the analog and
digital worlds.

Review Questions

What is an op amp?

Give several examples of where op amps might be used.

What is the typical stage layout of an op amp?

What comprises the first stage of a typical op amp?

What comprises the final stage of a typical op amp?

How does integrated circuit design differ from discrete design?
What is a comparator, and how might it be used?

What is meant by monolithic planar construction?

PN RPN =
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9. What is a mask, and how is it used in the construction of IC op amps?

10. What is the process of diffusion and how does it relate to the construction of
IC op amps?

11. What are the advantages of monolithic IC construction?

12. How does hybrid construction differ from monolithic construction?

Problems

1. For the circuit in Figure 2.18, find V,,, for the following inputs: a) 0 V b) -1
V)2V

+15V

Figure 2.18
Vin

Vout

-15V

2. For the circuit in Figure 2.19, find V,,, for the following inputs: a) 0 V b) -4
Veo+5V d)-5V

+12V
Figure 2.19
Vin o [
>—' Vout
Ve =
12V

3. For the circuit in Figure 2.20, find V,,, for the following inputs: a) 0 V b) -2
Vey+lvd-5V

+15V

Figure 2.20

AV e—— N

>—< Vout
Vin o—_/

-15V

Sketch V,, if Vi,(¢) = I sin 60t in Figure 2.18.
Sketch V,, if Viu(t) = 2 sin 20t in Figure 2.19.
Sketch V,, if Vi, (1) = 3 sin 10t in Figure 2.20.

N ok

A Temperature Dependent Resistor is used in the comparator of Figure 2.21.
At what temperature will the comparator change state?
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8.

9.

+15V ]
r Figure 2.21

10k

>—0 Vout

-15V

TDR

4.7k @ 25C

dR/AT =10 Ohms/C

What is the value of the Light Dependent Resistor at the comparator trip
point in Figure 2.22?

+15V
1 Figure 2.22

LDR
N

20k

hon P

>—1 Vout
o

— -15V

What reference voltage is required for a 50°C trip point in Figure 2.21?

+12V

Figure 2.23

50 k

Vout

thermal
fuse

10. A thermal fuse is device found in such common items as coffee makers.

11.

Normally, its resistance is very low, ideally 0 Q. With the application of
excessive heat, the fuse opens, presenting a very high resistance, ideally
infinite. Explain the operation of the circuit in Figure 2.23. Is the output
voltage normally high or low?

A strain gauge is a device that can be used to measure the amount of bend or
deflection in a part that it is attached to. It can be connected so that its



resistance rises as the bend increases. What resistance is required to trip the
comparator of Figure 2.24?

+1l2 v Figure 2.24

1k
[
>—< VOLIt
strain -—|—
gauge v

-12V

12. Determine the current flowing out of the collector of Q;; in Figure 2.4.

Computer Simulation Problem

13. Alter the simple simulation model presented in the chapter to include
saturation effects. (Hint: Consider a device that limits voltage.)
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3 Negative Feedback

Chapter Learning Objectives

After completing this chapter, you should be able to:

* Give examples of how negative feedback is used in everyday life.

* Discuss the four basic feedback connections, detailing their similarities and differences.

*  Detail which circuit parameters negative feedback will alter, and how.

* Discuss which circuit parameters are not altered by negative feedback.

*  Define the terms sacrifice factor, gain margin, and phase margin, and relate them to a Bode plot.
* Discuss in general, the limits of negative feedback in practical amplifiers.

3.1 Introduction

As we saw in the last chapter, op amps are very useful devices. However, in many applications, the device's gain
is simply too large and its bandwidth too narrow, for effective use. In this chapter we will explore the concept of
negative feedback. This concept is realized by feeding a portion of the output signal back to the input of the
system. The proper use of negative feedback will allow us to exercise fine control over the performance of
electronic circuits. As a matter of fact, negative feedback is so useful to us that we will seldom use op amps
without it. Negative feedback is not tied solely to op amps though, as almost any electronic circuit may benefit
from its application. As with most things, there are disadvantages as well. A successful design will minimize the
disadvantages and capitalize on the positive aspects. We will begin with the basic concepts of what negative
feedback is and does, and then fine-tune our viewing by examining its four specific variants. We will look at
specific examples of how negative feedback is applied to op amps, and finish off with a discussion of its
practical limits.

3.2 What Negative Feedback Is and Why We Use It

People use negative feedback every day of their lives. In fact, we probably couldn't get along without it. Simply
put, negative feedback is a very rudimentary part of intelligence. In essence, negative feedback lets something
correct for mistakes. It tends to stabilize operations and reduce change. Negative feedback relies on a loop
concept. In human terms, it is akin to knowing what you are doing and being able to correct for mistakes as they
happen. You are constantly evaluating and correcting your actions in order to achieve a desired goal. This may
be stated as letting the input know what the output is doing. A good example of this is your ability to maintain a
constant speed while driving along the highway. You have a desired result, or set-point, in mind, say 60 MPH.
As you drive, you constantly monitor the speedometer. If you glance down and see that you're zipping along at
70 MPH, you think “Oops, I'm going a bit too fast” and lift your foot slightly off of the gas pedal. On the other

85



hand, if you're only going 40 MPH, you will depress the gas pedal further. The faster
and more accurate your updates are, the better you will be at maintaining an exact
speed.

In contrast to negative feedback is positive feedback, which reinforces change. If
you were to correct your speed by saying “Hmm, I'm going 70 MPH, I'd better step
on the gas”, you'd be using positive feedback. Other examples of positive feedback
include the “acoustic squeal” often heard over public address systems, and thermal
runaway effects seen in discrete devices. When positive feedback is applied to
normal amplifiers, they oscillate. That is, they produce their own signals without any
input applied.

3.3 Basic Concepts

Seeing the usefulness of negative feedback, it would be nice if we could apply the
concept to our electronic circuits. The basic idea is quite simple, really. What we
will do is sample a piece of the output signal, and then add it to the input signal out
of phase (i.e., subtract it). By doing so, the circuit will see the difference between the
input and the output. If the output signal is too large, the difference will be negative.
Conversely, the difference signal will be positive if the output is too small. This
signal is then multiplied by the circuit gain and cancels the output error. Thus, the
circuit will be presented with the undesired errors in a way that will force the output
to compensate (move in the opposite direction). This process is done continuously;
the only time lags involved are the propagation delays of the circuits used.

Because the sampled output signal is effectively subtracted from the input signal,
negative feedback is sometimes referred to as degenerative or destructive feedback.
This subtraction can be achieved in a variety of ways. A differential amplifier is
tailor made for this task because it has one inverting input and one noninverting
input. (Note: If the error is presented in phase, the circuit magnifies the errors and

Figure 3.1
Negative feedback

error
signal

positive feedback results.)

To see an example of how this works, refer to Figure 3.1. The triangle input
represents an amplifying circuit. It has a gain of 4. The output signal is also  signal
presented to the input of the feedback network represented by the box. This

network scales the output signal by a factor, . The feedback network ranges v
from very simple to complex. It may contain several resistors, capacitors,

diodes and what not, or it may be as simple as a single piece of wire. In any

case, this scaled output signal is referred to as the feedback signal and is fes‘?g::fk

effectively subtracted from the input signal. This combination, called the
error signal, is then fed to the amplifier where it is boosted and appears at the
output. The process repeats like this forever (or at least until the power is switched

off).
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Let's assume that for some reason (perhaps a temperature change) the amplifier's
gain were to rise. This should make the output signal increase by a similar
percentage, but it doesn't. Here's why: As the output signal tries to rise, the feedback
signal tracks with it. Now that there is a larger feedback signal, the error signal will
become smaller (remember, error = input - feedback). This smaller signal is
multiplied by the gain of the amplifier, thus producing a smaller output signal that
almost completely offsets the original positive change. Note that if the output signal
were too small, the error signal would increase, thus bringing the output back up to a
normal level. When everything is working right, the feedback and input signals are
almost the same size. (Actually, the feedback signal is somewhat smaller in
magnitude.)

The Effects of Negative Feedback

Besides smoothing out gain anomalies, negative feedback can reduce the effect of
device non-linearities, thus producing a reduction in static forms of distortion such
as THD (Total Harmonic Distortion). Basically, these non-linearities can be viewed
as a string of small gain errors. As such, they produce appropriate error signals and
are compensated for in the above manner. Negative feedback can also increase the
bandwidth of the system. It can increase the upper cutoff frequency /> and decrease
the lower cutoff frequency f; (assuming the system has one). Also, we can exercise
control over the input and output impedances of the circuit. It is possible to increase
or decrease the impedances. As you might have guessed, we don't receive these
benefits for nothing. The down side to negative feedback is that you lose gain.
Effectively, you get to trade off gain for an increase in bandwidth, a decrease in
distortion, and control over impedances. The more gain you trade off, the greater
your rewards in the other three areas. In the case of our op amp, this is a wise trade-
off because we already have more gain than we need for typical applications. This
give-and-take is a very important idea, so remember “BIG D”. That stands for
Bandwidth, Impedance, Gain, and Distortion.

At this point, we need to define a few terms. Closed loop refers to the characteristics
of the system when feedback exists. For example, closed-loop gain is the gain of the
system with feedback, whereas closed-loop frequency response} refers to the new
system break points. Generalized closed-loop quantities will be shown with the
subscript “c/”. Similarly, we will denote impedances, gain and the like for specific
feedback variants with a two- letter subscript abbreviating the exact feedback
configuration. One possibility for closed-loop gain would be A4,,. Open loop refers to
the characteristics of the amplifier itself. To remember this, think of disconnecting
or opening the path through the feedback network. Once the path is broken, the
amplifier is on its own. Open-loop gain then, refers to the gain of the amplifier by
itself, with no feedback. All open-loop quantities will be shown with the subscript
“ol”. The symbol for open-loop gain would be 4,. The term loop gain refers to the
ratio between the open- and closed-loop gains (it may also be computed from their
difference in decibels on a Bode plot). Loop gain indicates how much gain we have
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given up or sacrificed in order to enhance the operation of the system. Consequently,
loop gain is often called sacrifice factor, and given the symbol S. Generally, trade-
offs are proportional to the sacrifice factor. For example, if we cut the gain in half,
we will generally double the bandwidth, and halve the distortion. An example that
illustrates this can be seen in Figure 3.2. Note how the loop gain decreases with
increasing frequency. This means that the effects of feedback at higher frequencies
are not as great.

A'V 0 Figure 3.2
Response with and without
A /_ open loop gain feedback
loop gain
closed loop gain
\4
| | »
| | \ ld
v open loop f, closed loop f, f

Up to this point we have made one simple assumption about our system; that it
exhibits no “extra” phase change beyond the desired inversion. As we saw in the
first chapter, however, all circuits do produce phase changes as the input frequency
is increased. If this extra phase change were to reach -180° while the gain was
greater than unity (0dB), our negative feedback will turn into positive feedback (the
inversion = -180°, plus this extra -180°, places us at -360°. The net result is an in-
phase signal). If this were to happen, our amplifier would no longer be stable. In
fact, it may very well turn into a high frequency oscillator. (You will see how to do
this on purpose when you cover Chapter Nine). As the input frequency is raised, the
phase will eventually exceed -180° and the gain will drop to a fraction (< 0dB). The
real key here is making sure that the phase never reaches or exceeds -180° when the
gain falls to 1. Stated another way, when the phase hits -180°, the gain should be a
fraction. Generally, the farther you are from this “danger zone”, the better. In other
words, you're better off if the extra phase at the unity gain point is -90° rather than
-170°. Both are stable, but the first one gives you some breathing room.
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Two measures of circuit safety are the gain and phase margins. Phase margin
indicates the difference between the actual phase at unity gain and -180°. In the
example above the first circuit would have a phase margin of 90° and the second
would have a margin of 10°. Gain margin is the difference between the actual gain
in dB at the -180° phase point, and 0dB. If our gain was -9 dB at -180°, the gain
margin would be 9 dB (i.e., we have 9 dB “to spare”). Reasonable values for gain
and phase margin are > 6 dB and > 45°. Gain and phase margins are depicted in
Figure 3.3. It is possible to guarantee safe margins if the amplifier's open loop
response maintains a 20 dB-per-decade rolloff up to the unity gain frequency, fui-
This means that there is only one dominating lag network that will add a maximum
phase shift of -90°. Even if the second network coincided with f,.,, it would add
-45° at most. This would still leave us with a 45° phase margin. (Note that if we had
several secondary networks critical at f..., the phase could exceed -180°, however
the slope would no longer be 20 dB-per-decade in reality.) It is for this reason that
the general-purpose op amps examined in Chapter Two included a compensating
capacitor. No matter how much feedback we wish to use, our circuits will always
end up being stable. For the best circuit performance, it is possible to use amplifiers
that do not have the “constant rolloff” characteristic. The possibility exists that they
may go into oscillation or become unstable if you are not careful and ignore the

margins.
Y N
A’y
Figure 3.3
Gain and phase margin
gain graphically determined from
margin Bode plot
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3.4 The Four Variants of Negative Feedback

Negative feedback can be achieved via four different forms. They differ in how the
input and output impedances are changed. We have basically two choices when it
comes to connecting the input and output of the amplifier to the output and input of
the feedback network. We may produce either a series connection or a parallel
connection. This yields four possibilities total. Each connection will produce a
specific effect on the input or output impedance of the system. As you might guess,
parallel connections decrease the impedance and series connections increase it. A
high input impedance is desirable for maximum voltage transfer, whereas a low
impedance is required for maximum current transfer. As a memory aid, think of volt
meters and ammeters. For the smallest loading effect, volt meters should exhibit a
high impedance and ammeters a very low one. In the case of the output connection,
a low source impedance is required for the best voltage transfer, and a high source
impedance for current transfer. You should think of the ideal voltage source (zero
Z,:) and the ideal current source (infinite Z,,) here. Consequently, if we were to
connect our feedback network in series with the amplifier's input, and in parallel
with its output, we would have an increase in Z;, and a decrease in Z,,. This means
that our system would be very good at sensing an input voltage, and ideal for
producing a voltage. We will have created a voltage-controlled voltage source
(VCVY), the ideal voltage amplifier. So that you can get a good idea of the
possibilities, all four types are summarized in the following table.

.Type Zin Zous Model Idealization Tran.sfer
(in-out) Ratio
Series- . Voltage Vout!Vin
Parallel High Low vevs Amplifier | Voltage gain
Series Voltage to L/ Vi
. High High VCCS Current Trans-
Series
Transducer | conductance
Parallel Current to Vout /I
Low Low CCVS Voltage Trans-
Parallel .
Transducer | resistance
[out /[ifl
Parallel- . t
ara. © Low High CCCS Curr.en Current
Series Amplifier Gain

Generally speaking, the input and output impedances will be raised or lowered from
the non-feedback value by the sacrifice factor. Note that by using the proper form of
feedback, we can achieve any of the possible models. This greatly enhances our
ability to deal with specific applications. Much work in our field relies on optimal
voltage transfer, therefore Series-Parallel (SP) is often used. A variation on Parallel-
Parallel (PP) is also used frequently, as we shall see.
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Series-Parallel (SP)

The SP connection makes for the ideal voltage amplifier. A generalized block
diagram is shown in Figure 3.4. You can tell that it has a series input because there
is no input current node. Contrast this with the output: Note that the op amp's output

current splits into two paths, one through the load and the other into the feedback Figure 3.4
network. This output node clearly denotes the feedback's parallel output connection.  Series-parallel connection

Vout
V

Verror A= out Verror

Verror Vi

in
vin ()
|| Vi
Vfeedback feedback B
Vieedback B =—
Vout

Let's take a look at exactly how SP negative feedback alters the system gain,
impedances, and frequency response. For starters, let's examine the closed-loop gain
(Ayy). Our amplifier block produces a gain 4, and could be a diff amp, op amp, or
other multi-stage possibility. The feedback network is typically a voltage divider and
produces a loss, B. The signal presented to the inverting input of the amp is the
feedback signal and is equal to V,,[f. Note that the source's signal, V;,, is applied to
the noninverting input. Therefore, the differential input voltage (usually referred to
as Vo), €quals Vi, — Vieeasack - We also know from previous work with differential
amplifiers that that V,,= Veyer Ao (Ao 1s the amplifiers open-loop gain). In other
words we know:

Vin = Verror + V feedback (3 . 1)
V feedback = Vout [3 (3'2)
Vout = Vermr Aol (3 3)
and by definition,
— Vout
4,5 (3.4)

n

Substituting Equation 3.3 into Equation 3.2,

V feedback =V error ﬁ Aol (3 . 5)
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Substituting Equation 3.5 into Equation 3.1, and simplifying,

V.=V 1+ 4,,) 3.6)

ermr(
Finally, substituting Equation 3.6 and Equation 3.3 into Equation 3.4 and
simplifying, yields,

A,= Ay (3.7)
P 1+B A, '

Since the fundamental definition of sacrifice factor, S, is 4,/4., we may also say
A,=A,/S and therefore, for SP,

S=1+B 4, (3.8)

Equation 3.7 is our general gain equation but, if we can make BA,,>> 1 we may
ignore the “+1” in the denominator and further simplify this as,

A.f% (3.9)
This seemingly innocent equation packs a rather hefty punch. What it is telling us is
that the open-loop gain of the amplifier does not} play a role in setting the system
gain, as long as the open-loop gain is very large. In other words, the system gain is
controlled solely by the feedback network. Consequently, our amplifier can exhibit
large gain changes in its open-loop response, but the closed-loop response will
remain essentially constant. For this reason we will achieve identical closed-loop
gains for op amps that exhibit sizable differences in their open-loop gains. Because
signal distortion is produced by non-linearities that can be viewed as dynamic gain
changes, our closed-loop distortion drops as well. Also, it is this very effect that
extends our closed-loop frequency response. Imagine that our amplifier exhibits a
gain of 10,000 at its upper break frequency of 100 Hz. If the feedback factor is equal
to .1, our exact gain is:

10,000
w 1+.1><10,ooo_9‘99

If we were to measure the amplifier's open-loop gain one decade up, at 1 kHz, it
should be around 1,000 (assuming 20 dB/decade loss). The closed loop gain now
equals:

1,000
SP‘1+.1><1,000_9'9
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As you can see, the closed-loop gain changed only about 1 despite the fact that the
open-loop gain dropped by a factor of 10. If we continue to raise the frequency, A4,
would equal 9.09 at 10 kHz. Finally, at 100 kHz a sizable drop is seen because the
gain falls to 5. At this point, our assumption of p4,,>> 1 falls apart. Note however,
that our loss relative to the midband gain is only a few dB. We have effectively
stretched out the bandwidth of the system. Actually, this calculation is somewhat
over-simplified as we have ignored the extra phase lag produced by the amplifier
above the open-loop break frequency. If we assume that the open-loop response is
dominated by a single lag network (and it should be, in order to guarantee stability,
remember?), a phase sensitive version of Equation 3.7 would be:

AS — _-]:Aol
v l_jAolﬁ

This extra phase will reach its maximum of -90 degrees approximately one decade
above the open-loop break frequency. Consequently, when we find the magnitude of
gain at 100 kHz, it's not

_ 10
Ay= 1+1
but rather
10
A =—nr—
sp \/12+12

which equals 7.07, for a -3 dB relative loss.

A simpler way of stating all of this is: The new upper break frequency is equal to the
open-loop upper break times the sacrifice factor, S. Because S is the loop gain, it is
equal to 4,/A,,. Note that our low frequency S = 10,000/10, or 1,000. Therefore, our
closed-loop break equals 1,000 times 100 Hz, or 100 kHz. A very important item to
notice here is that there is an inverse relation between closed-loop gain and
frequency response. Systems with low gains will have high upper-breaks, while high
gain systems will suffer from low upper-breaks. This sort of trade-off is very
common. Although most diff amps and op amps do not have lower break
frequencies, circuits that do will see an extension of their lower response in a similar
manner. (i.e., the lower break will be reduced by ). In order to achieve both high
gain and wide bandwidth, it may be necessary to cascade multiple low gain stages.

93



Example 3.1

Assume that you have an amplifier connected as in Figure 3.4. The open
loop gain (4, of the amp is 200 and its open loop upper break frequency
(f>-01) 1s 10 kHz. If the feedback factor (B) is .04, what are the closed loop
gain (4,,) and break frequency (f>.;,)?

For 4,

_ Aol
A0=Tip 4,
200

27 1+.04% 200
A,=22.22

The approximation says,

1
ASP:E
1
A,=—
¥ .04
A,=25

That is reasonably close to the general equation's answer (note that there is
no need to include phase effects as we are looking for the midband gain).
The approximation is more accurate when 4, is larger.

For f>., first find the sacrifice factor, S.

S=9

fZ—.sp:fZ-al S
f4.,=10kHzX9

S, =90kHz

One interesting thing to note is that the product of the gain and upper break
frequency will always equal a constant value, assuming a 20 dB per decade
rolloff. Our open loop product is 200 times 10 kHz, or 2 MHz. Our closed
loop product is 22.22 times 90 kHz, which is 2 MHz. If we choose any other
feedback factor, the resulting 4, and f>.,, will also produce a product of 2
MHz (try it and see). The reason for this is simple. A 20 dB per decade
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rolloff means that the gain drops by a factor of 10 when the frequency is
increased by a factor of 10. There is a perfect 1:1 inverse relationship
between the two parameters. No matter how much you increase one
parameter, the other one will decrease by the same proportion. Thus, the
product is a constant.

At this point you may be asking yourself, “What exactly is in that feedback network
and how do I figure out B?”” Usually, the feedback network just needs to produce a
loss - it has to scale V,,, down to Vieasacr- The simplest item for the job would be a
resistive voltage divider. (It is possible to have complex frequency dependent or
non-linear elements in the network as we shall see in the future). An example is
presented in Figure 3.5. If you study this diagram for a moment, you will notice that
the feedback factor B is really nothing more than the voltage divider loss. V. is the
input to the feedback network and appears across R;+ R; || Z.. The output of the
network iS Vieanact, Which appears across R;. Simply put, the ratio is

Figure 3.5
Simple voltage divider for f

_ RiHZin
P=R +R|Z,

If the Z,, is large enough to ignore, as in most op amps, this simplifies to Viut

A, =—L—"=—L+1 (3.10)

Note that the values of Rrand R; are not really important, rather, their ratio is. We
would arrive at the same gain if R,= 10 kQ and R, = 1 kQ, or R,=20kQ and R; =2
kQ. We obviously have quite a bit of latitude when designing circuits for a specific
gain, but we do face a few practical limits. If the resistors are too small we will run
into problems with op amp output current. On the other hand, if the resistors are too
large, excessive noise, offset, drift and loading effects will result. As a guideline for
general-purpose circuits, R+ R; is usually in the range of 10 k to 100 kQ.

Computer Simulation

As evidenced earlier, if the open loop gain is very high, its precise value does not
matter. We'll examine this effect using Example 3.1, but with much higher open
loop gains. The simulation is shown in Figure 3.6 using Multisim and the basic op
amp model presented in Chapter Two. The circuit uses R,=24 kQ and R, =1 k Q for
an ideal closed loop voltage gain of 25. The input signal is set to 40 millivolts.
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Using the Parameter Sweep option, the open loop gain is initialized at 10,000 and is
progressively doubled to a maximum of 160,000. These are reasonable gain values
for a production op amp. The output transient analysis shows that in spite of a 16 to
1 variation in open loop gain, all output voltages are approximately 1 V, achieving a
closed loop gain of nearly 25 in all cases.

96

Figure 3.6b
Output variation due to open-
loop gain change




Example 3.2

Let's say that the microphone that you use for acoustic instruments produces
a signal that is just too weak for you to record without excessive noise. After
a little experimentation in lab, you discover that you need about 20 dB of
voltage gain before you can successfully capture a softly picked guitar.
Using Figure 3.7 as a guide, design this amplifier with the following device:
A, =150,000, Z;.., =600 kQ.

First, note that our A,; and Z;,.,; values are more than sufficient for us to use
the approximation formulas. Because our formulas all deal with ordinary
gain, we must convert 20 dB.

, Figure 3.7
A :logfl éL Microphone amplifier
* 20
_1.-120dB
A,=log 20 from o
4 =10 microphone recording
v + device
By rearranging Equation 3.10, >
NV
& =4,-1 Ry
R, R;
Rf A'V =20dB
—/L—9
R L

We see that R,must be 9 times larger than R;. There is no single right answer
here; there are many possibilities.

Computer Simulation

One viable solution for Example 3.2 is simulated using Multisim in Figure 3.8. This
circuit uses R,=9 kQ and R; = 1 k Q. The op amp model is the simple dependent
source version examined in Chapter Two. The input signal is set to .1 V DC for
simplicity. Both the output and feedback potentials are presented. The results of this
simulation verify our hand calculations. In order to note the sensitivity of the design,
you can alter certain parameters of the input file and rerun the simulation. Two of
the more interesting areas are the absolute values of the feedback resistors and the
open loop gain of the op amp. You will note that as these quantities are lowered, our
approximation formulas become less accurate. With the given values, the
approximations deviate from the simulation results by less than 1.
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SP Impedance Effects

As noted earlier, negative feedback affects the closed-loop input and output
impedances of our system. Series connections increase the impedance and parallel
connections decrease the impedance.

Let's see exactly how this works in the SP case. First, we must distinguish between
the Z,, of the amplifier itself and the Z,, of the system with feedback. We shall call
them Z;,, and Z,,.,, respectively. Figure 3.9 shows this difference by using a simple
model of the amplifier. By definition,

Vin
Z

in—sp: I

in

98



The idea here is to notice that the source only needs to supply enough signal current
to develop the V..., drop across the amplifier's Z;, .. As far as the V;, signal source is
concerned, Vi.macr 1 @ voltage source, not a voltage drop. Therefore, 1, = Veyor /Zin-or-

Zr’n-sp —_—p +
B —
Iin
Vin Zout-ol
§ MV Vout
= § Ry
NV
R
Vfeedback g R;
We may now say,
V ] _ Zin—al Vi n

in-ol

A = =
in-sp
( Verror ) Ve)‘r()r

Because V., ideally equals V,./A.;,

AV, 7

_Zin»ol ol " in

in-sp— V

in-ol “ "ol

A

out sp

Z

Sacrifice factor S, is defined as A4,/Ay,, so,

Zins=ZinaS
This is our ideal SP input impedance. Obviously, even moderate open-loop Z;,s with
moderate sacrifice factors can yield high closed-loop Z;s. The upper limit to this
will be the impedance seen from each input to ground. In the case of a typical op
amp, this is sometimes referred to as the common-mode input impedance, Z;,...,, and
can be very high (perhaps hundreds of mega ohms). This is the impedance presented
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Figure 3.10
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to common mode signals. This value effectively appears in parallel with our
calculated Z,,,,, above. An example is shown in Figure 3.10.

Note that because Z;,.., is measured with the inputs of the op amp in parallel, each
input has approximately twice the value to ground. In the case of a discrete
amplifier, you would be most concerned with the noninverting input's Z;,.. In any
case, because S drops as the frequency increases, Z;,.,, decreases as well. At very
high frequencies, input and stray capacitances dominate, and the real system input
impedance may be a small fraction of the low frequency value. Negative feedback
cannot reduce effects that live outside of the loop.

Now for our Z,.,. Refer to Figure 3.11. Z,,..,, is the Thevenin output impedance. In
order to find this, we will drive the amplifier's output with a voltage source and
reduce all other independent voltage sources to zero (we have no current sources.
Remember, this is a “paper” analysis technique and may not work in lab due to other
factors). By figuring out the resulting output current, we can find Z,,., (by
definition, Z,..p = Voul Lus)-

Figure 3.11
Series-parallel output
+ impedance
i
Zout-ol amp a— Zoyt.
Zin-ol § ' outsp

T / out

Vour

AN
é -A Vieedback

Ifeedback
6_

First, notice that /,,, is made of two pieces, Licapack and L.,. If we can find the two
impedances associated with these parts, we can simply perform a parallel equivalent
in order to determine Z,,..p. The eeamacr portion is very easy to determine. Ignoring
the inverting input's loading effects on R;, this impedance is just R,+ R;. Finding the
output impedance of the amplifier itself is a little more involved. .., is found by
taking the drop across Z,..., and using Ohm's Law. The voltage across Z,,..; is the
difference between V,,, and the signal created by the feedback path to the inverting
input. This signal 18 -4 Vjeeavack-
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] = Vout_(_Aol V f'eedback)

o A out-ol
Since eredhack = VoutB
_ Vout + ‘AolB Vout
- VA out-ol
I _ Vout(1+A01[3)
amp ™~ 7

out-ol

By using Equation 3.8, this may be simplified to,

[ — S V(mt
amp
Zout -ol
Because
7 _ Vout
out—amp — I
amp
W€ may say
7 Zout-ol
out—amp — S

This is the part of Z,,.,, contributed by /,,,. To find Z,,.,,, just combine the two
pieces in parallel:

Z _ Z(mt— ol

out-sp~—_ S

(R,+R;)

With op amps, R,+ R; is much larger than the first part and can be ignored. For
example, a typical device may have Z,..., = 75 Q . Even a very modest sacrifice
factor will yield a value many times smaller than a typical R+ R; combo (generally
over 1 kQ). Discrete circuits using common emitter or common base connections
will have larger Z,,.,; values, and therefore the feedback path may produce a sizable
effect. As in the case of input impedance, Z,,., is a function of frequency. As S
decreases as the frequency rises, Z,..,, will increase.
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Example 3.3

An op amp has the following open-loop specs: Z;,, =300 kQ Z,,= 100 Q
and A = 50,000. What are the low frequency system input and output
impedances if the closed loop gain is set to 100?

First we must find S.

S:i
p
50,000
S=—"—
100
§=500

We may now find the approximate solutions.

Zin-sp:SZin—o[
Z,, ,=500x300kQ =150 MQ
_Zout—ol
out-sp~—_ S
100
=——=2Q
out—sp 500

The effects are quite dramatic. Note that with such high Z;, values, op amp
circuits may be used in place of FETs in some applications. One example
would be the front-end amplifier/buffer in an electrometer (electrostatic
voltmeter).

Distortion Effects

As noted earlier, negative feedback lowers static forms of distortion, such as THD.
The question, as always, is “How much?” Something like harmonic distortion is
internally generated, so we may model it as a voltage source in series with the output
source. An example of this model can be seen in Figure 3.12. V is the distortion
generator. In the case of a simple input sine wave, V, will contain harmonics at
various amplitudes (sine waves at integer multiples of the input frequency). These
amplitudes are directly related to the input signal's amplitude. If we assume that Z,,,
is small enough to ignore, ¥, will appear at the output of the open-loop circuit.
Thus, the total output voltage is the desired AV, plus V.
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Zout-ol

Vout
Vdist

When we add feedback, as in Figure 3.13, this distortion signal is fed back to the
inverting input, and because it is now out of phase, it partially cancels the internally
generated distortion. Thus the SP distortion signal (¥;.s,) is much smaller.

Zout-ol

AN

%
error Vout
Vdist
- A Verror § Ri

AN,

R

Vieedback § R

V t: Aol( Vin_ B Vout)+ Vdist

OUi
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Figure 3.12
Distortion model (open-loop)

Figure 3.13
Distortion model (closed-loop)




We now perform some algebra in order to get this into a nicer form and solve for
VDMf

Vout Aol Vin_Aal B Vout+ Vdist
V +A0[B Vout = Ao[ Vin+ Vdist

out

Vaut(1+AolB) = Aol Vin+Vdist
Remember that 1 + 4, =S, so,

Vout S = Aol Vin+ Vdist

Vin Vdist
Vuut ADI S T
Because A4,/S is just 4, this reduces to,
_ dis
Vout Avp Vin+ S :

The internally generated distortion is reduced by the sacrifice factor. As you can see,
large sacrifice factors can drastically reduce distortion. An amplifier with 10% THD
and a sacrifice factor of 100 produces an effective distortion of only .1%. This
analysis does assume that the open-loop distortion is not overly grotesque. If the
distortion is large, we cannot use this superposition approach (remember,
superposition assumes that the circuit is essentially linear). Also, we are ignoring
any additional distortion created by feeding this distortion back into the amplifier.
For any reasonably linear amplifier, this extra distortion is a second-order effect, and
thus constitutes only a small part of the total output signal.

Computer Simulation

An example of the reduction of distortion is simulated using the Distortion Analyzer
from Multisim. A basic amplifier is shown in Figure 3.14. The value for Ris
changed from 999 kQ to 99 kQ to 9 kQ. V, is scaled accordingly so that the output
of the amplifier remains at approximately 10 volts. The test frequency was set to 1
kHz and a total of 20 harmonics (up to 20 kHz) were used in the analysis. Using the
LF411 op amp, the high gain version shows a THD of .09%. Reducing the gain by a
factor of 10 (and thus increasing sacrifice factor by 10 fold) yields a THD of .011%.
Finally, a further 10 fold reduction of gain yields a THD of .001%. Although the
reduction in distortion is not exactly a factor of 10 each time, the trend can be seen
clearly. The precise distortion values will depend on the accuracy of the op amp
model used, the test frequency, and the number of harmonics kept in the analysis. 20
kHz was chosen here because that represents the upper limit of human hearing, and
thus it would be appropriate for an audio amplifier.
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Figure 3.14a
Multisim distortion analysis
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Figure 3.14b
Distortion analyzer results for
high-gain version

Figure 3.14c
Distortion analyzer results for
medium-gain version

Figure 3.14d
Distortion analyzer results for
low-gain version

105



As we have seen, the sacrifice factor is a very useful item. Our gain, distortion, and
Z.. are all reduced by S, while f; and Z;, are increased by S.

Noise

It is possible to model noise effects in much the same way as we just modeled
distortion effects. By doing so, you will discover that noise can also be decreased by
a large amount. Unfortunately, there is one major flaw. Unlike our distortion
generator, a noise generator will produce a signal that is not dependent on the input
signal. The net result is that although the noise level does drop by the sacrifice
factor, so does the desired output signal. Thus, the signal-to-noise ratio at the output
is unchanged. In contrast, the distortion signal is proportional to the input signal, so
that when the desired signal is cut by S, the distortion signal sees a further cut by S
(i.e., the distortion drops by S relative to the desired signal). As a matter of fact, it is
quite possible that the noise produced in following stages may add up to more noise
than the circuit had without feedback. Sad but true, negative feedback doesn't help
us when it comes to signal-to-noise ratio.

Parallel-Series (PS)

The Parallel-Series connection is the opposite of the Series-Parallel form. PS
negative feedback is used to make the ideal current amplifier. Its gain is
dimensionless, but for convenience, it is normally given the units A/A (amps per
amp). It produces a low Z,, (perfect for sensing /) and a high Z,,, (making for an
ideal current source). An example of PS is shown in Figure 3.15.

Figure 3.15
Parallel-series connection

lamp
— ﬂ—‘
lout !OU ¢
lin (1 Am——
amp lin
L g
RL r—
Ifeedback g =
—
I feedback
B =
lout

The signal source's current splits in two, with part going into the amplifier, and part
going through the feedback network. This is how you know that you have a parallel
input connection. The output current on the other hand, passes through the load and
then enters the feedback network, indicating a series output connection. Note that
this general model is an inverting type, and that the load is floating (i.e., not ground
referenced). It is possible though to use ground referenced loads with some
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additional circuitry. As PS is used for current amplification, let's see how we can
find the current gain. Figure 3.16 will help us along. PS current gain is defined as:

Figure 3.16
4 = ﬁ (3.11) Parallel-series analysis
"o, '
lin l amp
. . . _B _>
The signal source's current splits into two paths, so
[inzlamp+ ]feedback (3 12) IfeedbaCk
Because 1., times the amplifier's open-loop current gain is /., we can also say,
feedback B feedback
I output input
— T out
L onp= y (3.13) 1

ol

The feedback network is nothing more than a current divider, where the feedback
network's output (/ieasacr) 1S P times smaller than its input (Z,..). Don't let the arbitrary
current direction fool you - the feedback “flow” is still from right to left, as always.
In this case the amplifier is sinking current instead of sourcing it. As B is just a
fraction, we may say

B — I feedback or,
1 out
I feedback = B ] out
1 feedback = Aal B Iamp (3 . 14)

By substituting Equation 3.14 into Equation 3.12 we see that

Iinzl
[in:[

+ Aol I?) Iamp or,

1+4,B) (3.15)

amp

amp (

After substituting this into Equation 3.11 we find that

A _ [out
” Iamp(1+AOIB)
or, with the help of Equation 3.13
A,= Ay (3.16)
P+ A,B '

To make a long story short, the open-loop gain is reduced by the sacrifice factor.
(Where have we seen this before?) The one item that you should note is that we have
used only current gains in our derivation (compared to voltage gains in the SP case).
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It is possible to perform a derivation using the open-loop voltage gain; however, the
results are basically the same, as you might have guessed. Once again, our
approximation for gain can be expressed as 1/p.

Example 3.4
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A co-worker asks you to measure the output current of a circuit that she's
just built. If all is working correctly, this circuit should produce 100
microamps. Unfortunately, your hand-held DMM will only accurately
measure down to 1 milliamp. It is 10 times less sensitive than it needs to be.
In order to be read accurately, the current will need to be boosted. Does the
amplifier of Figure 3.17 have the current gain you need?

If we are using an op amp, we can assume that 4,, = 1/p. The question then
becomes, “what is B?” B is the current divider ratio. The resistors R; and R,
make up the current divider. The output current splits between R; and R»,
where the R, path iS eemac. According to the current divider rule,

Figure 3.17
Current amplifier for
Example 3.4

Consequently the gain magnitude is lin

R1+R2 —
= Or
ps b
R,

R

A4 =—L+1

ps
2

This equation looks a lot like the one in the SP example! Solving for 4,
yields

9k
APSZE-'-

4,=10

1

Yes, this circuit has just the gain you need. All you have to do is connect
your co-worker's circuit to the input, and replace the load resistor with your
hand-held DMM. Note that most DMMs are floating instruments and are not
tied to ground (unlike an oscilloscope), so using it as a floating load presents
no problems. The accuracy of the gain (and thus your measurement)
depends on the accuracy of the resistors and the relative size of the op amp's
input bias current. Therefore, it would be advisable to use a bi-FET type
device (i.e., an op amp with an FET diff amp) and precision resistors.

/ out

R, (DMM)



PS Impedance Effects

As you have seen, the gain derivation for PS is similar to that for SP. The same is
true for the impedance equations. First, we'll take a look at input impedance with
Figure 3.18.

/ amp

- > Figure 3.18

Parallel-series input impedance

/ feedback

Ly

1L

As always, we start with our base definition,

Vin
Z pa—

in-ps— I

Recalling Equation 3.15, this can be rewritten as,

V.
. = 3.1
L= T A, ) 3.17)

Vi, 1s merely the voltage that appears from the inverting input to ground. By using
Ohm's Law, we can say,
Vin:IampZin-nl

Where Z,,.,; is the open-loop input impedance. Finally, substituting this into Equation
3.17 gives,

Z _ ]angin—ol
e Iamp(1+Aulﬁ)
Zin—ol

7. =
in-sp 1+A01ﬂ

The input impedance is lowered by the sacrifice factor. If you're starting to wonder
whether everything is altered by the sacrifice factor, the answer is, yes. This is, of
course, an approximation. What do you think is going to happen to the output
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impedance? At this point, it shouldn't be too surprising. For this proof, refer to
Figure 3.19. We shall use the same general technique to find Z,,, as we did with the
SP configuration. In this case we replace the load with a current source, and then
determine the resulting output voltage.

Figure 3.19
Parallel-series output
impedance

= zout—o!
B ! int

] o
lfeedback

L

Note that the input signal current source is opened. The output current drives the
feedback network and produces the feedback current. The feedback current is then
multiplied by the amplifier's open-loop current gain. Because the feedback current
enters the inverting input, the internal source is sinking current. Because we are
driving the circuit from the output,

Z —_ Vout
out—ps
1 out

Vou 1s found through Ohm's Law.

vV =Z

out out -ol ( qu[

+Iim‘)

We now expand on our currents.

l,=1 feedback 4,

Iim:Inut[3 Anl

V o= Z ol Lyt 1B A4,)
Vout: Zout—al]()ut( 1 +A01B)

vV =Z 1 S

out out—ol = out
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Finally, we see that,

out—ol Iaut S
out—ps
I out
out—ps :Zout—ol S

As expected, the series output connection increased Z,,, by the sacrifice factor. The
remainder of the PS equations are essentially those used in our earlier SP work.
Once again, the bandwidth will be increased by S, and the distortion will be reduced
by S. This is also true for the Parallel-Parallel and Series-Series connections. As a
matter of fact, the Z;, and Z,,, relations are just what you might expect. The proofs
are basically the same as those already presented, so we won't go into them. Suffice
to say that parallel connections reduce the impedance by S, and series connections
increase it by S.

Parallel-Parallel (PP) and Series-Series (SS)

Unlike our two earlier examples, the concept and modeling of gain is not quite as
straight forward in the Parallel-Parallel and Series-Series cases. These forms do not
produce gain, so to speak. They are neither voltage amplifiers, nor current

amplifiers. Instead, these connections are used as transducers. Parallel-Parallel turns

an input current into an output voltage. It is shown in Figure 3.20. Figure 3.20

Parallel-parallel connection

Vout
Ve
I Y A _ out RL
in Iamp
N
_ | feedback

Vout

Series-Series turns an input voltage into an output current. It is shown in Figure
3.21. Our normal gain and feedback factors now have units associated with them.
Because our output versus input quantities are measured in volts-per-amp (PP) or
amps-per-volt (SS), the appropriate units for our factors are Ohms and Siemens. To
be specific, we refer to our PP gain as a transresistance value, and the SS gain as a
transconductance value. Although it is quite possible (and useful) to derive formulas
for gain based on these, it is often done only for discrete designs. Quite simply, you
cannot find transresitance or transconductance values on typical op amp data sheets.
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Fortunately, we can make a few approximations and create some very useful circuits
utilizing PP and SS feedback with op amps. These design and analysis shortcuts are
presented in the next chapter, along with practical applications.

lout

Vem}r

n ) [

I\

Vfeedback

out

3.5 Limitations On The Use of Negative Feedback

From the fore-going discussion, you may well think that negative feedback can do
just about anything, short of curing a rainy day. Such is not the case. Yes, negative
feedback can drastically lower distortion and increase bandwidth. Yes, it can have a
very profound effect on input and output impedance. And yes, it certainly does
stabilize our gains. What then, is the problem? Like all things, negative feedback has
specific limitations. The first thing you should note is that S is a function of
frequency. This was graphically depicted back in Figure 3.2. The amount of change
seen in impedances and distortion is a function of S, it follows that these changes
must be a function of frequency. Because S drops as the frequency increases, the
effects of negative feedback diminish as well. For example, if an SP amplifier has an
open-loop Z;, of 200 kQ and the low frequency S is 500, the resulting Z;,, with
feedback is 100 MQ. If we increase the input frequency past the open-loop £, the
open-loop gain drops and thus, S drops. One decade up, S will only be 50, so the Z;,
with feedback will only be 10 MQ. If this amplifier has a lower break frequency (f;),
S will drop as the frequency is reduced (below f;). The same sort of thing occurs
with distortion, however, the harmonics each see a different S, so the calculation is a
bit more involved. Along with the reduction in gain, there is also a change in phase.
If the phase around the feedback loop varies from -180°, incomplete cancellation
takes place, and thus, the effects of feedback are lessened. The bottom line is that the
effects of negative feedback weaken as we approach the frequency extremes.

The other item that must be kept in mind is the fact that negative feedback does not
change specific fundamental characteristics of the amplifier. Negative feedback
cannot get a circuit to do something beyond its operational parameters. For example,
feedback has no effect on clipping level (saturation point). Further, feedback has no
effect on slew rate (the maximum rate of output signal change, and an item that we
will examine in a later chapter). Actually, when an amplifier slews, feedback is
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Figure 3.21
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effectively blocked. An accurate output signal is no longer sent back to the input, but
the amplifier can't correct for the errors any faster than it already is. In a similar
manner, even though feedback can be used to lower the output impedance of a
system, this does not imply that the system can produce more output current.

One possible “problem” with negative feedback is really the fault of the designer. It
can be very tempting to sloppily design an amplifier with poor characteristics and
then correct for them with large amounts of feedback. No matter how much
feedback you use, the result will never be as good as a system that was designed
carefully from the start. An example of this effect can be seen with TIMD (Transient
Inter-Modulation Distortion). TIMD is a function of non-linearities in the first stages
of an amplifier, and the excessive application of negative feedback will not remove
it. On the other hand, if the initial stages of the system are properly designed, TIMD
is not likely to be a problem.*

Summary

We have seen that negative feedback can enhance the performance of amplifier
circuits. This is done by sampling a portion of the output signal and summing it out
of phase with the input signal. In order to maintain stability, the gain of the amplifier
must be less than unity by the time its phase reaches -180°. There are four basic
variants of negative feedback: Series-Parallel, Parallel-Series, Parallel-Parallel, and
Series-Series. In all cases, gain and distortion are lowered by the sacrifice factor S,
and the bandwidth is increased by S. Parallel connections reduce impedance by S,
whereas series connections increase the impedance by S. At the input, parallel
connections are current sensing, and series connections are voltage sensing. At the
output, parallel connections produce a voltage-source model, and series connections
produce a current-source model. The sacrifice factor is the ratio between the open-
and closed-loop gains. It is a function of frequency, and therefore, the effects of
negative feedback lessen at the frequency extremes.

Review Questions

Give two examples of how negative feedback is used in everyday life.
What circuit parameters will negative feedback alter, and to what extent?
What is meant by the term “Sacrifice Factor”?

What is the usage of Gain and Phase Margin?

Name the different negative feedback connections (i.e., variants or forms).
How might negative feedback accidentally turn into positive feedback?
What circuit parameters won't negative feedback effect?

Nk Wb =

4 See E.M.Cherry and K.P.Dabke, “Transient Intermodulation Distortion- Part 2: Soft
Nonlinearity”, Journal of the Audio Engineering Society, Vol.34 No.1/2 (1986): 19-35
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8. In practical amplifiers, when does negative feedback “stop working”, and
why?

Problems

Analysis Problems

1. An amplifier's open-loop gain plot is given in Figure 3.22. If the amplifier is
set up for a closed-loop gain of 100, what is the sacrifice factor (S) at low
frequencies? What is S at 1 kHz?

AL A .
Figure 3.22

10,000

Y

100 Hz 1 kHz f
\4

2. If the amplifier in Problem 1 has an open-loop THD of 5%, what is the
closed-loop THD at low frequencies? Assuming that the open-loop THD
doesn't change with frequency, what is the closed-loop THD at 1 kHz?

3. If an amplifier has an open-loop response as given in Figure 3.22, and a
feedback factor (B) of .05 is used, what is the exact low frequency closed-
loop gain? What is the approximate low frequency gain? What is the
approximate gain at 1 kHz?

A A
Figure 3.23
86 dB
66 B f----eoeee oo ‘
| 25Hz 250 Hz 500 kHz £

4. Using the open loop response curve in Figure 3.23, determine exact and
approximate values of B for a closed-loop gain of 26 dB.

5. Determine the closed-loop f> for the circuit of Problem 4.
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What is the maximum allowable phase shift at 500 kHz for stable usage of
negative feedback in Figure 3.23?

Determine the gain and phase margins for the amplifier response given in
Figure 3.24. Is this amplifier a good candidate for negative feedback?

A
Ay Figure 3.24

0dB

-12dB

-90°

-120°

-180°

8. Determine the closed-loop (mid-band) gain in Figure 3.25.
9. What is the closed-loop Z,, in Figure 3.25? What is Z,,,?

10. What is the low-frequency sacrifice factor in Figure 3.25?

Figure 3.25
A, = 10,000 I

f, =200 Hz
Z;, =10k

Z oyt =500
+
%

B=.02

11. How much distortion reduction can we hope for in Figure 3.25?
12. How much of a signal/noise improvement can we expect in Figure 3.25?

13. Assuming V;,(¢) = .1 sin 2 & 500¢, in Figure 3.25, what is V,,(?)?



14. If the circuit in Figure 3.25 had an open-loop f; of 10 Hz, what would the
closed-loop f; be?

15. Determine an appropriate pair of resistors to set f to .1 in Figure 3.25.

Challenge Problems

16. If the feedback network of Figure 3.25 produces a phase shift of -200° at
4 kHz, what effect will this have on circuit operation in Problem 10?

17. Consider the circuit of Figure 3.7. In general, what effect will the following
alterations to the feedback network have on the closed loop system
response? A) Placing a capacitor across R, B) Placing a capacitor across R;
C) Placing a rectifying diode across R (both polarities).

Computer Simulation Problems

18. Rerun the simulation of Figure 3.8 using the following open loop gains: 1 k,
10 k, and 100 k. What can you conclude from the results?

19. Verify the results of Problem 13 using a circuit simulator. It is possible to
extend the basic op amp model with a lag network in order to mimic f>.,.

20. Verify the stability of the circuit used in Problem 13 with regard to the open
loop gain. Run simulations with the given A4,,, and with values one decade
above and below. Compare the resulting simulations and determine the
maximum deviation of 4.
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4 Basic Op Amp Circuits

Chapter Learning Objectives

After completing this chapter, you should be able to:

* Relate each op amp circuit back to its general feedback form.

*  Detail the general op amp circuit analysis idealizations.

* Solve inverting and noninverting voltage amplifier circuits for a variety of parameters, including gain
and input impedance.

* Solve voltage/current transducer circuits for a variety of parameters.

*  Solve current amplifier circuits for a variety of parameters.

*  Define the term virtual ground.

*  Analyze and design differential amplifiers.

* Analyze and design inverting and noninverting summing amplifiers.

* Discuss how output current capability may be increased.

*  Outline the circuit modifications required for operation from a single polarity power supply.

4.1 Introduction

In this chapter we will be examining some common uses of op amps. Where Chapter Three focused on the
theory of negative feedback in a more abstract way, this chapter zeroes in on the practical results of using
negative feedback with op amps. Now that you know what negative feedback is and how it works, you can reap
the benefits. The main theme is in the design and analysis of simple, small-signal, linear amplifiers. We will also
be looking at some convenient approximation methods of analysis that can prove quite efficient. By the end of
the chapter, you should be able to design single and multistage voltage amplifiers, voltage followers, and even
amplifiers that sense current and/or produce constant current output. The voltage amplifiers offer the
possibilities of inverting or not inverting the signal. Simple differential amplifiers are examined too. The chapter
wraps up with a section on using op amps with a single polarity power supply and how to increase the available
output current.

This is an introductory design section so the details of high frequency response, noise, offsets, and other
important criteria are ignored. These items await a detailed analysis in Chapter Five. For the most part then, all
calculations and circuit operations are assumed to be in the

midband region.
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4.2 Inverting and Noninverting Amplifiers

As noted in our earlier work, negative feedback can be applied in one of four ways.
The parallel input form inverts the input signal, and the series input form doesn't.
Because these forms were presented as current-sensing and voltage-sensing
respectively, you might get the initial impression that all voltage amplifiers must be
noninverting. This is not the case. With the simple inclusion of one or two resistors,
for example, we can make inverting voltage amplifiers or noninverting current
amplifiers. Virtually all topologies are realizable. We will look at the controlled-
voltage source forms first (those using SP and PP negative feedback).

For analysis, you can use the classic treatment given in Chapter Three; however, due
to some rather nice characteristics of the typical op amp, approximations will be
shown. These approximations are only valid in the midband and say nothing of the
high frequency performance of the circuit. Therefore, they are not suitable for
general-purpose discrete work. The idealizations for the approximations are:

*  The input current is virtually zero (i.e., Z;, is infinite).

* The potential difference between the inverting and noninverting inputs is
virtually zero (i.e., loop gain is infinite). This signal is also called the error
signal.

Also, note for clarity that the power supply connections are not shown in most of the
diagrams.

The Noninverting Voltage Amplifier

The noninverting voltage amplifier is based on SP negative feedback. An example
is given in Figure 4.1. Note the similarity to the generic SP circuits of Chapter
Three. Recalling the basic action of SP negative feedback, we expect a very high Z;,
a very low Z,,, and a reduction in voltage gain. Idealization 1 states that Z;, must be
infinite. We already know that op amps have low Z,,, the second item is taken care
of. Now let's take a look at voltage gain.

Vout
A,=—
Vin
Because ideally V,,,,, = 0
Vin: VRZ
Also, —
Vo=V otV e
_ VRi+ VRf’
T Tk
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Figure 4.1
Noninverting voltage amplifier
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Expansion gives

CRI*R, I,

' R 1y

Because [;, = 0, Izy= Ix;, and finally we come to

R +R
A,=—"—L or
R,
Rf
4,714 4.1

Now that's convenient. The gain of this amplifier is set by the ratio of two resistors.
The larger Ry is relative to R;, the more gain you get. Remember, this is an
approximation. The closed loop gain can never exceed the open loop gain, and
eventually, 4, will fall off as frequency increases. Note that the calculation ignores
the effect of the load impedance. Obviously, if R; is too small, the excessive current
draw will cause the op amp to clip.

Example 4.1
Figure 4.2
What are the input impedance and gain of the circuit in Figure 4.2? Noninverting circuit for
Example 4.1
First off, Z,, is ideally infinite. Now for the gain:
+
R,
A=1+-1 -
Rik 20k
_ 10 —— ANA——
4 =1 +—1 o L 10 K

4,=11 %w L

The opposite process of amplifier design is just as straightforward.

Example 4.2

Design an amplifier with a gain of 26 dB and an input impedance of 47 kCQ.

For the gain, first turn 26 dB into ordinary form. This is a voltage gain of
about 20.
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A,=1 +R;L Figure 4.3
R; Noninverting design for

&:A 1 Example 4.2

R, v

R +

—L=19

R, _

47 k
R

At this point, choose a value for one of the resistors and solve for 1 L m
the other one. For example, the following would all be valid: - - 51 K

R=1kQ, R ,=19kQ —

R=2kQ,R,=38kQ
R=500Q,R,=9.5kQ

Most of these are not standard values, though, and will need slight
adjustments for a production circuit (see Appendix B). A reasonable range is
100 kQ > R; + R> 10 kQ. The accuracy of this gain will depend on the
accuracy of the resistors. Now for the Z;, requirement. This is deceptively
simple. Z;, is assumed to be infinite, so all you need to do is place a 47 kQ in
parallel with the input. The resulting circuit is shown in Figure 4.3.

If a specific Z,, is not specified, a parallel input resistor is not required. There is one
exception to this rule. If the driving source is not directly coupled to the op amp
input (e.g., it is capacitively coupled), a resistor will be required to establish a DC
return path to ground. Without a DC return path, the input section's diff amp stage
will not be properly biased. This point is worth remembering, as it can save you a
great deal in future headaches. For example, in the lab a circuit like the one in Figure
4.2 may work fine with one function generator, but not with another. This would be
the case if the second generator used an output coupling capacitor and the first one

didn't.

Example 4.3
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Design a voltage follower (i.e., ideally infinite Z;, and a voltage gain of 1).

The Z,, part is straightforward enough. As for the second part, what ratio of
R/to R; will yield a gain of 1?



A = 1+I_€L Figure 4.4
R; Voltage follower for Example
— 41 4.3

This says that R, must be 0 Q. Practically speaking, that means that R,is

replaced with a shorting wire. What about R;? Theoretically, almost any =
value will do. As long as there's a choice, consider infinite. Zero divided by

infinite is certainly zero. The practical benefit of choosing R;=  is that you

may delete R;. The resulting circuit is shown in Figure 4.4. Remember, if the

source is not directly coupled, a DC return resistor will be needed. The value

of this resistor has to be large enough to avoid loading the source.

As you can see, designing with op amps can be much quicker than its discrete
counterpart. As a result, your efficiency as a designer or repair technician can
improve greatly. You are now free to concentrate on the system, rather than on the
specifics of an individual biasing resistor. In order to make multi-stage amplifiers,
just link individual stages together.

Example 4.4

What is the input impedance of the circuit in Figure 4.5? What is V,.,?

As in any multi-stage amplifier, the input impedance to the first stage is the
system Z,,. The DC return resistor sets this at 100 kQ.

Figure 4.5
Multistage circuit for Example
4.4

Vbut

-30 dBV 100 k

15k

+
AN
= = 14k

iz K

To find V., we need to find the gain (in dB).

+
VWV
18 k

I
iz K
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R
Av]: 1+_L
R,
14k
A 1+—
vl + 2k
Av1:8
4,,'=18dB
R,
A,= 1+
R;
18k
A, =1+——
v2 + 21(
A,=10
4,,'=20dB

A,'=18dB+20dB =38dB

Vnut '= Avt '+ Vin'
V,.'=38dB+(—30dBV)
V,.'=8dBV

Because 8 dBV translates to about 2.5 V, there is no danger of clipping
either.

Figure 4.6
A basic parallel-parallel
amplifier

Inverting Voltage Amplifier R,
WA

The inverting amplifier is based on the PP negative feedback model. The base form
is shown in Figure 4.6. By itself, this form is current sensing, not voltage sensing. In
order to achieve voltage sensing, an input resistor, R;, is added. See Figure 4.7.
Here's how the circuit works: Ve is virtually zero, so the inverting input potential
must equal the noninverting input potential. This means that the inverting input is at
a virtual ground. The signal here is so small that it is negligible. Because of this, we
may also say that the impedance seen looking into this point is zero. This last point
may cause a bit of confusion. You may ask, “How can the impedance be zero if the
current into the op amp is zero?” The answer lies in the fact that all of the entering

current will be drawn through R, thus bypassing the inverting input. Figure 4.7

Inverting voltage amplifier
Refer to Figure 4.8 for the detailed explanation. The right end of R, is at virtual R;
ground, so all of the input voltage drops across it, creating /;,, the input current. AN
This current cannot enter the op amp and instead will pass through R. Because a
positive signal is presented to the inverting input, the op amp will sink output
current, thus drawing [;, through R.. The resulting voltage drop across Ry is the i% R,

same magnitude as the load voltage. This is true because R, is effectively in = =
parallel with the load. Note that both elements are tied to the op amp's output and
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to (virtual) ground. There is a change in polarity because we reference the output
signal to ground. In short, V,,, is the voltage across R, inverted.

Figure 4.8
4 =—out Analysis of the inverting
"V, amplifier from Figure 4.7
V.,=I1;,R;
mn _ n 1 Im + Rf _
Voul_ _VRf VvV
Vie=1i,R, R lop-amp =0
1 — /
o . A\ - L
Substitution yields V.+ lin =1
n -
A __ IinR —_ — 1 +
' ]in Ri B
R
A4,=——-+ 4.2
= (4.2)
Again, we see that the voltage gain is set by resistor ratio. Again, there is an
allowable range of values.
The foregoing discussion points up the derivation of input impedance. Because all of
the input signal drops across R, it follows that all the driving source “sees” is R;.
Quite simply, R; sets the input impedance. Unlike the noninverting voltage amp,
there is a definite interrelation between Z,, (R;) and 4, (-R/R;). This indicates that it is
very hard to achieve both high gain and high Z,, with this circuit.
Example 4.5
Determine the input impedance and output voltage for the circuit in Figure
4.9. Figure 4.9
Inverting amplifier for
The input impedance is set by R.. R; =5 kQ, therefore Z;, = 5 kQ. Example 4.9
20k
Vout: VinAv l\/\/\/
5k
__&
v Rl
20k 100 mV
v 5k RL
A,=—4 - =

V,,=100mV x(—4)
V., .=—400mV, (i.e., inverted)
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Example 4.6

Design an inverting amplifier with a gain of 10 and an input impedance of
15 kQ.

The input impedance tells us what R; must be

Zin:Rt
R =15k
Knowing R,, solve for Ry
v Rl
Rf:Rt (_Av)
R, =15k x(—(-10))
Rf:150k

Computer Simulation

A Multisim simulation of the result of Example 4.6 is shown in Figure 4.10, along
with its schematic. This simulation uses the simple dependent source model
presented in Chapter Two. The input is set at .1V DC for simplicity. Note that the
output potential is negative, indicating the inverting action of the amplifier. Also,
note that the virtual ground approximation is borne out quite well, with the inverting
input potential measuring in the uV region.

< multiSIM - [c4. 51 =10] x|
B Fie Edi View Simuate Twansfer Tods Window Help -181x]

T o o e A P |

B00KOhm
Rin

J | Eot

nnnnnnn

‘|<®|@|4[§]|<§|4E|¢;}§|<¢§|4<j§|4¢5|6§>§|4ﬁ|4$ |4$ |<|||

5kohm *
I ki
-4

Ready [Tran: 0121 = [Temp: 27 | [ INuM | v
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Figure 4.10a

Multisim simulation of the
simple op amp model for
Example 4.6. a. Schematic
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Example 4.7
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The circuit of Figure 4.11 is a pre-amplifier stage for an electronic music
keyboard. Like most musicians' pre-amplifiers, this one offers adjustable
gain. This is achieved by following the amplifier with a pot. What are the
maximum and minimum gain values?

200 k

15k

Vin e—AAAN—

Vout

10 k
level

— control

Note that the gain for the pre-amp is the product of the op amp gain and the

voltage divider ratio produced by the pot. For maximum gain, use the pot in

its uppermost position. Because the pot acts as a voltage divider, the upper-

most position provides no divider action (i.e., its gain is unity). For midband

frequencies, the 20 pF may be ignored.

Figure 4.10b

Multisim simulation of the
simple op amp model for
Example 4.6. b. Output listing

Figure 4.11
Musical instrument pre-
amplifier for Example 4.7
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e SR
A,,.=—13.33
A '=225dB

v -max

For minimum gain, the pot is dialed to ground. At this point, the divider
action is infinite, and thus the minimum gain is 0 (resulting in silence).

Z;, for the system is about 15 kQ. As far as the extra components are
concerned, the 20 pF capacitor is used to decrease high frequency gain. The
two .1 uF bypass capacitors across the power supply lines are very mportant.
Virtually all op amp circuits use bypass capacitors. Due to the high gain
nature of op amps, it is essential to have good AC grounds at the power
supply pins. At higher frequencies the inductance of power supply wiring
may produce a sizable impedance. This impedance may create a positive
feedback loop that wouldn't exist otherwise. Without the bypass capacitors,
the circuit may oscillate or produce spurious output signals. The precise
values for the capacitors are usually not critical, with .1 to 1 uF being
typical.

Inverting Current-to-Voltage Transducer

As previously mentioned, the inverting voltage amplifier is based on PP negative
feedback, with an extra input resistor used to turn the input voltage into a current.
What happens if that extra resistor is left out, and a circuit such as Figure 4.6 is
used? Without the extra resistor, the input is at virtual ground, thus setting Z;, to 0 Q.
This is ideal for sensing current. This input current will pass through R,and produce
an output voltage as outlined above. The characteristic of transforming a current to a
voltage is measured by the parameter transresistance. By definition, the
transresistance of this circuit is the value of R, To find V,,, multiply the input
current by the transresistance. This circuit inverts polarity as well.

(4.3)

Example 4.8

Design a circuit based on Figure 4.6 if an input current of -50 pA should
produce an output of 4 V.

The transresistance of the circuit is Ry
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R _ Vout
= Im
4V
I —50uA

R,=80k

The input impedance is assumed to be zero.

At first glance, the circuit applications of the topology presented in the prior
example seem very limited. In reality, there are a number of linear integrated circuits
that produce their output in current form’. In many cases, this signal must be turned
into a voltage in order to properly interface with other circuit elements. The current-
to-voltage transducer is widely used for this purpose.

Noninverting Voltage-to-Current Transducer

This circuit topology utilizes SS negative feedback. It senses an input voltage and
produces a current. A conceptual comparison can be made to the FET (a voltage-
controlled current source). Instead of circuit gain, we are interested in
transconductance. In other words, how much input voltage is required to produce a
given output current? The op amp circuit presented here drives a floating load. That
is, the load is not referenced to ground. This can be convenient in some cases, and a
real pain in others. With some added circuitry, it is possible to produce a grounded-
load version, although space precludes us from examining it here.

A typical voltage-to-current circuit is shown in Figure 4.12. Because this uses series-
input type feedback, we may immediately assume that Z,, is infinite. The voltage to
current ratio is set by feedback resistor R;. As Venor is assumed to be zero, all of V;,
drops across R;, creating current /x;. The op amp is assumed to have zero input
current, so all of /; flows through the load resistor, R,. By adjusting R;, the load
current may be varied.

load R;
— Vin +
R; R, Vin
V.
Iload: }e”l

5 Most notably, operational transconductance amplifiers and digital to analog converters,
which we will examine in Chapters Six and Twelve, respectively.
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Figure 4.12
Voltage-to-current transducer




By definition,

g _ Ilaad
m V,',,
_ 1
4= (44)

So, the transconductance of the circuit is set by the feedback resistor. As usual, there
are practical limits to the size of R,. If R; and R, are too small, the possibility exists
that the op amp will “run out” of output current and go into saturation. At the other
extreme, the product of the two resistors and the /i,,s cannot exceed the power supply
rails. As an example, if R; plus R, is 10 kQ, /,,,¢ cannot exceed about 1.5 mA if
standard £15 V supplies are used.

Example 4.9

Given an input voltage of .4 V in the circuit of Figure 4.13, what is the load

current? Figure 4.13
Voltage-to-current transducer
1 for Example 4.9

g}ﬂ:E
P

m— 20 k

4V

£,=50uS 1k
Iload:gm Vin - 20 k
1,.,=50uSx.4V
Iload =20 u A —

There is no danger of current overload here as the average op amp can
produce about 20 mA, maximum. The output current will be 20 pA
regardless of the value of R, up to clipping. There is no danger of clipping in
this situation either. The voltage seen at the output of the op amp to ground
is

Ve =(RAR )1,

V.o =(20k+1k)x20uA

V. =420mV

max

That's well below clipping level.
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Computer Simulation

A simulation of the circuit of Example 4.9 is shown in Figure 4.14. Multisim's ideal
op amp model has been chosen to simplify the layout. The load current is exactly as
calculated at 20 pA. An interesting trick is used here to plot the load current, as
many simulators only offer plotting of node voltages. Using Multisim's Post
Processor, the load current is computed by taking the difference between the node
voltages on either side of the load resistor and then dividing the result by the load
resistance.

%~ multiSIM - [c4_v2i msm] =1
Be File Edt View Simulate Tramsfer Took ‘window Hslp =] x| Figure 4.14a

Dlslel sisle] sio| alaf F &P [Slofs]=] e B 3

Voltage-to-current transducer
simulation schematic

<xk|<:z |<$ |<|||}

1
2
3

i

il uz

—F
3
2
Win - 1DEAL_DOFAMP
0.4% 1000Hz Rl

&

1kOhm

Ri
20k0hm

-+

[ol@lE| =]l

4] I_"—I
A

Fieady [Tran: 0121 [Temp. 27 |

% Analysis Graphs o =] |
File  Edit “iew Help o
Figure 4.14b
o B = —
O| @SR # (=)o) | i |~ =] =[] Bl@| Simulation resulis
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i
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S
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3
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1] 250.0000u% 5000000 T50.0000w% 1.0000m
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Example 4.10

The circuit of Figure 4.15 can be used to make a high-input-impedance DC

voltmeter. The load in this case is a simple meter movement. This particular

meter requires 100 pA for full-scale deflection. If we want to measure
voltages up to 10 V, what must R; be?

First, we must find the transconductance.

g :Iload
" Vin
_100un A
En=T0v
2,=10us
gl
g)ﬂ
Re 1
10uS
R=100k

The meter deflection is assumed to be linear. For example, if the input signal
is only 5 V, the current produced is halved to 50 pA. 50 pA should produce

half-scale deflection. The accuracy of this electronic voltmeter depends on
the accuracy of R;, and the linearity of the meter movement. Note that this

little circuit can be quite convenient in a lab, being powered by batteries. In

order to change scales, new values of R; can be swapped in with a rotary
switch. For a 1 V scale, R; equals 10 kQ. Note that for higher input ranges,

some form of input attenuator is needed. This is due to the fact that most op

amps may be damaged if input signals larger than the supply rails are used.

Inverting Current Amplifier

The inverting current amplifier uses PS negative feedback. As

)

Figure 4.15
DC voltmeter for Example
4.10

100 uA FS
Ri

Figure 4.16
Inverting current amplifier

in the voltage-to-current transducer, the load is floating. The

basic circuit is shown in Figure 4.16. Due to the parallel + -
negative feedback connection at the input, the circuit input lin R; f + R,
impedance is assumed to be zero. This means that the input - — +
point is at virtual ground. The current into the op amp is A

negligible, so all input current flows through R; to node A. == |_(> t J

Effectively, R; and Rare in parallel (they both share node A
and ground; actually virtual ground for R;). Therefore, V' and
Vs are the same value. This means that a current is flowing
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through R;, from ground to node A. These two currents join to form the load current.
In this manner, current gain is achieved. The larger Iy is relative to /,, the more
current gain there is. As the op amp is sinking current, this is an inverting amplifier.

Al-—_ out
Iin
]out:IRf'+IRi (4'5)
[Rizlin
V..
Iy=—%
Rf R

Because Vg is the same value as Vi,

V i
Ip= R, (4.6)
Vi=1,R, (4.7)

Substitution of 4.7 into 4.6 yields

=142 4.8
i +Rf (4.8)

As you might expect, the gain is a function of the two feedback resistors. Note the
similarity of this result with that of the noninverting voltage amplifier.
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Example 4.11

Figure 4.17
What is the load current in Figure 4.17? Current amplifier for Example
4.11
Iout - Ai [l n °
R
A== 1+R’ ) .
! 33k 10 k
[,k oA L
' 1k .
A=-34 =
1k
1,,=—34X5uA
1,,=—170 w A (sinking) L

We need to check to make sure that this current doesn't cause output
clipping. A simple Ohm's Law check is all that's needed.

v =1 R +I R

max out = “load in™i

V. =170uAX10k+5uA X33k

m

Vo _=17V+.165V

max

V., ..=1.865V (no problem)

Example 4.12

Design an amplifier with a current gain of -50. The load is approximately
200 kQ. Assuming a typical op amp (Loytmax = 20 mA with £+ 15 V supplies),
what is the maximum load current obtainable?

L =49
f

Therefore, R; must be 49 times larger than R.. Possible solutions include:
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R=49kQ,R,=1kQ
R=98kQ,R,=2kQ
R=245kQ,R,=500Q

As far as maximum load current is concerned, it can be no greater than the
op amp's maximum output of 20 mA, but it may be less. We need to
determine the current at clipping. Due to the large size of the load resistance,
virtually all of the output potential will drop across it. Ignoring the extra
drop across the feedback resistors will introduce a maximum of 1% error Figure 4.18
(that's worst case, assuming resistor set number two).

Current amplifier design for
Example 4.12
With 15 V rails, a typical op amp will clip at 13.5 V. The resulting

current is found through Ohm's Law: | -

P EEL 49k ,_—+ 200 k

=200k
1, =67.5uA

Another way of looking at this is to say that the maximum
allowable input current is 67.5 uA/50, or 1.35 pA. One possible
solution is shown in Figure 4.18.

Summing Amplifiers

It is very common in circuit design to combine several signals into a single common
signal. One good example of this is in the broadcast and recording industries. The
typical modern music recording will require the use of perhaps dozens of
microphones, yet the final product consists of typically two output signals (stereo
left and right). If signals are joined haphazardly, excessive interference, noise, and
distortion may result. The ideal summing amplifier would present each input signal
with an isolated load not affected by other channels.

The most common form of summing amplifier is really nothing more than an
extension of the inverting voltage amplifier. Because the input to the op amp is at
virtual ground, it makes an ideal current summing node. Instead of placing a single
input resistor at this point, several input resistors may be used. Each input source
drives its own resistor, and there is very little affect from neighboring inputs. The
virtual ground is the key. A general summing amplifier is shown in Figure 4.19.
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Ry

— N/

R VvV Figure 4.19

2 . .
A A A ~ Summing amplifier
r—e
+

Rin |

—\\WN—— =

The input impedance for the first channel is R;;, and it's voltage gain is -R/R;;. For
channel 2, the input impedance is R;;, with a gain of -R/R;,. In general, then for
channel N we have

iN
R
vN RiN

The output signal is the sum of all inputs multiplied by their associated gains.

Vaut: Vin] Av1+ Vin2 Av2+"' + VinN AVN
which is written more conveniently as
Vou=2o Vin Ay (4.9)

A summing amplifier may have equal gain for each input channel. This is referred to
as an equal-weighted configuration.

Example 4.13

What is the output of the summing amplifier in Figure 4.20, with the given
DC input voltages?

1V e AAA 10k
4k VWV Figure 4.20

2V . A ~ Summing amplifier for Example
2k — 4.13

+.5V e—ANA—— +
1k

The easy way to approach this is to just treat the circuit as three inverting
voltage amplifiers, and then add the results to get the final output.
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Channel 1:

A,=——"
v Rl
10k
v 4k
A,==25
V., =—25X1V
Vu=—25V
Channel 2:
v R,—
:_IOk
v 2k
,==5
Vou=—5X=2V
V,.=10V
Channel 3:
ke
R,
10k
v 1k
A,=—10
V,=—10X.5V
V,.=—5V

The final output is found via summation:

vV, =—25V+10V+(—5V)
V=25V

If the inputs were AC signals, the summation is not quite so straightforward.
Remember, AC signals of differing frequency and phase do not add
coherently. You can perform a calculation similar to the preceding to find
the peak value, however, an RMS calculation is needed for the effective
value (i.e., square root of the sum of the squares).

For use in the broadcast and recording industries, summing amplifiers will also
require some form of volume control for each input channel and a master volume
control as well. This allows the levels of various microphones or instruments to be
properly balanced. Theoretically, individual-channel gain control may be produced
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by replacing each input resistor with a potentiometer. By adjusting R;, the gain may
be directly varied. In practice, there are a few problems with this arrangement. First
of all, it is impossible to turn a channel completely off. The required value for R;
would be infinite. Second, because R; sets the input impedance, a variation in gain
will produce a Z;, change. This change may overload or alter the characteristics of
the driving source. One possible solution is to keep R; at a fixed value and place a
potentiometer before it, as in Figure 4.21. The pot produces a gain from 1 through 0.
The R/R; combo is then set for maximum gain. As long as R; is several times larger
than the pot's value, the channel's input impedance will stay relatively constant. The
effective Z;, for the channel is R, in parallel with R, at a minimum, up to R,

Figure 4.21
Audio mixer

master
individual = volume
— volumes

As far as a master volume control is concerned, it is possible to use a pot for Ry
Without a limiting resistor though, a very low master gain runs the risk of over
driving the op amp due to the small effective R, value. This technique also causes
variations in offset potentials and circuit bandwidth. A technique that achieves
higher performance involves using a stage with a fixed R, value, followed with a pot,
as in Figure 4.21.

Still another application of the summing amplifier is the level shifter. A level shifter
is a two-input summing amplifier. One input is the desired AC signal, and the
second input is a DC value. The proper selection of DC value lets you place the AC
signal at a desired DC offset. There are many uses for such a circuit. One possible
application is the DC offset control available on many signal generators.

Noninverting Summing Amplifier

Besides the inverting form, summing amplifiers may also be produced in a
noninverting form. Noninverting summers generally exhibit superior high frequency
performance when compared to the inverting type. One possible circuit is shown in
Figure 4.22. In this example, three inputs are shown, although more could be added.
Each input has an associated input resistor. Note that it is not possible to simply wire
several sources together in hopes of summing their respective signals. This is
because each source will try to bring its output to a desired value that will be
different from the values created by the other sources. The resulting imbalance may
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cause excessive (and possibly damaging) source currents. Consequently, each source
must be isolated from the others through a resistor.

R1
V1 e—AA— Figure 4.22

R v Nonir'zverting summing
Vo e AAA h Y amplifier

out

R3 —

V3 e—AAN g
VVV
Ry

In order to understand the operation of this circuit it is best to break it into two parts:
the input source/resistor section and the noninverting amplifier section. The input
signals will combine to create a total input voltage, V.. By inspection, you should see
that the output voltage of the circuit will equal ¥, times the noninverting gain, or

R,
Vout: Vt 1+?

i

All that remains is to determine V,. Each of the input channels contributes to V;in a
similar manner, so the derivation of the contribution from a single channel will be
sufficient.

Unlike the inverting summer, the noninverting summer does not take advantage of
the virtual-ground summing node. The result is that individual channels will affect
each other. The equivalent circuit for channel 1 is redrawn in Figure 4.23. Using

superposition, we would first replace the input generators of channels 2 and 3 with Figure 4.23
short circuits. The result is a simple voltage divider between V; and V. Channel 1 input equivalent
circuit
. L V, R v
IR AR R, ! ! t1
In a similar manner, we can derive the portions of V; due to channel 2 R» R3
R|IR
V=V e v 12
77 PRy+R|||R, 2 3

and due to channel 3

RR,

V.=V,————
T R+R||R,
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V, is the summation of these three portions.
V.=V +V 4V,

Thus, by combining these elements, we find that the output voltage is

|, R, R, || Ry R|| R, R(||R,
Vo= 1+—=||V, +V, +V,
R, R+ R||IR, R+ R, || R, Ry+R\|[| R,

For convenience and equal weighting, the input resistors are often all set to the same
value. This results in a circuit that averages together all of the inputs. Doing so
simplifies the equation to

R \V+V,+V
oo e R | et s
out ( Rl 3
or in a more general sense,
R\Z_ V.
Vom=(1+7§)—z’;1‘ (4.10)

where 7 is the number of channels.

One problem still remains with this circuit, and that is inter-channel isolation or
crosstalk. This can be eliminated by individually buffering each input, as shown in
Figure 4.24.

Vie—% R4 Figure 4.24
VWV Buffered and isolated
|_ _ noninverting summing
amplifier
V2 + Ry +
—\\VN—¢ —e
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Example 4.14

A noninverting summer such as the one shown in Figure 4.22 is used to
combine three signals. V; =1V DC, V,=-2V DC, and V;isa2 V peak 100
Hz sine wave. Determine the output voltage if R, = R, = R; = R, =20 kQ
and R, =5 kQ.

Because all of the input resistors are equal, we can use the general form of
the summing equation.

R, Vi+V,+.+V,
Vout: 1++

R, | Number of channels

20k | 1VDC+(—.2VDC)+2sin2 7 100¢
Vou=|1+

5k 3
v =5 .8VDC+2§1n27r100t

Vv, =1.33VDC+3.33sin 27 1007

So we see that the output is a 3.33 V peak sine wave riding on a 1.33 V DC
offset.

Differential Amplifier

As long as the op amp is based on a differential input stage, there is nothing
preventing you from making a diff amp with it. The applications of an op amp based
unit are the same as the discrete version examined in Chapter One. In essence, the
differential amplifier configuration is a combination of the inverting and

noninverting voltage amplifiers. A candidate is seen in Figure 4.25. The analysis is

identical to that of the two base types, and Superposition is used to combine the Figure 4.25
. e . . Differential amplifier

results. The obvious problem for this circuit is that there is a large mismatch ,

. . .. candidate
between the gains if lower values are used. Remember, for the inverting input
the gain magnitude is R/R;, whereas the noninverting input sees R/R; + 1. For Ry
proper operation, the gains of the two halves should be identical. The R; YW
noninverting input has a slightly higher gain, so a simple voltage divider may  «—AAA, 2
be used to compensate. This is shown in Figure 4.26. The ratio should be the o
same as the R/R; ratio. The target gain is R/R;, the present gain is 1 + R/R,, S —
which may be written as (R,+ R;)/R.. To compensate, a gain of R/(R;+ R)) is
used.
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' Figure 4.26
R, (R +R
A,.= % Differential amplifier with
i ( rt l) compensation for mismatched
4 = EL gains
(@11) AW
Ri
For a true differential amplifier, R;' is set to R;, and R/ is set to R. A small VvV -
potentiometer is typically placed in series with R/ in order to compensate for R’ —
slight gain imbalances due to component tolerances. This makes it possible for *
the circuit's common-mode rejection ratio to reach its maximum value. A
Another option for a simple difference amplifier is to set R;' plus R/ equal to f
R.. Doing so will maintain roughly equal input impedance between the two
halves if two different input sources are used. =
Once the divider is added, the output voltage is found by multiplying the differential
input signal by R/R,;.
Example 4.15
Design a simple difference amplifier with an input impedance of 10 kQ per
leg, and a voltage gain of 26 dB.
First of all, converting 26 dB into ordinary form yields 20. Because R; sets
Zi, set R; =10 kQ, from the specifications.
s
R;
R,=4,R, Figure 4.27
R,=20x10k Difference amplifier for
R,=200k Example 4.15
For equivalent inputs, '6)\8\1(
10k
R'+R,'=R, —AA h
R'+R, '=10k ——o
+
Given that 4, = 20, 476
9.52 k
R, '=20XR,’
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Therefore,

21X R,'=10k
R,'=476
R,'=20XR,’
R,'=9.52k

The final result is shown in Figure 4.27. As you will see later in Chapter Six,
the differential amplifier figures prominently in another useful circuit, the
instrumentation amplifier.

Adder/Subtractor

If inverting and noninverting summing amplifiers are combined using the
differential amplifier topology, an adder/subtractor results. Normally, all resistors in
an adder/subtractor are the same value. A typical adder/subtractor is shown in Figure
4.28.
R
1 —AN—

R
2 —\—t

R
m e—AAA/ >

R
m+1e—AAN, t

R
m+2 e—AAM—1 J%R

R —
n e—AAN—s

The inverting inputs number from 1 through m, and the noninverting inputs number
from m+1 through n. The circuit can be analyzed by combining the preceding proofs
of Equations 4.9 through 4.11 via the Superposition Theorem. The details are left as
an exercise (Problem 4.45). When all resistors are equal, the input weightings are
unity, and the output is found by:

Voul:Z:’:m_,_l Vin,_zl:;l Vin, (412)

In essence, you can think of the output voltage in terms of subtracting the inverting
input summation from the noninverting input summation.
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Adder-subtractor




Adjustable Inverter/Noninverter

A unique adjustable gain amplifier is shown in Figure 4.29. What makes this circuit
interesting is that the gain is continuously variable between an inverting and
noninverting maximum. For example, the gain might be set for a maximum of 10. A
full turn of the potentiometer would swing the gain from +10 through -10. The exact
middle setting would produce a gain of 0. In this way, a single knob controls both
the phase and magnitude of the gain.

Vout

Vout

As you would expect, the gain of the circuit is defined as the ratio of the output to
input voltages. It is important to note that unlike a normal inverting amplifier, the
magnitude of the output voltage is not necessarily equal to the voltage across R..
This is because the inverting terminal of the op amp is not normally a virtual ground.
Instead, the voltage across R; must also be considered. Because the two inputs of the
op amp must be at approximately the same potential (i.e., Veror must be 0), the
voltage at the inverting terminal must be the same as the voltage tapped off of the
potentiometer. Representing the potentiometer's voltage divider factor as &, we find:

V. =kV, V., (4.13)
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Adjustable inverter/noninverter

Figure 4.30
Inverter/noninverter analysis




The drop across R; is simply /> R,. I; is found by Kirchhoff's Current Law and the
appropriate voltage-resistor substitutions:

I,=1 -1,
vV, —kV. kV,

Thus, Vi, 1s found to be

R, R
Vo=V, | (1-k) ==k = (4.14)
Rl R3

Combining Equations 4.13 and 4.14 and then solving for gain, we find

R, Ry | Ry
A,=k—|—~—k——=—k—=

Rl Rl R3

R, R, R,
A=——+k|1+—+k—
TR ( R, Rs)

The value of R; is chosen so that R; = R; || R;. This means that

1
R=———
o1

R, R,
Substituting this into our gain equation and simplifying yields

X (2k—1)

A=
v Rl

In essence, the resistors R; and R set the maximum gain. The potentiometer sets &
from O through 1. If £ = 7, then A4, = R,/R,, or maximum noninverting gain. When &
= (), then 4, = - R,/R;, or maximum inverting gain. Finally, when the potentiometer
is set to the mid-point, £k =.5 and 4, = 0.

4.3 Single Supply Biasing

Up to this point, all of the example circuits have used a bipolar power supply,
usually £ 15 V. Sometimes this is not practical. For example, a small amount of
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analog circuitry may be used along with a predominantly digital circuit that runs off
a unipolar supply. It may not be economical to create an entire negative supply just
to run one or two op amps. Although it is possible to buy op amps that have been
specially designed to work with unipolar supplies®, the addition of simple bias
circuitry will allow almost any op amp to run from a unipolar supply. This supply
can be up to twice as large as the bipolar counterpart. In other words, a circuit that
normally runs off a + 15 V supply can be configured to run off of a +30 V unipolar
supply, producing similar performance. We will look at examples using both the
noninverting and inverting voltage amplifiers

The idea is to bias the input at one-half of the total supply potential. This can be
done with a simple voltage divider. A coupling capacitor may be used to isolate this
DC potential from the driving stage. For proper operation, the op amp's output
should also be sitting at one-half of the supply. This fact implies that the circuit gain
must be unity. This may appear to be a very limiting factor, but in reality, it isn't.
The thing to remember is that the gain need only be unity for DC. The AC gain can
be just about any gain you'd like.

+V DC
T Figure 4.31
Single-supply bias in a
R4 noninverting amplifier

il % WA+ Rq
% ) ——
1 vy

i -
1

Cs

An example using the noninverting voltage amplifier is shown in Figure 4.31. In
order to set DC gain to unity without affecting the AC gain, capacitor C; is placed in
series with R,. R; and R, establish the 50% bias point. Their parallel combination sets
the input impedance too. Resistors R; and R, are used to prevent destructive
discharge of the coupling capacitors C; and C; into the op amp. They may not be
required, but if present, typically run around 1 kQ and 100 Q respectively.

6 Examples include the LM324 and TLC270 series.
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The inclusion of the capacitors produces three lead networks. A standard frequency
analysis and circuit simplification shows that the approximate critical frequencies

are
1
Ji= 2nC|R ||R
_ 1
S ou 27 Cy Ry
_ 1
fﬁ’b" 2n C4R,

The input bias network can be improved by using the circuit of Figure 4.32. This
reduces the hum and noise transmitted from the power supply into the op amp's
input. It does so by creating a low impedance at node A. This, of course, does not
affect the DC potential. R; now sets the input impedance of the circuit.

+V DC
T Figure 4.32
Improved bias for the circuit in
C Figure 4.31
1 R3
f e
= I remainder
= = of circuit

The important points to remember here are that voltage gain is still 1 + R/R; in the
midband, Z;, is now set by the biasing resistors R; and R,, or R; (if used), and that
frequency response is no longer flat down to zero Hertz.

A single-supply version of the inverting voltage amplifier is shown in Figure 4.33. It
uses the same basic techniques as the noninverting form. The bias setup uses the
optimized low-noise form. Note that there is no change in input impedance, it is still
set by R.. The approximate lead network critical frequencies are found through

1
fi"_27rC1Ri
1
S ou= 27 Cy Ry
_ 1
fbi”5_27rC3R1||R2

Note the general similarity between the circuits of Figures 4.33 and 4.31. A simple
redirection of the input signal creates one form from the other.
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Figure 4.33
Single-supply inverting
amplifier

4.4 Current Boosting

As previously noted, general-purpose op amps produce a maximum output current
of around 20 mA. This is sufficient for a wide variety of uses. If the load is less than
about 1 kQ, the op amp will start to clip on the higher output signals. The average op
amp cannot drive low impedance loads. A few examples of applications whose loads
are inappropriate include distribution amplifiers, small audio power amplifiers such
as a headphone amplifier, and small motors. This is most unfortunate, as we have
already seen how useful these devices can be. There is a way out, though. It is
possible to include a current gain stage right after the op amp. All that is needed is a
simple class B or class AB push-pull follower. This follower will be able to produce
the higher current required by low impedance loads. The op amp only needs to drive
the follower stage. In order to increase system linearity and lower distortion, the
follower can be placed inside of the op amp's feedback loop. Because the follower is
noninverting, there is no problem with maintaining correct feedback (this assumes
that the power devices used have a wider bandwidth than the op amp). An example
of this is shown in Figure 4.34.

Figure 4.34
Current boosting

input
output

level
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This circuit is typical of an electronic crossover or distribution amplifier (an
electronic crossover design example is given in Chapter Eleven). This output circuit
needs to drive relatively low impedances through long cable runs of perhaps several
hundred feet. The excessive capacitance resulting from long cable runs increases the
current demand above that of a purely resistive load.

Circuits like the one in Figure 4.34 can produce currents of several hundred
milliamps or more. Many times, small resistors are placed in the emitter or collector
as a means of limiting maximum current or reducing distortion. The maximum
output current limitation is a function of the class B devices. Some manufacturers
offer current-boosting ICs to further simplify the design. The current-booster is a
drop-in replacement for the class B follower. For very high current demands,
Darlingtons or multi-stage designs may be required. It is even possible to provide
voltage gain stages. Indeed, several consumer audio power amplifiers have been
designed in exactly this way. In essence, the designers produce a discrete power
amplifier and then “wrap it” within an op amp feedback loop.

Computer Simulation

A basic current booster is simulated using Multisim in Figure 4.35. In order to see
secondary effects, the LF411 model has been chosen instead of the ideal device
model.
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10kOhm
Rt

1 ’j Zhza04

"

¥ e

2z 120hm
Ret

7
1
5

we
BALT ‘6
B,

e
VE LF411CH 1

. e
¥ 1200
z ReZ T50Rm
fioms

ZNza08

[ol@le)zlislegiesoleste s i st

10kOhm
RbZ

1 | _'l;I

Feady [Tran 0121 s [Temp: 27 [ [ [ HUW

The circuit is configured for a voltage gain of unity, thus the 5 volt input signal
should yield a 5 volt output. According to its data sheet, the short-circuit current of
the LF411 is approximately 25 mA at room temperature. It is not capable of driving
a 75 Q load to 5 volts by itself. The Transient Analysis shows a full 5 volt output
signal, indicating the effectiveness of the current boosting stage. Also, a close
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Figure 4.35a
Current booster simulation
schematic




inspection of the output waveform shows no obvious forms of distortion such as the
cross-over distortion typical of simple class B stages. This shows that keeping the
class B stage within the feedback loop does indeed minimize distortion.
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Summary

In this chapter we have explored a variety of basic op amp circuits and learned a few
analysis shortcuts. The basic assumptions are that the error voltage (differential
input voltage) is zero and that the op amp's input current is zero. In all circuits, the
gain or transfer parameter is a function of just one or two resistors. Circuits can be
made that produce voltage gain, current gain, voltage-to-current conversion, or
current-to-voltage conversion. The most popular op amp circuits are the
noninverting voltage amplifier and the inverting voltage amplifier. These are based
on SP and PP negative feedback, respectively. The noninverting type shows an
ideally infinite input impedance, whereas the inverting type has its input impedance
set by one of the feedback resistors. A variation of the inverting voltage amplifier is
the summing amplifier. This adds its several input channels together in order to
arrive at its single output signal. The input node is at virtual ground. The differential
amplifier is basically the simultaneous use of both the inverting and noninverting
voltage amplifier forms.

The voltage-to-current transducer is based on SS feedback. Its transconductance is
set by a single feedback resistor. In a similar manner, the current-to-voltage
transducer is based on PP feedback and has a single feedback resistor to set its
transresistance. The current amplifier is based on PS feedback.

Although op amps are designed to run off bipolar power supplies, they can be used
with unipolar supplies. Extra circuitry is needed for the proper bias. There is no
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Simulation of output waveform




restriction on AC gain; however, DC gain must be set to unity. Because lead
networks are introduced, the system gain cannot be flat down to zero Hertz.

Finally, if higher output current requirements need to be met, it is possible to boost
the op amp's capabilities with a discrete output stage. This stage is typically a class
B or class AB push-pull follower. In order to lower system distortion, the follower is
kept within the op amp's feedback loop.

Review Questions

1. What forms of feedback are used for the inverting and noninverting voltage
amplifiers?

2. What forms of feedback are used for the current-to-voltage and voltage-to-

current transducers?

What form of feedback is used for the inverting current amplifier?

What are the op amp analysis idealizations?

What is virtual ground?

What is a summing amplifier?

How can output current by increased?

What circuit changes are needed in order to bias an op amp with a unipolar

supply?

9. What operational parameters change when a circuit is set up for single
supply biasing?

10. How might a circuit's gain be controlled externally?

11. What is meant by the term “floating load™?

e A

Problems

Analysis Problems

1. What is the voltage gain in Figure 4.36? What is the input impedance?

. 1 + Figure 4.36

470 k
10k

VWV
= 22k

33.3 k il

2. What is the voltage gain for the first stage of Figure 4.37? What is the input
impedance?
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12k 18 k

+ TJF
™ 47 k
WV A%
i1k iZk

3. What is the voltage gain for the second stage of Figure 4.37? What is the
input impedance?

4. What is the system voltage gain in Figure 4.37? What is the input
impedance?

5. [Ifthe input to Figure 4.37 is -52 dBV, what is V,.," ?
6. What is the voltage gain in Figure 4.38? What is the input impedance?
7. If the input voltage to the circuit of Figure 4.38 is 100 mV, what is V,,,?

33 k

51 MWy Figure 4.38

22k

8. What is the system input impedance in Figure 4.39? What is the system

gain?
20k 40 k
A% 2A%A%
8k 10 k
—A\\V\— — VW —

39 k

9. Redesign Figure 4.39 for an input impedance of 20 kQ.
10. Given an input current of 2 pA, what is the output voltage in Figure 4.40?
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100 k

Figure 4.40

51k

11. What is the meter deflection in Figure 4.41 if the input voltage is 1 V?

—+ Figure 4.41

ammeter

10 k 300 UA FS

12. What input voltage will produce full-scale deflection in figure
4.41?

13. Determine a new value for the 10 kQ resistor in Figure 4.41 such thata .1 V
input will produce full-scale deflection.

14. What is the current gain in Figure 4.42?

Figure 4.42

+
10 k 5k

g

15. What is the maximum input current in Figure 4.42, assuming the circuit is
running off of +£15 V supplies, and the op amp has a maximum output
current of 25 mA?

16. If the differential input signal is 300 mV in Figure 4.43, what is V,,,?

i
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17.

100 k

AA%Y Figure 4.43
20 k
—\VV -
+
20 k 39 k
100 k

Determine new values for the voltage divider resistors in Figure 4.43, such
that the resulting input impedance is balanced.

Design Problems
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18.

19.
20.

21.

22.

23.
24.

25.

26.

27.

28.

29.

30.

Design a noninverting amplifier with a voltage gain of 32 dB and an input
impedance of 200 kQ.

Design a voltage follower with a gain of 0 dB.

Design an inverting amplifier with a voltage gain of 14 dB and an input
impedance of 15 kQ.

Design a current-to-voltage transducer such that a 20 pA input current will
produce a -1 V output.

Design a voltage-to-current transducer such that a 100 mV input will
produce a 1 mA output.

Design a current amplifier with a gain of -20.

Design a differential amplifier with a gain of 18 dB and a balanced input
impedance of 25 kQ per input.

Design a voltage to current transducer with a transconductance of 1 mS. If
Vi, is 200 mV, what is /,,,?

Design a current to voltage transducer with a transresistance of 10 kQ. If the
input current is .5 mA, what is V,,,?

Redesign the circuit of Figure 4.36 for single supply operation (don't bother
calculating capacitor values).

Redesign the circuit of Figure 4.38 for single supply operation (don't bother
calculating capacitor values).

Design a summing amplifier such that channel 1 has a gain of 10, channel 2
has a gain of 15, and channel 3 has a gain of 5. The minimum channel input
impedance should be 1 kQ.

Determine capacitor values for Problem 27 if the lower break frequency f,
is set to 20 Hz.



31. Determine capacitor values for Problem 28 if the lower break frequency f;,
is set to 10 Hz.

Challenge Problems

32. Design a three channel summing amplifier such that: channel 1 Z;,, > 10 kQ,
A, =6 dB; channel 2 Z,,> 22 kQ, A,= 10 dB; and channel 3 Z;,> 5 kQ,
A,=16dB

33. Assuming 10% resistor values, determine the production gain range for
Figure 4.36.

34. Assuming 5% resistor values, determine the highest gain produced in Figure
4.37.

35. Design an inverting amplification circuit with a gain of at least 40 dB, and
an input impedance of at least 100 kQ. No resistor used may be greater than
500 kQ. Multiple stages are allowed.

36. Redesign the circuit of Figure 4.38 as a voltmeter with 500 mV,2 V, 5V,
20 V, and 50 V ranges.

37. Assuming 1% precision resistors and a meter accuracy of 5%, what range of
input values may produce a full-scale reading of 2 V, for the circuit of
Problem 36?

38. Design an amplifier with a gain range from -10 dB to +20 dB, with an input
impedance of at least 10 kQ.

39. Design an amplifier with a gain range from 0 to 20. The input impedance
should be at least 5 kQ.

40. What is the input impedance in Figure 4.44? What is 4,?

Figure 4.44

] J .2 UF
100 k - _I
12k

41. How much power supply ripple attenuation does the input biasing network
of Figure 4.44 produce (assume frip..= 120 Hz)?
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42. Assume that the circuit of Figure 4.45 utilizes a standard 20 mA output op
amp. If the output devices are rated for a maximum collector current of 5
amps and a Beta of 50, what is the maximum load current obtainable?

Figure 4.45
20k

il

>
20k
iﬂ(

43. What are the voltage gain and input impedance in Figure 4.45?

44. Given a summer based on Figure 4.22, sketch the output waveform if
R] = Rgz 10 kQ, R3 = Rf: 30 kQ, Ri = 15 kQ, V] = 3 \Y% DC,
Vo,=.1sin2x 50 ¢tand V; = -.2 sin 2z 200 ¢.

45. Prove Equation 4.12 for the case when all resistors are of equal value.

Computer Simulation Problems

46. Simulate the operation of the circuit in Figure 4.9. Verify the output voltage
and the virtual ground at the inverting input.

47. Use a simulator to verify the maximum and minimum gains of the circuit in
Figure 4.11.

48. Use a simulator to verify the load current and the voltage of the circuit in
Figure 4.17.

49. Verify the output potential of the circuit in Figure 4.20.

50. Simulate the output voltage of the circuit of Figure 4.39 for the following
inputs: A) V,,=.1 VDC, B) Viu(t) = 1 sin 2z 10 t, C) V,,=5 VDC. Also, note
the potential at the output of the first stage. How might your op amp model
affect the results?

51. Simulate the circuit in Figure 4.27. Determine the output potential for the
following inputs: A) Vi,.(t) = .1 sin 2z 10¢, V() = .1 sin 2z 10t,
B) Vir(t) = .1 sin 2z 10t, Vi, (t) = -.1 sin 27 10t.
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52. Simulate the circuit of Figure 4.45, and determine the output of the circuit
and op amp for inputs of .1 VDC and 1 V DC.

Use the space below creatively. Draw a cartoon. Compose a song. Write a
limerick. Whatever works for you. If you're stuck, try starting with this: J3
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5 Practical Limitations of Op Amp Circuits

Chapter Learning Objectives

After completing this chapter, you should be able to:

*  Define gain-bandwidth product and describe its use in circuit design and analysis.

*  Determine upper and lower break frequencies in a multi-stage circuit.

* Define slew rate and power bandwidth, and calculate their effect on circuit performance.

*  Understand the difference between power bandwidth and small-signal bandwidth.

* Detail the differences between compensated, noncompensated, and decompensated op amps.
* Calculate the DC offset of an op amp circuit and understand how to minimize it.

*  Calculate the DC drift of an op amp circuit and understand how to minimize it.

* Discuss which factors affect the noise performance of an op amp circuit.

* Calculate the noise voltage of an op amp circuit.

* Analyze the CMRR, PSRR, and S/N performance of an op amp circuit.

5.1 Introduction

Up to now, the op amp has been treated as an ideal device. Although these idealizations are very useful in their
place, closer examination must follow. Without this knowledge, it will be impossible to accurately predict a
circuit's performance for very high or low frequencies, to judge its noise characteristics, or to determine its
stability with temperature or power supply variations. With this information, you will be able to optimize circuit
performance for given applications. A major part of this is determining the most desirable op amp for the job.
The function of this chapter, then, is to delve deeper into the specifics of individual op amps and to present
methods for determining system parameters such as frequency response, noise level, offsets, and drift. The
primary interest is in investigating the popular inverting and noninverting voltage amplifier topologies.

5.2 Frequency Response

In Chapter Four, a number of equations were presented for the various amplifier topologies. These enabled you
to find the circuit gain, among other things. These equations are, of course, only valid in the midband region of
the amplifier. They say nothing of the amplifier response at the frequency extremes. Chapter One showed that
all amplifiers eventually roll off their gain as the input frequency increases. Some amplifiers exhibit a rolloff as
the input frequency is decreased as well. Op amp circuits are no exception. There are two things we can say
about the average op amp circuit's frequency response: (1) if there are no coupling or other lead network
capacitors, the circuit gain will be flat from midband down to DC; and (2) there will eventually be a well-
controlled high-frequency rolloff that is usually very easy to find. Item one should come as no great surprise, but
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you may well wonder about the second. For general-purpose op amps, the high
frequency response may be determined with a parameter called the gain-bandwidth
product, often abbreviated GBW.

5.3 Gain-Bandwidth Product

The open loop frequency response of a general-purpose op amp is shown in Figure
5.1A. Although the exact frequency and gain values will differ from model to
model, all devices will exhibit this same general shape and 20 dB per decade rolloff
slope. This is because the lag break frequency (1) is determined by a single capacitor
called the compensation capacitor. This capacitor is usually in the Miller position
(i.e., straddling input and output) of an intermediate stage, such as C in Figure 5.1b.
Although this capacitor is rather small, the Miller effect drastically increases its
apparent value. The resulting critical frequency is very low, often in the range of 10
to 100 Hz. The other circuit lag networks caused by stray or load capacitances are
much higher, usually over 1 MHz. As a result, a constant 20 dB per decade rolloff is
maintained from £ up to very high frequencies. The remaining lag networks will not
affect the open-loop response until the gain has already dropped below zero dB.
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This type of frequency response curve has two benefits: (1) The most important
benefit is that it allows you to set almost any gain you desire with stability. Only a
single network is active, thus satisfactory gain and phase margins will be
maintained. Therefore, your negative feedback never turns into positive feedback (as
noted in Chapter Three). 2) The product of any break frequency and its
corresponding gain is a constant. In other words, the gain decreases at the same rate
at which the frequency increases. In Figure 5.1, the product is 1 MHz. As you might
have guessed, this parameter is the gain-bandwidth product of the op amp (GBW).
GBW is also referred to as f., (the frequency at which the open loop gain equals
one). You will find both terms used on manufacturer's spec sheets.
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Figure 5.1a
Open-loop frequency response
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As you already know, operating an op amp with negative feedback lowers the
midband gain. To a first approximation, this gain will continue until it reaches the
open loop response. At this point, the closed loop response will follow the open-loop
rolloff. Remember, this is due to the reduction in loop gain, as seen in Chapter
Three. This effect is shown in Figure 5.2.

A
’
v ol Figure 5.2
open loop Comparison of open-loop and
closed-loop responses
vel

closed loop

v \ f’

By knowing GBW and the gain, the associated break frequency can be quickly
determined. For the inverting and noninverting voltage amplifiers,

_GBW

/== (5.1)

noise

The use of noise gain versus ordinary voltage gain simplifies things and actually
makes the results a bit more accurate. Noise gain is the same for both the inverting
and noninverting voltage amplifiers. The use of noise gain helps us to take into
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account the true (non-ideal) feedback effects and circuit imperfections. An example
of these limitations is that the open loop gain of an op amp is never infinite. To find
the noise gain for any circuit, short all voltage sources and open all current sources.
The only item remaining for each source should be its internal resistance. At this
point, simplify the circuit as required, and find the gain from the noninverting input
to the output of the op amp. This gain is the noise gain. For the standard inverting
and noninverting voltage amplifiers, we find

R
noi\‘e: 1 +_f

1

A

Noise gain is the same as ordinary voltage gain for the noninverting voltage
amplifier, but is one unit larger than the inverting amplifier's ordinary gain (R/R;).
The deviation is only noticeable at lower gains. This does imply though, that for the
same gain, noninverting amplifiers will exhibit a higher break frequency than
inverting types. Thus, for maximum bandwidth with low gain circuits, the
noninverting form is generally preferred. The worst case occurs with an ordinary
voltage gain of 1. For the noninverting configuration, the noise gain will also equal
1, and the closed loop bandwidth will equal f,.,. On the other hand, an inverting
amplifier with a voltage gain of 1 will produce a noise gain of 2 and will exhibit a
small-signal bandwidth of f.,/2. Never use the gain in dB form for this calculation!

Example 5.1

Using a 741 op amp, what is the upper break frequency for a noninverting
amplifier with a gain of 20 dB?

A 741 data sheet shows a typical GBW of 1 MHz. The noise gain for a
noninverting amplifier is the same as its ordinary gain. Converting 20 dB
into ordinary form yields a gain of 10.

GBW
fr=m
_1MHz
fz——lo
£,=100kHz

So, the gain is constant at 10 up to 100 kHz. Above this frequency the gain
rolls off at 20 dB per decade.
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Example 5.2

Sketch the frequency response of the circuit in Figure 5.3

This is an inverting voltage amplifier. The gain is

For noise gain

v R,—
_ 10k
T2k
A,=-5
A,'=14dB
Aoise= 1+£ﬁ
noise Ri
10k
Anoise_ 1+K
Apise= 0

From a data sheet, GBW for a 741 is found to be 1 MHz.

The resulting gain Bode plot is shown in Figure 5.4. Note that if a “faster”

GBW
fz: Anoi&e
__1MHz
f=
f,=167kHz

op amp is used (i.e., one with a higher GBW, such as the LF411), the

response will extend further. As you might guess, faster op amps are more

expensive.

Figure 5.3
Circuit for Example 5.2

10k
VWV

2k

Vv -

+

741

Figure 5.4a
Bode plot for the circuit

Computer Simulation

The simulation results for Example 5.2 are also shown in Figure 5.4. The low

frequency gain agrees with the hand calculation of approximately 14 dB. The 3 dB

down point (f>) also agrees with the calculated break of approximately 167 kHz.
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It is important to note that the simple dependent source model presented in Chapter
Two cannot be used because it does not have the proper frequency response. Instead,
manufacturers offer accurate models for their op amps. There are several variations
on the theme. The model presented here is typical. It is fairly complex and is quite
accurate. The op amp model is comprised of two basic parts, a differential amplifier
input portion and a dependent source output section. The input portion utilizes a pair
of NPN transistors with simple resistors for the loads (R¢; and Rc). Resistors Rg; and
R serve as swamping or emitter-degeneration resistors. The tail-current source is
set by the independent source /zz. The non-ideal internal impedance and frequency
limitations of this current source are taken into account by R; and Cg, whereas C,
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helps to model the high frequency loading of the diff amp's output. The output
portion revolves around a series of voltage-controlled current sources. Gy models
common mode gain, G, models the ordinary gain, and R, serves as the combined
internal impedance of these sources. C; is the system compensation capacitor and
has a value of 30 pF. Ry, and Ry, serve to model the output impedance of the op
amp. Diodes D, through D, and voltage sources Ec, V¢, and Vr model the limits of
the op amp's class AB output stage.

+Vee

+V Figure 5.4d
Ve Typical op amp model

D3
Ro1
||
I
Co D
D 4
Gem Ga Gg ! Dy
R2 Roz
Ve
— — — = =— Eg v

In spite of their accuracy, models such as this are time consuming and tedious to
recreate. Fortunately, many manufacturers offer simulation models for their
components in library form. To use these models, all you need to do is reference the
appropriate part number from the library. The op amp models normally use typical
rather than worst-case values.

Example 5.3

Determine the minimum acceptable f., for the circuit of Figure 5.5 if

response should extend to at least 50 kHz. Figure 5.5
Circuit for Example 5.3
R
Anoise: 1 +_f
i ® +
=1 +£k —*
noise 500 pa—
Anuise: 41
A%
20 k
funity:Anuise f2 500
S uniy=41X50kHz

f iy =2.05 MHz

For this application, a stock 741 would not be fast enough; however, a 411
would be fine. From the foregoing, it is apparent that there is a direct trade-
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off between circuit gain and high frequency performance for a given device.
For an application requiring both high gain and wide bandwidth, a multi-
stage approach should be considered.

Multi-stage Considerations

By combining two or more wide-bandwidth, low-gain stages, a single high-gain,
wide-bandwidth system may be produced. Although the overall system gain will
simply be the combination of the individual stage gains, the upper break frequency
calculation can be a little tricky. Chances are, in a multi-stage op amp design all
stages will not exhibit the same upper break frequency. In this case the system's
upper break is approximately equal to the lowest of the stage f.s. In other words, the
system is treated as though it was a discrete stage with multiple lag networks. On the
other hand, if the break frequencies are close, this approximation can lead to a
sizable error. This is best illustrated with a quick example. Imagine two stages
exhibiting a 100 kHz break. If each stage produces a 3 dB loss at 100 kHz, it is
obvious that the cascaded system must be producing a 6 dB loss at 100 kHz.
Therefore, the system's critical frequency (i.e., -3 dB point) must be somewhat lower
than 100 kHz (to be exact, it is the frequency at which each stage produces a 1.5 dB
loss). Taking this a step further, if we cascade three identical stages, the total loss at
100 kHz will be 9 dB. The system break will be the point at which each of the three
stages produces a 1 dB loss. The more identical stages that are added, the lower the
effective break becomes. If we make a few assumptions about the exact shape of the
rolloff curve, we can reduce this to a simple equation. In Chapter One, we derived
the general equation describing the amplitude response of a lead network (1.7). In a
similar vein, the response for a lag network may be determined to be

A=— (5.2)

Where fis the frequency of interest and f. is the critical frequency.

It is more convenient to write this equation in terms of a normalized frequency of
interest. Instead of being expressed in Hertz, the frequency of interest is represented
as a factor relative to f.. If we call this normalized frequency £,, we may rewrite the
amplitude response equation.

1
1+

A= (5.3)
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We now solve for £,

ALV: J1+k2
k2+1 :L2
4,
1
K=—=-1
n A‘2)
)1
=1 (5.4)

We will now find the gain contribution of each stage. If all stages are critical at the
same frequency, each stage must produce the same gain as the other stages at any
other frequency. Because the combined gain of all stages must, by definition, be -3
dB or .707 at the system's break frequency, we may find the gain of each stage at
this new frequency.

A'=.707 (5.5)
Where 7 is the number of stages involved.

We may rewrite this as

1
A,=.707" (5.6)
Combining 5.6 with 5.4 yields

k= | —1

n 1\2
(.707")

kn:\/2% ~1 (5.7)

As k, is nothing more than a factor, this may be rewritten into a final convenient
form.

f2— Svstem: f2 kn

1
f2-system:f2 \/2,7 _1 (58)

where 7 is the number of identical stages.
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Example 5.4

Assuming that all stages in Figure 5.6 use 741's, what is the system gain and
upper break frequency?

20k

10k Figure 5.6
— AN — Multistage circuit for
' S Example 5.4

+
VWV =
14 k VWV

12 k
2k
i 4k

Stage 1:

A,pise=8

GBW
f2 - Annise

1 MH
fr= 3 z

f,=125kHz

165



Stage 2:

noise

1 MH
f==5

f,=333kHz

Stage 3:

System:

A,=8x%(—2)x 4
A,=—64

f>=dominant stage. The dominant break here is 125 kHz (stage 1).
The system has a gain of 64 and an upper break of 125 kHz. If this level of

performance is to be achieved with a single op amp, it would need a gain-
bandwidth product of 125 kHz times 64, or 8 MHz.
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Example 5.5

A three-stage amplifier uses identical noninverting voltage stages with gains
of 10 each. If the op amps used have an f,..,, of 4 MHz, what is the system
gain and upper break?

Because these are noninverting amplifiers, the noise gain equals the signal
gain. The break frequency for each stage is:

f
— umtg
f2 Anoise
__4MHz
LT

f,=400kHz

Because the three stages are identical, the system will roll off before 400
kHz.

1

f27system: f2 \/ 2’1 —1

1
f2—system: 400 kHZ \/ 23 - 1
[ s sssion=203.9kHz

Note that the system response in this case is reduced about an octave from
the single-stage response.

Example 5.6
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Using only LF411 op amps, design a circuit with an upper break frequency
of 500 kHz and a gain of 26 dB.

A gain of 26 dB translates to an ordinary gain of 20. Assuming a
noninverting voltage stage, and noting that 4, = A, for noninverting form,
a single op amp would require an fi, of:

funily:f2Av
1 iy =500 KHzZX 20
S = 10 MHz

Because the 411 has a typical f., of 4 MHz, at least two stages are required.



There are many possibilities. One option is to set one stage as the dominant
stage and set its gain to produce the desired f>. The second stage will then be
used to make up the difference in gain to the desired system gain.

Stage 1:
f .
—  unit
fo=to
:funity
R P
4 MHz

500kHz
=8

A

4,
4,

Stage 2:
To achieve a final gain of 20, stage two requires a gain of 2.5. Its f; is:

f .

— unity
fr=g

_4MHz
2= 2.5
f,=1.6MHz

Note that if this frequency worked out to less than 500 kHz, three or more
stages would be needed. To set the resistor values, the rules of thumb
presented in Chapter Four may be used. One possible solution is shown in

Figure 5.7.
|+ + i
| . Figure 5.7
_ - Completed design for
Example 5.6
sA%AY VWV
7k 15k
im k

iw

Low Frequency Limitations

As mentioned earlier, standard op amps are direct-coupled. That is, their gain
response extends down to 0 Hz. Consequently, many op amp circuits have no lower
frequency limit. They will amplify DC signals just as easily as AC signals.
Sometimes it is desirable to introduce a low frequency rolloff. Two cases of this are
single-supply biasing (Chapter Four) and interference rejection (the removal of
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undesired signals, such as low frequency rumble). In both cases, the circuit designer
produces a low frequency rolloff (lead network) by introducing coupling capacitors.
For single-supply circuits, these capacitors are a necessary evil. Without them,
stages would quickly overload from the large DC input. Also, signal sources and
loads may be very intolerant of the DC bias potential. The result could be gross
distortion or component failure. Even if a circuit uses a normal bipolar supply, a lead
network may be used to reduce interference signals. For example, a well-chosen
coupling capacitor can reduce 60 Hz hum interference while hardly affecting the
quality of a voice transmission. Generally, these coupling capacitors can be
simplified into the straightforward lead networks discussed back in Chapter One.
(Remember, for lead networks, the highest critical frequency is the dominant one.)
Also, if multiple networks are dominant, the resulting critical frequency will be
higher than the individual break frequency. The relationship is the mirror image of
Equation 5.8. The proof for the following equation is very similar to that of Equation
5.8, and is left as an exercise.

fl
S ston =T (5.9)
|

2" -1

If you decide to add coupling capacitors in order to reduce interference, remember
that the op amp will need a DC return resistor. An example is shown in Figure 5.8.
The 100 kQ resistor is needed so that the inverting input's half of the diff amp stage

is properly biased. Note that for a typical op amp, this 100 kQ also ends up setting
the input impedance. Assuming a relatively low source impedance, the lead network
simplification boils down to the .1 uF capacitor along with the 100 kQ. The critical
frequency is:

Figure 5.8
DC return resistor (100 k)

1 uF
T
{ I +
f”_ZJERC P
100 k
f= ! A
2aX100kX.1uF = 25 k

f.=159Hz isk

To sum up, then, when using general-purpose op amps, if no signal-coupling
capacitors are being used, the gain response extends back to 0 Hz. If coupling
capacitors are used, general lead network analysis techniques can be used to find the
critical frequencies.

5.4 Slew Rate and Power Bandwidth

As noted in the previous section, general-purpose op amps contain a compensation
capacitor that is used to control the open loop frequency response. The signal
developed across this capacitor will be amplified in order to create the final output
signal. In essence, this capacitor serves as the load for the preceding stage inside of
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the op amp. Like all stages, this one has a finite current output capability. Due to
this, the compensation capacitor can be charged no faster than a rate determined by
the standard capacitor charge equation:

ol
l_cdt
dv _i
dt C

The rate of change of voltage versus time is dv/dt. By definition, this parameter is
called slew rate (SR). The base unit for slew rate is volts per second, however, given
the speed of typical devices, slew rate is normally specified in volts per
microsecond. Slew rate is very important in that it helps determine whether or not a
circuit can accurately amplify high-frequency or pulse-type waveforms. In order to
create a fast op amp, either the charging current 7/ must be large, or the compensation
capacitor C must be very small. Because C also plays a role in determining the gain-
bandwidth product, there is a lower limit to its size. A typical op amp might use a 30
pF compensation capacitor, and the driving stage may effectively produce a
charging current of 100 pA. The resulting slew rate would be:

_dv i
SR=0=¢c
100u A
SR=
30 pF
SR=3.33 Megavolts/second
SR=3.33V/us

This means that the output of the op amp can change no faster than 3.33 V over the
course of one microsecond. It would take this op amp about 3 microseconds for its
output signal to change a total of 10 V. It can go no faster than this. The ideal op
amp would have an infinite slew rate. Although this is a practical impossibility, it is
possible to find special high-speed devices that exhibit slew rates in the range of
several thousand volts per microsecond. Comparative slew rates for a few selected
devices are found in Table 5.1.

Device Slew Rate
uA741 S5 Vl/ps
LF411 15 V/us
OPA134 20 V/us
LM318 70 V/us
LM6364 300 V/us
LT1363 1000 V/us
Table 5.1
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Slew rate is always output-referred. This way, the circuit gain need not be taken into
account. Slew rate is normally the same regardless of whether the signal is positive
or negative going. There are a few devices that exhibit an asymmetrical slew rate.
One example is the 3900. It has a slew rate of .5 V/us for positive swings, but shows
20 V/us for negative swings.

The Effect of Slew Rate on Pulse Signals

An ideal pulse waveform will shift from one level to the other instantaneously, as
shown in Figure 5.9.

A
oV Figure 5.9
Ideal output
10 ps 20 s t

In reality, the rising and falling edges are limited by the slew rate. If this signal is fed

into a 741 op amp, the output pulse would be decidedly trapezoidal, as shown in

Figure 5.10. The 741 has a slew rate of .5 V/us. Because the voltage change is 2 V,

it takes the 741 4 ps to traverse from low to high, or from high to low. The resulting

waveform is still recognizable as a pulse, however.

A

Figure 5.10

2V Slewed output of the 741

.5 V/us

\4

10 us 14 us 20 us 24 pus t

Gross distortion of the pulse occurs if the pulse width is decreased, as in Figure 5.11.
Here, the pulse width is only 3 microseconds, so the 741 doesn't even have enough
time to reach the high level. In 3 microseconds, the 741 can only change 1.5 V. By
the time the 741 gets to 1.5 V, the input signal is already swinging low, so the 741
attempts to track it. The result is a triangular waveform of reduced amplitude as
shown in Figure 5.12. This same effect can occur if the amplitude of the pulse is
increased. Obviously, then, pulses that are both fast and large require high slew rate
devices. Note that a 411 op amp would produce a nice output in this example.
Because its slew rate is 15 V/ps, it requires only .134 microseconds for the 2 V
output swing. Its output waveform is shown in Figure 5.13.
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A
2V
3us 6 us t
A
2V
1.5V
3 s 6 us 9 us t
A
2V

3 ps‘\ /‘6.134 us r

3.134 us 6 us

The Effect of Slew Rate on Sinusoidal Signals and Power Bandwidth

Slew rate limiting produces an obvious effect on pulse signals. Slew rate limiting
can also affect sinusoidal signals. All that is required for slewing to take place is that
the signal change faster than the device's slew rate. If the rate of change of the signal
is never greater than the slew rate, slewing will never occur. To find out just how
fast a given sine wave does change, we need to find the first derivative with respect
to time. Assume that the input sine wave has a frequency £, and a peak amplitude K.

v(t)=Ksin2x f't
Z—:=2anC052ﬂ?ft
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Figure 5.11
Ideal output

Figure 5.12
Slewed output of the 741

Figure 5.13
Slewed output of the 411




The rate of change of the signal with respect to time is dv/d¢. The maximum rate of
change will occur when the sine wave passes through zero (i.e., at t = 0). To find this
maximum value, substitute 0 in for t, and solve the equation.

dv
——==2 K .
p nf (5.10)

So, the rate of change of the signal is directly proportional to the signal's frequency
(f), and its amplitude (K). From this, it is apparent that high-amplitude, high-
frequency signals require high slew rate op amps in order to prevent slewing. We
can rewrite our equation in a more convenient form:

Slew Rate required=2xnV  f (5.11)

max

where V), is the peak voltage swing required and f,... is the highest frequency sine
wave reproduced. Often, it is desirable to know just how “fast” a given op amp is. A
further rearranging yields

__ Slew Rate

fmax_
2rch

In this case, f,.. represents the highest frequency sine wave that the op amp can
reproduce without producing Slewing Induced Distortion (SID). This frequency is
commonly referred to as the power bandwidth. To be on the conservative side, set
¥V, to the op amp's clipping level. Note that slew rate calculations are not dependent
on either the circuit gain or small-signal bandwidth. Power bandwidth and small-
signal bandwidth (f>) are not the same thing. This is a very important point!

A

Figure 5.14
Sine wave distorted by heavy
slewing

slewed

\4

ideal

The effects of slewing can be either subtle or dramatic. Small amounts of SID are
very difficult to see directly on an oscilloscope and require the use of a distortion
analyzer or a spectrum analyzer for verification. Heavy slewing will turn a sine
wave into a triangular wave. An example of this is shown in Figure 5.14.
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Example 5.7

A 741 is used as part of a motor control system. If the highest reproducible
frequency is 3 kHz and the maximum output level is 12 V peak, does
slewing ever occur?

Another way of stating the problem is to ask “Is the 741's power bandwidth
at least 3 kHz?”

__ Slew Rate
e 2al,
o= SVius
mex 2ax12V
_ .5MV/s
= 08
f max=60631Hz

For this application, the 741 is twice as fast as it needs to be. Note in the
calculation how the slew rate is transferred from V/us into V/s, and how the
volts units cancel between denominator and numerator. This leaves units of
“I/seconds”, which is another way of saying “Hertz”. If the calculation
produced a smaller value, say 2 kHz, then slewing is a possibility for certain
signals.

Example 5.8
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An audio pre-amplifier needs to reproduce signals as high as 20 kHz. The
maximum output swing is 10 V peak. What is the minimum acceptable slew
rate for the op amp used?

Slew Rate=2nV ,f ..
Slew Rate=2m1x10VX20kHz
Slew Rate=1.257TmV/s
Slew Rate=1.257V/us

For this design, a 741 would not be fast enough. The aforementioned 411
through 318 would certainly be satisfactory, whereas the 1363 would
probably be overkill.




Computer Simulation

To verify the results of Example 5.8, a simple noninverting voltage amplifier may be

used with differing op amp models. The simulation is shown Figure 5.15 using

Multisim.
—1ol x|
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The circuit is configured with a 2 volt input at 20 kHz and a gain of 5. This will

yield the worst case output of 10 volts at 20 kHz. For the first Transient Analysis, a
741 is used. Note how the output waveform is essentially triangular. It is also below

the expected peak output level. Clearly, this waveform is severely slewed, and

results in undesired distortion and a reduction in audio quality.
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Figure 5.15a
Multisim schematic for slew
simulation

Figure 5.15b
Output with 741




The second simulation is performed using the faster LF411. In this case, the
simulation shows a full 10 volt peak output with no discernable distortion. The
LF411 would certainly meet the circuit requirements.

% Analysis Graphs ol x|

File  Edit “iew Help
DIWIE'IQIELI N EEE R R
pTr lysis #1 Transient Analysis #2 |

Using LF411

MEsaiir

1 00m 1.05m 1.10m 1.15m 1. 20m
Time (5)

Vout (V)

Design Hint

There is a convenient way of graphically determining whether the output of an op
amp will be distorted. It involves graphing output levels versus frequency. The two
major distortion causes are clipping and slewing. We start with a grid measuring
frequency on the horizontal axis, and output voltage on the vertical axis. The first
step involves plotting the output level limit imposed by clipping. Clipping is
dependent on the circuit's power supply and is independent of frequency. Therefore,
a horizontal line is drawn across the graph at the clipping level (see Figure 5.16). If
we assume a standard +15 V power supply, this level will be around £13 V. The
output level cannot swing above this line because clipping will be the result.
Everything below this line represents unclipped signals. The second step is to plot
the slewing line. To do this, a point needs to be calculated for f,.... In Example 5.7 a
741 was used and 12 V produced an f,... of 6631 Hz. Plot this point on the graph.
Now, as the slew rate is directly proportional to f,... and V,, it follows that doubling
fwax While halving V), results in the same slew rate. This new point lets you
graphically determine the slope of the slew limiting line. Plot this new point and
connect the two points with a straight line (see Figure 5.17). Everything above this
line represents slewed signals, and everything below this line represents non-slewed
signals. As long as the desired output signal falls within the lower intersection area
of the two lines, the signal will not experience either slewing or clipping. A quick
glance at the graph allows you to tell what forms of distortion may affect a given
signal.
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Figure 5.15¢
Output with LF411

Figure 5.16
Limit due to clipping

A
clipped

nonclipped
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Slew Rate and Multiple Stages

Consider the three-stage circuit shown in Figure 5.18. The slew rates for each device
are found in Table 5.1. What is the effective slew rate of the system? You might
think that it is set by the slowest device (741 at .5 V/us), or perhaps by the final
device (318 at 70 V/us). The fact is that the system slew rate could be set by any of
the devices, and it depends on the gains of the stages.

iz K

741 411 318
® + T+ J +
—o
—AN/N/ AN \/ —— ANN———
18 k 31k 10k
4%1 k

iSK

The one thing that you can say immediately is that the system slew rate will never be
faster than the final device. In this example, the slew rate cannot be greater than 70
V/us. It may be less than this, however. The trick to finding the effective system
slew rate is to start at the output of the first stage, and then determine the maximum
rate of change for the following stages in sequence. Looking at stage 1, its
maximum output rate is .5 V/us. This is the maximum rate of change going into
stage 2. Because stage 2 has a gain of 32, it will attempt to increase this rate to 16
V/us. This cannot happen, however, because the 411 has a slew rate of only 15 V/us.
Therefore the 411 is the limiting factor at this point. The maximum rate of change
out of stage 2 is 15 V/ps. This signal is then applied to stage 3, which has a gain of
3. So, the 318 triples its input signal to 45 V/us. Because the 318 is capable of
changing as fast as 70 V/us, 45 V/us becomes the limiting output factor. The system
slew rate is 45 V/ps. This is the value used to calculate the system power bandwidth,
if needed. The first op amp to slew in this circuit is the 411, even though it is about
30 times faster than the 741 used in stage 1. The reason for this is that it must handle
signals 32 times as large. Note that if the final stage had a larger gain, say 5, the 318
would become the limiting factor. The important thing to remember is that the front-
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Figure 5.17
Limits due to clipping and
slewing

Figure 5.18
Multistage circuit

incorporating the 741, 411 and
318




end stages of a system don't need to be as fast as the final stages, as they handle
smaller signals.

Noncompensated Devices

As discussed in Chapter Three, all op amps need some form of frequency
compensation in order to ensure that their closed loop response is stable. The most
straightforward way to do this is to add a compensation capacitor, which forces a 20
dB/decade rolloff to f..i,. In this way, no matter what gain you choose, the circuit
will be stable. Although this is very convenient, it is not the most efficient form of
compensation for every circuit. High-gain circuits need less compensation
capacitance than a low-gain circuit does. The advantage of using a smaller
compensation capacitor is that slew rate is increased. Also, available loop gain at
higher frequencies is increased. This allows the resulting circuit to have a wider
small-signal bandwidth (the effect is as if f,., increased). Therefore, if you are
designing a high gain circuit, you are not producing the maximum slew rate and
small-signal bandwidth that you might. The compensation capacitor is large enough
to achieve unity gain stability, but your circuit is a high-gain design. The bottom line
is that you are “paying” for unity gain stability with slew rate and bandwidth.

To get around this, manufacturers offer noncompensated op amps. No internal
capacitor is used. Instead, connections are brought out to the IC package so that you
may add your own capacitor. This way, the op amp may be tailored to your
application. There is no set way of determining the values for the external
compensation circuit (it may be more complex than a single capacitor).
Compensation details are given on manufacturers data sheets. One example of a
noncompensated op amp is the 301. You can think of a 301 as a 741 without a
compensation capacitor. If a 33 pF compensation capacitor is used, the 301 will be
unity gain stable and produce an f,., of 1 MHz and a slew rate of .5 V/us. For
higher gains, a smaller capacitor may be used. A 10 pF unit will produce an
effective funy, of 3 MHz, and a slew rate of 1.5 V/us. Comparative Bode gain plots
are shown in Figure 5.19 for the 301.

Feedforward Compensation

Besides the ordinary form of compensation, noncompensated devices like the 301
may utilize other methods that can make them even faster, such as feedforward
compensation. The concept of feedforward is in direct contrast to feedback. As its
name suggests, feedforward involves adding a portion of the input signal to the
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Figure 5.19
Bode gain plots for the 301
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output, thus bypassing certain sections of the system. Compared to ordinary
feedback, feedforward is seldom used as part of the design of an amplifier.’

Ordinarily, a compensation capacitor must be large enough to maintain sufficient
gain and phase margin for the slowest stage inside of an op amp. Quite often, the
slowest stage in an op amp is one of the first stages, such as a level shifter. Here is
where feedforward comes into play. If the high frequency content of the input signal
can be shunted around this slow stage, the effective bandwidth and speed of the op
amp may be increased. This is the key behind the technique of feedforward
compensation. Normally, manufacturers will provide details of specific feedforward
realizations for their op amps. (It would be very difficult to create successful
feedforward designs without detailed knowledge of the internal design of the
specific op amp being used.) Not all op amps lend themselves to feedforward
techniques.

In summary, noncompensated op amps require a bit more work to configure than

fully compensated devices, but offer higher performance. This means faster slew
rates and higher-upper break frequencies.

Decompensated Devices

Straddling the worlds of compensated and uncompensated op amps is the
decompensated device. Decompensated devices are also known as partially

. . . . Bode gain plot for the 5534
compensated devices. They include some compensation capacitance, but not enough , N

. . . . Reprinted courtesy of Philips
to make them unity gain stable. Usually these devices are stable for gains above 3 t0  semiconductors

Figure 5.20

5. Because the majority of applications require gains in this area or above, Open-Loop Frequency Response
decompensated devices offer the ease of use of compensated devices and the -

increased performance of customized noncompensated units. If required, extra TYPICAL VALUES
capacitance can usually be added to make the circuit unity gain stable. One % \ ‘

example of this type is the 5534. Its gain Bode plot is shown in Figure 5.20. Note \ Ce=0

how the addition of an extra 22 pF reduces the open loop gain. This 22 pF is g e Cc=22pF\\

enough to make the device unity gain stable. It also has a dramatic effect on the & \\

slew rate, as seen in the 5534's spec sheet. Without the 22 pF capacitor, the slew 0 \

rate is 13 V/ps, but with it, the slew rate drops to 6 V/us. The performance that

you give up in order to achieve unity gain stability is obvious here. 40

10 102 103 104 105 106 107
f(Hz)

There is one more interesting item to note about the 5534. A close look at the

Bode gain curve shows a hump in the rolloff region. Some other devices, such as the

318, exhibit this hump too. This is a nice extra. In essence, the manufacturer has

been able to achieve a slightly higher open loop gain than a normal device would

7 It can offer similar advantages though, such as a reduction in distortion. Also,
feedforward and feedback techniques may be combined in order to achieve
complementary increases in performance. For an example, see M.J.Hawksford,
“Reduction of Transistor Slope Impedance Dependent Distortion in Large Signal
Amplifiers” Journal of the Audio Engineering Society, Vol.36 No.4 (1988): 213-222
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allow. This means that your circuits will have higher loop gains, and therefore, the
nice effects of negative feedback will remain active to higher frequencies. This also
means that very high gain circuits will be able to achieve a higher f; than is predicted
by the gain-bandwidth calculation.

5.5 Offsets

Offsets are undesirable DC levels appearing at the output of a circuit. If op amps
were perfect, there would be no such thing as an offset. Even though part matching
is very close when ICs are made, the parts will not be identical. One possible
example is the fact that the transistors used for the differential amplifier stage will
not have identical characteristics. Because of this, their DC bias points are slightly
different. This difference, or unbalance, is amplified by the remaining stages and
will eventually produce a DC voltage at the output. Because all op amps are slightly
different, you never know what the exact output offset will be. For measurement
applications, this offset creates uncertainty in readings. For example, if the circuit
output measures 100 mV, the signal might be 99 mV with 1 mV of offset. It might
also be 101 mV with -1mV offset. In other applications, offsets can harm following
stages or loads. Dynamic loudspeakers and headphones are two loads that should not
be fed DC signals. This will reduce their maximum volume and increase their
distortion. In short, offsets are not desired. Let's see what the causes are and how we
can reduce or eliminate their effect.

Offset Sources and Compensation

For bipolar input sections the major cause of input current mismatch is the variation
of beta. Base-emitter junction voltage variation is the major cause of input voltage
deviation. For field effect devices, current variation is much less of a problem as the
magnitude of input current is very low to begin with. Unfortunately, FETs do suffer
from larger input voltage variations due to transconductance curve mismatches.

As mentioned in Chapter Two, the input current into the bases (or gates, in the case
of an FET) of the first stage is called /;, the input bias current. In reality, this is an
average of the two input currents, /. and /5. The magnitude of their difference is
called the input offset current, Ios (some manufacturers use the symbol /,5). Note that
the actual direction of /5 is normally not specified, but can usually be determined
from the manufacturer's circuit diagram. /; flows into the op amp if the input devices
are NPN, and out of the op amp if the input devices are PNP.

1= IB+2+IB,
Log=1y,—1p | (5.12)
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The voltage difference for the input stage is referred to as the input offset voltage,
Vos (some manufacturers use the symbol V). This is the potential required between
the two inputs to null the output, that is, to re-align the output to 0 V DC. Both /o5
and Vs are available on data sheets. The absolute magnitude of these offsets
generally gets worse at temperature extremes. Table 5.2 shows some typical values.
Note the low /5 and /o5 values for the FET input 411.

Device Iy los Vos
5534 800 nA 10 nA SmV
411 50 pA 25 pA 8 mV
318 150 nA 30 nA 4 mV
741 80 nA 20 nA I mV

Table 5.2

Remember, these numbers are absolutes, so when /o5 is specified as 10 nA, it means
that the actual /o5 can be anywhere between -10 nA and +10 nA. I, Ips and Vs
combine with other circuit elements to produce an output offset voltage. As this is a
linear circuit, superposition may be used to separately calculate their effects. The
model in Figure 5.21 will be used. R; and R are the standard feedback components,
and R, is called the offset compensation resistor (in some cases it may be zero).
Because the input signal is grounded, this model is valid for both inverting and
noninverting amplifiers.

Figure 5.21
Offset model

Vos is seen as a small input voltage and is multiplied by the circuit's noise gain in
order to find its contribution to the output offset. Offsets are by nature DC, so it is
important to use the DC noise gain. Consequently, any capacitors found within the
feedback loop should be mathematically “opened” for this calculation (for example,
when working with the filter circuits presented in Chapter Eleven).

14 (5.13)

out —offset 1 = A noise VOS
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where

I and o5 pass through input and feedback resistors to produce their output
contributions. First, consider the effect of /.. This creates a voltage across R,;. This
voltage is then multiplied by the circuit noise gain to yield its portion of the output
offset.

14 =1, R, A (5.14)

out -offset 2 off “ " noise

For Iy, recall that the inverting input is at virtual ground. This implies that the
voltage across R; must be zero, and therefore, the current through R; must be zero.
Consequently, all of /. flows through R, This creates a relative negative potential at
the output.

v I, R, (5.15)

out - offset 3: —Lp.

So the combination of the input bias current effects is:

Vout-qf/&et(lﬂ):| IB+R Anoise_IB— Rf| (516)

off

Expanding this produces

— i
Vout-q[’/&et(lﬂ)_ IB+ quf R IB»Rf

_ RA+R,
Vout—oﬁi‘et(lg)_ IB+RW’R.7Rf. =1, Rf

By noting the product-sum rule for resistor combination R;, R, this can be further
simplified to

IB+Rgff
Vouz-af/sez(fﬂ):( RI|R, _IB-)Rf (5.17)

If R, 1s set to equal R; || Ry, this reduces to:
Vout—offset(lﬁ): (I B+ IB- ) R_[
By definition,

Los=15.—14]
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so we finally come to

v =I,R, (5.18)

out—offset (1 ;)
If it is possible, R,y should be set to R; || R, This drastically reduces the effect of the
input bias current. Note that the value of R,y includes the driving source internal
resistance. If R; || R= 2 kQ and the driving source resistance is 100 €, the required
resistance value would be 1.9 kQ. If setting R, to the optimum value is not possible,
you can at least reduce the effect of 7 by using a partial value. Also, note that it is
possible to determine the polarity of the offset caused by /. and /5. (Equation 5.17)
if actual currents and the type of device used in the diff amp stage are known. The
circuit of Figure 5.21 assumes that NPN devices are being used, hence the currents
are drawn as entering the op amp. PNP input devices would produce the opposite
polarity. Typically, though, we don't have precise values for /5. and /., and thus can
only compute the worst-case magnitude.

For a final result, we may combine our components:

Vout—off&et: VOS Anoise+ IOS R f (5' 1 9)
ifR(,ﬁr: Ri || Rf, and

Voulfq/f'sel: VOS Anoise+ |IB+ RQ[f Anoise —1 B. Rf| (520)
if Ryy# R || Ry

. . . . . . Figure 5.22
There is one special case involving the selection of R, and that deals with a voltage .
] o ) ‘ Offset compensation for a
follower. Normally for a follower, R,= 0 Q. What if the driving source resistance is follower
perhaps 0 Q? The calculation would require an R,z of 0 Q, and thus a -50 Q resistor
to compensate for the source resistance. This is of course, impossible! To Rs
compensate for the 50 Q source, use 50 Q for R The circuit gain will still be unity, * .
but /5 will now be compensated for. This is shown in Figure 5.22. -
VvV

Example 5.9 = set equal to Rg

Determine the typical output offset voltage for the circuit of Figure 5.23 if
Ryr1s 0 Q. Then determine an optimum size for R,;and calculate the new
offset.

From the data sheet for the 5534, we find Vos= .5 mV, Ips= 10 nA, and
Iz = 800 nA. Because this is an approximation, assume /. = I = Ip.
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R
Apoige=1+ Tf Figure 5.23

10k Circuit for Example 5.9
1k

Rotr
Anoise: 11 +
—o
out - offset = VOS Am)ise+ | IB+ Ruff Anoise_ ]B -Rf | 1 VWV
31 K

A =1+

noise

4

V out-oser=-3MV X 11+|800nA X 0X 11-800n AX10k | 10k
Vout-qfﬁ‘etzs's mV+ 8 mV 5534
4 =13.5mV

out - offset

Remember, this is the magnitude of the offset, it could be anywhere within
+13.5 mV. It might be worse if this is not a typical device. Now we find the
optimum offset compensating resistor:

R,=R|R,
R, =1k|[10k
R .=909Q

off
For this case, the offset equation reduces to

out—ojf&et: VOS Anoise+ IOS Rf

=.5mVX11+10nAX10k

out—offset

=55mV+100uV
=5.6mV

out —offset

NN

out —offset

By adding R, the output offset voltage is more than halved. This may lead
you to think that it is always wise to add R,;. Such is not the case. There are
two times when you may prefer to leave it out: 1) to optimize noise
characteristics, as we will see shortly, and 2) when using FET input op
amps. FET input devices have very small input bias and offset currents to
begin with, so their effect is negligible when using typical resistor values.

Example 5.10

The circuit of Figure 5.24 is used as part of a measurement system.
Assuming that the DC input signal is 3 mV, how much uncertainty is there
in the output voltage typically?
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The desired output from the amplifier is

Vuut:Av Vin
Vout:_?f Vin

20k
Voul=—5—k><3mV
V =—12mV

out™

The typical specs for the 411 are Vos=.8 mV, Ios= 25 pA, Iy =50 pA

Figure 5.24
R, Circuit for Example 5.10
Anot’se: 1 +_f_
R;
20 k
=1+ 20K ANV
noise 5 k 5 k
nuise:5
——o
transducer
— - 411
Vnut-o]ﬁet - VOS Anoise+ | IB+ Roﬁ’ Am)ise_ IB-Rf | — —
V oo =-8TV X 5450 pAX0X 11-50 pAX 20|
Vom_oﬂset:4 mV+1luV
Vout-qff&et :4 mV

The output can vary by as much as +4 mV. As this a DC measurement
system, the results are devastating. The output can be anywhere from -12
mV -4mV=-16mV, to-12mV +4 mV = -8 mV. That's a 2:1 spread, and
it's caused solely by the op amp. Note that the addition of R,; would have
little effect here. Because the 411 uses a FET input, its /5 contribution is
only 1 uV.

So, then, how do you keep output offsets to a minimum? First and foremost, make
sure that the op amp chosen has low /s and Vs ratings. Second, use the offset
compensation resistor, R,z Third, keep the circuit resistances as low as possible.
Finally, if the output offset is still too large, it can be reduced by manually nulling

the circuit. Figure 5.25

A typical nulling connection
Nulling involves summing in a small signal that is of opposite polarity to the
existing offset. By doing this, the new signal will completely cancel the offset and
the output will show 0 V DC. This is much easier than it sounds. Most op amps have
connections for null circuits. These are specified by the manufacturer and usually
consist of a single potentiometer and perhaps one or two resistors. An example
nulling connection is shown in Figure 5.25. Usually the potentiometer is a multi-turn
trim type to allow for fine adjustment. To null the circuit, the technician monitors
the output with a very sensitive DC voltmeter. The input is grounded (or perhaps
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tied to ground through a resistor equal to the driving source resistance if it's large).
The potentiometer is then adjusted until the meter reads zero.

The drawback to this procedure is that it requires someone (or perhaps some thing)
to perform the nulling. Also, the unit will require periodic adjustment to compensate
for aging and environmental effects.

Computer Simulation

As stated, it is very important to match the input resistors in order to keep offsets
low. This can be seen clearly in the simulation shown in Figure 5.26. A noninverting
voltage amplifier is modeled here using the 741. In order to focus on the offset
current effect, the contribution of Vs is kept small by keeping the voltage gain low.
The simulation is run twice for DC Operating Point. In the case where the
resistances are matched, the DC output voltage is less than 1 mV. For the unmatched
case, R,y1s set to a fraction of an Ohm. The resulting DC output voltage is much
larger at approximately 17 mV. It is worthy to note that this is approximately equal
to Jyias times R, (80 nA times 200 kQ). This simulation also points out the poor
performance caused by excessively large resistor values. If the simulation is re-run
with the resistors scaled down in size, the offsets will be lessened.

ESHE Py Ty s Ve e T T el
ol=lal cleje] slv] alal b a]=se [ e]o] Fos = ‘ B 5 ‘ Figure 5.26a
= [ Multisim schematic for offset
Y simulation
5 =
%] I
el - .
| ’—T“ﬁ e
@ 2ok oneg A B -
ﬁ ——r ee =
© il 1
2
9 j P
| | ol
_ [Ready [Tran: 01215 [Temp: 27 [ Z
7~ Analysis Graphs _IDIﬂ
File Edit “iew Help F' 5 26b
= . ; igure 5.
EEERBEEEEEERE ] . .
Results with offset resistor
p DC operating point #1 | DC operating point #2 |
Output Voltage Using RofTset
DC Operating Point I I
10 7901283 1u
4
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% Analysis Graphs -0 x|
File Edit “iew Help

e EEEEEEREEEE ]
b DC operating point #1 DC operating point #2 |
Output Voltage Without Roftset

DC QOperating Point | |
10 16.93488m

5.6 Drift

Drift is a variation in the output offset voltage. Often, it is temperature induced.
Even if a circuit has been manually nulled, an output offset can be produced if the
temperature changes. This is because Vs and Ios are temperature sensitive. The only
way around this is to keep the circuit in a constant temperature environment. This
can be very costly. If the drift can be kept within an acceptable range, the added cost
of cooling and heating equipment may be removed. As you might expect, the
magnitude of the drift depends on the size of the temperature change. It also depends
on the Ips and Vs sensitivities. These items are AVyg/AT, the change in Vs with
respect to temperature, and Alos/AT, the change in Ios with respect to temperature.
Drift rates are specified in terms of change per centigrade degree. These parameters
are usually specified as worst-case values and can produce either a positive or
negative potential.

The development of the drift equation pretty much follows that of the equation for
offsets. The only difference is that offset parameters are replaced by their
temperature coefficients and the temperature change. The products of the
coefficients and the change in temperature produce an input offset voltage and
current.

14 —AVOSATA +A10SATR (5.21)
drift — AT noise AT f .

As with the offset calculation, the drift result may be either positive or negative.
Also, because /s is so small for FET input devices, Alos/AT is often not listed, as it
is almost always small enough to ignore. For lowest drift, it is assumed that the op
amp uses the offset compensation resistor R,z and that the circuit has been nulled.
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Example 5.11

Determine the output drift for the circuit of Figure 5.23 for a target
temperature of 80°C. Assume that R,;= 909 Q and that the circuit has been
nulled at 25°C.

The parameters for the 5534 are AVos/AT =5 uV/C®, Alps/ AT =200 pA/C°.

The noise gain was already determined to be 11 in Example 5.9. The total
temperature change is from 25°C to 80°C, or 55C°.

AVOS AIOS
Vd”ﬁ: AT ATAm)ise+ AT ATRf

Vain=5uV/C*X55C°X 114200 pA/C°X55C°X 10k
Vaipr=3.025mV +.11mV
Vain=3.135mV

Note that for this circuit the Vs drift is the major source of error. At 80°C,
the output of the circuit may have up to +3.135 mV of DC error.

As with offsets, drift is partially a function of the circuit gain. Therefore high gain
circuits often appear to have excessive drift. In order to compare different
amplifiers, input referred drift is often used. To find input referred drift, just divide
the output drift by the signal gain of the amplifier. Don't use the noise gain! In this
way, both inverting and noninverting amplifiers can be compared on an equal
footing. For the circuit just examined, the input referred drift is

Vdri i

Vdriﬁ‘ (input) = TL
_3.135mV
drift (input) — T

Vdf!'ft (input) = 285uV

For many applications, particularly those primarily concerned with AC performance,
drift specification is not very important. A communications amplifier, for example,
might use an output coupling capacitor to block any drift or offset from reaching the
output if it had to. Drift is usually important for applications involving DC or very
low frequencies where coupling capacitors are not practical.
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5.7 CMRR and PSRR

CMRR stands for Common Mode Rejection Ratio. It is a measure of how well the
two halves of the input differential amplifier stage are matched. A common-mode
signal is a signal that is present on both inputs of the diff amp. Ideally, a differential
amplifier completely suppresses or rejects common-mode signals. Common-mode
signals should not appear at the circuit output. Due to the non-perfect matching of
transistors, some portion of the common-mode signal will make it to the output.
Exactly how much this signal is reduced relative to desired signals is measured by
the CMRR.

Ideally, CMRR is infinite. A typical value for CMRR would be 100 dB. In other
words, if an op amp had both desired (i.e., differential) and common-mode signals at
its input that were the same size, the common-mode signal would be 100 dB smaller
than the desired signal at the output.

CMRR is particularly important when using the op amp in differential mode
(Chapter Four) or when making an instrumentation amplifier (Chapter Six). There
are two broad uses for these circuits. First, the amplifier may be receiving a low
level, balanced signal over a considerable distance.® Good examples of this are a
microphone cable in a recording studio and an instrumentation cable on a factory
floor. Interference signals tend to be induced into the cable in-phase (i.e., common-
mode). Because the desired signal is presented out-of-phase (i.e., differential), a high
CMRR will effectively remove the interference signal. Second, the op amp may be
used as part of a bridge-type measurement system. Here, the desired signal is seen as
a small variation between two DC potentials. The op amp must amplify the
difference signal, but suppress the DC outputs of the bridge circuit.

Example 5.12

An amplifier has a closed loop voltage gain of 20 dB and a CMRR of 90 dB.
If a common-mode signal is applied to the input at -60 dBV, what is the
output?

If the input signal were differential instead of common-mode, the output

would be:
Vout '= Av I+ Vin '
V,.'=20dB+(—60dBV)
V,.'=—40dBV

8 A balanced system uses two signal-carrying conductors and a shield (ground). The two
signals are the reference, or in-phase signal, and the inverted, or out-of-phase signal.
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Because this is a common-mode signal, it is reduced by the CMRR

out

v,,'=—40dBV—90dB
V,,'=—130dBV

This signal is so small that it is probably overshadowed by the circuit noise.

One final note concerning CMRR s that it is specified for DC. In truth, CMRR is
frequency dependent. The shape of its curve is reminiscent of the open loop gain
curve. The stated CMRR may remain at its DC level up to perhaps 100 or 1000 Hz,
and then fall off as frequency increases. For example, the 741 data sheet found in the
Appendix states a typical CMRR of 90 dB. By looking at the CMRR graph, though,
you can see that it starts to roll off noticeably around 1 kHz. By the time it hits 1
MHz, only 20 dB of rejection remains. A more gentle rolloff is exhibited by the 411.
At 1 MHz, almost 60 dB of rejection remains. What this means is that the op amp
cannot suppress high frequency interference signals as well as it suppresses low
frequency interference.

Similar to CMRR is PSRR, or Power Supply Rejection Ratio. Ideally, all ripple,
hum, and noise from the power supply will be prevented from reaching the output of
the op amp. PSRR is a measure of exactly how well the op amp reaches this ideal.
Typical values for PSRR are in the 100 dB range. Like CMRR, PSRR is frequency-
dependent and shows a rolloff as frequency increases. If an op amp is powered by a
60 Hz source, the ripple frequency from a standard full-wave rectifier will be 120
Hz. At the output, this ripple will be reduced by the PSRR. Higher frequency noise
components on the power supply line are not reduced as much because PSRR rolls
off. Normally, PSRR is consistent between power rails. Sometimes, there is a
marked performance difference between the positive and negative PSRR. One good
example of this is the 411. The positive rail exhibits about a 30 dB improvement
over the negative rail. Note that PSRR is only a few decibels for the negative rail by
the time it reaches 1 MHz.

Example 5.13

An op amp is operated off a power supply that has a peak to peak ripple
voltage of .5 V. If the op amp's PSRR is 86 dB, how much of this ripple is
seen at the circuit output?
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First, determine the PSRR as an ordinary value.

PSRR=1log}, 1382%

_,86dB
PSRR=log|, ——
S. 0819 20

PSRR=20,000

Divide the ripple voltage by the PSRR to find the amount that is seen at the

output.
v ) — Vrigg/e
out -ripple PSRR
y _5Vpp
out -ripple 20’000
Vout -ripple =25 u Vpp

5.8 Noise

Generally speaking, noise refers to undesired output signals. The background hiss
found on audio tape is a good example of noise. If noise levels get too high, the
desired signals are lost. We will narrow our definition down a bit by only
considering noise signals that are created by the op amp circuit. Noise comes from a
variety of places. First of all, all resistors have thermal, or Johnson noise. This is due
to the random effects that thermal energy produces on the electrons. Thermal noise
is also called white noise, because it is equally distributed across the frequency
spectrum. Semiconductors exhibit other forms of noise. Shot noise is caused by the
fact the charges move as discrete particles (electrons). It is also white. Popcorn
noise is dominant at lower frequencies and is caused by manufacturing
imperfections. Finally, flicker noise has a 1/f spectral density. This means that it
increases as the frequency drops. It is sometimes referred to as //f noise.

Any op amp circuit exhibits noise from all of these sources. Because we are not
designing the op amps, we don't really need to distinguish the exact sources of the
noise, rather, we'd just like to find out how much total noise arrives at the output.
This will allow us to determine the signal-to-noise ratio (S/N) of the circuit, or how
quiet the amplifier is.

If noise performance for a particular design is not paramount, it can be quickly
estimated from manufacturer's data sheets. Some manufacturers will specify RMS
noise voltages for specified signal bandwidths and source impedances. A typical plot
is found in Figure 5.27. To use this, simply find the source impedance of your circuit
on the horizontal axis, and by using the appropriate signal bandwidth curve, find the
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noise voltage on the vertical axis. This noise voltage is input-referred. In order to
find the output noise voltage, multiply this number by the noise gain of the circuit.
The result will not be exact, but it will put you in the ballpark.

A

En Figure 5.27

Noise voltage for given
bandwidth versus source

10 Hz to 20 kHz

resistance

ThV H 200 Hz to 4 kHz

AV 4+

| | »
>

10° 10° 10* Rs

A more exact approach involves the use of two op amp parameters, input noise
voltage density, v,,4, and input noise current density, i,,. Nanovolts per root Hertz
are used to specify v;,.. Picoamps per root Hertz are used to specify i;.. Refer to the
5534 data sheet for example specifications. (Some manufacturer's square these
values and give units of volts squared per Hertz and amps squared per Hertz. To
translate to the more common form, just take the square root of the values given.
The data sheet for the 741 is typical of this form). These two parameters take into
account noise from all internal sources. As a result, these parameters are frequency-
dependent. Due to the flicker noise component, the curves tend to be rather flat at
higher frequencies and then suddenly start to increase at lower frequencies. The
point at which the graphs start to rise is called the noise corner frequency. Generally,
the lower this frequency, the better.

In order to find the output noise we will combine the noise from three sources:

1. Vind
2 . l ind

3. The thermal noise of the input and feedback resistors

Before we start, there are a few points to note. First, the strength of the noise is
dependent on the noise bandwidth of the circuit. For general-purpose circuits with
20 dB/decade rolloffs, the noise-bandwidth, BW s, is 1.57 times larger than the
small-signal bandwidth. It is larger because some noise still exists in the rolloff
region. The noise-bandwidth would only equal the small-signal bandwidth if the
rolloff rate were infinitely fast. Second, because the noise-bandwidth factor is
common to all three sources, instead of calculating its effect three times, we will
combine the partial results of the three sources first, and then apply the noise-
bandwidth effect. This will make the calculation faster, as we have effectively
factored out BW,... Each of the three sources will be noise voltage densities, all
having units of volts per root Hertz. Because v, is already in this form, we only
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need to calculate the thermal and i;,, effects before doing the summation. Finally,
because noise signals are random, they do not add coherently. In order to find the
effective sum we must perform an RMS summation, that is, a square root of the sum
of the squares. This will result in the input noise voltage. To find the output noise
voltage we will then multiply by 4.

The first thing that must be done is to determine the input noise resistance. Ryoise 1S

the combination of the resistance seen from the inverting input to ground and from Figure 5.28
the noninverting input to ground. To do this, short the voltage source and ground the ~ Equivalent noise analysis

output. You will end up with circuit like Figure 5.28. Note that R; and R, are circuit
effectively in parallel. Therefore,

R

noise

RS
_[wmr—+
=R+R|R, (5.22) =

1

You might note that R, is in the same position as R, for the offset calculations. For

to find the thermal noise and the contribution of i;,,. As always, Ohm's Law still
applies, so as you might expect, i;,s Ruoise produces a noise voltage density with our
desired units of volts per root Hertz. The only source left is the thermal noise.

absolute minimum noise, the offset compensating resistor is not used. R, is used iR

The general equation for thermal noise is:

e,=V4KTBW,, R (5.23)

noise ” " noise

Where

ey 1S the thermal noise.

K is Boltzmann's constant, 1.38-10* Joules/Kelvin degree.
T is the temperature in Kelvin degrees (Celsius + 273).
BW,ise 18 the effective noise bandwidth.

Ruoise 18 the equivalent noise resistance.

Because we are interested in finding the noise density, we can pull out the BW s
factor. Also, when we perform the RMS summation, this quantity will need to be
squared. Instead of taking the square root and then squaring it again, we can just
leave it as e,”. These two considerations leave us with the mean squared thermal
noise voltage density, or

etzh: 4 K TRnoiSe (524)
Now that we have the components, we may perform the summation.
_ \/ 2 . 2. 2
€otal — vind+(lind><Rnoise) +eth (525)

The total input noise voltage density is ey. Its units are in volts per root Hertz. At
this point we may now include the noise bandwidth effect. In order to find BW,ise,
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multiply the small-signal bandwidth by 1.57. If the amplifier is DC coupled, the
small-signal bandwidth is equal to f5, otherwise it is equal to /> - f;. For most
applications setting the bandwidth to f; is sufficient.

BW _=157f, (5.26)

For the final step, e.w is multiplied by the square root of BW,.. Note that the units
for e are volts per root Hertz. Consequently, we need a root Hertz bandwidth. We
are performing a mathematical shortcut here. You could square e in order to get
units of volts squared per Hertz, multiply by BW,i., and then take the square root of
the result to get back to units of volts, but the first way is quicker. Anyway, we end
up with the input referred RMS noise voltage.

e,.=e,.,\ BW (5.27)

total noise

Example 5.14

Determine the output noise voltage for the circuit of Figure 5.29. For a
nominal output of 1 V RMS, what is the signal-to-noise ratio? Assume T =
300° K (room temperature).

The 5534 shows the following specs, vi,g = 4 nV/NHz, i,,s = .6 pA/NHz.
These values do rise at lower frequencies, but we will ignore this effect for
now. Also, fuiy is 10 MHz.

Rf
A,=1+ 53 Figure 5.29
! Circuit for Example 5.14
A =1 +%
Y 1k 22 pF
A,=100
A,'=40dB
100
For the noninverting amplifier, 4, = 4ise, SO * .
4,..,.=100=40 dB
AVAVAY,
Rnoise:RS+ R/HRI B 1k 9k
Rnoise: 100 + 99k || 1 k i 5534
Rnnise: 1090 Q pr—
etzh: 4 K TRm)ise

el =4X1.38x107x300X 1090
e;,=1.805x10"""Volts squared per Hertz
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€iotal :\/V?nd'i-( Lina Rnoi:e)2+ et2h

e, = (4nV/Viz)+(-6 pA/VHz X 1090 Q) *+1.805X 10 " V* /Hz
e, =V1.6X10"7+4.277x 10 °+1.805x10~"

e =5.87nV/VHz

total

Note that the major noise contributors are v;,; and e,;,. Now to find B Wiise.

f
— unity
f2 Anoise
_10MHz
/2= 00
f,=100kHz

BWm)ise:fZ 157

BW,, =100kHzx1.57
BW,, =157kHz
en = etutal \/B Wnuise

e,=5.87nV/VHz v157kHz
e,=2.33uV RMS

To find the output noise, multiply by the noise gain.

en —out™ en Anoise

e, . =233uVx100
e, ., =233uV RMS

n—out

For a nominal output signal of 1 V RMS, the signal-to-noise ratio is

_ Signal
"~ Noise
1V
SIN =
233uV
S/N =4290

SIN

Normally S/N is given in dB

SIN '=20log,,S/N
S/N '=20log,,4290
SIN '=72.6dB

As was noted earlier, the noise curves increase at lower frequencies. How do you
take care of this effect? First of all, when using a wide-band design with a noise
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corner frequency that is relatively low (as in Example 5.14), it can be safely ignored.
If the low frequency portion takes up a sizable chunk of the signal frequency range,
it is possible to split the calculation into two or more segments. One segment would
be for the constant part of the curves. Other segments can be made for the lower
frequency portions. In these regions, an averaged value would be used for v;,; and
imq. This is a rather advanced treatment, and we will not pursue it here.

Finally, it is common to use the parameter input referred noise voltage. Input
referred noise voltage is the output noise voltage divided by the circuit signal gain.

en-out
€in- rc{f’: A (528)

This value is the same as e, for noninverting amplifiers, but varies a bit for inverting
amplifiers because A, does not equal 4, for inverting amplifiers.

Summary

In this chapter we have taken a closer look at op amp characteristics. First of all, we
find that the upper frequency limit is a function of the op amp parameter f;pi,, also
known as the gain-bandwidth product, and the circuit's noise gain. The higher the
gain is, the lower the upper break frequency will be. Op amps are capable of flat
response down to DC. If coupling capacitors are used, the lower break frequency
may be found by using standard lead network analysis. When stages are cascaded,
the results echo those of cascaded discrete stages. The lowest f> is dominant and
becomes the system f>. The highest f; is dominant and sets the system f;. If more than
one stage exhibits the dominant critical frequency, the actual critical frequency will
be somewhat lower for f; and somewhat higher for £;.

In order to make the op amp unconditionally stable, a compensation capacitor is
used to tailor the open loop frequency response. Besides setting fuu, this capacitor
also sets the slew rate. Slew rate is the maximum rate of change of output voltage
with respect to time. Slewing slows down the edges of pulse signals and distorts
sinusoidal signals. The highest frequency that an amplifier can produce without
slewing is called the power bandwidth. In order to optimize f..1, and slew rate, some
amplifiers are available without the compensation capacitor. The designer then adds
just enough capacitance to make the design stable.

Due to slight imperfections between the input transistors, op amps may produce
small DC output voltages called offsets. Offsets may be reduced through proper
resistor selection. Simple nulling circuits may be used to completely remove the
offset. A variable offset due to temperature variation is called drift. The larger the
temperature variation, the larger the drift will be. The transistor mismatch also
means that common-mode signals will not be completely suppressed. Just how well
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common mode signals are suppressed is measured by the common-mode rejection
ratio, CMRR. Similar to CMRR is PSRR, the power-supply rejection ratio. PSRR
measures how well power-supply noise and ripple are suppressed by the op amp.
Both PSRR and CMRR are frequency-dependent. Their maximum values are found
at DC and then they decrease as frequency increases.

Finally, noise is characterized as an undesired random output signal. The noise in op
amp circuits may be characterized by three components: the thermal noise of the
input and feedback resistors, the op amp's input noise voltage density, v;.4, and its
input noise current density, i;,s. The combination of these elements requires an RMS
summation. In order to find the output noise voltage, the input noise voltage is
multiplied by the circuit's noise gain. The ratio of the desired output signal and the
noise voltage is called, appropriately enough, the signal-to-noise ratio. Normally,
signal-to-noise ratio is specified in decibels.

Review Questions

Define gain-bandwidth product. What is its use?
How do you determine f; and f; for a multi-stage circuit?
What happens if two or more stages share the same break frequency?
What is slew rate?
How is power bandwidth determined?
How do power bandwidth and small-signal bandwidth differ?
What are the advantages and disadvantages of noncompensated op amps?
What are decompensated op amps?
What causes DC offset voltage?
. What causes DC drift voltage?
. What is CMRR?
. What is PSRR?
. What parameters describe an op amps noise performance?
. What is S/N?

VXN kW=

—_
—_ O

—_— = =
AW DN

Problems

Analysis Problems

1. Determine f; for the circuit in Figure 5.3 ifa 411 op amp is used.

2. Determine f; for the circuit of Figure 5.5 if a 318 op amp is used.
Note: fuiy = 15 MHz for a 318.

3. What is the minimum acceptable f,., for the op amp in Figure 5.3 if the
desired f; is 250 kHz?

4. What is the minimum acceptable f..i, for the op amp in Figure 5.5 if the
desired f; is 20 kHz?
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10.
11.

12.
13.

14.

15.

16.

17.

18.

19.

20.

21.

Determine the power bandwidth for Problem 5.1. Assume V, =10 V.
Determine the power bandwidth for Problem 5.3. Assume V,=12 V.

What is the minimum acceptable slew rate for the circuit of Figure 5.3 if the
desired power bandwidth is 20 kHz with a V, of 10 V?

What is the minimum acceptable slew rate for the circuit of Figure 5.5 if the
desired power bandwidth is 40 kHz with a V, of 5 V?

A circuit has the following specifications: =15 V power supply, voltage gain
equals 26 dB, desired power bandwidth equals 80 kHz at clipping.
Determine the minimum acceptable slew rate for the op amp.

Determine the system f> in Figure 5.6 if all three devices are 318s.

Determine the system slew rate for Figure 5.7. The first device is a 741 and
the second unitis a 411.

Find the output offset voltage for Figure 5.3.

If R, = R,=100 Q in Figure 5.22, find the output offset voltage using a 318
op amp.

Assume that the circuit of Figure 5.23 is nulled at 25°C and that an optimum

value for R, is used. Determine the drift at 75°C.

Assuming that the 120 Hz power supply ripple in Figure 5.30 is 50 mV, how
large is its contribution to the output?

20 k
044% Figure 5.30

AAAY -

+

741
— Roff

Utilizing a 5534 op amp, what is the approximate input noise voltage for a
source resistance of 1 kQ and a bandwidth from 10 Hz to 20 kHz?

Assuming that the op amp of Problem 5.16 is connected like Figure 5.30,
what is the approximate output noise voltage? What is the approximate input
referred noise voltage?

Assume that R, =0 Q, R, =500 Q, and R,= 10 kQ in Figure 5.28. Find the
input noise voltage if the op amp is a 411.

For a nominal output voltage of 2 V RMS, determine the signal-to-noise
ratio for Problem 5.18.

Assume that the input to Figure 5.22 is a 5 V peak 50 kHz square wave.
Draw the output waveform if a 741 is used.

Repeat Problem 5.20 using a 10 V peak, 100 kHz sine wave.



Design Problems

22.

23.

24.

25.

26.

27.

28.

29.

Determine an optimum value for R,;in Figure 5.3 and determine the
resulting offset voltage.

Determine the optimum value for R,;in Figure 5.30. Assuming that the
circuit has been nulled at 25°C, find the drift at 60°C.

Determine a new value for the 100 k< resistor in Figure 5.8 in order to
minimize the output offset.

Using the optimum resistor found in Problem 5.24, determine a new value
for the input capacitor that will maintain the original f;.

Design a circuit with a gain of 32 dB and an f of at least 100 kHz. You may
use any of the following: 741, 411, 318.

Design a circuit with a gain of 50 and an f,,, of at least 50 kHz, given a
maximum output swing of 10 V peak. You may use any of the following:
741,411, 318.

Design a circuit with a gain of 12 dB, a small-signal bandwidth of at least
100 kHz, and an f,,, of at least 100 kHz for a peak output swing of 12 V.

Utilizing two or more stages, design a circuit with a gain of 150 and a small-
signal bandwidth of at least 600 kHz.

Challenge Problems
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30.
31.

32.

33.

34.

Determine the system f; in Figure 5.18.

Determine the input noise voltage for the circuit of Figure 5.30. Assume
R;=950 Q.

Determine the output noise voltage and the input-referred noise voltage for
Problem 5.31.

Assuming that driving source resistance in Figure 5.7 is 0 Q, how much
offset voltage is produced at the output of the circuit? Assume that both
devices are 411's.

Assume that you have one each of: 411, 741, 318. Determine the
combination that will yield the highest system slew rate in Figure 5.31.

15k
3k

10k
500

Figure 5.31




35
36

37

. Repeat Problem 5.34 in order to produce the highest system f.

. Assuming that the driving source resistance is 0 Q in Figure 5.7. Determine
the output noise voltage if both devices are 411's.

. Derive Equation 5.9 from the text.

Computer Simulation Problems
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38

39.

40.

41.

42.

43.

. Use a simulator to create a Bode plot for Problem 5.10. If a macro model for
the LM318 is not available, use the 741 instead.

Create a time domain representation of the output voltage of Problem 5.20
using a simulator.

Create a time domain representation of the output voltage of Problem 5.21
using a simulator. Repeat the simulation using an LM318 op amp in place of
the 741. What do the results indicate?

Simulate the circuit designed in Problem 5.26. Verify f; and 4, through a
Bode plot.

Generate a Bode plot using a simulator and verify /> and 4, for the circuit
designed in Problem 5.29.

Generate a Bode plot using a simulator and verify f; for the circuit designed
in Problem 5.35.



6 Specialized Op Amps

Chapter Learning Objectives

After completing this chapter, you should be able to:

* Analyze instrumentation amplifiers.

* Discuss the advantages of using instrumentation amplifiers versus simple op amp differential amplifiers.

* Analyze and detail the advantages of programmable op amps and give possible applications.

* Detail the advantages of high-speed and high-power op amps and give possible applications.

*  Describe an OTA, noting how it differs from a programmable op amp, and give possible applications.

*  Describe the operation of a Norton amplifier, compare how it is used relative to ordinary op amps, and
analyze circuitry that makes use of Norton amplifiers.

* Describe the operation of current feedback op amps, and explain what their primary advantages are.

*  Describe the need and usage of application-specific integrated circuits.

6.1 Introduction

So far, you have seen how to analyze and design op amp circuits for a variety of general-purpose applications.
There are many applications in which the ease of op amp circuit design would be welcome, but in which the
average op amp's performance is not suitable. Over the years, manufacturers have extended the performance of
op amps outside of their original low-power, low-frequency realm. A variety of special-purpose op amps and op
amp derivatives now exist for the designer's convenience. This chapter takes a look at a number of the areas
where specialized op amps may now be used.

Perhaps the two most noticeable areas of extended device performance are in power handling and speed. At one
time, op amps were considered to be suitable for use below 1 MHz. Today it is possible to find high-speed
devices designed for applications such as video where bandwidths are measured in the tens of MHz. In the area
of power, the general-purpose op amp typically operates from a =15 V supply and can produce output currents
in the neighborhood of 25 milliamps. New devices can produce output currents measured in amperes, while
other devices can produce signals in the hundreds of volts. This makes it possible to directly connect low-
impedance loads to the op amp, which is a very useful commodity.

There are a variety of other useful variations on the basic op amp theme. These include devices optimized for
single-supply operation, dedicated voltage followers, devices that allow you to trade off speed for power
consumption, and application-specific items like low-noise audio pre-amplifiers and voltage-controlled
amplifiers. This chapter will introduce a selection of these devices and take a look at a few of their applications.
Although these devices may not find as wide an appeal, as say, a 411 or 741, they allow you to extend your
designs without “reinventing the wheel” each time.
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6.2 Instrumentation Amplifiers

There are numerous applications where a differential signal needs to be amplified.
These include low-level bridge measurements, balanced microphone lines,
communications equipment, thermocouple amplifiers, and the like. The immediate
answer to these applications is the differential op amp configuration noted in
Chapter Four. There are limitations to this form unfortunately. For starters, it is
practically impossible to achieve matched high impedance inputs while maintaining
high gain and satisfactory offset and noise performance. For that matter, the input
impedances are not isolated; indeed, the impedance of one input may very well be a
function of the signal present on the other input. Simply put, this is an unacceptable
situation when a precision amplifier is needed, particularly if the source impedance
is not very low.

An instrumentation amplifier overcomes these problems. Instrumentation amplifiers
offer very high impedance, isolated inputs along with high gain, and excellent
CMRR performance. Some people like to think of instrumentation amplifiers as a
form of “souped up” differential amplifier. Instrumentation amplifiers can be
fashioned from separate op amps. They are also available on a single IC for highest
performance.

Rf Rt

o - e L. Basic differential amplifier
’ = | 7 (left) and with buffers (right)

T N Figure 6.1
> AAAS > OA3
>

+
% R —7 OA2 % Ry

[~ |

Instrumentation amplifiers are, in essence, a three-amplifier design. To understand
how they work, it is best to start with a differential amplifier based on a single op
amp, as seen in Figure 6.1a. One way to increase the input impedances and also
maintain input isolation, is to place a voltage follower in front of each input. This is
shown in Figure 6.1b. The source now drives the very high input impedance
followers. The followers exhibit very low output impedance and have no trouble
driving the differential stage. In this circuit, op amp 3 is used for common-mode
rejection as well as for voltage gain. Note that the gain-bandwidth requirement for
op amp 3 is considerably higher than for the input followers. An enhancement to this
circuit is shown in Figure 6.2. Here, op amps 1 and 2 are used for signal gain along
with their previous duty of input buffering. The major problem with this
configuration is that it requires very close matching of resistors in order to keep the
gains the same. Any mismatch in gain between the two inputs will result in a
degradation of CMRR. For optimum common-mode rejection, the undesired signal
must be identical at the inputs to op amp 3. For high CMRR systems, resistor
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matching may need to be better than .01%. This is an expensive requirement if
discrete resistors are used. Another way around this would be to allow some
adjustment of the gain to compensate for gain mismatches, perhaps by using a
resistor/potentiometer combination in place of R/ for op amp 3. For reasons of cost
and time, adjustments are frowned upon.

Figure 6.2
Basic instrumentation amplifier

i

Fortunately, there is a very slight modification to Figure 6.2 that will remove the
problem of mismatched gains. This modification involves joining the R; values of op
amps 1 and 2 into a single resistor. This is shown in Figure 6.3. In order to prevent
possible confusion with op amp 3, the three resistors used for the input section have
been labeled as R;, R,, and R;. In order to analyze this circuit, we will use the
approximation techniques examined earlier.

Rf
v — 5 Vy R; VWV Figure 6.3
n- +—\VVV - Improved instrumentation
_ — amplifier
R+ ' +
X
Rt
SRy |4
Y
Vin+
—
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First of all, from preceding work we already know the gain equation for the
differential section

=

14 L(y,—v,) (6.1

out = Ri

Our goal, then, is to find equations for ¥, and V,. Let's examine op amp

1 for V,. First, due to the approximation that the error voltage of the op amps is zero,
the inverting and noninverting inputs of each op amp are the same. We can therefore
say that V. must equal V;,, and that ¥, must equal V..

V=V (6.2)
(6.3)

The output voltage V, must equal V, plus the drop across R;.
V.=V +V,, (6.4)

The “positive” potential of Vy, is arbitrary. We are assuming that the current is
flowing down through R,. If the actual numbers work out opposite, Vx; will come up
negative. The voltage drop V; is found by Ohm's Law:

V=R g, (6.5)
To expand,

I, =1,+1

opamp 1
Lopamp 1 18 approximately 0, therefore,

V=R 1

RI— ™M R2

The current through R; is set by its value and the drop across it.

1R2: X Y (66)

(6.7)
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Substituting 6.2 and 6.3 into 6.7 yields

R
Va:Vin-(1+_ _Vin+_ (68)

A close look at Equation 6.8 reveals that it is made up of two terms. The first term is
V.- times the noninverting gain of op amp 1, as you may have expected. The second
term is Vj,+ times the inverting gain of op amp 1. This output potential is important
to note. Even though it may not appear as though op amp 1 will clip a given signal,
it might if the input to the second op amp is large enough and of the proper polarity.

By a similar derivation, the equation for V is found

Ly & (6.9)

in-
2 R2

R,
Vb: Vin+ 1+_
R

For gain matching, R; is set equal to R;. R, can then be used to control the gain of the
input pair, in tandem.

Finally, substituting 6.8 and 6.9 into 6.1 yields,

R R R R R
Vourm =L | Vine | 1455 |~V oot | Vi | 1455 |-V 0w 54 || (610
out R ( mn ( Rz) n- RZ) ( zn—( R2 [ﬂ+ Ie2 ( )

1

Combining terms produces

R, R R
Vout:}L(( Vin+_Vin—)(1+Fl)+(Vin+_ Vin-)_l)

R,
1+2-1 6.11)

R
Vout:(Vin+_ Vin—) R
2

-f
R;

The first term is the differential input voltage. The second term is the gain produced
by op amp 3, and the third term is the gain produced by op amps 1 and 2. Note that
the system common-mode rejection is no longer solely dependent on op amp 3. A
fair amount of common-mode rejection is produced by the first section, as evidenced
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by equations 6.8 and 6.9. Because the inverting and noninverting gains are almost

the same for very high values, high input gains tend to optimize the system CMRR.
The remaining common-mode signals can then be dealt with by op amp 3.

Example 6.1
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The instrumentation amplifier of Figure 6.4 is used to amplify the output of
a balanced microphone. The output of the microphone is 6 mV peak (12 m

differential), and a common-mode hum signal is induced into the lines at 10
mV peak (0 mV differential). If the system has a CMRR of 100 dB, what is

the output signal?

cable

twisted pair

Figure 6.4
Instrumentation amplifer for
Example 6.1

50 k

10k

First, let's check the outputs of the first section to make sure that no clipping
is occurring. We will use superposition and consider the desired signal and

hum signal separately.

R, R,
Va: Vin- 1+R_ - Vin+_

2 R2
_ 20k 20k
V.= 6mV(1+4OO) 6mV4OO
V,=—306mV—-300mV

V, =—606mV

Performing the same calculation on the hum signal produces a contribution

of

20k 20k
V,=10mV|1+——|-10mV-——
,=10m ( +400) Om 200

V,=10mV

VvV




For worst case, these two components' magnitudes add, yielding 616 mV,
which is far below clipping. The same results are produced for V,, except
that the desired signal is positive.

Now for the output voltage. The second section has a gain of

R,
A,=—r
v R[
_50k

" 10k

A4,=5

The desired differential input signal is V- V,, so

Vout: Av( Vb_ Va)
v, .=5(606mV—(—606mV))
V,,=6.06V

This result may also be produced in one step by using Equation 6.11

R R
Vout:(Vin+_ th—)?f(l-*-zfl)

2

B 50k 20k
L=12mV 1Ok(1+2 400)

vV, =606V

V

Note that the total gain is 505. Because this amplifier is not perfect, some
common-mode signal gets through. It is suppressed by 100 dB over a
desired signal. 100 dB translates to a factor of 10° in voltage gain. To find
the hum signal at the output, multiply the hum by the ordinary signal gain,
and then divide it by the CMRR

thm: out (cm)
_ Av
Vout(cm)_ Vin(cm) CMRR
505
V ot em)= 10mVF
V it (em)=50.5uV

Notice how the hum signal started out just as large as the desired signal, but
is now many times smaller. The very high CMRR of the instrumentation
amplifier is what makes this possible.
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Computer Simulation

In Figure 6.5, Multisim is used to simulate the amplifier of Example 6.1. The simple
3-terminal op amp model is used here. In order to clearly see the common-mode
rejection, the desired differential input signal is set to a 1 mV sine wave, and the
common-mode signal is set to 1 V DC. The initial bias solution shows that op amps
1 and 2 amplify both the AC and DC portions of the input, while common-mode
rejection is left up to op amp 3. This is evidenced by the fact that the input nodes of
the final op amp both see the same DC potential. At the output, the sine wave has
been amplified by approximately 500 as expected. There is no DC offset at the
output, indicating rejection of the common-mode DC signal.

% multiSIM - [c6_instamp.msm] =0 5‘
B Fie Edt Yiew Simuate Transter Tools ‘Window Help = = |
S T | SN i e e Y o o= | S | =R Figure 6.5a
= = Instrumentation amplifier in
x> | R
) Multisim
I 4 u1 S0kOhm
g 10kOhm 27z
Z%ﬁ - - - 3 23
:'E'ﬁ A1DEAL_OFAMP
H§D 22
—
M
2| -
o &0k Ohm
=1
FReady [Tran 0421 = [Temp: 27 [ 7
% Analysis Graphs _ Ol x|
File Edit View Help Figure 6.5b
I [ e T S R i R DC voltages for
. . instrumentation amplifier
p DC operating point |Transient Analysis' plifi
Node Voltages
DC COperating Foint | I
21 1.00000
28 833.33250m
26 999,99902n
27 533.33250m
29 -41,47733n
23 999,99902m
z5 9599, 99900m
24 9599, 99900m
22 1.00000
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Having seen how useful instrumentation amplifiers are, it should come as no
surprise to find that manufacturers have produced these devices on a single IC. One
such device is the LT1167 from Linear Technology. This amplifier is suited for a
variety of applications including bridge amplifiers and differential to single-ended
converters. It is very similar in layout to Figure 6.3, using 24.7 kQ resistors for R;
and R;, and 10 kQ resistors for R; and R;. It features a typical CMRR of 115 dB for
gains of 10, and up to 140 dB for gains of 1000. Its input resistance is 200 GQ
minimum. The gain is set by placing an appropriate resistor between the gain set
pins. The gain may be approximated as

49.4kQ
R

g

A =1+

For superior high frequency performance, some instrumentation amplifiers include
connections for a guard drive. This is shown in Figure 6.6.

guard drive

j+ ouTtput » l__,\/\/\/i
- s
g

A%

>

209

Figure 6.5¢
AC output voltage for
instrumentation amplifier

Figure 6.6
Guard drive internal
connections



http://cds.linear.com/docs/en/datasheet/1167fc.pdf

This signal is derived from the outputs of the first section. By using two equal-
valued resistors, the differential signals cancel, and thus the guard-drive signal is
equal to the common-mode signal. This signal will then be buffered and used to
drive the shields of the input wires as shown in Figure 6.7.

buffer

Figure 6.7

Guard drive
guard

*/

>

E

€common

To understand how performance is improved, refer to Figure 6.8. Here, the cables
are replaced with a simple model. R represents the cable resistance and C represents ~ Figure 6.8

the cable capacitance. The cable model is little more than a lag network. As you Unbalanced lag network
know, this causes high frequency roll off and phase change. If the two equivalents
sections are not identical, the rolloffs and phase changes will not be the same R+
in the two lines. These changes will affect the common-mode signal and can ’_/\NT
lead to a degradation of the system CMRR. In the guard-drive circuit, the o h
cable shields are not connected to ground at the source signal. They are only * I
connected to the guard-buffer output. This is an important point. By driving R. = -
the shield with a signal equal to the common-mode signal, the voltage
developed across C will be zero. Both ends of the capacitor see the same
potential; therefore, the drop is nonexistent. This reduces the cable effects C. I
considerably. =

cable shield
Example 6.2

The signal produced by a transducer in a factory automation system provides
anominal level of .1 V. For proper use, the signal needs to be amplified up
to 1 V. Because this signal must pass through the relatively noisy
(electrically speaking) environment of the production floor, a balanced cable
with an instrumentation amplifier is appropriate. Using the LT1167, design a
circuit to meet these requirements.
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For the power supply, a standard =15 V unit will suffice. R, is used to set the

desired gain of ten. Figure 6.9

Completed instrumentation
4 =1 +w amplifier for Example 6.2
- %, 15V pins 4, 7

_494k
g Av _ 1

_ 494k

R=To—1 o
R,=5 489k

R

The completed circuit is shown in Figure 6.9.

6.3 Programmable Op Amps

As noted in Chapter Five, there is always a trade-off between the speed of an op amp
and its power consumption. In order to make an op amp fast (i.e., high slew rate and
funivy), the charging current for the compensation capacitor needs to be fairly high.
Other requirements may also increase the current draw of the device. This situation
is not unlike that of an automobile where high fuel mileage and fast acceleration
tend to be mutually exclusive. Op amps are available that can be set for
predetermined performance levels. If the device needs to be very fast, the designer
can adjust an external voltage or resistance and optimize the device for speed. At the
other end of the spectrum, the device can be optimized for low power draw. Because
of their ability to change operational parameters, these devices are commonly called
programmable op amps.

Generally, programmable op amps are just like general-purpose op amps, except that
they also include a programming input. The current into this pin is called Z. /.
controls a host of parameters including slew rate, fu., input bias current, standby
supply current, and others. A higher value of /., increases fu.,, slew rate, standby
current, and input bias current. The value of /., can be controlled by a simple

transistor current source, or even a single resistor in most cases. )
Figure 6.10

Basic connections of the

One example of a programmable op amp is the Texas Instruments LM4250. The LM4250

outline of the LM4250 is shown in Figure 6.10. Two possible ways of adjusting /..
are shown in Figures 6.11 and 6.12. A variety of graphs showing the variation of *Vee
device parameters with respect to /., are shown in Figure 6.13. As an example,
assume that /.~ 10 pA and that we're using standard +15 V supplies. At this current,
we find that f..i, is 230 kHz, slew rate is .21 V/us, and the standby current draw is 50
pA. The current draw is decidedly lower than that of a 741. This makes the device
very attractive for applications where power draw must be kept to a minimum.

set
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Battery operated systems generally fall into the low power consumption category.
By keeping current drain down, battery life is extended.

+Vee +Vce :
Figure 6.11 (left)
~— Programming via resistor
" — N g g
*——— —_
- |
Rset Figure 6.12 (right)
-VEe -Veg Programming via voltage
= Vg - .6V +|VEE|
VB Iset =
Vee - .5 Rs
/set = —
Rset
Rs
-VEE
Perhaps the strongest feature of this class of device is its ability to go into a power
down mode. When the device is sitting at idle and not being used, /., can be
lowered, and thus the standby current drops considerably. For example, if [, for the
LM4250 is lowered to .1 pA, standby current drops to under 1 pA. By doing this, the
device may only dissipate a few microwatts of power during idle periods. When the
op amp again needs to be used for amplification, /., can be brought back up to a
normal level. This form of real time adjustable performance can be instituted with a
simple controlling voltage and a transistor current source arrangement as in Figure
6.12.
Typical Performance Characteristics
Input Bias Current vs lggr Input Bias Current vs Input Offset Current vs Figure 6.13
1000 (755 Temperature Temperature .
4 40 0 LM4250 device curves
i [ T1 [ 1 pA<Iger <10 g
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Determine the power bandwidth for ¥, = 10 V For the circuit of Figure 6.14.

Also find f>. £15 V power supplies are used.

In order to find these quantities, we need the slew rate and f,.,.- These are
controlled by /., so finding /., is the first order of business.
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Figure 6.13 (continued)
LMA4250 device curves

Reprinted courtesy of Texas
Instrutments

Figure 6.14
Circuit for Example 6.3
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From the graph “Gain-Bandwidth Product versus /,..” we find that 4.83 pA
yields an fi, of approximately 200 kHz. The graph “Slew Rate versus /,..”
yields approximately .11 V/us for the slew rate.
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f, =1.75kHz

As you can see, once the set current and associated parameters are found,
analysis proceeds as in any general-purpose op amp.

6.4 Op Amps for High Current, Power, and Voltage
Applications

General-purpose op amps normally run on no more than =15 V power rails and
typically produce less than 40 milliamps of output current. This makes it impossible
to directly connect them to a low impedance load such as a loudspeaker or motor.
The lack of high voltage capability hurts in many places, including many forms of
display technology. In short, general-purpose op amps are low power devices. There
are a few ways around these limitations. One way of boosting the output current
capability by using a discrete follower was shown in Chapter Four. In recent years,
manufacturers have produced a variety of op amps with extended power
performance.
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High Current Devices

Perhaps the most immediate desire for higher current capacity op amps came from
the audio community. If an op amp could be directly connected to a loudspeaker, a
great deal of time and money could be saved for general-purpose audio design work.
Instead of a collection of perhaps half a dozen transistors and a handful of required
biasing resistors and capacitors, an audio amplifier could be produced with a single
op amp and just a few resistors and capacitors. Indeed, some of the first high output
devices were aimed squarely at the audio market. By 1980 it was possible to choose
from a number of amplifiers designed to drive loudspeakers with power levels of 1
to 5 watts. In an effort to make designs ever easier, the strict op amp form was
modified and devices with preset and programmable gains were produced. Due to
the increased dissipation requirements, the standard plastic dual inline package was
abandoned in favor of multi-lead TO-220 style cases. Devices have been created that
can produce output currents in excess of 10 amps. Besides their use in the
audio/communications area, these high current devices find use in direct motor drive
applications, power supply and regulation design, and in other areas.

Let's take a closer look at a few representative devices. First, on the lower end of the
scale is the LM386. This low-voltage device has been around for many years and is
housed in a hobbyist-friendly 8 pin mini DIP. It operates from a single power supply
between 4 and 12 V and is capable of producing .8 W into a 16 Q load with 3%
THD. The gai