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PREFACE

This book and the companion website* will do two things for
you: First, it will help you excel in your technical interviews
$0 you can secure a great first job. Second, it will help you
succeed in that job by showing you how to solve real-world
problems using what you already know from your
engineering courses.

There is often a disconnect between what you learned in
school and the expectations of those interviewing you. On one
hand, the engineering curriculum has taught you a
tremendous amount of theoretical and practical material, but
it is simply not possible to remember it all in an interview. On
the other hand, the interviewing team will likely consist of
your potential supervisor and coworkers, and they will be
looking for someone with the skills to be an immediate
contributor in their department. The interview will typically
focus on what you can do instead of how much you know.
This book bridges the gap by reviewing how to apply what
you learned in school to practical engineering tasks.

Each chapter reviews design skills by relating them to
fundamental concepts. Consider the skill of designing an
averaging FIR digital filter. This is a valuable skill, but the
best designers understand the basics of digital filters—they
understand the practical use of z-transforms and how to work
with any discrete-time structure. As a result, they can work
with a wide variety of digital filters thereby enabling them to
design the best filter for a given requirement. This text
reviews digital filter design and many more commonly
required design skills covering a wide variety of areas and

12



relates them to the fundamentals. Chapters begin with the
fundamentals and then present the skills.

As a workplace reference, this book will give you information
you need to succeed at basic design tasks. For more in-depth
problems, it will help direct you to manufacturer’s literature
or the appropriate sections of your college textbooks. I hope it
will merit valuable space on your bookshelf for many years.

Whether you are a recent graduate or an experienced
engineer, your time is valuable. This book was written to help
you—not challenge you. To this end, the mathematical
derivations are kept simple, but not simplistic, and the
examples presented show practical applications using
practical skills that will help you in job interviews and during
your first several years in the workplace. Each chapter in this
book can be read in a matter of hours—not days.

Finally, I hope that you enjoy working through the examples
and problems in this book, and I hope they motivate you to
tackle and solve hundreds or thousands of problems over
what should be a satisfying and rewarding career.

BARRY L. DORR, PE

Carlsbad, CA

May 2013

* www.blog.dorrengineering.com
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NOTE TO INSTRUCTORS

Recent graduates have always been valued for their
enthusiasm and creativity, and in better economic times were
often seen as the future of the company. As a result, they were
given some time to acclimate to their new job before being
expected to do critical engineering tasks. But the combination
of today’s result-oriented workplace and the fact that most
recent graduates will switch jobs after a few years results in
companies expecting new graduates to enter the workplace
with demonstrable design skills.

This presents a dilemma for academia. It must give the
students the breadth, depth, and critical thinking skills they
need to be engineers, but in order to get hired after graduation
they will often have to compete with the practical design
skills of experienced engineers. Most engineering curriculums
include practical design skills, but in nearly 30 years of
interviewing students, the author has found that they
frequently can’t demonstrate those skills in an interview.

This book addresses this dilemma. It consists of nine chapters
of purely technical review followed by a chapter on
interviewing strategies and thriving in the workplace. When
the students read the chapters and work the problems they
will get an infusion of practical skills and a strong reminder
that the fundamentals of the EE curriculum can be used to
solve nearly any problem they’ll encounter in the workplace.
The text was written to be easily readable and the problems
are straightforward, so the material will help the students
rather than challenge them.
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This book can be integrated into the EE curriculum starting in
the sophomore year. As the students approach the end of
individual courses, the relevant chapters can be assigned and
they’ll find the material quite easy. As they progress through
the curriculum, they will complete the entire book. As
graduation approaches they will recall that these chapters
provide a practical review and revisit them as they prepare for
their technical interviews. As they prepare for interviews they
are encouraged to visit the companion website
www.blog.dorrengineering.com where they will find a large
collection of interview practice problems and additional
practical skills.

The book can also be used as a supplement to a one-quarter or
semester senior seminar course. The material is not overly
difficult, so the instructor can use class time to focus on other
aspects of the course and have the students review this
material as self or group study. The schedule outlined below
will require about 4—6 hours per week of the student’s time.

ONE SEMESTER COURSE

Week 1: How to Design Resistive Circuits

Week 2: How to Prevent a Power Transistor from
Overheating

Week 3: How to Analyze a Circuit

Week 4: How to Use Statistics to Insure a Manufacturable
Design

Weeks 5, 6: How to Design a Feedback Control System
Week 7: How to Work with Op-Amp Circuits

Weeks 8, 9: How to Design Analog Filters

Weeks 10-12: How to Design Digital Filters

Weeks 13, 14: How to Work with RF Signals
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Week 15: Getting a Job—Keeping a Job—Enjoying Your
Work

ONE-QUARTER COURSE

Week 1: How to Design Resistive Circuits

Week 2: How to Prevent a Power Transistor from
Overheating

Week 3: How to Analyze a Circuit

Week 4: How to Use Statistics to Insure a Manufacturable
Design

Week 5: How to Work with Op-Amp Circuits

Weeks 6-9: Let the students choose between remaining
chapters based on individual interest

Week 10: Getting a Job—Keeping a Job—Enjoying Your
Work

Students will need MATLAB® for many of the examples in
this book. If it is not available through the university they can
contact MathWorks to obtain a student edition or a trial
edition.

If you or your students have comments or questions about the
book or if you find errors please send e-mail to

Finally, graduation time can be a stressful time for students.
In addition to completing their course requirements, they are
facing many other changes in their lives. It would have been
impossible to write this book without sharing my own
enjoyment of being an electrical engineer. Working through
these examples and problems will remind graduating seniors
that they have a fascinating, exciting, and enjoyable career
awaiting them.
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1
HOW TO DESIGN RESISTIVE CIRCUITS

Chances are good that every schematic diagram you’ve seen
contained at least a few resistors. This component is an
electrical workhorse, commonly used for establishing bias
voltages, programming gain, summing signals, attenuating
signals, and numerous other functions. Ideal resistors
dutifully follow Ohm’s law, which has no frequency
dependence, so it is easy to believe that designing with
resistors is a simple task. This is probably the most common
reason candidates are caught off guard and fail when asked to
design simple resistive networks in interviews. This chapter
will show you how to design and analyze practical resistive
networks that solve problems you’ll encounter in interviews
and in the workplace.

The resistor was probably the first component you studied in
school. At that time, it was the only component in your
toolset, so the problems you solved were limited to finding
voltages and currents in DC networks. Doing these problems
taught you valuable skills such as nodal and mesh analysis,
but the problems were not particularly practical and perhaps
not very interesting. As a graduating engineer your
knowledge of circuit elements has broadened significantly
and you have better computer tools to help with the
mathematical manipulations. The examples and problems in
this chapter should be much more interesting because they
represent practical design problems; they should be more
enjoyable because, after setting up the problems, we will rely
on the computer for the brunt of the manipulations.
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This chapter begins with the commonly asked interview
problem of creating a voltage source with a specified
Thevenin resistance. Since this is such a common problem,
we derive equations so that you can easily compute the
resistor values when you encounter it. Next, we design a
coupling circuit with specific design requirements. Many
experienced engineers design this circuit using an op-amp and
numerous resistors, but you’ll see that a network with only
three resistors fulfills the design requirement. We then design
a 50 Q bidirectional attenuator that is commonly found in RF
circuits. This is not an easy problem, but it provides a good
example of converting design requirements into solvable
equations and then calculating the components. Since the
attenuator design is a difficult problem, we check our result
using mesh analysis, and you’ll see that analyzing resistive
networks is simply a matter of writing the correct equations
and then letting a matrix solver compute the solution.

1.1 DESIGN OF A RESISTIVE THEVENIN SOURCE

Designing circuits involves taking inventory of what is
required, what is known, what is unknown, and what is
available. When designing resistive networks we must often
solve simultaneous nonlinear equations as shown in the
following example:

Example 1.1. Given a 3.3 V power supply, design a resistive
circuit that provides 1.8 V with a source resistance of 1.5 kQ.

Solution. This is a practical problem encountered frequently

when designing bias circuits. We immediately note the
desired output voltage is less than the supply voltage so a
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resistive circuit will suffice. We also recognize that the
requirement leads us to a Thevenin source.

Knowing that two design parameters (Thevenin voltage and
resistance) must be simultaneously satisfied, it makes sensel
to try the circuit with two resistors as shown in Figure 1.1b.

Figure 1.1 Required Thevenin source (a) and proposed
resistive network (b) for Example 1.1.

R=1.5kQ Rz

IL"r'|'|.| =18V C:) VS =33V G) 91

(@) {b)

Required Thevenin source Proposed network

The design procedure is to compute R1 and R2 so that the
Thevenin equivalent of the proposed network in Figure 1.1b
is the Thevenin source of Figure 1.la. The Thevenin
resistance of the proposed network is the resistance seen at
the terminals with the voltage source shorted, so our first
equation is the formula for parallel resistances:

R,R,

Ry
(1.1) R+ R,

The Thevenin voltage is the voltage at the terminals of the
circuit of Figure 1.1b when it is unloaded, so we use voltage
division to write the second equation:
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VTH - RJ
a2 Vs R+ R,

These two equations are nonlinear and cannot be
simultaneously solved using a simple matrix. Instead, we
solve Equation 1.1 for R1 which gives

Ry R,
(Ry — Ryu)

R]. =
(1.3)

Then, substitute R1 from Equation 1.3 into Equation 1.2 and
solve for R2:

(1.4)

REZ Rmvs - 1500 x 3.3

— = 2750
8

Yy

Finally substitute Equation 1.4 into Equation 1.3 to compute
R1:

(1.5) p |
Ro=—1 D00 4550

=5 =)

To check the result, substitute these resistances into Equations
1.1 and 1.2.
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1.2 DESIGN OF A COUPLING CIRCUIT

A common application for resistive circuits is the coupling
circuit of Figure 1.2 that conditions a signal from integrated
component IC1 and feeds it to integrated component IC2. The
signal of interest, or the signal that carries useful information,
is an alternating current (AC) signal with no DC component.
However, DC offsets play an important role in this
application because they keep the input and output signals
within the working range of the amplifiers.

Figure 1.2 Coupling circuit.

The signal at the cutput of 1C, has an
AC component and a DC offset. The
AC component is the signal of

\ interest
>

The required functionality of this circuit is to

Coupling
circuit £

Ic,

k 4
o
1]

1. Provide a specified load impedance for IC1.

2. Attenuate the signal from IC1 to IC2 by a specified
amount.

3. Provide a specified DC offset at the input of IC2.

This functionality is provided by the circuit of Figure 1.3. Our
design strategy is to first analyze the circuit and then use the
analysis results to compute the component values.
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Figure 1.3 This coupling circuit provides a specified load
impedance for IC1, attenuates the signal from IC1 to IC2, and
provides a specified DC bias for IC2.

The input impedance of IC,

The blocking capacitor does not is sufficiently high that it can

pass DC, but acts as a short be ignored
circuit to the AC signal Vs
Gain = V4V
ain o WVin R,
i ® j
T c Ry 4|'
IC, Vin Ry yy ICa
| |

The focus of this chapter is resistive circuits, so the capacitor
in Figure 1.3 deserves explanation. It is called a “blocking
capacitor” because its primary function is to prevent or block
the DC voltage at the output of IC1 so that it does not appear
at the input of IC2. The capacitor is selected so that it
approximates a short circuit to the signal of interest. Chapter
3 shows how to select the correct value of this capacitor.

Prior to analyzing the circuit of Figure 1.3, we digress briefly
to clarify the concept of “AC ground.” This powerful tool is
often a source of confusion for both students and experienced
engineers. The confusion arises from not fully grasping the
difference between resistance and impedance. Resistance is
the ratio of the DC voltage across a device to the DC current
passing through it. Impedance is the frequency-dependent,
complex ratio of the AC voltage to the AC current in a device
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or circuit. One way to remember this is to think of impedance
as the derivative:

Impedance = Z = ﬂ
(1.6) ol

Note from Equation 1.6 that the impedance of a resistor is
equal to its resistance.

Now consider an ideal DC power supply. Its function is to
provide a fixed voltage regardless of the load current. Since
its voltage does not change, Equation 1.6 shows that its
impedance is zero.2 Therefore, when computing the
impedance of the circuit in Figure 1.3, we treat the power
supply, VS, as an AC ground.

Similarly the attenuation provided by the circuit of Figure 1.3
refers to the ratio of the AC voltage at the output of IC1 to the
AC voltage at A. When computing attenuation, the power
supply, VS, is also an AC ground.

The preceding discussion shows that for computing input
impedance and gain, 3 the DC supply, VS, is an AC ground
which places R1 in parallel with R2 in Figure 1.3. We
therefore simplify Figure 1.3 by representing R1, R2, and VS
as a DC Thevenin source as shown on the right side of Figure
1.4a. Since the capacitor appears as a short circuit to the
desired signal and since the Thevenin voltage source is an AC
ground, the circuit of Figure 1.4b can be used to compute the
input impedance and gain.
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Figure 1.4 Simplifications of the circuit of Figure 1.3 are used
to compute input impedance and circuit gain. A Thevenin
equivalent allows R1, R2, and VS to be shown as a Thevenin
equivalent (a). Since the capacitor is an AC short and since
voltage source VTH is an AC ground, the circuit can be
further simplified (b).

Since the capacitor blocks Ry is the parallel

DC current, Va = Vry combination of By and A:
+  —dj N AN
| C Fe T An

Rrh

— =—+4+
=
] L ]
»$
|||—4—f’\/\,—1:
[ ] [ ]
— ;-:—

ib)

From Figure 1.4b the input impedance is
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anfmn = Ry + Ry

And the gain is computed using the voltage divider theorem

]"frh RTH

Gain= — =
(1.8) Vi R34+ Ry

The analysis above can be used to design the coupler based
on a design specification as shown in the following example.

Example 1.2. The circuit shown in Figure 1.5 is a coupling
circuit for an AC signal. Assume that the amplifier input
impedance is infinite, and the capacitor acts as a short circuit
to the input signal. Pick resistors R1, R2, and R3 so the DC
bias at the amplifier input is 4 VDC, the signal from VIN to
the amplifier input is attenuated by a factor of 4.7, and the
impedance seen by the input signal at VIN is 100 k€.

Figure 1.5 Circuit for Example 1.2.

Input impedance

must be 100 k2 ; : ,
Gain = Vo'V =1/4.7

N “%i
%
j
|

A, Arnplifier

DC voltage must be 4 VDC
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Solution. From the analysis above, we use the circuit of
Figure 1.6 to compute input impedance and gain.

Figure 1.6 Thevenin equivalent for computing impedance and
gain for Example 1.2.

Input impedance = Zjy

- [ o N » a +
I Ra |
Vin R § Va
= - ' & -

Substituting ZIN from Equation 1.7 into Equation 1.8 and
solving for RTH gives

(1.9)
Ry = Gain x Zyy = ﬁlﬂﬁ kQ = 21.28 kQ

This allows us to compute R3 using Equation 1.7:

(1.10)
R, = Zp — Ry = 100kQ — 21.28kQ = 78.72 kQ

Since the capacitor blocks DC current, the Thevenin voltage
is the DC bias voltage of 4 VDC at the amplifier input.
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Knowing the Thevenin voltage, Thevenin resistance, and
supply voltage, VS, we compute R1 and R2 using Equations
1.5 and 1.4, respectively. From Equation 1.5:

(1.11) P
TH
Rl = =

=

From Equation 1.4:

(1.12)

. _ RmVs _ 21,280x75

Vru

= 30.90 kQ

1.3 DESIGN OF A PI ATTENUATOR

In this section we again begin with a design requirement,
write descriptive equations for the proposed circuit, and then
use the equations to compute the component values. We also
show how mesh analysis and a matrix solver can be used to
quickly and efficiently check our work by analyzing the
resulting circuit.

The Pi network of Figure 1.7 is commonly found in radio
frequency (RF) circuits and does the following:

Figure 1.7 Pi network. This network is frequently used as a
constant impedance RF attenuator.

37



L"rIN .Iq1 HS 'L."G

1. Attenuates bidirectionally. The voltage gain, AV, from left
to right is identical to the voltage gain from right to left.

2. Provides a specified load resistance to the circuit that
drives it.

3. Provides a specified source resistance to the circuit that it
drives.

This network is important to RF designers because most RF
components are designed to work with 50 Q input and output
impedances.4 Of course, there are many online calculators
such as [1] available for this purpose. But the skills used in
this example will help you work with any network you’ll
encounter in an interview or on the job.

Specific design requirements for a 3 dB Pi attenuator are as
follows:

1. With the output terminated in 50 €, the input impedance
must be 50 Q.

2. With the input driven by a 50 Q source and the output
terminated in 50 Q, the ratio VO/VIN must be AV.

3. With the input driven by a 50 Q source, the output
impedance must be 50 Q.

The toughest part of this problem is to convert the design
requirements into solvable equations. First, note that the
problem can be simplified using symmetry as shown in
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Figure 1.8. When the output is terminated in 50 Q the
resulting circuit is simply the reflection of the circuit when
the input is terminated in 50 Q. Therefore, R1 and R3 are
identical, and the number of components which must be
determined is lowered from three to two. For our analysis R3
is replaced by R1, as shown in Figure 1.9.

Figure 1.8 Pi network. With the output terminated in 50 Q the
input impedance is 50 Q (a). With the input terminated in 50
Q the output impedance is 50 Q (b).

A2
R +
Z, =500 % R; % Rs _—
(a)

A

it i fs Z,=500

(b}

Figure 1.9 Pi network analysis model. The arrows point to
quantities that are either given or can be readily computed by
inspection. The unknowns in this problem are R1, R2, and 12.
RS =50 Q.
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The model of Figure 1.9 is used to describe the voltages and
currents in the system. The calculations are simplified by
setting VS = 1 V. From requirement 1, the input resistance of
the terminated network must be 50 Q. Since RS is 50 Q
voltage division gives

V
O .
(1.13) 2

1
2

Similarly, since the resistance seen by VS is twice RS or 100
Q

|
[, = —
(1.14) l 2Rg

Requirement 2 specifies that the ratio VO/VIN must be AV.
With voltage gain AV known, VO and I3 can be computed:

G _ |
(1.15)1r':' = Vndy = E‘q‘”'
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Returning to Figure 1.9, VS, RS, I1, VIN, I3, and VO are
known and marked with arrows. R1, R2, and 12 are unknown.
Since there are three unknowns, three equations are needed.
The first equation is written by observing that VIN and I1 are
known and related to R1 and I2:

V
ﬂ_; =
a1 Ry

-3

The second equation is written by observing that VIN and VO
are known and related to R2 and 12:

g Vin— LRy =Vq

The third equation is written by observing that VO and 13 are
known and related to R1 and 12:

'

O
R 2h
(1.19) **1
Equations 1.17, 1.18, and 1.19 represent three nonlinear
equations in three unknowns. These equations can be solved

“by hand” as shown below or with a symbolic equation solver
such as the one provided by Wolfram Mathematica [2].
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We solve for the unknowns below using the following
strategy:

1. Solve Equation 1.17 for R1 as a function of 12.

2. Substitute the expression for R1 into Equation 1.19. Solve
for 12.

3. Substitute the value of 12 into Equation 1.18. Compute R2.
4. Substitute the value of 12 into Equation 1.17. Compute R1.

Equation 1.17 is solved for R1:
Rj=—
(1.20) f] o IE

Equation 1.20 is substituted for R1 in Equation 1.19 and then
Equation 1.19 is solved for 12:

(1.21) Vv

Substitution of AV for VO/VIN, Equation 1.14 for I1, and
Equation 1.16 for I3 into Equation 1.21 gives

e
* T Rs(1+A4y)

(1.22)

Equation 1.22 is substituted into Equation 1.18 and Equation
1.18 is solved for R2:
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o (V= Vo) (Ay+ 1) Ry
(123) Ay

Substituting Equation 1.15 for VO and Equation 1.13 for VIN
into Equation 1.23 gives

i :{I—Ai.}

R
(1.24) 2Ay

Finally, substitution of Equation 1.13 for VIN, Equation 1.14
for I1, and Equation 1.22 for 12 into Equation 1.17 gives

l + Ay
|. = —
(1.25) e *‘J"v'

Example 1.3. Design a 3 dB, 50 Q, Pi attenuator. Verify the
design gives the specified impedance and attenuation.

Solution. The attenuation is specified as 3 dB. This is
converted to voltage gain AV using the definition of the

decibels

g | .
Solving for voltage gain AV gives6

1an Ay = 10798720 = 107 = 0,708
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Knowing AV and RS, we use Equations 1.24 and 1.25 to
compute the resistors as shown below:

(1.28)
(1-A2) (1-0.708%) |
R VA 50=1760
¢ 24y °7 2x%0.708
(1.29)
| + Ay 1 +0.708
e . | T [+]m:2ﬂ2.m
! [I —AJ 57 1l1-0708

To check this result, the circuit of Figure 1.10 is analyzed by
writing three equations in the three unknown mesh currents,
and then solving them using VS =1 V.7 We then verify that
the input impedance is 50 € and the attenuation is 3 dB.

Figure 1.10 Resistor values for the Pi attenuator are checked
by writing and solving mesh equations. Next, the input
impedance and attenuation are compared to the specified
values.

Rs=500 Vin R,=17.60Q Vo
o o 5
g I ; I § i u'-':
Ve=1WVI{ = 1 o] 2 ] a &
I I i
o '

Equations for the three meshes are
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(Rs+ Ry ) 1) — BRI, = Vg

(1.30)

(1.31)

(L=1) R+ LR+ (L—15)R =0

(1.32)

In matrix notation this is

a3 AT = [V]

where
(1.34)
R.+R, -R 0
[Al=| —-R, 2R, +R, =R,
0 R, R +Rs
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=15
(1.35) I
Vi 1
vi=| 0 |=]0
w36 0 0

To solve Equation 1.33 premultiply both sides by the inverse
of [A] or [A]-1

s AT AT = [A] V]

Since a matrix multiplied by its inverse gives the identity
matrix, and multiplying a matrix by the identity matrix gives
the original matrix,

asgll] = AT V]

Using an matrix tool such as [3] or Matlab gives I1 = 10 mA,
12 =8.29 mA, and I3 = 7.08 mA.

We check for 50 Q input impedance by verifying that voltage
VIN is half the input voltage, VS, or 0.5 V:

(1.39) Vn=1=-1;x50=035V
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We check for 3 dB attenuation by verifying that the output
voltage, VOUT is 0.7071 times the input voltage, VIN.

(1.40)
V, = IR = 7.08 x 107 x 50 = 0.7071 x 0.5

PROBLEMS

1.1 Given a 5 V supply, design a circuit with VTH = 3.3 V
and RTH = 1000 Q.

1.2 A sensor produces a voltage between —5 and +3 V. The
output resistance of the sensor is 470 Q. The sensor must be
interfaced to an ADC with an input range of 0 to +3.3 V and
an input resistance of 3300 Q. Determine the values of R1 and
R2 for the interface network shown in Figure 1.11. Check
your work by analyzing the resulting network.

Figure 1.11 Circuit for Problem 1.2.

+5 W
Ry
470 0 Ry
AV AV VeV &
—Sto+3V § 2
(=]
o
Sensor Metwork ADC
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1.3 Components IC1 and IC2 are connected using the
coupling network shown in Figure 1.12. IC1 has a DC offset
of 15 VDC and must be loaded with 41 kQ. The AC signal
from IC1 is 7 Vpp. IC2 requires a DC bias of 4.2 VDC and a
input signal level of 3 Vpp. The input of IC2 has a 47 kQ
resistor connected directly to ground. Compute R1, R2, and
R3 for this network.

Figure 1.12 Circuit for Problem 1.3.

10V
7V,
/pp I &
i} /
C As
Ic, 3 47 kQ

41 k@ impedance

(a9

1.4 Using an argument similar to the one used for a DC
voltage source in Section 1.2, determine the impedance of a
DC current source. How should a DC current source be
represented when analyzing an AC circuit? Hint: Use
Equation 1.6.

1.5 Compute the input impedance of the circuit of Figure 1.13
for AC signals. Assume the frequency is sufficiently high so
the capacitor can be considered a short circuit.

Figure 1.13 Circuit for Problem 1.5.
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1.6 A coupling network connects components IC1 and IC2 as
shown in Figure 1.14. Assume the output impedance of IC1 is
zero, the input impedance of IC2 is infinite, and the capacitor
appears as a short circuit to the signal of interest.

(a) Determine the attenuation provided by the network.

(b) Determine the DC bias at the input of IC2.

(c) Determine the load impedance seen by IC1.

(d) Determine the source impedance seen by IC2. Hint: It is
the impedance looking from IC2 back to the network.

Figure 1.14 Circuit for Problem 1.6.
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521.6 k€2
ICy v
c 18 k2 IC2

15.43 kQ2

P

1.7 Determine current 1O in the circuit of Figure 1.15 using
mesh analysis.

Figure 1.15 Circuit for Problems 1.7 and 1.8.

6Q

Vin 40 Va 90 Ve 170 Vo

120

1v C) 2Q 50 kb

A"
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1.8 Determine total power dissipation in the circuit of Figure
1.15.
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1. If it doesn’t make sense don’t worry. You’ll pick this up
with time.

2. A large capacitor connected from a circuit node to ground
results in an AC ground also.

3. For the remainder of this discussion we use gain, VA/VIN,
which is the inverse of attenuation.

4. See Chapter 9 for examples using attenuators.

5. Note that the attenuation is specified as 3 dB, not 3 dB
voltage or power gain. Students frequently get confused using
dB on interviews. A given value of dB specifies different
values for the voltage and power gains.
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6. The negative sign in front of dB in Equation 1.27 is used
because attenuation has been specified as a positive quantity.

7. Chapter 3 shows that this technique is also used for AC
circuits.
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2

HOW TO PREVENT A POWER TRANSISTOR FROM
OVERHEATING

In addition to meeting electrical requirements, a successful
circuit design must meet thermal requirements. This insures
that the circuit will not fail prematurely due to excessive
temperature and that it will not excessively raise the
temperature of neighboring circuits and cause them to fail. If
thermal analysis is not included in the overall system design,
the individual circuits may work properly on the bench but
fail when they are placed together in an enclosure. This
chapter shows a fast and simple way to estimate component
temperatures. It also shows how to specify a heat sink that
will keep the temperature of a device at a safe level. This
technique will not give the precise results obtainable using
sophisticated thermal modeling tools, but it will allow you to
quickly make rough thermal estimates as you consider
different approaches during the early phase of a design.

Most experienced engineers have seen good electrical designs
get scrapped because they were thermally impractical, so it is
common for them to ask candidates to solve simple heat
transfer problems during interviews. This chapter will
reinforce your intuitive understanding of heat transfer, show
you how to apply it in the workplace, and show examples of
problems typically asked during interviews.

We begin by reviewing steady-state heat transfer problems.

Next, we show how to use data provided by manufacturers of
electronic components and heat sinks to keep electronic
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components at safe temperatures. The chapter concludes by
showing how to compute device temperature as a function of
time using the notion of thermal capacitance.

2.1 ELECTRICAL MODEL FOR HEAT TRANSFER

No one likes to burn their fingers, so most of us have
developed good intuition about heat transfer. Consider what
happens when the end of a metal rod is placed in a vat of hot
liquid as shown in Figure 2.1. We intuitively expect that the
part of the rod nearest to the liquid will be nearly as hot as the
liquid and the temperature of the rod will decrease as the
distance from the liquid increases. We also expect that the rod
will pass more heat to the air at its hottest point and less at the
end where it is coolest. Finally, we know that thermal energy
from the hot liquid is being transferred from the liquid, and
this will tend to cool the liquid.

Figure 2.1 A metal rod is suspended in a hot liquid. We

intuitively know that heat is transferred up the rod and from
the rod to the surrounding air.

54



Minimum heat passed Codlest partof od

to air \\

77

Metal rod

/4 /

I / Heat is transferred up the rod

Maximum heat

passed to air e \ I
§ / Heottest part of rod

Hot liquid \\_\\_\

As electrical engineers we observe that heat is flowing, and
greater temperature differences are associated with more heat
flow. We see that temperature pushes heat similar to the way
voltage pushes current. We also observe that as heat flows
from the hot liquid the temperature of the liquid drops which
reminds us of the way the voltage on a capacitor drops as its
charge is depleted. If the system of Figure 2.1 could be
modeled with electrical components then circuit analysis tools
could be used to analyze the system. Fortunately, this is
indeed possible by relating thermal heat to electrical charge.
The basic relationships are shown in Figure 2.2.
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Figure 2.2 The “stuff’ flowing in a thermal system is
heat—the “stuff” in an electrical system is charge.

: Flow of What pushes What resists
Basic stuff Stuff the shufl the flow of stuff Storage of stuff
Charge Currant Veoltage Difference 0 Y Capacitance (Farads
Eleotrinal ({Coulombs)  |{Coulombs'second) | {JoulesfCoulomb) Resistance (1 or Coulombs)
Power Temperature : :
Themal Energy | | x Thermal Registance Heat Capacity
Thermal or Heat fJoulss) |_.J0ula‘f:r"§;:]0nd or Drﬁ;gnca FCIW) iJoules"C)

For electrical circuits Ohm’s law states that the voltage rise
across a resistive device is equal to the current passing
through it multiplied by the resistance. Using the thermal
analogies in Figure 2.2 we can write the thermal equivalent of
Ohm’s law:

AT = P(watts) a_ﬂ}( C )

2.1) ratl

where AT is the temperature rise in degrees centigrade, P is
the power in watts, and 0 is the thermal resistance in °C/W.

Our modeling strategy is therefore to

1. Model a source of heat with an electrical current source.
The value of current represents the power of the source in
watts.

2. Model anything that resists the flow of heat with an
electrical resistor. The value of resistance is equal to the
thermal resistance.

3. Model ambient thermal nodes, that is, nodes where the
temperature remains the same when heat flows into or out of
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them, with an electrical voltage source. The voltage is equal
to the temperature in degrees. 1

4. Model a hot object with an electrical capacitor. The value
of capacitance is equal to the heat capacity of the object.

This strategy is remarkably easy to use, as shown in the
example below.

Example 2.1. A 2N3055 transistor in an industry standard
TO-3 package is mounted to a heat sink as shown in Figure
2.3. The transistor dissipates 10 W and the ambient
temperature is 20°C. Determine the junction temperature of
the transistor and the temperature of the transistor case.

Figure 2.3 Transistor and heat sink for Example 2.1.
(Courtesy of Aavid Corporation)

_ Power transistor in
Heat sink TO-3 package
\ 4

Solution. The model is shown in Figure 2.4. The transistor
generates 10 W at its junction and is modeled with a 10 A
current source. The heat is then transferred to the transistor’s
case through thermal resistance RJC which accounts for the
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fact that the semiconductor junction is hotter than the case.
The datasheet for the transistor gives RJC as 1.5°C/W. The
transistor is securely mounted to the heat sink2 insuring the
temperature at the case matches the temperature at the mating
surface of the heat sink. The datasheet for the heat sink gives
the thermal resistance from the mating surface of the heat sink
to ambient, RSA, as 7°C/W. The temperature of the air does
not increase as it absorbs heat, 3 which allows us to model
ambient air as a voltage source.

Figure 2.4 Model of transistor and heat sink for Example 2.1.

The thermal resistance
between the transistor
junction and case is The voltage here

Tha yoilaga homa reprasantad by a resistance reprasents the

represents tha

transistor case
transistor's junction temparatura
temperaturs
If the heat sink dissipates
Transistor power 1 W it will get l?‘° hot_ter
dissipation is Re=150Q than the ambiant air
reprasentad by a
current source Thea ambient temperatura is
represented as a voltage
SOUMCS

e /
Pp=10A L\f}u
- A=20V
Jj\ “Ambient” can absorb
=3 infinite heat without

\\ changing its temperature
Ground represents 0°C

uL="%

The temperature at any point in the system is the
corresponding voltage in the circuit model. The transistor
junction temperature is computed by starting at the voltage
source and using Ohm’s law:

(2.2)
Ty=T,+Pp(Rgp + Rye) =204 10(7 4+ 1.5) = 105°C
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We then compute the transistor case temperature as4

(2.3)
TC.‘&SE = lei + PDRSF\ = 2{} + 11.-.} }{ T = g{}aci

2.2 USING MANUFACTURER’S DATA FOR THERMAL
ANALYSIS

Device manufacturers support the concept of electrical
analogies for thermal analysis by providing thermal
information in device datasheets as shown in Figure 2.5.

Figure 2.5 The datasheet for the Freescale MRF373A
transistor provides data for thermal analysis. (Copyright 2013
Freescale Inc., used with permission)

Table 1. Maximum Ratings

Rating Symbal Valus Unit
Dirain-Sourca Voltage \"IDSS —i.5, +70 Ve
Gate - Source Voltage Vs 0.5, +15 Ve
Total Device Dissipation @ T = 25°C MRFa7aALR1 Po 197 W
Derate abave 25°C 112 Wi=C
MRF273ALSR1 278 w
1.50 WG
Storage Temperature Range T;.g -85 to+150 G
Case Operating Temperature Te 150 G
Operating Junction Temperature Ty 200 °C
Table 2. Thermal Characteriatics
Characteristic Symbal Valua Unit
Tharmal Resistance, Junction to Case MRF272ALR1 Ry 0.82 “CW
MRF272ALSA1 0.63

Transistors sustain thermal damage when the junction
temperature rises above the maximum value shown in the
datasheet.5 The junction temperature can be determined using
Equation 2.1 and the model of Figure 2.4 but it is common for
manufacturers to provide derating information so designers
can easily determine the maximum power dissipation given
the case temperature of the transistor. Figure 2.5 shows that
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the maximum power dissipation for the MRF373ALRI1
transistor is 197 W and the derating factor is 1.12 W/°C.
Limiting the power dissipation to the derated value will
prevent the junction from exceeding the maximum value (see
Problem 2.3). The transistor is derated using the equation

Py =197 — 1.12 (T, - 25)

(2.4)

where PD is the maximum power dissipation at case
temperature TC degrees Celsius.

Instead of providing a derating factor, manufacturers
sometimes provide a derating curve. The curve for the
MRF373ALRI1 transistor is drawn using Equation 2.4 and is
shown in Figure 2.6.

Figure 2.6 Derating curve for the MRF373ALRI transistor.
The safe area of operation is below the curve.
250

The line is pllotted using
Equation 2-4

200 | |
160 + . 1 i o 1 /

100 —The bower dissipation
must not exceed 197°C

Maximum case
temperature is 150°C

Maximum power dissipation (W)

50

0 20 40 80 80 100 120 140 160
Case temperature (°C)
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Example 2.2. A MRF373ALRI1 transistor must be mounted
on a heat sink so that it can safely dissipate 20 W. The
ambient air temperature is 30°C. Choose a heat sink that will
limit the junction temperature to the conservative value of
125°C. Show the operating point on the transistor’s derating
curve.

Solution. We use the electrical model shown in Figure 2.7 to
compute the required thermal resistance for the heat sink.
Equation 2.2 gives

Figure 2.7 Electrical model for Example 2.2 used for
computing the required thermal resistance of the heat sink.

Compute the required

The junction thermal resistance of the
temperature must be heat sink to keep the
limited to 125°C Rir=0.89 0 junction temperature 125°C
\ or less
L

T, =125 =T, + P, (Rgs + Ryc) = 30+ 20 (Rg, +0.89)

Solving this equation gives the required thermal resistance of
the heat sink. RSA =3.86°C/W.

Off-the-shelf heat sinks such as the one shown in Figure 2.3
are inexpensive and suitable for many applications. However,
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heat sinks can also be procured by specifying a length of
extruded material. Manufacturers typically provide online
calculators or equations for determining the length and
Aavid’s calculator shows that 6.2 in. of Aavid’s 63130
extrusion [1] as shown in Figure 2.8 will provide the required
thermal resistance.

Figure 2.8 A 6.2-in. length of Aavid’s 63130 extrusion
provides the required thermal resistance for Example 2.2. The
dimensions in parenthesis are inches. (Courtesy of Aavid
Corporation)

419
(16500 —

17.02
= (0670

-

Finally, we need to show the operating point of our system on
the derating curve. The model of Figure 2.7 is used to solve
for the case temperature:

0o Te=30+3.86%20=107.2°C
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The power dissipation and case temperature are shown on the
derating curve of Figure 2.9.

Figure 2.9 The operating point for the system in Example 2.2
is safely below the derating curve for the MRF373ALR1
transistor.

250 -
=3
~ 200 |
kel
©
a
@ 150 4
=
2 100 -
£ Operating
E point
= 50 - - -
E T
0ot | - | | | .
0 20 40 60 80 100 120 140 160

Case temperature (°C)

2.3 FORCED-AIR COOLING

The system of Example 2.2 dissipated 20 W and required a
heat sink about the size of a desk stapler. As engineers we
immediately wonder if a smaller heat sink could provide the
same cooling. Intuition correctly tells us that blowing cool air
over a hot object will tend to cool it. We can use this fact to
reduce the size of the heat sink in Example 2.2. When air is
blown over a heat sink its thermal resistance decreases.
Therefore if forced air is available a smaller heat sink should
suffice.6
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Manufacturers of heat sinks provide data showing the effect
of forced-air cooling. Figure 2.10 shows that if air at 200 ft/
min is blown over the Aavid 63130 extrusion, the 3.86°C/W
thermal resistance required for Example 2.2 can be obtained
with a 1.75-in. section instead of a 6.2-in. section [1].

Figure 2.10 When air is blown over a 1.75-in. piece of Aavid
63130 extrusion at 200 ft/min the thermal resistance is the
same as a 6.2-in. piece in still air. (Courtesy of Aavid
Corporation)
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2.4 DYNAMIC RESPONSE OF A THERMAL SYSTEM
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Until now we have discussed thermal systems with constant
heat sources and we have computed the resulting steady-state
temperatures. Real systems, however, are much more
interesting—sources of heat are switched on and off, and
power dissipation often varies with time. Now we extend our
analysis to model dynamic conditions.

We know that placing an ice cube in a cup of hot coffee will
lower the temperature of the coffee measurably. But if we
place the ice cube in a swimming pool the change in the
pool’s temperature will not be noticeable. In both cases the
ice cube melts, meaning a fixed amount of thermal energy is
transferred from the liquid to the ice cube. The swimming
pool absorbs the energy with only a small decrease in
temperature, but transferring the same amount of energy
lowers the temperature of the coffee significantly. This is
because the swimming pool has a higher heat capacity than
the cup of coffee. Heat capacity is the amount of heat in
joules required to change the temperature of an object by 1°C.
Returning to Figure 2.2 we see that heat capacity is
represented in our electrical model as capacitance.?

Including thermal capacitance in our models allows us to
include the effect of time in our analysis. For example, we
can gain insight into our design by computing the step
response of the system when power is applied as shown in the
following example.8

Example 2.3. Figure 2.11 shows a model of a transistor
connected to a heat sink. The thermal resistance of the heat
sink is 7 Q and its heat capacity is 2 J/°C.9 Initially all
temperatures are 20°C. At time = 0+ the transistor begins
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dissipating 10 W. Plot the transistor junction temperature as a
function of time.

Figure 2.11 Model of a transistor and heat sink incorporating
the thermal capacitance of the heat sink. The junction
temperature rises exponentially when heat is applied.

Heat sink \
Junction

Ric=158
N S

=0

=

10A ‘D

L S VS T S

20V

Solution. For any RC circuit the response to a step input is

4 r r V. } e—t/RC
on V(O =Ve— (Ve=Vp)e L

where VF is the final voltage, VI is the starting voltage, and R
is the equivalent resistance seen by the capacitor.

Since the current source has infinite impedance, the only

resistance seen by the capacitor is RSA or 7 Q. We compute
VI by noting that at time = 0+ the capacitor appears as a short
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circuit so the initial voltage at the junction is computed using
Ohm’s law:

eyVi=20+10x15=35V

At steady state, the capacitor appears as an open circuit and
the final voltage at the junction is computed using Ohm’s law:

2.9)
VE=20+7x104+15x10=105V

The equation for the junction temperature versus time is
written by substituting VF, VI, and R into Equation 2.7:

(2.10)
V)= 105 = (105 = 35) e /™2 = 105 — 70e7 /14

The junction temperature versus time is plotted in Figure
2.12.

Figure 2.12 Junction temperature versus time for Example
2.3.
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PROBLEMS

2.1 The maximum junction temperature for a transistor is
180°C. If the thermal resistance from junction to case is
0.88°C/W and the thermal resistance of the heat sink is 8°C/
W, how much power can the transistor dissipate if the
ambient temperature is 38°C?

2.2 A field effect transistor (FET) generates 22 W. RJC =
1°C/W. The FET is attached to a heat sink with RSA = 10°C/
W. The FET also dissipates power from its case to the air.
The thermal resistance from the case to ambient is RCA =
20°C/W. The ambient air temperature is 27°C. Draw an
electrical model for this situation and compute the transistor
junction temperature.

2.3 Show that limiting the power dissipation of the
MRF373ALRI1 transistor to PD from Equation 2.4 will cause
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the junction temperature to remain at 200.9°C regardless of
the transistor case temperature. Hint: Use the equation TJ =
TC + RJC PD and Equation 2.4.

2.4 Using forced-air cooling allowed us to reduce the length
of the heat sink in Example 2.2 from 6.2 to 1.75 in. If air is
not blown over the heat sink the thermal resistance is 7.26°C/
W. Compute the junction temperature if the cooling fan fails.
2.5 A transistor dissipating 9 W with RJC = 1.9°C/W is
mounted on the heat sink described by Figure 2.13. The
ambient temperature is 40°C. Determine the minimum
forced-air velocity required to keep the transistor junction
temperature below 110°C.

Figure 2.13 Heat sink data for Problem 2.5. (Courtesy of
Aavid Corporation)
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0
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Heat dissipated (W)

2.6 A transistor is connected to a heat sink as shown in Figure
2.14. At time = 0— all the system components are at the
ambient temperature of 15°C. At time = 0+ the transistor
begins dissipating 38 W. The case temperature is measured
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and plotted versus time in Figure 2.15. Estimate the thermal
capacity for the heat sink.

Figure 2.14 Circuit for Problem 2.6.

Case
temperature
Ric
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&
=
I =t
s ©
Pp=38W D =

Figure 2.15 Temperature measured at transistor case for
Problem 2.6.
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1. We use the surrounding air as an ambient node in our
discussion.

2. In practice an electrically insulating but thermally
conductive pad is often placed between the transistor and the
heat sink. The thermal resistance of a pad used for a TO-3
case is about 0.5 °C/W.

3. Beware; this assumption is often invalid if the heat sink is
in a closed box!
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4. Equations 2.2 and 2.3 point out that for constant power
dissipation, the temperature of the system components track
the ambient temperature.

5. The mean time before failure (MTBF) of a transistor
decreases when it is operated near its maximum junction
temperature.

6. ... but the fan better not fail. See Problem 2.4.

7. Ambient has an infinite heat capacity.

8. With a circuit model, a circuit simulator can be used to
determine the thermal behavior for arbitrary inputs such as
pulsed power sources. A circuit simulator also allows you to

include your thermal system as part of a feedback loop.

9. You can estimate the thermal capacitance experimentally.
See Problem 2.6.
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3
HOW TO ANALYZE A CIRCUIT

Most of the analog circuits that you will encounter in the
workplace and in job interviews will be fairly simple. The
circuitry on most circuit boards consists of integrated
components connected together by small “clumps” of
interface circuitry that provide functionality such as level
shifting, filtering, or signal conditioning. Frequently this
circuitry is not documented, and, if you inherit the design
from another engineer, you will need to figure out what it
does and whether it does it correctly. This chapter shows
techniques for quickly and accurately analyzing these kinds of
circuits.

Analyzing simple circuits is a critical skill for job interviews,
but you may question the value of this chapter when an
inexpensive circuit simulator could be used to plot the
frequency response for most networks. In addition to showing
you how to quickly determine what a circuit does, this chapter
will provide you with intuition and insight required for
designing analog networks. By using the techniques reviewed
here, you will not only get the analysis result, but add the
circuit to your experience base and be able to modify and use
it in the future. Good circuit designers always keep an arsenal
of clever and useful circuits at their disposal.

Our approach to circuit analysis is as follows:

1. Simplify the circuit using techniques such as superposition
and Thevenin’s theorem.
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2. Write equations that describe the system.

3. Check the equations at DC and infinite frequency using
asymptotic analysis.

4. Use a tool such as Matlab to do the computations for the
frequency response or impedance.

This chapter does not review methods for drawing Bode plots
[1] because we can use the computer for plotting frequency
response. However, note that most of the examples are
reduced to the form used for drawing a Bode plot. If you are
familiar with Bode analysis, you are encouraged to
supplement the examples and problems in this chapter by
drawing Bode plots as they provide exceptional insight into
analog networks along with being extremely useful when
designing circuits.

The chapter begins by using Matlab to plot the frequency
response of an s-domain transfer function. This is followed by
several examples of analyzing practical coupling circuits. We
then show a powerful technique for analyzing ladder
networks, which are commonly used for analog filters.
Finally, we show how to analyze an arbitrary passive network
using matrix techniques similar to those used in Chapter 1.

3.1 FREQUENCY RESPONSE OF A TRANSFER
FUNCTION

Analog networks can be described by frequency-dependent
transfer functions. The transfer function is the complex ratio
of the output signal to the input signal. For example, the
transfer function of a lowpass RC filter relates the output
voltage to the input voltage:
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Vi (8) o |

(3.1)

To compute the frequency response substitute s = jw =2
into Equation 3.1, where f is the frequency in hertz. This is
done at a set of frequencies and the resulting set of complex
values is the frequency response. Frequency response is
typically displayed by showing the magnitude in decibels and
the phase in radians or degrees as shown in Figure 3.1.

Figure 3.1 Frequency response plot for a lowpass RC filter

with F3dB = 1000 Hz.
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The process of determining the transfer function for a circuit
often requires a significant amount of algebra and is
consequently prone to errors. Fortunately, it is possible to
partially check the transfer function by comparing it to the
circuit and using the technique of asymptotic analysis. This
does not guarantee that the transfer function is correct at all
frequencies, but does verify that the response is correct at DC
and at infinite frequency. Asymptotic analysis is a powerful
tool that will almost always reveal errors in transfer
functions. 1

The impedances of circuit elements based on frequency are
shown in Table 3.1.

TABLE 3.1 Impedances of circuit elements at different
frequencies

Resistor Capacitor Inductor
. i | [
Arbitrary frequency R J2xfL
J2afC
_f =0 s oo 1]
f=a0 R 0 o0

Figure 3.2a shows a lowpass RC circuit and its transfer
function. Figure 3.2b shows the equivalent circuit at DC
where it is seen that the gain is unity. The equation below
Figure 3.2b shows the substitution of s = jO in the transfer
function, which also gives unity. Figure 3.2c¢ shows the
equivalent circuit at very high frequency where it is seen that
the gain is zero. The equation below Figure 3.2¢ shows that
the substitution of s = jo in the transfer function also gives
Zero.
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Figure 3.2 At DC, the capacitor in the lowpass RC filter (a)
appears as an open circuit (b), and since no current flows
through the resistor, VO (s)/VI (s) = 1. At very high
frequencies, the capacitor appears as a short circuit (c) and
VO (s)/VI(s)=0.

At DC the capacitor
appears as an open

\circuit
R

+® L

+ @

Lo J

- &

| I |
Vils) % VOGS]' Viis) G Vals)
A

1 1
Hi(s} _r.: H(0) = RGJU—J,_r:
RC
(a) (b)

At very high frequencies
the capacitor appears as
a short circuit

A\

+ & .+

Vi(s) Vols)

Example 3.1. Plot the magnitude and phase of the frequency
response for the general second-order transfer function
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o
) oy
H

H(s) =

7 = |
=+ 28w, 5 + ar

where £ =0.7 and on = 21t x 10;MHz.

Solution. The Matlab script shown in Figure 3.3 generates
the required plot. Lines 1-3 give parameters used to specify
the analysis frequencies. These parameters are used later in
the script to create a set of frequencies that are uniformly
spaced when plotted on a logarithmic axis. Lines 6—8 allocate
matrices that will hold results prior to plotting. The loop in
lines 15-21 evaluates the response at each frequency point
and places the results in the result matrices. Line 16 computes
the analysis frequency. Line 17 computes the complex
frequency, s = j2n f. Line 18 substitutes the complex
frequency into the transfer function, and lines 19 and 20
update the result matrices. After the loop executes, lines
23-39 create the plot shown in Figure 3.4.

Figure 3.3 Matlab script for plotting the frequency response

of an s-domain transfer function. This technique is used
throughout this chapter.
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- end
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Figure 3.4 Frequency response plot showing magnitude and
phase for the transfer function of Example 3.1.
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3.2 FREQUENCY RESPONSE AND IMPEDANCE OF
SIMPLE CIRCUITS

Many simple coupling circuits can be analyzed using the
steps below:

1. Reduce the circuit using superposition and/or Thevenin’s
theorem.

2. Write an s-domain function for the transfer function using
voltage division.

3. Use Matlab to plot the frequency response directly from the
s-domain function.

An advantage of this technique is that it results in a transfer
function that can be analyzed using Bode analysis. Though
not covered here, Bode analysis is a powerful tool for
designing simple networks [1, 2].
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Example 3.2. The circuitry shown in Figure 3.5 is part of a
phase-locked loop.2 The error amplifier drives the circuit, and
its output is fed to the voltage-controlled oscillator (VCO).
Determine the frequency response from the error amplifier
output to the VCO input.

Figure 3.5 Circuit for Example 3.2.

10 k(2
L

VCO

Error amplifier

M

3.3 k2

1.8nF

Solution. To analyze the frequency response of this circuit,
the output resistance of the error amplifier and the input
resistance of the VCO must be considered. The datasheets for
the parts show that they are 2.5 Q and 500 k€, respectively.
Figure 3.6a shows the circuit with the error amplifier
represented as an ideal AC voltage source in series with 2.5 Q
and the VCO as a 500 kQ resistance to ground. Since the
series combination of 2.5 Q and 10 kQ is very close to 10 k€Q,
the 2.5 Q can be ignored. Similarly, since 500 kQ is much
larger than 3.3 kQ and 10 kQ, the 500 kQ can also be ignored.
The result of the simplifications is shown in Figure 3.6b.

81



Figure 3.6 Analysis models for the circuit of Figure 3.5. The
model in (a) includes the output impedance of the error
amplifier and the input impedance of the VCO. These
resistances are insignificant, so they are ignored and the
circuit is analyzed using the model shown in (b).
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The circuit in Figure 3.6b can be simplified further as seen in
Figure 3.7 where R1 is shown as Z2 and the series
combination of R2 and C is shown as Z1.

Figure 3.7 Further simplification of the circuit of Figure 3.6b.
The transfer function of this circuit is obtained using voltage

division.
+ — 7, I / s +

Vils) Vals)

T

Using voltage division, the transfer function is written as

Z:= A,

(3.2)

1 § 4 —
Z Ry + — R, R.C

Zitl LE T RMAR o 1
1T £ Rl+R‘+ﬂ, 1 2 "'+{R.+Rgrf

Hs)=

This equation looks somewhat complicated, but we can verify
that it gives the correct response at DC and at high
frequencies using asymptotic analysis. At DC the capacitor in
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Figure 3.6b appears as an open circuit, so inspection of the
circuit of Figure 3.6b shows that the voltage gain is unity.
Substituting s = jO into Equation 3.2 gives

1
Ry C

H(D) = ——
Ri+Ry, jo+ W
(3.3) 3 (R +R; )C

JO+

Similarly, when the input frequency is infinite, the capacitor
appears as a short circuit and inspection of Figure 3.6b gives

K
Hiw)l=—"—

=

And we find that substituting s = joo into Equation 3.2 gives
the same result as Equation 3.4:

(3.5)
1

RQC R"'

R, Jeo

H{m}: = . = -
R +R. ¥ Ri+R
VTR IO Rare T

Finally, we substitute the actual circuit values into Equation
3.2 and plot it using the Matlab code shown in Figure 3.3
resulting in the magnitude and phase plots in Figure 3.8.

Figure 3.8 Frequency response plot showing magnitude and
phase for Example 3.2.
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Example 3.3. Determine the Thevenin voltage and impedance
for the circuit of Figure 3.9a at 750 kHz. Represent the circuit
as a Thevenin source as shown in Figure 3.9b.

Figure 3.9 The circuit of (a) can be represented by the circuit
in (b) by determining the Thevenin voltage, VTH, and
impedance, ZTH.

L=25uH
O « A Z1H A
N G ~
x 0=o.o1l S S @
[=] 2 F b [=] W
o Vin=1V B ” ] TH
o
L * « B B
(a) {b)

Solution. Thevenin’s theorem [2] states that a circuit
consisting of linear circuit elements, such as the one in Figure
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3.9a, can be represented as a voltage source and a series
impedance as shown in Figure 3.9b. Thevenin equivalents are
commonly used to simplify circuits.

Determining the Thevenin voltage and impedance is done by
referring to the two diagrams in Figure 3.9. If there is no
external load connected to terminals A and B of Figure 3.9a
and the voltage between terminals A and B is measured, the
same voltage would be seen at terminals A and B in Figure
3.9b if it were similarly unloaded. Since there would be no
current through ZTH, this voltage would also be the Thevenin
voltage VTH.

If a short circuit is connected between terminals A and B in
Figure 3.9a then the current would be identical to the
short-circuit current of Figure 3.9b. With the Thevenin
voltage in Figure 3.9b known, the Thevenin impedance can
be computed as the Thevenin voltage divided by the
short-circuit current from Figure 3.9a.

Our strategy to determine the Thevenin equivalent of Figure
3.9ais as follows:

1. Compute the open circuit voltage of Figure 3.9a. This is the
Thevenin voltage.

2. Determine the short-circuit current of Figure 3.9a. The
Thevenin impedance is the Thevenin voltage divided by this
current.

To find the open circuit voltage of Figure 3.9a the transfer
function must be determined. We represent the inductor
impedance by Z2 and the parallel combination of the resistor
and capacitor by Z1 as shown in Figure 3.10.
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Figure 3.10 Simplification of the circuit of Figure 3.9a. The
transfer function of this circuit is obtained using voltage
division.

R
LS. =
= Slr—\ " 14+sRC
+ o— | 7, I /- +
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ik -3 J; . 3 i
The transfer function is
(3.6)
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Hisy= Z S L 1
i A %7 R g - s 2 3
| 2 IHRCJraL e e B
The Thevenin voltage is
Vols) :
Vig = - Vi) = H)Vi(s)

TH =™ g7
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The short-circuit current for the circuit of Figure 3.9a is
VI (5)
! Gl
(3.8) 5L

The Thevenin impedance is the Thevenin voltage divided by
the short-circuit current. This is computed using the results
from Equations 3.7 and 3.8:

VTH . H{.‘I'}l"rt{t"}

ZI-H = — = T :H{..‘r'}.hL

[ LaLLls
(3.9) 3C 5L

The lines of Matlab in Figure 3.11 are used to compute VTH
and ZTH. The equivalent Thevenin source is shown in Figure
3.12.

Figure 3.11 Matlab code for computing Thevenin voltage and
impedance. VTH = 2.1 —j0.56. ZTH = 6.55 +j24.75.

1 % Parameters for the circuic of Figure 2a

- R = 100;

3 L= J Se=8;

] = 0.01l==6;

5 Vin = 1;

é

7 % Evaluate H(s)at 750 kiHz.

] & = 1l3iT2"pi750e3; % Complex fregquency
a Hw= 1/[L*C)*1/ (8~2%a/(R*C)+1/ [L*C} ) % Tranafer function from Equaticn 6.
10

11 % Compute and display Thevenin voltage ac 750 kH=z.

12 ¥Th = H*Vin; & Egquacion 7T.

13

14 % Compute and display Thevenin impadance at 750 kHz.

15 ZIn = H*s*Ly % Egquation 9.

Figure 3.12 Thevenin equivalent circuit for Example 3.3 at
750 kHz.
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Example 3.4. Someone else designed the circuit in Figure
3.13 and you just inherited it. Determine what the circuit does
and if it appears to be designed correctly.

Figure 3.13 Audio coupling circuit for Example 3.4.

|
| 5V BY |
| |

| | £
+15V [ » 3300 |
| P 5 |
| |
BuF a0 i

--------- Il ] SV av I
| |
[ 3 § 3300 |
15V | 7 | —
| |
Arnplifi
External audio source : 1 il : PRI

I |

Circuit to be analyzed

Solution. This example is poorly defined, but typical of
situations you’ll encounter in the workplace. Working with
the designs of other engineers is an excellent way to build
your skill set.
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We begin with the clues shown on the schematic. The
amplifier on the left is marked “external audio source” so we
presume that the frequency of the signal of interest is in the
20 to ~15, 000 Hz range. We also note that the supply voltage
for the amplifier on the left is =15 V suggesting that its output
will be symmetric around 0 V. The amplifier on the right has
a single positive supply voltage of +5 V meaning that its input
should be centered around 2.5 V. The capacitor blocks the DC
between the two amplifiers. Since the power supply for the
external amplifier is £15 V, we might expect output
excursions in this range. Since the amplifier on the right has
only a 5 V supply, we would expect the circuit to provide
attenuation between the two amplifiers. We then note that the
diodes will conduct only if the voltage at their common point
lies outside of the voltage range — 0.7 < V < + 5.7. We
conclude that the diodes provide protection against large
voltage excursions at the input of the amplifier on the right.
The 820 Q resistor is part of the attenuator and also limits the
diode current when the input voltage is out of range.

To determine if the circuit is designed correctly we need to
answer the four questions below:

1. Does the circuit apply a 2.5 V DC offset at the input of the
amplifier on the right?

2. Does the circuit faithfully pass audio signals in the 20 to
~15, 000 Hz range?

3. Does the circuit properly attenuate the signal?

4. Does the circuit provide a sufficiently high impedance load
to the external audio source?

The first three questions can be answered by computing the
output of the circuit when the input is a sinewave. The
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analysis model is shown in Figure 3.14. Since the diodes do
not affect the circuit during normal operation they are not
shown.

Figure 3.14 Analysis model for circuit of Figure 3.13. The
diodes are not shown because they do not affect normal
operation of the circuit.

5V
ﬁamn
BUF gap g
+ l; N * +

The output is computed using the principle of superposition
[2]. Our first task is to compute the output due to the 5 V
supply with the signal input grounded. Next we compute the
output due to a sinusoidal input with the 5 V supply
grounded. The two outputs are added to get the composite
circuit output.

If the sinewave input is grounded as shown in Figure 3.15a,
there is only DC present and the capacitor appears as an open
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circuit. The resulting equivalent circuit is shown in Figure
3.15b and the output voltage due to the 5 V supply is

Figure 3.15 Circuit of Figure 3.14 with the sinewave input
grounded (a). Since the capacitor appears as an open circuit to
DC, there is no current in the leftmost branch and it is
removed (b).

Capacitor appears as an

open circuit to DC so
thera is no DC current in

this branch
BV BV
T 330 0 330 2
Input source
is grounded
8uF  gopn
\ —— + —————— 4+
| |
az0n  Vol®) 330 0 Yols)
(a) (b)
]
; . 330 .
Vey=3 =25V
= =~ s e T e
(3.10) 3304 330

This answers the first question above: The circuit indeed
applies a 2.5 V DC offset at the input of the amplifier on the
right.

With the 5 V supply grounded, the circuit appears as shown in
Figure 3.16. The response of the circuit of Figure 3.16b to a
sinewave input is
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Figure 3.16 (a) Circuit of Figure 3.14 with the 5 V source
grounded. (b) Circuit with 330 Q resistors combined into RP.

8 |‘II;F 8200 guF 820 0

#* It  § + —i +

| a La 1 | c R |
Vits) g <z Yol Vi) ReS 1850 Vols)

| I

(a) )
(3.11)
; RF‘ RF‘ 3

His)=

T R+ Ry ew 1
Rp+Ry+ oz R B (Ry+Rp)C

We use asymptotic analysis to check this result. At DC the
capacitor in Figure 3.16b has infinite impedance so it appears
as an open circuit and inspection of the circuit shows the
response will be zero. Substituting s = jO into Equation 3.11
validates this result. At infinite frequency, the capacitor
appears as a short circuit and we expect the circuit to act like
a voltage divider with gain equal to RP /(R2 + RP).
Substituting s = joo into Equation 3.11 validates this result as
shown in Equation 3.12:

(3.12)

R o0 R
Hix) = . o E

Ri+Rp jcot_ '  R,+R
2 P 1,rm+mj+ﬁp}c 2 P

Using superposition, the output voltage is equal to the result
of Equation 3.10 added to the result of Equation 3.11 or
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(3.13) E:D{"I} = :.5 -+ H"’&'.}IIEH{"I ]'

The transfer function, H(s), is plotted in Figure 3.17 which
shows that the 3 dB highpass coupling frequency is 20 Hz and
does not attenuate high frequencies. This answers our second
question: The circuit does indeed pass audio signals in the 20
to ~15, 000 Hz range.

Figure 3.17 Frequency response plot showing magnitude and
phase for Example 3.4.
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Figure 3.17 shows that the circuit gain in the flat region is
0.1675 or about 1/6.3 Therefore, if a signal from the external
audio source had a voltage swing of 30 Vpp then the output
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signal would have a range of 5 Vpp. This answers our third
question: The circuit does properly attenuate the signal.

Finally, we wish to determine if the circuit provides a
sufficiently high impedance load to the amplifier on the left.
We consult the manufacturer’s datasheet for the amplifier and
find that its output stage can drive loads greater than 2 kQ
without distorting. Referring to Figure 3.16b, and treating the
capacitor as a short circuit in the passband, the circuit
presents a 985 Q load to the amplifier. This answers our
second question: The amplifier on the left cannot drive this
network without distorting the signal.

The result of our analysis is that the circuit provides proper
correct DC bias, attenuation, and frequency response.
However, it presents an excessive load to the amplifier that
drives it and therefore does not appear to be designed
correctly.

Example 3.5. The circuit shown in Figure 3.18 is a loop filter
for a switching power supply. Determine the voltage transfer
function VO (s)/VIN (s) and plot the frequency response.

Figure 3.18 Loop filter circuit for Example 3.5. The

transconductance amplifier simplifies analysis because it
isolates the circuitry on the left from the circuitry on the right.
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Solution. The amplifier in Figure 3.18 is a transconductance
amplifier meaning that its output current is equal to the
product of the transconductance, gm, and input voltage, V1.
Figure 3.19 shows that the amplifier isolates the circuitry on
the left from the circuitry on the right thereby simplifying the

analysis.

Figure 3.19 Circuit of Figure 3.18 redrawn to show the circuit
model of the transconductance amplifier and the isolated
transfer functions.

+

Vipis)

H,(s) =

Vis)
Vipts)

=
@
nV4is)

®

Z,(8)

l

-

Referring to Figure 3.19, the transfer function for the circuit
can be determined as shown below:

and
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315 Vols) = g, V1(8)Zy(5)

Substituting Equation 3.14 into Equation 3.15 and solving for
the transfer function gives

Vals)
His) = =

7 N -!;IHIHIH}ZE{“
(3.16) Vinds)
Our strategy for determining the transfer function is to
compute H1(s) and Z2(s), and then substitute them into
Equation 3.16. Figure 3.20 shows the circuit redrawn to show
reference designators used for analysis.

Figure 3.20 Circuit of Figure 3.18 redrawn to show reference
designators. The transconductance amplifier is represented by
its circuit model.

Ca
—,_“7
Raa
‘. . . . s
g Rz
Vints) Aia o C‘D Ag Cop= Vols)
(=1
| car |

To determine H1(s), we begin by computing the impedance of
the parallel combination of CA and R2A:
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|
Roase; Rys

R, + A L4 8RyCy
(3.17) = $C A

Then use voltage division to get H1(s):

(3.18)
H,s)= Ria Ry L+ 35CR,4
T 'le'u +ZP B Rl."f'n +R.1."3|. ] + '“I'-"."LRIAR’_"P.
Ry +R;

We use asymptotic analysis to check Equation 3.18 at DC and
infinite frequency. Referring to Figure 3.20 it is seen that at
DC, capacitor C2A appears as an open circuit, and the
transfer function can be determined using voltage division
and resistors R1IA and R2A. At very high frequencies,
capacitor C2A appears as a short circuit and the transfer
function is unity. The reader is encouraged to verify this from
Equation 3.18.

To determine Z2(s) recall that the parallel combination of
elements ZA, ZB, ..., ZN is

(3.19) Zn  Zp Zy

Using Equation 3.19 and Figure 3.20, the expression for Z2(s)
is written by inspection:
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|
- l |
+ ,
(3.20) R Rap+(1/3Cp)

+5Csp

Substituting Equations 3.18 and 3.20 into Equation 3.16 gives
the final transfer function:

(3.21)
- Ria  145CRy, |
VS Rt &, T S
LA w1+ Ry+Ryy Ry Rza+'il.f'-?CJE;i'+‘{LB

The frequency response for the circuit is plotted in Figure
3.21.

Figure 3.21 Frequency response plot showing magnitude and
phase for Example 3.5.
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3.3 FREQUENCY RESPONSE FOR LADDER
NETWORKS

The analysis techniques presented in Section 3.2 will enable
you to quickly and accurately analyze most circuits you’ll
encounter as a working engineer. However, you will also
encounter circuits of greater complexity, and the techniques
of the previous section will not suffice. This section presents
a method for analyzing circuits consisting of alternating series
and shunt branches shown in Figure 3.22 and called ladder
networks. The technique shown here will enable you to
analyze most passive filters which are typically implemented
as ladder networks.
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Figure 3.22 Ladder network topology. Ladder networks of
any length can be quickly analyzed using the method shown
in this section.

Saries Saries Series
branch branch branch
+ Z | Z Z -+
Vipls) l [ Vols
) B E ”
/ N 7 I
Shunt Shurit Shunt
branch branch branch

Example 3.6. Determine the frequency response of the circuit
shown in Figure 3.23.

Figure 3.23 Ladder circuit. The structure of this circuit
simplifies analysis.

40.0uH 129pF 203pH  312pF

Folh L

=
=
& son Vals)
m
o

500

‘ A
Vlfs?.’-jf J

Solution. The analysis model is shown in Figure 3.24. Our
strategy is to first specify a voltage of 1 V for VO(s) and then
work backwards to determine VIN(s).4 This is done using the
procedure shown in the equations below at each frequency.
The dependence on complex frequency, s, is omitted for
clarity:

gaznF
0,780 uH
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Figure 3.24 Analysis model for the ladder circuit shown in
Figure 3.23.

i ==
(3.22) = 50 7 50
oy Va=VotiZ,

Va

Iy = —
(3.24) Zy

3as)iz =1+

c26) V= Va+isZ;
b= D

(3.27) Z,

c2s)ls =1y 13
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329 Vin = Vg + 1530

The transfer function is

V
H(s) = 0 _ I

(3.30) Vi Vin

The lines of Matlab used to evaluate the transfer function are
shown in Figure 3.25. The frequency response is plotted in
Figure 3.26 using the lines of Matlab code at the bottom of
Figure 3.3.

Figure 3.25 Matlab code for plotting the frequency response
of the ladder network of Figure 3.23.
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1 ¥ Spacify CCEpOREnTS.

2 Re = 50 b Sgurce resistance.

3 Cl= g.17a-9; Li = 0.780e-62 & I[epedance

i C2 = 129e-12; L2 = &3.0e-&; % Impedance I

5 €3 = 19,63 L3 = 0.323-6s b Inpzdan

& Cd = 312e=12: L4 = 30.3e=6" & Tmpedance I4.

T KL = 50 & Termination resiscance,

]

L]

10 StarcFreq = 0.lef; & Lovest fraguency to plot.

11 Huxbes = 27 § Mumber of decadea to plot.

12 PeobezDec = 200; ¥ Mupber of frequency poinca plected per deocade.

13

1 % Pre-allocate results matricica,

15 Maghesp = zercs (NoeDecsFrsFecDec, 1) % Marri concalning magnicude response.
16 FRageRESy ™ ISToE(NumDec"PrsPerDes,l); % MATTLIN CONCALRLNG phass CEARONSE.
17 Freq = geros (NumDecvPraferDec, i) b Marrix containing plot frequencies.
i8

15

20 § Compute fregquency response at frequency poince uniformly-spaced on & log pleoc,
n Ctor 1=1 : HumbDec*PraPerDec

22 | Freg(i) = ScarcFreq=10” [i/FrePerDec) & Evaluare ac chis fregquency.

13 &= 1) * I*pi*Fregii): % Decermine complex Craquency.

24

25 % Compute branch impedances at this fregquency.

26 1 = a*Li/(a*2°L1%Cl+l);

27 22 = avLd =+ 1/ (=°C2);

i I3 = 3°L3/ (3" 2°L3=C3el):

23 I4 = sa*L4 = 1/{a~C4):

30

n il = 1/RL: N Equation 22

32 Va =1 4 115247 % Equaticn 23

1 12 = Ya/I3 % Equation 4

24 43 = 42 + il; % Equacicn 2

kL] Yo = Va = 13*22: % Equacion 16

a8 14 = ¥Yh/Il: % Equation 27

a7 18 m 1% - 342 A Equation 28

EL] Vip = Vb + i5°Fs; % Equation I8

a2 H o= 1/ving A Equatien 30

40

41 MagReap i) = aba(H); % Plase magnituds fesponse in result matriw.
42 PhaseBesp{i) = angle(H)=380/ (2*pi): % Place phase response in result matrix,
43 “end

Figure 3.26 Frequency response plot showing magnitude and
phase for Example 3.6.
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3.4 GENERALIZED TECHNIQUE FOR DETERMINING
FREQUENCY RESPONSE

This section presents a generalized method for analyzing
circuits, where the fundamentals of circuit analysis are used to
generate equations and a computational tool such as Matlab is
used for the computations. The basic strategy is to use nodal
or mesh analysis to create a set of simultaneous equations
where the node voltages or mesh currents are the unknown
variables, and the impedances of the components and the
voltages or currents of the signal generators are known. The
set of equations is solved at each frequency point and the
resulting node voltages or mesh currents are used to compute
the desired result.
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Example 3.7. Determine the frequency response of the circuit
shown in Figure 3.27.5

Figure 3.27 Circuit for Example 3.7.

0.5 pH _
E00
+ +
380 pF 350 pF
il It
Vils) r\) 500 V,(s)

680 0

Solution. The circuit is first redrawn in Figure 3.28 to show
generalized impedances and mesh currents 11, 12, and I3.

Figure 3.28 Analysis model for Example 3.7.

e (V) Q ] C/ 2 < Vol
3

The voltage drop across any component is equal to the sum of
the mesh currents going through it multiplied by the
impedance of the component. Using Kirchhoff’s law, the sum
of the voltage drops in each closed path is zero.6
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The equation for the leftmost loop is

(3.31)
= V[N +1rlZl +‘IIZE _‘IEZE +Jr123 == ,[r3Z_jl = D

Or

(3.32)

(Zy+Zo+ Z3) I + (=Z5) L+ (~Z5) 15 = Vi
The equation for the upper loop is

(3.33)

Or

(3.34)
(L)L + (L+ L4+ L+ Zg) L+ (-Z,) [, =0
The equation for the rightmost loop is

(3.35)

L7 =% 4 EZ ~ Tt B =0

(3.36)
(=Z3) L+ (=) L+ (Z3+ 4+ Z4;) 1, =0
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Equations 3.32, 3.34, and 3.36 can be combined into a single
matrix equation in the form

canlLll] =1V]

From Equations 3.32, 3.34, and 3.36, matrices [Z], [I], and
[V] are

(3.38)
BT BT ok =7
[Z] = ~Z, Zy+Z;+ s+ 2 ~Z
—Z, ~Z, i+ Z,+ 7,
Il
Ul =|1
(3.39) I
VIT"I
[Vi=] 0
(3.40) 0

Equation 3.37 can be solved for[I] by premultiplying both
sides by [Z]—1 which gives

canlZIZIN = [Z]7'[V]

or
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caylll = [Z V]

The Matlab code shown in Figure 3.29 creates matrix [Z] at
each frequency and solves the matrix. Since the input voltage
is set to 1 in line 36, the transfer function is equal to the
output voltage. The frequency response is shown in Figure
3.30 and plotted using the lines of Matlab code at the bottom
of Figure 3.3.

Figure 3.29 Matlab code to compute frequency response for
Example 3.7.

i % Component values

z KL = 50;

] €2 = 3de-12;

& B3 = &BO;

5 L1 = D.Se—%r

B RS = 1;

7 CE = 380c-1r

[ ET = Bfi;

)

10 Staxcfreq = lebr

i HumDes = 17

12 PrsPeclec = 2007 otted per dacade.

i1

14 % Pra-pllosate rapulze maczricies

15 HagEesp = Zeros(NumDeceFreFerDec,1): ¥ MACELX COATALNIAG MAgniTuds Cesponae.
18 PhaseReap = zeroe (HumDec'PtePerDec, 1) % Matrix containing phase

17 Frag = zsrcs (NumDsc*FoePsrDac, 1) % MACTIE ATaining plot Sraquancies
18

1% for i = 1 : HumDec*FraPerDec

n Fregii) = ScartFoeq l0.”(1fFrafezDec): L

21 5 = 1j*2*pi*Freqgii); L]

s

13 v Compute iszpedances of esch component a e

2 I1 = Ri;

25 I = 1/ (a*C2):

6 23 = B3

Fal I4 = a*1l4;

8 25 = BL;

] 26 = L/ [2%C8)

n Z7 = R7;

I

32 2 = [2i+22+23, -Z2, —23F aumn % Create matrik 2

33 -11; T2T4425416, -I62 s

11 -23, -ZE, 33626+27] 2

35

16 o= [1r @: D)2

n I & Ir-19W; Ll requen
38

13 ¥ Since the iaput is 1V, the transfer Functisn is just 19 multiplied by W7,
40 MagResp (1) = aba (T{3}%27)2 ¥ Flaze magnituse sule maTris
i1 Phasefesp i) = angle (I (3)=I7)*360/ (Ivpa)y % Flace phase re iw.
42 &nd
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Figure 3.30 Frequency response plot showing magnitude and
phase for Example 3.7.

0
=
=~ =20 /!
[4r]
=
: |
o -40 i
[4E]
c

—60

108 107 10%
Freq (Hz)

__ 180
@
@ 90
o P
T 0 =M I
[k}
@ _gp
0

—-180

108 107 102
Freq (Hz)

PROBLEMS

3.1 For each circuit (Figure 3.31)

(a) Determine the transfer function VO (s)/VIN (s).

(b) Check your transfer function using asymptotic analysis.
(c) Sketch the frequency response.

Figure 3.31 Circuits for Problem 3.1.
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| I | | |
Vi(s) C Vols)  Wis) R Vals)
| Lo N

(a) b)

R R
+ A : + + A ’ +
| Ld vy | [
Viis) c L V=) G
|| Ol Viis) Vals)

. | L
S : (T
() (d)

3.2 Determine and plot the transfer function VO (s)/VIN (s)
for the circuit in Figure 3.32 using one of the following
strategies:

(a) Create a Thevenin model of R2, C, and the input source.
Then connect R1 and L, and use voltage division.

(b) Determine the parallel combination of C and the series
combination of R1 and L. Then use voltage division.

Figure 3.32 Circuit for Problem 3.2.

R,=133Q R,=1.330Q
+ Vi ™ +

Vinls) @) |
|

3.3 The high-pass coupling network in Example 3.4 was
found to be unsuitable because its input impedance was too

0.56 uF
1.0 puH

i Vals)

=

c
L
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low for the amplifier driving it. Update the circuit so that its
input impedance is 5 kQ and all other characteristics are
unchanged. Hint: Start with Figure 3.16b or see Section 1.2
for design equations for this network.

3.4 Determine the transfer function for the audio circuit
shown in Figure 3.33. Hint: Note that the amplifiers decouple
the circuits thereby simplifying analysis.

Figure 3.33 Circuit for Problem 3.4.

Transconductance

ampliflar Voltage amplifler
Gy = 0.007 a,=2
1 pF
. II-IL rl>\_ D 3.3ka .
Y @ 7.5k 51k 0.01 uF| ootur| v

3.5 In Example 3.5 we determined and plotted the transfer
function for a loop filter circuit. However, our transfer
function was not in a form that provided insight about the
circuit. Show that Equation 3.21, the transfer for the network,
can be expressed as

(3.43)

;g S+ —
3

H(s) = g

' o | 2m oy 9E ; 2

Cops4+— 3~ +28m, 8 + -

s
i

|
c

3

where

GanT = RyACa
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I RiaRyy
%5 A
(3.45) Ria + R

(3.46) T3 = R,gCip
B |
VR pRpCi5Cag

G RigCig +RigCip + RigCop
(3.48) 2v/RigRpC 505

3.6 Plot the frequency response for the circuit in Problem 3.2
using the ladder method.

3.7 Plot the frequency response for the circuit in Problem 3.2
using mesh currents.

3.8 Plot the input impedance for the circuit of Example 3.7.
(Hint: Refer to Figure 3.28.) The input impedance is ZIN (s)
= VIN (s)/I1 (s). Check your plot at high and low frequencies
by inspection of the circuit at DC and infinite frequency.

REFERENCES

o

=

(3.47)

1. wikipedia. Bode Plot. Available: http://en.wikipedia.org/
wiki/Bode Plot (Accessed 11-30-2013.)

2. C. K. Alexander, Fundamentals of Electric Circuits,
McGraw Hill, 2012.
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4. F. Gardner, Phaselock Techniques, John Wiley & Sons,
1979.

1. If you are asked to determine a transfer function on a job
interview, always check your result using asymptotic
analysis. If your transfer function is incorrect, but you can
show it’s incorrect with this technique, it demonstrates you
have good understanding of circuit analysis.

2. This circuit is a passive second-order loop filter as
described in [4].

3. Note that this could also be determined from Equation
3.12.

4. Therefore the transfer function H(s) = 1/VIN (s).

5. This clever notch filter circuit can be found on page 6-19 of
[3]. The 680 Q resistor significantly increases the notch
depth.

6. This is the same method used for solving resistive circuits
in Chapter 1.
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4

HOW TO USE STATISTICS TO ENSURE A
MANUFACTURABLE DESIGN

A manufacturable product is one that can be easily
reproduced hundreds or thousands of times on the
manufacturing floor and, when placed in service, perform
properly and not be excessively prone to failure. Design for
manufacturability (DFM) is a valuable skill because it
prevents expensive and time-consuming design changes,
production line changes, warranty expenses, and damage to
the company’s reputation.

After a product is designed, it is common to build a small
number of prototype units. These units are used for debugging
and testing, but since they represent only a small statistical
sample, they are not sufficient for establishing whether the
product is actually manufacturable. Fortunately component
manufacturer’s datasheets include information about the
variability of their parts so that designers can estimate failure
probabilities when hundreds or thousands of the parts are
used. This chapter will help you understand the
manufacturer’s specifications and show how to estimate
failure probabilities of systems consisting of multiple parts.
These techniques will help you design products that will
succeed both on the manufacturing floor and ultimately in the
hands of your customers.

Technical interviews usually cover basic statistics because

most companies have had experiences with products that
failed because they could not be reliably manufactured.
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Making design changes once a product is on the
manufacturing floor is extremely expensive, so companies
want to insure that new hires can use statistics during the
design phase.

This chapter reviews several basic skills related to
manufacturability. We begin by using the concept of
statistical independence to determine the probability of a
system failure due to failure of a single component. We then
review how to use the Gaussian or normal distribution and
show how it can be used to solve practical manufacturing
problems such as establishing test limits. Finally we show
how statistics can be used to specify and design a custom
component.

4.1 INDEPENDENT COMPONENT FAILURES

In this section we solve a practical problem using the concept
of statistical independence.

If events are statistically independent then the probability of
all events occurring is the product of the probabilities of the
individual events occurring. Loosely speaking, events are
statistically independent if the outcome of one event has no
effect on the probability of any of the other events. For
example, say we have a bin of transistors and we are told the
probability of picking a bad one is 0.01 or 1%. Assuming the
bin is well mixed, meaning bad transistors are fully
interspersed with good ones, the probability of picking a good
one is not affected by whether any other one picked was good
or bad. The probability of picking two bad ones in a row is
0.01 x 0.01 = 0.0001 or 0.01%, the probability of picking
three in a row is 0.01 x 0.01 x 0.01 = 0.0001%, and so forth.
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This concept is important to our discussion because
frequently systems require all (or nearly all) of their
components to work for the system to work. If the probability
of each constituent device not working after it is stuffed onto
the circuit board is known, and if device failures are
independent, then the manufacturing reject probability of the
assembly can be estimated as shown in Example 4.1.

Example 4.1. An antenna tuner circuit board constructs RF
matching networks1 by switching inductors and capacitors in
and out of the Pi network with relays as shown in Figure 4.1.
The manufacturing test for the tuner requires every relay to
work properly. It is known that after insertion in the PC board
the probability of a relay not working is 0.1% or 0.001. What
is the probability of a board failing manufacturing test due to
a defective relay?

Solution. The probability of a defective relay is 0.001 so the
probability that a relay is good is

anPc=1=Pg=1-0.001 =0.999

A board will pass the manufacturing test if and only if all the
relays are good. There are 12 relays on the board and we
assume defects are independent so

4.2)
P (all relays good) = Pg = 0.999'* = 09881

The probability of the board failing the manufacturing test is
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(4.3)
P (fail manufacturing test) = 1 — P(all relays good)

=1-0998] =0.0119=12%

Figure 4.1 Antenna tuner Pi network. All relays must work
properly for the board to pass the manufacturing test.

Relays switch components

/ in or out of the network

3, N i

e .
Input J Qutput
— FYYTR Ty Y YT

ELL }Ef}
1117

i
———

1
4.2 USING THE GAUSSIAN DISTRIBUTION

Many processes in electronic manufacturing follow the
normal or Gaussian distribution.2 For example, if the voltage
at the same test point on 100 different circuit boards is
measured, the data will very likely be Gaussian distributed.
Alternatively, the measurement could be the 3 dB bandwidth
of a filter, the value of an inductor, and so on, and the results
would again follow a Gaussian distribution.3

The Gaussian distribution is a powerful tool because:
1. The statistical behavior of a Gaussian-distributed process is
fully defined by just two parameters, mean, m, and standard

deviation, o. If these parameters are known, other useful
information about the process can be extracted.
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2. If samples from different Gaussian-distributed processes
are added together, the result is another Gaussian-distributed
process.

Using the Gaussian distribution we can

1. Combine multiple Gaussian-distributed error sources to
determine expected variations of a measurement at a circuit
test point.

2. Measure data, extract the mean and standard deviation, and
then use the Gaussian distribution to make meaningful
predictions about the process.

The probability density function (or pdf) for the Gaussian
distribution is shown in Figure 4.2. The equation for the curve
is

flx, m &) = o= 1/20-m/a’
| 3

where m is the mean or expected value and o is the standard
deviation.

Figure 4.2 Gaussian probability density function (pdf). The
area under the curve between two points on the horizontal
axis is the probability that the measurement falls between the
two points.
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The probability that the measurement
fallz within + 1 standard deviation from

the mean is the shaded arsa
under the curve
The total area under the curve is 1
r /

Tha probability that the measuremant
falls between a and b is this shaded area

plfix)

s

mean —
mean
mean + ¢

The cumulative distribution function (cdf) is obtained by
integrating the Gaussian pdf in Figure 4.3a from —oo to ¢ and
gives the probability that the random sample is less than c.
The cumulative distribution function, or cdf, is shown in
Figure 4.3b.

Figure 4.3 Integrating the Gaussian pdf (a) from - to ¢ gives
the probability that a random sample will fall below c. The
cumulative distribution (b) shows the probability that a
random sample will fall below the value on the horizontal
axis.
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P b
=
Z The shaded area
below the pdf is the
probability that x < ¢
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g //
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o
1.0
Cumulative
distribution < The value of the cdf is the
function {edf) / probability that x < o
Prob {x=c)
= >
[+ X
ib)

There is no closed form solution of the integral of the pdf in
Equation 4.4, so lookup tables must be used to compute cdfs.
Tables are tabulated with the mean set equal to zero. The
most common table tabulates the error (or erf) function4:

(4.5)

erf | — | = Probability(x lies with in + k)
g,

The example below shows how to solve a practical problem
using erf( ).
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Example 4.2. The voltage at a circuit test point is known to be
Gaussian distributed with mean value 1 V and ¢ = 30 mV.
What is the probability of observing a value less than 0.96 V?

Solution. 0.96 V is 40 mV below the mean. Expressed in
terms of ¢ it is

(4.6)

_40 mV = _-M] mV ‘ 40 mV

= .g=-=1.33
o o 30 mV ¢ o

Using Equation 4.5 we get the probability that the
measurement would be within the range + 1.330 as shown in

Figure 4.4a:
(4.7)
f = r = - I.j‘j ]
P(-1336 < V< —1.336) = erf = 0.8176
3

-

The probability that the voltage is not within the range of +
1.373c is shown in Figure 4.4b and computed as

(4.8)
1-P(=1336 < V<~-1330)=1-0.8176 = 0.1824

Since the distribution is symmetrical, we get the final answer
by dividing the shaded area in Figure 4.4b by 2 which results
in Figure 4.4c. The final answer is
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(4.9)

1.3

| —erf (23
P(V<096V)= =L =0.092 =9.2%

=

I

Manufacturers of electronic components often specify the
tolerance of their parts using an absolute limit. For example, a
component might have a £5% tolerance meaning that the
manufacturer guarantees the actual value of the part is within
+ 5% of its mean value. It is common, though not always
perfectly accurate, to interpret the specification as a + 3o limit
as shown in the following example.

Figure 4.4 To get the probability that the measurement is less
than 0.96 V start with the erf( ) function (a), then manipulate
the result as shown in (b) and (c¢).
a1 332

gives the shaded
arsa

1 - erfi1.23072)
gives the total
shaded area

0986V
1V
1.04V
0.96 W1
1V
1.04V

(1 - erf(1.324T) 2
gives the desired result

0.95 V-
1V |
1.04 W

(c)
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Example 4.3. Resistors in a bin have a mean value of 4.7, k Q
and a tolerance specification of +5%. What is the probability
of picking a resistor with a value greater than 4.85, kQ?

Solution. We interpret the £5% tolerance specification as a +
3o value and compute o:

(3.05
=
(4.10) 3

% 47000 = 78.3Q

The difference between the limit and the mean is normalized
to o:

(4.11)

4850 L — 47008 [ 50 €2
Xo=——Xo=19lc

a T78.30)

The probability of picking a resistor between = 1.91c from
the mean is

1.91

erf = ().944

-
(4.12) V<
The probability of picking a resistor above this range is half

the probability that the resistor is outside the range in
Equation 4.12:
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(4.13)

P(R> 48500) = 1 =094 _

~

0.028 =2.8%

We frequently encounter problems where we are interested in
the sum of multiple variables, each from a different
independent Gaussian process. This will be seen in Example
4.4 where the voltage at the output of an op-amp is affected
by the input offset voltage of the op-amp and by the
variations in the resistors used to set the circuit gain. Under
these circumstances we use the important result that the
voltage at the op-amp output is also Gaussian distributed. If N
independent Gaussian-distributed variables are added, the
mean and standard deviation of the result are computed as
shown in Equations 4.14 and 4.15:

@1qMedng =ty 4y + -+ iy

— 2 20 .. 2
(4.15){}'51_”“ = Vﬂl +JE T +J."'-."

where mi is the mean of the ith variable and oi 1s the standard
deviation of the ith variable.

4.3 SETTING A MANUFACTURING TEST LIMIT

Consider the case where a sensor is connected to an ADC
through a non-inverting amplifier5 as shown in Figure 4.5.
During manufacturing test, the path between the sensor and
the amplifier is disconnected and the board test fixture injects
1 VDC at the amplifier input. The fixture then measures the
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amplifier output and compares it to the test limits. Provided
the circuit has been properly constructed, the voltage
measurement will only be affected by the resistor tolerances
and the input offset voltage of the op-amp. The goal is to set
the manufacturing test limits at the amplifier output.

Figure 4.5 The measured voltage VM is affected by the
tolerances of R1, R2, and the input offset voltage of the
op-amp. If the component variations are Gaussian distributed,
then VM will be Gaussian distributed also.

Sensor [ |
ADC
/ A

This path is broken
during testing

= With the test voltage applied,
the board testar measuras
- / the voltaga at the circuit
Withthe sensor |- - + I output
disconnactad, the board /'kl V=1V Y
taster applies 1 V to the |
circuit :
|
|

If the limits are set too wide, then boards with incorrect or
marginal components could pass the test but possibly fail in
the field. If the limits are set too narrow, then correctly
assembled boards with good components could fail the test,
be rejected unnecessarily, and increase rework costs.
Different organizations have different philosophies on how
test limits should be set. Regardless of the philosophy, it is
important to understand the relationship between the
variations of a circuit output and the variations of the
components that affect it.
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Example 4.4. The tolerance of the resistors in Figure 4.5 is +
2% and VIO for the op-amp is £ 5;mV. The tolerances can be
interpreted as 3o limits. Set the test limits at the amplifier
output for a failure probability of 0.1%.

Solution. Our strategy is to first compute the mean value of
the amplifier output. We then compute o; at the amplifier
output due to the individual contributions of R1, R2, and
VIO. These contributions are combined using Equations 4.14
and 4.15 to get the standard deviation of the amplifier output.
Finally we use the erf( ) function to set the test limits for the
required failure probability.

In Chapter 6 it is shown that the voltage at the output of the
noninverting op-amp circuit is

R,
l.'_._r_} =F 'I._I,FT I + —
L R]

(4.16)
where VT is the input voltage.

The mean of the amplifier output is the test voltage, VT,
multiplied by the gain of the circuit or

(4.17)

R
menn:VT I+R—‘ =141=2V
|

The change in VO with respect to R1 is found by
differentiating Equation 4.16 with respect to R1:
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dVy R,
®, - "R
@.18) | |
So,
5 R, .
dVg = —El*-r dR,
(4.19) |

The standard deviation ¢ at the amplifier output is computed
by setting dR1 in Equation 4.19 equal to the standard
deviation of R1. The negative sign is dropped because the
standard deviation is a statistical parameter, not a voltage:

R
J]i.'

£l R..-:.

T‘-"’Rl
(4.20)

Since the resistor tolerance, Tol, is a = 36 specification, cR1
1S
= Tol
Ry — |
@21) 3

Substituting Equation 4.21 into Equation 4.20 gives

4.22)
R-‘,u ~ RE 3 TD' R? - Tﬂ'l - T'DI

JVU = Rz.ifrTJRl RE I’TTRl = R—I‘,f.-r—}r = ];TT
| ) - -
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Substituting values into Equation 4.22 gives the standard
deviation at the output due to variations in R1:

(4.23) Tol 0.02
oy, = Vi =1x—===667mV

By a similar procedure (see Problem 4.4), ¢ at the amplifier
output due to variations of R2 can be shown to be

(4.24) R,
Tol 10,000 0.02
.l' — i V
Vg 3 =¥ pm> g -om

In Chapter 6 it is shown that the op-amp’s input offset voltage
is multiplied by 1 + R2 /R1 and seen at the output of the
op-amp. Since the + 36 tolerance for VIO is 5 mV, o at the
output is6

(4.25)

0.005 (I+ 10K

i = : = 3.33 mV
Vo 3 IUI{)

The individual ¢ values are combined using Equation 4.15 to
get ¢ at the amplifier output due to the three error sources7:

(4.26)

= /0.00672 + 0.00672 + 0.0033% = 10.00 mV

ﬂ.—"«.mpli fier cutpt
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The desired failure probability is 0.1% or 0.001 so the
probability of success is 1 — 0.001 or 0.999. We consult an
erf( ) table [1] or use the Matlab function erfinv( ) and find
that erf(2.33) = 0.999. Using the scaling shown in Equation

4.5 we multiply the argument in the erf( ) function by %E to

get 3.29. Therefore our desired test limits are +£3.29 ¢ away
from the mean or

@27 _
Test limits = 2.0+ 3.20x 10.00 mV

and the board passes the test if
28 1967 V < V5 < 2.033
4.4 PROCURING A CUSTOM COMPONENT

Sometimes, instead of using off-the-shelf parts such as
integrated circuits, a custom part must be specified and used.
An example is the toroidal inductor shown in Figure 4.6. A
toroidal inductor is a subsystem consisting of a ferrous core
surrounded by a number of turns of wire. The actual
inductance of each inductor depends on the core permeability
and how the inductor is physically wound. Toroids are built to
the designer’s specifications by companies with specialized
winding machines.

Figure 4.6 Toroidal inductor. (Photo courtesy of
Standex-Meder Electronics)
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Say the toroid manufacturing process produces parts with a
306 tolerance of 5% and, since the toroids are wound with an
integer number of windings, a mean 2.5% above the desired
value. Furthermore, we know that boards will fail if the parts
are greater than 5% from the desired value. If the parts are
installed on the boards, then manufacturing costs will rise
because failures must first be traced to the toroid and then the
toroid must be replaced. Sometimes toroids are measured
either by the manufacturer or the board manufacturer, and
parts not meeting the tolerance specification are either
reworked or scrapped. In both cases manufacturing costs rise.
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It is difficult to isolate and control the effects that cause
manufacturing variations in subsystems such as toroidal
inductors, but understanding the statistics of the process will
help the designer make informed decisions about tolerance
versus cost. A good way to approach the problem is to have
the manufacturer build a small number of prototype samples,
measure the samples, estimate statistical parameters, and
finally use the estimated parameters to predict whether the
parts will be acceptable when manufactured in large
quantities. As shown in the next example, the Gaussian
distribution provides the necessary tools.

Example 4.5. Our design requires a 6.25 uH toroidal inductor.
If the inductance is not within = 5% of the mean, the design
will not work properly. We must work with an inductor
manufacturer to procure a part for this design.

Solution. We choose Micrometals core T94-10 [2]. The
inductance of a toroid is described by Equation 4.29:

2
(4.29) L=A L &

where L is the inductance in henries, AL is the core constant,
and T is the number of turns of wire wrapped around the core.
The core constant for the selected core is 5.8, nH/T2.

The number of turns required is obtained by solving Equation
4.29 for the number of turns:
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(4.30)

9 0
7=t _ \/f""” 10 _ 228 iins
Ap 5.8 x 10~

We procure 25 prototype inductors with the T94-10 core
wrapped with 33 turns of wire. The measured inductance for
the prototypes is shown in Table 4.1 and the mean and
standard deviation are calculated using Excel or Matlab.

TABLE 4.1 Measured inductance of 25 prototypes in puH

6.23 fh.23 6.23 6.23 6.23
612 612 6.12 6.12 a6.12
f.03 603 603 .03 6,03
62 6.2 6.2 6.2 6.2

.12 6.12 B 12 6,12 6.12

The measured mean is 6.08 pH. The standard deviation is 0.126 uH.

It is always worthwhile to plot a histogram [3] of measured
data. The histogram shown in Figure 4.7 shows how many
parts fell within each of 10 equally spaced intervals. A
Gaussian pdf with the same mean and standard deviation is
overlaid over the data. Since the sample size is only 25 units,
it does not match the Gaussian curve exactly. But it does
show that the data cluster about the mean as a Gaussian
distribution should.8 If the histogram did not exhibit this
behavior it could indicate problems in the manufacturing
process.9
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Figure 4.7 Histogram of inductance values shows how many
parts fell within each of 10 equally spaced intervals. The
Gaussian pdf with the measured mean and standard deviation
overlaid on the histogram suggest that the data are indeed

Gaussian.
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The mean of the
measured data
is 6.08 nH

The difference between the measured mean and the desired

mean expressed in percent is

4.31) |
6.08 uH - 6.25 uH

6.25 uH
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The standard deviation (o) of the measured parts expressed in
percent is

0.126 uH

— % 100 = 2.02%

32 6.25 pH

At this point we use Figure 4.8 to evaluate the manufacturer’s
ability to satisfy our requirement.

Figure 4.8 The probability of a measured part falling within
+5% of the desired value is only 87%. This is undesirable
because it results in a 13% scrap rate.

Maan valus of measurad parts
i 6.08 uH, or 2.72% balow the
clesined valus

Desired value is 6.25 pH

Shaded area is the probability that
tha measured parts fall within = Extrapolatad pof with maan

5% of tha desired valua and sigma from prototype
/ -
/ M Units of ¥-axis are parcent
armor from the desired

valua of 6.25 uH

Desired tolerance i £5%

—5% —2.72% (S S
]r l J' l x-axis ralabaled to show
standard dewiations from
I I T I the mean of the measurad
4180 Oa 1350 382 Rl

The probability of these parts falling within + 5% of 6.25, uH
is
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(4.33)

1 1 1.13 1 382
— | erl + erl

2\ \V2 V2

The 87.1% pass rate means that about 13% of these parts will
not be usable, resulting in an unacceptably high scrap rate.

= 87.1%

Since the design formula of Equation 4.29 is only an
approximation, we consider the idea of adding an integer
number of turns of wire to the part. The percent change in
inductance resulting from adding a turn of wire is

(4.34)
i (P4 1)%—A;: T2 2T + 1
%Change = L AT L %100 = % x 100
2.33
=23+ 100=615%

Since Figure 4.8 shows that the error in the mean of the
prototype parts is —2.72%, an adjustment of 6.15% only
increases the magnitude of the error, so adjusting the number
of turns is not an option.

At this point we modify our design by changing the circuitry
surrounding the inductor such that the desired inductance is
equal to the mean of the prototypes or 6.08 pH as shown in
Figure 4.9. To determine the resulting scrap rate, we first
compute the ratio of the measured ¢ to the mean: 0.126, p
H/6.08, uH = 0.0210 = 2.1%. This makes the +5% limit +
5/2.1 =4 2.41c. The resulting scrap rate is
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Figure 4.9 The design is changed so the desired mean
matches the mean of the measured parts. This improves the
scrap rate from 13% to 1.6%.
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parts

g
| — ert S

(4.35) \.’/3

In addition to showing how to work with a set of measured
data, this example shows the value of working cooperatively
with a component vendor. In this case, the vendor could
conveniently supply parts at a certain value. By determining
that value with a prototype build and then accommodating it
in the design, the scrap rate for the part was reduced from
13% to 1.6%.

= 1.6%

PROBLEMS
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4.1 A radio transceiver consists of 1037 discrete components.
All components are required for the radio to work properly.
The probability of any component failing once the receiver is
assembled is 10 x 10—6. Assuming device failures are
independent events, what is the probability that a transceiver
will fail after assembly?

4.2 The relays shown in Figure 4.10 are part of a medical
device. This redundant configuration is controlled so that the
relays are either both open or both closed. If the path cannot
be closed (meaning neither relay closes) the patient’s life is
endangered. If the path cannot be opened (meaning neither
relay opens) then the device requires replacement, but the
patient is not compromised. The probability of a relay not
closing or opening when required is 1 x 10—4 and relay
failures are considered independent. What is the probability
that the path will not close when required? What is the
probability that the path will not open when required?

Figure 4.10 Circuit for Problem 4.2. The two relays are
connected in parallel to reduce the probability of the path not
closing when required.

L

4.3 The mean of a Gaussian-distributed process is 48.22 and
the standard deviation is 4.0. Use the erf( ) function to
determine the probability that a value would fall in the range
49.1 <x<50.1.

4.4 In Example 4.4 the standard deviation of the voltage at the
amplifier output due to R1 was cVO = VO(Tol/3). Show that
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the standard deviation at the amplifier output due to R2 is
oVO = VT(R2/R1):(Tol/3).

45 A test point in a circuit is affected by 50
Gaussian-distributed sources of error. The standard deviation
from each error source at the test point is 10 mV. The mean
voltage at the circuit output is 0 V. What should the test limits
be so that boards within +3¢ will pass? Another engineer
suggests that since the “worst case” from each source is 3¢ or
30 mV, the worst-case test limits should be 50 times that or
+1.5 V. What do you tell him?
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1. Matching networks are discussed in Chapter 9.

2. The terms “normal” and “Gaussian” are used
interchangeably in this chapter.
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3. This is a consequence of the central limit theorem which
provides insight into why the Gaussian distribution describes
SO many processes in nature.

4. Erf( ) is a built-in function for both Matlab and Excel.
5. Noninverting op-amp circuits are discussed in Chapter 6.

6. At this point we see that the contribution from VIO is
affected by the variations of the resistors meaning that the
sources of error are not perfectly independent. Since the effect
is small, we assume independence.

7. Another useful result of this analysis is that it shows the
error in the output is primarily due to the 2% resistors.
Attempting to reduce the error by using an op-amp with a
lower VIO would increase component cost and provide only a
small improvement.

8. See [4] for methods of estimating the degree of
conformance to a normal curve.

9. If the distribution shows a hard edge corresponding to the
customer’s upper or lower specification then the manufacturer
may be sorting parts and either discarding or reworking those
that don’t pass. Either the manufacturer or the customer must
pay for this.
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HOW TO DESIGN A FEEDBACK CONTROL SYSTEM

Feedback control systems allow a person or a machine to
specify something a machine must do. For example, a
surgeon can use a robotically controlled instrument to
perform precision surgery, or a radio receiver can adjust its
gain so the listener hears the desired volume despite the
received signal level varying by decades of magnitude. Or on
the manufacturing floor, a cutting wheel can be controlled to
make precise cuts even though the characteristics of the blade
change as it wears. Another use for control systems is
self-calibration of electronic systems. In these applications an
accurate sensor is used to compensate for manufacturing
variations, temperature variations, and aging of system
components. This not only reduces manufacturing costs, but
also insures a long product lifetime.

The above examples show that control systems, or servos, 1
save human effort, reduce manufacturing costs, and increase
product quality, and they all include electronics, so control
systems should unquestionably be a part of your skill set.
Anyone who has designed, debugged, and then watched a
servo in operation will tell you that it was fascinating and
enjoyable. Developing a servo often involves theory,
circuitry, firmware, heat transfer, and mechanical parts. The
best servo designers put on their safety glasses and then bend
things, break things, and sometimes get firsthand experience
with the fire extinguisher!
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Analysis and design of sophisticated servo systems can
quickly become complicated and difficult, but the majority of
servo design requirements can be satisfied using the simple
first- and second-order servos discussed in this chapter. We
begin by showing that most servo systems you encounter can
be put in the classical block diagram form shown in control
systems textbooks and analyzed using a few basic equations.2
We then discuss the parameters typically used to quantify or
specify the performance of servo systems. Next, we discuss
why first- and second-order servos are so common, and then
show how to design them. For those that would like to gain
some hands-on experience, Section 5.5 shows a schematic
diagram of a simple second-order servo which can be built
from a few inexpensive parts. Finally we show how to design
discrete servo controllers using hardware or firmware.

5.1 INTUITIVE DESCRIPTION OF A CONTROL SYSTEM

Consider the automotive speed control system in Figure 5.1.
This system accepts a desired speed from the driver and
controls the accelerator so the car will travel at the desired
speed. Intuition tells us that pressing the accelerator harder
generally makes the vehicle go faster, but we know that that
there is not a one-to-one correspondence between accelerator
position and speed. In fact, while driving we usually have no
idea how far the accelerator is from the floor. The uncertainty
is partly due to the engine and drivetrain and partly due to the
terrain profile, that is, whether the car is traveling uphill or
downhill. The path between the accelerator position and the
vehicle speed is modeled in Figure 5.1 by the actuator, which
represents the engine/drivetrain, and a summing junction that
represents how the car’s speed is affected by terrain (the
disturbance). The vehicle speed is measured by a sensor in the
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system and fed to the controller that compares the measured
speed to the desired speed or setpoint by subtracting the
former from the latter. The result of the subtraction is the
error signal which is filtered and fed to the accelerator pedal.

Figure 5.1 The basic elements of a control system are shown
in an automotive speed control system.
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In the example above, the servo system frees a human
operator from having to perform the critical but simple task of
speed control. Another common motivation for using a servo
system is to use an accurate sensor to control the output of an
actuator which is corrupted by disturbances or other
inaccuracies. In many cases the actuator is the cornerstone of
the servo design because it is the most expensive component.

5.2 REVIEW OF CONTROL SYSTEM OPERATION

The key to understanding the control system of Figure 5.2 is
to note that it always attempts to drive the error signal to zero,
which is the same as driving the system output to match the
setpoint. If a disturbance makes the output signal less than the
setpoint, then the error signal will be positive and the
integrator3 output will increase, thereby causing the actuator
and hence the system output to increase. If the output is
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greater than the setpoint, then the error signal will be negative
and the integrator output will decrease, causing the actuator
and the system output to decrease.

Figure 5.2 Elementary control system. The heavy lines show
where high power is flowing.

Power
stk Disturbance
Error signal 1
Setpoint J = System
¥ Jdr > ﬁ,:»: ) » output
= Actuator Sensor

The bold lines in Figure 5.2 emphasize the notion that the
actuator is frequently the device that manipulates the power in
the system. It moves the load, controls the current, heats the
room, and so on. The disturbance illustrates the idea that the
transfer function between the actuator input and system
output can change with varying operating conditions. For
example, if the actuator lifts a load, the weight of the load will
affect its input—output relationship. When the system is
observed during operation, a disturbance will initially cause
an error that will cause the integrator output to change,
thereby adjusting the actuator so that its output again matches
the setpoint, which causes the error to return to zero. Note
that when the disturbance is corrected, the integrator has
changed but the system output has not.
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The feedback control system of Figure 5.2 is often
represented as shown in Figure 5.3. This representation
emphasizes the controller as a stand-alone unit and is often
seen in commercial literature.

Figure 5.3 Showing controller/actuator viewpoint. The
controller is frequently a small, stand-alone unit consisting of
analog or digital circuitry.
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For analysis and design of control systems, a system
schematic such as the one shown in Figure 5.4a is converted
to the simple block diagram shown in Figure 5.4b.

Figure 5.4 A schematic of a control system (a) is represented

by the classical system diagram (b). The classical system
diagram is applicable to any control system.
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The most common transfer function for a control system is
the ratio of the system output to the system input in the
frequency domain. It is derived by inspection of Figure 5.4b
which yields the following equation:

5.1 )
[VIN{—” = E’)DUT“‘} - Hi .\'}}G W)= 1';{]1'_7'1_{'-""}

where G(s) is the forward transfer function and H(s) is the
reverse transfer function.

Equation 5.1 can be rearranged to give the classical transfer
function for the closed-loop response4:
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V G(s)
O (5) = T(s) = _ ke
52 VIN | + Gis) - His)

5.3 PERFORMANCE OF CONTROL SYSTEMS

When evaluating or designing a control system, the following
points should always be considered:

Stability—Does the feedback loop remain stable under all
expected conditions including component drift, temperature
drift, and manufacturing variability of the components used5?
Step response—How long does it take for the system to
respond to an abrupt change in the setpoint or a disturbance?
Does it overshoot its target value?

Steady-state erro—When the system has settled, does the
error signal go to zero6?

Dynamic range—Are the system components capable of
responding to the expected system excursions? If the system
is electrical does it have suffi-cient supply voltage? If it is
mechanical will something bend or break?

5.4 FIRST-ORDER CONTROL SYSTEM DESIGN

Many control system design requirements do not require the
system to respond quickly to a disturbance or change in the
setpoint. When this is the case, the response time of the
system will be much longer than the response time of the
actuator and sensor. Under these conditions the first-order
servo described in this section is an excellent solution because
of the following:

1. It has no steady-state error to a step input.
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2. It is unconditionally stable.

3. It will not overshoot in response to a step input.

4. Its closed-loop transfer function is the same as a lowpass
RC filter thereby simplifying analysis.

5. It can easily be implemented in hardware or as code in a
microcontroller, as shown in Section 5.7.

The first-order servo is shown in Figure 5.5. Since the
response time of the system is significantly longer than the
response time of the actuator, we ignore the frequency
response characteristics of the actuator and represent it as gain
value GA rather than G(s) as it was shown in Equation 5.2.
Similarly, we also ignore the frequency response
characteristics of the sensor and represent it as a constant gain
of H. The constant GC is the gain that sets the system
response.

Figure 5.5 First-order servo. This topology is used when the
required system response time is much greater than the
response time of the actuator and sensor.
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The transfer function for the system of Figure 5.5 is
determined using Equation 5.2:
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(5.3)
err{ g 0O _ Geiv3
V[N I | + (_-I'IL'I'}HIL'S'I | 4 GC iy GAH

|—=

-G GG I
~ A L GG H

5

From Figure 5.5 we note that the product GC GA H is the
total fixed gain in the loop. We call this GL and rewrite
Equation 5.3 as

Vour, . | I
—(8) = =G+ ——
Defining
I I
r

(5.5) GeGaH G
Equation 5.4 is rewritten to give

Vour I 1 I
L}I:_ B el

Vin H © g +1r

(5.6)

which is identical to the transfer function for a lowpass RC
filter multiplied by a scaling factor of 1/H.7

Equation 5.6 makes intuitive sense by considering the system
of Figure 5.5 when the input is constant and the output has
settled to the steady-state value. Under these conditions the
output of the sensor is equal to the setpoint. Working
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backwards through the sensor, the system output is the
setpoint multiplied by 1/H. The steady-state response of
Equation 5.6 is computed using asymptotic analysis by
substituting s = 0 with the result that the system output is 1/H
times the setpoint.

The analysis is simplified if H = 1 which conveniently sets
the output equal to the setpoint at steady state. Equation 5.6
becomes

r
IfDUr _ | |
\5)=—-

Vin I g+ %

(5.7)

The step response for the system is
S ' T I_r _Ir &
8 Voll) = Vp = (Vg = Ve /

where VF is the final output voltage at t = o0 and VI is the
initial output voltage. Substituting VF = VINS and VI = 0,
Equation 5.8 becomes

5.9 Vo () = V(1 =e™/7)

To summarize, if the system design requirements can be met
with a response time significantly longer than the response
time of the actuator and sensor, then the loop gain is
computed from Equation 5.5:
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by =—
(5.10) L™t

and the system will have the exponential response of
Equation 5.9. This illustrates the valuable result that
increasing the gain of a first-order system speeds up the
response time.9

Example 5.1. The DC gain of the actuator in Figure 5.6 is 7
and its time constant 75 ps. The DC gain of the sensor is
unity. Determine the value for GC so that the control system
will respond to a step input by reaching 98% of the final
output within 5 ms. Plot the step response.

Figure 5.6 System for Example 5.1.
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H=1
|
™ Sensor

Solution. The required system response time is significantly
longer than the actuator’s time constant so the actuator can be
considered a multiplication by 7 and Equation 5.9 describes
the step response. First the response time and required
percentage of the final value at the response time are
substituted into Equation 5.9:
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- —0.005 /7
098 =1(1-e 2

Solving for time constant T gives

0005
1y In(1—0.98)

= 1.28 ms

The loop gain is computed using Equation 5.10:

1 I
G =—=s—
13y - ¢ 0.00128

The controller gain is computed by setting the product of all
loop gains to GL:

= 782

o G, 78l
== =
(5.14) f_th ool |

The step response is plotted using Equation 5.9 and shown in
Figure 5.7.

Figure 5.7 Step response for system of Example 5.1. The step
response is the same as a lowpass RC filter.
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5.5 SECOND-ORDER CONTROL SYSTEM DESIGN

The control system described in Section 5.4 was simple
because the actuator was represented by a gain block rather
than a frequency-dependent transfer function. This was
possible because the required response time was significantly
longer than the response time of the actuator and sensor. This
section covers the case where maximum performance from an
actuator is required, that is, when system performance is
limited by the actuator’s response time.

The frequency response of many electrical, mechanical, or
thermal actuators is maximum at DC and falls off with
increasing frequency. It is common to approximate these
actuators using the transfer function for a lowpass RC filter.
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This results in the system shown in Figure 5.8. Many practical
control systems use this topology because of the following:

Figure 5.8 System  with an  integrator  and
frequency-dependent actuator. The actuator is modeled as a
lowpass RC filter.

Integratol‘\ / Actuator

Vin Foumi 1 4. 3 VYo
= T
:

—

v
Gis)

1. The integrator eliminates any steady-state error for a step
input.

2. The sluggishness of the actuator is represented as a
single-pole filter, that is, a lowpass RC filter.

3. It is unconditionally stable.

4. Precompiled design material is available to assist with the
design process.

In Figure 5.8 H(s) = 1, so the transfer function of Equation
5.2 simplifies to

_ G(5)
Is)=——
(5.15) 1 + Gis)

The equation for G(s) is that of the integrator followed by the
actuator:
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(ily) =
(5.16) T

Substituting Equation 5.16 into Equation 5.15 gives the
second-order transfer function

1 !

T(s) = ; ;
(5.17) 3 tit2

It i1s worthwhile to relate Equation 5.17 to the general
second-order transfer function as shown in Equation 5.18
because there are many useful formulas that relate
performance parameters such as response time, overshoot,
and bandwidth of second-order systems to the constants on
and & [1]:

(5.18) i
l ] £
= iy = gt 0?
0T 24 —s4 § F scmps + @)

| LS R

Equating coefficients gives

1
v F172

w, =
(5.19)

and
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T2

T

=
L =

1
:
(5.20) =

on is called the natural frequency and & is the damping ratio.

The step response of the general second-order system can be
computed by multiplying the expression on the right side of
Equation 5.18 by the Laplace transform of a unit step, or 1/s,
and then computing the inverse Laplace transform. This is
plotted in Figure 5.9.

Figure 5.9 Normalized step response for the second-order
control system of Figure 5.8.
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Figure 5.9 shows that if the damping ratio, &, is less than 1.0
then the system will have overshoot. Furthermore, when the
system has overshoot, the following formulas apply.

The settling time, defined as four time constants, for a step
input is

£
(5.21) Sy,
The time to reach the first peak is

F s |
1o = - 5

e ! =gl
(5.22) o y1-¢

And the percent overshoot is

(5.23) P.O. = lﬂﬂe_i:”_.-'f l_iz:lf::

Example 5.2. Say the servo system in Figure 5.8 has t1 = 87
us and 12 = 290 ps. Determine the damping ratio and settling
time for the system.

Solution. First compute wn using Equation 5.19:

(5.24)
1 1
(£33

h = = =6.30x l‘.}"'f'dd'/lh'
TR \/S? x 10-%x% 200 x 10-6
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Then compute & using Equation 5.20:

(5.25)

1 [ra

1 [ 1 [290x%10-®
2V 7, 2V 87x10-¢

=1.913

=
=

The settling time is computed using Equation 5.21:

(5.26)
4

1 o
Is =z = Dol xe30x108 - 0

To analyze the second-order control system of Example 5.2
we solved for on using Equation 5.19 and solved for & using
Equation 5.20. Precompiled design information from [1] was
then used to determine the behavior of the system. Design of
a second-order control system can be done using the step
response plot Figure 5.9 as a guide. For design purposes,
Equations 5.19 and 5.20 have been manipulated into the
forms below which allow computation of t1 and 12 based on
design inputs wn and &;

3 E
(5.27) o
|
TE — =
(5.28) T
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Example 5.3. Given an actuator with 11 = 12 ms, design a
control system with a damping ratio of 0.7. Determine the
settling time, time to first peak, and percent overshoot when a
step input is applied, and plot the step response.

Solution. Since 11 and & are specified, the design process
consists of computing t2. First, Equation 5.27 is solved for
on:

(5.29) | :
= = = 39.5rad/s
T 287, T 2x 0.7 x0.012 /

Next on and 11 are substituted into Equation 5.28 and 12 is
computed:

(5.30)

| _
Ty = = 23.5 ms

Wl 59.522x 0012

The settling time of the system is computed from Equation
5.21:

4 4

Ts= = = U600 ms
san o Ew,  0.7x595

The time to reach the first peak is computed from Equation
5.22:
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(5.32)

T. = ‘

K
S\1-07

JT
= 73.9 ms

1 B
.

And the percent overshoot is computed from Equation 5.23:

(5.33)
P.O. = 100e~5#/VI=8) = 100e-07t=/VI-0T) — 4 509

The step response for the system is observed by dividing the
horizontal axis of Figure 5.9 repeated as Figure 5.10 by on
and using the curve for §=0.7.

Figure 5.10 The response for Example 5.3 is shown by
denormalizing the generalized curve of Figure 5.9.
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In Example 5.3 we saw that a damping ratio of 0.7 provided a
trade-off between a large overshoot resulting from a low
damping ratio and the sluggish response from a high damping
ratio. If the actuator gain tends to vary, 10 then the dynamic
loop response will vary as shown in the following example.

Example 5.4. Determine the percent overshoot of the system
of Example 5.3 if the actuator gain is doubled.

Solution. The forward path gain of the original system is

(5.34) 3

Referring to Figure 5.8 or Equation 5.34 we can see that
dividing 12 by 2 doubles the loop gain. Substituting 11.75 ms
for 12 in Equation 5.19 gives

(5.35)
I I

VTiz /0012 x0.01175

= 84.2 rad/s

'I'J‘.Jn —

Next solve Equation 5.27 for &:

(5.36) | |
2rpmy, 2x 0012 x 84.2

Ir|1
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Finally use Equation 5.23 to compute the percent overshoot:

(5.37)
P.O. = 10065/ VI=8) _ |(e=0495tr/V1-0.495%) _ 1670

Figure 5.11 shows the system step response for the original
system of Example 5.3 and for the system with the gain
doubled.

Figure 5.11 Overshoot for the system in Example 5.3 was
4.59%. In Example 5.4 the gain was doubled raising the
overshoot to 16.7%.

/ 16.7% overshoot with gain doubled

1.4
i / 4.59% overshoot for original system
| AT B P

/ e Ll r

o
(v =)
i

Response (V)
=)
o

0 002 004 008 008 01 012 014 016 018 0.2
Time (s)

5.6 CIRCUIT REALIZATION OF A SECOND-ORDER
CONTROL SYSTEM
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Figure 5.12 shows a circuit that implements the second-order
system from Example 5.3 and can be easily built using
inexpensive parts.11 This circuit will give you valuable
experience working with a second-order servo. Time
constants for the circuit are t1 = 12 ms and 12 = 23.5 ms.

Figure 5.12 Circuit realization of second-order control
system. Building or simulating this circuit will provide
valuable experience with second-order servos.

0.4 pF

10kQ -
Vin 10k J_'\N
. v
i A T A 235k
PR ot ; Va 12k Vo

+ - <
i
-E‘/T KEre |73 TLC 272 l
= == 10pF

Operational amplifier must S 235 ki
have positive and negative =

supply voltages

The op-amp on the right provides the functions of both
summing node and integrator.12 Since the integrating op-amp
inverts, connecting the system output to the 235 kQ resistor
provides the required subtraction at the summing node. The
op-amp on the left is an inverter that realizes the function

(5.38) Va=-Vin

The output of the integrator is
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(5.39)

s 1
V== (Va+Vp)

235kQ %< 0.1 uFx s
] ] 1

I T - - V

235 msx (Va+Vo) =8

-

=~ (Va+Yo)

Substituting Equation 5.38 into Equation 5.39 shows that the
integrator integrates the error:

) N
Ve=(Vin—Va) —

(5.40) ry8

The resistor and capacitor at the right side of the circuit model
the actuator time constant of 12 ms. A ceramic dielectric is a
good choice for the 10 pF capacitor because it must not be
polarized.

5.7 FIRST-ORDER DISCRETE CONTROL SYSTEM

The control systems discussed thus far have been analog
systems as shown in Figure 5.13a. It is more common to find
systems implemented with analog actuators controlled by
firmware or digital hardware as shown in Figure 5.13b. This
section shows how to design a discrete controller based on the
first-order system described in Section 5.4. The method is
applicable when the discrete system sampling rate can be set
much higher than the bandwidth of the closed-loop system.
We use a factor of about 50, 13 but if the factor is less, the
discrete system will often work satisfactorily even though the
response of the discrete and analog systems will not exactly
match.
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Figure 5.13 The analog system in (a) can be implemented in
firmware or digital hardware as shown in (b). The analysis/
design model is shown in (c).

Controller
|, __________ ™ Actuator
Setpoint = ‘d. [~ System
—_—— *
| by = J t L~ output
| -
|
A *
la)
Controller
Setpoint .
—— 5| Setpoint Actuator
Qutput DAC PP ¥ ﬂ?;ﬁ:ﬂ
Feedback
ADC
o
(b}
a Discrete
u] integrator

Actuator

Setpoint TN System

? Y TN
'\.z.-f h>_</ z_/'_ | Falch : output

Sample
clock (Fz)

ic)

The controllers discussed in this section include a gain block
followed by a discrete integrator as shown in Figure 5.13c. To
design the discrete system, we first examine relationships
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between the analog and discrete integrators. The analog
integrator is shown in Figure 5.14a; the discrete integrator is
shown in Figure 5.14b.

Figure 5.14 Analog (a) and discrete (b) integrators. As the
sample rate increases the two behave more alike.

Gy
x(t) /;\ . yit)
C——

(@)

v

The delay element is just a latch with
multiple bits for the data path

Gp
x(n) /L\ y(n)
,\z(j h@—’77>Latch >

(b)

To get an intuitive feel for the operation of the discrete
integrator as well as its limitations, consider the case where
the inputs to both integrators in Figure 5.14 are held constant
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during one sampling period. For an input of unity, the output
of the analog integrator will increase by

I-R
.ﬂ'l.l.-:,l = f__;ﬁ ld.lf — G.E'LTS
(5.41) i

where TS is the sample period which is the reciprocal of the
sample rate FS.

The output of the discrete integrator will increase by
(5.42) Ap = Gp
So if we set

(5.43) Gp=G,T5

then the analog and discrete integrators would produce
identical results.

Now consider the case where the input varies during the
sample period. The analog integrator would accurately
integrate the signal, but the discrete integrator would simply
add the current sample to the last sample thereby incurring
error. A higher sampling rate will result in less input signal
variation during a sample period. This is why a high sample
rate insures a better match between the two integrators. 14
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We can now design the discrete controller. Since the
controller is first order, it is fully described by its time
constant or equivalently by its 3 dB bandwidth. The
procedure is shown in the steps below:

1. Select a sample rate approximately 50 times the loop
bandwidth or higher.

2. Determine GA, the loop gain required for an analog
implementation using Equation 5.10 and repeated as Equation
5.45.

3. Determine the value of gain for the discrete system, GD,
using Equation 5.43. This is the total gain around the loop.

4. Adjust GD to accommodate the gain of the DAC, ADC,
and actuator.

The time constant of the system of Figure 5.13a is related to
its bandwidth by

BW = L

(5.44) nt

Furthermore, from Equation 5.10 the total loop gain for an
analog implementation is

Gy =—=2rBW
(5.45) r

where GA is the total gain around the loop. Note that this
would include the gain of the actuator and the sensor.

The gain of the discrete system is computed using Equation
5.43:
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L
(5.46) T 72 g

Example 5.5. Design a discrete controller with time constant
2 ms based on the topology of Figure 5.13c. The product of
the ADC, DAC, and actuator gains is 24. Determine the
required gain for the discrete controller and compare the
closed-loop step response to an analog system with the same
time constant.

Solution. The system bandwidth is determined using
Equation 5.44:

(5.47)
|

|
BW=_+ — —79.6 H
xr 27z %0.002 g

We set the sample rate FS to 50 times the bandwidth or 3980
Hz. The gain of the discrete system gain is computed using
Equation 5.46:

=(0.126

G |
say © tFg  0.002x 3980

Finally, we adjust the gain value so that the product of all
gains around the loop is 0.126:

. 0126 _ . ol
G=——=525x10""°
(5.49) 24
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The system is shown in Figure 5.15 where the latch is
represented in z-transform notation.15

Figure 5.15 Discrete implementation of the system in
Example 5.5.

Gain of existing Additional gain to set

loop components overall loop gain to 0.126
]

24 525x10° —

(G =1)
System

Setpoint____ ("5 ) i ™
I *  output
XX P P

Sample rate = 3980 Hz

Our strategy for comparing the response of the analog system
with the discrete system is to use Equation 5.9 to compute the
response of the analog controller and then use Matlab16 to
compute the response of the discrete controller and plot both
responses. The response of an analog controller using the
same time constant is

50 Vot =1(1- g HO%)

The Matlab code shown in Figure 5.16 computes and plots
the analog and discrete controller system response.

Figure 5.16 Matlab code used to compare analog and discrete
control systems for Example 5.5.
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1 clear all;

2 close all;

3

4 Fz = 3980; % Sample rate in Hz.

5

& Ta = 31/Fa: & Sample period in seconda.

7 NumSamples = round (6 * 0.002 * Fa): % 6 time conatanta for display.
[ Tau = 0.002:

] G = 1/ (Tau*Fs=);

10

11 Reg = O; % Digital regiscer shown by z*-1

12 Outpuc = zercos(l,NumSamples): % Storage for system output
13 Setpoint = 1;

14

15 -for n = 1 : NumSamples

16 Error = Setpoint - Regp

1 Beg = Reg + G*Erzox;

1 Output(l.n) = Reg:

19 end

20

21 % Compute analog system respense,

22 n =1 : HumSamples;

23 VoAnalog = l.-exp(-n*Ia/Tau): % Equation 49.
24

25 % Plot analog and discrete ayatem responae.

26 figure(1);

27 plot (n*Ts/.001,0utpuc (i, :), "=k*, 'LineWidch*', 2):
28 hold on;

28 plot (n*Ts/.001,VoAnalog, *:k*, ‘LineWidch', 2):
30 grid ony

a1 xXlabel ("Time (ma)"):

32 ylabel ("Respaonss (V) '):

13 x1im ([0 12]):

L ylim([0 1.2]):

Figure 5.17 shows that the response of the discrete system
closely matches the analog system.

Figure 5.17 Comparison of discrete and analog system

response for Example 5.5. The discrete sample rate is 50
times the bandwidth of the system.
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PROBLEMS

5.1 Write an equation similar to Equation 5.1 that describes
the system in Figure 5.18. Solve for the output VO (s) as a
function of the input VIN (s) and the disturbance D(s).

Figure 5.18 System for Problem 5.1.
Dis)

Va(s)
,-? G(s) é ole)
His)

Vinis)

L
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5.2 Say the system of Figure 5.5 has GA =5 and H = 0.71.
Determine the required setpoint to make the steady-state
system output equal to 1. With the steady-state system output
equal to 1, what is the integrator voltage? Determine GC so
the time constant of the closed-loop system is 400 ms.

5.3 Say the time constant of the actuator t1 in Figure 5.8 is
150us. Determine 12 so the damping ratio is § = 0.4.
Determine the settling time and peak overshoot.

5.4 Show how to double the loop gain in the second-order
circuit realization of Figure 5.12. Build or simulate the
modified circuit and show that it matches the results of Figure
5.11.

5.5 A discrete time system using the topology of Figure 5.15
requires a time constant of 100u s. Determine the minimum
sample rate using the guideline in the chapter. Determine the
gain. Show that the step response matches the response for
the analog system with the same time constant using
Microsoft Excel or a C program as your simulator.
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1. The terms “control system” and “servo” are used
interchangeably in this chapter.

2. This is particularly important for job interviews.
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3. The filter of Figure 5.1 is replaced by an integrator in
Figure 5.2. Using an integrator guarantees that the
steady-state error is zero when the setpoint is held constant.
All of the systems in this chapter use an integrator as a filter.

4. Any control system, simple or complex, can be reduced to
this basic form.

5. Stability is a major concern for control systems. The
systems presented in this chapter are all unconditionally
stable so it is not discussed. See Chapter 6 for more on
stability.

6. If the system has a single integrator it will have no
steady-state error in response to a fixed setpoint once the

system settles.

7. See Chapter 7 for design and analysis of the lowpass RC
filter.

8. The output voltage at t =co is equal to the input voltage.
Visualize the lowpass RC filter.

9. Provided the reduced response time is still much longer
than the response time of the actuator and sensor!

10. Varying actuator gain is a frequent motivation for using a
control system in the first place!

11. Companies such as Digi-Key sell parts in small quantities

[2].

12. See Chapter 6 for a discussion of op-amp integrators.
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13. The Nyquist sampling criteria allows a sampling rate as
low as twice the system bandwidth. The factor of 50 is used
to make the discrete system match the analog prototype.
Oversampling is frequently practical in microcontrollers and
digital hardware. These concepts are also discussed in

Chapter 8.
14. This technique is referred to as the method of backward
differences and can be used to convert other analog structures

also. See Chapter 8.

15. A practical discussion of z-transforms is included in
Chapter 8.

16. Microsoft Excel could be used for this also.
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6
HOW TO WORK WITH OP-AMP CIRCUITS

Operational amplifiers, or op-amps, satisfy many analog
signal processing tasks including amplifying, level-shifting,
and filtering. Op-amps are a workhorse of analog design
below 1 MHz and are often used at higher frequencies.
Knowing how to design basic op-amp circuits and knowing
how to work with practical or nonideal op-amps are prime
interview topics and key skills for entry-level engineers.

The op-amp has been used since the mid 1940s and is an
excellent example of simplicity and cleverness; simple
because it is just a high-gain differential amplifier and clever
because of the many useful functions that can be implemented
by surrounding it with a few external parts. In the 1950s, the
author’s father built op-amp circuits about the size of a brick
using vacuum tubes. Later, he built op-amps out of handfuls
of discrete transistors and he certainly appreciated the arrival
of integrated circuit op-amps in the 1960s. Today’s op-amps
are small integrated circuits that use minimal power and can
be purchased for less than a dollar. As op-amps continue to
improve, they will satisfy an ever-increasing number of
design applications, and one day as you look back at the
improvements in op-amps in your career you’ll probably be
as impressed as the author’s father.

As a circuit designer you’ll certainly appreciate that when you
properly design an op-amp circuit it will likely work as
expected and require minimal troubleshooting. As your career
progresses, you will encounter many clever and useful
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op-amp circuits and include them in your design toolbox.
Hopefully you will have the satisfaction of inventing a few
circuit topologies yourself.

This chapter begins by describing the op-amp as an ideal
circuit element. This allows us to review commonly
encountered circuit topologies such as the inverting and
noninverting configurations. We then consider the
characteristics of practical or nonideal op-amps.
Understanding practical op-amps will enable you to select the
best op-amps for your designs. Finally, we discuss the
op-amp as a control system using the techniques covered in
Chapter 5. This discussion will reinforce your knowledge of
both op-amps and control systems.

6.1 THE IDEAL OP-AMP

The ideal op-amp is a simple circuit element that can be
described in a few sentences. A real op-amp is usually
described by a 50- to 100-page datasheet. We begin with the
ideal op-amp because it is sufficient for many analysis and
design steps.

The op-amp in Figure 6.1 is ideal because of the following:

1. The gain, defined as the output voltage divided by the
voltage difference between the input terminals, or V+ — V—,
is very high (~10, 000) and considered infinite.

2. The input impedance of terminals V+ and V— is infinite,
meaning the input currents are zero.

3. The frequency response is unlimited. There is no delay or
phase shift from input to output.
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4. When the op-amp is used in a circuit with feedback, V+ =

V-1

Figure 6.1 Circuit symbol for an op-amp showing ideal

assumptions.

The input impedance of V*
and V™ is infinite

¥ — &

V- -

Vo=G-(V -V
3 is very high: - 10,000

e
.

Vo

The frequency response is
During operation V=V~ unlimited and there is no

delay or phase shift from

input to output

The ideal assumptions above can be used to analyze basic
op-amp circuits as shown in the following examples.

Example 6.1. Determine the voltage gain, VO /VIN for the

op-amp circuit shown in Figure 6.2.

Figure 6.2 Inverting op-amp circuit. VO /VIN = — R2 /R1.
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NN
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R4 Iz
_|,_ > = -
Vin - (V")

. vl r

Solution. From the fourth assumption about ideal op-amps,
we know that when the op-amp is used in a circuit with
feedback, the voltages at V+ and V— are the same. Therefore
the voltage at inverting terminal V— is zero. From assumption
2, we know that there is no current flowing in or out of the
inverting terminal. Applying Kirchhoff’s current law at
terminal V— gives

6nit+tiz=0

where 11 and 12 are
- =
0=V . 0-Vg
(S — A
(6.2) Rl 2

Substituting Equation 6.2 into Equation 6.1 gives the final
answer

Yoltage gain = 7 I
(6.3) IN 1
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This basic configuration is called an inverting amplifier
because a positive input voltage produces a negative output
and vice versa. This is why there is a negative sign in the gain
formula.

The result in Equation 6.3 can be made even more useful by
noting that R1 and R2 can be replaced by impedances Z1 and
72 as shown in Equation 6.4. This allows substitution of
reactive elements for the resistors, and the formula for gain
H(s) becomes a frequency-dependent transfer function. Using
reactive elements allows op-amps to be used for active
filtering applications as described in Chapter 7:

. V Z
Voltage gain = 9 Hig) = _2_3

(6.4) Vin l

Example 6.2. Determine the transfer function of the circuit
shown in Figure 6.3. Comment on what this circuit does.

Figure 6.3 Integrating op-amp configuration. VO /VIN = —
1/RC x 1/s.

C
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Solution. The impedances of the resistor and capacitor are
substituted into Equation 6.4. The transfer function is

(6.5)

1
V, Z, o

Vi Z, R RC ;

Operation of the circuit can be recognized by noting that for a
capacitor 1 = C, dV/dt, meaning the voltage rises linearly with
time when the current is constant. Say the capacitor is initially
discharged and a voltage step is applied at the input. Since the
op-amp will force the voltage at the inverting terminal to
zero, the current in the resistor is constant. Since the current
in the capacitor is the same as the current in the resistor, the
voltage at the op-amp output must rise linearly. The current in
the resistor is VStep/R so the rate of change at the op-amp
output can be computed as

dVo i Vsip

(6.6)F  C RC

The analysis above shows that if a voltage step is applied, the
output of the circuit increases linearly with slope equal to the
step voltage divided by the time constant.2 Operation of the
circuit could also be determined by noting that the 1/s in the
transfer function is the Laplace transform of an integrator.
Integrating op-amp circuits are commonly found in control
systems as described in Chapter 5.
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Example 6.3. Determine the voltage gain VO /VIN for the

op-amp circuit shown in Figure 6.4.

Figure 6.4 Noninverting op-amp circuit. VO /VIN = 1 + R2

/R1.

Solution. Since the voltages at the input terminals must be
the same, the voltage at the inverting terminal is VIN.
Applying Kirchhoff’s current law at the inverting terminal

gives

Vig — V, V
IN 0. VM. §
(6.7) R, R,

Solving Equation 6.7 for the voltage gain gives

. ]"rr R".'
Voltage gain = —% = 1 4 —
(6.8) i’m Rl
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6.2 PRACTICAL OP-AMPS

The assumption of ideality is a powerful tool because it
allows the op-amp to be used as a simple circuit element,
thereby allowing the designer to focus on the “big picture” of
a design or analysis task. However, there are practical or
nonideal considerations that must be taken into account for a
design to work as expected.

The datasheet for the Texas Instruments TLC 272 op-amp [1]
contains a wealth of useful design information. The remainder
of this chapter focuses on several key specifications and
concepts which will help you use op-amps effectively.

6.2.1 Effect of Input Offset Voltage

One of the ideal assumptions is that the voltage across the
input terminals of the op-amp is zero. Real op-amps have a
small imbalance in their input stage and a voltage called the
input offset voltage is required to drive the output voltage to
zero. Figure 6.5 shows an ideal op-amp with the input offset
voltage represented by a voltage source. Typical input offset
voltages are on the order of £3 to +£10 mV and vary from part
to part and with temperature.

Figure 6.5 Ideal op-amp modified to show the effect of input
offset voltage VIO.
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Input offset voltage is a critical specification because its effect
on the output is based on the gain of the circuit. Consider the
effect of input offset voltage on the output of the inverting
amplifier shown in Figure 6.6.

Figure 6.6 Inverting amplifier with nonzero input offset
voltage. VIO is critical because the output voltage is VIO
multiplied by 1 + R2 /R1.

lR2
Voltage hereis Vg
f2
I( _______________________ \
R, - Vo |
| |
5 T ; !
V, - | U |
i f‘l I 1 +
- | | Vo
I i b
| | owle
N = Op-amp with N
nonzero Vg

The analysis is similar to Example 6.1. Maintaining the ideal
assumption of no current flowing in or out of the input
terminals, Kirchhoff’s current law is applied at the junction of
R1 and R2:
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Vi =¥ —Vig =V :
0 0 4. IC) N _q
(6.9) R, R,

Rearranging to solve for VO gives

Vi st 1 R’)
o=—Vn, ~ VYo |lt 5
(6.10) | R ; R,

Equation 6.10 shows that the offset at the circuit output is the
input offset voltage multiplied by —(1 + R2 /R1). As the
circuit gain, —R2 /R1, increases, so does the magnitude of the
DC offset at the circuit output. This is why input offset
voltage is normally shown on the first page of most op-amp
datasheets.

Example 6.4. Figure 6.7 shows a sensor3 connected to an
inverting amplifier. The sensor outputs a DC voltage between
0 and —33 mVDC. The accuracy of the sensor is £3%. The
amplifier multiplies the sensor output by —100 which sets the
range of the op-amp output from 0 to 3.3 V. The input offset
voltage specification for the op-amp is #3 mV. Determine the
range of DC offset at the op-amp output and comment on the
usefulness of this design.

Figure 6.7 Circuit for Example 6.4. The input offset voltage

of the op-amp degrades the accuracy of this measurement
system.
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Solution. From Equation 6.10 we see that the output voltage
due to VIO is

(6.11)
100,000

o=V, ——— | =£3mV x =101 ==+303
Vo [D(I-F 1000 ) +3mV x =101 = +303 mV

The op-amp causes a 303 mV error in an output intended to
range from 0 to 3.3 V which is about +9%. Our sensor has an
accuracy specification of £3% so we conclude that our circuit
degrades the accuracy of this system.4 This example
highlights what can happen if an op-amp is used without
taking its specifications into account.

6.2.2 Noise Contribution from Op-Amp Circuits

When the input of an op-amp circuit is grounded, a small
amount of noise can be seen at its output that can degrade
performance in some designs. Noise is generated inside the
op-amp and by the resistors used to set the gain. A full
discussion of op-amp noise is beyond the scope of this book,
but is well covered in [2]. Since noise generated by the
op-amp itself is generally the largest noise contributor, it is
the focus of this section.
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Figure 6.8 shows the noise specification, given as a function
of frequency, for the TLC272 op-amp. At frequencies below
about 100 Hz, the noise specification is dominated by flicker
noise which decreases as the frequency increases. Above 1
kHz the noise specification is dominated by thermal noise
which is constant or flat with frequency. The value in the flat

part, 25nV/1|v,-" Hz - is the noise specification given in the
TLC272 datasheet.

Figure 6.8 Input noise for the TLC272 op-amp. (Plot courtesy
of Texas Instruments)

Equivalent input noise voltage

Ve The manufacturer used the circuit below to

N 400 frequer'l.cyr” R measure the noise voltage in the plot. This
I:.:E | [ V f] V Il circuit amplifies the input noise by a factor of
E F?ZE':_EU a | 101 thereby making it easier to measure
= |I|Ta =28°C |
. 300 177 See Figure
ﬁ' Lo | \
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El L :::,:-! | | [ TTTH -
& 1 1 10 100 10
Frequency if) (Hz)
At low frequencies the op-amp At higher frequencies the op-amp noise is
noise is dominated by flicker noise dominated by thermal noise which is flat

The noise specification is a density function. This means that
to compute the total effective noise voltage at the input, the
curve of Figure 6.8 must be integrated over the bandwidth of
interest. It’s actually slightly more difficult because the

vertical axis of the plot has units of nV/"l.,-"'IHE. and the

horizontal axis has units of Hz, which means we must square
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the integrand prior to integration and then take the square root
of the result as shown in Equation 6.12:

i

Vii= n* df

\i
(6.12) A1

where VN is the root mean square (RMS) value of the noise
voltage referred to the op-amp input.5 fl is the lower end of
the bandwidth of interest in Hz. fh is the upper end of the
bandwidth of interest in Hz. n is the op-amp noise

specification in the bandwidth of interest in nV/ ‘II'I'IIII Hz-

Example 6.5. Compute the equivalent RMS input-referred
noise for the TLC272 in the bandwidth from 3000 to 10, 000
Hz.

Solution. The noise specification between 3000 and 10, 000
Hz is 25, nV/th.-“ Hz because this frequency range is in the

flat part of Figure 6.8. We evaluate the integral of Equation
6.12:

(6.13)

10,000
RMS input noise voltage = Vipyes = (25 % 10-7) df

3000
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(6.14)
|

%

“aMs = \/[ 10,000 — 3000) (25 % 10-2)" = /BW % 25 % 10-% = 2.09 pVRMS

In the above example our bandwidth of interest is in the flat
part of the op-amp’s noise curve. When this is the case the
noise can be computed by simply multiplying the value from
the curve by the square root of the bandwidth. If the
bandwidth of interest includes frequencies where flicker
dominates, use the useful formula on page 15 of [2].

The noise voltage at the op-amp output depends on the gain
of the circuit and the input-referred noise. Input noise is
referred to the output in exactly the same way as input offset
voltage. Therefore, as suggested by Figure 6.6 and Equation
6.10 the noise at the output of the inverting op-amp is

R"
Vo =~V (I + RJ)

where VNO is the noise in V/1||'I,I" Hz at the op-amp output

(6.15)

and VNI is the noise in V/ v’ Hz at the op-amp input.

Example 6.6. Compute the RMS noise voltage at the output of
the op-amp shown in Figure 6.9. The op-amp’s noise

specification is 18 nV/v"HE in the region dominated by
thermal noise and the bandwidth of interest is 12-39 kHz.
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Figure 6.9 Circuit for Example 6.6. The noise voltage at the
output of the op-amp is determined by the input-referred
noise and the gain of the circuit.

470 ki
4.7 k2
—" -
+ Vo
L

Solution. The input-referred noise computed from Equation
6.12 (see Example 6.5) is

(6.16)
Input-referred noise = 18 ilv_w 39,000 — 12,000 - y/Hz = 2.96 pVRMS
v Hz

And the output noise is computed using Equation 6.15:

(6.17)

Output-referred noise = 2.96 x [O~8 (I ¥ 470,000

4700

) = 299 WVRMS

6.2.3 Dynamic Characteristics of Op-Amp Circuits

One of the ideal assumptions earlier was that the op-amp has
unlimited frequency response, no delay, and no phase shift. In
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other words, we assumed the relationship between the input
and output is

- = -F i 5 I._r+ i .__I'—
where G is a very large constant.

In reality, the op-amp gain, G, decreases with frequency and
its phase shift increases with frequency making G a
frequency-dependent transfer function, G(s), which is shown
for the TLC272 op-amp in Figure 6.10. The effects of the
frequency dependence are limited bandwidth for op-amp
circuits, overshoot when a step input is applied, and possibly
instability. This section focuses on instability because it can
cause catastrophic circuit failures.

Figure 6.10 Gain and phase plot for TLC272 op-amp. (Plot
courtesy of Texas Instruments)
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To evaluate stability, we must view the op-amp from a
control systems perspective. This may seem difficult at first,
but it will solidify your understanding of both op-amp circuits
and control systems. We will also use this perspective to clear
up several issues that tend to confuse students and
experienced engineers alike.

Figure 6.11 shows how to view a noninverting op-amp circuit
(a) as a classical control system. First the op-amp is
represented as a summing junction followed by a high-gain
amplifier and a lowpass filter (b). Next the amplifier and filter
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are combined into the block marked G(s), and R2 and R1 are
shown as feedback gain H(s) in (c).

Figure 6.11 The steps in this figure show how a noninverting
op-amp circuit can be represented as a classical control
system as described in Chapter 5. The control perspective is
useful for understanding dynamic characteristics of op-amp
circuits.

High-gain Lowpass

Summing amplifier fitter
Juneon s o e L
\i\ i
Vi : i
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T
| |
i !
Rz \ J
Ry

(a) /_-—""'_'_'_“"\ (b) ,_o—”’"#’._'_‘_‘_‘_h"\- ic)

Moninverting Show op-amp as Show the high-gain ampifier
op-amp circuit blocks in the and lowpass filter of (bj as
dashed box Gis). Show feadback resistors
as His)

The control systems viewpoint is emphasized in Figure 6.12.
Treating the op-amp circuit as a feedback loop allows us to
verify that it is stable, meaning that it will not oscillate.
Oscillations occur when small perturbations within the
feedback loop, such as those generated by thermal noise in
the resistors, are amplified by the loop and the resulting
signals add in phase to create large, undesired AC signals. A
necessary, but not sufficient criteria for stability is that the
product of all gains around the loop (the cumulative gain)
must be less than unity at any frequency where the sum of all
phase shifts (the cumulative phase) is a multiple of 360°.
Referring to Figure 6.12, the summing junction provides 180°
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of phase shift, and the feedback resistors do not contribute to
the phase, 6 and the system is stable if the magnitude of the
product G(s)H(s) is less than unity when the phase of G(s) is
equal to —180°.

Figure 6.12 Control systems interpretation of the noninverting
op-amp. G(s) and H(s) describe the forward and feedback

paths.
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The circuit shown in Figure 6.13 is called a voltage follower
and is used in practice to isolate one section of a circuit from
another. It is essentially a noninverting configuration with R2
=0 and R1 =00, so Equation 6.8 shows its gain is unity.

Figure 6.13 Voltage follower is equivalent to a noninverting
amplifier with R2 = 0 and R1 = o. This configuration has a
voltage gain of 1 and is used to isolate one section of a circuit
from another.

1"r|m+- \
-1 ) _L_._VO

For the voltage follower H(s) = 1, and the cumulative gain is
the same as the gain represented by the line marked AVD in
Figure 6.14. The plot shows that at 180° phase shift the gain
is just less than 0.1 so the voltage follower is stable. Now
suppose feedback resistors R2 = 9 kQ and R1 = 1 kQ are
added to the noninverting circuit of Figure 6.11a. The circuit
gain from Equation 6.8 is now 10 and the gain of the
feedback network is 0.1. This lowers the cumulative loop gain
by a factor of 10 as shown by the dotted line in Figure 6.14.
Since the gain at the 180° phase point is lower than it was in
the voltage follower configuration, the circuit is more stable.

Figure 6.14 The open-loop plot can be used as a closed-loop

plot by including the effect of the feedback resistors. This plot
shows that raising the circuit gain lowers the cumulative gain
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thereby making the circuit more stable. (Plot courtesy of
Texas Instruments)
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The previous comments point out an important concept that
seems to confuse students and experienced engineers alike:
We correctly associate high cumulative or loop gain with a
tendency for a system to oscillate. But for op-amp circuits
high loop gain results in low circuit gain and vice versa.
Op-amp datasheets frequently state that the op-amp is “unity
gain stable” to convey to the designer that the part is stable at
the highest possible loop gain.

6.2.4 Effect of Capacitive Loading

Nearly all commercially available op-amps are unity gain
stable. However, a capacitive load placed at the output of an
op-amp has the effect of lowering the phase shift curve
without affecting the gain as suggested in Figure 6.15. This

196



causes the phase to pass through 180° at a lower frequency
where the gain is higher, thereby making the circuit less
stable and prone to overshoot in response to step inputs.

Figure 6.15 Capacitive loading increases the phase shift as
suggested by the dashed line. In this example the op-amp with
capacitive loading would oscillate if connected as a voltage
follower. (Plot courtesy of Texas Instruments)
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The datasheet for the TLC272 provides excellent data for
capacitive loading as well as simple circuit corrections to
accommodate it. Figure 6.16 shows the effect of capacitively
loading a voltage follower circuit when a step input is
applied.

Figure 6.16 The TLC272 datasheet shows the effect of
capacitively loading a voltage follower using the test circuit
in (d). A 20 pF load (a) has no noticeable effect, but
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capacitive loads of 130 pF (b) and 150 pF (c) reduce stability
and result in ringing. (Plot courtesy of Texas Instruments)

(a) € =20 pF, R =naoload (b) G, =130 pF, A =no load

25V
T = 25°C

Vo f=1kHz
II"'-I CL IL”IF'P A

. 25V
(o) €, = 150 pF, A = no load (d) Test circuit

6.2.5 A Nagging Issue

What follows is an issue with op-amp circuits that stumps
many students and experienced hardware engineers. From the
previous discussion and your knowledge of control systems
you'll grasp it immediately and gain a reinforced
understanding of op-amp circuits. The question is “Given that
the open-loop plot of Figure 6.10 shows 30° phase shift at 100
Hz, why does a closed-loop op-amp circuit have essentially
no phase shift at 100 Hz?” The answer is found by viewing
the op-amp circuit from the control systems perspective.

Rather than try to remember the transfer function for a

closed-loop control system we derive it. See Chapter 5.
Inspection of Figure 6.17 gives the equation below:
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(6.19) FD'- §1= [VIN{ §)— FD'[S} - His J'] G(5)

which reduces to
Vols) Gis)
620) V() 1+ Gis)H(s)

Figure 6.17 Control system block diagram.

Vin Vo
G(5) >

H(s)

From our discussion in Section 6.2.3 we know that the circuit
feedback, H(s), is a resistive network and its transfer function
has no frequency dependence, so we drop its dependence on
s. We also see from Figure 6.10 that the magnitude of the
op-amp gain, G(s), at 100 Hz is about 30, 000. Therefore
Equation 6.20 becomes

1;0“-} G(x) :_|
621 Vin(s) ~Gls)-H H

Equation 6.21 shows that if the magnitude of the open-loop
gain is large, then G(s), which contains the phase of the
op-amp, cancels in the closed-loop gain expression. Therefore
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at 100 Hz, the transfer function of the op-amp circuit has
essentially no phase shift.

PROBLEMS

6.1 Determine VO as a function of VA, VB, R2, and R1 for
the circuit in Figure 6.18. Hint: Use superposition, that is, first
compute the output due to VA with VB grounded, and then
compute the output due to VB with VA grounded. Sum the
responses to get the final result.

Figure 6.18 Circuit for Problem 6.1. This circuit is called a
difference amplifier.
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& e+
Ve ; + _ Vo

N
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6.2 Determine VO for the circuit in Figure 6.19. Substitute
VIN = s(t) + VBias to show that the circuit amplifies the
signal but passes the bias unamplified. Hint: Use
superposition to solve this problem.
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Figure 6.19 Circuit for Problem 6.2. This configuration is
commonly used when only a positive power supply is
available.

HE
A

- inas Tt
6.3 The dotted line in Figure 6.15 shows the effect on the
open-loop phase shift due to capacitive loading of a voltage
follower. Determine how much the loop gain must be reduced
to make the circuit stable. What is the gain for the resulting
noninverting amplifier?
6.4 Show that the magnitude of the effect of input-referred
noise and VIO on the noninverting amplifier is the same as
for the inverting amplifier.
6.5 A sensor is connected to an op-amp as shown in Figure
6.20. The op-amp output connects to a 10-bit ADC with full
range voltage of 0 —1.8 V. Determine the maximum VIO so
that the amplifier offset error will cause less than 5 ADC
quanta.
6.6 The circuit in Figure 6.21 has 37 pF stray capacitance
from the inverting terminal to ground. Determine the transfer
function VO (s)/VIN (s) for the circuit taking into account the
stray capacitance. Determine R1 and R2 so the DC gain of the
circuit is unchanged, but the capacitance affects the gain by
no more than 3 dB at 100 kHz.
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6.7 A TLC272 op-amp is used in a noninverting configuration
with a gain of 5. Figure 6.10 shows that the open-loop gain of
the TLC272 op-amp at 300 kHz is 10 and the phase is —105°.
Determine the magnitude and phase of the noninverting
amplifier at 300 kHz. Hint: See Section 6.2.5.

Figure 6.20 Circuit for Problem 6.5.
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Figure 6.21 Circuit for Problem 6.6.
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1. Note that this comes from the first assumption. Since the
gain is very high, the difference between the V+ and V-
terminals is essentially zero when the output is within the
range of the supply voltage. Therefore, we use the
approximation V+=V—.

2. This description shows how to determine the operation of a
circuit using just a few basics. Students are frequently hesitant
to attempt this on a job interview—even if the interviewer
‘prods’ them through the process. The reader is encouraged to
practice this sort of analysis with any circuit that is not
immediately recognizable. With practice you will get
surprisingly skilled at quickly analyzing circuits.

3. The sensor might measure temperature, position, speed,
and so on.

4. Accurate sensors are generally expensive. If we pay for an
accurate sensor we should take full advantage of its accuracy.

5. Manufacturers specify noise at the op-amp input so the
designer can use the specification for any gain value or

topology.
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6. This is not always true. See Problem 6.6.
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7
HOW TO DESIGN ANALOG FILTERS

Filters are used to pass or reject signals based on their
frequency content. Filter applications vary widely; a radio
receiver uses filtering to isolate a single desired station from
all of the signals arriving at its antenna, a radio transmitter
uses filtering so that it emits signals only in the frequency
band for which it is licensed, a measurement system uses
filters to remove noise from sensor inputs, and printed circuit
boards use bypass capacitors to filter the power connections
to integrated circuits. Analog filters can be implemented with
active topologies using op-amps, or passive topologies using
inductors and capacitors.

Once a filter is fully specified, the components can easily be
determined using excellent textbooks and online resources.
The skill of specifying the filter is more valuable than the
skill of selecting the components because it requires
knowledge of the system design goals, knowledge of the
signals to be filtered, knowledge of the components and
systems surrounding the filter, and knowledge of the different
filter types. The examples and problems in this chapter are all
designed to give you experience converting system
specifications into filter specifications and ultimately into
practical filters.

This chapter begins with a discussion of passive versus active
filters. This is followed by a detailed discussion of the
commonly encountered lowpass RC filter. Next we describe
characteristics of three common filter types: Butterworth,
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Chebyshev, and Bessel. Understanding these characteristics
will help you select the best filter type for a design
requirement. Section 7.1 describes how filters are designed
based on normalized lowpass prototypes, and Sections 7.6
and 7.7 show practical examples of active and passive filter
design.

7.1 PASSIVE VERSUS ACTIVE FILTERS

Analog filters are classified as either passive or active. The
major difference between them is that the active filter shown
in Figure 7.1 a uses the op-amp as a source of energy whereas
the passive filter in Figure 7.1b has no internal energy source.

Figure 7.1 Active and passive filters. The active filter (a) has
an energy source whereas the passive filter (b) does not.

The input signal is the
The power supply to source of energy

the op-amp is the \
source of eneray v,

Ly
‘ = - . 4t

Active filter

Passive filter

(a) (k)
Active filters consist of resistors, capacitors, and active
elements that are typically op-amps. An advantage of active
filters is that they tend to be physically smaller and less
expensive than passive filters because they do not use
inductors. Another advantage is that active filters are
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generally unaffected by source and load impedances. A
disadvantage is that the op-amps and the resistors generate
noise as shown in Chapter 6 which makes these filters
unusable for amplifying low-level signals such as those
picked up by an antenna in a radio receiver. Another
disadvantage is that, unlike passive filters, active filters
cannot be used to filter high-power signals such as those
generated by a radio transmitter. Finally, the frequency range
of active filters is limited because they require op-amps with
gain-bandwidth products on the order of 10 or 20 times the
filter bandwidth. However, a wide variety of filter designs are
not affected by these disadvantages and active filters are
nearly always used at frequencies less than 10 MHz and often
at higher frequencies.

Passive filters are used when active filters are not a practical
choice. They consist of capacitors and inductors, and the
inductors make them physically larger and costlier than active
filters. Passive filters generate no noise and can filter the
femtowatts entering a radio receiver. They can also be used to
filter high-power signals. And, of course, they don’t require a
power supply.

7.2 THE LOWPASS RC FILTER

The lowpass RC filter, shown in Figure 7.2, is typically used
when the signals to be removed are at least several octaves
higher in frequency than the desired signal. This is common
when high-speed digital signals are located near
low-frequency analog signals. Since the components are
inexpensive, designers frequently include this simple filter on
analog signal traces even if they are not sure filtering will be
needed.1
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Figure 7.2 The lowpass RC filter is simple to design and
implement using the equations shown here.

1

Time constant =7 = RC ngg = omr
Your®) _ gy o1 1
= -Hs) =1l —
Vinis) Tgal
=} T
+ @ I il
Vin c Vour Step response=Vit) =V — (V= V) e -t
—[ where Veis the final voltage and V| is
HE & = the initial voltage

The transfer function relating the output voltage to the input
voltage can be written using the voltage divider theorem:

(7.1) |
Vo w1 S

Vier- pals RC 1" gl
N R+ — L S =

where T = RC is the time constant for the circuit.

Letting s = j2xnf, and taking the absolute value, the magnitude
of the frequency response is

(7.2)

V I

\/ + 2xf)? 1/1 + (2nfr)

Equation 7.2 can be expressed in decibels as
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Gﬂil]dB = 20 I'ng

f
/ 2
14+ (2xfr)
(7.3) \ Vv ' /

A common figure of merit for any filter is the 3 dB or cutoff
frequency.2 For the lowpass RC filter this is the frequency
where

(7.4) Y

The 3 dB frequency is computed by solving Equation 7.2 for f
and setting [VO/VIN| to 0.7071:

| 1
F — =
75 9B 2xr " 2xRC

Equation 7.2 is exact, but the Bode plot shown in Figure 7.3
gives a quick, accurate approximation of the magnitude of the
frequency response. It is plotted by approximating the
response as flat from DC to the 3 dB frequency, and then
falling to -6 dB at twice the 3 dB frequency, -12 dB at four
times the 3 dB frequency, and so on.

Figure 7.3 Frequency response plot for the lowpass RC filter.
The Bode approximation (solid line) is an accurate
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approximation of the exact frequency response (dashed line)
at low and high frequencies.
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We can use the notion of the Bode plot to quickly
approximate the attenuation3 of the lowpass RC filter at any
frequency. We start by expressing the ratio of an arbitrary
frequency, F, to the 3 dB frequency in octaves:

AR _

F
(7.6) Fim

where n is the number of octaves.4 Solving for n gives the
useful formula

(7.7)

F
In ( )
Fin

Number of octaves between Fand Foyp =n= )
} n
Since the lowpass RC filter rolls off at 6 dB per octave, the
attenuation at any frequency an octave or more above the 3
dB frequency can be quickly determined using Equation 7.7
as shown in the following example.
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Example 7.1 Design a filter for a data acquisition system that
acquires signals from DC to 100 Hz. The desired signal is
corrupted by an undesired digital clock signal at 10 kHz. The
filter should attenuate the desired signal less than 3 dB and
the undesired signal by at least 35 dB.

Solution. We can quickly determine if a lowpass RC filter
will suffice. The number of octaves between 10 kHz and 100
Hz is given by Equation 7.7:

In ( m,nc:u)
100
Octaves = . = 6.644
(7.8) In(2)

Multiplying the number of octaves by 6 dB/octave gives the
attenuation at 10 kHz as 39.9 dB. If the 3 dB bandwidth were
set to 100 Hz, the desired signal would be attenuated by 3 dB
and the undesired signal would be attenuated by 39.84 dB
thereby technically satisfying the requirement. But noting that
the 35 dB requirement is exceeded by 4.8 dB and the 3 dB
requirement has no margin, we realize that if this filter were
manufactured in quantity, component variations would result
in an unacceptable failure rate.5

The 3 dB frequency is modified with the goal of reducing the
margin at 10 kHz and increasing the margin at 100 Hz. Figure
7.4 shows that raising the filter’s 3 dB frequency achieves this
goal.

Figure 7.4 The original filter (solid line) has no margin at 100
Hz and excessive margin at 10 kHz. The modified filter
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(dashed line) exchanges margin at 10 kHz for margin at 100
Hz. Note this drawing is not to scale.

g 4
g The moified fiter
E} _~ provides margin at
3 —~" 1D0Hz
=
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o o
adB Original filter
p.
Meaxdifisd filter
iy . - i
The ariginal fitter g /
has no margin at =] N -
100 Hz \/
\ The modified filter
| - provides margin at
35dB / 10 kHz
o . —H
The original filter - E
has 4 & dB margin — & 31
at 10 kHz - %

Substituting Equation 7.5 into

Fraguency (Hz)

Equation 7.3 provides a

formula that allows us to optimize the 3 dB frequency:

(7.9)

Atten,y = —Gaingg = —201log,,

Our goal is to have equal margins

L+ )2}

at 100 Hz and 10 kHz. We

J
Fayp

define the margin as AdB. Our strategy is to write two
equations in the two unknown values AdB and F3dB.
Equations are written for the 100 Hz and 10 kHz cases.
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(7.10)
and
(7.11)
/ y
e ]
13 ( 10, 000 )
\ Fay /)

Simultaneous solving of Equations 7.10 and 7.11 appears
formidable but it can be done fairly easily. Our strategy is to
add the two equations to eliminate A and then solve the
resulting equation for F3dB:

(7.12)
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Rather than solve for F3dB in Equation 7.12, we enter the
equation in Excel and use the Goal Seek6 function to solve
for F3dB. The result is F3dB = 151 Hz and then A is
calculated from Equation 7.10 or 7.11 as 1.42 dB. Therefore,
the modified circuit has 1.42 dB margin for each requirement
as shown in Figure 7.5.

Figure 7.5 Magnitude response for Example 7.1. The filter
has 1.42 dB margin at both 100 Hz and 10 kHz.
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1 10 10* 1 1d* 1
Frequency (Hz)

7.3 FILTER RESPONSE CHARACTERISTICS

The lowpass RC filter discussed earlier has a lowpass
response characteristic because it passes low frequencies and
rejects high frequencies. Figure 7.6 shows the lowpass
characteristic and the three other response characteristics:
highpass, bandpass, and band-reject.

Figure 7.6 Filter response characteristics: lowpass (a),
highpass (b), bandpass (c), band-reject (d).

214



3 h

o Lowpass o

= response o

@ @ Highpass

5 5 response

=B =1

8 ;

& &

Frequency (Hz) Frequency (Hz)
(@ b)
L

m Bandpass o
el T ;
Y response e Band-reject
2 @ response
2 8

& i
o o

Frequency (Hz) Fraquency (Hz)
fe) d)

7.4 SPECIFICATION OF FILTER TYPE

The lowpass RC filter is simple and easy to work with
because it has only a single pole. By adding additional poles
(and sometimes zeros), and manipulating their positions,
different filter types can be created to satisfy specific
performance requirements. Besides the lowpass RC,
Butterworth, Chebyshev, and Bessel are common filter types.
Some of their lowpass performance characteristics are
described below and summarized in Table 7.1.

TABLE 7.1 Comparison of performance characteristics for
common filter types
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Owershoot

Main Flatness in ~ Sharpness of  in step Flatness of
characteristic passband response response group delay
Lowpass Simple Gradual 6 dB per No Peaks at
RC roll-off octave overshoot cutoff
roll-off frequency
Butterworth  Flat in passband  Flattest Moderate Moderate Peaks near
overshoot cutoff

frequency

Chebyshev Sharpest Ripples in  Sharpest Moderate Peaks near
frequency passband overshoot cutoff
response frequency

Bessel Flat group delay Gradual Moderate No Flattest

roll-off overshoot passband

group delay

Passband flatness refers to the amount of amplitude variation
at frequencies below the cutoff frequency. This is important
when the filter must pass a signal consisting of multiple
frequencies, and we don’t want the filter to affect their
relative magnitudes. Of the filter types above, the Butterworth
filter provides maximum passband flatness.

Sharpness of response refers to the filter’s ability to reject
signals above the cutoff frequency. A very sharp filter will
have 3 dB attenuation at the cutoff frequency and, say, 50 dB
attenuation at twice the cutoff frequency. When a filter is
used to reduce noise or remove an interfering signal,
sharpness of response is often the dominant requirement. Of
the filter types above, the Chebyshev filter has the sharpest
response and the Bessel has the most gradual response.
Overshoot in step response refers to the filter’s output when a
step input is applied. A filter’s step response can be critical
when it is part of a system that must make measurements as
quickly as possible. This is common for devices that
self-calibrate when first turned on. If the step response has
overshoot, then more time must be allocated for the system to
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settle before making the measurement. Chebyshev and
Butterworth filters both have overshoot in their step
responses. The Bessel has no overshoot which makes it a
good fit for measurement applications as will be shown in
Example 7.3.

Flatness of group delay refers to how much the filter delays
signals at different frequencies within its passband. If a signal
consists of multiple frequencies, and if the different
frequencies experience different amounts of delay, then the
signal at the output would be distorted. This is important for
broadband signals such as digital communication waveforms.
The Bessel filter provides the flattest delay characteristic.

Being able to select the correct filter type could be your most
valuable filter design skill. This section has presented some
common filter types and requirements, but filter design
textbooks show many more normalized plots that will give
you even more flexibility with your design.7 Understanding
how to use normalized plots will help you “shop” for that
perfect filter!

7.5 GENERALIZED FILTER DESIGN PROCEDURE

Filtering requirements vary widely. A filter design
requirement may be lowpass, highpass, bandpass, or
band-reject. If it is low pass or highpass, it will have a single
cutoff frequency; if it is bandpass or band-reject, it will have
two. It will also have a requirement for maximum attenuation
in the passband, minimum attenuation in the stopband(s), and
requirements specifying the steepness of the response
between the passband and stopband(s). Fortunately modern
filter design provides methods for converting this vast array
of filtering requirements into a normalized lowpass
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requirement. With the filtering requirement converted into
this form, a small number of precompiled plots and tables can
be used to specify the filter type and order.8 With the type
and order specified, the filter can be designed from a filter
table or by using an online tool. Our discussion is limited to
lowpass filters, but the reader should be aware that designing
highpass, bandpass, and band-reject filters is a
straightforward extension of the material presented here and
is well covered in [1].

The steps for designing analog filters are described below and
shown in Figure 7.7.

1. Determine the desired response. The desired response is
usually a frequency-domain plot showing the desired
attenuation as a function of frequency. It will have a lowpass,
highpass, bandpass, or band-reject response characteristic.

2. Convert the desired response to a normalized lowpass
response. For the lowpass filters used in this chapter, we
normalize to the 3 dB frequency to 1 Hz. Though not covered
here, filter design textbooks [1] show methods for converting
highpass, bandpass, and band-reject requirements to
normalized lowpass responses. The result of this step is the
normalized lowpass requirement mentioned above and shown
in Figure 7.7b.

3. Use normalized response plots to determine the filter type
and order. The normalized lowpass frequency response for
the filtering requirement is compared to normalized plots
showing different filter types and orders. Based on this
comparison, the required type and order are specified.

4. Denormalize the filter and design using tables or an online
resource. With the filter type and order known, the filter is
designed using the methods shown in the following sections.

218



Figure 7.7 Analog filters are designed using the steps shown
here and also outlined in the text. Our discussion is limited to
lowpass filters, but references such as [1] show how to design
filters with other response characteristics.

r
Fagp=1Hz (Chebyshav)

»>

NPT

(Bessel)

»

(Butterworth)

i
KEP

MNormalized
fraquency
Fraquency (Hz) Mormalized Frequency (Hz)
frequency
(a) (b) ie) (d)
Start with a filter Reduce requirement to Use normalized Denormalize filter
design requirement  a normalized lowpass filter response plots for correct cutoff
requirement to select filter type frequency and

and order response type

Example 7.2 Select a filter type and order for a lowpass filter
with 3 dB frequency of 300 kHz and 35 dB attenuation at 900
kHz. The response in the passband should be as flat as
possible.

Solution. Referring to the steps above, the first step is
complete because a lowpass filter is specified.

The second step is to scale the lowpass equivalent frequency
response requirement so the 3 dB frequency is 1 Hz. This is
done by dividing all frequency points by the 3 dB frequency
as shown in Figure 7.8

Figure 7.8 Frequency response requirements for Example 7.2.

The lower horizontal axis shows frequency normalized to the
desired 3 dB frequency.

219



3 dB frequency

/is 300 kHz

Atte nuation (dB)

At least 35 dB
attenuation at

L
1
1
I
1
1
1
1
|
I
I
1
1
|
1
1
I
1
1
|
1
1
1
1
I
1
I
I
I
]
T
I
I
I
1
1

900 kHz
35 l\\
T T T T T T >
o o | -+ <] ] [=] Frequency (MHz)
=1 | =] [=] [=] =
[ 1 | | >
a (=] [=] Mormalized frequency
- ol o

This axis shows the
frequency for the
equivalent lowpass filter

The normalized lowpass frequency response requirement is
shown in Figure 7.9.

Figure 7.9 Normalized lowpass frequency response

requirement for Example 7.2. This plot and Figure 7.10 are
used to determine the required filter order.
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Since maximum flatness is desired, a Butterworth filter type
is selected and the plot of Figure 7.10 is used to determine the
required filter order. This plot shows that at a normalized
frequency of 3, an n = 4 or fourth-order Butterworth filter
provides about 39 dB attenuation thereby satisfying the
requirement. We conclude that the requirement is satisfied by
a fourth-order Butterworth filter with cutoff frequency 300
kHz.

Figure 7.10 Attenuation characteristics for Butterworth filters.

The horizontal axis is normalized frequency. The vertical axis
is attenuation.
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7.6 DESIGN OF ACTIVE LOWPASS FILTERS

There are several standard op-amp-based topologies that are
used to implement active filters. The most popular is the
Sallen-Key lowpass active filter section shown in Figure 7.11.
Active filters are typically implemented by cascading one or
more of these sections.

Figure 7.11 Sallen-Key lowpass active filter section. Similar

but different topologies are used for highpass and bandpass
filters.
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Co
; | ;
The transfer function for the filter shown in Figure 7.11 is

(7.13)

H(s) = ]

2R\ Ry, C Cy+5C, (R +Ry) + |

Since the input impedance of the filter is typically high, and
the output impedance is low, the transfer function of cascaded
Sallen-Key structures is simply the product of the individual
transfer functions. The transfer function is not needed for the
filter design procedure, but is useful because it enables you to
plot the frequency response of a filter once it has been
designed.9

With the filter type and order specified, designing the filter is
a straightforward process using equations found online or in
textbooks. In Example 7.3 we use an online tool [2] to
determine the components.

Example 7.3 A sensor, as shown in Figure 7.12, measures a
process and produces a voltage of about 1 V, which is filtered
and fed to an analog to digital converter (ADC) that samples
the signal at 100 kHz. It is advantageous to sample the filter
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output as soon as possible after the signal appears at the
sensor output. The filter is used to remove noise from the
measurement signal and prevent noise above the Nyquist
frequency of 50 kHz from aliasing into the passband when the
signal is sampled. The 3 dB frequency of the filter must be 10
kHz and it must provide at least 40 dB attenuation at 50 kHz.
Design the filter and specify the amount of time from when
the signal is present at the sensor output to when it can be
sampled by the ADC.

Figure 7.12 Details for Example 7.3.

Output is
approximately 1V

Sensor Filter ADC
-—'_"H?‘_._—.
2 >
.-"'_‘-H.?c__._‘
v v ADC samples at
100 kHz
/___f\_.d———-_—
Time Time
7
-

The signal from the sensor

is corrupted by noise The filter removes the noise, but the ADC

must wait befora taking the measurement

Solution. The first step is to check whether the lowpass RC
filter will suffice. Equation 7.7 gives
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i ( 50 kHz )
10 kHz
Octaves = 5 =232
(7.14) In(2)

At 6 dB per octave the lowpass RC provides attenuation of
only 13.9 dB at 50 kHz so it will not suffice.

Since measurement time is critical, we choose the Bessel
filter type because its response to a step input has no
overshoot. Since the 50-100 kHz frequency range for the filter
is much lower than the bandwidth of most op-amps, and since
the voltage of the signal to be measured is much higher than
the millivolts of noise produced by most op-amps, an active
filter will satisfy the requirement.

The requirement for a cutoff frequency of 10 kHz, and 40 dB
attenuation at 50 kHz, means that the normalized response
must have 40 dB attenuation at a normalized frequency of 5.
Figure 7.13 shows that a fourth-order Bessel filter will
provide about 42 dB attenuation thereby exceeding the 40 dB
requirement by 2 dB.

Figure 7.13 Attenuation characteristics for Bessel filters.

225



=]
(=]

o

3
[N

At a normalized frequency

70|—0f 5, the i = 4 Bessel filter . 6|
provides about 42 dB 7 L/ A
80 aftenuation N, A / y f,/
A
@ 5p \4// 0 | A L
g -4
é 40 % // f,,f
: ) oA
£ a0 1A LA ]
=T [~
‘_.‘_,_,..a""

]
(=]

/ ///

1 2 3 4 E & 7 8 910
Frequency (nermalized)

i
L

0

At this point the filter specification is complete. A
fourth-order Bessel filter with 3 dB frequency of 10 kHz is
required.

To specify the amount of delay from when the signal appears
at the sensor output to when it can be sampled, we consult the
step response plot in Figure 7.14. To use this plot, the time
axis is denormalized by dividing by 2nfc, where fc is the
cutoff frequency. The denormalized axis is shown under the
normalized axis. The curve for the fourth-order filter is
essentially settled at a normalized time of 4 which
denormalizes to 63.7 p s. Therefore, the system should wait
63.7 us before making the measurement.

Figure 7.14 Step response plot for Bessel filters.
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We have specified a fourth-order Bessel filter with cutoff
frequency 10 kHz. The next step is to determine the
components. The online tool in [2] is used to determine the
components and the filter is shown in Figure 7.15.

Figure 7.15 Fourth-order Bessel filter with 3 dB frequency 10

kHz. Component values were determined using the online
tool [2].
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— s g SN N £ T
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=
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We can verify the frequency response of the filter using the
transfer function for individual sections from Equation 7.13.
The transfer function of the two cascaded sections is shown in
Equation 7.15, and the lines of Matlab in Figure 7.16 are used
to create the plot in Figure 7.17:

(7.15)

His) = 1 1

32R1R2C1C2+3C2 (Rl +R2} +1 . SER3R4C3C4 +SC4 (R3+R4) +1

Figure 7.16 Matlab code for plotting frequency response of
active lowpass Bessel filter of Example 7.3. This method for
plotting frequency response is described in Chapter 3.

1 Starcfreq = 100:
2 HumDec = 3
3 PraPexDec = 200; otted per decade
4
] % Pre-allecate results matricies.
[ HagResp = zeroa(NumDec*PFcsPerDec, % Ha
7 Freq = zercs|NusmDec*PrsPexDec,1)? % Matr
8
] Rl = 131.71e3: ¥ Filtar components
10 R = 11 .7led:
11 €l = le-9;
12 C2 = 0.917T8e=9;
13 RI = 16.12e3:
14 R = 16.17e3;
15 CI= le-§;
16 Cd = 0.385%e=9;
17
12 & Cospute frequency response at frequency points uniformly-apaced on a log plot.
19 for A=l : NumDec"PraPerDec
20 Freqii) = ScarcFreqg=10*(i/FcaPecDec); % Evaluate &T ¢
i s = 13 * 2*pi*Freq(i); % Decermane
22 H1 = 1/ (s 2*R1*RI=CI1~C2 & a=C2* (R1«R2) + 1):
23 H2 = 1/(2*2*R3I*R4*C3*CH + 2*C4*(RI+R4) + 1);
4 H=Hi « H2;
5 MagResp (i) = abo(H);: % Flace magnitude respconse ir
28 end
7
28 % Plot frequency respoase ia dB.
i HDb = 20°logl0(MagReap):
30 hll = semilogx({Freq,HDb, ‘color’,'k*):
n ylimi{[-50, 10]):
32 grid onj
- § xlabel (' Fregquency (Mz)'):
M yiabel (' IVe/Vial, (dB)')¢
1 ] set (hll, *linewidth'; 2)1

228



Figure 7.17 Computed frequency response for active lowpass
Bessel filter of Example 7.3.
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7.7 DESIGN OF PASSIVE RF FILTERS

Passive filters are typically more bulky and costly than active
filters because they use inductors. However, in some
applications passive filters are the only choice such as when a
high-power RF amplifier generates harmonics that could
interfere with other radio systems. These harmonics must be
attenuated as shown in the following example.

Example 7.4 The power amplifier subsystem shown in Figure
7.18 is used to amplify signals between 7.5 and 10 MHz. The
power amplifier outputs a square wavelO that is fed to a
lowpass filter that attenuates harmonics of the fundamental,
thereby producing a sinewave at the filter output. Design a
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filter that attenuates the fundamental less than 1 dB and all
harmonics by at least 30 dB below the fundamental. The
output impedance of the power amplifier is 50 Q, and the
filter is terminated in 50 Q.

Figure 7.18 Power amplifier and filter for Example 7.4(a).
The square-wave output from the amplifier (c) is filtered,
leaving only the fundamental (d).

/r\\ ."/\\ Time  Power amplifier
.II .'ll "'

J.f input

IIl \x
| Powar Filter e
| amplifier \
H I
RF input iy Time  power amplifier
= = output
L —L | g
\ @ )

(a) A {c)
\_ ’/\ ."f/_\ Time  Fiitar qutput

i | 7 {to 50 2 load)
VARV

(d)

Solution. Prior to designing a filter to attenuate the
harmonics, their magnitude must be known. If the peak
amplitude of the waveform in Figure 7.18c is 1 V, then the
waveform can be expanded as a Fourier series [3] as shown in
Equation 7.16, where the fundamental is the first term of the
series and all other terms represent unwanted harmonics:
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4 lsin{mﬁr}
n

fle)=

(7.16) n=135,.

=

Equation 7.16 shows that the amplitude of the harmonics
decreases with frequency. The third harmonic is closest in
frequency to the fundamental so it drives the steepness
requirement of the filter. From Equation 7.16 we see that the
third harmonic is 1/3 the amplitude of the fundamental. Its
attenuation in dB is

(7.17)
Attenuation of third harmonic below fundamental = 20 log, (%)

= 9.54dB

The filtering requirement is shown in Figure 7.19, where it is
seen that the maximum attenuation is 1 dB at 10 MHz. If we
assume the filter will attenuate a 7.5 MHz signal by no more
than 1 dB, then for the third harmonic of 7.5 MHz to be 30 dB
below the fundamental, the filter attenuation at 22.5 MHz
must be

(7.18)
Filter attenuation at 22.5 MHz > 30dB-9.54 dB+ 1 dB = 2146 dB

Figure 7.19 Filtering requirements for Example 7.4. The
steepness requirement for the filter is driven by its response at
10 and 22.5 MHz.
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Any of the filter types discussed earlier could satisfy this
requirement. The Chebyshev will result in a lower order and
consequently fewer parts, but it will have a small amount of
ripple in the passband. The Bessel filter would provide flat
group delay, but require more sections thereby using more
parts. We use a Butterworth filter because it is a compromise
between these choices. Attenuation characteristics for
Butterworth filters are shown in Figure 7.20, which shows
that for orders greater than 3, the attenuation of the
Butterworth filter is less than 1 dB at a normalized frequency
of about 0.8. We use this to specify the 3 dB frequency of the
filter as follows:

Figure 7.20 Attenuation characteristics for Butterworth filters.

232



For n greater than 3, the attenuation is
less than 1 dB at a normalized

frequency of about 0.8

5 \

\

K

2

Attenuation (dB)
o

} Y/

n=2=a
f
0.5

P

74

=2 3*"__..-"

0 e
0.2 0.4 08 08 1

Frequeancy (normalized)

A fifth-order Butterworth filter will give
about 25.7 dB attenuation at a
normalized frequency of 1.8

/Y
e

J'"f ‘Ill.ll"
=
/|

120




(7.19) fmﬂ = {}_Sﬁ dB
SO

(7.20)

fiam 10 MHz 2
- — ——— — '} y
faam 0.8 0% 12.5 MHz

and 22.5 MHz normalizes to

(7.21)

Normalized frequency =

Therefore we must pick a filter order that has at least 21.46
dB attenuation at a normalized frequency of 1.8. Figure 7.20
shows that a fifth-order Butterworth filter would give about
25.7 dB thereby satisfying the requirement.

At this point the filter specification is complete. A fifth-order
Butterworth filter with 3 dB frequency of 12.5 MHz is
required. The components can be determined using
normalized filter tables from [1] or from an online calculator
[4]. Knowing that we will check the completed design by
plotting the frequency response, we choose the latter
approachl1 and design the filter shown in Figure 7.21 using

[4].

Figure 7.21 Filter for Example 7.4.
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The Matlab code in Figure 7.22 shows the process of
determining the component value by frequency and
impedance scaling the normalized filter values as shown in

[1].

Figure 7.22 Matlab code to compute component values from
normalized values for Example 7.4.

1 ¥ See Williams, Page 2-3 and 2-4 for frequency and impedance scaling.

F | FSF = 12.5eé = J"pi; % Fr

3 Z = 50; k Impe

4

5 ral itTerworth lowpass filter.
&

T

g

9

10

11

iz

13 & uce a o i1 - L3 -
14 % values.

15 Cl = C1N/(FSF*Z);:

16 La = LINZ/F3F;

17 €3 = C3H/ (PSPZ);

13 L4 = LAN=Z/FSE;

13 CS = CSN/ (FSEe2):

The filter’s frequency response can be determined by
analyzing the filter using ladder analysis as shown in Chapter
3. Figure 7.23 shows the currents and voltages used for the
analysis done by the Matlab code in Figure 7.24. The
frequency response is plotted in Figure 7.25.12
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Figure 7.23 Analysis model for Example 7.4. Ladder
networks are easy to analyze as shown in Figure 7.24.

i is ia i
Y

‘aanal

z Lz Ly

fs =Gy f"il = i Izl = C5 r4

Figure 7.24 Matlab code to determine frequency response for
Example 7.4. The Matlab “dot operator” is used for
element-wise vector operations in this code, so the “for” loop
used in Figure 7.16 is not necessary.

236



BehiUabEbRbbumusrvawne

BYRREUBEBRBRYUSREBEN

HumDec = 3; %t Number of decades to plot
FtaFerDec = 300:

SrarcFreq = 100000 % Fregusney in H»

1 = 1:Mumbec*PcsPerDecy

F= ScarcFreqel0.”(i/FraPerDec)? % This 13 & logarithmlic Irequency swesp.
s = 14=2*pi*F; % Define complex freguency.

freguency.
&5 eleRenT-wise opErarions

% Compute impedances of cach component at eac
% Nore rhe use of the dor operacor which spe.
%
%

in Maclab. For example,xl 18 & veoror containing the inpedance of C1l at
all freguencies.
zl = 1./(=s"Cl)» 22 = s*L1; 2F = 1./ (="C3); 24 = =2*L4; ZE = 1./ (="CE);

% Analyze ladder network by setting output volcage to I volt and computing the
% input. The operations below create vectors of values.
Va = 1z

il = Vo/50:

i = Vo./25;

13 = 41 + 127

Vi = Vo « i3.%2z4:

16 = Vi./23;

i5 = 43 + i%:

V2=Vl &« 15.%33;

i6 = V2./zl;

17 = 15+ 167

Vin = W2 + 178

H=Vo./Vin = 2;

% Plot frequency responss,

HMag = aba(H}s

HOb = 204logld (HHag):

hll = semilogx(F,HOB, "ecolor', "k'}j
ylim([-40, 10)):

grid =ng

xlabel {*Frequency (He)*):
Ylabel (" |Ve/Vin|, (48)")z

set(hll, *lirewidch®, 2);

Figure 7.25 Frequency response plot for Example 7.4. This
plot is produced by the Matlab code in Figure 7.24.
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PROBLEMS

7.1 Determine the time constant and 3 dB frequency for the
lowpass RC filter shown in Figure 7.26. If the capacitor is
initially discharged and a step of 1 V is applied to the input,
how long will it take for the output to reach 0.87 V?

7.2 Determine the transfer function for the filter shown in
Figure 7.27. Show that it is a highpass filter by substituting s
= j0 and s = joo into the transfer function. Show that the 3 dB
frequency is 1/(2nRC).

Figure 7.26 Circuit for Problem 7.1.

4700 Q
+ /AN + s 4

Vin . 0.01 uF Vi
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Figure 7.27 Highpass RC filter for Problem 7.2.

C
+ ® 1] » . 4
Vin 5 R Vour
— W L 4 F —

7.3 Can an lowpass RC filter be used to provide 3 dB
attenuation at 17 kHz and at least 30 dB attenuation at 625
kHz?

7.4 Can an lowpass RC filter be used to provide 1 dB
attenuation at 21 kHz and at least 22 dB attenuation at 820
kHz?

7.5 A lowpass filter must have a 3 dB frequency of 13 MHz
and provide at least 35 dB attenuation at 42 MHz. What is the
normalized frequency corresponding to 42 MHz? Specify the
order of a Butterworth filter that will satisfy this requirement.

7.6 A third-order Butterworth filter has 1 dB attenuation at
2800 Hz. What is its attenuation at 23.3 kHz?

7.7 Design a Sallen-Key lowpass Butterworth filter with a 3
dB bandwidth of 8 kHz and 20 dB attenuation at 24 kHz.

7.8 Design a fifth-order passive Chebyshev lowpass filter
with cutoff frequency 21 MHz, impedance 50 Q, and 0.1 dB
passband ripple. Determine the effect on the filter’s frequency
response if the inductors have a quality factor of 10 at 21
MHz. Hint: The effect of inductor Q is a 7.78 Q resistor in
series with each inductor.
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1. This practice is common in industry but should be done
carefully. If the signal trace is part of a feedback loop, the
phase shift from the RC filter could potentially cause
instability. See Chapter 5.

2. These terms “3 dB frequency” and “cutoff frequency” are
used interchangeably in this chapter.

3. Attenuation is the inverse of gain. When expressed in
decibels, AttendB = — GaindB.

4. An octave is a doubling of frequency.
5. Chapter 4 discusses manufacturing failure rates.

6. If you don’t have a symbolic equation solver, the Goal
Seek function in Excel can save you hours of manipulation.
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7. For example, a good compromise of group delay flatness
and frequency roll-off is obtained using a filter that is Bessel
to 6 dB and then follows a Chebyshev response. This is called
a transitional filter [1].

8. Order is related to the number of components used in the
filter.

9. This allows you to check your work as well and also
evaluate component inaccuracies and so on.

10. Power amplifiers sometimes output a square wave to
increase their power efficiency thereby reducing power
dissipation.

11. Online computational tools do not always produce correct
results. This makes checking the result especially important.

12. This analysis is useful for including the effects of inductor

Q (which adds series resistance to the inductors) or the effects
of component variation. See Problem 7.8.
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8
HOW TO DESIGN DIGITAL FILTERS

If your design requires a filter, and if the filter can be
implemented in an existing field programmable gate array
(FPGA) or microprocessor, then its effect on the product cost
will be much less than if the filter were implemented using
dedicated components such as capacitors, inductors, or
op-amps. In addition, the design will be more reliable and
smaller because it will have fewer components. Finally, it will
not be affected by manufacturing tolerances, temperature, and
aging. These advantages are compelling reasons to use digital
filters wherever possible.

Digital filtering, or equivalently discrete-time filtering, is
usually the best approach if the signal to be filtered can be
represented as a set of uniformly spaced samples and a device
is available to do the necessary computations. The continuing
evolution of analog to digital converters (ADCs) and digital
to analog converters (DACs) combined with advances in
hardware- and firmware-based digital signal processors
(DSPs) makes digital filtering more practical every day. As a
working engineer, it is highly likely that you will find
yourself designing digital filters or updating older designs to
use them.

Designing and debugging any kind of filter is fun and
rewarding, but the process is very different for digital and
analog filters. A digital filter is designed by selecting an
architecture and then computing constants that determine the
filter’s bandwidth, cutoff frequency, and so on. Next, the
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filter’s behavior is validated using a digital computer. When
the filter is correctly implemented in either hardware or
firmware, it will work exactly as you intended, and you’ll
spend minimal laboratory time troubleshooting. The scenario
is different for analog filters. After the components have been
selected, a printed circuit (PC) board must be designed and
the components must be installed. When you test the
prototype you may discover problems with component
tolerances, PC layout effects, op-amp noise, inadequate
component Q, and so on, and it may take some time to
troubleshoot. If you have had experience troubleshooting a
difficult analog circuit, you will certainly appreciate the
accuracy and repeatability of digital filters!1

This chapter includes quite a few equations, but you will
quickly discover that the equations and z-transforms simplify
the material rather than obscure it. As you read the chapter
you will build a working knowledge of the z-transform and it
will likely become a valuable part of your skill set. Section
8.1 describes how to convert analog signals to discrete-time
signals and then how to convert discrete-time signals to
analog signals. In Section 8.2 we show how to compute the
z-domain transfer function of discrete-time structures and
how to compute the frequency response of any z-domain
transfer function. Next in Section 8.3 we review the
commonly used finite impulse response (FIR) and infinite
impulse response (IIR) filter structures and discuss where
each would be an appropriate solution. The chapter concludes
with Section 8.4 by reviewing several simple, but useful
digital filters that are easy to analyze, design, and implement.

8.1 REVIEW OF SAMPLING
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Digital filters operate on samples of continuous signals as
shown in Figure 8.1. Sampling is the process of converting
the continuous-time signal at the left side of Figure 8.1 to a
discrete-time signal and then converting the digitally filtered
signal back to a continuous-time signal. If the effects of
sampling are not properly accounted for, your design may not
work as expected.

Figure 8.1 Steps for filtering a continuous-time signal with a
digital filter.

Digital-to-analog converter (DAC)

accepts digital words, converts each
Confinuous-time Analogo-digital converter  Digftal filter mocfies the one to an analog signal, and holds the  Continuous-time
signal: sf) (ADC) samples at rate Fg discrets samples signal uni the next conversion signal after fitering

| /AN )

QULA@—T} E;’ Jﬂlﬁr[,nigmlnmr ﬂllmL J\l‘/\i—ﬁﬂ [ Anaog| ﬂpj_
4

fitter
Ang-aliasing fiter Each sample from the Digital filter consists of Analog filter smoothes the
removes harmonic ADC isrepresented as a delays, addiions, and signal from the DAC by
content above Fg2 B-bit digital word multiplies limiting high-frequency content

Consider what happens if the input s(t) to the system of
Figure 8.1 is a sinusoid with frequency f:

(8.1) S(r) = cos E:rﬁ' + )

s(t) is sampled at FS = 1/TS samples per second by the ADC.
The resulting signal is

(8.2)
s(n) = cos (2xfnTg + ¢) = cos (ngji” TS qg.)
S
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where n is the sample index.

To gain insight into the sampling process, we represent the
frequency of the input signal, f, by

= AFS - ﬂ".-'

(8.3) -

where FS is the sample rate, k is an integer, and of is in the
frequency in the range — FS/2 to FS/2.

Substituting Equation 8.3 into Equation 8.2 gives

(8.4)
kFg + &y {rpin s ¢
TH + th) = COS (.JI n+ ...EF

s(n) = cos (2# n+ fi))

S

The 2nkn term in Equation 8.4 simply adds a multiple of 2x
to the phase angle of the term in parenthesis and can therefore
be dropped. As a result

-

Of
s(n) =cos | 2x F—n + ¢b
(8.5) 5

Equation 8.5 shows the important result that regardless of the
frequency of the input signal, the sampled signal will always
be in the frequency range — FS/2 to FS/2. If input signals are
within this range, then the frequency of the sampled signal
will correspond to the frequency of the input signals. If not,
they will be aliased into the range — FS/2 to FS/2 as shown
graphically in Figure 8.2.2
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Figure 8.2 When signals outside the range — FS/2 to FS/2 are
sampled, they are aliased into the range — FS/2 to FS/2. The
continuous-time signal consists of two sinusoids at
frequencies fl and f2 (a). The frequency axis is divided into
segments of length FS (b). The sampling operation causes the
original frequencies to be shifted by multiples of FS to the
range — FS/2 to FS/2 (c). The sampled signal consists of two
frequency-shifted sinusoids (d).

] £ L fy fa

Voo "I
4 : I1‘ t ; : 1 TI . .
-aFs —2F, = 0 Fs 2F, 3Fs Frequency
(a)
h
S T IS N S A
-3F; —2F; £ T2 0 F2 F, oF, 9 Frequency
Negative (k) Positive
frequencies are frequencies are

shifted up E shifted down
\ E / Segment of

length Fq
[m:\
C+1r [ [T 1171 |
_3Fs _2F, P92 0 Fo2 g oF, 3Fs Frequency
(c)
h
11t "
I —Fj2 0 Fy2 I I I Frequency

In most cases, these aliased components are undesirable and
are typically eliminated by an analog filter placed at the input
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of the sampler commonly called an anti-aliasing filter3 and
shown in Figure 8.1. In theory, the filter could be a brick wall
filter as shown in Figure 8.3a. Since brick wall filters are
unrealizable, signals are typically sampled at a rate greater
than twice the Nyquist frequency or twice the highest
frequency contained in the signal as shown in Figure 8.3b.4

Figure 8.3 In theory aliasing can be eliminated by filtering the
analog input signal with a “brick wall” filter that cuts off at
the Nyquist frequency (a). Since brick wall filters are
impractical, signals are often sampled at a frequency higher
than twice the Nyquist frequency thereby allowing the
anti-aliasing filter to have a more gradual roll-off
characteristic (b).
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The system of Figure 8.1 includes a DAC with effects that
must be accounted for. The DAC accepts a discrete sample,
converts it to an analog value, and holds the value constant
until it receives the next sample. Mathematically, the DAC, or
zero-order hold, appears as a linear filter where the input is an
impulse and the output is the value of the impulse held for
one duration of the sampling clock. At first, this viewpoint
seems strange, but elementary Laplace transforms can be used
to show that the frequency response of this filter is the

familiar sinc function
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H
(7£)
(8.6) Fg

which has the effect of lowpass filtering the output signal.
The process of converting a discrete-time signal to a
continuous signal is shown in Figure 8.4. Since each sample
causes an abrupt step at the DAC output, it contains
harmonics as shown in Figure 8.4c. For this reason, an analog
filter, called the reconstruction filter, placed at the DAC
output, removes the excess harmonic content as shown in
Figure 8.4e¢.

Figure 8.4 The signal at the DAC input is periodic in
frequency and discrete in time (a, b). The DAC attenuates the
signal harmonics by outputting a constant value during each
sample time (c, d). The analog reconstruction filter further
reduces the harmonics resulting in a continuous signal (e, f).
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The effects of lowpass filtering by the DAC can be eliminated
by digitally pre-emphasizing the digital signal with a response
equal to the inverse of Equation 8.6. Some commercially
available DACs provide pre-emphasis and/or a reconstruction
filter.

8.2 USING THE Z-TRANSFORM TO DETERMINE THE
TRANSFER FUNCTION AND FREQUENCY RESPONSE
OF DIGITAL FILTERS

This section shows how to compute the z-domain transfer
function for any discrete-time network and compute its
frequency response. This will turn out to be a valuable skill if
you inherit an undocumented design or just want to check a
design created from a filter design tool. This section will also
reinforce the simplicity and utility of the z-transform.
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Digital filters consist of three items: adders, multipliers, and
delay elements—nothing else. Since adders and multipliers
are not frequency selective, we correctly expect that the delay
elements play a key role in the filter’s frequency response.
Figure 8.5a shows a cascade of continuous-time delay
elements. Each element in Figure 8.5a delays its input by TS
seconds resulting in a total delay of nTS seconds. Figure 8.5b
shows a cascade of discrete-time delay elements. When a
rising clock edge occurs, the signal at the input of each latch
is transferred to its output. Signals at the left side of the
structure are therefore shifted one position right every TS
seconds and the total delay is again nTS seconds.

Figure 8.5 Continuous- and discrete-time cascades of delay
elements. (a) The structure accepts a continuous-time input
signal. (b) The structure accepts discrete samples of a signal.
Both structures delay their input signal by nTS seconds.

dy da da dn
Continuous-time . T T - T Oistput
input ] 5 5 5 pu
This path contains (a)
miultiple bits
Discrete-ime o d da &
input
=0 Q o aQ o Q 0 Q— Qutput
Clock | ’— ’— J—
| = |
£ (b)

Intuitively we know that if the input of either structure in
Figure 8.5 is a sinusoid, the output will be a phase-shifted
replica of the input, and the phase shift from input to output
will vary with frequency. Digital filters provide frequency
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selectivity by simply scaling and adding delayed signals or,
equivalently, signals with frequency-dependent phases. We
will now see that the z-transform allows us to account for the
frequency-dependent phase shift in a convenient way.

The frequency response of an s-domain transfer function at
frequency ® is obtained by substituting jo for s and
evaluating it. The transfer function of a delay of TS seconds is
given by the delay property of Laplace transforms

};{Jﬁ'} 5T,
H(s)=—— =¢"s
(8.7) X(s)

which can be rewritten as

¥is) o
H§)= —=12
(8.8) X(s)

where the frequency domain delay operator, z, is introduced
as

89 7= e'ls = o/2/1s

As mentioned before, digital filters consist only of adders,
multipliers, and delay elements, and we have shown that the
effect of a delay of n samples is represented in the frequency
domain as a multiplication by z—n. This allows us to express
transfer functions of digital filters as functions of z as shown
in Example 8.1.5
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Example 8.1 Determine the z-domain transfer function of the
direct form 116 filter section shown in Figure 8.6.

Solution. We begin by noting that the signal at the input of
the upper latch is W(z). Therefore the output of the upper
latch is W(z)z— 1 and the output of the lower latch is W(z)z—
2. This allows us to express W(z) as

(8.10)

W(z) = X(2) + W)z 'a, + W)z %a,
resulting in the intermediate transfer function

Wiz) l
s X(@  1—az7! — a2

We now write the expression for the output, Y(z), as a
function of W(z):

(8.12)
Y(z) = W(2)by + W(2)z~'by + W(2)z~*b,
Or

¥(z)
8.13) WIZ)

=by+7'b+ 77D,

Equations 8.11 and 8.13 can be combined to give the
z-domain transfer function of the structure:

253



(8.14)

Y(2) Y(z) Wz bo+ bz + b2
H(z) = (Z) (z) {}_ 0 1 a

X@) W@ X@ 1-a7'-az?

The previous example showed how the z-transform enables us
to write transfer functions for digital filters. To determine the
frequency response of a z-domain transfer function, H(z), we
follow the steps shown in Figure 8.7.

Figure 8.6 The direct form II filter structure provides a
conjugate pair of poles and zeros and is a common building
block for digital filters. The constants al, a2, b0, bl, and b2
establish the location of the poles and zeros and hence the
frequency response of the filter.

¥iz)
Input ) ..@ we) ,:}() @ Output
=
o o F e FTN
Il { X e M X} )
kiz’ b Wt R
8, E—'ﬂ b,
L b
{ X X
B ey Y

Figure 8.7 Illustration showing the steps for computing the
frequency response of any z-domain transfer function.
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Example 8.2 The direct form II filter section shown in Figure

8.8 has a sample rate of 240 kHz and coefficients as shown.
Compute the frequency response.

Solution. Substituting the coefficients from Figure 8.8 into
the z-domain transfer function of the direct form II filter
section from Equation 8.14 gives

(8.15)
. 00147 - 00071771 +0.0147772
H(z)= d
| —1.8177z~! + 0.842872

The lines of Matlab code shown in Figure 8.9 follow the

process outlined in Figure 8.7. The magnitude and phase
response are shown in Figure 8.10.

Figure 8.8 Direct form II filter section for Example 8.2.
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Yiz)
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Figure 8.9 Matlab code used to plot frequency response for
z-domain transfer functions.
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L E= (1 1.8177 -0.8428]: % CoRStARCS for defomifstor of Cransfer FoRCEion.
2 B = [0.0147 =0.0071L 0.0L&7]2 % Comstants for momerator of transfer function.
3

] Fa = 240000 ¥ Sampling frequency in Ha.

) StartFreq = 1000; % Lovest Erequensy to plet.

[ Svopfreq = Fai % Highes: frequency to plet.

T HumPrs = 10000; & Bumber of points co plot.

8 FregSp = (Stopfreq - Stazrcfreq)/(HumPra=1): & Freguency spacing.

L ]

18 % Pre-aliccate resulce matricies.

i HagResp = zeros (Huxbre,l); N Matriw containing magnitude Ceaponae.

12 FhaseResp = zeros[HumPrs,1lj: % Mazrs ghase respanse.

13 Freq = zeros (Rumfss,l)s A Matrin containing plot frequsncies.

14

15 ¥ Compute freguency response at uniformly-spaced Ereguency points.

18 Clear i=1 : EmmPes

17 Frag(i} = StartFreq + (i=1)%Freq5p: W Evaluaze at this freguancy.

13 T = mxpllj=i*pi=Freqii)/Fs); % Define = using Equation 3.

139

20 % Equation 14 - z-domain tranafer functicn for Direct Form II secticn.

2L H= (b{l) + bi2i=e"=1 + B(3)=2"=2)/(1 = al2) e"~1 = a(d)=z"=2);

i

b1 HagReapiil = aba(H); b Place magnicude responiae IR TeSUlT BALILE.
4 FhaseResp (1) = angle (M) =380/ (2°pi); & Place phase response in Tes mAtTiE:
% “end

28

g % Blot magnivude and phasze.

i subglen(2,L,1):

13 HMag=semilogx (Freq,20°1ogll iHagResp) , *color”,'k’, 'lipewidth*, 2); ¥ Flot mognituds
34 ser (gea, FFontSarel 13)

£ mlaowl('Freg (Hz) '}z

32 ylabel ('Aesponse (dB|*)r

L] wlim ([0 Fasal):

M yiam([-50 0]}z

35 grid ong

26

Bl subploc (2,1,2) =

18 HFhs = ssmijogx( . FhaseResp, *coloc®, *k®, ‘linewidch®, 2); & Flot phass

33 mert(gom, ‘FontSaze',12):

49 xlabel('Freg (Hz)'):2

41 ylabel('Phase (Degress}‘))

42 alim ({0 Fa/2]):2

4 ylim|[-180 180]);

i et igen, '¥Tick", [-1€0, -850, O, 50, 18002

45 grid oni

Figure 8.10 Frequency response for Example 8.2.
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There is an important difference between evaluating the
frequency response of an analog filter and a digital filter. For
the analog filter, every value of s produces a unique value of
frequency response; for example, as the frequency increases,
the attenuation of a lowpass RC filter will fall by 6 dB per
octave indefinitely. But as the frequency increases in
Equation 8.9, we see that the resulting value of z follows a
circular trajectory for a digital filter because

(8.16) |
z = &*Ts = cos (2xfTs) +jsin (2xfT5)

As a result, evaluating the frequency response of the
z-domain transfer function at f2 = f1 + kFS, where k is any
integer, will give the same result as evaluating it at f1, and we
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conclude that the frequency response of a z-domain transfer
function is periodic with period FS = 1/TS. The relationship
between the s-plane and z-plane is shown in Figure 8.11.

Figure 8.11 Frequency response of an s-domain transfer
function is evaluated by varying s along the jo axis (a).
Frequency response of a z-domain transfer function is
evaluated by varying z around the unit circle (b) and is
therefore periodic with period equal to the sample rate.

s-plane z-plane

: Im
@ ; e Increasin
Increasing z ] 1 d

coresponds to frequency
/fn:iquuanc:',I fo Fafo /
k \ /\\
* -—U * > Re
z=1

b

5=0
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(a) (b) f=2Fg ...

We are often interested in the DC response of digital filters,
especially if the filter is lowpass. The DC response can be
easily computed by noting that when f = 0, s = 0, and z =
esTS = 1. Therefore we can compute the DC response of any
z-domain transfer function by substituting z = 1.

8.3 FIR AND IIR DIGITAL FILTERS
Most of the digital filters we encounter will be either FIR or

IIR. The impulse response of a digital filter is the filter output
resulting from setting the output of all internal latches to zero,
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applying a single nonzero input sample and then applying
additional zeros as the filter is repeatedly clocked.

&.3.1 FIR Filters

The FIR filter takes its name from the fact that its impulse
response is limited to the length of the filter register. This can
be seen in Figure 8.12 where an input signal enters at the left
side of the filter and is shifted one position right each time the
filter is clocked. Once the input reaches the right side of the
filter it has no further effect. Since there is no feedback from
output to input, FIR filters are unconditionally stable.

Figure 8.12 FIR filter structure. The latches shown by the
blocks marked z— 1 are clocked at the sample rate FS.

Latches share a common
clock at sample rate Fg

X(z)z° X(z) z™ / Xiz) z-N-1)

Input, X(z) : » 7' e Z7' e — 7

v

Tap weights

» Output, Y(z)

The input signal in Figure 8.12 is represented by X(z). The
output of the first latch is its input multiplied by z— 1, the
output of the second latch is X(z)z— 2, and so on. The
z-domain representation of the filter output is therefore
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(8.17) N
Y(2) = X(2)2°by + X277 by + -+ + X@7 N Vb,

which can be rewritten as
N—1
Y() =X(@) ) b,7"

(8.18) n=0

And the z-domain transfer function of the FIR filter is

Y(z

H(z) = ; ) Z B0
(8.19) (2)
FIR filters are often used because they can be designed so the
phase shift caused by the filter is a linear function of
frequency or equivalently, the filter delays all frequencies
equally.7 Linear phase, or flat group delay, is highly desirable
for signals composed of multiple frequencies, such as those
used for communication waveforms, because it minimizes
distortion. An FIR filter has linear phase if the filter tap
weights are symmetric, meaning that the taps on the

right-hand side of the filter are a mirror image of the taps on
the left.

When the taps are symmetric, as is often the case, the
frequency response can be computed without having to
manipulate complex numbers. This enables you to plot
frequency response with a standard spreadsheet program.
Consider an FIR with an odd number of symmetric taps.
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Multiplying the transfer function of Equation 8.19 by z— N/2
esTS 8 and indexing the N + 1 tap weights from — N/2 to N/2
allows us to write Equation 8.19 as

Nj2
H(z) = Z DL
(8.20) n=—N{/2

Since the taps are symmetrical bk = b— k and Equation 8.20
can be written as

N/2
H(z) = byz" + Z b+
(8.21) n=1

The frequency response is computed by substituting esTS for
z in Equation 8.21:

N2
H(s) = bl:l 3 z hﬂ {ESHTS + e—mfg}
(8.22) n=1

Using the Euler identity EJ @ + e__-': ¢ _ oS {{f)} and

substituting s = 2xnf gives the equation for the frequency
response:

N/2
H(f)=by+2 Z b, cos E:ri;?)
- Fs
(8.23) n=I
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Example 8.3

Plot the frequency response of the FIR filter

shown in Figure 8.13. The sample rate is 10 kHz.

Figure 8.13 FIR filter for Example 8.3.

Input, Xiz)

b_y

Tap | Weight |
by | 0.0514 |
bz | 0.0906 |
b, [ 01264 |

» Output, ¥{z)

by | 01514
by | 01604
b, | 01514 ]
by | 0.1264 |
by | 0.0906
by | 0.0514

Solution. The table in Figure 8.13 shows that there is an odd
number of taps that are symmetric about the center tap.
Therefore the frequency response can be computed using
Equation 8.23. We use Excel to compute the response as
shown in Figure 8.14. Figure 8.15 shows the frequency

response.

Figure 8.14 Excel worksheet used to compute frequency
response in Example 8.3.
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Figure 8.15 Frequency response plot for Example 8.3.
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A formula similar to Equation 8.23 can be used when the
number of taps, N, is even. In this case, the N/2 taps on the
right side of the filter are a mirror image of the N/2 taps on
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the left. If the taps on the right are indexed from 1 to N/2,
then the formula for frequency response is

(8.24)
N/2 f
Hify=2% b cos | 2r=—(n-10J5)
(f ; , COS ;rrFS !

8.3.2 IIR Filters

The IIR filter takes its name from the fact that its impulse
response continues indefinitely. This is seen in the simple IIR
of Figure 8.16, where the latch is initialized to zero and then a
single sample of unity is fed to the input followed by all
zeros. Since the output is multiplied by the feedback
coefficient 0.5, successive clock cycles will produce output
values of 0.5, 0.25, 0.125, and so on. The output will become
vanishingly small, but theoretically will not entirely
disappear.9 The reason that the impulse response is infinite is
that the filter has feedback from output to input. Therefore
IIR filters have the potential to become unstable if not
designed correctly.

Figure 8.16 If the latch is initially preloaded with zero and a

single one is applied, the output of the IIR filter continues
indefinitely.
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The latch is
initialized to zero

Input
1,0,0,0,0,.

Qutput

1, 0.5, 0.25, 0.125, 0.0825, ...

Figure 8.17 shows the general structure of an IIR filter with
input X(z) and output Y(z). To compute the z-domain transfer
function we first compute the output

(8.25) .
Y(2) =X(@) + Y@ 'ay + Y@ %a, + - + Y7 Vay

resulting in the transfer function

(8.26)

Yiz) ]
X{E} I — nlfq'lf,_l — .[1'2:_3 5 e HN:.-I—."&"

Figure 8.17 General IIR filter structure.
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input ’]'\.._E_.) *  Qutput
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P
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+ | Yiz) 2
dp 2_1

% ¥iz) z M

To illustrate a critical difference between FIR and IIR filters,
we inspect the transfer functions of the FIR and IIR filters
from Equations 8.19 and 8.26. Multiplying numerator and
denominator of the FIR transfer function by zN — 1 yields
Equation 8.27 which has N — 1 poles at the origin and N-1
zeros z1,z2, ..., zZN — 1. Since poles and zeros at the origin do
not affect the magnitude of the frequency response (see
footnote 8), the poles in the denominator of Equation 8.27 can
be ignored and we see that the magnitude of the frequency
response of the FIR filter is due to zeros only:
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(8.27)

N—1 N—1
H (7) = b= 1 h ~N—1—n
FIRM\&, = nt = N e
n=>0 o n=>0
|

= ZN-D) (2=2;) (2—23) = (2—2Zvepy)

Similarly, multiplying numerator and denominator of the IIR
transfer function of Equation 8.26 by zN yields Equation
8.28, which has N zeros at the origin and N poles, pl, p2, ...,
pN.

(8.28)

Hp(@ =2" ]

N —a zW-0 — g,z N0 — o — g

N
7V !
(z=p1) (2=p2) - (2= py)

Since IIR filters can implement poles, they can be used to
implement classical all-pole analog filter responses such as
Butterworth, Chebyshev, and Bessel as described in Chapter
7. The design of these digital filters is beyond the scope of
this text, but the reader should be aware that digital filters are
often designed based on analog prototypes using filter design
software tools or Matlab.

8.3.3 Comparisons between FIR and IIR Filters

Some comparisons between FIR and IIR filters are
summarized in Table 8.1.
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TABLE 8.1 Some comparisons between FIR and IIR filters

| [FIR R |
Stability Unconditionally stable Potentially
unstable
[Linear phase |Yes, if taps are symmetric |[Generally not |
IComplexity More complex Less complex |
Analog filter|{Typically not done Commonly
emulation done
Absolute delay |[Longer delay if taps are|Shorter delay
symmetric

8.4 DESIGN OF SIMPLE AND PRACTICAL DIGITAL
FILTERS

This section presents two digital filters that will satisfy many
practical filtering requirements and can be easily designed
using a spreadsheet program such as Microsoft Excel. These
filters can be implemented using a minimal amount of
hardware10 or a few lines of fixed-point C code.

8.4.1 Averaging Lowpass FIR Filter

The structure in Figure 8.18 is called an averaging filter
because the output is simply the average of N consecutive
samples of the input sequence. This filter offers the following
benefits:

* It can be implemented with no multipliers.

It can be implemented using a few lines of
fixed-point C code.
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* It has nulls in its frequency response that can be used
to eliminate signals at specific frequencies.

It is linear phase and therefore desirable for signals
consisting of multiple frequencies.

Figure 8.18 Averaging lowpass FIR filter. This practical filter
simply sums all the samples in the register and divides the
result by N, resulting in their average.

N-1 delays

Scaling by 1/N gives the , Output

X
filter unity DC gain \T/
1IN

The filter uses the FIR structure of Figure 8.12 with all tap
weights set to unity. If the number of taps is a power of 2, that
is, 2k, then the division by N at the filter output can be done
by shifting the result of the summation right by k bit positions
thereby eliminating the need for a multiplier.

The z-domain transfer function is given by Equation 8.19
with all tap weights set to unity resulting in:

N—-1

Hiz)= % Z "

(8.29) n=>0
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The summation operation of Equation 8.29 can be eliminated
to produce a more convenient transfer function. First we
recognize that Equation 8.29 is the geometric series [1]

N—-1

Hz) = % ¥ (&)

(8.30) n=>0

and represent it using the formula for the sum11

H{"'} =5 I_ ! —] _ :_N
g3y N 1=z

In the preceding sections we computed the frequency
response of z-domain transfer functions by making the
substitution z = esTS and using Matlab to compute the
complex quantities. We can simplify the design and analysis
of the averaging lowpass filter by deriving an equation that
allows us to compute the magnitude of the frequency
response without having to manipulate complex values.

Substituting z = esTS into Equation 8.31 gives

I e E_ENTS
His)=— - :
(8.32) N 1—-es

Using the identity esTS = cos(wTS) + j sin (oTS) we rewrite
Equation 8.32 as

271



(8.33)

I —cos (wNTg ) +jsin (wNTg)
H(w)= - - ————p—
N 1 —cos (@Tg) +jsin (wTg)
The magnitude of the frequency response is

(8.34)

I \/ (1= cos (wNTy ))? + sin? (NTg)
|H (ew)]| = N

V (1 = cos (Ty)) + sin? (wTs

The identity sin2 ((ﬁ) + cosZ((ﬁ) = 1 allows us to write
Equation 8.34 as

\/ I — cos (wNTy)
|H (w)| =

\/ 1 — cos (@T)
(8.35)

And the identity sin2(gh) = 1/2:(1 — cos(2gh)) allows us to

write Equation 8.35 as
= fl'.:'Jaﬁ'TS
] S 3
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Replacing o by 2nf in Equation 8.36 gives

e :lr. sin(:rwé)

A 510 (:ri)
(8.37) Fg

where the absolute value operator keeps the result positive so
it can be plotted in decibels.

Inspection of the numerator of Equation 8.37 shows that this
filter has frequency response nulls at all nonzero multiples of
FS/N. By selecting the sample rate and filter length, these
nulls can be strategically placed to eliminate signals at
specific frequencies as shown in Problem 8.5. Microsoft
Excel was used to plot Figure 8.19 which is the frequency
response of an averaging FIR with N =8 and FS = 10 kHz.

Figure 8.19 Frequency response for averaging lowpass FIR
filter with N = 8 and FS = 10 kHz from Equation 8.37. The
exact frequency and location of the highest peak depend on
N.
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MNulls oceur at Highest peak is —12.8 dB Problem 8.6 shows how
multiples of 1250 Hz  and occurs at 018 - Fg to reduce all peaks to
less than 30 dB
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Frequency (Hz)

Better stopband rejection can be achieved by cascading two
or more averaging FIR filters. Problem 8.6 shows that
cascading a seven-tap and five-tap filter results in greater than
30 dB stopband rejection.

The averaging lowpass filter can be implemented in firmware
using a circular buffer and a static variable that represents the
sum of the values in the buffer. The filter is iterated by
subtracting the oldest register value from the sum, adding the
current input, and then placing the input in the buffer. This
makes the computational requirements of the filter
independent of the register length. Figure 8.20 shows how to
implement the averaging lowpass filter using only bit shifts
and additions in C code.

Figure 8.20 C code listing for the lowpass averaging filter.

274



1 #define K 3 ff The register length must be 3 power of two to avoid multiplies.
2 #define N (int) (1e<k) 14 Register length £3 2%k,

3

4 int AveragingFilter (int input) [

5

[ static int cire_buf[N]; /# The circular buffer is the filter register.

7 static long sumj /f Sum of elements in the filter register,

g static int circ_buf ptr; // Index for the circular buffer.

9

18 sum -= circ_buf[circ_buf_ptr]; #/ Subtract the oldest value from the sum.

11 cire_buf{circ_buf_ptr] = input; #/ Place the input in the filter register.

12 sum 4= circ_buf[circ_buf_ptr+t]; #/ Add the newest wvalue to the sum.

13 circ_buf_ptr %= Nj £/ Increment the buffer keeping it in the range @ to N-1;
14

15 return  ((int)(sum >3 K)}; 4/ Scale By 2°-K to maintain unity goin.

16

8.4.2 Lowpass FIR/IIR Filter

The lowpass filter shown in Figure 8.21 offers the following
benefits:

« It is simple to specify because its response
approximates the lowpass RC filter.12

* It can be implemented with no multipliers and
therefore minimal FPGA logic.

* It can be implemented using a few lines of
fixed-point C code.

It can be easily converted to a highpass filter
(Problem 8.9).

Figure 8.21 Lowpass FIR/IIR filter. The left side of the filter
is a first-order IIR filter. The right side is an averaging FIR.
The overall filter response approximates the lowpass RC
filter.
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Xiz) Y@  Two-tap averaging FIR Yiz)
\ \ filter
Input
Yo
Output

First-order
recursive filter

Since the filter approximates the response of the lowpass RC
filter, it will attenuate by 3 dB at the cutoff frequency, and the
response will fall off at 6 dB per octave or equivalently 20 dB
per decade. This allows us to use the design techniques of
Chapter 7 to specify the cutoff frequency for a given filtering
requirement. Our next task is to develop a design equation
that relates the coefficient o from Figure 8.21 and the sample
rate to the cutoff frequency. As before, we begin by
computing the z-domain transfer function.

Inspection of Figure 8.21 shows that this filter has the same
structure as the filter shown in Figure 8.6 with the z-domain
transfer function shown in Equation 8.14. With al = a, b0 =
I, bl = 1, and all other coefficients zero, Equation 8.14
becomes

(8.38)

i '.r_l — i
HHF:] a 1+7° 1l-a z+]1

2 ] — a7 ! i 7—a
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In the previous sections we computed the exact frequency
response for z-domain transfer functions by substituting z =
esTS for z. To illustrate the relationship between this filter
and the lowpass RC filter we approximate z using the first
two terms of its power series representationl3

Y./ IR
(8.39)*-_'& 5:]'1‘.3?-5

which is wvalid when the product of sTS is small or
equivalently when the frequency is low relative to the sample
rate.14

Substituting Equation 8.39 into Equation 8.38 gives the
approximation

,
54 =

| —a T,
H) 2 —— - ——
s .'il + Ak

(8.40) I's

Since 2/TS is large compared to values of s that will be used
to compute the frequency response, the numerator of the
fraction on the right-hand side of Equation 8.40 can be
replaced by 2/TS and Equation 8.40 becomes

H(s) = 1
Is s41=
(8.41) I's

or
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1
T . 2
(8.42) T r
where
I's
T =
(8.43) | —a

We recognize Equation 8.42 as the s-domain transfer function
of the lowpass RC filter as discussed in Chapter 7, where the
cutoff frequency was shown to be

"
(8.44) C7 2xr 2xRC

Substituting Equation 8.43 into Equation 8.44 and solving for
a gives the equation relating o to the sample rate and cutoff
frequency:

Fe

a=1-2x
(8.45) Fg

Example 8.4 Specify the sample rate and feedback coefficient
for the lowpass FIR/IIR filter of Figure 8.21 so its cutoff
frequency is approximately 170 Hz and it provides at least 30
dB attenuation at 8 kHz. Implement the filter without using
multipliers.
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Solution. Using the techniques of Chapter 7 we note that the
number of octaves between 170 and 8 kHz is

In (@ )
170 ;
Octaves = —————— = 5.56
(8.46) In(2)

Since the lowpass RC filter rolls off at 6 dB per octave, it
would provide 5.56 x 6 = 33.4 dB attenuation at 8 kHz. Since
we require only 30 dB attenuation at 8 kHz, the lowpass RC
filter should suffice for this requirement.

Since the frequency response of any digital filter is periodic,
we expect the filter to provide roll-off up to half the sample
rate. Above this frequency, the filter response characteristic
begins to rise again. Therefore, we set the half sample rate to
8 kHz resulting in a sample rate of 16 kHz. From Equation
8.45

(8.47)

Fe 170
= —ﬂ-"" o — E e e
a=1-2x F. ] X T3

= (0.9332

It is advantageous to use values of a that can be represented
as 1 — 2—k because the multiplication by o in Figure 8.21 can
be done with bit shifts and subtraction as shown in Figure
8.22. Therefore, we approximate our computed value of o
with 1 —2—-4 or 0.9375.

Figure 8.22 Multiplication by a factor of 1 — 2— k can be done
using bit shifting and subtraction instead of multipliers.
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X (1 —2-4)x = 0.9375 x

Input \

» T Output

.| Shift ight four

bit positions ,\

24 x

The filter of Figure 8.21 uses output scaling of (1 — a)/2 to
maintain unity DC gain. This can be implemented by a shift
operation because

l—a = {1 j_k} A—k+1)

(8.48) 2 2

—

We used the approximation z = esTS = 1 + sTS to design the
filter, but now wish to check its exact frequency response.
Using a procedure very similar to that shown in Equation 8.32
to Equation 8.37 (see Problem 8.8) we compute the frequency
response of the lowpass FIR/IIR filter as

(8.49)

(I —a)cos (:rFLS)

|H(f)] =

If
]+ﬁ*2—2a¢:ﬂs(31r;: )
b
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With the feedback coefficient set to 0.9375 the frequency
response of the filter is plotted in Figure 8.23. Figure 8.24
shows the filter of Example 8.4 implemented using only bit
shifts and additions. Figure 8.25 shows how to implement the
filter of Example 8.4 using only bit shifts and additions in C
code.

Figure 8.23 Frequency response for lowpass FIR/IIR filter
specified in Example 8.4. The sample rate of 16 kHz and
feedback factor of 0.9375 satisfy the design requirements.

Actual 3 dB Filter roll-off approximates the 6 dB per octave
frequency is 163 Hz slope (20 dB per decade) of the lowpass RC filter

Response (dB)
b b
h e

4

-

—401 | E |
10 100 1000 10,000

Fraquency (Hz)

Figure 8.24 The lowpass FIR/IIR filter can be implemented
using only shift and addition operations. The DC gain of this
filter is unity.
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Input AT Shift right five Output
% " E bit positions

Shift right four [
bit positions |

Figure 8.25 C code listing for the filter of Example 8.4. Note
that the register is 32 bits while the input and output are 16
bits wide. See Problem 8.10.

1 #define FILTER_SHIFT 4 It Parameter k

Fi

3 int LowpassFirlirFilter (int input) {

4

5 static long filter_reg; f/ Register is 32 bits.

6 long filter_reg_store; [/ Temporary storage.

Fi

B filter_reg store = filter_reg; /{ Temporarily store the last register value.
]

18 // Update register with the current input sample.

1 filter reg = filter_reg - (filver_reg »> FILTER SHIFT) + input;

12

13 // Update the FIR section and scale output.

14 return{(int )({filter_reg + filter reg store) »>> (FILTER_SHIFT + 1})};
15 }

8.1 The ADC in Figure 8.26 samples a 19.5 kHz sinusoid at
21 kHz. The digital lowpass filter passes signals below 2 kHz
and rejects signals above 2 kHz.

(a) If a signal at 19.5 kHz were fed to the system would it be
passed or rejected by the filter?

(b) What frequency would be seen at the DAC output?

(c) If a brick wall filter with cutoff at the Nyquist frequency
were placed in front of the ADC, what would be seen at the
DAC output?
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8.2 The anti-aliasing filter in Figure 8.27 has 3 dB cutoff
frequency 100 kHz and a two-pole response, meaning it rolls
off at 12 dB/octave. Determine the minimum sample rate so
that all aliased components are attenuated by at least 36 dB.

Figure 8.26 System for Problem 8.1.

19.5 kHz

Fs=21kHz

\

ADC

Digital

Fs=21kHz

\
\
Qutput

» DAC [(—»

Filter

F

£

Fouor = 2 kHzZ

Figure 8.27 System for Problem 8.2.

Input

Anti-alias
filter

ADC

/

Fr =100 kHz
12 dBfoctave roll-off

v

— — — 3 Todigital filter

Figure 8.28 System for Problem 8.3.
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s4(m)
i DAC Reconstruction Oltput
& filter
8z (M) ?

fi fa Frequency
8.3 The input to the DAC in Figure 8.28 consists of two
sampled sinusoids of equal amplitude. The reconstruction
filter attenuates both frequencies equally:

. n
§,(n) =sin (jﬂﬁ)

and
: "
8, (1) = sin (2;-::)
= J

The sample rate for the DAC is 5 MHz.

(a) What are the two frequencies seen at the DAC output?
(b) What is the difference between the two sinusoids at the
output in decibels?

Figure 8.29 Unity-gain resonator for Problem 8.4.
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8.4 The digital filter in Figure 8.29 is called a unity-gain
resonator and is sometimes used for digital audio equalizers.
The sample rate for the filter is 44.1 kHz.

(a) Determine the z-domain transfer function for the structure.
(b) Determine the DC gain by inspection of the transfer
function.

(c) Plot the frequency response for the structure.

8.5 Design an averaging lowpass FIR filter that will pass a
desired DC signal but will reject 60 Hz hum from the power
line as well as all harmonics of 60 Hz. Choose the closest
sampling rate to 500 Hz and select the value of N so that 60
Hz and its harmonics are located at the filter nulls. What is
the attenuation of the first harmonic if the hum is 63 Hz
instead of 60 Hz?

8.6 The output of an N = 5 averaging lowpass filter is
connected to the input of an N = 7 averaging lowpass filter.
Plot the frequency response if the sample rate is 100 kHz.
Comment on why this filter would be used instead of a single
averaging FIR filter.

8.7 Show that the ratio of the cutoff frequency of the lowpass
FIR/IIR filter from Section 8.4.2 to the sample rate is
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(8.50) Fy I

For a given sample rate how is the cutoff frequency affected
by increasing k by 1?

Figure 8.30 The highpass filter shown in (a) is based on the
lowpass FIR/IIR filter. This filter approximates the highpass
RC filter shown in (b).

Input
()
7
2 Cutput
L 4% 1-a
2
(a)
c
e
H[S:I = 1
Viu(s) R Vour(s) 0w
- . where T=RC
(k)

8.8 Derive Equation 8.49 for the exact magnitude response of
the lowpass FIR/IIR filter of Figure 8.21.
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8.9 The lowpass FIR/IIR can be converted to a highpass filter
by subtracting its output from the filter input as shown in
Figure 8.30a.

(a) Show that the z-domain transfer function for the highpass
filter is

H(z)=1— l—a z+1
(8.51) 2 {—

(b) Substitute z = 1 + sTS into your transfer function and
show that the frequency response approximates the response
of the highpass RC filter shown in Figure 8.30b.
(c) Show that the approximate highpass 3 dB frequency for
the digital filter is

dB = H_
(8.52) 2 Ty

Hint: You will need to approximate oo = 1 at one point in the
algebra.

Figure 8.31 Lowpass FIR/IIR filter. When implementing this
filter you must account for the DC gain from the input to
point A which is greater than unity.
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8.10 Compute the transfer function between point A and the
input, H(z) = A(z)/X(z), for the lowpass FIR/IIR shown in
Figure 8.31. Write a formula for the DC gain of the transfer
function. Comment on why the C code in Figure 8.25 uses a
32-bit integer for the register.
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1. You will see this at the end of the chapter where you design
several practical and useful digital filters with nothing more

than a standard spreadsheet program.

2. In this chapter, you will see signals consisting of positive
and negative frequencies. This is a consequence of using the
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Euler identities to describe sinusoids, for example, cos(wt) =
okt 4 oot
——

3. Many commercially available ADCs include an
anti-aliasing filter.

4. In this chapter we will sample signals at frequencies greater
than twice the Nyquist frequency. However, aliasing can be
used in useful ways by intentionally sampling signals below
this rate as shown in [2].

5. A more intuitive description of the z operator is provided in
Chapter 5.

6. This structure 1is commonly wused for digital
implementations of analog filter architectures.

7. If you don’t understand this sentence, consider a sinewave
that encounters a delay, sin(o(t — 1)) = sin(o t — ot) = sin(® t
— gh) where gh = ot. Hence the phase shift is a linear function
of frequency.

8. Multiplying or dividing a z-domain transfer function by z
will affect its phase response but not its amplitude response
because the magnitude of the factor e(sTs) is unity at all
frequencies.

9. In a practical filter, the output will eventually decrease
below the bit-precision of the filter and disappear entirely.
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10. These filters can be implemented using bit shifts and
additions instead of multipliers. This reduces hardware
complexity and power consumption.

11. This equation is the basis for a filter structure called the
cascaded integrator comb (CIC) lowpass filter which is
frequently used for reducing the sample rate of signals after
lowpass filtering. This simple and elegant structure is
described in [6] and uses even less hardware than Figure
8.18!

12. Design of the lowpass RC filter is discussed in Chapter 7.
13. This approximation is called the method of backward
differences. It gives a simple mapping between the s and z
domains that is accurate at low frequencies.

14. We can also say that this approximation is valid provided

the sample rate is much higher than the bandwidth of the
filter.
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9
HOW TO WORK WITH RF SIGNALS

Whether you work with digital circuitry or radio systems, an
understanding of radio frequency (RF) signals will enable you
to design circuitry that is reliable and manufacturable. RF
circuitry is sometimes taught as an elective course only, and
you may have missed it. If this applies to you, don’t be
intimidated by the strange plots, the number of equations, or
the length of this chapter. You will pick up valuable insights
and tools—even if it’s your first venture into this fascinating
area.

Engineers sometimes make the mistake of designing
low-speed (<50 MHz) circuitry without regard to the physical
connections between components. For example, given a
printed circuit trace between two devices as shown in Figure
9.1, the following assumptions are often made:

1. The voltage at A is always identical to that at B.

2. Current injected at A is always identical to that at B.

3. The impedance measured at A is identical to the impedance
measured at B.

Figure 9.1 Connection between two points of a circuit. This
notion is useful at low frequencies but doesn’t account for
high-frequency effects.
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If the physical distance between devices is small compared to
the wavelengthsl of the signals involved, these are good
assumptions.2 But as frequency increases, these assumptions
become less valid, and circuitry doesn’t always work as
expected. This can result in op-amps that oscillate, digital
devices that don’t work properly, or simply “weird and
unexplainable” behavior. Recalling that commercial op-amps
often have significant gain at high frequency and that fast
transitions from digital gates contain high-frequency content,
high-frequency behavior of printed circuit traces should be
considered for any design.

Engineers, when faced with “weird and unexplainable”
behavior, sometimes abandon the fundamentals in favor of
“black magic.” After all, a circuit may work when the
engineer touches his finger to the trace, and then fail when he
removes it. Or he may find that a digital circuit fails when a
circuit board is mounted in a chassis, but works when the
mounting screws for the board are loosened. In reality, issues
such as these can always be traced back to the fundamentals.
The best RF engineers learn from experienced technicians and
engineers by critically examining the “black magic, ” relating
it to the fundamentals and then including both practice and

292



theory into their skill sets. This chapter will introduce you to
some of the fundamentals.

The material up to and including Section 9.4 is pertinent to
both digital and RF engineers. The remainder of the chapter is
targeted primarily toward RF engineers. We begin with a
discussion of energy transfer where we see that energy travels
in fields, not conductors. With this understanding we then
examine the phenomena of signal reflections and problems
caused by reflections in high-speed digital circuits. Finally,
we review use of the Smith chart for working with
transmission lines and impedances.

9.1 ENERGY TRANSFER

To work effectively with RF signals it is necessary to
understand that energy travels in fields and not conductors.
Figure 9.2 shows a schematic diagram of a DC voltage source
connected to a resistive load. We know that energy is being
transferred from the power supply to the load, and the
schematic suggests that the energy is transferred through the
wires. This notion is useful because it allows us to represent
circuits using schematic diagrams. But it does not explain
why we see signal reflections on printed circuit board traces
or why one trace on a printed circuit board can couple a signal
to another. It certainly doesn’t explain why it’s possible to
transfer power from a power amplifier into a transmitting
antenna!

Figure 9.2 Power supply delivering power to a load. The
drawing suggests that energy is transferred in the conductor,
but it is actually transferred in the fields surrounding the
conductor.
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A good way to remind ourselves that energy travels in fields
is to consider a simple use of the Poynting vector defined as

on S=ExH

where

S is the energy density vector in watts per square meter

E is the electric field vector

H is the magnetic field vector

x denotes the cross product.

This relationship is valid at all frequencies including DC.
Operations with the Poynting vector frequently involve
complex vector calculus, but our application is a simple use
of the right-hand rule. In Figure 9.3a, consider the case of a

DC source supplying power to a resistive load. Figure 9.3b is
a cross-sectional view of the area near the upper conductor
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and shows the electric and magnetic fields as the current
flows toward the reader. The right-hand rule for the field
shows that the energy is flowing toward the reader. If the load
were shorted to ground then we intuitively know there is no
energy transfer. Equation 9.1 predicts this because the E field
is zero. Similarly disconnecting the load sets the H field to
zero and again there is no energy transfer.

Figure 9.3 (a) DC circuit. (b) Cross-sectional view of
conductor showing electric and magnetic fields near the upper
conductor. The current and energy transfer is toward the
reader.
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It is particularly important to keep this concept in mind when
working with printed circuit boards where conductors are in
close proximity. With time-varying signals, fields are time
varying and a voltage on one conductor can induce a voltage
on a nearby conductor due to the capacitance between them.
Similarly a conductor can induce a current in a nearby
conductor by transformer action. Design rules for printed
circuit board design are largely derived from the fact that
energy travels exclusively in fields.
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9.2 SIGNAL REFLECTIONS

We can get a physical feel for signal reflections by
considering a flexible membrane placed in a tank as shown in
Figure 9.4. The left side of the tank is filled with water and
the right side is filled with a viscous liquid such as honey. If
we create a wave at the left end of the tank it will travel
toward the membrane (a). But when it reaches the membrane
(b) the honey won’t move as easily as the water. This causes a
portion of the forward wave to be reflected back toward its
source (c). It also causes a wave on the right side of the tank.

Figure 9.4 Wave reflections in a tank containing different
liquids. Similarly, when an electromagnetic signal encounters
a change in its propagation medium some of the energy is
transferred and some is reflected.
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The wave analogy above is analogous to the situation where a
source drives a transmission line such as a coaxial cable
terminated in a mismatched load as shown in Figure 9.5. The
transmission line has characteristic impedance equal to

1"-""' [ ‘(' {' where L and C are per unit length values of

inductance and capacitance, respectively. A common value
for the impedance of coaxial cables is 50 Q. Though the cable
is described by resistive impedance it is lossless and does not
dissipate energy.3 Instead, energy traveling through the cable
encounters a 50 Q impedance as it moves. Intuitively we can
visualize the cable as a “bucket brigade” where energy is
passed from bucket to bucket but not spilled. If the cable is
terminated in its characteristic impedance then the energy is
dissipated as heat. If not, a portion of it is reflected and travels
back to the source.

Figure 9.5 Sinusoidal source driving a mismatched load
through a coaxial cable. Ohm’s law is always satisfied at the
load and the forward and reflected waves are always related
by the impedance of the cable.

V\ is the sum of the forward and
reflected voltages: Vi + Vi

Coaxial
cable

————————————

i

Ve In

Source

I, is the difference between the
forward and reflected currents: Ie— I
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By considering what happens when the forward wave reaches
the load we can write several descriptive equations:

1. The total voltage at the load, VL, is equal to the sum of the
forward and reflected voltages.

2. The total current at the load, IL, is equal to the forward
current minus the reflected current.

3. The voltage-current relationship at the load must follow
Ohm’s law.

4. The forward and reflected waves have a voltage-current
ratio equal to the characteristic impedance of the cable.

We define the complex reflection coefficient, KL, as the
fraction of the voltage reflected at the boundary between the
cable and the load. It is also equal to the fraction of the
current reflected at the load. We will see there is a direct
relationship between the reflection coefficient and the load
impedance. This relationship will be exploited when we
discuss the Smith chart later in Sections 9.5, 9.6, and 9.7. We
relate the reflection coefficient to the load impedance using
the following steps:

From (1) above
9.2)
Vi=Ve+ Ve=Ve+ K Ve= Ve (14K )

where VL is the voltage at the load, VF is the forward
voltage, VR is the reverse voltage, and KL is the reflection
coefficient.

From (2) above
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where IL is the current at the load, IF is the forward current,
IR is the reverse current, and KL is the reflection coefficient.

Combining Equations 9.2 and 9.3 gives

9.4)

V Vo (l +K; 1l + K
7z _ 'L _ A L:}:ZD{: L)

where ZO is the characteristic impedance of the coaxial cable.

Solving Equation 9.4 for KL gives

_ (£, — Z5)
(£, +Z,)

L
(9.5)

9.3 EFFECT OF SIGNAL REFLECTIONS ON DIGITAL
SIGNALS

If signal reflections are not taken into account, digital circuits
may not work as expected. Consider the case of a clock signal
fed from a digital clock oscillator (source) to the clock input
of a latch4 (load) as shown in Figure 9.6. When the circuit is
operating correctly, each rising edge of the clock signal
causes a single rising edge at the latch’s clock input, thereby
causing the signal at the D input to be transferred to the Q

301



output. For this example, the output impedance of the
oscillator is 10 €, and the impedance of the clock input is
infinite. The printed circuit board trace between the source
and load appears as a transmission line with characteristic
impedance 120 Q. We will see that signal reflections can
cause the latch to be clocked multiple times for a single rising
edge of the clock signal thereby causing incorrect operation.

Figure 9.6 The clock oscillator feeds the clock input of a latch
through a printed circuit board trace. If reflections are not
considered, the circuit might not work as designed.

Printed circuit trace

appears as a The value of the D input is
transmission line with transferred to the Q
Bt ket Zo=12002 output on the rising edge

of clock oscillator Rising edge of the clock input
is10 0 \ /
\ [ § aav ee—p @l

\\ )

F j_ L |
T/ L CLK The input

impedance

Clock Latch of the clock
oscillator One-way propagation {load) !ngu_ttls
(source) time is 10 ns Ll

When the oscillator produces a rising edge, the voltage at its
output is found by voltage division

(9.6)

VF =373

Z
. I i
Lo+ Rg

Ix 2 305V
* 120+ 10

and a signal, VF, begins propagating through the printed
circuit trace toward the load. The voltage of VF is 3.05 V.
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When VF reaches the load a reflection occurs. The reflection
coefficient of the load is found using Equation 9.5:

(4-Z5)  (c0-120) _
B (Z,+Z,) (o +120)

Ky
(9.7)

The voltage at the load is found using Equation 9.2:

(9.8)
V.=V (14K )=3051+1)=6.1V

The reflected signal, VR, travels toward the source. From the
definition of the reflection coefficient, the voltage of VR is

09 VrR= VKL =3.05x1=3.05V

When the reflected signal, VR, reaches the source, another
reflection will occur. Equation 9.5 gives the source reflection
coefficient as

(9.10)
v b=%) _(o-120 _ .
(Z+Z,) (1041200

The voltage at the source is the input voltage of 3.05 V plus
the voltage caused by the reflection of signal VR from the
load:

303



(9.11)
Vg = Vi + Vg (1 +Kg) = 3.05 4+ 3.05(1 + (—0.846)) = 352 V

and the voltage of the reflected signal is

(9.12)
Ve, = VgKg = 3.05(-0.846) = =258 V

When VF2 reaches the load, another reflection will occur.
Instead of computing the resulting load voltage and the
magnitude of the reflection as done in the previous equations,
we recognize that the voltage at the load depends only upon
the previous voltage and the reflected signal arriving at the
load. This process is called a recursion and we seek to write a
formula for the load voltage when the nth reflection arrives.
The voltage at the load will be the sum of the last voltage at
the load and the voltage caused by the reflected signal from
source. Introducing a time index, this is

(9.13) VT_ {2} - VL{1}+ VFE {l -+ KL}

Noting that VF2 = VFKLKS, where VF was introduced in
Equation 9.6, Equation 9.13 becomes

019 VL () = VL () + VeK K (14K,

We then observe that each time a reflection arrives at the load
its magnitude is equal to the previous reflection multiplied by
KLKS. Therefore Equation 9.14 can be used to compute the
load voltage at index n as
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9.15)
Vi) =Ve(n=1)+ Ve(K Kg)" (1 + Ky )

Finally, we recognize this as a geometric seriesS and rewrite
it as

(9.16)

(1 - (KsKyp)")

VT_“” = VF {I +KL}

(1-KsKy)
And the value of the first undershoot atn =2 is
(9.17) . R
Ve (1+K) % =3.05(1+1) ({]] __((__%Ziiil])”} =0937V

Figure 9.7 shows the voltages at the oscillator output and the
clock input.

Figure 9.7 Waveforms for the source and load for the circuit

shown in Figure 9.6. The latch is erroneously clocked by the
first reflection because it pulls the clock input below 1.5 V.
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Suppose the datasheet for the latch shows that VINLowMAX
= 1.5 V. This means that if a reflection causes the clock input
to fall below 1.5 V, the latch would interpret this as a logic
low. When the clock returns high, the latch would be
erroneously clocked or double-clocked. Equation 9.17 and
Figure 9.7 show that at 50 ns the latch would be clocked a
second time.

One way to prevent double-clocking from reflections is to add
a 120 Q resistive termination at the clock input of the latch as
shown in Figure 9.8a. Since the terminating resistor is equal
to the characteristic impedance of the transmission line, there
is no reflection at the load. If this technique is used, the
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oscillator must have the ability to drive the terminating
resistor.

Figure 9.8 Waveforms for the oscillator output and clock
input of the latch in Figure 9.6. In (a), a 120 Q terminating
resistor is placed at the clock input. In (b), a 110 Q
terminating resistor is placed in series with the 10 Q oscillator
output resistance. In (c), a 20 Q resistor is placed in series
with the oscillator output.
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Another way to prevent double-clocking is to add a 110 Q
series resistance at the oscillator output so the series
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combination of the oscillator’s source impedance and the 110
Q equals the characteristic impedance of the transmission
line. This results in a reflection at the load, but the reflection
is eliminated when it returns to the source. This is shown in
Figure 9.8b.

There are practical reasons for keeping the source resistance
lower than the characteristic impedance of the transmission
line [1]. Under these conditions, reflections will still occur,
but they can be reduced so that double-clocking doesn’t
occur. Figure 9.8c shows 20 Q in series with the oscillator
output. Since the reflection no longer pulls the clock input
below 1.5 V, the latch works as expected.

Undesirable effects of signal reflections are associated with
the rise and fall times of the driving circuit, not the frequency
of the signal. The key to identifying potential reflection
problems is to check whether the rise and fall times are
comparable to the two-way propagation delay6 of the printed
circuit trace. If this is the case, reflections should be
considered in the circuit design and printed circuit board
layout.

94 EFFECT OF SIGNAL REFLECTIONS ON
NARROWBAND SIGNALS

The concepts and equations developed in Section 9.2 are valid
for any signal. Section 9.3 discussed the behavior of digital
signals. For the remainder of this chapter we consider
narrowband signals. An example of a narrowband signal is a
signal from the radio in a police car which is centered around
860 MHz but has a bandwidth of only 25 kHz. For our
purposes, we treat narrowband signals as simple sinusoids.
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The reflection coefficient at the load is given by Equation 9.5.
The reflection coefficient looking into a lossless cable from
the source is

_ —i26d
(9.18) KL Source — © KL Load

where B is the phase constant defined below and d is the
length of the cable in meters. Equation 9.18 shows that the
effect of the lossless cable is a periodic rotation of the
reflection coefficient.7

B is defined as

2xf
f=—rad/m
(9.19) v

where f is the frequency of the signal and v is the velocity of
signal propagation through the cable. The typical propagation
velocity for many plastic dielectrics is 0.66 times the speed of
light or 0.66 x 3 x 108 m/s. This factor will be used for all
examples in this chapter.

Example 9.1. Determine the impedance and reflection
coefficient looking from the source into the cable for the

circuit of Figure 9.9. The frequency is 67 MHz.

Solution. We solve this problem using the equations above
and Matlab as our calculator as shown in Figure 9.10.

The computed input impedance is 64.6 + j75.5 Q and the
reflection coefficient is 0.392 +j0.401.
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Practical coaxial cables typically have a small amount of loss,
meaning that some of the forward and reverse energy is
dissipated as heat thereby attenuating the signals. Cable loss
is specified in decibel per meter.8 We represent the cable loss

as a single attenuator as shown in Figure 9.11.

Figure 9.9 Circuit for Example 9.1. The impedance seen by
the source is different than the impedance of the load.

=
=
!
o E
LR
=
=
8
Zo =500 S
A
( ) :
=
[ (=]
67 MHz Tan = o g
B I
I -
o
Figure 9.10 Matlab code for Example 9.1.
1 Fe= éTeé: % Frequency
2 W= Jepief:
3 Zo = 50; % Cable impedance
4 R=127; Loa
5 L= 200e- A Load ind
[ AInd = 13=w+L: % Indn
1 ZIL = R * XIng/ (R+XInd):
B Kl = (2L=Zo)/ (ZL+Zo);
§ d = §;
10 B = 2epiaF/(0.66-3e8);
1 Kin = exp(-13"2"B=a)*Kl; % Reflection coefficient looking into cable -
iz
13 IIn = Zo * (1+KIn)/(1-KIn):; & Tmpedance looking into cable from source

Figure 9.11 Cable and load with attenuation. The attenuator
can be a single device as shown or it can be distributed
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through the cable. The placement of the attenuator does not
affect the impedance seen by the source.
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Attenuator impedance is equal to the
characteristic impedance of the cabla,
Chapter 1 shows how o design this Pl attenuator.

We write Equation 9.20 by starting at the source and
incorporating all the effects that comprise the reflected wave:

(9.20)
Vo VeePhAe TP emifd Ae—ibd)
KLts <el =
ource 1"F VI:

= AJKLE_-";E'BM' +dy)

This equation shows that the effect of attenuation is to reduce
the magnitude of the reflection coefficient while leaving the
phase unchanged. The equation also shows that the attenuator
can be placed anywhere on the transmission line without
affecting the reflection coefficient seen by the source.

A final useful formula is the relationship between the

reflection coefficient and the ratio of forward power, PF, to
reverse power, PR:
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Example 9.2. A power amplifier with 50 Q output impedance
drives a load of 85 + j32 Q through a 50 Q coaxial cable. The
forward power is 250 W. Determine the reverse power.

Solution. Convert the load impedance to a reflection
coefficient using Equation 9.5:

(9.23)
K _(ZL_ZG}_S:? +32-
(ZL+Z5) 83+j32+

0
0

L.n

= 0.299 + j0.166

':_h
m m
':_.n

Use Equation 9.22 to compute the reverse power

(924)
Pp= IKL} £ =10.299 +j0.166/% x 250 = 29.2 W

Note that we did not need to know the cable length for this
problem. This is because the effect of the cable is to rotate the
reflection coefficient around a circle. The rotation does not
change its magnitude.
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9.5 THE SMITH CHART

The Smith chart shown in Figure 9.12 was invented as a
computational aid for working with cables and loads over 70
years ago. Today we have computers and calculators to
perform the computational tasks, but the Smith chart remains
a valuable tool because it provides intuitive insight into the
material discussed in Section 9.4. At first the Smith chart
looks formidable, but in reality it’s easy to use. Blank Smith
charts and excellent Smith chart calculators can be readily
downloaded from the Internet.

Figure 9.12 The Smith chart is fundamentally an x-y plot of
the complex reflection coefficient KL. It provides valuable
insight when working with transmission lines and
mismatched loads.
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The basis of the Smith chart is that it is an x-y plot of the
complex reflection coefficient KL. The numbers on the
interior of the Smith chart represent normalized resistances
and reactances where the normalization constant is the
impedance of the system (usually 50 or 75 Q). For example
suppose KL = 0.3 + j0.5. We plot the reflection coefficient in
Figure 9.13 using rectangular coordinates and read the
normalized impedance from the numbers on the chart and
then verify our result using Equation 9.4:

(9.25)

1+ K, 3+j05
ZL:ZO( L) (14 (0.3 +,0.5))

O |
(1-k) 0=03+/03)

= 7, (0.892 + j1.35)
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Figure 9.13 The load impedance is found by plotting the
reflection coefficient using x-y coordinates and then using the
contours of the chart to read the impedance.
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Example 9.3. Find the impedance seen by the source for the
circuit of Example 9.1 using a Smith chart.

Solution. The circuit is shown in Figure 9.14.
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Figure 9.14 Circuit for Example 9.3. The impedance seen by
the source can be computed as in Example 9.1 or determined
graphically using the Smith chart.

cable—50 €2,

6m

Zo =500
NN

>-Coaxia|

T

o

L #

127 0
200 nH

67 MHz @

R
L

The lines of Matlab shown in Figure 9.15 compute the
normalized load impedance ZLn = 0.776 + j1.17 Q and we
plot this point as A in Figure 9.16. We then use Equation 9.19
to compute the phase constant:

(9.26)

g 2aF _ 2w x 67x 10

v 0.66x3x 108

= 2.1261 rad/m

Figure 9.15 Matlab code for Example 9.3.

1 F = §7e6:; % Frequency

2 W= JepisF;

3 R=127; % Load resiatance

L] L= 200e-9; ¥ Lo t

5 RInd = 13"w"Ly ¥ In

& ZL = R *= XInd/ (R+XInd); anc e parallel combinaticn.
7 Zin = JL/SD; % Nocmalize load impedance for plotoing on Smith chact.
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Figure 9.16 Smith chart for Example 9.3. Point A is the load.
The effect of the cable is four clockwise rotations plus an
additional 22°.
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Convert the rotation angle for the reflection coefficient:
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(9.27)

y
—28d = ~2 % 21261 x 6 x 220

= —1462°
2n

This corresponds to four full clockwise revolutions around the
chart followed by an additional 22°. The scale labeled “angle
of reflection coefficient” on the outer ring of the chart
simplifies rotation since it is labeled in degrees. The
normalized impedance seen by the source is point B. The
normalized value from the chart is 1.29 + j1.51 Q. To
denormalize multiply by 50 to get 64.5 + j75.5 Q.

So far we have plotted only normalized impedance on the
Smith chart, but the chart can be used to plot normalized
admittance also. In other words the same chart can be used as
an impedance chart or an admittance chart. This is useful for
problem solving because if the chart is an impedance chart,
then series impedance can be added easily. If the chart is an
admittance chart, then parallel components can be added
easily. When solving problems using the Smith chart it’s
often beneficial to switch between using the chart for
impedance or admittance. Say we have plotted an impedance
point on an impedance chart and we would like to use the
chart for admittance. This is easily done by simply rotating
the point by 180°.9 This is shown in the following example
where we use the Smith chart to solve a practical problem.

Example 9.4. Given a load of 10 — ;70 Q at 2 MHz, add
components so that the combination of the added components
and the load is 50 Q. The added components may not
dissipate power.
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Solution. This is called a matchingl0 problem because the
added components will match the load to a 50 Q source and
cable. When the load is matched then all of the power
generated by the source is dissipated in the resistive part of
the load and there are no reflections.11

The normalized load value is

1O — 70
T e A il A D
9.28) 30 '

The Smith chart of Figure 9.17 allows us to visualize our
strategy. The matching network may not consume power so
the choice of components is restricted to inductors and
capacitors. Point A on the Smith chart shows the load.
Starting at A we add series inductance by following the R =
0.2 contour until we get to point B which when rotated 180°
lies on the R = 1 circle. We then convert to admittance by
rotating B 180° taking us to point C. From C we see that if
capacitive susceptancel? is added, we will follow the R =1
contour to D which is the desired goal of 1 + j0 Q. With this
strategy in place we work the problem.

Figure 9.17 Smith chart for Example 9.4. Points A and B are
impedances. Point C is an admittance. Point D represents 1 +
J0Q so it can be considered impedance or admittance.
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This line converts i u
B from an impedance

chart to an
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adding 1.8
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inductive

reactance
.

To get from A to B, add 1.8 Q of normalized inductive
reactance in series. At 2 MHz this is

S0x 1.8
L= = 7.16 uH
(9.29) 2o x2x 108 hlow
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Since the next step is to add admittance, point B is rotated
180° resulting in point C.

To get from C to D add two units of normalized capacitive
susceptance to ground. The normalized capacitive reactance is
the inverse of the susceptance:

50 _
Xom=—"-w= 950

(9.30) 2
And the capacitance is

C = ' _ 318 nF

(9.31) 2m % 2% 100 x 25

The matching network and load are shown in Figure 9.18. We
check our work by computing the input impedance at the
input terminals. The series reactance of the load and inductor
is

(9.32)
10— 70+ 27 x 2 X 106 x7.16 x 107° = 10+19.975 Q

Figure 9.18 Matching network and load for Example 9.4. The
result of adding the inductor and capacitor is that reflections
on the transmission line are eliminated and all power from the
source is delivered to the load.
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716 uH

. A e e e T

Zn=500 % 3.18 nF Z, =10-j700

The reactance of the capacitor is

(9.33)
|

= —17
Pax2x106%x3.18x10°  *

:_.H
—
bt
-]

Combining the branches in parallel gives

(9.34)
(10+/19.975)(—j25.02)

: = =5
N 10 +19.975 — j25.02 el

which is the desired value.

9.6 USING THE SMITH CHART TO DISPLAY
IMPEDANCE VERSUS FREQUENCY

The Smith chart can also be used for displaying impedance as
a function of frequency. In Example 9.4 we noted that the
center of the Smith chart represents a perfect match. This is
no surprise. Equation 9.22 shows that the ratio of reflected to
forward power is simply the magnitude of the reflection
coefficient squared. In other words the radial distance from
the center of the Smith chart is an indication of how well an
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impedance is matched to the reference impedance.
Manufacturers often display the impedance of their devices
versus frequency on a Smith chart as shown in Figure 9.19 so
designers can visually see how well the device is matched at
their frequency of interest.13

Figure 9.19 Smith chart displaying device impedance versus
frequency. (Copyright 2013 Freescale Inc., used with
permission)
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9.7 FINAL COMMENTS REGARDING THE SMITH
CHART

If you can remember a few things about the Smith chart, then
you’ll be prepared to use it with only a quick review.

1. There is a one-to-one mapping between reflection
coefficient and impedance.
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2. The Smith chart is an x-y mapping of the complex
reflection coefficient.

3. The quality of a match is represented by the radial distance
from any point to the center of the chart.

4. The effect of a cable is a rotation around the chart.

PROBLEMS

9.1 A digital gate is connected to the clock input of a latch as
shown in Figure 9.20. The rise time for the gate is 1 ns and
the one-way propagation delay is 30 ns. The printed circuit
trace has a characteristic impedance of 88 Q. The output
impedance of the driver is 15 Q and there is a 1 kQ
termination at the clock input. At time t = 0 the driver
switches from 0 to 3.0 V.

(a) Is this a situation where reflections should be considered?
Why?

(b) What is the source voltage immediately after the driver
switches?

(c) What is the load reflection coefficient?

(d) What is the voltage at the load immediately after the first
reflection?

(e) What is the voltage of the reflected signal?

(f) What are the voltages at the gate output and latch input
after all reflections have dissipated?

Figure 9.20 Circuit for Problem 9.1.
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Figure 9.21 Circuit for Problem 9.2.

Source resistance Printed circuit trace appears as a
of driver is 10 (2 transmission line with Z5 = 100 0
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N L
z L
& b CLK

Digital gate
(] The clock input / Latch
is unterminated (load)
9.2 A digital gate is connected to the clock input of a latch as
shown in Figure 9.21. The rise time for the gate is 1 ns and
the one-way propagation delay is 25 ns. The printed circuit
trace has a characteristic impedance of 100 Q. The output
impedance of the driver is 10 Q and the clock input is
unterminated. VINLowMAX for the latch is 2.0 V. At time t
= 0 the driver switches from 0 to 3.0 V. Hint: Create an Excel
worksheet based on Equation 9.16. Use the ‘“goal seek”
function for parts (c) and (d).
(a) Will undershoot cause double-clocking of the latch?
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(b) How much time must elapse before the output is
guaranteed to be greater than 2.9V?

(c) What is the minimum series source termination that will
prevent double-clocking?

(d) What is the maximum shunt load termination that will
prevent double-clocking?

9.3 Determine the impedance, ZIN, and reflection coefficient
for the circuit shown in Figure 9.22. The frequency is 41
MHz. The characteristic impedance is 50 Q.

Figure 9.22 Circuit for Problem 9.3.
0.241 u H 154 )
—_— YT > W, —

Z =
" 44 pF

&
9.4 A 5600 pF capacitor is connected to a 2 m, 50 Q coaxial
cable as shown in Figure 9.23. The frequency is 150 kHz. Use
a Smith chart to show the impedance looking into the cable.
Comment whether a Smith chart was needed for this problem
and why.

Figure 9.23 Circuit for Problem 9.4.
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9.5 The cable in the circuit of Figure 9.24 has loss as shown.
Determine the impedance looking into the cable from the
source. Use a Smith chart and check your work by calculating
the result. Hint: Either use Equation 9.20 or use the
attenuation scale at the lower-right corner of the Smith chart.
9.6 Use a Smith chart to determine matching components for
the circuit shown in Figure 9.25 using the topology shown.

Figure 9.24 Circuit for Problem 9.5.
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v =066 x3x 108,
A

\I 4.4 pH
>, -, nOvEy

Zs=500 ({

3.3 MHz
S\
S,

AN
1602

328



Figure 9.25 Circuit for Problem 9.6.
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1. Wavelength is inversely proportional to frequency.
2. Especially when drawing a schematic diagram!

3. In Section 9.4 it is shown that practical cables have a small
amount of loss.

4. Also referred to as a D flip-flop.
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5. This looks like mathematical trickery, but it’s actually
straightforward. If you write out a few terms of Equation 9.15
you’ll see the geometric series. Then use a table of geometric
series summations [2] for the formula for the sum.

6. Section 9.4 discusses propagation delay.

7. This suggests that if reflection coefficient was plotted on an
x-y plot, the effect of inserting a cable would be a circular
rotation. Could this have been Phillip Smith’s motivation
when he invented the Smith chart in 1939?

8. A common RF cable, RG-58, has loss of about 0.11 dB/m
at 50 MHz.

9. You can easily convince yourself of this by computing the
admittance as the reciprocal of the impedance and plotting it
on the chart.

10. Impedance matching calculators such as [3] are available
online.

11. This is especially important when driving an antenna with
a RF power amplifier. Not only do we want the antenna to
radiate as much power as possible, we also don’t want to
dissipate the reflected power in the power amplifier.

12. Susceptance is the imaginary part of admittance.
13. Note that when working problems on the Smith chart a
single frequency is used. When the chart is used to display

data, the plot represents device behavior at different
frequencies.

330



10

GETTING A JOB—KEEPING A JOB—ENJOYING YOUR
WORK

A satisfying, rewarding and meaningful career requires both
technical and interpersonal skills. The previous nine chapters
focused on the technical skills you’ll need to succeed in your
job interviews and become an immediate contributor in the
workplace. This chapter focuses on interpersonal skills and
behaviors that will help you get a job and then enjoy a
successful career.

What is a successful electrical engineer? The author’s friend,
mentor, and colleague, Dave, is the most successful engineer [
know. When project teams are formed, Dave is in high
demand because of his excellent teamwork skills. When there
is a technical problem, Dave is consulted because of his broad
knowledge and excellent troubleshooting skills. When
engineers are just stumped, they come to Dave because of his
ability to think “outside the box.” When engineers need career
advice, they come to Dave because he is an excellent listener
and hands out advice wisely and respectfully. When Dave
needs help, he is equally comfortable learning from his
colleagues, reading technical material from manufacturers, or
opening up the latest textbook. Dave is a great source of
stories about climbing mountains, starting companies,
climbing 2000-ft antenna towers, running from bears,
shanking golf balls, and participating in many engineering
development efforts. Dave has enjoyed his career and
contributed positively to the careers of many others since he
graduated from college in 1968. Dave is 74 years old and,
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despite the requests to play more golf with his friends,
continues to be an active contributor to our department.

This chapter contains advice from the author, from Dave, and
from successful engineers the author is fortunate to call
friends; some are highly technical, some manage people and
projects, and some market products. This chapter is a
collection of suggestions intended to supplement the
traditional career advice that can readily be found on the
Internet or elsewhere. These items describe qualities and
behaviors seen in the best interview candidates and the best
engineers. This information will help you positively
distinguish yourself from other job applicants and then
distinguish yourself in the workplace. Not everything you
read in this chapter will be right for you. Pick each item up,
examine it, and determine if it will help you be your best.

Companies hire engineers because they need engineering
talent to solve technical problems. Companies hire people to
effectively deliver those skills to the workplace. The first
section of this chapter focuses on how you can effectively
market yourself to companies as a candidate with strong
technical and interpersonal skills. Demonstrating these skills
during the hiring process is essential to getting your first job.

The second section of the chapter shows how to quickly
develop skills that will make you a valuable part of any
engineering department. This will allow you drive your career
in the direction you want it to go and also minimize the
chances you’ll be a target when the company lays off
engineers. These are simple suggestions and might seem
obvious, but they can be the difference between an excellent
engineer and a mediocre one.
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The third section of the chapter acknowledges that the nearly
100, 000 hours of our life spent working should be satisfying,
rewarding, and meaningful. As a recent graduate, this
material won’t be immediately useful, but as your career
progresses it will provide insights on how to keep your work
experience fresh and exciting while keeping your skills in
demand.

10.1 GETTING A JOB

When a company has a job opening, the process in Figure
10.1 is used to narrow the field of applicants. The large
number of resumes received by a company is shown at the top
of the figure. Some of these resumes will be sent by
individuals, but many of them will be sent automatically by
computers at staffing firms that use software to align phrases
and terms on engineers’ resumes with those in the job
posting. Due to the large volume of incoming resumes, the
hiring company will often use its own computer software to
screen the resumes as shown in Step 1. Some of the resumes
will be written with this procedure in mind, and contain a
large number of terms| that the engineer believes will get his
resume through this process. Computer sorting results in a
smaller collection of resumes to be reviewed by personnel in
the company’s Human Resources department. The Human
Resources person typically has experience hiring engineers
and will further screen the resumes based on specific input
from the hiring manager. The result of this screening is about
30 resumes that will be passed to the hiring manager. The
hiring manager will review the resumes and compare the
experience described in the resumes to his needs. If the
experience on a resume does not match the manager’s needs,
or if the hiring manager senses that it is overly rich with
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search terms but weak on experience, it will be rejected. The
hiring manager will typically select about 10-15 candidates
for interviews.

Figure 10.1 The corporate hiring process. This chapter gives
suggestions for bypassing Step 1 because resumes of recent
graduates rarely make it past this step.
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and colleagues 1 ."II company
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It is expensive for a company to conduct onsite interviews
because of the time spent by the interviewers and possibly the
candidate’s travel expenses. Therefore the next step in the
process is a telephone screen where the hiring manager
interviews candidates for about 15-30 min. After the
telephone screens, four or five candidates will be invited to
the company for an onsite interview. Finally, the best
candidate will receive a job offer.
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As a recent graduate, the reason your resume will not make it
through the company’s computer screening process is that it
will be in competition with those of experienced engineers.
Companies recognize the value of new graduates and recruit
them with on-campus interviews and job fairs. The best way
to avoid the computer screening process is to take advantage
of all the job placement assistance available at your school.
Another way to avoid resume screening is to target companies
carefully and send resumes to individuals within the
company. This requires more homework on your part, but
may result in a “dream job.”

Students sometimes question why a company would hire a
recent graduate instead of an experienced
engineer—especially in an economy where many experienced
engineers are competing for the same jobs. One reason
against hiring recent graduates is that they don’t provide
immediate value, and the company simply doesn’t have time
to train them. This is a valid concern. The previous nine
chapters have addressed it by reviewing practical skills that
you can confidently demonstrate in an interview and then use
as an immediate contributor in the workplace. If you’ve
absorbed the skills in this book, your skill set will be
competitive with many experienced engineers—especially
those who have not maintained their skill sets.

There is an old joke about two guys who encounter a hungry
cheetah in the African plains. One of them immediately starts
putting on a pair of running shoes. The other asks “Why are
you putting on those shoes? You can’t outrun that cheetah.”
The first guy tightens the laces and replies “Of course not, I
just have to outrun you.” The point is that you don’t need to
be a superstar to get a good job. Instead, you need to
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positively differentiate yourself so that you are selected over
the other applicants. The items in this chapter are suggestions
for differentiating yourself in the interview process—and
throughout your career.

10.1.1 Getting an Interview

The process of getting an interview begins well before you
attend that first job fair or send out your first resume.

Take the Fundamentals of Engineering/Engineer In Training
(FE/EIT) exam—Taking and passing this exam differentiates
you from other candidates. It also shows an employer that you
retained what you learned in your undergraduate courses. It
also allows you to take the Professional Engineer (PE) exam
within a year after college which will raise your professional
collateral throughout your career.

Get some experience—If you worked as a co-op student or
engineering intern you will be able to show some experience
on your resume. If you don’t have experience, consider doing
a project on your own. If you aren’t sure what to build, pick
an example from this book that you find interesting and aligns
with your career interests; then get it working in your school’s
senior project laboratory. Any time you make something
work you gain experience that employers will value. Take
some pictures, have them available on your phone and make
sure to include this experience on your resume.

Attend job fairs—One of the best ways to bypass the
computerized resume sorting process is to attend job fairs at
your school. Companies frequently send hiring managers to
college job fairs because they are specifically interested in
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recent graduates. These managers will often accept resumes
and conduct interviews on the premises. If you interview
well, you’ll be invited to interview at their facility. When you
go to the job fair, bring your resume, dress appropriately, and
be prepared for an interview.

Send resumes to a carefully chosen set of
companies—Sending a resume to every company with an
available position will likely result in many computerized
rejections as shown in Step 1 of Figure 10.1. It is much more
effective to target companies where you have a particular
interest and possibly some applicable experience.

Send your resume to the right person—You can sometimes
bypass the computer resume sorting process by sending a
resume and cover letter directly to a corporate executive, the
hiring manager, or the Human Resources department.
Corporate websites of small- and mid-size companies often
provide names and e-mail addresses for members of the
executive management team. If you send a well-written cover
letter and resume to the director of engineering expressing
your interest and asking for an interview, he may notice that
you have some special quality or skill, she may believe that
you would make a good addition to the department, or he may
just recall that he was a recent graduate once and decide to
help by placing you in contact with someone he knows. Don’t
send e-mail, because it’s too easy for the recipient to simply
delete it. A letter has a better chance of getting passed to the
right person with hand-written or verbal comments.

Always accompany a resume with a cover letter—A cover

letter shows that you have a particular interest in a company
and differentiates you from applicants who simply send a
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resume. Your cover letter should show that you have
researched the company, state why you’re interested in
working there, and include any experience that may be
relevant to their business. If you’re unsure of your spelling or
grammar, have someone else check it for you. Don’t send a
“one-size-fits-all” cover letter. Personalize it for the job
you’re applying for.

Contact companies even if they are not hiring—Companies
are always looking for good people. If you send a
well-written cover letter and resume to the right person, he/
she may reconsider their staffing needs and hire you. The
process of hiring an engineer is expensive for a company and
usually entails sifting through hundreds of resumes and
interviewing a dozen or more candidates. That’s a lot of work.
If a good candidate “drops out of the sky, ” it saves them
money.

10.1.2 Preparing for an Interview

Research a company before the interview—Good
interviewers frequently begin telephone and onsite interviews
with the question “So what do you know about our
company?” The amount of research you’ve done tells them
whether you are interested in the company or just in getting a
job. Learn about some of their products and relate them to
your interests and abilities.

Get your suit cleaned and pressed—Even though the technical
interviewers may be wearing blue jeans and T-shirts, you as
the candidate are expected to be well dressed. If you do well
in the interview, you may be introduced to some of the
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executives in the organization who wear suits regularly and
will appreciate that you are similarly attired.

Prepare to discuss anything on your resume—As an
interviewer, it’s disheartening to ask a student about
something on his/her resume and get the response “I did that,
but I don’t remember much about it.” This is often the case
with team projects where the student includes the project on
his/her resume but only did a small part of it. Doing a small
part is perfectly acceptable, but you should be ready to
describe what you did, what your team members did, how you
worked together, and what you learned. For example, students
frequently include “Matlab” on their resume, but can’t
remember the syntax of basic operations. But if they discuss
where and why they used Matlab and what problems it
solved, then they’ve demonstrated sufficient familiarity. As
you prepare your resume, make sure you can say something
meaningful about every detail of it.

Mentally prepare to be interviewed by a team—Team
interviews are becoming more common, but seeing a group of
people in the room surprises some candidates.

Be prepared for the interviewer to ask you to discuss a subject
of your choice—This is your chance to relate an experience
where your unique skills, knowledge, and personality resulted
in success. You could discuss a lab, a team project, your
senior project, or a project you did to gain experience. An
ideal story would show how you analyzed a problem, came
up with a solution, executed your plan, made something work,
and learned something valuable. Your story can be simple.
For example, your “problem” could be that you had no
experience, your solution could be that you did an individual
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project in the senior project lab (such as the circuit from
Section 5.6), and what you learned was how to build and
debug a servo system.

It is common for interviewers to ask the candidate if he/she
has any questions at the end of the interview. If you have not
had a chance to relate your story, ask if you can mention “An
experience that will give you an idea of how I approach and
solve problems.”

10.1.3 The Interview

As shown in Figure 10.1, your next step to securing your job
will be a telephone screen. If you do well in the telephone
screen you will be invited to the company for an onsite
interview.

After your onsite interview, each interviewer evaluates you
by filling out a form provided by the Human Resources
department. You will be graded in 10-15 areas including
technical knowledge, enthusiasm, and whether the interviewer
feels you can make an immediate contribution. At the bottom
of the forms are checkboxes for “hire” and “don’t hire, ” and
under the boxes is a field for comments. Your goal is for the
interviewers to check the “hire” box and then follow up with
a comment such as “The candidate had researched our
company and wants to work here because he/she likes our
technology. He/she has solid technical skills and will be an
immediate contributor to our department.”

Treat the phone screen as an interview—Y ou must succeed in

your phone screen to get invited for an onsite interview. Make
sure you are located in a quiet place with an
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Internet-connected computer. Since the audio quality of a
land-based telephone is better than a cell phone, use one if
possible. Expect technical questions, and have pencil, paper,
and calculator with you. If you look something up on the
Internet during the interview and the interviewer hears the
key taps, you could be rejected. Use the Internet only if the
interviewer asks you to go to a specific website.

Be prepared to work problems—To evaluate your technical
skills, the interviewer needs to ask you to work out problems.
This surprises some candidates and causes them to “freeze.”
You should bring a pencil, eraser, clipboard with paper, and
calculator to any interview. Arrive early and work out several
problems immediately before the interview so you are “in the
zone.”

Be confident and enthusiastic—The interview is your chance
to show the interviewers that you are going to be a valuable
asset to their department. You need to show that you just
received an excellent education, you know how to apply it,
and you have prepared specifically for this interview. The
enthusiasm of recent graduates is valuable in engineering
departments. If you feel you offer enthusiasm, let it show.

Don’t worry about being nervous— Interviewers expect
candidates to be nervous. Feel free to admit it to the
interviewer if it helps you. If, at the beginning of the
interview, they ask if you would like a glass of water, accept
it so your throat doesn’t get too dry during the interview. If
you are nervous, don’t starve your brain of oxygen by taking
shallow breaths.
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If you’ll be interviewed by a team, try to sit at the head or the
foot of the table—When interviewed by a team, it is awkward
if you have to turn your head to address each person. If
possible, try to sit at the head or foot of the table so you can
address everyone in the room simultaneously.

When you are asked something you don’t know, don’t give
up or panic—Interviewers intentionally present difficult
questions to gauge how candidates approach unfamiliar
problems. If the problem is difficult because it uses
terminologies or technologies that are unfamiliar to you, ask
for clarification. Draw a picture or diagram that shows what
they’re asking. Work with your diagram and use the
fundamentals. Talk as you think. Let them stop you or prod
you through.

If the interviewer is inexperienced, help him/her out—In
today’s economy the interviewer is often your potential boss,
and he/she may not be an experienced interviewer. Figure
10.2 shows the “middle ground” where interviewing is
effective. By reading this book, you have done your part to
prepare for an interview in this area. If the interviewer
attempts to conduct the interview in the area to the right of the
middle ground, then you will be presented with terms and
technologies that will be completely unfamiliar, and you
won’t get the opportunity to show what you can offer. If
presented with questions on the right side of Figure 10.2,
respond by asking questions that relate the questions to the
middle ground.

Figure 10.2 When interviews take place in the “middle
ground, ” the company learns the most about the candidate
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and the candidate gets the best opportunity to show his/her
skills.

New graduate
perspective

Employer perspective

Fodr yaaie.ak EE calimes Specific technologies or products

Theory

“Middle grouncl“ Staffing needs

Fragmented knowledge Limited budget

Limited design skills

Successful interviews take place here

Another mistake made by inexperienced interviewers is to
spend too much time telling you about the problems and
needs of the company without giving you an opportunity to
present yourself. When the interviewer fills out the review
form he/she will realize that they failed to get the required
information and you won’t get hired. If you detect this,
salvage the interview by politely interrupting and letting the
interviewer know how you can help with the problems he/she
is describing.

When doing problems, check your work—When working
problems during an interview you will make errors—and
interviewers expect that. If you can recognize that your
answer is wrong, you’ll demonstrate that you have the skills
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to objectively review your work and find errors on your own.
For example, when doing any analog or digital circuit
problem, always apply asymptotic analysis to check the
frequency response.

When asked about team projects, make sure to credit your
team members—The interviewer is probably more interested
in the team dynamics than the specific result. Discuss your
most successful project and show why you were a good team
member.

Be prepared to ask the interviewer questions—Nearly all
interviewers will conclude the interview by asking the
candidate if he/she has questions about the company or the
department. Asking the interviewer about his/her work will
give you valuable insight into the department’s tasks and how
they do them. This is also a good time to inquire about the
composition of the department and whether you would be
working with experienced engineers that you can use as
mentors. Finally, if you don’t have a clear idea about the type
of work you would be doing if hired, ask them.

Send a follow-up e-mail immediately after the
interview—Many interviewers wait a day or so before filling
out their interview feedback form so their opinion may be
positively influenced if they read your e-mail before filling it
out. Use the e-mail to reiterate your interest in something you
discussed in the interview or to correct something that you got
wrong during the interview. If the letter does not specifically
address the interview, for example, if it looks like a
“one-size-fits-all” letter, it will be ignored.

10.1.4 Selecting the Right Offer
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Hopefully your efforts will result in a list of job offers.
Consider these points when selecting an offer.

Does the company offer job security?—In a tight economy,
job security is an important consideration. It is a frequently
held belief that a job with a larger company will provide job
security, but this is not necessarily true. Large companies
generally have multiple people who can do the same job, so it
is easier for them to reduce their workforce, but their size can
also make it easier for them to find a spot for you. On the
other hand, smaller companies often rely on key individuals
and retain them even during difficult times, but they are more
subject to economic ups and downs. There is no right answer;
you need to consider what you want and what is right for you.

The best way to stay continuously employed is to maintain
and develop your skill set and experience base. In other
words, job security is associated with you—not any company.
If a company can provide you opportunities to gain
experience and expand your technical knowledge, then you
will develop job security. If, for some reason, this job doesn’t
work out, another company will value what you have learned;
that is the best job security.2

Did the company offer a high starting salary?—Throughout
your career you obviously want to be well compensated with
a continuous pattern of salary increases. Your starting salary
represents what the company believes is necessary to attract
qualified new graduates. It is minimally, if at all, related to
your unique talents. On the other hand, your salary increases
and promotions will be based on your individual
performance.3 If we consider salary as a linear function of
time, starting salary is the y-intercept and experience and
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technical knowledge represent the slope. To get the highest
overall compensation, focus on gaining experience and
expanding your knowledge rather than on your initial salary.

Did you meet mentors that you could learn from?—During
the interview you might have asked about the composition of
the department or about possible mentors, or you may have
seen experienced engineers working in the laboratory.
Mentors are an excellent way to quickly learn about the
products and technologies at the company as well as the
procedures for getting things done. A good mentor will also
help you develop your overall engineering skills. Working
with a mentor will accelerate your career.

Did you see women in engineering and management
positions?—Modern workplaces are benefiting by hiring
more women and promoting them at all levels. As a woman
you will benefit from female mentors as well as an
environment that values your contribution.

Is the laboratory well equipped?—Laboratory and
troubleshooting skills are some of the first ones you want to
pick up in your career. During the interview you’ll likely get a
brief tour of the facility. Pay close attention to the laboratory.
If it is well equipped and there are engineers working in it,
chances are you’ll be able to work there also.

10.2 KEEPING A JOB
10.2.1 The First Year
Your first job is the beginning of a career that will ideally

bring you many years of personal and professional
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fulfillment. During your first year it is important to establish
your value to the company, establish good working
relationships, increase your skill set, and begin to sort out
your long-term career goals.

As a recent graduate you have a special opportunity. The
author is biased, but typically the members of engineering
departments are simply good people to work with. We may
view you as a toddler who makes simple and laughable
mistakes but is also learning at an incredible rate. As
experienced engineers, we’ll enjoy watching you make
mistakes and learning from them; and we’ll go out of our way
to help you. Your responsibility is to accept help gracefully,
work hard, and not ask anyone to do your work for you. As
you mature, extend this gift to the recent graduates you
encounter.

Learn to use the whiteboard in meetings—Every conference
room has one or more whiteboards with dry-erase markers
and erasers. You will likely spend at least an hour of every
day conferring with other engineers in meetings. The most
effective communicators are good at drawing diagrams and
sorting out issues by drawing on the whiteboard. This is an
acquired skill. At first, your drawings will be the wrong size,
they’ll be cramped, and after working with a drawing you’ll
wish you could erase it and start over. If you expect to use a
diagram in a meeting, prepare a sketch first and use it as a
guide, or go to the conference room a few minutes before the
meeting and draw the skeleton of your drawing. It’s always
worthwhile to have a brand new dry-erase marker in your
pocket when you go into a meeting because the ones in the
conference room always seem to run out of ink just as you
start to draw.
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Learn to be a good troubleshooter—Troubleshooting is an
invaluable skill at any company. If you are a good
troubleshooter you’ll be able to get your designs working
quickly, and you’ll be in demand when your group is working
on system problems. Find a mentor who is a good
troubleshooter, and don’t be surprised if this person does not
have an engineering degree. As your career progresses, use
your troubleshooting skills to become a good overall problem
solver.

Document your work—Keep a paper or online lab notebook
and make sure that all of your ideas, computations, circuits,
meeting notes, and so on are kept in it. Before throwing away
a piece of scratch paper check to see if it should be copied or
taped into your notebook. Reference the relevant pages of
your lab notebook in memos you write or in the comments of
your code. Management hates to see engineers spend time
retracing their steps, and appreciates when you can recall
things quickly from your notebook. They especially
appreciate it when a coworker digs into one of your
notebooks because you referenced it in a memo or in a piece
of code. Treat your notebook as a public document and limit
its contents to technical and project issues. If one of your
colleagues has a particularly good notebook, ask him/her to
share his/her skills with you.

Learn more than what is required for anything you’re
assigned—You gain experience with every task you do, but
you can greatly expand your experience base and probably do
a better job if you make an effort to understand the bigger
picture of what you’re doing. By taking a small amount of
extra time, you still get the job done, you remember the result
better and you will broaden your skill set. This must be
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balanced against your workload. If you do it on your own
time it will be an excellent investment in your career.

Always be productive—In a corporate environment, you’ll
have to accommodate the schedules of others. For example,
you may not be able to proceed with a project until after a
meeting or until someone else takes some data. One of the
worst things you can tell your boss is that you are “waiting.”
Instead, maintain a prioritized list of short-, medium-, and
long-term tasks so you can remain productive. This will make
every hour of every day meaningful.4 It will also establish
your reputation as a self-directed worker.5

Include a test strategy with test criteria as part of any
design—When you design something you should have a clear
understanding of how you will test it and how you will know
it meets the design requirements. This should be discussed at
any design review so you know your expectations are aligned
with the other team members. Frequently this process
identifies new design requirements that can be included on
the first prototype instead of being recognized at a later stage.
It will also result in faster debug and a smoother transition
into production.

Participate in IEEE activities—If you did not join the Institute
of Electrical and Electronic Engineers (IEEE) in college, this
is a great time to join and get involved. This organization is
dedicated to helping you during every phase of your career.
As a recent graduate you’ll benefit by participating in the
Graduates of the Last Decade (GOLD) program which will
connect you with other young professionals in your area and
allow you to expand your network of contacts. The IEEE also
provides technical seminars where you can expand your
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technical horizons. Their flagship magazine “Spectrum” will
keep you up-to-date on a superbly chosen collection of issues
relevant to electrical engineers.

Don’t nod your head if you don’t understand—Recent
graduates are often reluctant to tell a coworker or supervisor
that they don’t understand what they are being asked to do. If
you nod, you are acknowledging that you understand what is
expected and can complete the task. If you then fail, your
supervisor will assume you weren’t ready to accept the task.
If you don’t understand, let him/her know and develop a plan
to come up-to-speed before receiving additional direction. A
good way to do this is to get the information you need from a
colleague and then return to your supervisor for additional
details.

Develop writing and presentation skills—Before sending an
e-mail, put yourself in the position of the reader. Gauge his/
her technical level, how busy he/she is, and whether he/she
even cares about what you’re telling him/her. Then make sure
your e-mail contains just the right amount of detail. Say you
are sending an e-mail to your supervisor suggesting a meeting
about an issue. You don’t need to fully describe the issue; just
give a clear reason why the meeting is needed. Internally
evaluate the effectiveness of every e-mail you receive and
every presentation you attend. Learn from others’ mistakes
and successes.

Make connections in other parts of the company—Limiting
your interactions to your department will limit your
understanding of how the company works and what it needs
to be successful. Take advantage of any opportunity to
interact with people from other departments and develop good
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working relationships with them. Sometimes companies
create ‘“‘cross-functional” teams to address problems that
affect multiple departments. These are excellent opportunities
to increase your value to the company by learning how other
parts of the company work. Make sure that people from other
departments are comfortable approaching you.

Ask your coworkers for help—As a recent graduate, you will
find that most of your coworkers will be glad to share their
knowledge and experience with you. However, busy
engineers don’t like being asked for help when the person
asking has not taken the time to understand a problem or
propose one or more alternatives. If you make an attempt to
work out issues before asking a coworker you’ll earn their
respect—even if your approach is not quite right. If you
graciously accept their assistance you’ll learn faster and solve
problems correctly the first time. If your boss trusts that you
have the judgment to ask for help when necessary, he/she will
trust you with more responsibility.

10.2.2 After the First Year

During your first year, you will gain the basic skills required
to be a valuable member of your team. During the next few
years you should take on additional responsibility, solidify
your professional goals, and take steps to realize them.

Take on the worst job and make it the best job—There are
some jobs that are important to the company but appear
uninteresting, unglamorous, and, as a result, no one wants to
do them. These projects may initially seem boring, difficult,
or thankless. Some may be in a state of disarray because the
previous engineer had either done them poorly or left the
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company. These jobs are often excellent opportunities to learn
new skills, exercise creativity, and gain visibility in the
company.

Recently, the author was asked to be the technical
representative on a cross-functional team that reviewed the
process that the company used to specify and procure toroidal
inductors. The company was having problems with numerous
suppliers and wisely realized that the underlying problem
might be internal. The team consisted of representatives from
engineering, purchasing, quality control, and manufacturing.
As the engineering representative, the author helped develop
an iterative process between the designer and the supplier
during the design phase of a toroid. Then the author’s team
created design guidelines and worksheets to help engineers
create designs that are manufacturable. Since their procedure
was developed with input from multiple departments and
toroid vendors, it was adopted as standard practice.

Working on this project had multiple benefits. The cost
savings from this project gave their team an opportunity to
present their results to the executive management, where they
were favorably recognized. The project gave the author the
opportunity to learn how things are done in other parts of the
company and establish working relationships with the people
who do them. It also allowed the author to show their quality
control personnel some useful statistical techniques—and for
them to introduce the author to the processes that they use.

Present new ideas to management and colleagues—If you
believe you have a good idea, prepare a brief presentation
describing your idea and discuss it with your colleagues or
supervisor. Will it save time, money, or make the product
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more reliable? If it’s not a good idea you’ll learn why. Good
managers appreciate enthusiastic ideas, even if they’re off
base.

Understand your relationship with each of your colleagues
and optimize it—Shape your relationship with each colleague
so you are both successful. Ask yourself these questions about
each colleague: Do you respect this person? Do you consider
him/her a mentor? Do you compete with him/her for projects?
Would you consider him/her a friend? Do your skills and
interests complement each other? Your colleagues may not
realize that you are doing this, but they will regard you as
someone who helps them succeed.

Learn to effectively delegate—You will encounter tasks in
parts of your projects that are not right for you to do. These
are not the tasks that you simply don’t want to do. They are
the tasks that can be done more efficiently by others, while
your talents are better used elsewhere. For example, the
author frequently designs hardware, but asks the company’s
computer-aided design (CAD) experts to draw schematics.
This frees the author up to create a test strategy while the
schematic is being drawn. As a result, the author is able to
present the highest quality schematics as well as a test plan at
the design review. Other engineers insist on drawing their
own schematics and delegate the test strategy to a test
engineer with equally beneficial results. Determine the
delegation strategy that works for you.

If you’re wrong, admit it and make it right—If you
consistently check your work before passing it to others, you
will enjoy a reputation for credibility. As a credible person,
your colleagues and subordinates know that when you ask
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them to do something they will have to do it only once. If you
constantly change your mind, or change directions, they will
have to discard their efforts and then repeat them. If you get a
reputation for wasting your colleague’s time, they’ll avoid
working with you. When the author makes a mistake, I
always apologize to those affected. If anyone has to work
additional hours due to the my error, I make sure the person
and their supervisor know that I was the one at fault.

If your career is technical get your PE license—Very few
electrical engineers outside of the utility industry or
government have their PE license.6 If you passed the FE
exam, you can take the PE exam after working for a year.
This license distinguishes you from other engineers by
showing that you have demonstrated competence in numerous
areas of electrical engineering. If you intend to be a
consultant in the future you should get your license because it
allows you to testify in court and to use the legally restricted
title of Consulting Engineer. The author found that the review
manual and exam were similar to the approach used in this
book; they emphasized practical skills but related them to the
fundamentals. If you enjoyed the technical chapters of this
book, you’ll enjoy studying for the exam also. And when you
pass it you’ll be able to distinguish yourself with the initials
PE on your business card!

Find the people who will be your long-term friends—Most
experienced engineers have a collection of 5 or 10 current and
former colleagues that they consider trusted friends and
confidants. These are the people with whom you will share
technical knowledge, solicit help from for difficult career or
personal decisions, and might possibly form your own
company one day. These friends are rare, and it is important
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that you identify them and then maintain the friendships as
your careers progress.

Don’t get overworked—Some engineers always seem to be
overworked. They will often leave a job because they’re
“burned-out” and then find themselves burned-out at their
next job. These engineers will insist that the company is
overworking them, but that’s rarely the case—especially
when it happens to the same person at multiple companies. If
you find yourself working an excessive number of hours, take
a hard look at the reason why. It is easy to stay later and later
at night, but the result of this can be an ever-increasing cycle
of increasing hours and decreasing efficiency. It is much
healthier to work efficiently for a reasonable number of hours
and then recharge yourself.

Get to know the people who sell your company’s
product—The company’s marketing and sales people have
the knowledge and skills to convince customers to spend
money on the products you make. Without sales, there is no
company, so these people can easily be considered the most
valuable in the organization. Good marketing people interact
frequently with engineering. They may notice at a trade show
that your competitor’s product has a new feature that yours
doesn’t. A 10-minute conversation over a cup of coffee will
let them know whether the feature is a simple enhancement or
a complete product redesign. Alternatively, from your
engineering vantage point you may come up with an idea for
a new feature or product. If you present it to a marketing
person he/she will be able to quickly tell you if he/she thinks
it will sell. Finally, if you find yourself starting your own
company in the future, you will need the best marketing
people to present your product to paying customers.
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Steer your career toward job satisfaction—You may have to
change jobs a few times to end up in a position that is right
for you. One of the author’s friends, Andy, loved the ocean
so, after college, he took a job at Scripps Institute of
Oceanography in San Diego. Now he owns his own
oceanographic company and combines his engineering skills
with his love for the ocean. His company is small, but larger
companies avoid competing with him because they simply
can’t match his passion. If you love football, find out who
makes the system that draws the yellow first-down line on the
televised image. Research how it works and tell them you
want to work with this technology because you find it
fascinating. If you like cars, learn about engine control or
regenerative brakes and then send letters to car manufacturers.
Don’t waste good passion. Harness it in your career.

Don’t take the promotion if you don’t want to do the job—If
you do your job well you will invariably be approached:
“You’re really good at what you do. We’d like to leverage
your knowledge by having you manage a group that performs
your function.” For many engineers the promotion and
corresponding salary increase is an excellent opportunity to
move along their career path. But some engineers accept the
promotion for the wrong reasons such as pressure from the
management, for the salary increase, or because “that’s what
you’re supposed to do.” If you accept the position for the
wrong reasons, you will be dissatisfied with your work, and
you’ll be a poor manager. If you believe your technical work
is more fun than focusing on people and projects, save
yourself, potential subordinates, and management the
headache and politely decline the offer.7

10.3 ENJOYING YOUR WORK
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You will be working for many years. If you enjoy your work,
you will be successful at it and vice versa. The author hopes
that the material in this book will merit valuable space on
your bookshelf. You are encouraged to review the
information in this section every few years. What is not
meaningful now may be in a few years.

Take care of yourself—Personal fitness involves your mind,
body, and spirit. Maintaining these will keep you at your peak
of efficiency and creativity. During the writing of this book,
the author rode his bicycle up a 1600 ft. peak several times
per week, and after late evenings of writing, took long walks
with the dog to wind down. Working hard and laughing with
my colleagues gave me the energy to write for hours after
long days at work. Find out what is required to take care of
your mind, body, and spirit so you can perform at your best.

Your subordinates are as important as your superiors—If your
superiors are wise then they value the opinion of your
subordinates, and one of your duties as a senior person is to
help your subordinates succeed. When you are leading the
team, make sure the younger engineers get the credit they
deserve. If you get a reputation for treating your subordinates
well, you’ll have no shortage of good people wanting to be on
your team. As you mature further you may find that helping
your subordinates provides more satisfaction than impressing
your superiors.

Keep seeking out mentors—As a younger engineer you
probably found mentors that you truly respected. As you gain
experience, mentors are harder to find and you may note that
your younger colleagues have skills and knowledge that you
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don’t. As you mentor them in some areas, let them mentor
you in others.

Don’t get complacent or overly comfortable—If you look
back over your career you’ll likely find that you did your best
work in stressful situations such as when you were struggling
against a deadline or when a problem seemed insurmountable.
If you are complacent or comfortable you are not working to
your potential and could be a layoff target. Consider teaching
a younger colleague to do tasks that are easy for you and then
apply your experience to something more challenging. Does
this make you feel uncomfortable? That’s the point!

Laugh lots—There is no better time to laugh than when the
team is stressfully attempting to do the impossible. A good
laugh releases endorphins, makes us breathe more deeply, and
reinforces the bond between teammates. Humor is a valuable
part of the workplace, but must be used carefully. The
author’s favorite target of humor is himself which minimizes
the possibility of offending anyone and often causes others to
laugh at themselves also. When the group laughs together
things just don’t seem so difficult.

Listen to your colleagues—At this stage of your career you
will be the one listening to and evaluating the ideas of your
younger colleagues. By listening to them and carefully
guiding their creativity, they’ll value your inputs and ask you
to participate in their efforts. Always encourage their
enthusiasm.

Never stop learning—If you have maintained your technical

skills, consider buying a textbook describing the newest
technology in your field once a year and learning it. Despite
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the fact that textbooks contain hundreds of pages, chances are
that most of those pages are review and you can focus only on
what is new to you. It is not enough to skim the material and
just learn the “buzzwords.” Make sure you learn the material,
work the examples and problems, and gain valuable skills that
you can apply at work. Alternatively, take advantage of the
many continuing education resources provided by the IEEE.

Avoid office politics by being competent—Fortunately
engineers are usually great people to work with, and our
enjoyment of our work, combined with a collective disdain
for office politics makes personal skirmishes somewhat rare.
Furthermore, as engineers, our output is objectively graded on
our adherence to schedules and the quality of our work, and
there is little room for subjective interpretation. The author’s
experience is that competence and usefulness to the company
always seem to trump political scheming.

Share everything you know—Don’t ever hoard knowledge in
the hopes that it will make you uniquely valuable to the
company. If you do this, your colleagues and management
will recognize it immediately, obtain the knowledge via other
means, and you will likely be terminated in the next layoff.
Instead, use your experience and knowledge to learn new
skills that are valuable to the company and to your
subordinates. Be confident in your ability to learn and share
all you know with your colleagues. This will make you both
professionally valuable and well respected.

Value and maintain the friendships that you’ve made
throughout your career—It is harder to be an older engineer
than a younger engineer. At this point, you and your best
friends will likely work at different companies. Keep in touch
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with these friends as you keep in touch with your
non-engineer friends, share whatever new skills you’re
learning, and help each other sort out difficult issues. Take
care of each other.

1. Often taken directly from job postings.

2. Throughout your career your skill set and experience will
change, but it will always be your best source of security.

3. Companies clearly understand that they must pay
competitively to retain good engineers and they pay close
attention to local salary surveys.

4. Sometimes the best 15-minute task is a cup of coffee with a
colleague.

5. If you enjoy this reputation, your supervisor will likely give
you the latitude to direct yourself.

6. Some electrical engineers believe that since their
colleagues are not PEs, they will not be able to use them as
references and their application will be rejected by the
licensing board. The board recognizes this dilemma and will
usually allow non-PEs to serve as your references.

7. Companies often provide technical career paths in order to
retain good technical personnel.
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AFTERWORD
I had three goals in writing this book.

The first goal was to help you prepare for your immediate
task of succeeding in interviews and getting a job.

The second goal was to set you on a path of maintaining and
enhancing the skills that you have worked hard to acquire.
Your skill set will change as your career progresses, but will
always be the cornerstone of your value to any company.

The third goal was to share with you my own fascination,
appreciation, and enjoyment of the field of electrical
engineering. Thirty-five years ago, as a high-school senior, I
narrowly selected this field over being a professional
musician or a motorcycle mechanic. Though I still enjoy
playing music and working on mechanical things, I have
found great passion in my work and enjoy it immensely.
Every day produces new design challenges; every year
produces technology shifts that require new and interesting
ways to apply the fundamentals; and every job position means
finding new and special friends.

I hope the material in this book will merit a valued spot on
your bookshelf. The technical material in the first nine
chapters will help you tackle design tasks during your first
years in the workplace; the material in the final chapter will
help you apply your craft throughout your career in an
effective and enjoyable manner. May it serve you as a
valuable reference for many years!
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ANSWERS TO PROBLEMS
CHAPTER 1

1.1 R1=2941 Q,R2=1515Q

1.2 R1 =930 Q, R2=1400 Q

1.3 R1=285.24 kQ, R2 =41.84 kQ, R3 =23.43 kQ

1.4 For a current source, the current will remain constant
regardless of the voltage so Z = dV/di = w. The DC current
source should be represented as an open circuit.

1.5874.8 Q

1.6 (a) Attenuation: VO/VIN, 1/3

(b) DC bias, 2.5V

(c) Load impedance, 27 kQ

(d) Source impedance, 6 kQ

1.7 115 mA

1.8 624 mW

CHAPTER 2

21PD=16 W

2.2 TJ=196°C

2.3 The junction temperature would rise to 193°C which
would compromise the MTBF of the transistor.

2.4 The thermal resistance must be less than 5.87 °C/W so
about 130 FPM is required.

2.521J/°C

CHAPTER 3

3.1 Transfer functions for a through d are
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His)= .
RC 1
‘3+R:_“
His)= 1
&+E
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H(s)= -
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3.2 The transfer function is
S
H(s)=

R,C 52+ 28w, s + w?

where

363



The frequency response is

Frequency response plot for Problem 3.2.

Responss (dE)

Frequency (Hz)
3.3 The updated network is

Updated network for Problem 3.3.
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3.4 The transfer function is

gm’q\f ) & ] | ] |

RiCyCp g+ L g4 L o4 1
g - S +‘,..__ﬂ‘_:‘aL L+RBCB +Rc":c

His)=

where the networks from left to right are A, B, and C.
The frequency response is

Frequency response plot for Problem 3.4.
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3.6 See plot for Problem 3.2.

3.7 See plot for Problem 3.2.

3.8 Asymptotic analysis shows that the impedance at DC is
101 + ;0 Q and the impedance at infinite frequency is 96.6 +
jO Q.

Input impedance versus frequency for Problem 3.8.

1500

o N

n
8
:
r
b

=

Impedance - magnitude

10" 10
Freguency (Hz)

-
=

CHAPTER 4

4.1P=1.03%

4.2 Probability of path stuck open is 1 x 10— 8. Probability of
path stuck closed =2 x 10— 4.

43 P=9.38%

4.4 Three-sigma test limit is +212 mV. Tell the engineer that
his test limits are excessively wide and would pass boards
with incorrect or marginal components. Those boards could
pass the test but then possibly fail in the field.

CHAPTER 5
51 C
(5) 1
'i_.f' 5= 1", ] D .
o (35) (S) 1 + G(s)H(s) " m‘ + G($)H()
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5.2 The setpoint is 0.71, the integrator output is 0.2. GC = 704
x 10— 3.

5312=96 ps, TS=1.2ms P.O. =25.4%

5.4 Double the gain by lowering the resistors in the integrator
by half, that is, change them from 235 to 117.5 kQ.

5.5 The sample rate is 79.6 kHz. The gain is 0.126.

CHAPTER 6

R,
6.1Vyg=—(Vg=V,)
0= R}e A
62V = - R. (Vin— Viias) + VBias:
|
If VIN = s(t) + VBias then the output is

1’.[-, = _R_IS (r)+ Vﬂms

6.3 The loop gain must be reduced by a factor of 10. The
resulting gain for the noninverting amplifier is 10.
6.5 VIO must be less than £1.09 mV.

i
Yolb) 5(1+43.17x 107%).
IH{H

The values of resistance that move the zero to 100 kHz are R1
= 60.2 kQ and R2 = 150.6 kQ. R2 is the feedback resistor.

6.7 Magnitude = 5.022phase = -29.02°
CHAPTER 7
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7.1 1 =47 ps; F3dB = 3386 Hz. Time to reach 0.87 V = 95.9
us.

5
,H(s) =

S+ -

7.3 Yes, because there are 5.2 octaves between the two
frequencies. 6 dB per octave gives 31.2 dB.

7.4 Yes, the 3 dB frequency is 41, 270 Hz. The attenuation at
820 kHz is 25.97 dB.

7.5 The normalized frequency is 3.23. A fourth-order
Butterworth low-pass filter will provide about 40 dB
attenuation at 42 MHz.

7.6 About 49.5 dB.

7.7 N = 2 filter satisfies the requirement. R = 28.13 kQ, C1 =
1 nF, C2 =500 pF. Note: Analog devices tool gives 28.13 k€,
but resistors can be any value provided capacitors are
properly scaled.

7.8 Filter is shown below. Inductor Q of 10 causes 6.15 dB
attenuation at 21 MHz. Passband attenuation is increased and
the sharpness of the frequency response is reduced by the
series resistance.

Filter for Problem 7.8.

I'\-':\l, b I:-‘-"_z' I3 -IJE\J L _h (M)

T —
50 500 nH 590 nH
w [T
A &
' ::t';-L | == bl =k z
= +T=

Frequency response plot for Problem 7.8 with Q = 1000.

340 pF
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CHAPTER 8

8.1 (a) It would be passed.

(b) The frequency at the DAC output would be 1.5 kHz and
would consist of steps because there is no reconstruction
filter.

(c) The brick wall filter would cut off at 10.5 kHz and
therefore reject the input signal. Nothing would be seen at the
DAC output.

8.2 The filter rolls off at 12 dB per octave, so half the sample
frequency must be three octaves above 100 kHz or 800 kHz.
The signal must be sampled at 1.6 MHz.

8.3 The two frequencies are 100 kHz and 1 MHz. Use
Equation 8.6. The signal at frequency f2 is 0.574 dB smaller
than the signal at frequency f1.
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8.4 (a) Transfer function is

(1—a,) (1-272%)

l1+a,z72+az7!

Hiz)=053x

(b) DC gain is determined by substituting z = 1. It is zero.
(c) The frequency response is.

Frequency response plot for Problem 8.4.

Fesponse (dB)

| i |
] b 10 15 20
Frequency (kHz)

|
o
i

8.5 Use FS = 480 Hz with N = 8. Use Equation 8.37 to
compute 26.23 dB at 63 Hz.

8.6 Use Equation 8.37 for the frequency response. Cascading
the two filters provides more than 30 dB rejection in the
stopband which is significantly better than a single filter:
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sin(:rxix ! )sin(:rx?x f )
1 = 2 100,000 / 100,000

Sx7T f) (r)
bm(”mn,rann S {7 150,000

Frequency response plot for Problem 8.6.

|H ()| =

Response (dB)
4

(\/\/\ i

Frequenc')r |-cHz

8.7 Increasing k by 1 lowers the cutoff frequency by a factor
of 2.
8.10 The transfer function is

A I

( Xz 1-a!

To get DC gain, substitute z = 1 which gives
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. i I
DC o: = H )= = =
&N =1 ) == 109375

16

The wider register is used to accommodate the gain of 16.
This is called “bit growth.”

CHAPTER 9

9.1 (a) Reflections should be considered because the edge
width is significantly less than the propagation delay.

(b)2.56 V

(c) 0.838

(d)4.71V

()2.15V

(H) 296V

9.2 (a) Yes, because at 125 ns the clock goes from 0.992 to
4.64 V

(b) At 875 ns the voltage at the load is 2.919 V. After that it
remains higher than 2.9 V.

(c) Add 16.78 Q source resistance.

(d) Add 551.12 Q to ground at the load.

9.3 ZIN = 38.05 —j4.34 Q, KL =-0.1329 —j0.0558

9.4 A Smith chart is not needed because the electrical length
is negligible.

9.5ZIN=43.4-j36.4Q

9.6 31 pF, 0.166 pH
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INDEX

AC ground

Actuator, in control system

ADC, see Analog to digital converter
Admittance, form of Smith chart
Aliasing

anti-alias filter

description

Analog to digital converter (ADC)
alias considerations

example using

Asymptotic analysis

definition

example using

importance of

Attenuation

of Bessel filter
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of Butterworth filter

Attenuator

Backwards differences, method of
Bias network

Bit growth, digital filter, register growth in
Blocking capacitor

Bode analysis/plot

Brick wall filter

Burnout

Cable, coaxial

characteristic impedance

loss

phase constant

propagation velocity

Capacitance

stray

thermal analogy

375



Central limit theorem
CIC filter, see Filter, digital, cascaded integrator-comb
Circular buffer

Clocking, of digital signal
Complacency

Confidence

Control system

circuit implementation
discrete

first-order

op-amp as

second-order

Cooling, forced-air
Coupling capacitor

Cover letter

Cross functional team

Cumulative distribution function (cdf)
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Current source

Cutoff frequency

Damping ratio

Decibel (dB)

Delay

of analog filter

in discrete system

Design for manufacturability (DFM)
Dielectric

Digital to analog converter (DAC)
Digital control system

Digital signal processor (DSP)
Disturbance, in control system
Double clocking, from signal reflections
Dynamic range, control system
Error, see Steady-state error

Error function (erf)
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Euler identities

Excel

Failure probability
Feedback

Field programmable gate array (FPGA)
Filter, analog

active

anti-aliasing, see Aliasing
bandpass

band-reject

Bessel

brick wall

Butterworth

Chebyshev

delay

highpass

lowpass
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notch

passive

reconstruction for discrete samples
response characteristics
Sallen—Key

type specification

Filter, digital

averaging

cascaded integrator-comb (CIC)
delay element

direct form II

finite impulse response

highpass FIR/IIR

infinite impulse response

lowpass FIR/IIR

FIR filter, see Filter, digital, finite impulse response

Flicker noise
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Flip-flop, see Latch
Follow-up email
Forced-air cooling
Fourier series
Frequency, complex
Frequency, normalized
Frequency response
analog vs. digital filters
Matlab code for computing
analog
digital
s-domain
z-domain
Friends
Fundamentals of Engineering (FE) exam
Gaussian distribution

Geometric series
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Group delay

Heat capacity

Heat sink

Heat transfer

Histogram

Human Resource (HR) department

IEEE, see Institute of Electrical and Electronic Engineers
IIR filter, see Filter, digital, infinite impulse response
Impedance

of components

defined

Independence, of statistical events

Inductor

Institute of Electrical and Electronic Engineers
Integrator

in control system

discrete
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op-amp
Interview

Kirchhoff’s law

Lab notebook

Ladder network

Latch

Laughing, importance of

Lowpass RC circuit, see RC circuit
Manufacturing test limit
Marketing

Matching network, RF

Matlab

Matrix

AC circuits

problems using

Mean

Mean time before failure (MTBF)
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Mentor

Mesh analysis

Multiplier, using bit shifting
Narrowband signals

Natural frequency

Nervousness, in job interview

Noise, see Operational amplifier, noise
Normal distribution, see Gaussian distribution
Nyquist frequency

Octave

Offer, job

Ohm’s law

Operational amplifier (op-amp)

active filter

capacitive loading

control systems perspective

difference amplifier
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ideal

input offset voltage
integrator

inverting

noise

noninverting
practical

stability

variation of VIO
voltage follower
Overshoot

Pad, see PI attenuator
PC board, see Printed circuit board
Personal fitness

PI attenuator

PI network

Politics, office
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Power amplifier

Poynting vector

Preemphasis, DAC

Printed circuit board

Probability density function (pdf)
Professional Engineer (PE) license
Promotion, job

Quality factor, see Inductor
Radio frequency (RF)

RC circuit

asymptotic analysis of

design formulas

digital implementation

thermal circuit

Recursion

Reflection coefficient

Reflections
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analogy of wave in viscous liquid
in digital circuits
Resistance

defined

parallel resistors

resistive coupling

thermal analogy

Resume

Right-hand rule

Root mean square (RMS)
Salary, starting

Sampling

Second-order system
Security, job

Sensor, in control system
Setpoint, in control system

Settling time
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Simultaneous linear equations
Sinc function

Smith chart

Speed control, automotive
Stability

control system

op-amp

Standard deviation
Steady-state error, of control system
Step response

Bessel filter

control system

RC filter

thermal

Subordinates

Superiors

Superposition
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Team projects

Telephone screen
Termination resistor

Test strategy

Thermal derating
Thermal-electrical analogies
Thermal noise

Thevenin source

Tolerance, of components
Toroidal inductor, procuring
Transistor, junction temperature
Transfer function

control system

s-domain

Sallen—Key filter

second order system

z-domain
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Transmission line
Troubleshooting
Unity gain resonator
Voltage division
Whiteboard, drawing
Writing skills
Zero-order hold

Z-transform
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