ions

quat

8
=
=~
<=

its,

1rcu

1
;

s




RF Design Guide

Systems, Circuits, and Equations

Peter Vizmuller

Artech House
Boston « London

For a complete listing of the Artech House Microwave Library,
turn to the back of this book.




Library of Congress Cataloging-in-Publication Data
Vizmuller, Peter, 1954
RF design puide : systems, circuits, and equations / Peter Vizmuller,
p.-  cm.
Includes bibliographical references and index.
ISBN 0-89006-754-6
1. Radio circuits—Design and construction-Handbooks, manuals, etc. L Title

IL. Title: Radic

Frequency design guide,
TEK6560.V5E 1995 0447118
621.3841-dc20 CIP

British Library Cataloguing in Publication Data
Vizmuller, Peter

RF Design Guide: Systems, Circuits and Equations
L. Tide

621.38412

ISBN: 0-89006-754-6

© 1995 ARTECH HOUSE, INC.
685 Canton Street
MNorwood, MA 02062

All rights reserved. Printed and bound in the United States of America. No part of this book
may be reproduced or utilized in any form or by any means, electronic or mechanical, in-
cluding photocopying, recording, or by any information storage and retrieval system, with-

out permission in writing from the publisher.

International Standard Book Number: (0-89006-754-6
Library of Congress Catalog Card Number: 9447118

10 9 8 7

Contents

Preface
Introduction

Chapter 1 System Design and Specifications

1.1 Receiver Diesign
1.1.1  Receiver Architecture
1.1.2  Receiver Sensitivity
LL3  Receiver Selectivin:
LL4  Receiver Spurious Responses
1.1.5 Self-Quieting
LL6  Receiver Intercept Point
1.2 Transmiuer Design
1.2.1  Transmiter Architecture
1.2.2  Load Pull
1.5 Cable Distribution aned Communication
1.5.1  Cable Repeaters
132 Triple Beaus
1.3.3  Bidirectional Cable Communication
L4 Data Communication
References

Chapter 2 Circuit Examples

2.1 Acuve Filters
22 Amplifiers
221 Single-Stage Amplifiers
222 Multistage Amplifiers
223 Distributed Amplifiers
224 Low-Curremt Cascode Amplifiers
225  Power Amplifiers
2.3 Auenuators, Minimum Loss Pads

4
a0
41
44
46

7
52

a3
a3
34
o4
56
a7
a9
il
4




vi | RF DESIGN GUIDE

2.4  Baluns and Transformers
2.5  Bias Networks
2.6 Crvstal and Ceramic Filters
2.6.1 Monolithic Filters
2.6.2  lLadder Filters
26.3 Lattice Filiers
2.7  Detectors and Modulators
2.7.1  AM Detecrtors and Modulaors
272 FM Detectors and Modulators
2.7.3 PM Detectors and Modulaors
2.8 Diplexers
2.9  Directional Couplers
2.10 Filters
2.10.1 1L Filers
2.10.2 Coupled Resonator Filiers
2103 Narrow-Notch Filuers
211 Frequency Multipliers
2.12 Impedance-Matching Networks
213 Mixers
2.15.1 Passive Mixers
2.15.2 Acuve Mixers
2.14 Oscillators
2.14.1 Crystal Oscillators
2142 1.C Oscillators
2.14.3 Voltage-Controlled Oscillnors
2.15 PLL Filters
2.16 Power Splitters and Combiners
2.16.1 Resistive Power Splitters and Combiners
2.16.2 Reactive Power Spliters and Combiners
2.16.3 nWay Power Splitters and Combiners
2.16.4 Unequal Power Splitters and Combiners
2.16.5 180" Power Spliters and Combiners
2.16.6 90° Power Splitters and Combiners
2.17 Superregenerative Receiver
2.18 Switches
2,19 Transmission Line Section
2.20 VSWR Bridge
References

Chapter 3 Measurement Techniques
3.1 Antenna Gain
3.2  Component Value Measurements

69
76
78
78
74

18
1049
114
122
123
125
130
131
132
136
136
1349
141
144
146
146
146
151
151
153
156
158
160
165
166
167

164
169
170

3.2.1  Capacitors and Inductors
322 Quality Factor
3.2.3  Single and Coupled Lines
3.3 Directivity and Return Loss
3.4 Frequency Deviation

3.5 Frequency Synthesizers and Phase-Locked Loops

3.6 Intercept Poin
E‘-.EE-.! Second-Order Intercept Point (1P2)
3.6.2  Third-Order Intercept Point (I1P3)
363  mth-Order Intercept Point

3.7 Intermodulation Distortion

3.8  Mixer Noise Balance

3.9 Noise Temperature and Noise Figure

3.10 Oscillator Output Impedance, Loaded o

3.11 Oscillator Phase Noise

References

Chapter 4 Useful Formulas

4.1  Antennas

42 Doppler Shift

4.3  Error Function

4.4 Frequency and Impedance Scaling

4.5  Gain

46  Group Delay

4.7 Impedance, Reflection Coefficient, VSWR

4.8 Inductors
4.8.1  Air-Wound Coils
4.8.2  Spiral Inductaors

4.9 Intercept Paint

4.10 Line-ofSight Communication

4.11 Mismatch Errors

4.12 Network Transformations
4.12.1 Norton Transformation
4.12.2 Kuroda Transform
4.12.3 Pi to T Transformation

4.13 Moise Formulas

4.14 Oscillator Phase Noise

4.15 Quality Factor

4.16 Resonators
4.16.1 Coaxial Resonators
4.16.2 Helical Resonators
4.16.3 Other Resonators

Contents |

i

1710
172
175
178
179
180}
183
184
186
184
188
14943
192
196
24
205

207
207
209
211
211
213
215
215
217
217
219
220
222
223
224
224
225
226
227
230
233
237
237
239
241



wii | RF DESIGN GUIDE

4.17 Skin Depth
4.18 Smith Chart Graphics

4.19

4,20
4.21

s-Parameter Formulas

4.19.1 sParameter Formulas: Gain

4.19.2 s-Parameter Formulas: Impedance

4.19.3 s-Parameter Formulas: Noise Circles

4194 sParameter Formulas: Simultancous Conjugate Match
4.19.5 s-Parameter Formulas: Stability

Statistical Analysis

Temperature

4992 Tolerance
4.2% Transmitter Power

4.24

Units and Constants

4.25 Velocity Factor

4.26
4,27

Voltage From Field Surength
Waveguide Bevond Cutoll

References

Appendix Workbook Software Tnstallation anel User™s Guide

Al
A2

A3

Ad
AD

Glossary
About tl
Index

Installation and Usage on IBM and Compatible Computers
Installation and Usage on Macintosh Comptiters Using Svstem
7.5 or Later . o
Installation and Usage on Macintosh Computers Using System
Software Prior to System 7.5

Using the Workbooks

Disclaimer of Warranty on Software

he Author

268

268
268
269

271

275

Preface

In a perfect world, there would always be enough tme to design a svstem or a
circuit. The appropriate books and experts could be consulted, and the particular
design approach could be justified to the customer or to upper management by
means of clever computer simulations, Engineers and scientists could quantify and
resolve design risks and settle for win-win compromises.

Well, vou and 1 know that our world is not like that. Shorer development
cycles, uncompromising emphasis on product quality, changing svstem require-
ments, and the introduction of new technologies all place demands on the design
engineer’s time. Lack of sufficient design time can lead 1o a paradox: we reinvent
the same circuits because there is not enough time w write a detailed design
summary of a working circuit, something that would reallv benefit the next project
and educate new engineers.

The purpose of this book is to provide a means out ol that paradox by
summarizing in one relerence the information required for a rvpical radio frequency
(RF) communication project. With this book, vou should be able wo quickly learn
about the five factors that affect receiver adjacent channel selectivity, Look up a
mixer, understand its operation and design tradeofts in about 15 minutes. Learn
how 1o measure intercept point. Find out about image noise and s elfect on receiver
sensitivity. Evaluate an important waveguide formula to quantify the effectiveness of
a perforated shield. The information on most topics is presented at several levels
of technical detail to allow you access to as much information as your time or
interest allows,

Shorter design cvele times, improved quality, and reduced design risks were
the main drivers for this book. Constantly changing technology both necessitates
and allows for the material contained in this book to be organized in a computer

database, where it can be easily updated and disseminated. The Workbook software
included with this book takes a first step in that direction by allowing you to quickly
look up and evaluate virtually all of the 382 equations described in the book.
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Because RF and microwave applications are growing by leaps and bounds, it
is inevitable that some important circuits and system concepts could be added o
this book in the future. I would therefore appreciate your input on additional
important topics, as well as your comments on the ultimate e‘!ectmx_ﬂc dambasc_. I
can be reached at the following address: 207 Harding Bivd. W., Richmond Hill,
Ontario, Canada L4C 8X6.

I would like to express my appreciation to my colleagues E. Whitchead,
W. Sierocinski, and Z. Jagaric, as well as the editors and the reviewers at Artech
House, for their many helpful hints and suggestions. My wite, Suzanne, and our
children, Catherine, Andrew, and Deanna, deserve special thanks for their patience.

Introduction

The general format of this book is that of a handbook, a miniencyclopedia of RF
engineering, Therefore, the topics in Chapters 2, 5, and 4 are arranged in alphabeti-
cal order to allow faster and more convenient access o information. The chapters
themselves are organized to follow a typical design sequence:

* What do ! need? Determine the cirenit specifications from the system architec-
ture requirements deseribed in Chapter 1
Which civeuit do T wse? Consult Chaprer 2 for representative circuits,

* How do I neasure it? Use wechniques from Chapter 3 to verify circuit perfor-
mance.

* What are the practical and theoretical limits on the behavior of my civeuit? Chapter 4
contains important equations that help you quantity design decisions,

¢ How do [ quickly evaluate this complicated formula? Enjoy the convenience of
hundreds of preprogrammed and verified equations in the Workbook software,

The sections in Chapter 1 on receiver and transmitter architectures rely heavily
on material contained in the rest of the book, and vou may want o retrn 1o these
two sections after becoming familiar with the rest of Chapter 1. These sections
relate system requirements io circuit block performance specifications and examine
the various tradeofts involved. All equation variables and their units of measurement
are defined following each equation, and all specialized terms and acronyms are
summarized in the glossary,

Linear quantities are always shown in italics, while plain text is used for
logarithmic quantities, to avoid confusion between such quantities as noise factor
and noise figure, linear gain and gain in dB. Operators {e.g.. A) and units {e.g.,
Hz) typically do not appear in ialics. Several symbols are only used for specific
quantities: A always refers w wavelength, @ w radian frequency, 7o reflection
coetficient.
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Personal computers, with their capability for convenient computation, have
freed us from approximate nomographs and tables, a trend reflected in this book:
I have wried to stay away from approximations and used the exact expressions
whenever possible. An example that illustrates the advantages of this approach is
in Section 4,18, which contains the generating equations for the Smith Chart; vou
can generate any portion of the Smith Chart at any desired resolution using those
equations and high—end graphics software. Manipulation of sparameters is another
example; the approximation of unilateral transistor operation in order 1o simplify
the mathematics is no longer necessary or justified.

The wopics in this book have been selecied o be generally useful in reallife
radio frequency designs. Such designs are often complex and involve many tradeoffs;
this book assumes that the reader is basically familiar with high-frequency electron-
ics, applications of the Smith Chari, complex algebra, and computer simulation.
Some topics have been deliberately left out or covered in less detail, because
adequate coverage is available elsewhere in the literature, Basic theory of RF circuits
[1], transmission line design and analysis [2], filter design [3], synthesizer design
[4], electromagnetic [5] and antenna theory [6] are good examples of 1opics this
hook is intended to complement.

Several examples of computer simulations are used for illustration purposes
throughout the book. In the past, authors were careful 1o avoid endorsing a particu-
lar product or application. For many reasons, the actual applications change all
the time, but | think that the idea of computer simulation is here 1o stay. 1 would
like to endorse computer simulation in general: it is an excellent educational tool
that allows engineers to pursue and verify ideas far faster and more conveniently
than possible on the bench. Statistical analvsis provides information that cannot
be easily obtained by bench testing, At the same time, engineering judgment—
the ability to weigh conwradictory requirements in evaluating svstem and circuit
feasibility—will always require the creative human touch of an experienced engi-
neer,

The Workbook software that accompanies this book is a result of my efforts
to verifv the hundreds of equations used throughout the book by programming
them into a spreadsheet environment. 1 realized that my collection of spreadsheet
caleculations should be included with the book, 1o offer readers convenient numeri-
cal evaluation of equations, organized and numbered in the same sequence as the
hook's table of contents.
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CHAPTER 1

System Design and Specifications

1.1 RECEIVER DESIGN

The purpose of a radio frequency (RF) receiver is to process incoming energy into
useful information, adding a minimum of distortion. How well a receiver performs
its purpose is a function of the system design, its internal circuitry, and its working
environment. The acceptable amount and type of introduced distortion vary with
the application. Television svstems should maintain a signal-to-noise (5/N) ratio
greater than 40 dB and are much less tolerant of group delay distortion than analog
FM voice systems, for example. Receiver performance specifications in common
usage are listed below.

* Receiver sensitivily quantifies the ability of a receiver to respond to weak signal
levels. The requirement for analog receivers is maximum RF level to ensure
a certain demodulated 5/N ratio, while digital receivers use maximum bit error
rate (BER) at a certain RF level as a measure of performance. The receiver
sensitivity specification and its measurement rely on the assumption that ther-
mal noise is the only limiting factor; this assumption may not be valid for
systems operating at lower frequencies. In such systems, the input 5/N ratio
to achieve the required demodulated 5/N output is a more useful parameter,
as long as the ambient nonthermal noise level can be measured or estimated,
Nonthermal and especially manmade noise do not have well-defined proper-
ties; the reliability of a receiver link in such systems is best described in statistical
terms, for example, “The output §/N will be beuer than 20 dB for 95% of
the time at a certain location.” The actual receiver sensitivity number is corre-
lated 1o the square root of the receiver’'s bandwidth and ranges from 0.3 gV
for narrowband systems to 0.5 mV in television receivers.

= Receiver selectivity usually refers to a receiver’s ability to reject unwanted signals
on ad_jacent channel frequencies. This specification, which ranges from 70 JdB
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0 90 dB, is sometimes so difficult to achieve that many systems do not allow
simultaneous active adjacent channels in the same geographical area or on
the same cable system. :

s Spurious response rejection is necessary because all superhetcrud@mc_ receivers
have the potential for responding to frequencies other than the desired chan:
nel. This tendency needs to be minimized by the proper choice of the IF
(intermediate frequency) and by use of RF filters. Spurious response rejection
of 70 to 100 dB can be achieved in practical receivers.

o Intermodulation rejection measures the receiver’s tendency to generate its own
on-channel interference from two or more strong off-channel signals. Seventy
decibels is easily achievable, while 90 dB is considered exceptional. Good
receiver sensitivi.ty and high intermodulation (IM) rejection are usually contra-
dictory requirements, and some amount of compromise may be required
between the two.

* Receiver self-quieting refers to reduced receiver sensitivity on some channels due
to internally generated signals that capture the detector and thus prevent or
inhibit the reception of a desired, weak signal.

Other receiver parameters, such as distortion of the demodulated sigqal,
S/N ratio for strong signals (also referred 10 as Hum & Noise), frequenc'f_stlall:uht}'.
cochannel rejection, cross-modulation, radiated emissions, and susceptibility to
high RF levels, are also prominent in many regulatory requirements because of
their importance in dense carrier environments. N

Environmental conditions, including operating temperature range, humidity,
weatherproofing, and shock and vibration requirements, can impose severe limita-
tions on the component selection and mechanical packaging. .

Production vields, reliability, quality, and easy servicing round off the list
of receiver requirements. Many of these requirements have become specialized
disciplines on their own; additional information can be found in [1] and [2].

1.1.1 Receiver Architecture

Formulas and equations for designing a particular circuit are useful once we dEI:I':r—
mine that a certain level of performance is required. But how do we dﬁ:rern_nne
what level of performance is in fact necessary? The purpose of this section is to
examine a typical receiver architecture, explaining the functions of lhelvnnuus
circuit blocks, The primary motivation for selecting a certain re-:e!ver arc]me-:Fure
is the required performance. A garage door opener will likely have different architec-
ture from a high-performance base station receiver, and the design effort f_r::r a
particular receiver is a very steep function of the required performance specifica-
tions,

This section concentrates on high-performance receivers, because more con-
siderations need to be taken into account.

System Design and Specifications | 7

It may be instructive to walk through Figure 1.1 block by block and summarize
the important design decisions for each block before tackling the somewhat iterative
procedure for determining individual stage specifications.

The antenna must be connected to a de ground either by the structure of
filter 1 or by a separate RF choke or high-valued resistor. The antenna is exposed
o an uncontrolled environment, and any static charge accumulated on it will
translate to very high voltage in internal receiver components due to the low value
of capacitors used at RF. (You will recall that V= /C; the voltage induced by a
given amount of charge on a small capacitor is larger than voltage induced on a
largevalue capacitor. Many pieces of equipment can be seen with a choke soldered
to the antenna terminal, evidentlv done after some field problems were encoun-
tered!)

Filter 1 is usually called the preselector and has three basic functions: o limit
the bandwidth of spectrum reaching the RF amplifier and mixer to minimize IM
distortion; o attenuate receiver spurious responses (image and 1/2 IF are most
important); and o suppress local oscillator energy originating in the receiver,
Attenuation of direct IF frequency pickup may also be a concern in receivers with
high first IF frequency. RF filter 1 may be a highly selective, cavity wned filter,
cascaded with a low-pass filter to attenuate reresonances at odd multiples of the
center frequency (a property of all such filters),

RF ampliﬁcr noise figure, gain, and intercept point are set by receiver perfor-
mance requirements. High reverse isolation is important to attenuate local oscillator
energy and to isolate filter 1 and filter 2 from each other, so that overall selectivity
is not destroyed. Low reverse isolation in the RF amplifier will cause the filters to
interact, with guaranteed degradation of RF selectivity at some frequencies.

The function of filter 2 is to attenuate receiver spurious response frequencies,
attenuate direct IF frequency pickup, attenuate noise at the image frequency origi-
nating in or amplified by the RF amplifier, and suppress second harmonic originat-
ing in the RF amplifier, which could potentially degrade mixer second-order
intercept point. Depending on its bandwidth, filter 2 can also suppress local oscilla-

zm:I

mixer

15LF
stages

2nd ¢
SLages

RF ; Injection 150
amplifier filter amplifier
150 Jocal @ 2™ jocal
oscillatar oscillator

Figure 1.1 Tyvpical dualconversion receiver
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tor energy leaking back into the antenna. [t is important for this filter not w have
any rmufn responses at high frequencies, because the mixer has very little rejection
for odd harmonics of the receive frequency that may leak through the system. This
filter is frequently called the image filter because it typically rejects image noise by
about 20 dB. If good receiver sensitivity is not a requirement, the RF amplifier and
image filter may not be required.

The first mixer is by definition a nonlinear device, and it usually encounters
the highest RF levels present in the receiver. It therefore needs o have a high
intercept point. From the wide variety of mixers available (active, passive, unbal-
anced, singly balanced, double balanced, wuned, broadband), choose the one that
best meets all the requirements. In general, passive. double-balanced mixers have
the highest intercept point, hest noise balance, and highest local oscillator power
requirement. Single-device active mixers are the cheapest but have poor intercept
points. Table 1.1 summarizes important mixer properties and their effect on receiver
performance.

A diplexer network is frequently used at the mixer IF port to optimize intercept
point performance, by not allowing any signals, especially local oscillator (LO)
harmonics, o be reflected back into the mixer. The diplexer network must be
nonreflective up to several times the LO frequency.

The injection filter may be required to attenuate wideband noise around the
LO frequency and its harmonics and to attenuate the second harmonic in order
not to degrade mixer second-order intercept point (1P2). Since the LO signal is
of high amplitude and pt:rl'nrmﬁ some switching action inside the mixer, the natural
tendency would be to ignore incoming harmonics on the LO port, because the
mixer internal switching action will generate its own harmonics anvway. This line
of reasoning fails for double-balanced mixers, because they are internally balanced
against the second harmonic and theoretically do not generate any even harmonics
internally. Therefore, the attenuation of externally generated second harmonic of
the LO signal is desirable in double-balanced-mixer applications.

Table 1.1
Important Mixer Parameters

‘1._,|'Ji"n:im' Receiver Specification

Muxer Parameler

Receiver sensitivity

Intermodulation distortion

172 IF spurious response rejection

High-order spurious rejection

Receiver sensitivity, AM noise rejection

Conducted L0 energy propagating toward antenna
Susceptibility to direct IF frequency pickup

Conversion loss

Third-order intercept point
Second-order intercepn paing
Higher-order intercept point
Moise halance

1.0} 1o RF isolation

RF 1o IF isolation

System Design and Specifications | 9

An important property of the first local oscillator is its single-sideband (SSB)
phase noise, which often determines the receiver's adjacent channel selectivity
performance. The wideband noise, which is typically measured at frequency offsets
much greater than the S5B phase noise, affects receiver sensitivity. The LO signal
must have low spurious signals; if present, they will cause receiver ‘.ip{l rious responses,
'!he first LO synthesizer is the limiting circuit block for frequency change lock
time. The LO must oscillate despite temperature and power 5up.|:r|}' variations.
Another requirement in mobile or portable equipment is low susceptibility to
microphonics, where external mechanical or acoustic stress could modulate the
LO frequency or amplitude.

. The first IF (usually crystal) filter protects its following stages from close-in
IM signals, provides adjacent channel selectivity, and attenuates the second image.
Frequently, the second-image requirement is more stringent than the adjacent
channel selectvity requirement and determines the number of poles r-:qui-rerl to
obtain the required second-image selectivity. The equivalent noise bandwidih of
I.hnf IF chain is an important receiver property, because it determines how much
noise reaches the detector, and it determines the modulation bandwidth that can
be received. Low group delay of the IF filters is partcularly important for digital
communication. Group delay compensation in hardware or software can be used
to overcome the undesirable effects of group delay distortion, provided the group
delay n highly repeatable from unit w unit. The very first IF crvstal filter following
the mixer may have to be selected for good IM. It may also have to be isolated
from the mixer by an impedance inverter network to limit the maximum impedance
presented to the mixer on the filter skirts, because high impedance at the mixer
IF. port will degrade its IM performance. This is especially important for active
mixers,

The IF amplifier is usually a high-gain stage. Iis intercept point must be high
if i} directly follows the mixer. If it follows one stage of IF filtering, the intercept
point requirements can be relaxed, because the IF filter offers some protection
against high-level, offchannel signals.

The steps required for deciding the specifications for individual cireuit blocks
shown in Figure 1.1 can be summarized as follows. Reep in mind that the whole
process is iterative. You may have to rethink a particular strategy if vou discover
other tradeofls during the receiver definition. It is assumed that the demodulation
process is taking place in an integrated circuit with well-behaved performance
characteristics.

1. Allquu_a- approximate gains and losses as needed o meet the required receiver
sensivity specification and IM distortion requirements.

. Select the first IF frequency.

Select the first LO injection side.

. Investigate the mixer.

: Eaiied on mixer performance, design the injection filter and select LO tech-
nology.

o Lo A
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6. Investigate filter wopologies.
7. Design the RF amplifier.

A first estimate of the required gains, losses, and intercept points will show
if the system requirements for sensitivity and IM rejection are feasible. A computer
spreadsheet using formulas in this book and included in the Wnrkbcmlz: software
can be invaluable in examining different receiver approaches. Subsection 1.1.2,
which discusses receiver sensitivity, contains an example of all the required rin:_uil‘
and system parameters required to caleulate receiver sensitivicy. l|.1 gunml-a], RF
amplifier gains in excess of 20 dB are undesirable because the required gain may
not be available from a single device, stability may be compromised, and the resuling
mixer intercept point requirement may not be achievable. Filter insertion |1:}§'»5 of
up to 3 dB is typical, Passive versus active mixer selection may h.'.nw: to be uxurnlumd
at this time as well. Many receivers with active mixers do not require an RF amplifier.

Selection of the IF frequency will dictate the other filter specifications, because
the IF frequency determines the location of image and |x"i_" IF spurious response
frequencies. Crysial or other IF hAlters come only in certain center frequencies;
however, if you can choose among several standard IF frequencies, choose the
highest l'reqlllenc‘__-’, In addition, examine the high-order spurious responses of the
mixer to determine the lowest order of such spurs that fall in-band and make sure
the IF frequency is not a harmonic of a digital clock, reference ]:requtnc}-. Or any
other discrete frequency already present in the vicinity. This also includes external
signals. _ :

The selection of the first LO injection side has the following three considera-
tions:

1. High-order spurious responses and self-quieting frequencies may favor one
or the other injection side, once the IF frequency has been chosen.

2. Higherfrequency oscillators tvpically have worse 55B phast_ noise, but the
required voltage-controlled oscillator (VCO) tuning range ( lnlper_cn:tnl}_fﬂr
synthesized sources is less for high-side injection than for low=side injection.
The chosen mixer may have a limited frequency of operation, forcing low-
side injection.

3. Alower-frequency LO that is multiplied up in frequency may S:r.llmlf:ﬁrllll‘:s offer
advantages over a high-frequency LO without frequency multiplication.

Mixer performance is probably the single most important determinant of
receiver performance. Passive mixers generally have better I_M perlorm?nce Ifrul
require much higher local oscillator power and do not provide conversion gain.
Active mixers require less local oscillator power, and, contrary to expectation, they
do not have much better noise figure that passive mixers. A high thrd-cr_rfier
intercept point (IP3) requirement may compromise the power dissipation specifica-
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tion, especially at high temperature. The mixer noise balance will determine if an
injection filter is required. Mixer second-order intercept point will dictate what
amount of RF filtering will be required for the 1,2 IF spurious response. Selection
of mixer technology will dictate the LO power requirement. The more amplification
of the VCO signal that is required, the higher the wideband noise will be, so that
high LO powers may require an injection filter 1o suppress image noise if excellent
sensitivity is to be achieved. If the LO is required to tune over a wide frequency
range, the injection filter may have to be tnable o tack it Regardless of the
mixer noise balance and LO wideband noise performance, using some form of
injection filter may still be advan tageous. For example, a simple low-pass filter,
which cuts the second harmonic from the LO signal, may improve the mixer [P2
and will attenuate noise sidebands around the second harmonic, where the mixer
noise balance may not be particularly good.

The LO technology is probably dictated more by the actial application than
by anything else in the receiver. If the receiver's trequency is expected 1o he
programmable, a frequency synthesizer is required. Single-frequency receivers can
get by with a crystal oscillator, A L€ discrete inductor-capacitor oscillator circuit
can be used for the LO in the ultimate low-cost receivers, as long as the transmiter
frequency can change its frequency to compensate for receiver frequency drift or
vice versa. One such scheme may have a transmitter that repeatedly transmits data
bursts while its carrier frequency changes linearly between two limits. As long as
the intended receiver can receive signals somewhere between the same two limits.
it will receive the message.

The RF filter requirements will be determined by the chosen IF frequency
and first LO injection side, Using high-side injection, all the important reject
frequencies will be on the high-frequency side of the passhband and vice versa.
Therefore, a filter topology that rejects the appropriate signals has to be selected.
The simple examples in Figure 1.2 and Figure 1.3 illustrate two practical filter
topologies with steeper skirts on the low- (Figure 1.2{a)) and the high-frequency
side (Figure 1.2(h)}. The usual tradeoff in filter performance is selectivity versus
insertion loss. Low insertion loss is more important before the RF amplifier; it can
be sacrificed for selectivity if the filter follows the amplifier.

Typically the RF amplifier gain is fine-tuned once the propertics of all the
other circuits are known. This can be achieved with the RF amplifier much more
casily than with the other stages. For example, once a physical size for a caviry
tuned filter is chosen, its unloaded (} and therefore insertion loss are basically
fixed, and very little can be done to change them later. Similarly with the other
RF filters; inductor (Jand the number of stages fix the insertion loss, Mixer proper-
ties are not easy to change either. In contrast, a wide variety of techniques are
available to change an amplifier’s gain or intercept point, Thus, the RF amplifier
design can be fine-tuned as the last step.

The second IF circuitry, together with the demodulator. is very likely to be
contained in an integrated circuit and thus is not under direct control, Things to
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L

L
P
—
(a) (b)

Figure 1.2 Two filter topolugies with different skirt slopes,

look for are gain, noise figure, intercept point, amplitude-limiting properties, and
integrated circuit (IG) properties such as input impedance, current drain, and
bypass requirements. Frequently, the 1C will require particular filters and matching
networks specificd by its manufacturer,

While the second IF circuitry is not critical, and the design requirements are
quite loose, there is one important exception: the §/N ratio at detector input,
required for some particular receiver baseband performance (12 dB SINAD, 20 dB
T/N, BER, ete.). This detector property goes under various names, such as cochan-
nel rejection, capture ratio, and rise number. This is a critical parameter for any
receiver design and should be as low as possible. It is basically the TIF 5/N ratio at
the detector input, required to meet some of the baseband specifications.

Receivers with low power consumption have additional constraints on their
operation, Such receivers are always susceptible to overload and IM distortion and
are best designed as narrowband as possible, Frequenitly such receivers are cycled
on and off to conserve battery power. When cycling the de power to a circuit, all
the capacitors need to be charged and discharged, introducing delay and ultimately
placing a limit on how fast and for how short a time the circuit can be turned on.
The most surprising offenders are coupling capacitors in the [F section. Imagine
that vou are coupling the IF through a 0.1-uF capacitor into an integrated circuit
whose mput impedance is 5 k{l. The IC will not have the correct bias voltage at
its input pin and will not operate correctly in the approximately 1 ms that the
capacitor needs to charge. Lowerwvalue coupling capacitors and precharging
schemes can help.

1.1.2 Receiver Sensitivity

Receiver sensitivity is a fundamental property that intimartely affects system perfor-
mance. The following analysis assumes that the receiver’s sensitivity is limited by
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thermal noise, except as noted otherwise, which really represents the best case. !n
many cases, ambient noise is higher than thermal. and IM products prodluced in
a dense carrier environment place an effective lower limit on signal amplitude in
a workable system.

The main theme carried throughout this section is that device gains and
noise figures, image noise, and local oscillator wideband noise need to be tr.eumrl
separately and then combined to produce an overall equivalent input notse factor,
Fy, which is then used in (1.2} to calculate the overall receiver sensitivity.

Fi = Fix + Fix + F§ (L

F|'
Fy = total equivalent input noise factor derived from on-channel stage

total equivalent input noise factor (linear}

naise figures and gains (linear)
Fiy = total equivalent input noise factor derived from image trequency

stage noise figures and gains {linear)

Fit = total equivalent input noise factor derived from local oscillator

wideband noise {linear)

¢ =tk T B (R - 1) R; for receivers limited by thermal noise (1.2

e=Jk(T, + T)B(R - 1} R, for receivers limited by non-thermal noise (1.3)

¢ = receiver sensitiviry (V)
F; = woial equivalent input noise factor (linear)

k = Bolizmann's constant, 1.38 = 107 (J/K}

T = temperature (K), T(K} = T{°C) + 275.15

B = equivalent noise handwidth of system {(Hz)

R = required (5 + N)/N at detector input (linear)
Ry,
T,

T, = equivalent receiver noise temperature (K}, which is (F — 1) 290

system impedance (£

antenna input temperature (K)

The §/Nratio required at the input of a detector depends on the particular measure
of receiver sensitivity. For example, 12 dB SINAD (audio measurement) may require
5 dB §/N ratio at detector IF frequency. Detector IF §/N ratios are different for
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alternate measures of sensitivity, such as BER, quieting, and tone/noise ratios. The
receiver sensitivity is then calculated for the desired detector 5/N ratio. The quantity
fi=(5+ N)/Nisused in the equations because it is easier to measure. The quantities
{R=1) and (5/N) are mathematically identical.

L1.2.1 Conivibution From Stage Gains and Noise Figures

Noise figures and gains of all stages up o but excluding the detector must be
known to calculate the equivalent input noise factor. The noise figure of passive
stages, which do not contain noise sources other than thermal noise, equals their
loss in decibels, or their noise factor equals reciprocal of gain.

|
L

F. = stage noise factor {linear)

{s = stage gain (linear)

If a passive stage is at a higher temperature than the rest of the receiver chain,
its noise figure must be adjusted for the temperawre difference [3]. Adopt the
lowest component temperature as the system noise temperature and assign higher
noise factors to all components at a temperature higher than the system tempera-
tre. The noise factor for a passive (lossy) device at any temperature is

1
F=1+(L-1)% (1.4)
n

F = noise factor of lossy device {linear)
I = loss of device = 1 /gain (linear)
T = device physical temperature (K}

T, = room temperature, defined as 290K

Insertion loss before first gain in the signal path adds its loss 1o the noise
figure of the gain stage decibel for decibel. The gains and noise factors of active
stages are nol correlated and must be obtained separately. Some passive stages,
such as double-balanced diode mixers, can have a noise figure that is slightly higher
than their loss.

The stage gains and noise figures are usually expressed in decibels. To convert
from decibels 1o linear units:

F. = 10Fm
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G= I L)

F; = stage noise factor (linear)
G; = stage power gain (linear)
F,
G

stage noise figure (dB)
stage gain (dB)

(]

Friis formula for calculating cascaded noise figure is used to combine the
stage contributions and can be generalized for » stages.

E-1 F-1
Fn=F + 26‘1 + EﬁGE+... (1.5)
7 e |
F,\-=1+z(=’_—1l {1.6)
-1 G_-
=it

Fx = equivalent input noise factor (linear)

n
1]

stage noise factor (linear)

P
1]

stage gain (linear)

a=

[16, = total prestage gain (linear)
J=0

total number of stages up to but excluding detector

=
1]

=
L]

index in summation of stage terms

j = index in product of prestage gains, Go=1

Subtract 1 from the noise factor of each stage, active or passive, and diff'ide
by the total prestage gain. Then add 1 to the sum of all such stage contributions
to arrive at the equivalent input noise factor contributed by stage gains and noise

figures.

1.1.2.2 Contribution From Image Notse

Image noise is simply noise contained at the receiver’s image frequency, present
at the first mixer's RF port, which adds to the downconverted signal produced by
an on-channel signal on a power basis. Therefore, the analysis only needs to be
carried out up to the mixer stage that combines the two sidebands into one IF
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signal. Figure 1.4 shows the various frequency relationships between RF, LO, and
image frequencies, as well as their noise contributions. Image noise is downcon-
verted to IF with similar conversion loss as the desired signal.

Image noise can originate from the outside or be the internally amplified
thermal noise at the image frequency, For example, the RF amplifier will amplify
its own noise as well as any input noise not only near the required frequency but
also at the image frequency. If this image noise is filtered out before it reaches the
mixer, sensitivity improvement can be achieved. In a well-designed receiver, the
image noise coming from the antenna is filtered out and can be neglected, but
internal noise generated in the preamplifier cannot be neglected. Image noise can
be treated by finding an equivalent on-channel input noise source. We have to be
careful to sort out the noise factors and gains that apply to the image frequency and
the ones that apply to the on-channel frequency. The reason for the complication is
our aim to replace an image noise signal with its on-channel input equivalent.
Therefore, the normal analysis carried out at the image frequency has to be normal-
ized by the ratio of the overall image frequency gain to onchannel frequency gain.
When a receiver uses high first IF, the gains and noise figures at the image frequency
may be significantly different from their on-channel counterparts and have o be
measured or calculated at the proper frequencies,

In multiple-conversion receivers (which have more than one IF), additional
image noise calculations may need to be carried out, depending on the gain distribu-
ton in the receiver chain. In a well-designed receiver with a high-gain first stage,
the noise floor at the second or third mixer input should be predominantly input
noise amplified by the first stages, and thermal noise amplificd by subsequent stages
can be neglected. If that is not the case, image noise analysis at the second and
third image frequencies may need to be carried out as well.

The conventional cascaded noise figure analysis assumes that all the stages
are conjugately matched to each other and that all available noise power from one
stage is totally absorbed by the next stage without reflection. This assumption is
definitely not wrue if we deliberately introduce filtering 1o eliminate image noise,
The fundamental dilference in the two approaches is that in the maiched case, the
noise level can never fall below thermal levels, whereas in the mismatched case,
image noise can be below thermal. In the matched case, the noise figure of a passive
stage is equal to its loss. In the mismatched case, we must allow zero noise ligure
to be assigned to a passive stage, which provides image attenuation by reflection.
If the mixer is looking into a totally reactive termination at its input at the image
frequency, it produces no thermal noise and hence can be assigned zero noise
figure. The example in Subsection 1.1.2.4 clarifies these concepts.

Image noise contribution to equivalent input noise factor is

(1.7)
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Flx = contribution to overall input noise factor by image noise (linear)

=
[

. = stage noise factor ar image frcqut:m:y (linear)

i )
<
]

: = 1 for the stage that provides image attenuation by reflection
{ideally the stage immediately preceding the mixer)

1]
1]

stage gain at image frequency (linear), Gy=1

>0
LI |

stage gain on-channel (linear), G; = 1
= number of stages up to but excluding the mixer

The implicit assumption in (L7} is that the mixer conversion loss is the same
at the desired frequency as at the image frequency. High-performance mixers are
often implemented with attenuators at all three ports to optimize third-order-
intercept performance by not allowing harmonics to be reflected back into the
mixer for remixing, as shown in Figure 1.5.

It should be recognized that the attenuator at the mixer RF port partally
negates the benefits of the image filter, because it reintroduces thermal noise al
the image frequency, which normally would be eliminated by the image filter.
Evaluating (1.7}, we can still assign zero noise figure o the image filver, but the
noise figure of the RF port attenuator will be equal 1o its attenuation at the image
frequency.

1.1.2.3 Coniribution From Wideband 1.0 Noise

The wideband noise of the local oscillator is another parameter that can elevate
IF noise level, thus degrading the overall noise figure. The mechanism of this noise
generation is that wideband noise separated from the LO frequency by £ spacing
will mix to produce noise at the IF frequency, This noise conversion process is
related to, but not the same as, LO w RF isolation. Noise at frequencies of £
spacing from the LO harmonics also contributes and may be dominant in some
cases, as will be discussed in Section 3.8. Figure 1.4 shows the frequency relationships

RF IF
Image IF

filter stages

LO

Figure 1.5 Attenuators at mixer ports wo improve [P3,
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among the noise sidebands and LO harmonics. In contrast to image noise, wideband
LO noise is downconverted to IF with a much higher conversion loss than the
desired signal.

Wideband noise from all sources adds on a power basis at the mixer IF outpur
The wideband noise sidebands are often not symmetrical and also not flat with
frequency. The noise level in decibels below carrier per hertz has to be measured
separately at nfi, + fo and nfi; — fi for cach n This conversion of noise sidebands
into IF noise is called mixer noise balance; it is really conversion loss for the relevan
sideband from the LO port to the IF port

There may be a bandpass filter between the LO and the mixer; in that case,
its loss at the appropriate noise sideband needs to be taken into account.

L) 1{}'”‘!“'“-.‘1,-“:. ¥
R (1.8)
T 1000 k TG,
J=

£ = comribution 1o overall noise factor by wideband LO AM noase
ilinear)
Py = local oscillator power (dBm)
W, = widehand noise level of sideband 5 (dBec/Hz)
L. = loss of injection filter at frequency of sideband s (dB)
M, = mixer noise balance for sideband 5 (dB)
k= Boltzmann's constant, 1380 = 107 (J/K)
To = 290K

(i, = gain of stage § (linear)

5 = index for summation of noise powers at all sidebands of interest
M = number of sidebands aken into account

j = index o calculate gain up to and including the mixer

N = number of stages up o and including the mixer

If there is no injection filter, L, = 0 dB. The summation is for all the sidebands
that are of interest, mainly, fin + fin fio = fie 20 + fin 20 = S o+ fn 3o — S
and so on. Each of these sideband frequencies has its corresponding wideband 1L.O

noise contribution, loss of injection filier, and mixer noise balance. The factor of

1,000 in the denominator comes from converting decibels relative to 1T milliwatt to
waltts, and T, comes from converting equivalent noise power per hertz into noise
facror.

1.1.2.4 Exawmple of Sensitivity Celenlation

The example in Figure 1.6 illustrates application of formulas from the preceding
subsections in caleulating receiver sensitivity. Assume that we have a dual-conversion
receiver with the topology shown in Figure 1.6,
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Figure 1.6 Typical dual-conversion receiver,

The stage properties are listed in Table 1.2,
We will proceed 1o calculate the receiver sensitivity at antenna input by
obtaining the equivalent input noise factor due to each of three contributors:

L. On-channel gains and noise figures (Fy);
2, Contribution from image noise (F,);
3. Contribution from local oscillator wideband noise (F7.).

Using (1.6), we can mbulate the relative on-channel contribution of each
stage, as shown in Table 1.5

Image noise is thermal noise coming through the antenna plus amplified
amplifier noise at the image frequency. For the purpose of our analysis, we will
assume that the stage gains and the noise figures are the same at the image frequency
as on-channel for all stages, except for filter 2, which has a 10-dB loss at the image
frequency. We will also neglect any contribution from the second image in the
second IF.

Filter 2, which provides image attenuaton by reflection, violates the original
assumnption of a conjugately matched system, where all available noise power from
one stage is totally absorbed by the next stage. Therefore, the noise figure of a
passive stage is not necessarily equal to its loss in a mismatched system. We will use
a noise figure of 0 dB for filter 2 at the image frequency, to allow its DULPLUL to o
below thermal level. Using (1.7}, we need to repeat our analysis up to the first
mixer stage at the image frequency. The stage properties at the image frequency
are listed in Tables 1.4a and b,

The ratio of gain products in (1.7) reduces to the ratio of gains of filter 2,
since the gains of all the other stages are the same at the image and onchannel
frequencies. Equation (1.7) can now be evaluated:

Fiy = 0170068101 + 2.98) = 0.63 (1.9}

LO wideband noise has six components, thus, m = 6 in (1.8). Using the
notation of {1.8), P = 285 dBm, W, = -165 dBc/Hz:
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Table 1.2

Stage Properties of a Typical Dual-Conversion Receiver

Stage

Filter 1

RF amplificr
Filver 2

First mixer
First IF filier

IF amplifier
Sevond IF filver
Second mixer
Detector

Crain ()

Filter 2 image attenuation
Equivalent noise bandwidth
First 1Oy wadeland noise

First LLY power

Injection lher antenuaiion

Mixer noise balance

Required 5% an detector outpu

Stage

Filter 1

RF amplifier
Filter 2

Firsy mixer
First IF filter

IF amplifier
Second 1F Rler
Second mixer
Detector

Relative On-Channel Contribution of Each Stage

Prestape Cain {dB)

.0
=25
5
7.h
=0.5
-2.0
18.0
14.0
2.0

Noise Figure (df)
2.5
3.5
2.0
8.3
1.5
4.0
4.0
12.0
15.0

100 dB
1200 ke

Moise Figure {Linenr}

1.778
2,239
1.545
6.761
1.413
2,512
2512
15.849
31.625

=165.0 dBe,/Hz (flat with frequency)

23.5 dBm
0.0 dB at fin £ fi offset
100 dB at 2 .t fi
W0 dl a3 ot fo
0.0 dB an i £ fi
25.0dB a2 flot f
20,0 dB at 3 fiat fr
.0 dB (3.981 lincar)

Table 1.3

Prestage Gerin Noise Term
(Linear}
1.0 0.778
0562 2,204
B.913 0 (63
5625 1.025
0,891 0,464
0.631 2,596
63,006 0024
25.119 0.591
308,11 0077

Sum of on-channel noise terms = 7.625.
Fiw = 1 4 sum of noise terms in (1.6) = 8,625,

—

O

e
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Table 1.4a
Stage Propertics at Image Frequency

Starge Crain {dlip

Nodse Figare (dH} Noise Figure (Linear)
Filter 1 =25 25 1.778
RF amplifier Ik ih 2238
Filter 2 -10.0 .0 Lo

Tahle 1.4b
Image Noise Contributors

Stage Prestage Caim (df) Prestage Gain Naoise Term
{Lanear)
Filter 1 .1 [ 0.778
RF amplifier -2.5 . A 2
Filter 2 9.5 RY13 .0
Sum of image nolse lerms 2958

. Noise at fi, + fiz Lo =0 dB, M, = 30 dB.

. Moise at fin - fiz L. = 0.dB, M, = 30 dB.
. Noise at 2 fio + fx L,
. Noise at 2 fin— fir: L. = 10 dB, M, = 25 dB.
. Noise at 3 fi, + fo: L, = 20 dB. M,
.

10 dB, M, = 25 dB.

20 dB.
Noise at 3 fij, — for L. = 20 dB, M, = 20 dB.

The gain up w0 and including the mixer is (L.891 {linear), then from (1.8):

F''y = 10883160509 (] 000 k T, 0.891) +
10@s-16-0-3010 1 (] 000 k T, 0.891) +
1QEs-Ie-t-100 7 (] 000 k T, 0.891) +
lul!.‘..’-—'lﬁ‘--lr.l-'ﬂl 'II.IJ_."{ l,ﬂm A. ?:I G_Sg] ], 4
Q- 1w-20-000 (] 000 &k T, 0.891) +

1Que-ta-20-20/10 4 (1 GO0 k T, 0.891) +
= 1.984 + 1.984 + 0.628 + 0.628 + 0.198 + 0.198
= 5.62

We now have all the information for calculating the wtal input equivalent noise
factor from (1.1):
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Fy= Fx + Fix + Fio = 8625 + 0.63 + 5.62 = 14.87 i(1.10)
Receiver sensitivity can be calculated from (1.2) or (111}

(1.11)

e = +[T487 x k T x 12000 x 3.981 x 50
= 0.38 uV

The calculation of (1.10) shows that the LO wideband noise cunFrlhuwh
significantly 1o sensitivity degradation, while contribution from image noise may
be neglected. . . R

The series of complex caleulations leading to the overall receiver sensiuvit
number can be conveniently performed on a computer spreadsheet, which can

investigate many “what-ifz7 scenanos.

1.1.3 Receiver Selectivity

Receiver selectivity is a parameter that quantifies the tendency of a rr:m_e'werl 1.<:.
respond to channels adjacent to the desired reception channel. Be.claus-: ’nttl.-t:.tl-_
tional regulations are gradually moving to narrower chlan_nei spacings, FL'CE“IH‘ :_
selectivity assumes greater Importance, since it frequently llmn:a_ 5_3,'sl_e.m performance
and ]:-]-.u'.rs restrictions on frequency allocation and system utilization,

Selectivity = —CR — 10 log {10019 4 10w/ 4 BW > 105] - (1.12)

Selectivity = amount of adjacent channel selectivity relative o nominal
receiver sensitivity (db)
CR = capture ratio, or cochannel rejection (dB)

IFsel
Spurs = LO spurious signals present in the IF bandwidth at a frequency

IF filter rejection at the adjacent channel (dB)

offset equal to the channel spacing (dBc)
BW = IF noise bandwidth {Hz)
SBN = S5B phase noise of LO at a frequency offset equal 1o the
channel spacing A {(dBc/Hz)
A = adjacent channel frequency offset, channel spacing (see

Figure 1.7)
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For example, assume that the LO spectral purity is as shown in Figure 1.7,

Spurs = 90 dBc
55B phase noise = =130 dBc/Hz
BW = 12,00 Hz
IFsel = 100 dB
CR=5dB

Then, from (1.12), the selecuvity would be 51.38 dB.

Selectivity is a property determined by five stage properties. Each of these
propertics—5SSB phase noise, synthesizer spurs, 1F selectivity, IF bandwidth, and
cochannel rejection—uwill have a statistical diswibution of values. An easy way to
ascertain the impact of these statistical variations on overall selectivity is 1o program
the selectivity equation into a system simulator, such as Extend™ [4]. See Section
4.20 tor more information on statstical evaluation of system properties.

Receiver adjacent channel selectivity defined by (1.12} assumes that the
interfering adjacent channel signal is a perfect, unmodulated sine wave and is thus
a purely receiver property. If this assumption is not valid, and the interfering source
contains spectral components on the adjacent channel, then the receiver’s apparent
adjacent channel selectivity performance will be mostly independent of (1.12) and
determined by the interferer's speciral characteristics. This situation commonly
arises in practice when the S5B phase noise of the interfering signal is particularly
poor or in narrowband systems when the interferer’s modulating signal contains

E
3]
=,
£ T i
2
E
= rs
S5B
phase noise

(L

BW
Frequency [Hz]

Bk

Figure 1.7 Spectral purity of LO signal.
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spectral components (splatter) extending into the adjacent channel, This F:‘I}Pi.{' is
hriefly investigated in Section 1.4. A different measure of performance, adjacent
channel protection ratio {ACPR), is sometimes used for such systems; ACPR takes
into account the interfering signal’s spectral characteristics.

1.1.4 Receiver Spurious Responses

Receiver spurious responses are frequencies that are dil'ii:rcr.ul_fmm the ﬂtesirvlrl
receive frequency, vet that still produce demodulated output in the receiver, if
encountered at a sufficiently high level. This situation is obviously undesirable and
particularly troublesome in receivers capable of mning over a wide frequency range.
because the RF filters need to be wide to accommaodate the wide frequency coverage.

Most receiver spurious responses are actually mixer spurious responses, which
may or may not be further attenuated by RF selectivity in the preceding stages.
Most receiver spurious responses result from harmonic mixilng of_ th_ﬂ RF and 1:{ )
signals. Any RF frequency that satisfies the following relationship is a potential
receiver spurious response:

imfutnfio=2%fi

[ = any incoming frequency into the mixer RF port
fio = local oscillator frequency

[ = desired IF frequency

m = integer multiplier of RF frequency

n = integer multiplier of LO frequency

Solving for fy. each (m,n) pair results in two possible spurious frequencics
{all numbers are positive):

n fin— Ju

fin = (1.13)

m

+
fire = i o i

m

(1.14)

fim = one possible (m, n) Spurious response

firz = another possible (m, n) spurious response
Jo
Je

L

local oscillator frequency

desired IF frequency

positive integer multiplier of RF frequency

n = positive integer multiplier of LO frequency
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The following spurious responses are the most common, with (m, n) indices
1o explain their origin, three of which are graphicall}r illustrated in Figure 1.5.

1. Image: (—1.1} for low-side injection, (1,~1} for high-side injection.

2. Half-IF: (2,-2} for lowsside injection, (—2,2) for high-side injection. Amount
of rejection can be predicted from the mixer TP2,

3. IF: straight IF frequency pickup.

4. High-order spurs result from combinations of mand », which resultin spurious
responses so close o the desired receive frequency that they cannot be filtered
out, and mixer performance determines receiver performance. Low-1F fre-
quency receivers will be susceptible 10 high-order spurious responses where
m and n differ from each other by 1. HigherIF frequency receivers must be
examined for susceptibility wo spurious responses where the m and » values
are not constrained.

5. A whole family of spurious responses of type (1,1} is n % LO spurs, which can
be troublesome if the RF front end has return responses or reresonances, as
is often the case with cavity filters [5]. Such filters wypically lose selectivity
near odd harmonics of the receive frequency, allowing the n x LO spurs easy
access o the mixer.

6. Second image in dual conversion receivers is frequently overlooked, but it
often determines how many crystals are required in the first IF to suppress
it. In high-performance receivers, the amount of required first 1F selectivity
may be determined by the second-image rejection requirement, rather than
the amount of adjacent channel selectivity, If the second IF is 450 kHz, the
second-image spurious response will be fir £900 kHz: the sign is determined
by both first and second injection sides.

7. Spurious signals present on the LO signal will cause receiver spurious
responses. If the LOY is synthesized, it will have sidebands at a frequency offset

iF for + f;—F fre * 2 fiF
frF fLo
| |
| |
| |
IF frequency 1/2IF Image

feedthrough

Nnu- 1.8 Common receiver spurious responses with high=side injection.
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equal to the reference frequency. and the receiver will rtsponld ko 5|:_ruriuu.-
signals offset from the desired receive frequency by the synthesizer reference
frequency (both sides) and its harmonics. .

8. In full-duplex radios (transmitter and receiver on all the ti.mc‘] the transmittecd
signal can assume the role of an LO; theretore, the receiver may rf::aponr’i Lo
frequencies separated by the IF frequency from the t'f"‘msmnr.llr:d frequency.
Frequencies used in full-duplex systems must be carefully HSSlgII'IEd ti ||!1ﬂu'
sure the transmitted signal does not fall on any of the normal receiver spurious
responses. Otherwise, serious receiver desensitization will occur. The dliliﬂi';lﬂl
in Figure 1.9 shows two additional spurs in full-duplex radios, duplex imagy
and half duplex:

Duplex image = fry— Af
A
Half-<duplex = fix + _Eir

Af = frequency difference between receive and transmit frequencies
o f.;:.t u J'rI.".'
Jry = receive frequency

frx = transmit frequency

The measurement of receiver spurious responses Cin he adversely affected

by signal generator wideband noise [6]; in case only one generator is used for the

o]

T}(\ IF‘.):

Duplex image 1/2 duplex

AF Afsr2 Afs2

Figure 1.9 Two most common spurious responses in a full-duplex transceiver.
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measurement, the receiver will appear to be better than it actually is, while using
two generators (one onchannel and the other one interfering) will make the
receiver performance appear worse, if signal generator noise is present. When the
spurious response of high-performance receivers is being measured, a notch filter
mmned to the receiver frequency should he used on the output of the interfering
generator to keep the generator’s wideband noise from desensitizing the receiver
even in the absence of a spurious response signal.

1.1.5 Self-Quieting

Self-quicting is the inability of a receiver 1o receive a weak external signal, because
the detector has already been captured by some internally generated signal. In FM
receivers, this phenomenon is manifested as reduced amplitude of squelch noise
on a particular channel; the receiver noise is “quieter” there, hence the name.

The most common cause of internally generated interference in dual conver-
sion receivers is harmonics of the second LO. Consider the example shown in
Figure 1.10.

Assume the following relatonships:

Second IF = 455 kHz
First IF = 21.4 MHz
Second LO = 20,945 MHz {low-side injection)

First LO = 146.16 MHz (low-side injection}

Such a receiver is set to receive an incoming frequency of 146,16 + 21.4 =
167.56 MHz, but because this frequency is also the eighth harmonic of the second
LO (20,945 x 8 = 167.56), the likelihood of internal interference is very high, and
the receiver may not be able 1o pick up a weak external signal at 167.56 MHz.

An example will serve to illustrate the potential impact of such problems.

Assume that the receiver sensitivity is =120 dBm and that the best isolation between
the second 1O and antenna input that can he obtained on our circuit board is 60

Figure 1.10 Simplified dual-conversion receiver block diagram.
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dB. Then, with second-L.O power at +10} dBm, we are looking for the eighth har
monic coming out of the second-LO circuit to be about 76 dB down {10 + 120 -
60 + cochannel rejection ratio) in order not to cause interference. Such an amouni
of attenuation may not be realizable by a filter implemented on a circuit board.

This example also has the potential for another self-quieting response. The
seventh harmonic of the second LO is 146.615 MHz, which is exactly 455 kHz above
the first LO. In aother words, the seventh harmonic of the second LO beating with
the first LO fundamental will produce interference at 455 kHz, which is the second
IF.

The frequency relationships for generating selfquieting frequencies can often
be mind-boggling, especially if we add some microprocessor clocks to the picture
Assume we have a microprocessor running at 1.365 MHz near the same receiver.
Then there is a theoretical possibility of generating 21.4 MHz, which is the first [F,
by beating wgether the second harmonic of the first LO, the thirteenth harmonic
of the second LO), and the microprocessor clock!

The examples just considered show three of the four possible interference
mechanisms: Interference is generated at the on-channel frequency, first IF fre-
quency, second [F frequency, or a receiver spurious response frequency such as
the first image.

A good start in the hunt for the selfquieting mechanism is to change the
second injection from low side 1o high side, If the selfquieting disappears, then the
second LOVisimplicated in the problem. Broadband receivers, which are particularly
susceptible w self-quieting, deliberately include the capability to use either low- o
high-side injection in the second mixer specifically to avoid self-quieting due 1o
harmonics of the second-LO signal. Another troubleshooting aid is to shift the firsi
or second-LO frequencies in fine increments w observe the effect of the shift. 11
the IF filter bandwidth is 12 kHz (i.e., 26 kHz) wide, and you have o shift the firs
LO by only £3 kHz for the self-quieting to disappear, then a safe assumption may
be that the second harmonic of the first LO is part of the picture.

A computer spreadsheet listing the possible frequencies, their harmonics, and
likely mixing products can be invaluable in tracking down self-quieting frequencies,

Microprocessor clocks running at integer subharmonics of either the first o
the second IF frequencies should definitely be avoided. Shielding, proper circui
layout, adequate isolation between first and second LOs, and high first IF frequena
all help in minimizing sell-quieting responses.

1.1.6 Receiver Intercept Point

Intercept point is a measure of circuit or system linearity that allows us to calculate

distortion or IM product levels from the incoming signal amplitudes. Inputintercep
point has been used throughout this book, which does not imply that the outpui
intercept point is not equally valid; the ourput intercept point equals the input

System Design and Specifivations | 31

intercept point plus device gain. The input intercept point represents a fictitious
input amplitude at which the desired signal components and the undesired compo-
nents are equal in amplitude, as illustrated in Figure 1.11. The order of the intercept
point refers to how fast the amplitudes of the distortion products increase with an
increase in input level. For example, for third-order intercept point (IP3) the IM
products will increase in amplitude by 3 dB when the input signal is raised by 1
dB.

When a system is analyzed for its overall equivalent intercept point resulting
from the combination of its constituent device intercept points, the most frequent
assumption is that the distortion products of the various stages are uncorrelated
and add on a power basis. If it can be shawn that the distortion products in a given
connection of devices are correlated (as might happen when a signal is split,
processed, and recombined), the phases of the IM signals have 1o be noted and
the signals combined on a voltage basis.

L1.6.1 Second-Ovrder Intercept Point

Second-order intercept point (IP2) is used to predict mixer performance with
respect 1o a particularly troublesome spurious response, called the hali-IF (1/2 1F)

= &
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Output nth order intercept ]
point [dBm) =
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|
I Input level [dBm]
Input qth arder
intercept
point [dB]

Figure 1.11 Intercept point definition.
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spurious response. This receiver spurious response is separated from the desired
channel by one-half the IF frequency. The mechanism for 1/2 IF generation is 2/,
+ 2f, 5 where both harmonics are internally generated, not fed in from the outside.

1,/2 IF rejection = éuv:f -5~ CR) (1.15)

IP? = equivalent input second-order intercept point at receiver input (dBm)
q P PL P
S = receiver sensitiviy (dBm)

CR = capture ratio, or cochannel rejection (dB)

For example, say a certain mixer has IP2 = +50 dBm, is used as the first stage
of an FM receiver whose sensitivity is =115 dBm, and has cochannel rejection of 5
dB. The 1/2 IF spurious rejection of this receiver would be 1/2(50 + 115) = o
500 dB. Let us assume that this receiver receives 150 MHz and the IF frequency is
21.4 MHz. The 1,/2 IF spurious response for the receiver would occur at 160.7 MH
with high=side injection and at 139.3 MHz with lowside injection (150 £ 21.4/2),
RF selectivity can be added in front of the mixer to provide, decibel for decibel.
more spurious rejection.

An important but frequently overlooked effect is the degradation of spurious
rejection when an RF amplifier is placed ahead of the mixer. The origin of this
degradation can be intitively appreciated by considering the preceding example
with a 10<B gain amplifier ahead of the mixer. Such an amplifier would boost all
incoming levels by 10 dB, so now the same receiver would respond to a 10-dB lowe:
spurions amplitude; at the same time, however, the sensiavity would not improve by
10 B3, due 1o the noise figure of the amplifier. Therefore, the amplitnde difference
hetween the spurious response and the sensitivity level would be less than withoui
the amplifier.

Mathematically expressed, the RF amplifier reduces the 1P2 by the amouni
of its Zain, to +40 dBm, while the sensitivity does not improve by the amount of
gain and may only improve to —118 dBm. Using the same formula,

1/2 IF rejection with amplifier = (IP2 -5 - CR}/2 = (40 + 118 - 5 /2 = 76.5 dB

The amount in dB by which the RF amplifier degrades spurious rejection can

be related to a quantity called the takeover gain. The spurious reduction will be

equal ro (takeover gain in dB}/n, where > 1 is the order of the spurious response
(n=2for 1/2 IF}.

-IFZI Gl -1

7 {linear)

Takeover gain =1 +
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F = noise facior of RF amplifier {linear)
(n = gain of RF amplifier (linear)
F; = noise factor of mixer including following stages {linear)

Once the P25 of all the appropriate circuits are available, the overall svstem input
intercept point can be caleulated: Transter all device 1P2s 1o the system input,
subtracting on-channel gains, adding on-channel losses dB for dB, and adding wwice
the 1/2 IF frequency selectivity {in dB) of the preceding stages for each device.
The reason for adding twice the 1/2 1F attenuation is the 2:1 slope of second-
harmonicgeneration curve; if the signal causing the distortion is attenuated, while
the on-channel signal is not, the equivalent intercept point improves by twice the
amount of 1,/2 IF atenuaton in dB,

Under normal circumstances, this analysis only needs to include the mixer
intercept point, because it is the stage that generates the 1/2 [F spurious response,
This assumption would be violated if there were no selectivity at the second harmonic
of the RF signal between RF amplifier and mixer. The example in Figure 1,12
illustrates calculation of systemn 1P2, assuming that the mixer is the only nonlinear
stage contributing 1o second-harmonic generation. Note that filter 1/2 IF selectivity
refers to attenuation at 1/2 IF relative w the passband; it is not the absolute loss
at the 1/2 IF frequency,

The resulting equivalent svstem input IP2 of +83 dBm would result in abowt
100 dB of 1/2 IF rejection,

1.1.6.2 Third-Ovder Tntercept Poind

Third-order intercept point (IP3} is another important measure of system linearity.
It is the theoretical point at which the desired signal and third-order distortion
products are equal in amplitude. 1P3 determines the amount of IM distortion
produced in the receiver itself when subjected 1o high-level interference.

Filter Amplifier Filter Mixer
On-channel gain: -2 dB 12 dB -3 dB -
Selectivity at 1/2 IF: 10 dB 0dB 15 dB —
Input Znd order intercept point: e — - IPZ=40dBm

IPZ=40-(-2+12-3)+2{(10+ 15) = 83 dBm —.—

Figure 1.12 Example of svstem 1P2 calonlation,
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Use the following procedure o calculate equivalent system input intercept
point,

1. Draw block diagram of system with associated gains and 1P3s,

o

. Transfer all intercept points to system input, subtracting gains and adding
losses decibel for decibel.

3. Convert input intercept points 1o powers {dBm to milliwaus).

4. Assuming all intercept points are independent and uncorrelated, add powers

“in parallel’:

1 . N
FPiprr = i . ] A ; ] [mW] (1.16)
P/ S N | ¥
A, Convert fPypr to dBm (milliwatts to dBm).
IP3 =101 ] {1.17)
S = S ] ] 17

IPSya 0 = equivalent system input intercept point (dBm)
[P = IP3 of first stage transferred o input (mW)

B = IP3 of last stage transterred o input (mW)

The procedure is best illustrated by the example in Figure 1.13.

1
1 1 1 1 |

= JEaE e 1805 U100

TIP3 = 10 log = 1} log(8.02) = 4.04 dBm

The equivalent system intercept point is 9.04 dBm; the amplifier is the domi-
nant contributor because it has the lowest input equivalent intercept point.

This analysis assumes that there is no RF selectivity for the frequencies causing
IM distortion. This situation is, then, slightly different from that in Subsection

1.1.6.1, which deals with IP2s, where in most systems there is usually some RF

selectivity for the signals causing second-order distoruon. In case there is RF attenua-
tion of the IM signals and no attenuation of the on-channel signal, the IP3 improves
by three times the RF anenuation in dB, assuming both IM signals are atenuated
by the same amount.
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Filter Amplifier Filter Mixer Amplifier
— ' Mz FO—{—

G=-2dB G=12dB G=-3dB G=-7 dB G=22dB

IP3 = e IF3=10dBm IP3 = = IP3=20dBm IP3=20dBm

b -

1
IFE- 12 dBm = 15.48 mW

|P3— 0 il

P =13 dBm = 19.25 mW —

P =20dBm =100 miN

Figure 1.13 Example of sygem IP3 caloulation,

The 1-dB compression point (the level at which the gain drops by 1 dB due
to device saturation) is about 11 dB below the 1P3 for amplifiers and 15 dB below
the IP3 for mixers. The output power of an amplifier at the 1-dB compression point
will therefore be about 11 dB below the oufput 1P3.

Intermodulation distortion is a property of all systems that exhibit a nonlinear
transfer function, such as amplitude compression at sufficiently high levels. Third-
order IM distortion is most often produced when two signals, separated by Afand
2Affrom the desired carrier beat together and produce on-channel interference.
Higher-order IM is also possible,

Intermodulation rejection, which is the difference in decibels between sensitiv-
ity and input signal level sufficient to produce interference, can be calculated from
the intercept point and receiver sensitivity by use of (1,185,

i
IM=3(2IP38-25 - CR) (1.18)

IM = intermodulation rejection {(dB)
IP3 = equivalent input third order intercept point (dBm)
5 = receiver sensitivity {dBm}
CR = capture ratio, or cochannel rejection {dB)
In a system with more than two carriers, the number of IM products generated
by the 2f - f relationship will be equal to n {n — 1), where n is the number of

carriers. These IM products will fall near the band of interest; addidonal # {n— 1)
products of type 20 + f will be generated near the third harmonic.
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The number of triple beats generated by the f + f— f mechanism resulting
from n carriers is win — (- 21,/2, Section 1.3 contains additional information
on IM resulting from more than three carriers, using a cable communication
example.

1.1.6.3 n"-Ohder fntervept Poind

The intercept point concept allows us o predict the distortion products at any
mput level, provided the distortion products are known for one particular input
level,

IPn = A+ (1.19)

n—1
IPn = #" order input intercept point (dBm)
A = input signal level {(dBm)
A = difference between desired signal and undesired distortion (dB)
n = arder of distortion

Fowr vx;unplf:, sav a certain (4,2) high-order spurious response is 80 dB down
when the input level is =20 dBm. (See Subsection 1.1.4 to interpret notation.
Therefore, the fourth-order intercept point is =20 + 80/3 = 6.67 dBm. The (4,2)
distortion product for an input level of =30 dBm will then be A = {IP4 — A) (4 -
1} = (6.67 + 5(0) 5 = 110 dB down.

Yo may have noticed that the order of the distortion product is determined
only by the RF multiplier {i.e., 4) and not by the LO multiplier. The reason is that
we are concerned only with variations of the RF signal; the mixer LO power is
constant in most designs, In general, the distortion products will be strongly corre-
lated to the LO power, Variation of intercept point with LO power can be predicted
if we know the mixer diode or transistor properties, but for fixed LO power, this
analysis is applicable,

1.2 TRANSMITTER DESIGN

The function of a transmitter is to amplify an RF carrier modulated with the desired
signal, adding a minimum of distortion to the encoded informartion. Specifications
thiat quantify transmitter performance are described next

Power puipuet is a fundamental communication system parameter whose defini-
tion depends on the modulation method used. PM and FM systems use root mean
square (rms) power, while AM systems use peak envelope power. Continuous or
intermittent duty rating will affect the type of thermal management required to
control internal temperatures.

Spstem (hesigme aned Specificalions | 37

Transmitter turn-om time is important for digital communication systems and
must be short in order not to limit system throughput, but not so short as to cause
transient energy on adjacent channels. The amount of energy generated by rapid
transmitter turn-on and wrn-off of the transmitter power can be estimated by
applying Fourier Transform theory to such signals. Transmiter power ramp up
longer than 6 ms is usually sufficient to minimize emissions at undesired frequencies.
Transmitter turn-on time is usually defined as the tme for power output to reach
0% of its rated ourput, but if there is significant amount of load pull, wrn-on
ume refers to the time required for the frequency o settle o some fraction of the
channel spacing used.

Load fedl refers wo the tendency of the ransmitter’s frequency o shift as a
result of changing impedances either at the antenna or internal to the ransmitier
as the power level builds up.

Spurious outputs are most frequently harmonically related to the main carrier,
but other spurious emissions are also common in transmitters whose signal is
generated by frequency synthesizers or by a mixing process. Spurious nutpius are
usually 70 o 90 dB below main carrier; some regulatory requirements specify an
absolute maximum power allowed at any frequency other than the carrier.

SN, Hum & Noise describe the signal-to-noise rario of the transmitted signal,
The 5/Nis usually limited by wideband noise far in excess of thermal produced in
the transmitter circuits. Power supply hum, noise pickup, and nonlinearities in the
modulation circuitry can often limit the ultimate 578

Adjacent channel pover can result from high 55B phase noise of the transmitrer’s
oscillator, It can be produced by the modulation method itself or result from rapid
transmitter trn-on and mrn-off, In narrowband systems, the amount of adjacent
channel power integrated over the corresponding receiver’s IF bandwidth is usually
required to be more than 50 dB below carrier power. In wideband systems, 20 dB
can be achieved.

Frequency stability is especially important in narrowband svstems and is a closely
regulated and monitored transmitter parameter.

Intermodulation distortion is produced when strong external signals are picked
by the transmiter’s antenna and the mixing products are then retransminted,
causing interference in other systems. One or more circulators can be placed
between the last active stage and the antenna to reduce transmitter 1M distortion,
Environmental conditions and reliability issues are just as important as in receiver
design. The transmitter’s de power supply must supply the required power over
voltage and environmental variations.

1.2.1 Transmitter Architecture

A rypical transmitter block diagram is shown in Figure 1,14, Frequency of operation,
modulation method, and other details of the actual application dictate most of the
architecture decisions, but some generalizations are possible.
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Figure LI4 Typical transminer architeciure

Amplitnde (AM} and angle (FM and PM} modulation methaods require differ
ent transmitter architecures. In an FM oransmiwer, the oscillator is modulated; in
AM applications, modulating the oscillator requires linear amplifier stages through-
out the chain. Another more efficient AM method involves modulating the DO
supply of the final device (which can be a class-C amplifier stage) 1o produce
amplitude modulation. The modulator must be an awdio power amplifier, in orde
o supply the amperes of current required by the high-power RF stage.

Transmitters can have fixed or variable power output level. A transmitter
whose power output can he varied over a wide range is inherenty more difficuli
to design than a fixed-power circuit. Continuous-duty versus intermittent-dury cyele,
aperating bandwidth, temperamre, and power supply variations are some of the
other ransmitter design considerations.

The purpose of the low-pass filter at the output in Figure 114 is to attenuate
harmonics of the transmitted signal. This sounds simple but tarns out 1w be more
involved in actual application. The theoretcal harmonic atenuation of the low
pass filter is almost never realized. Most low-pass filters are reflective; they achieve
attenuation by impedance mismatch and reflection. This means that the undesired
harmonics are reflected back into the device and remixed, This effectively increases
the level of harmonic output from the active device, so the low-pass filter appears
1o lose H&:Ittti\r‘il}". Therefore, the low-pass filter should be overdesigned wo provide
about 20 dB more rejection than would appear to be required.

The amount of amplification required from the buffer stages is primarily a
function of their available input power and required output power. In wransmitters
where load pull needs to be minimized, more buffer amplifier stages with attenuators
between them need to be used than required by straightforward gain requirements
in order to increase the isolation between the oscillator and its changing load.
Using additional buifer amplifiers and amenuators will cause the wideband noise
1o increase,

The relative position of the directional coupler, or power sensor, and the low-
pass filter may be important in transmitters required to operate over a wide range
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of output powers, The coupling factor in the directional coupler must be sufficiently
high 1o refiably sample the amplifier output at the lowest power setting, without
being so tight as 10 allow harmonics generated by the detector diodes to couple
back into the output at the highest power setting, The directional coupler may need
I be followed by a low-pass llter to attenuate these harmonics, The disadvaniage of
such an arrangement is that the power-leveling loop cannot compensate for the
low-pass filter frequency response and loss. The power sampling directional coupler
should nat be placed right at the output of & high-power stage, lis output is usually
tich in harmonics, which may be preferentially coupled 1o the detector, depending
on the directional coupler implementation, resulting in inacourate power indication
at the fundamental frequency.

The diagnostic signals in a high-power power amplificr {PA) usually include
the final device current, temperature, and controlled stage voltage drive level, as
well as the forward and reverse power levels, Many feedback loops are present in
i high-pﬂwer PA to control and sense all these parameters; care must be taken not
o introduce low-frequency instability into the control loops, The power-control
loop is frequently used w deliberately slow down the transmitter mrn-on and tamne-
oft times to minimize generation of spectral components on adjacent channels.
This is particularlv important in data communications, where the transmitter may
be turned on and off in rapid succession as data bursts are being transmitied and
received, Sections 1.2 and 1.4 and {1.22) show that this process generates a broad
spectrum of energy, whose bandwidth can be minimized by deliberately slowing
down the power ramp up and ramp down. As a rule of thumb, rise and fall tmes
longer than 6 ms will produce energy components more than 70 dB down 25 kHz
away from the main carrier.

Similar o the receiver case, the antenna must operate at de ground o avoid
damage from static charges, In simplex wansceivers, there is usually a vansmit/
receive (T/R} switching network to connect the antenea o the transmiter or
receiver, as desired, Section 218 illustates some common T/ R switching topologies.

The main challenge in the modulation circuitry is 1o provide constant modula-
tion {either FM deviation or percentage AM, as the case may be} over a broad RF
frequency range, as well as over wide baseband frequency range. Digital signals,
which may contain significant low frequency as well as de components, present a
particular challenge in FM modulaton of synthesized signal sources. Since the
phase-locked loop will correct any slowly changing frequency shift imposed on the
VO, the reference frequency must be modulared as well. The converse is true for
the reference source: its frequency can he changed ar a slow rate, but fast frequency
changes will not propagate through the loop filter and thus will never modulate
the VOO output. Therefore, the low-frequency components are fed to the reference,
and high modulating frequencies are fed to the VOO, in exact balance with respect
to amplitude and phase, 1o produce constant frequency deviation for all modulating
frequencies.
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1.2.2 Load Pull

Load pull refers to the tendency of the transmitter frequency o change as the
power output builds up, There are four reasons for this frequency shift,

As the power output ramps up, the device impedances change; when the
eftect of these impedance changes propagates backward o the oscillator, its Toad
impedance changes, causing its frequency to shift. The cure for this problem is 1
provide enough buftering to isolate the oscillator from any load impedance vari
tions. Keep in mind that a buffer stage that operates in amplitude compression has
reduced reverse isolation. A chain of class-A buffers with attenuators in between is
one method of improving isolation over a broad frequency range, Another tech
nique for dealing with load pull suitable for synthesized ransmitters involves widen
ing the phaselocked loop (PLL) bandwidth for a short period of time as the
transmitter is keyed. The wider loop bandwidth allows faster frequency correction
to be applied, compensating for any frequency shift imposed by a changing load.

Sudden requirement for a large de current may momentarily put a dip on
the system power supply voliage, affecting every system that does not have its own
de supply regulator. VCOs in particular need a wellfiltered and regulated powe
supply.

If the oscillator is not shielded from the transmitter, or if RF energy is allowed
to flow back 1o the oscillator through the power supply leads, grounds, or control
lines, the phase r{:latinnships in a phase-locked loop will he momentarily upser,
because the phase of the high-power signal may not be the same as that alread,
present. An extreme case of rectification of the high-level signal may result in i
hias and operating-point changes in the oscillator.

Changing magnetic field from increasing bias current flowing into the PA
will induce voltages in coils and long circuit board traces. The rise time of this field
is relatively long, and conventional shielding may not be effective in protecting
sensitive circuitry. The thickness of a metal shield should be several skin depths to
shield effectively. For example, the skin depth in copper for a rise time of 0,25 ms
is over 2 mm. Ferromagnetic (steel) shields are more effective than copper agains
changing magnetic fields.

1.3 CABLE DISTRIBUTION AND COMMUNICATION

The most familiar cable communication system is cable television, but other commu-
nication systems in wnnels, mines, and buildings use leaky cable as the transmission
medium. High-speed computer networks and some telephone trunk systems also
use coaxial cable. Many of these systems are gradually converting to fiber optics
whenever extremely wide operating bandwidths are required. Virtually all cable
communication systems use unbalanced coaxial cable to take advantage of its
shiclding properties, Some cable svstem specifications follow.
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Cable attenuation is the first specification, especially as it changes with operating
frequency. Cable systems frequently use 75() as the characteristic impedance,
because cables in this impedance range have the lowest attenuation. Cable attenua-
tion at 300 MHz ranges from 8 dB/ 1040} fi for thin cable o less than 1 JdB/100 ft in
,'lpeciall}' made large-diameter cable. Cable attenuation increases with temperature
approximatelv 0.2% per degree Celsius,

f Cable voltage standing wave ratio { VSWR} causes mismatch loss and thus increases
the effective attenuation. Signal reflections will cause ghosting in a CATV svstem.

Cable leakage may be desirable (e.g., in wnnel communication) or undesirable
(e.g., in CATV),

Velocity of propagation is a concern mainly in computer communication net-
works; cables with very little dielectric material inside are used o keep the propaga-
tion velocity as high as possible. Cables made for this purpose usually have a narrow
teflon strip helically wound around the center conductor so that most of the
dielectric is air. The characteristic impedance ol such cables tends 1o be high, near
10011,

S5/N ratiois driven by two conflicting requiremenis: the signal amplitude should
be kept as high as possible to reduce the number of cable repeaters, while low
signal amplitudes are advantageous because less IM distortion is generated.

Cross-modulation involves the transfer of modulation from one carrier o
another in a multcarrier svstem,.

1.3.1 Cable Repeaters

The two main concerns in cable distribution are sufficient 5/Nratio atall distribution

points and predictable IM products resulting from cable repeaters. A cable distribu-

ion network can be conveniently analyzed if the repeater amplifiers’ gains are

assumed to be exactly equal to the interconnecting cable losses; see Figure 1.15.
The overall noise figure of this chain can be calculated from (1.20),

® ® ®

Amplifier Cable Amplifier Cable Amplifier Cable

Gain [dBE] G -G G -G G -G
Noise figure [dB] F G F G F G

Figure 1.15 Cable repeater chain of identical sections.
1
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When the amplifier gain and number of repeater links are large, the following
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(1.20]

F',I = 10 |(Ig[[ + H(_F— fl):|

approximation, found in the literamre [7], can be used:

Fp= 10 og(F) + 10 logix)

Fy = system equivalent input noise fipure (dB)

F = noise factor of each amplifier {all assumed equal) (linear)
n = number of repeater amplifiers in system

v = amplifier gain, reciprocal of cable loss (lincar)

The svstem noise figure increases by approximately 3 dB each time the numbi
of amplifiers doubles. There is usually an upper limit on the number of amplifiers
in the system to maintain the output §/N ratio above a certain threshold, depending
on the bandwidih of the cable channels.

The equivalent input IP3 can also be calculated for the amplifier/cable cas
cade. The total equivalent input intercept is equal to the output intercept, because
the overall gain of the system is 0 dB. In this analysis, we assume that there is no
IM in the passive cable sections. The equivalent intercept point also degrades by
3 dB every time the number of amplifiers doubles,

IP3; = I3 - 10 log(n) (1.21)
IP3; = total equivalent input or output intercept point {dBm)
I3 = input intercept point of each amplifier (all assumed equal) (dBm)
n = number of repeater amplifiers in svstem

Subsections 1.1.6.2 and 1.3.2 on intercept points and triple beats show tha
intermodulation products generated by third-order nonlinearities are hasically of
twa types: two-signal IM and three-signal IM. Based on the mathematics for the two
IM products, we can make the following observations regarding a svstem where
carriers of equal amplitude are equally spaced in frequency and every channel is
occupied. Interference produced by two-signal IM products is consiant across the
band, while interference produced by three-signal IM {triple beats) products is no
constant, but peaks in the middle of the band, There is far more interference from
three-signal IM products than from two-signal IM products, and each three-signal
IM product is 6 dB higher than a mwosignal produce.

Figure 1.16 is a graphic representation of the number of two-signal and three-
signal IM interference products resulting from ten cqually spaced carriers. Therc
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are 26 instances of riple beats and only four instances of two-signal IM in the
middle of the carrier band. Therefore, carriers in the middle of the band will suffer
from lower §/N ratio than carriers near the edge, assuming that IM products rather
than noise are the limiting 5/N factor.

An interesting related challenge is the requirement of filling a particular band
with carriers without causing any IM products to fall on any of the carrier frequen-
cies. The basic rule of thumb to follow is that the spacing between any two carrier
frequencies must not be the same. The plotin Figure 1.17 illustrates such a frequency
allocation for eight carriers [8].

The cight carrier frequencies in Figure 1,17 are 100, 101, 104, 110, 121, 129,
134, and 136 MHz, No third-order IM products fall on any of the channels using
such carrier placement. All such schemes will be more densely populated by carriers
at the band edges, with the band center relatively free of carriers. Needless 1o say,
such frequency allocations are notvery efficient in terms of spectrum utilization, but
many cable distribution systems can still benefit from thoughtiul carrier placement.

Table 1.5 shows how to place up to nine carrier frequencies in order to avoid
third-order IM products on any of the channels. The right column specifies the
frequency increments in terms of channel spacings, o be added to the lowest
frequency in generating the other carrier frequencies.

If we allow a maximum of one triple-beat occurrence per channel, the eight-
carrier allocation can be changed to 0, 1, 9, 15, 21, 25, 26, and 28, resulting in
better spectrum utilization,
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Tahle 1.5
Frequency Allocation Withowr Third-Order IM Imerference

Nusmlier of Carven Af Fram Lowesr, in Terma af Channel Specing

I ik

2 i, 1

5 0,15

) 1,357

h 0,149 11

6 0, 1.4, 10, 15, 17

T 0,1, 4, 10, 18, 25, 25

2 0,1, 4, 10, 21, 249, 34, 36

9 0, 1, 4, 10, 2}, 35, 43, 48, 50

MNonlinearities are not constrained to anly third order. Even with clever fre-

quency allocation, fifth- and higher-order nonlinearities will start limiting the S/%

ratio in many-carrier systems,

1.3.2 Triple Beats

Triple-beat distortion is used o evaluate third-order mixing products resulting from
relationship of the wype f + fi = fi. Interference caused by triple beats is 6 dB higher
than two-tone IM if all carriers have the same amplitude. Figure 1.18 shows all the
possible third-order interactions among three carriers, fie foand fi, that fall near the
band of interest. Additional wiple beats will be produced near the third harmonic.

The number of triple beats resulting from a relationship of the ype f + k-
Js among n carriers is
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i
Triple beats = b l:ilin e

In multicarrier systems, triple beats are far more numerous than two-signal
IM. Not only is the probability of threesignal IM distortion higher, but the IM
product itselfis of G-dB higher amplitude than two-signal IM. Cable TV distribution
systems and busy on-air environments are two examples where three-signal 1M
(triple beats) must be carefully taken into account in system design.

The composite triple-beat measurement starts with an analysis of the system 1o
determine which channel has the highest potential number of triple-beat products
within its bandwidth. In a system where the carriers are uniformly spaced and where
every channel is occupied, the largest buildup of wriple beats occurs in the middle
of the signal band, as shown in Figure 1,16, In a system not populated by carriers
at uniform lrequency spacings, such as a commercial cable TV system, a proper
gystem analysis must be undertaken w determine the frequency of maximum riple-
beat buildup. Reference [9] contains a table of wiple beats expected in a conven-
tional cable TV system populated by seven different frequency allocations.

Once we know which channel occupies the worst location, we note the power
level at that frequency when the channel is on and the power level when it is off.
The composite triple-beat measurement in decibels below carrier is the difference
between the two levels, as shown in Figure 1.1% A bandpass filter just for that channel
may be required in the measurement in order not 1o overload the measurement
instrument, usually a spectrum analyzer.

As triple beats accumulate in the middle channels, cable TV companies some-
times boost the signal levels there to preserve S/N ratio.
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Figure 1.19 Composite triple-heat (=8) measurement.

1.3.3 Bidirectional Cable Communication

Bidirectional cable communication can be used for routing separate signals in
both directions on the same cable or to provide communication capability among
portable, hand-held equipment in tunnels, mines, and buildings. These two modes
are fundamentally different: in the first case, the forward and reverse signals can
use separate frequency bands, while in the second case, the forward and reverse
signals occupy the same frequency band. Two separate cables carrying communica-
tion traffic in opposite directions is the most straightforward, but not necessarily
the cheapest, means of achieving bidirectional communication.

Bidirectional CATV communication (such as pay TV and monitoring systems)
is an example of the first case, where separate frequency bands can he used to
achieve bidirectional cable communication, as shown in Figure 1.20. All cable
repeaters must be bidirectional amplifiers. The forward and reverse gains are usually
different, because cable losses are higher at the higher frequencies.

. The challenge of carrying signals that occupy the same frequencies in hoth
directions can be approached in at least three ways. Commutation can be used 1o

50 - 500 MHz

amplifier Forward

Forward Diplexer
: 50 - 500 MHz
+

SG_SDGHHZ ....................... :

- L

R
.............................................. Reverse
5-30 MHz 5-30 MHz 5-30 MHz
amplifier

Figure 1.20 Bidircctional svstem using two separate frequency bands.,
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switch all cable repeaters from the forward to the reverse direction. Voice commumi-
cation in the band between 300 Hz and 3 kHz requires that the switching rate be
either below 300 Hz or above 3 kHz in order not to create in-band audible buzz.
Cable propagation delays must be carefully analyzed, and for long cable runs the
repeater switching should be staggered (not all switching at the same ume}.

Another way is to separate the forward and reverse communications in fre-
quency by employing converter units at both ends of the cable, shown schematically
in Figure 1.21. This s a system using leaky cable to provide communication capability
among UHF portable radios. Communication in the forward direction (to the right)
is achieved normally through UHF cable repeaters. Communication in the reverse
direction is still to the right until the end of the cable where UHF traffic is downcony-
erted 1o VHF and fed back to the base (to the left), where it is upconverted to
UHF and sent down the cable again. The upconversion process must provide
sufficiently high loss to avoid oscillation and echoes,

1.4 DATA COMMUNICATION

The perennial tradeoff in digital communication is BER versus transmission band-
width. This is actually the same tradeoff as between analog §/N and channel band-
width, just using different terminology. Low BER communications require broader
transmission bandwidths for a given power level. If transmission bandwidth is not
a concern, then frequency shift keving (FSK) and differential phase-shift keying
(DPSK) are the modulation methods of choice, Both modulation and demodulation
methods are easy, and low BER for a given S/N ratio is obtained (lower BER for
DPSK). If transmission bandwidth is to be as narrow as possible, then multiple-level
modulation methods involving both amplitude and phase must be used.

Quadrature phase-shift keying (QPSK} represents a good compromise
between BER and transmission bandwidth, because it achieves virtually the same
BER as coherent phase-shift keying (PSK) but uses only half the bandwidth. Many
different variations of QPSK [10] {such as differential quadrature phase-shift keying
[DQPSK], which has about 2.3 dB /N penalty over coherent QPSK for the same
BER) have been developed and used in digital communication products, such as
maodems.

There are two additional concerns with spectrally efficient multilevel modula-
tion methods: (1) the occupied bandwidth required to transmit the signal with @
minimum of errors and (2) interference caused on the adjacent channels by low-
level spectral components from the main transmission channel. Digital and RF
engineers may have some disagreements on this topic: modulation energy 50 dB
down on the adjacent channel seems excellent 1o digital engineers, vet analog RF
engineers know that so much power on the adjacent channel will cause significant
system performance problems. Analog voice systems fypically suppress adjacent
channel feedthrough by more than 70 dB. If you are designing a digital communica-
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annel requirements. Your digital transmitter
use of adjacent channels out to a wide radius around the

Iransmitting site. _ )
BERs for selected digital modulation methods [11] are determined from the

following formulas.

On/off keying:

P =05 L“:'l'i_']:ﬂ.."‘}'\‘llm}
Noncoherent amplitude shift keying (ASK}):

5
P = 0.5 + 0.25 crft( N

The probability of error is different for a mark than for a space. Th:a.a.hn-.-r
formula assumes that the message contains equal numbers of marks ;ulad spaces,
that the decision threshold amplitude between a mark and a space 1s halfway
between the two, and that we are operating at a high /N rauo. Consult [11] for
the optimum threshold level for low 5/N ratios.

Coherent PSK, approximate for QPSk:

> = 0.5 rrl’f[u'{.‘i;".\'l]

DPsk:
R - 1}.-'.._"?'-" i
DOPSK:
P =05 erfc [ﬂ.?ﬁ\l’ [ -Tf.\’]]
FsK:

F... = U“,‘}F—‘i [ uh ]

Coherent ASK:
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F.=05 erfc[ 5 {4!\-’}]

Coherent FSK:

P =05 erff[m]

where
£, = bit error probability
8§ = signal power (W) or energy per bit (])
N = noise power (W) or noise density (W/Hz)

erfc = complementary error function (see Section 4.3)

The spectrum of a pulse train is

-

Amplitude spectrum = z‘.:.’ A ?‘I[M]

nw TS (1.22)

uz|

n = harmonic of f 7 # 0
A = pulse amplitude, bipolar (V)
T = pulse duration (s)

[ = pulse repetition rate (Hz)

When an RF carrier is keyed on and off by such pulse train, the spectrum in
(1.22) is rranslated in frequency up to the RF carrier frequency. This tpe of
modulation is not spectrally efficient because the sin( x)/x I'unct.iﬁn falls (:;ff Ver
slowly (6 dB/octave) with frequency. When measuring the BER of RF links or their
susceptibility to interference, it is sometimes advantageous to use a pseudo-random
digital sequence asa test signal. The simple circuit shown in F igure 1.22 can generate
such a pseudo-noise sequence of length 32,767 bits before repeating:

Other combinations of shift register length and feedback locations are possible
[11,14] to generate even longer sequences.

Spread-spectrum techniques are basically of two types: direct sequence (DS)
and frequency hopping (FH). Transmitted signals all occupy the same bandwidih,
which is typically much wider than the message itself rcquit:n-s.

In DS spread spectrum, all messages are modified by different pseudo-random
spreading codes such that all undesired messages look like noise. The desired

message can be extracted using the original spreading code. Several rules of thumb
should be observed in spread-spectrum communications.
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E'|r1 QM Q 15

#— Pseudorandom
sequence OUT

Exclusive
OR gate

1.22 Pseudo—random sequence generator,
-]

1. The spreading code rate must be much higher than the binary message rate.
. A particular pseudo-random spreading code sequence must have high auto-
correlation properties with itsell and low crosscorrelation properties with
| ather possible codes, so that other encoded messages look like noise,

B 3. The spreading code must be statisticallv independent of the message. The
encoded message spectorum must be noiselike as well,

|

i

1 . o 5 .

{ Spreading codes can be generated by circuits similar 1o Figure 1.22 and are
sometimes called Gold codes [12]. The reception of DS spread-spectrum signals
relies on correlating the received signal with the desired message’s known code

[13].

i The wrend in spread-spectrum communications is toward dedicated 1Cs tha

:perfurm the required spreading-code generation, message encoding, clock recovery,
synchronization, and signal processing. Nevertheless, spread-spectrum systems have
properties of which RF engineers need 1o be aware, For example, spread-spectrum
systems are notoriously ineflicient in spectrum wtilization, not only because the
transmitted bandwidth is much wider than the required message bandwidth, but
because the spread spectrum itself has a sin(x) / x shape and has significant spectral
components outside the band allocated 1o spread-spectirum communications. If you
are operating in a frequency band adjacent to that allocated for spread-spectrum
usage. cxpect your channel to contain much nonthermal “noise,”

The specurum of DS spread-spectrum signals is not truly noiselike but contains
discrete components whose amplitude varies randomly, The frequency spacing of
these discrete spectral components is equal to the rate at which the spreading code
repeats itself’ (low kHz or less). The fivst null in the sin{x) /% specoum will be at

an offset equal to the code clock rate (MHz range). Thus, the overall spectrum
shape is not determined by the message but is entirely given by the spreading code
properties.
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Reference [14] contains an example for the design of a spread-spectrum

system with a specific required amount of continuous-wave (CW) interference reji
L. :
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CHAPTER 2

Circuit Examples

#.1 ACTIVE FILTERS

The main advantage of active filters at low frequencies is that inductors are not
I'cquired in their implementation. At higher frequencies, inductors are much
Wmaller, and their use does not pose as much of a problem. Very high ( passive
fesonators are readily available at higher frequencies, while (fmultiplication by an
Betive circuit is not reliable at high frequencies, because it may result in circuit
incillation due to wide variation in device properties over frequency and tempera-
tire and from unit w unit.

The main advantages of passive filters are their immunity from intermodula-
flon (IM) distortion and their simple tradeofl between insertion loss and physical
Miee; the intercept points and noise figures of active devices are not as easy o change
I suit system requirements. Nevertheless, some active circuits are quite suitable
lar implementing basic filter twpologies,

Distributed amplifiers are inherently designed as low-pass filters. The cutolf
lrequency is given by (2.1). FET input capacitance is used as a filter component
[wee Subsection 2.2.3).

e o
f.- 'il'il'f‘t".(:m ': o ] ::I

Jo = upper cutoff frequency (He)

Ry = system characteristic impedance, also characteristic impedance
of the equivalent input and output transmission lines (£2)

Cw = FET device gate to source capacitance (F)

L

The same basic structure can be used to implement Butterworth, Chebyshey,
linear phase filters. The disadvantage is that twice as many components are
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required as when passive filters are used, because the basic filier structure must Tw
repeated in both the input and output transmission lines of a distributed amplific
Individually tuned amplifiers can also be cascaded with the proper coupling coctl
cients to form bandpass filters [1]. This configuration generally requires greane
design effort than a simple cascade of a passive filter and amplifier, because ol
stability and linearity considerations.

Operational amplifier designs are constantly climbing ap in frequency, and
it is possible to design reliable high-frequency active filers using low-frequeny
techniques up 1o several MHz [2], bur at a fairly high cost

2.2 AMPLIFIERS
2.2.1 Single-Stage Amplifiers

The design of smallsignal single-stage amplifiers begins with an examination ol
the device sparameters and noise parameters to determine if that particular devie
is approximately suitable for the application. The stability kfactor should be calen
lated not only ar the frequencies of interest but also out of band 1o determine
potential instability as a function of frequency. Many amplifier designers skip this
step, only to discover much later that major design effort is required 1o ensine
stability, especially if temperature, power supplv, load, and source variations arc 1o
be taken into account, Careful study of stability is mandatory for low-noise amplificis
directly connected to an antenna, Many antennas (especially those for hand-held
devices) present an uncontrolled impedance environment 1o the amplifier inpu

The key concepts in stabilizing a potentially unstable device (k< 1) can hw
summarized as follows: a purely reactive termination at either the input or ths
output of the device will not alter potential instability; only resistive attenuation
can effectively improve circuit stability. Series or shunt resistors at either input o
output can be used to achieve unconditional stability, but vou should avoid using
resistors at device input, in order not to degrade the noise figure (out-ol-barul
resistive lermination at device input is acceptable). The selection of either serics
or shunt resistor at device output will depend on the amount of gain reduction
additional mismatch produced by the stability fix; computer simulation can greatly
help in examining different vadeotfs. Resisuve feedback can also sometimes he
used to stabilize an amplifier siage.

Serics or shunt resistive feedback is often used o flaven the gain over fro
quency in broadband amplifier designs. Anv stability analvsis must include the effec
of the feedback. It should be noted that feedback may affect the reverse isolation,
an important amplifier property in many applications,

Once a stable topology is obtained, the device is either matched for low noise
operation or for simultaneous conjugate match at input and output,

The small-signal schematic in Figure 2.1 illustrates all these concepis for o
low-current amplifier, using the MRF931 device operating at 1 mA. Low-current
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MBD101

Figure 2.1 Single-stage amplifier with inpur diplexer o ensure stability (bias circuit not shownp,

amplifiers are sometimes unstable because the input and output circuits are usually
resonant circuits so that maximum gain can be obtained. Figure 2.1 shows a 10-dB
amplifier operating at 300 MHz.

€ and [, form a parallel resonance near 300 MHz, so that the 5001 rt:sis.mr
is out of the circuit at 300 MHz but is present at all other frequencies, ensuring
stability. This stability fix is placed close 1o the base of the device, so that the input
matching network will not affect it at higher frequencies. The collector impedance
is a resonant circuit tapped down to 50 £} using a capacitive divider.

The two diodes D, and [, at the input provide burnout protection if the
amplifier operates in an environment with potentially high signal levels present,
This situation is rather common in practice; signal levels in excess of +20 dBm can
result from manv situations. Two cars can be parked side by side, and a keved
95-W mobile transmitter in one car will overload the nearby receiver. A portable
radio-telephone transmitter operating in close proximity to another receiver can
cause problems. When several base stations share a common antenna, the signal
amplitudes at the different frequencies and locations must be carefully determined.
A keyed police motorcyele-mounted transmitter passing your car on the highway
will overload vour receiver,

If an RF amplifier is subjected to high input RF levels for an extended period
of time, its noise figure will start degrading long before the device is actually
destroyed. Therefore, a noise figure test is the most meaningful measurement in
msﬁng RF amplifiers for susceptibility to high input levels. The drawback of using
two back-to-back diodes is that they can generate IM distortion when high input
levels are present, even when the RF amplifier is shut off and powered down. Two
diodes in series can be used to raise the threshold clipping level. Emitter impedance
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is generally undesirable because it causes instability, but sometimes a small emitte
impedance is deliberately used to improve the third-order intercept of a single
stage RF amplifier. Figure 2.2 illustrates the IP3 improvement, gain reduction, an:l
kfactor degradation for an MRF580 at 50-mA bias with emitter impedance.

The gain decreases, intercept point improves, and stability degrades with
increasing emitter impedance. All these effects are more pronounced at lowe
trequencies, because internal emitter inductance diminishes the influence of extes
nal components at higher frequencies,

In low-noise, high-intercept-point designs, the emitter impedance is provided
by a small external inductor, because a resistor will degrade the noise figure, The
worst scenario for stability happens when this external inductance forms a parallel
resonance with the inevitable stray capacitance, providing an infinite emitter impe«d
ance at some very high frequency. In that case, oscillation is almost guarantecd.
The wpology shown in Figure 2.5 can be used to provide attenuation above ancl
below the operating frequency to limit the available gain and ensure stability.

Ly and G are series-resonant at the operating frequency, effectively shunony,
By The L,/ G ratio will determine the bandwidth of this network. Since it providas
attenuation at lower frequencies as well, it can be used to flatten the gain Iy
resonating Ly and ¢ slightly above the operating frequency band.

2.2.2 Multistage Amplifiers

Amplifier stability is of key importance in the design of RF and microwave amplifiers
All the stability criteria that we have at our disposal apply only o single-stage
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Figure 2.2 Variation of VHF amplifier properties with emiter impedance,
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Figure 2.3 Collecior circuit for improving outof-hand siabiliy,

amplifiers, Therefore, when designing an amplifier cascade, make sure that every
single amplifier stage is stable on its own, even if stability analysis of the whole
cascade indicates that its factor is greater than 1.

In multistage amplifiers, the low-noise stage should be first, and the highest

intercept stage should be last. If overall gain control is required, the gain of the
first stage is usually controlled 1o avoid overload under strong signal conditions.
~ In many applications, the control of stage gain by changing its bias current is
F unacceptable, because w obtain lower gain a lower bias current is required; this
~action lowers the intercept point, which is undesirable, because lower gain is
- required exactly when input signal levels are high. Clearly, with high input signal

levels we would instead like to operate at a higher bias current to avoid distortion.
- In such applications, electronic attenuators are a much better choice for cantrolling

gain {see Section 2.3).

The ol amount of gain that is achievable with multistage amplifiers is
ultimately limited by the isolation between output and input. If the overall Zain is
greater than the isolation, oscillation may result, Coupling through power supply
and control lines has 1o be aken into account when considering isolation between
putput and input.

Multistage amplifiers are most frequently used in transmitter driver circuits;
in most such applications, low isolation between output and input can cause load-
pull, which is a change in frequency as the transmitter power ramps up. Section
1.2 addressed this concern in more detail.

2.2.3 Distributed Amplifiers

Distributed amplifiers operate differently from conventional amplifiers, where the
device is usually matched such that its input resistance ahsorbs as much power
from the source as possible. In distributed amplifiers, the device input and outpt
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capacitances are used in a lumped-element approximation to a transmission line,

sa that the amplification is accomplished by a true transconductance function:

device output current is proportional to voltage appearing across its input capaci-

lance.

The input capacitance of a FET is usually higher than its output capacitance,
and additional discrete capacitors, €, must be used in parallel with each transiston
output to maintain the same phase velocity in the input and output transmission
lines, as shown in Figure 2.4. Otherwise, the traveling waves will not add up fo
maximum gain, Note that both input and output transmission lines are properly
terminated in their characteristic impedances, ;.

The two critical design parameters are the transistors’ Cy and g, the gate 1o
source capacitance and device transconductance.

Ay = 05(-n g.R) (2.9

1
ﬁ = ﬂ'R“l‘::]_\'

L= CnHy

€, = additional output line capacitance (see Figure 2.4} (F)
Ui = FET device input, gate to source capacitance, includes
Miller effect capacitance (F)
Cour = FET device output, drain to source capacitance (F)
Ay = low-frequency voltage gain (linear)
n = number of transistor stages
g. = FET device rransconductance {mho, A/V)
R,

system characteristic impedance, also characteristic impedance of
the equivalent input and output transmission lines (£1)

Ji = upper cutoff frequency (Hz)

L = series inductance in the lumped equivalent input and

output transmission lines (H)
The distributed amplifier is a classical case of gain-bandwidth tradeotf. For

example, choosing a high R, we can achieve higher gain but for a proportionally
narrower bandwidth, Some general guidelines apply to this class of amplifiers:
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Ls2 L L L Ls2

Figure 2.4 Four—stage disiributed amplifier,

I. The device transconductance should be quite high for useful amplification.

2. Input capacitance should be low for the widest operating bandwidth,

3. There are no inherent low-frequency limitations; with proper biasing, amplifi-
cation down to DC is possible. Keep in mind, however, that this is an inverting
amplifier, and a dual-polarity power supply may be required 1o accommodate
positive and negative voltage swings.

4. Feedback capacitance from drain to gate must be very low, otherwise its

Miller l:quix'alt:nt will increase the apparent 4 and will reduce the operating
bandwidth.

Cin = Gy + Cull + 0.5g,R,)

5. Because of device imperfections, additional series inductance in the drain
lead will sometimes improve reallife performance.

6. Bipolar wansistors are not suitable for this tvpe of amplifier, because their
input impedance is not predominantly capacivve, unless their bias current is
very low.

7. Intercept point can be improved by increasing the bias currents of the devices
.' close 1o the output of the device chain.

i The distributed amplifier concept can also be expanded intw two dimensions
1o form a two-dimensional matrix of transconductance amplifiers,

12.2.4 Low-Current Cascode Amplifiers

w-current drain applications impose unique design constraints on RF amplifier
esigns, Bipolar transistor impedances increase, the gain drops, and tendency
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toward instability increases, Low-power applications are usually concerned with
current drain, while the available voltage is usually above 3V, as required by otha
{probably digital) cireuitry, The cascode connection has the advantage that bol
stages share the same bias current, so that higher gain and better reverse isolation
can be achieved without any increased power drain penalty. A 3V supply is sull
adequate for biasing both transistors.

Figure 2.5 shows a 300-MHz amplifier with 18 dB of gain and 38 dB of reverse
isolation, operating from 3V at 0.5 mA. The 6800} collector resistor required fon
stability also lowers the output (? for wider operating bandwidth. The IM perfon
mance of low-current amplifiers is rather poor.

2.2.5 Power Amplifiers

Linear amplifiers are designed mostly for conjugate match at both input and outpia
ports, Class-C power amplifiers are usually conjugately matched only at their inpa
The cutput circuit is usually mismatched, because the load resistance is determinel
by the desired output power:

(Ve — Vab?
25,

R, = (2.5

Figure 2.5 Low-current cascode amphfier.
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R, = load resistance required at device output ({})
Ver = DC supply voltage (V)

Vi = device saturation voltage (V)

Py = desired RF power output (W)

Equation (2.3} is valid for Class A, B, or C assuming that the device's own
putput impedance can be neglected. This assumption becomes invalid at high
frequencies, in which case step 1 of the following design procedure has to be
modified as described later in this section.

The tasks in designing a power amplifier in a frequency region where (2.3)
applies are:

1. Design a matching network that rransforms the system impedance (usually
50 or 75 £1) to the required load resistance, R, over the required bandwidth.

2, Design a conjugate match at the device input when the output is terminated
in the required R,.

3. Verify that the amplifier is stable over temperature and voltage variations and
output voltage standing wave ratio (VSWR). This last task usually takes the
most time. The most sensitive component affecting stability is the collector
(or drain) dc choke. The impedance of this dc feed circuit must not be o
large at low frequencies.

4. Verify that the device voltage, current and power dissipation ratings are not
exceeded over the operating conditions. The collector or drain voltage n
class-C amplifiers will reach twice the supply voltage.

Figure 2.6 illustrates techniques for improving power amplifier stability. 1,
and [, are RF blocks at operating frequency. Ly is typically much larger than L.,

*and R, is low, around 10 0). ¢ < €, and € is an RF bypass at operating frequency.

R, ensures low collector impedance at low frequencies, where the active device has

- plenty of gain. £ is a ferrite bead included to introduce loss into the base circuit
~ at low frequencies.

A maore general design technigue, which does not rely on (2.3), requires
accurate measurement of low impedances: A double-stub tner is placed between
the device and the desired load; the tuner is adjusted for whatever performance
criteria are desired: maximum power output, high efficiency, low IM distortion,
and so on. The impedance presented to the device output lead is measured over
the required frequency and supply voltage range. This required impedance is then
synthesized by means of discrete components and transmission line sections. This
same technigue can also be used to identify impedances that result in undesirable
operation, such as instability, excessive current drain, even self-destruction. Such
impedance regions are then deliberately avoided in the synthesis procedure.
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=
g Ly R,
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= C] LE
@ o
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£y

Figure 2.6 Hase and collector circuits o ensure stability

The first difficulty associated with this technique is the requirement for accu
rate measurement of low impedances. Conventional network analyzers lose accuracy
near the t:dgt: of the Smith Chart, and therefore direct impedance measuremeni
of the required load impedance requires great care in minimizing stray inductances.
A useful technigue for minimizing this difficulty is o include a fixed impedance
step-up from the device to the wner [3]. This technique effectively increases the
resolution of the doublestub twner at low impedances and reduces uncertaintios
associated with fixture and ner losses at high VSWRs,

The second and more serious difficulty comes in estimating device-to-device
variations in the required load impedance. Many power amplifier designers can
vividly recall instances of their designs suddenly not meeting specifications, because
a new batch of devices with different date codes appeared in the factory, Often the
device manufacturers themselves cannot predict the anticipated device variations,
and the designer is left with no choice but to design in a very conservative manner,
to leave some reserve and not push devices w their limits,

Termination impedance presented to the device at harmonics of the operating
frequency 1s also of interest. The operating efficiency can often be improved by
providing an open circuit termination at odd harmonics, and short circuit termina-
tion at even harmonics of the operating frequency, Such terminations can be
realized by use of a shorted transmission line de feed, which is a quarter-wave long
at the operating frequency.
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High-power amplifiers frequently require cooling by means of air flow. The
* fan capacity required to maintain a certain thermal rise when dissipating a certain
i . v
" amount of power can be estimated.

j')

i *'['—"—'].HE.

& = air low (It minute)
’ P = power generated (W)

AT = allowed temperature rise (°C)

Cooling without airflow has to take into account all the thermal resistances
hetween device junctuon and ambient environment [4]. The aim is not w exceed
a certain junction temperature T, required for reliable operation.

T=P 6, +T,

where
Bo=8+8,+46,
Pi= Py + P, £ P, (for explanation of sign, see below)
T = junction temperature (e
Py = power dissipated in junction (W)
Py = input dc power (W)
l F, = input RF power (W}
| P, = output BF power (W}, Sign i5 minus for
| matched operation, plus for operation into infinite
1 . = i
{ VEWR, such as would occur during a faulr, or if
i antenna were disconnected or badly mismatched.

]

junction to ambient thermal resistance ("C/W)

L]

ambient temperature (G}

junction to case thermal resistance {(*C/W)

case to heat sink thermal resistance ("C/W)

5
Pl e
Il

heat sink to ambient thermal resistance {"C/W)

Power amplifier designs using FET power tansistors instead of bipolar power
transistors are gaining more and more popularity because of the greater stability
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Ry R2
of the power FET when operating into an impedance mismatch. The input impaid > N * NMN—>
ance of FET is also more constant with drive level than bipolar input impedance Zin T
Ra
2.3 ATTENUATORS, MINIMUM LOSS PADS
Attenuators are used to adjust signal levels, to control impedance mismatch, and Zin 3 Zout
to isolate circuit stages. Important attenuator properties are attenuation flatness
with frequency, VSWR, and power-handling capability. The familiar pi-circuit and 2.8 Tecircuit attenuator opology.
T-circuit attenuator topologies are shown in Figure 2.7 and Figure 2.8. '
Pi-circuit component values:
T-circuit component values:
1 Lol 3
Ry = (104" = 1) A== (2.1) 22 L O )
2 i) R, = e {2.8)
R = 1 gr 10
T TV 4 ] 1 S 0w R (2.9)
R I e S R, = T = Tk o
z-'-lu:{lﬂl . ]} RH-
o5
1 o =7, - R (2.10)
Ri= 109 5 1 1 (2.0 Rio=1om 1% :

Z A" =17 .
a0 0 & Z,, = desired input resistance ({1}
Z;, = desired input resistance ({1) 7., = desired output resistance (£
Z . = desired output resistance (£1) L = transducer loss (dB)

e on [ Minimum loss that can be achieved for given Zooand £

Z ZIII
L. =20 |ﬂg(1 ‘Efi R 1) (2.11)
o i

Bridged-T attenuator topology is shown in Figure 2.9,

Minimum loss that can be achieved for given 7, and Z,.:

'Z,, f'_,im ‘
L, = 20 Iug( ZI £ ;_ i 1) (2.7}

Rs R, = Zo(104® = 1) (2.12)
> 4'A" _
’ Ri= ———f:j’ (2.13)
Zin R, R,  Zout : (10~ = 1)

L = desired attenuator loss (dB)
7, = terminating, system impedance ({1)

The bridged-T topology is frequently used with PIN diode electronically con-

Figure 2.7 Pi-circuit attenuator topology. wrolled attenuators, as shown in Figure 2.10, because only two diodes need to be
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s

Figure 2.9 Bridged-T atenuator wpology.

Figure 2.10 Variable attenuator using PIN diodes,

mn‘tmllcd (as opposed 1o three with the T-circuit or pi~circuit configuration ).
K’af:ahle attenuators using PIN diodes can be designed to have less intcn'.ep.r-
point variation with atenuation setting than a functionally comparable ransiston
automatc gain control (AGC) stage.

Proper attenuator operation in Figure 2.11 requires that the currents through
Ly and I, vary inversely to cach other: At low attenuations, current through [
must be high, and current through D, must be low. Conversely, at high 'Jtll."IuEaTnll
settings, current through D, must be low and through D, high. This is accomplished
by having D, and I3, share the same dc load, Ri. Since the anode of 1, is fed from
a fixed voltage, increasing current through 1, forces the voltage across R, to risc
thus dm:.reasing the current through R; and D,. Therefore, as the analog control
voltage increases, the current through I, increases, current through D, decreases
and attenuation goes up. The exact resistor and voltage values must be det::rmime-:i
from the particular PIN diode characteristics,

If resistor R, Ry, and B: values in the pi attenuator in Figure 2,12 are high
(greater than 1 k{1), then the corresponding chokes, L,, L,, and L., need not be
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Analog € AN
control R

| |
1]
[
"

Figure 2.11 A de hias arrangement for bridged=T electironic anenuator,

Fixed A" R7 Analog
contraol
Ry
Lz L3 D
3
RF in 0—] 2 1 * {||—o RF out
C'| 5 CE
D, D; Ly
il
Ry _L Rg
T ke

Figure 2.12 A de hias for a picircuit variable elecironic atenasor.

used. The principle of operation of the pi atenuator is the same as the bridged-
T attenuator: analog control voltage sets the current through R and . Since
and the series connection of £}, f4 share a common de load, R, the currents
thruugh i3 and series £, [h vary inversely to each other, as required.

The pi attenuator in Figure 2.12 has an interesting advantage over the bridged-
T attenuator in Figure 2.11 in AGC applications, because the first diode in the
signal path I} has a high bias current at high attenuation settings. This has the
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advantage of generating less IM distortion, because high attenuator settings ae
typically required when signal levels are high (high diode current resulis in betio
IM performance). The situation of having low bias currents at high signal levels,
and hence high attenuator settings, is to be avoided. This undesirable situation is
all wo common in AGC amplifiers, where the gain is lowered by decreasing the
bias cuwrrent at the expense of IM distortion exactly at the conditions that require
good IM performance.

PIN diode attenuators have a lower frequency limit of operation, related 10
the transit ime. The insertion loss increases and IM distortion becomes progressively
warse at low frequencies. A double-balanced mixer can be used as a current-con
trolled attenuator at lower frequencies. The RF port is the input, the LO port i
output, and the IF port is the dc current control [5]. The minimum attenuation
obtainable is about 2 dB, and such an attenuator may not be well matched through
out its attenuation range; its intercept point is usually higher than that of a corre
sponding PIN diode attenuator at lower frequencies.

If an attenuator operates between a source and a load of unequal impedances,
the definition of attenuation is actually taken 10 be ransducer loss (see the example
in Section 4.5) and is equal to the ratio between power absorbed by the load and
the power available from the source,

High-power, low-value attenuators can be constructed from lengths of wans-
mission line. One application of such attenuators is in testing high-power amplifiers
for stability into a mismatch, as shown in Figure 2,13,

If the lossy transmission line has atenuation A" dB, then the remrn loss
presented o the device under test is “2A7 dB. The adjustable-length line simpiy
changes the phase of the reflection, to check stability for a full circle on the Smith
Chart. To check for stability into a 3:1 mismartch, 3-dB attenuation is required from
the lossy line. To construct the balanced pi or T attenuators in Figure 2.14 and
Figure 2.15, the series resistors need to be one-half of their unbalanced values; the
shunt resistors remain unchanged.

Equations (2.4) through (2.7} also apply for designing balanced picircui
attenuators. Use Figure 2.14 to determine which resistor values are halved.

Directional

coupler
Power
amplifier = "% _
output o o Variable length

To spectrum adjustable line

analyzer

Open or short
termination

VR

Length of lossy
transmission line

Figure 2.13 Length of lossy line used as lowvalue amenuator 1o st amplifier stability.

LTS

R e T o
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R3

L
Zin %R, % RZ Z put
b 4"AY >
R3
2

- Figure 2.14 Balanced pi—cirouit atienuator,

-

Ry Ra
2
zin R3 zaut
N % ANN—
Lh Rz
2 2

Figure 2.15 Balanced T-circuit attenuor.

Equations (2.8) through (2,11} stll apply for designing balanced T-circuit
attenuators {also called H-circuit attenuators). Use Figure 2.15 to determine which
resistor values are halved. For example, Figure 2.16 shows a 10-dB, 300-(} balanced
attenuator derived from (2.8) through (2.10) and Figure 2,15,

2.4 BALUNS AND TRANSFORMERS

Many circuits can be designed with different topologies to operate in one of two
modes, balanced or unbalanced, distinguished from each other by the function of

77.90 77.90
v M—>
3000 21080 300 0

7790

7790

Figure 2.16 Balanced 10-dB, 30040) attenvator,
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ground. Balanced circuits require ground at a voltage potential halfway between
the terminals; the ground usually carries no signal current. Unbalanced circuins
use ground as the return path for signal current. TV twin lead is an example ol &
balanced transmission line; coaxial cable is an unbalanced ransmission line, My
devices perform better in one or the other mode, requiring a balun (balanced 10
unbalanced) device to connect the two modes of operation with low loss and
minimal impedance mismatch. Typical balanced circuits are mixers, lattice crystal
filters, and antennas; the majority of other circuits are implemented in an unbal
anced topology.

A simplr: LC circuit, which can perform the unbalanced 1o balanced function,
is shown in Figure 2.17.

The input, represented by R, is unbalanced: the output, represented by /v,
is balanced.

.

R:Ry

1
f: I —
2 TrfﬂRsRﬂ.

R, = source resistance, unbalanced ({})
R; = load resistance, balanced (1)

[ = frequency of operation (Hz)
The basic relationships for a tapped coil, shown in Figure 2.18, are

L= .L| +.Lg+'2;H

S

Figure 2.17 Narrowband bridge balun.
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L 2 R out
L k
Rin L
Figure 2.18 Tapped coil, or anotransformer,
B 100 10D
tap = ——— 5 100 = ———m== X
ap m + Mg VI'E + ,JE
b= M
LiLs
_ (dap Sy
R'l\ ( ] ']l’} Rlﬂll I: - :I

subject to the conditions:

R <= wl,
Ry € w L
k=1

I = wotal inductance hetween output and ground, with input open (H)
k = coupling coefficient between two windings, 0 < k<1
L, = inductance between input and ground, with output open (H)
L. = inductance between input and output, with “ground” unconnected (H)
M = mutual inductance between £ and Lo (H)
iy = number of rns in £,
ns = number of wrns in L,
tap = tap point, measured from ground (%)

w =2 7f radian frequency (rad/s)
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Since the conditions listed for a tapped coil are rarely achieved in practice,
computer analysis and optimization should be applied when apped coils are used
as impedance wransformers,

Transformers wound in the conventional manner of separate primary aned
secondary windings, cach with their own number of wrns, fail to perform then
function at higher frequencies because of inadequate flux linkage due to the
winding method used or loss of permeahility of the ferromagnetic material ane
because of interwinding capacitance, The art of designing high-frequency trans
formers consists of including the interwinding capacitance in a transmission line
structure, so that at high frequencies the structure can be analvzed as an intercon
nection of ransmission lines, while it looks like an autotransformer at lower frequen
cies.

Many different transformer configurations are possible; the rest of this section
only briefly describes the most common tvpes, and the interested reader is encois
aged to review [6-8] for additional information. Ferrite baluns with the best perfon
mance and widest operating bandwidth are wound with very fine coaxial cable
rather than the usual multifilar wire strands,

The frequency response of transmission line transformers wound on ferrie
cores will be governed by fervite properties at low frequencies and A /4 wire length
at high frequencies,

Figure 2,19 shows the ourput halanced load isolated from the input unbl
anced source; the actual voltages at the balanced terminals with respect to ground
will be predominantly determined by parasitic capacitances. This situation mayv he
undesirable in some cases, where we would like to not only provide isolation i

also force balanced 5_1.-'|nmf:tric;-11 operation with respect to circuit ground, as in
d]'iviug |:ru5||-pu|1 amplifiers. The configurations in Figure 2.2 and Figure 2.21
provide this capahility,

i
R0
(Y] R0
Unbalanced Zg=R Balanced IUnbalanced
{a)
g iS4 R0 Red

>_{ Balanced
o Bal

(b) (c)

Figure 2.19 Simple 1:1 balun: {a} schemaric diagram, (h) vansmission line form, and (¢} constroction
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lInbal.

(c)

nw 2,20 Serics—aiding balun with isoladon and symeny (110 {a} schernatic diagram, (b constrc
tion, and (o) low-frequency squivalent circuit.

- org
R0 = gf Rea
Unbal. ‘
SRS = R0
‘J—" arn Bal.
{a}
Crg
Gm R D
Unbal.
Red
{b)

(el

Figure 2.21 Series—canceling 1:1 balun: {a) schemartic diagram, (b) construction, and {c} low-frequency
equivalent circuit,
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An impedance transformation is sometimes desirable in a balun. The transmi
sion line circuit in Figure 2.22 can provide impedance transformation, dependin
on the bifilar line characteristic impedance. An additional balun of the type i
Figure 2.19 can be added on either side for improved performance.

At low frequency, there is always a 4:1 impedance transformation; at higl
frequencies, the impedance transformation ratio depends on £, the characterist
impedance of the bifilar winding. A 4:1 impedance transformation is achieved wil
Zy=2 % R, while a 1:1 high-frequency transformation results with Z, = K. Frequeng
dependent impedance transformation can thus be achieved. This requirement mg
seemn unusual, but it is often encountered in practice, because the characterist
impedance of bifilar wire in common use is near 50 (), rather than the 100 {
required by a proper 4:1 transformation. Note that the configuraton in Figui
2.22 must remain balanced at its output, meaning that neither output te
should be connected to ground. A 4:1 impedance transformation between twi
unbalanced loads can be achieved using the autotransformer in Figure 2.23.

By exchanging the input and ground connections at the input only, a 4

4R

= (b)
(c)

Fgure 2.23 Unbalanced 4:1 wansformer: {a) schematic diagram, (b) construction, and (c) low-frequency

unbalanced to balanced transformer results. circuit,
Baluns and impedance transformers that do not use ferrite transformers bt
rely only on transmission lines are suitable for UHF and microwave frequencie 4R 0 il
and are sometimes used even at lower frequencies, because their power-handlin Balanced Zg=~/2R
capability is much higher. Figure 2.24 shows the simplest such baluns with 3 R 0
without impedance transformation. R 0 Unbal. g iR
Unbal, i Balanced
< ar2 Zo=+2R
o 2
2, g=2R
2
38 74
= 7 (a) (b)
—
(a) Mgure 2,24 The A/2 transmission line baluns: (a) 4:1 transformation, and (b) 1:1 balun.
> = o The basic configuration in Figure 2.19(a) can be approximately realized by
iwo coupled lines in microstrip, shown in Figure 2.25, with the disadvantage that
R 4R un impedance step-up from balanced to unbalanced side must be accommodated,
L hecause the odd mode impedance of edge-coupled microstrip lines is usually quite

lilgh. Since the even and odd mode velocities are different in microstrip coupled
lines, the frequencies of best VSWR and best isolation will not coincide.
More complicated baluns can be constructed by using the collinear or
Muarchand topology, as illustrated by the coaxial implementation in Figure 2.26.
Decade bandwidth is possible with the Marchand balun [9], with or without
linpedance ransformation. Reference [10] contains a wealth of additional informa-

Figure 2.22 Balun with impedance transformation: (a) transmission line form, (b) low-frequency ci
and (c) schematic diagram.



76 | RF DEsIGN GUIDE

Bal. Z = high Unbal.
Figure 2.25 Microstrip balun,
Unbal. /4 ek i Al
Unbal. |
3 23— =
L - - } |
Open
Bal. iAl4
Bal.
(a) (b)

Figure 2.26 Cross section of two coaxial baluns: (a) collinear, and (b) Marchand.

tion on transmission line and ferrite transformers suitable for high-power circuits
below 200 MHz.

2.5 BIAS NETWORES

Class-A common-emitter amplifiers are usually very sensitive to stray impedance in
the emitter circuit. Any small inductance in series with the emitter will cause
instability; for this reason the emitter needs to be grounded as directly as possible
and bias components in the emitter are generally undesirable, In the schematic in
Figure 2.27, Q, is the RF amplifier, and (. provides its base current required fol
constant voltage difference across R. This constant voltage difference then ensure:
constant collector current.

Diode D, provides some measure of temperature compensation., i; should be
high in order not to affect base impedance, but not high enough to cause Q. &
saturate over temperature and 3, variations. Neglecting the base current of Q;, th
design equations are

R4 - V)

= R(R TRy

Vi=A" = LR,
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P == macc—e e am

Figure 2.27 Active bias network for a common—emiter RF amplifier stage,

Assuming that we are designing the bias circuit to provide a certain device

bias current Z, and collector voltage V., select a convenient A* > V. The component
vilues are then supplied by the following equations:

m=E;E

m=m;m

i, “;;‘Va
R;.-c,ﬁ,“inlr'_ ‘:‘:nﬂ'g

I, = desired collector current of @, (A)
V. = desired collector voltage of @, (V)
Vi = diode, or base-emitter voltage drop, nominally 0.7 (V)
A" = chosen supply voltage (V)
R, = resistor values as shown in Figure 2.27 ({})
f, = bias current through R,, Ry, and D, (A)
s = minimum beta of Q,
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The bias circuit shown has to be carefully bypassed at both high and lo
frequencies. There is one inversion from base to collector of ), and another
inversion may be introduced by L, matching components and stray capacitances,
resulting in positive feedback around the loop at low frequencies. Low E5R electro-
Iytic or tantalum capacitor from the collector of (. to ground is usually adequate
to ensure stability.

2.6 CRYSTAL AND CERAMIC FILTERS

Crystal filters are used whenever very narrow bandpass filters are required, such as
in receiver IF stages for adjacent channel rejection, in SSB systems for sideband
rejection, and following oscillator stages for noise atenuation. They are low-fre

quency devices, limited to less than 200 MHz. The primary design difficulties lie
in their high input and output impedances, low tolerance to overload, susceptibility
to IM distortion, and the presence of undesired responses. This section deals
primarily with crystal filters, but filters utilizing ceramic resonators can be treate '
in a similar manner.

2.6.1 Monolithic Filters

Monolithic crystal filters are usually three-terminal, two-pole devices with very closely
controlled center frequency and bandwidth. They are most frequently used in
IF stages of a receiver. The input and output impedances are resistive and range from
hundreds to thousands of ohms, Therefore, some kind of impedance-transforming
network is always required; the large impedance transformation ratio requires
careful attention to matching network component value tolerances and value
changes over temperature.

Stray capacitances associated with the particular circuit board layout will be
important because the impedances involved are quite high. Monolithic filter specifi
cations usually do not include the statistical variation of the terminal impedances
so designers may need to include tunable components in the matching and couplin
networks. This situation is improving, and nontunable matching networks arg
becoming more prevalent.

Intermodulation performance can be a problem; many receivers require Il
filters selected for good IM performance. Often there will be pronounced variatiol
in IM distortion as a functon of frequency offset from center frequency. Further
more, monolithic filters suffer from a peculiar memory effect; when subjected t
averload, the intercept point degrades and takes a long time (minutes or longer
to recover, Very high signal levels in excess of ) dBm can permanently damage
rESONALOrs,

Cascaded monolithic filters require careful attention to terminal impedana
variaton from unit to unit, which will affect the overall bandwidth. The filters haw
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internal capacitances to ground from the input and output pins, which need to be
absorbed by the external circuitry. A 6-dB auenuator is sometimes used between
cascaded monolithic filters to minimize their impedance interactions.

Spurious responses on the high-frequency side of quarte crystal filters can
reduce spurious response rejection, especially the second image.

Figure 2.28 shows a typical monolithic filter matching network topology assum-
ing an impedance step-down from the filter to the external environment. The
possibility of operating at a higher reference impedance than 50 ) should always
be considered, because the matching problem will become easier.

Components Cyy, Cy, and L, are the input impedance match. When cascading
monolithic filters, a capacitor from the junction of the two filters to ground is
nsually adequate; for critical applications, a 6-dB pad consisting of R, Rs, and R,
together with separate C, and C; do a better job at avoiding filter interaction due
o tolerance accumulations. The resistive pad is also sometimes used to reduce
finging in the time domain when the filter is subjected to pulsed RF signals and
1o reduce passband ripple in the frequency response. A small valued capacitor Cs,
sometimes called a gimmick eapacitor, introduces two transmission zeros on either
side of the passband for steeper selectivity, if required. The penalty for this is
teduced selectivity past the transmission zero frequencies.

2.6.2 Ladder Filters

Most of the filtering requirements in a typical receiver can be satisfied by monolithic
liliers; nevertheless, there are situations that require special filter des:igns. Single-
sideband systems, comb filter banks, and electronic instruments have particular
narrowband filter requirements. Narrow crystal front-end filters at dense base station
intenna sites are frequently the only alternative available for interference-free
teceiver operation. Ladder crystal filters can also be designed for wider bandwidths
thin monolithic crystal filters. Theoretical filter design using resonators coupled
1 each other by impedance inverters is well understood; in such designs, all the

Wigure 2.28 Cascaded monalithic erystal filter topology.
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resonators are tuned to the same frequency. Since ideal impedance inverters dg
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not yet exist, their approximate realization forces the series resonators (crystals)

to be of different frequencies. This is a major drawback of ladder crystal filters,
because crystals of different frequencies are required to implement a filter of more
than two poles. Figure 2.29 shows a theoretical design that uses crystals of the sa
frequency coupled to each other by impedance inverter approximations. The key
consideration is that the coupling inductors Ly; and Ly cannot be physically realized
with high enough @, and they have to be absorbed by L, Ly, and Ly I = L + Ly
L'y=Ls+ Lz + Ly, and L's = Ly + Ly Absorbing the impedance inverter inductance
into the resonator inductances makes the crystal resonant frequencies different
The crystal shunt capacitance may be neglected for very narrowband designs, bu
it must be included for wider bandwidths designs, because the transmission zero thaj
it introduces above the passband will decrease and ultimately limit the bandwidth

Suppose that we use four crystals whose motional capacitance is 0.012 pF, shus

Figure 2.29 Ladder crystal filter prototype.

. Obtain the required coupling coefficients (k and ¢) for the desired numbe

. Calculate impedance inverter characteristic impedance X
. Calculate coupling capacitor values Cys and Cay, new crystal resonant frequef

. Design matching network for the desired input and output impedances.
. Optimize the design to compensate for crystal shunt capacitance.

The design procedure can be summarized as follows:

of poles and desired response shape (Butterworth, Chebyshev, etc.) using thi
methods in Section 2.10. It must be clearly understood here that the & ant
g coefficients for Chebyshev filters are different depending on whether th
3-dB or the ripple bandwidth is used for reference. Refer to Subsection 2.10
for further details.

cies, and terminating impedances,

The procedure is best illustrated by an example, similar to the design in [1

R e e 1, e e i
G o ox vtz Cev o x 1L
A -_.-": L]z LIZ i\‘-"‘-‘__ ke -"i f_23 ngi *-,‘___‘- e
Crystal \ | Crystal | ' Crystal
4 - : Ly v X |Caz | o
: i i :

Impedance inverter Impedance inverter

Cireuit Examples | 81

MHz, with a 3-dB bandwidth of 2 kHz and 0.1 dB ripple, intended to operate in a
B0-{) environment.

. The coupling coefficients are determined by the filter type and the number
of resonators; from (2.26) to (2.34): G = q = 135, ks = kyy = 0.69, ks = 0.542,
Compute the following:

I\I\ o RI - |M‘Bmd= = Bmdﬂ = Eﬂﬂﬂ —
: o 2 7/iCqf 2 #0.012 x 107(1.35) 1 x 107 ~ 196.5
OO e cdicl LT T 0.69 x 2000

Jo T2@4Ch 2 w0012 x 10 x I x 108 - 1830

g VX Xs ks BW, _ hnBWigs 0.542 x 2000

gy =

Jo T2afCh 2 w0012 x 10 x 1 x 100 - 1138
i+ = g = 87 pF, Ly = 55 = 2,019
B e e
-'r~=—l—=llﬂ'? F, Ly = Xes = 9988
2 7foXe Gl 6 uH

Uonsidering that the nominal crystal motional inductance is 21.1086 mH, the new
Fesonant frequencies can be computed by recalculating the resonator inductance
when impedance inverter inductances L; are absorbed:

L{= L:.|= L + L|g=21.1115 mH
.L’-: = L’g = L: + L]g + I..'_ig = 21.]]38 mH

And the new crystal frequencies are 9.99931 MHz and 9.99876 MHz. The final task
i 1o design an impedance transformation network using Figure 2.79 and (2.48),
Lot © = 1000 pF, then C; = 982 pF and I = 500 nH. The final filter is shown in
Flgure 2,30,

In this particular example, the 3.3-pF shunt package capacitance narrows the
Inindwidth by placing a transmission zero on the high-frequency side of the pass-
band. Further computer optimization may be used to fine-tune the design, if
Itquired. It should also be mentioned that very narrowband designs using all crystals

nl |Iu.r same frequency are still feasible, with degradation of inband ripple and
liisertion loss. Band reject filters are also possible. Figure 2.31 shows the required
lipology with shunt capacitors required for narrowband designs.
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Figure 2.30 A 10-MHz crystal ladder filter.

(P "N A S T 0 A

TT T]T TT 17

Figure 2.31 Narrowhand crystal nowch filter wopology.

theorem
Z5 = Z with outputs of N, shorted

2.6.3 Lattice Filters

The bandwidth of a erystal ladder filter is affected at best, and limited at worst, ._'
the crystal shunt capacitance. This is avoided in lattice type filters, which alloy
much wider bandwidths; the lattice topology is also more versatile in accommodatin,
different filter requirements. The common approach in designing lattice filters |
to start with a symmetrical ladder design, apply Bartlew’s bisection theorem, ani
compensate the design for erystal shunt capacitance [11]. This procedure is outli
in Figure 2,32,

While such theoretical approach in principle yields the correct filter desigy
the filter performance will be atfected by nonideal component performance, es
cially in the hybrid wransformer. The best approach is to use a cascade of
sections in which each section is optimized to compensate for nonideal component
Figure 2.33 shows the two-pole building block lattice filter. Note that crystals ¢
different resonant frequencies are required to implement lattice filters as well.

Compared to the ladder type, lattice filters rypically require higher terminati
impedances and are more difficult to optimize, because all the component va
interact. For example, using a different terminating impedance not only create

mismatch, but also shifts the passband of the filter. Different shunt capacitan
requires a different terminating impedance. The transformer properties are

After applying Bartlett's bisection
Zp = Z with outputs of Ny open

Ladder prototype
N> is mirror image of N,
Figure 2.32 Derivation of hasie hybrid-lattice circuit from a symmetrical ladder prowtype,
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9.9894 MHz
Cm=0.012 pF
J111
1 |
1:1
l—t—
10.0006 MHz _L_ 1180 0
. Cm =0.012 [.'IF 4.7 pF
& -
L

Figure 2.33 Two-pole hybrid-lattice filter of 12-kHz bandwidth at 10 MHz.

important as well; often the input capacitor in the transformer prima:l-}r has o b
higher in value to tune out transformer leakage inductance. All these interactior
dictate that lattice filters be designed with tunable components; the filter is trimmeg
to the desired frequency response after assembly.

Figure 2.34 shows a cascade of two-pole sections to create a four-pole filte
Designs that use only one transformer are available, but they suffer from grea :
sensitivity to component value tolerances and place higher requirements on t
transformer. Computer-aided circuit optimization is highly recommended o con
pensate for nonideal component properties. .

The required input and output inductances can be supplied by the tran

formers.

2.7 DETECTORS AND MODULATORS

An RF carrier of constant amplitude and phase carries no information other thi
its presence. Amplitude modulation represents the simplest and historically earlie

21.3921 MHz
Cm = 0.008 pF

5 1:1 ,|]
> 1

3475 0 ‘g . 75
: " = TpF —[F'F f <
214 i \ [ ;
uH 21.3362 MHz pH

Cm = 0.008 pF

Figure 2.34 Four-pole hybrid-lattice filter of 80-kHz bandwidth at 21.4 MHz,
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form of information encoding. Frequency and phase modulation have the benefit
of constant amplitude, allowing the use of efficient class-C amplifiers in signal
amplification, As the RF spectrum becomes increasingly crowded with signals, the
technical community is faced with one of two basic choices: ever narrower bandwidth
analog channels or completely digital forms of communication. In either case,
precise control over modulation properties requires thorough familiarity with the
different modulation and demodulation methods.

The most important property of any modulator or demodulator is its linearity:
how faithfully it encodes or decodes the baseband signal without introducing unde-
sirable distorton. A modulator’'s modulation sensiuvity refers to the absolute level
of baseband signal required to produce the desired amount of modulation. High
modulation sensitivity makes a modulator susceptible to modulation by thermal
noise, thus limiting the available signal to noise ratio, while low modulation sensitiv-
ity requires too much amplification of the baseband signal prior to modulation.

2.7.1 AM Detectors and Modulators

AM modulation can be accomplished by many means, including passive or active
Gilbert cell mixers, electronic attenuators, or controlling the bias of an amplifier
#age. Suppressed-carrier AM modulation is achieved by a double-balanced mixer,
which is called balanced modulator when so used. Highly linear AM modulation can
be accomplished by first using a balanced modulator to generate double-sideband
sippressed carrier modulation and then adding a properly phased carrier of the
vorrect amplitude to result in the desired AM modulation index.

The simplest AM detector is a halfwave rectifier used as a peak detector.
Figure 2.35 shows four variations of this circuit: positive and negative peak detectors,
voltage multiplier, and biased negative peak detector. Other variations include

- resistively terminated, matched, and prebiased circuits.

A continuous de loop should exist through the diode and resistor R This is
ithe purpose of the choke L, which can be substituted by a resistor with some loss
in sensitivity. If the dc return is absent and the peak detector is capacitively coupled
I an RF source, the coupling capacitor will charge up to twice the maximum RF
livel and the diode will no longer conduct. Such a detector will siill “detect” the
jresence of RF, but will not be able to follow amplitude variations. The detector’s
Mpreed will depend on the amount of leakage present in the coupling capacitor and
ihus will not be well controlled. The RC time constant determines the maximum
imodulating frequency that can be received without distortion for a given modulation

Index. Consider an AM signal of high modulation index, where the envelope is
thanging very fast. If the RC time constant is too long, the demodulated signal will
flint be able to follow the trailing edges of a fastchanging envelope. The influence

il the external circuit connected to the detector must be taken into account in
s analysis.
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Demodulated

REm o AM out properly match the detector to a 50-{) source. Biasing lowers the diode impedance,

making impedance matching by reactive components somewhat easier,

Diode peak detectors are sensitive to temperature variations. This is especially
true of biased detectors, where a change in output may signify the presence of an
RF signal, or it may indicate a change in temperature!

Diode peak detectors typically require voltage swings near 1V to operate
properly. Large system gain is required to amplify a weak incoming signal up o
the levels required by the detector. However, when a strong carrier is received,
some stages may be driven into compression, with the attendant loss of amplitude
information. Therefore, all AM receivers need AGC o avoid clipping high-level
signals. AGC is usually implemented by changing the dc bias of amplifier stages or
by electronic attenuators. The average de value of the peak detector output can
be used to sense the amplitude of the incoming signal.

Schottky diode detectors operate as square-law devices (they detect power)
at low levels, changing to peak voltage detectors at high input levels; their sensitivity
and linearity thus change with input level,

Highly linear AM detection can be accomplished by synchronous demodula-
tion using a mixer with its LO signal phase synchronized with the incoming AM
signal. Such detectors are used for suppressed carrier and 55B demodulation. The
synchronized carrier is usually recovered by a separate narrowband phase-locked
loop, provided that some amount of carrier (pilot carrier) is always transmitted
and is available for synchronization. Another method of carrier recovery relies on
the generation of phase and frequency error signals in a multiple-feedback system
[12] using wwo local oscillators in phase quadrature. Voice SSB systems are rather
tolerant of phase drift, while high-speed data ransmission requires careful phase

(c)

Figure .35 AM demodulator circuits using diodes. (a) Positive pek detector, () negative peak detectil
(e} voltage mulriplier, and (d) biased negative peak dewector.

:? -1 synchronization of the recovered carrier.
BCS ——— The superregenerative detector (see Section 2,17) is often used for inexpen-
3.8 o sive detection of on-off keyed (QOK) signals.

R = resistor value (£1)
> = capacitor value (F)
m = modulaton index, 0 S m= 1

fras = highest modulating frequency (Hz)

2.7.2 FM Detectors and Modulators

FM modulation is most frequently accomplished by direct reactance modulation
in the ascillator circuit. FM maodulation of a stand-alone, inaccessible oscillator is
called indirect FM and relies on the fact that narrowband frequency modulation
is equivalent to phase modulation, if we first integrate the message prior to phase
modulation.

The eireuit in Figure 2.36 requires a dc bias on the modulation input line to
bias varactor diode Dy, The same circuit topology can be used o FM-modulate
surface acoustic wave (SAW) oscillators up to 1 GHe.

VCOs can be modulated in one of two ways: The steering line can be used,
or a separate modulation circuit designed, especially for high-performance, wide-
iuning VCOs, The steering line sensitivity is usually too high for well-controlled
teviation control over a wide tuning range.

If the diode ON resistance is too high (as may happen at low input le
then the rising edges of the waveform will be affeﬂec? also, because the capacitl
will not be able to charge fast enough through the high diode resistance. Sl]i_:r -; |
Schottky diodes, called zero-bias detectors have becn developed to avoid dll.i1“ nit
tion. Forward biasing a regular Schottky diode with a small de current will @
help improve the detector response speed at low RF levels. . .

Since diodes are high-impedance devices, such a detectar H"J:ll be inherel
mismatched to an RF source. A 50-{} resistor is sometimes used in place of L
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Frequency

Modulation 47HH

input

Figure 2.36 Direct FM modulation of an 18-MHz crystal oscillator.

Many types of FM de
attempts to highlight the ‘
covered in the references. The key performance specifi
ity, S/N ratio required at detector input
{éomeﬁmes called co-channel rejection),
determine the maximum frequency deviation

The balanced slope detector [13] in Figure 2.37

requires two tuning adjustments, is suita

and bandwidth of operation, which
that can be demodulated.

f1> fy D

: L4
FM in Cs
Lz
= C4

fa{fﬂ =

Figure 2.37 Balanced slope detector.

modulators have been developed. The following summary

main features of each type. The theory of operation i§
cations are detector sensite

to produce the desired baseband S/N

is conceptually simple
ble for wideband FM, and is easy to imple
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ment at microwave frequencies. One tuned circuit is slightly above carrier and the
uther one slightly below carrier frequency.

The erystal diseriminator in Figure 2,38 is based on the Foster-Seely discrimina-
tor and uses a special piezoelectric crystal in place of the input tansformer. It
may need one tuning adjustment, only suitable for narrowband FM, and low IF
lrequencies, but it produces the highest demodulated output level for given fre-
ijuency deviation input,

The delay-line FM demodulator in Figure 2.39 is the conceptual starting point
lur the Foster-Seely discriminator and is only useful for wideband FM. The main
filea is that the first derivative of an FM signal contains the frequency as an amplitude
ierm [14]: a differentiator converts FM to AM, which can then be detected by an
rivelope detector. A differentiator can be approximated by a short delay and 180°
jpower combiner:

The Foster-Seely discriminator [13] in Figure 2.40 is used for narrowband FM
systems, requires one or two tuning adjustments, and can achieve good sensitivity.
T'ransformer primary and secondary are both tned to the carrier frequency.

Vigure 2.38 Crystal FM discriminator,

Power 180" power
splitter combiner
+
FMin — Envelope | Yout
Delay L SRR detector
T £y

Mgure 2.39 Delay line FM discriminator.
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s 1
FM i
5 i Cy Phase
. T (Sma“] detector
FM in 1 | LPF Vout
C
ES Resonant
R at carrier 2
- 2
frequency,

2 controlled Q

Figure 2.40 Foster-Seely discriminator.

The PLL demodulator in Figure 2.41 is suitable for wideband and narrowbant
FM demodulation, requires no tuning adjustments, and has inherent AM rejection
It is implemented in many integrated-circuit FM demodulators.

The quadrature detector [13] in Figure 2.42 is the favorite for FM receivel
integrated circuits (no transformer required). [t may require a tuning adjustment
The principle of operation relies on smallvalue capacitor € and resonant circul
with controlled @ to provide quadrature signal to phase detector. Deviations froi
resonant frequency will produce deviations from phase quadrature, which can the
be detected by a phase detector, usually implemented as an analog multiplier insid
the IC.

The ratio detector [13] in Figure 2.43 is less sensitive than the Foster-Seely
but it has better AM rejection and requires one or two tuning adjustments. Voltagy
across Cg absorbs AM variations and can be used for AGC, if required. '

It has been mentioned that FM modulation of an oscillator whose inte
circuit is not accessible may be difficult, yet exactly such a modulation method |
offered by the Doppler effect in real life. We can simulate the Doppler shift §
modulating the phase (i.e., time of travel) of an existing signal and rely on th
relationship that frequency modulation is the time derivative of phase modulatiol

Flgure 2.43 Ratio FM detector.

In such a system, the message would first be integrated an i :

mmiu_lamr. The resultant spectrum would then be eguimlem‘:aﬁ!::;dn:;r;vpbia:;
I'M. Since the amount of phase modulation is usually limited, the attainable fre-
fjuency deviation is far less than would be required in a practical system, and
Iiequency multiplication may have to be used to obtain wider frequency devia,tiuns_

. __ | Phase Lowpass v, here i i i i
EMin i) e aut .:Iu.rrc_ is -alfdll‘tl:t relationship between frequency multiplication and frequency
r-.r:.n%%n. you double the frequency, you double the deviation.
e same relationship holds for a variant of FM: the 5SB hase nois
- M: e of a
Inullltamr. If you double the frequency of an oscillator, you degrzde its SSB phasg
ey Hoise by 6 dB. Frequency division similarly improves the SSB phase noise.

FM systems greatly benefit from pre-emphasis and de-emphasis, a technique
that recognizes that FM demodulation introduces high-frequency noise into the
lemodulated signal. Prior to modulation, the message is processed to amplify high-
Iequency portions of the message (pre-emphasis). After demodulation, the message

Figure 2.41 PLL FM demodulator.
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The networks shown in Figure 2.44 assume that the source resistance is zero
und the load resistance is infinite. If this is not the case, the source and load
lmpedances have to be taken into account; if they are not known, buffer amplifiers
i active filter implementations have to be used.

The pre-emphasis network frequency response increases with frequency and
ipproximates a differentator. We know that when a carrier is FM-modulated with
the time derivative of the message, this is the same as phase modulation. Thus,
imost FM systems in use today are a combination of frequency modulation (FM)
lor low modulating frequencies and phase modulation (PM) for high modulating
lrequencies 1o take advantage of the best characteristics of both modulation
methods.

and the introduced noise are filtered to attenuate their high-frequency componen
{de-emphasis). Thus, the message is not altered, while high-frequency dﬁ:modula
noise is suppressed. We must know how the signal has been pre—_emphzsucd befi
we can de-emphasize it in the receiver. Narrowband FM systems with 5-kHz freq
deviation use 750-us pre-emphasis, while wideband broadcast FM systems
take advantage of 50-us, 75-us (in North America), or 150-us (in Eurqpe} P
emphasis. Dolby compression systems use 25-ps pre-emphasis. The number in mi
seconds, 7, refers to corner frequency, @, in Figure 2.44, 7(s] = 1/en[rad/s].

S S S (2.1

1.7.3 PM Detectors and Modulators

Ihase modulation is most frequently used for digital signals (PSK), because low
MR can be obtained for relatively poor §/N ratios. The main drawback is the
telatively broad spectrum produced by sudden phase changes. Many variations of
jhise modulation exist to improve the spectrum utilization. Important performance
|rameters are insertion loss, 1807 phase difference between “high™ and “low,”
Wil balanced or unbalanced operation requirement.

The PIN diode in Figure 2.45 is urned on or off by the digital bit stream,
thereby changing the phase of the reflected signal appearing at RF,, by 180°. The
tinertion loss from RF;, to RF,,, is about 6 dB; PIN diode reverse capacitance and
louil inductance will produce some phase errors.

In Figure 2.46, the digital bit stream turns on either Iy and Dy or I and 1),
lii pairs, so that the RF and LO wansformers are connected in phase or out of
linse, depending on the polarity of the digital input signal. The insertion loss of
hix PSK modulator is about 2 dB, and the upper frequency limit is about 700 MHz.

High-frequency, narrowband phase modulators can be constructed by switch-
fy in additional A/2 transmission line length when 1807 of phase shift is required.

@ = pre-emphasis and de-emphasis corner frequency {rad/s)
7= pre-emphasis and de-emphasis (s)

w; = frequency well above message bandwidth (rad/s)

Cq

(a) (b) PSK demodulation requires similar receiver processing as FM demodulation:
tinplification, amplitude limiting, and detection. Since there is a 180° ambiguity
= 5 ~d i t the recovered carrier phase in Figure 2,47, the data-out bit stream may be TRUE
— — — =
= E- ) = 4 U
R ov
Pin
o Power "
= iy = w, splitter diode
l —

Figure 2.44 (a) Pre—emphasis and (b) de—emphasis. 2,45 PSK modulator using a power spliter.
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b, = received hit
a, = decoded message hit
b, = previous received bit

@ = exclusive OR operation

PSK moaLa ._

o DPSK demodulation can be considerably simplified by using the previous bit
LO “ carrier .

thase as the reference, as shown in Figure 2,48,
i The transmitted bit stream must still be encoded according to (2.16), but the
teceived data out corresponds to the original message, and (2.17) need not be
upplied when using the demodulation method in Figure 2.48. The delay 7is equal
li» the bit delay. The BER for DPSK is slightly worse than for fully coherent PSK
emodulatdon because errors tend to occur in pairs.

A double-balanced mixer can be used as a phase detector, because the IF
liequency response extends down to dc. Some mixers are specially designed to
uperate as phase detectors. The output is zero for the two input signals in quadrature

o RF
CW carrier in

Figure 2.46 PSK modulator using a double-balanced mixer.

Recovered ()" phase difference).
carrier Phase The carrier recovery for many complex signals can also be accomplished by
detector - limplementing the Costas loop [15], which is particularly suitable for recovering
Band-pass | | Low-pass | Datac Juadrature multiplexed signals.

x2 filter filter
PSK in —

Figure 2.47 Coherent PSR detector.

LN DIPLEXERS

1he purpose of a diplexer network is to provide a constant resistive impedance at
{in input terminal while providing some frequency selectivity at the output terminal.
A dliplexer is really a special type of power splitter that directs the signal to different
Jporis, depending on the frequency, while maintaining a constant resistve input
impedance. This is especially desirable for mixer IF port termination, where a
mistant resistive termination improves mixer linearity (no signals or harmonics
e reflected back to be remixed when a diplexer of the appropriate impedance
i used).

Twao simple diplexer types are shown in Figure 2,49 and Figure 2.50.

or inverted. Differential encoding of the input data sream results in DPSK
avoids this difficulty.

bs=ﬂm$f"u—|

b, = encoded message bit

= input message bit
o Power Phase
splitter detector

| Low-pass | Dataout
e i _-< X filter
Delay

T

b,., = previous encoded bit

@® = exclusive OR operation

After coherent PSK detection, the original message can be decoded by
similar process:

a,=b,® b, (20 figure 2,48 DPSK detector using previous bit phase comparison.
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L
2 Cs
Ly C1
R
Figure 2.49 Bandpass diplexer #1,
__k
Q= BWom
- OxR
2T 2w
1
Co=m————
P L2 mh)?
R
L = Qx2 wf
1
G Li(2 mf)?

@ = relative bandwidth of through response

[y = center frequency of diplexer (Hz)

BWog = 3-dB bandwidth of desired through response (Hz)
R = terminating impedances of diplexer (£1)

Figure 2.50 Bilateral bandpass diplexer,
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BW 5
RQ
Lg=m
i 1
*T2mfRQ
R
L-s7f0
__Q
C]_ﬂ T fill

() = relative bandwidth of through response
Jo = center frequency of diplexer (Hz)

Wy = 3dB bandwidth of desired through response (Hz)
R = terminating impedances of diplexer (£})

Diplexers can also be used to stabilize a potentially unstable amplifier, when
(lie instability is outside the bandwidth of interest. At f, the diplexer network is
Paventially transparent, L. and C; are series resonant (short circuit), and [, and G
Wie parallelresonant (open circuit). At frequencies above and below f, the input
ipedance is resistive and can effectively stabilize most cases of amplifier out-of-
Dl instability.

At higher frequencies, where broadband 90° power splitters are practical, the
vingement in Figure 2.51 can be used to implement the diplexer function.

Any energy reflected from the filters appears at the bandstop output, while
i through signal recombines at the bandpass output. The result is that the input
nlways matched, and signal energy is directed to one of the two outputs based
Il Irequency. The bandwidih of the 907 hybrid must be wider than the bandwidth
I the bandpass filters.

Diplexer networks of greater complexity and higher selectivity can be found

| 16]. Low-pass/high-pass diplexers can be designed as singly terminated filters

500
nput  >——| iy
90° Filter ag” l_
splitter splitter
landstop Bandpass
output Filter output

2.51 Diplexer using 90° hybrids and wo identical filters,
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or by computer optimization, making sure that the low-pass section starts with Input 2, /4 2 Output
series inductor, while the first component in the high-pass section is a series capae Zg R Zg

tor. Figure 2.52 shows this type of diplexer with 100-MHz corner frequency.

2.9 DIRECTIONAL COUPLERS

C c
2o
Isolated . 3 | ED i —J_ 4  Coupled
zﬂ 4 zu

Figure 2.53 Generalized directional coupler,

Directional couplers are most frequently used to sample the output of a po
amplifier stage, with the purpose of conwrolling its forward power level. O
uses of directional couplers are for detecting antenna faults, measuring unknow
impedances, and combining signals. Important directional coupler properties ar
low insertion loss and high directivity, which is a measure of the coupler’s capabilit
to detect power flow in only one direction. Operating bandwidth, coupling flatmes
coupling accuracy, VSWR, and power-handling capability are also important i
some applications. '

s the isolated port. The coupling is relatively broadband; the bandwidth of aperation
is mainly limited by the desired isolation. If the coupled signal is to exceed the
inolated signal by at least 20 dB (i.e., 20-dB directivity), the expected bandwidth
will be about 12% for a 50-0) coupler.

The two A/4 transmission lines can be approximated by their lumped COMmpa-
nent equivalents, but for directional couplers the equivalent T-circuit shows better
performance than the picircuit. The schematic diagram is shown in Figure 2.54,
yielding about 10% bandwidth for 20-dB directivity.

Coupling = 20 log(27fCZ,) (dB)

Coupling < -15 dB

= operating frequency (Hz) L Zy
Z, = characteristic impedance of A/4 lines and terminating impedances ({2) 2af
C = coupling capacitance (F), C< 0.18 / (27fZ,) |
E
Operation of the directional coupler shown in Figure 2.53 can be summari 1 (yicFr20)
by noting that power incident into port 1 is transferred to port 2 with litde lo S 7fZ
and is coupled into port 4 at the desired level of coupling. Port 3 is isolated. ’
power enters port 2 and leaves port 1, then port 3 is the coupled port and port L i
Input Output
20 ) I _.% zZ 0
C
Low-pass output A
e
7. ylsolated | | : Coupled
0 : T > <0
High-pass output : :
20 pF 18 pF 47 pF 500 ! c e ek
ke La | I | of Zy line
44 nH 56 nH : = [

Figure 2.52 Low-pass/high-pass type of diplexer. WVigure 2.54 Lumped-element approximation of loosely coupled directional coupler.
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Input Output

TRL #1 O
O TRL #2 %

Coupled Isolated

[ = operating frequency (Hz)
Z, = characteristic impedance of A/4 lines and terminating impedances (£})
€. = coupling capacitance (F), G < .18/ (27 %)

CF = coupling factor (dB}, CF < —15 dB

The topology in Figure 2.55 can be used for coupling tighter than 15 dB
3-dB coupler design is shown: _

Power incident into port 1 is coupled to port 2 at =3 dB, 07 to port 4 al
-3 dB, ~90%; and port 3 is isolated, provided all ports are terminated in the characien
istic impedance, Z,. This device, therefore, also behaves as a 90° power splitter
The 90° phase difference is very broadband, but the power split is within 3 dB £]
dB for approximately 20% bandwidth. ]

Figure 2,56 Coupled A/4 mansmission line directional coupler,

the even- and odd-mode velocity factors are different, resulting in inadequate signal
vancellation at the isolated port, that is, the coupler loses directivity. At the maxi-
mum coupling of 3 dB, the coupler properties are the same as a 90° power splitter.
The bandwidth of this type of coupler can be extended by using more A/4 sections

Z [17].
L=5at
1 . 00
C=ou o Zia :
2wy CF =20 log __Zq_. (2.18)
+1
Lo,

The most familiar directional coupler consists of two A/4 transverse electio
magnetic mode (TEM) coupled lines, as shown in Figure 2.56, useful for bandwid
up to an octave. Note that for this configuration the coupled and isolated ports
are reversed to what they were in the couplers in Figures 2,53, 2.54, and 2.55.

All ports must be terminated in the system characteristic impedance. Thy
coupler in Figure 2.56 works best for TEM mode transmission lines, such as coaxial
lines or striplines. It does not work very well in microstrip implementation, becaus

Zﬂ = '\,IIZ[.,Zm {2.19}

CF = coupling factor {dB)
%4 = even-mode characteristic impedance (£))
. = odd-mode characteristic impedance ({1}, £, < Z,,

£, = system impedance (£})
L L

1 5 2
T 1" ’

e

L
T

-

A directional coupler is frequently used 1o sample the output signal of a
transmitter and the coupled port is connected to a diode detector. In that case,
transmission line 2 characteristic impedance is designed to be higher than 50 )
(narrower trace), to develop greater voltage across the detector diode for given
Hwer coupling,

Power amplifiers designed to operate over a wide range of output powers
Iimpose some interesting system constraints on the directional coupler that samples
the output power: The coupling factor must be sufficiently high to reliably sample
the amplifier output at the lowest power setting, but such a tight coupling causes
liwrmaonics generated by the detector diodes to couple back into the output at the
lighest power setting. Therefore, the directional coupler should be followed by a
lw-pass filter to attenuate those harmonics. The obvious disadvantage of such an
rrangement is that the power-leveling loop can no longer compensate for the low-
puss filter loss.

[]
i
%
|
5
|||—1
3]

Figure 2.55 Narrowband lumped-element 3-dB coupler,
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4 nH 2

1
Input )_j = LY
LAALS 7 ﬂl.ltput
Coupled % Isolated

4 nH

The power-sampling directional coupler should not be placed right at-the
output of a high-power stage, because its output is usually rich in harmonics, cl
may be preferentially coupled to the detector (depending on the directional coupler
implementation).

One of the simplest and most generic lumped-element directional coupler
topologies consists of two murtually coupled coils and a capacitor, as shown in Figu
2.57.

Lines 1-2 and 34 are both capacitively and inductively coupled to each othet
Particular values of L, L., Ca, and k are required for this circuit to behave as .
directional coupler; in particular, wl, <€ Z,, wl, <€ Z,

Vigure 2.58 A 96-dB VHF directional coupler.

2
CF = 20 log[ ——+—

Lt T ufCa

CF = coupling factor (dB), CF < 0
Zy = characteristic impedance, terminating impedance at all ports (£})
[f= desired frequency of operation (Hz)

Equation (2.20) shows that the coupling will increase with frequency. L, £
and k depend on each other in a complex manner but can be easily determines
by computer optimization. The circuit in Figure 2.58 shows a 50-{), —26-dB couple
at 160 MHz. The bandwidth of this circuit is determined by the coupling accurag
desired and can be well over an octave if a slight increase of coupling with frequen
can be tolerated.

Such a circuit can also be realized by two microstrip lines of equal width
close proximity, as shown in Figure 2.59,

Coupled Isolated

re 2.59 Printed directional coupler much shorter than A/4.
x = length of coupling section (m)

¢ = speed of light, 2.9979 x 10° (m/s)
i 1 1 th, = odd-mode velocity factor, ) < < 1

Cp= ﬂ(y’nzh B I.l'p..z\u,)

i = even-mode velocity factor, 0 < < 1
41, = odd-mode characteristic impedance ({1}

Circuit Examples |

1z = equivalent coupling capacitance (F), which determines coupling factor

103

! 1 : Ly 2 g . 4, = even-mode characteristic impedance ({})
Input  / AL < Qutput
This circuit is much shorter than a qu:
; ; quarter-wavelength vet :
Cy2 I k ile Ihandjmdm, with the disadvantage that the coupling ingcrea}:aaif;:ﬁ'i;z:;;a
L o 57 i vll:::; :1-:Ii:1i -:o;pling lf];]gt;:u,]?nd spacing must be designed properly for mrrec;
- - : ontrast to the A/4 coupler in Fi is circui
Lo gl s upler in Figure 2.56, this circuit can be

Figure 2.57 Generic lumped-element directional coupler.

L ‘q*r'hen s1uch a coupler is implemented on a high €, circuit board, such as
or alumina, the equivalent C,, is usually much higher than required for the
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corresponding k. To compensate for this effect, the coupling line is made narrower
which has the effect of decreasing G and increasing k The example shown i
Figure 2.60 illustrates this: the main line requires 50 £} terminations, whilet [
coupled line requires 100 £} terminating impedances. The higher characteristi
impedance of the coupled line has the added benefit of increa.s_irllgl the RF m]i_ af
for a given amount of coupled power, thus improving the sensitivity of the diod
detector used for sensing the power, as previously mentioned. _

This coupler is about A/25 long at 125 MHz and has 30 dB coupling and 2
dB directivity. The coupling increases with frequency. Electrical parameters for thi
line, implemented in microstrip on G-10 material, are:

b ) TRL Z 22 ——
sl

72 = 54357 1)
v, = 0.573
2ot =4429 [}
1, = 0.599
Z,t=9570
u,’ = 0.584
Zut = 6843 01
v, = 0.622

1 Figure 2.61 Equivalent circnit of two asymmetrical coupled microstrip lines,

Ay = z{l:j
Faa = Zu,,ﬁ

2
e =

15_3_:_,( 11 )
i ZRJ\upZh, w74

thy = trP.“

The electrical equivalent circuit for the configuration in Figure 2.60 is shoy
in Figure 2.61.

7, and Zus are unbalanced transmission lines to ground, and 7, is a balanc

=i ]
. P = Up
line.

57 mm

Yo _ Upe

! - | ! s Zi,
}‘ 1 F i 1 1
v’ﬂu I,lr:,z‘n’

£y = even-maode impedance when a is the reference conductor
1" = even-mode velocity factor when « is the reference conductor
Lo’ = odd-mode impedance when « is the reference conductor

i," = odd-mode velocity factor when a is the reference conductor
/. = even-mode impedance when b4 is the reference conductor
1! = even-mode velocity factor when & is the reference conductor

/' = odd-mode impedance when b is the reference conductor

b = S

Figure 2.60 A 30-dB 125-MHz microstrip directional coupler.
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1! = odd-mode velocity factor when & is the reference conductor

Z,, = characteristic impedance of unbalanced line a in equivalent circuit

CF = coupling factor, coupled power relative to input power (dB), CF < 0
IL = insertion loss from port 1 to pore 2 (dB), IL > 0

Zus = characteristic impedance of unbalanced line & in equivalent circuit A = system impedance (£})
s

istic i lanced line in equivalent circuit i . : : ;
7., = characteristic impedance of ba “q The three quantities—coupling factor, insertion loss, and system impedance—

are not independent; once a coupling factor in a 504} system is selected, the
insertion loss becomes fixed, The directional coupler in Figure 2,62 can be used
us a broadband unequal power splitter with isolation. For example, the circuit in
Figure 2.63 is a 50-{) 10-dB / 3.3 dB power splitter with theoretical 60-dB isolation
hetween ports 2 and 3.

The performance and bandwidth of this circuit are limited only by the balun
ind stray parasitics,

A very small, low-frequency directional coupler can be conveniently con-
ptructed on a two-hole ferrite core using multfilar windings, as shown in Figure
464, The primary typically contains very few turns, while the ratio of secondary to

vy = velocity factor of line Zu
1 = velocity factor of line Lo

v = velocity factor of line Zy

The lengths of all the above transmission lines are the same and are equ

ical length of the coupling. , .

* meﬁp:ii‘uher ofgcomputer pmgrams are available to compute the rpud& imp |

ances and velocity factors from the physical geometry of asg:-rnmemcal cuuﬁ :
microstrip lines: RFLaplace™ from ingSOFT [18], Structure Simulator from

lett-Packard [19], and Maxwell® Spicelink from ﬁnsﬂ&_ [2{};. .:

The circuit shown in Figure 2,62 is yet another directional coupler topola

suitable for multioctave operaton. Input >

Power fed into port 1 emerges at port 2 and is sampled at port - Pm:-rer
into port 2 emerges at port 1, with no power coupled to port 3. Terminatin] 3.3 dB
impedance at all ports is RO o ground. 2
R -10 dB
CF =20 1og(Rl rx R) A
el
IL = -20 105(RE AT
R= \,||R|R-g
1 =
Input »
z Output 'nlllm 2,63 A 3.3<B/10«1B unequal power splitter with isolation.
L]
1:1 Balun
Coupled Input > > Output
Coupled ¢ e 3 Isolated
= (incident) Pri (reflected)

Figure 2.62 Broadband directional coupler using a balun. e 264 Directional coupler using two transformers,
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primary turns determines the coupling. The upper frequency range of this devic
rarely exceeds 600 MHz.

li[ﬂ-! I.-C Fﬂm

The two most common lowpass filters were selected i i

; for this section: Butterworth
nd (:heb}'shex' responses. Both filters share the same topology shown in Figure 2.65
um.l Figure 2.66; Butterworth filters have lower insertion loss for given component Q
while Chebyshev filters have steeper selectivity slope. '

Butterworth filter design equations:

C=20logn

C = coupling (dB)
n = secondary to primary turns ratio (linear)

A wrns ratio of 1,414 results in a 3-dB, 180° power splitter when the unuset
(isolated) port is terminated in 100 £L. This is in contrast to other reactive couplel
in this section, which have a 90° phase difference between the output and coup
ports. _

Any directional coupler can be used as an unequal power splitter, or faf

Crons = —LE TR (2.21)

cable communication terminology. Lieven = -ﬂﬂ af (2.22)
2.10 FILTERS . f(2k=-1)
g=2 sm(—ﬂ—f) (2.23)

Filters are the most fundamental building blocks for achieving frequency selection
transmitting certain frequencies without attenuation while rejecting other frequel
cies. Impedance-matching networks are also by necessity filter networks as a resul
of the Bode-Fano relationship, which is described in Section 2.12. The basic trade|
in filter design is low VSWR in the passband and sufficient attenuation in il
stopband. The majority of filters achieve frequency selection by reflection; a sml
class of filters called diplexers or absorptive filters achieve attenuation by absarbin

/= 3-dB corner frequency (Hz)
It = source and load resistance (both the same) (£1)
tt = number of components in filter

k = component number, odd for shunt C, even for series L

Lz Lg L{even)

6 L A
:I::1 :__[(:3 Ics

pire 2,65 Butterworth low-pass filter topalogy,

are not independent but are related through the Hilbert transform. In practie
terms, filters with very steep wansition bands have the largest group delay, ani
conversely, flat group delay requires very gentle transition from passband to sta

This section assumes that the filters will be realized with ideal compo el
and is therefore only a first step in obtaining the desired filter. A realistic filt

practical filters all conspire to lower the corner frequency, decrease band
and increase insertion loss,

Affter designing the ideal filter by the methods in this section, decide on
layout, include pad capacitances, model traces as transmission line sections, a
component parasitics, use computer optimization to adjust the filter COMmpont
values, and recover the desired performance. The key concept is to include t
circuit layour in the modeling process; you cannot accurately model RF ci
without taking the layout into account,

Lz Ly L(even)

9 I N
;l:ca 1—:3 ;[cs

.66 Chebyshey low-pass filter topology.
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The dual topology, which starts with a series L rather than shunt C, is less
preferred, because it cannot absorb the inevitable shunt capacitance at the input

and output; n should be odd for the same reason.
Chebyshe filter design equations:

Cuous = 2 wfR
_ &Rk
ch\\:n - ﬂ?f
2
gl 2 I—-Ar
: In com(ﬁﬂ—?)]
sinh 9n
da
- k=2 B il
& b:..LgH
. f(2k=-1) 7 ;
= ol et Rl v
G sm( In : "

Iy = sinh® o

R; = R for n odd,

ol con(iz)|

4

R_r_ = R mhﬁ

[ = ripple (not 3 dB) corner frequency (Hz)
R = source resistance ({1}

L, = passband ripple (dB)
n = number of components in filter

R, = required load resistance ()

& = component number, odd for shunt G, even for series L

L.ir
ln[mth(——)]
17.3 k
) sin"(—-ﬂw). k=1,2,...

for n even

(2.24)
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Many references use the 3-dB bandwidth rather than the ripple bandwidth
in tabulating Chebyshev filter component values. The two bandwidths are related
Ly

-_'Ig..‘i.".‘= h 1 h'l(;) 59
o COS [ﬂ COs m (2.32)

Since the passband ripple of Chebyshev filters is due entirely to mismatch
loss, the in-band return loss and passband ripple are related by (4.33), which can
I rewritten as;

107ke1® 4 1090 =

Highpass, bandpass, and bandstop filters can be derived from low-pass proto-
types using the transformations in Section 4.4. The design of bandpass filters by a
low-pass to bandpass transformation usually results in component values that are
ilifficult to realize. Another technique, based on coupled resonators, is particularly
convenient if properly understood. It consists of identical series or shunt resonators
voupled to each other through impedance inverters. What makes this technique
particularly useful is that any type of resonator can be used: LC, uransmission line,
or crystal resonators. Impedance inverters can be approximated by a number of
narrowband cireuits to implement a large variety of useful circuits. The design steps
for coupled resonator bandpass filters can be summarized by the following five-
iep procedure,

I. Decide on a resonator to be used. The only constraint required is that its
impedance (L to C ratio, or susceptance/reactance slope) properties be
known,

2, Calculate the kand g coupling coefficients appropriate for the design (Butter-
worth, Chebyshev, etc.). This can be done by using g coefficients from (2.23)

and (2.27). The variable nin those equations becomes the number of resona-
tors used.

i —g,gr.l-_| (2.33)

&= g g, = & (2.34)

The appropriate kand g coefficients for other types of filters are also available
Iin tables. The use of the 3-dB or the ripple frequency for Chebyshev filters must
li¢ clearly differentiated, because the k and g coefficients are different depending
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on which reference bandwidth we wish to use. The two sets of coefficients are

related by >— T —
K? L
fran J C:
fFaap = Frggee T
(a)
L
Roan =
1 dB H.Dﬁﬁ'ﬁ i K p &
¢ = input/output coupling coefficient when 3-dB bandwidth is used as A I
w P
reference for Chebyshev filters -JK - K I ¢ I ¢
g = input/output coupling coefficient when ripple bandwidth is used as 1 1

reference for Chebyshev filters, derived from (2.26} through (2.34)
ky 45 = coupling coefficient when 3-dB bandwidth is used as reference for
Chebyshev filters
ke = coupling coefficient when ripple bandwidth is used as
reference for Chebyshev filters, derived from (2.26) through (2.34)

Vigure 2,67 Impedance inverter approximations: (a) suitable for coupling series resonators, K= eyl =
1/ (eanC); (b suitable for coupling parallel resonators, K = eyl = 1/ (ayC).

K. = impedance inverter reactance for coupling series resonators,
= i 1 lated
fian = 3<dB bandwidth reference for Chebyshev filters, relate G T
Wi Y (eci2) 4 Ky = impedance inverter reactance for coupling parallel resonators,
friee = ripple bandwidth reference for Chebyshey filters, related to :
= mﬂLl = ]-.-"r{_wﬂcu}
fa by (252} k1 = normalized coupling coefficient between resonators,

computed from (2.33)
BV i = 3-dB bandwidth of desired filter (Hz)
= center {frequency of desired filter (Hz)

w, = center frequency of desired filter (rad/s)

3. Decide on the appropriate impedance inverter topology, whose negative
ponents can be easily absorbed by adjacent resonators. Calculate impeda

using —C, wherever L, is required and —I; whenever C is shown. A A/4 lengtl
of transmission line with its characteristic impedance equal w K realize
either as distributed or its lumped-component equivalent, will also serve
well as an impedance inverter circuit,

The inverter Kvalue (and from it the equivalent coupling inducts
or capacitance value) can be obtained from the following EXPressions.

Xj = resonator reactance 510[}& al resonance,

= apgl = 1/ (e C), where I and C are the
resonator equivalent component values

I, C,=impedance inverter component values

I, €= resonator equivalent circuit values

BW,
¢ —i‘TSE-u'X X (2.87

- f f
A
qu-uq] I{J BWa s X X

4. Caleulate required terminating impedances for the filter,

X BWs

R = T for series resonator wpology (2.59)
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X
Rf = B_;ﬂﬂﬁ for parallel resonator topology
dil

5. The filter implementation will introduce parasitic components such as coil
losses, circuit race inductances, and node capacitances, which are diffi

optimization of an accurate model of the proposed filter layout.

The series resonator design procedure is illustrated by the example in Figure
2.30, while the parallel resonator case is expanded in Subsection 2.10.2. Additional
design information can also be found in [21].

Chebyshev low-pass filters of even order require different source and load
impedances in their realization; this is not so for Chebyshev bandpass filters. Regard:
less of filter order, the source and load impedances are always equal for bandpas
filters realized using the coupled resonator technique.

Subsection 2.10.2 expands on the five-step design process described above
and presents additional information on modeling and empirical adjustment of hi :'..:
@, coupled-resonator bandpass filters.

2.10.2 Coupled Resonator Filters

reminiscent of small engine blocks, whose impressive performance places them i
a class by themselves. Yet such filters are quite easy to design and simulate; thi
main difficulties associated with these filters are mechanical. The main reason fio
using coupled resonator filters is that very high component (J's (and therefore o
insertion loss and high selectivity) can be achieved. Conventional LC filters af
limited by coil Q of about 150, while the @ of a coaxial or helical resonator is limite
only by its physical size. Resonator (s in the high hundreds or even thousands 2
achievable in practical structures. Coupled resonator filters are usually consoructe
using high- (), A/4 resonators coupled to each other by means of openings
apertures in the walls separating the resonators from each other. Such a structul
produces a narrow bandwidth filter, which can be modeled by a cascade of paral
LCR sections and impedance inverters. A three-resonator filter example is she
in Figure 2.68.

All the inductors, capacitors, and resistors are equal; input and output c
pling is modeled using ideal ransformers; and interresonator coupling is modell
by impedance inverters. There are several degrees of freedom in this schemal
no unique combination of components will result in a specific frequency respon
No measurement can be performed at the filter terminals that will tell us what
values of L, C, K and R are. This is really quite an amazing fact; instead of presenti
a design difficulty, it opens up almost infinite possibilities: We can choose heli

Circuit Examples |

n:1
L ]
P
T2
or coaxial resonators, ceramic blocks, ar ANy resonant st

g I . ructure to realize suc
filters! 'f;;e only real requirement is that the unloaded I be high enough 1o ensl:::t'*:
feasonable insertion loss through the filter. The f : .
B et e eough the ; our parameters that must be
jpa assigning component values are center frequen f
I|Iu.f; _,lE._, unlc;rided Q of each resonator, filter bandwidth Af and desiredqcml qlwin’nl
tocthicients (i.e., Butterworth, Chebyshev shape), obtained from Subsection Eplﬂf
and (2.33) and (2.34). o
E A convenient set of component values for
2.8 can be generated as follows. Note that these
{|l.";'t_'ll'.ipfd in previous sections, exce
nient choice of Cand [
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K23

Figure 2.68 Coupled parallel resonator filter of three sections,

the equivalent circuit in Figure
are the same basic equations as
pt that they have been simplified by our conve-

1
L= ';I; (2.41)

= ]
= o (2.42)
k=0 (2.43)
K;= &}ku (2.44)

—qMba

" R Af (2.45)

L. = parallel inductance in equivalent circuit (H)

€ = parallel capacitance in equivalent circuit (F)

R = parallel resistance in equivalent circuit ({})

(! = unloaded quality factor of resonator
K = impedance inverter characteristic impedance ({})
Af= filter bandwidth (Hz)

k; = normalized coupling coefficients obtained from Subsection 2.10.1
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n = turns ratio of transformer in equivalent circuit

I
w, = center frequency of filter (rad/s) i : E % = =
s = center frequency of filter = wy/ (27 (Hz) s = @ 53
- =]
¢ = normalized input/output coupling coefficient obtained from & =
Subsection 2.10.1 @
R, = source resistance ({}) 'E’ 2
a 2
To illustrate the procedure for generating an equivalent circuit, assume = 2 £
we wish to model a five-resonator, 8-MHz-wide filter operating at 810 MHz, usis L
A/4 resonators with unloaded Q of 1800. It is to be a Chebyshev filter with & e
ks = 0.79745, ke = kau = 0.6077, and g = 45 = 1.1468. Then, from (2.41) th é’*
(2.45): 3
4 8
L =0.1965 nH g &
a
C=196.5 pF
R = 1800 {}
Ic]-! = 12&.9? ﬂ
Ks=12697 1 o
Ky = 166.61 ) =
w = 166.61 €1
n =1.5239 ! %
The equivalent circuit is shown in Figure 2.69. | A ) E“
The frequency response of this circuit can be obtained by conventional cird ! 2 P
analysis programs and is shown in Figure 2.70. | g
The equivalent circuit for the desired filter uses no information about = I g‘
physical filter, except for the unloaded Q. Why would such a general filter de 5l : &
tion be useful? This question can be answered in four parts: B t E
The implementation of high-performance coupled resonator filters relies ] i o E
empirical adjustment of coupling apertures and input/output coupling. The ele ' - | P £
[} i E
3 : :
l:n LCR LCR EC R e R LCR n:g 3| : 5
o 1 h g i :
L] = 1 -}
P < K12 Ka3| 3—=< [K 34 Kas| 3=—=S S w | g I
n T T TP i
= = = T Sg " - <
;

Figure 2.69 Five-resonator Chebyshev filter equivalent circuit.
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cuit allows us to determine the required coupling param&_

cal equivalent cir; _ : ,
cum;lut,er simulation, including the effects of finite Q.'1 he two coupling param

are A3dB and A f,, as defined by Zverev [22].

A3dB = 3-dB bandwidth when lightly probing the first resonator,
with second resonator shorted
- ik
A f, = frequency difference among frequency peaks at the
resonator, when the (n + 1)* resonator is shorted to ground
rs are related to the equivalent circuit defing

These two measured paramete
b}’ {2.41] (8] (2-45‘}1 when Q: o h}r:

..-.JI.E_ (24
K,_r-—-ﬁj;

B o
"="\R, A3dB

Thus, A3dB correlates to n, and Af, correlates o K; In the gcne:-al ;a.sr.:l 3

Q # o=, these equations cannot be u.ye-i] and '&ST:B and Af, have to be obtaned:
i ion from the equivalent circuit.

(‘D“‘IPE:[TE;:;H ;:i;::]&ﬂm the maeﬂ?emati-:a] details for a moment, note that two §
of numbers set the filter type and bandwidth. The usuainl parameters are “f
which we have transformed to n and K Once the equivalent ::u'-:-.ul_cg1 ;p
values have been assigned, we can obtain all I.hfi (elm:;mt para_meur:rh b: vl
normally be measured. For example, the circuit in Figure 2.71 c.m (
obtain A3dB for the simulated filter, by §hm:ung out the secor.ld resonator
and probing the first resonator with a highimpedance probe:

| ? Qutput

small
1:n
R=0
Input p Kiz ”
Ty resonator
shorted

Figure 2.71 Determining required A3dB from equivalent circuit by computer simulation,
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The input coupling in the physical filter would then be empirically adjusted
t0 obtain the required A3dB determined by simulation from the equivalent circuit.
T'his method works for any type of input coupling: tap, coupling loop, or capacitive
probe,

For our example in Figure 2.69, the required A3dB = 7.416 MHz. Note that
in the theoretical case when () = o=, the required A3dB would be 6.976. The usual
issumption of infinite @, with its associated errors, need not be made, if we have
uccess to the equivalent circuit and computer simulation.

Af, can be simulated or measured in a similar manner, shorting out the third
resonator and lighty sampling the energy in the first resonator, as shown in Figure
R72.

Two peaks in the frequency response will be obtained; their frequency differ-
rnce will give A, This frequency difference is usually difficult to measure accurately,
liccause the peaks are not very sharp. Our equivalent circuit allows us to devise
uther, more easily measured characteristics, such as the notch width between the
two peaks at the 10-dB down points. Whatever parameter we decide to track, the
uperture between the first and second resonators in the physical filter is adjusted
intil the desired Af, is obtained in the physical filter, corresponding to the Af
villue obtained by computer simulation. The procedure is repeated for all apertures
i the filter. The second reason the equivalent circuit is useful is its ability to handle

 pesonators with unequal (Fs. The appropriate R value is entered in the equivalent

vireuit, and simulated measurements can be performed without further difficulry.

The third consideration is that the transformer turns ratio and impedance
Wverter characteristic impedance can be related to physical dimensions of the filter,
1he mechanical tolerances can then be correlated to electrical tolerances, and
Monte-Carlo simulation can be performed to ascertain the effect of those mechani-
tnl inlerances, as well as to estimate tuning uncertainties. Plating variations will
tomtribute o R, internal apertures to K, input/output coupling 1o n, and tuning
Wneertainty 1o wy. Their relative contributions are best determined by measurement.

? Qutput
—= Small
- n
¥ E R i D
“iz K23 Third
resonator
shorted

re 1.72 Determining required Af from equivalent circuit by computer simulation,
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For example, if we deliberately increase an aperture size and evaluate its effect of
Af and hence on Ky, we can then relate the mechanical tolerance to tolerance o
K to be used in the model. Tuning uncertainty can be quantified by Ii.bblg‘l‘llng.
dlELleuLll‘Jl’l to the center frequency {either inductance or capacitance can be varieq
to simulate tuning uncertainty). If peak-dip muning is used, the amplitude resolutior
of the tuning indicator can serve to estimate the frequency aceuracy of the desi
peak or dip, based on their frequency responses from the equivalent circuit. Finally
the equivalent circuit can also be used to estimate the effect of temperature drif
usually the most challenging design problem of coupled resonator filters.
equivalent circuit can relate the frequency shift to insertion loss degradation 4
filter band edges. Once the required equivalent circuit is obtained at a gives
frequency, a set of convenient transformations can be used to arrive at different
related designs. _

If we have a design at one frequency, fi, and wish to obtain the identic
bandwidth, return loss, and insertion loss at a different frequency, f, the following
transformations in the equivalent circuit need to take place: -

1
Lz . ".:2 = ;2
K;;]_E KJ_]..%
Ha = My E
R, = R.‘é

A

If we have a design of certain bandwidth Af and wish to obtain a differell
bandwidth Af; at the same center frequency, with the same return loss and inserti
loss, the following transformations are appropriate:

A

Kr}..! = Kmfg
A

Ty = 1y Eﬁ_ﬁl
Ry = R,ﬁ
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When measuring Af, or A3dB, the measuring equipment is operating in an
snvironment where the impedances of the test item change a great deal. Care must
be taken to avoid frequency pulling or amplitude ripple in the signal generator
tsed for the measurement, At least 10 dB of attenuation should be used between
the signal generator and the test item, illustrated in Figure 2.73.

A convenient method of detuning, or shorting, the other resonators must
wlso be available for accurate measurements, although the equivalent circuit can
tuke imperfect detuning into account, as long as we know the frequency of the
iletuned resonators. The coupling coefficients, which determine the filter shape,
inn be obtained from the low-pass filter prototypes introduced in Subsection 2.10.1,
Iy setting the terminating impedance at 1 £} and corner frequency at 1 rad/sec.

Again, be aware that the coupling coefficients are different, depending on
the choice of 3 dB or ripple bandwidth for Chebyshev filters, as specified by (2.35)
nnd (2.26).

G =gu =g

hy =

@.\~
3

normalized input coupling coefficient

=
i

= normalizing output coupling coefficient

-
S
|

ky = normalized coupling coefficient between resonators i and §

g = first normalized prototype component value

¢ = normalized ™ prototype component value
g = normalized j" prototype component value
j=iv]
Lansely Second resonator
coupled detuned or shorted out
probe into
first
. O ] PR cavity
Occoe oooo 10 dB pad
oooo oooog i

Signal generator
(or network analyzer
output)

To level indicator
{or netwark analyzer input)

ve .75 Using attenuator to minimize Aj, and ASdB measurement error,
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The required resistance comes from the cavity’s unloaded @, which appears
is a very high parallel resistance in the circuit, which is transformed to 50 £ by the
shunt tunable line and high @ cavity tuning. Since the impedance tansformation is
s extreme, the bandwidth over which port 2 sees a 50-{} load is very narrow, and
i the desired objective has been achieved. Both the cavity and the shunt line must
he carefully uned and isolated from mechanical and thermal shocks 1o achieve a
stable notch. Other configurations of this basic topology are also possible [23].

Looking at the circuit in Figure 2.74 from an energy conservation point of
view, we observe that all energy fed into the input (circulator port 1) must be
ilissipated in the cavity at the notch frequency. Since the resonator’s equivalent
parallel resistance is high—see (4.63), the RF voltage inside the cavity can be
ijuite high; in fact, this 15 a similar principle that N. Tesla used in his famous coil
experiments, Therefore, the setup in Figure 2.74 can also be used to generate very
high RF voltages by employing a cavity of the required high quality factor,

The k and g values, as well as the n and K values, can also be uhtaere d
indirectly by computer optimization techniques. Simply decide on the filter perfors
mance goals, set nand K for optimization, and let the computer converge on th

desired set of values. )
Coupled resonator filters with relative 3-dB bandwidths of 0.5% to 15% ar

feasible; aperture coupling can be used up to about 3% relar.ij.-r: bandwidth, afte
which direct coupling should be used to achieve wider handv«ludths. :

Sections of 50-{) transmission line can be added at the input and output of
the equivalent circuit to obtain the required delays, if phase information is important
in your model.

2.10.3 Narrow-Noich Filters

A technique for constructing very narrow-notch filters is shown in Figure %.?4; '
50-kHz-wide notch at UHF is easily achievable. The connections between the circuli
wor, T-connector, and cavity must be kept as short as possible. 1

The notch bandwidth that can be obtained is much narrower Lh;fn }Jsm
the cavity alone. This filter has the additional interesting property that its input
impedan::e at the notch frequency is resistive; it does not _ar,hieve sele;t.iwr}rr -
reflection and impedance mismatch. Using a circulator resn{lts in the lowest insertion
loss: if this is not required, a simple power splitter will work just as well, The principle
of operation relies on the fact that when the impedance presented at EII'CU.!.B: o
port 2 is equal to 50 £}, then there is no output at port 3 A reaslfonalble questia 'l'llf
might be how can we get a 50-(] resistive impedance from the circuit connectet
to port 2, noting that it only contains reactive cun1ponen|1-:?

211 FREQUENCY MULTIPLIERS

I'requency muldpliers are used in situations where an oscillator at the high funda-
mental frequency is limited in some way: there is insufficient device gain, the
tesonator is impractical, phase noise is too high, or wideband frequency modulation
I8 desired.

Basic Fourier theory [14] can indicate which devices or methods may be
sttitable for frequency multiplication. For example, a square wave has no even
harmonics, and the third harmonic is 7 dB down from the peak input signal.
Therefore, a limiter will perform poorly as a frequency doubler, and the best
ronversion loss that can be expected for the third harmonic is 7 dB.

Half-wave and fullwave rectified signals, on the other hand, have no odd
lirmonics. Conversion loss from peak input for the second harmonic is 13.5 dB
liw half-wave and 7.5 dB for full-wave rectifier. An active class-C frequency multiplier
vin therefore be expected to operate slightly more efficiently for even harmonics
than for odd harmonics, unless driven so hard that limiting ocours,

Whatever circuit is used for frequency multiplication, the output will be rich
W undesired harmonics; for that reason, frequency multipliers are inherently nar-
towhand devices, because the desired output harmonic must be selected by a
linndpass filter.

A double-balanced mixer wogether with a power splitter can be used as a

Adjustable
length short

Circulator

Input 3 [1equency doubler, as shown in Figure 2.75(a). The conversion loss for the second
High Q hiwrmonic is about .18 dB, with all other hannnfﬁcs (including fundamental) more
cavity than 12 dB down from the second harmonic signal.

Output Any fullwave rectifier circuit, such as the one shown in Figure 2.75(b}, achieves

ihiont 15-dB conversion loss for the second harmonic, with all other harmonics

Figure 2.74 Narrowband absorptive notch filter {ncluding fundamental) more than 10 dB down from the second harmonic signal.
L] - i s
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f in PQ fi"
Y] 2*fin ® 2% finl
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splitter balanced
mixer

b
(a) (b)

Figure 2.75 Passive frequency doublers.

Active frequency multipliers using bipolar transistors can be designed usin

the six broad design criteria illustrated in Figure 2.76:

1. Bias the device to be just barely ON in the absence of an input signal.
9, Match the input for maximum power transfer into the device at the fundame;
tal frequency.

3. Provide fully reflective, low-impedance input termination at all harmonics

except fundamental.

4. Provide a fully reflective, low-impedance output termination at all harmonics;

except the desired one.
5. The output circuit should provide a high impedance to the desired harmonic

6. Supply the circuit with sufficiently high input signal level to initiate nonline: r

upcratian_

14.4 MHz in
-4 dBm

Figure 2.76 Active [requency quadrupler.

Circuit Examples | 125

The basic idea is to reflect all undesired harmonics back into the device for
further conversion into the desired output harmonic. Note that this procedure is
the exact opposite to device operation for least distortion, where all undesired
harmonics are kept away from the active device by nonreflective diplexer termina-
tions, In the example in Figure 2.76, the base circuit is series resonant at 14.4 MHz,
and the collector circuit is parallel resonant at 57.6 MHz. Component values can
be selected for maximum gain and lower spurious rejection or for lower gain and
higher spurious rejection. Spurious here means mainly the %3 and x5 products.
Using the component values shown in Figure 2.76, all undesired harmonics are
more than 18 dB down from the 57.6-MHz signal. Since both input and ourput
circuits are resonant at their respective frequencies, all other harmonics are
reflected back into the device. Series-resonant traps called idfers are sometimes used
in the output circuit to deliberately trap the undesired frequency components;
such topology further restricts the operating bandwidth.

Step recovery diode frequency multipliers are used at microwave frequencies
to generate high harmonics at a higher efficiency than available from bipolar
iransistors. Varactor diodes have also been used for frequency muliplication; their
relatively high operating impedance makes them suitable for high-power operation.
Reference [24] contains a short note on using 180° power splitters and matched
FETs to implement a broadband active frequency mulidplier with gain, which has
inherent suppression of odd harmonics.

2.12 IMPEDANCE-MATCHING NETWORKS

Many system concepts discussed in Chapter 1 require that all available input power
be transferred from one stage to the next. Transducergain and noise-figure calcula-
tions in particular require that all available power be transferred from stage input
1o its output. This requires that the stages be impedance matched to each other:

The output impedance of a stage and the input impedance of the following
stage must be complex conjugates of each other. Interstage impedance maich
puarantees minimum insertion loss through a chain of devices.

Most impedance-matching problems can be analyzed as trajectories on the
Smith Chart, where the addition of a series or shunt component moves the total
impedance along constant impedance or admitance circles, as shown in Figure
R.77.

For an example of usage, assume a normalized impedance of 0.3 + 7 0.5, which
is in the top left quadrant of the Smith Chart. Adding series inductance will move
the impedance point clockwise on the impedance chart; adding series capacitance
will move the impedance counterclockwise on the impedance chart. Adding parallel
inductance will move it counterclockwise on the admittance chart, and adding
parallel capacitance will move it clockwise on the admittance chart. The relatve
amount of movement is given by the equations in Figure 2.77.
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Impedance
chart

\
- #

Series
transmission
line Zg

Admittance .
chart

Figure 2.77 Impedance matching guide.

If we want to match our impedance to the reference impedance (usually 50
(1), then the aim of impedance matching is to arrive at the center of the Smith
Chart by traveling along impedance and admittance arcs from the starting point,

If the aim is to provide impedance matching to an impedance other than the
reference impedance, then the end point of the matching trajectory is the conjuga
of the target impedance. The matching trajectory is plotted on the Smith Chart as
each matching component is added.

Constant ( lines, which are defined in Section 4.18, can be overlaid on
Smith Chart shown in Figure 2.78, to estimate the matching network bandwid
In general, the closer an impedance-matching trajectory comes to the edge of th
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Figure 2.78 Consant () arcs,

f-'unith Chart, the narrower the bandwidth. Maximum bandwidth for a given match-
Ing network can be obtained by keeping the trajectories short, well away from the
vidges of the Smith Chart and as close to the real axis as possible. If }'r:m want o
deliberately design for a certain bandwidth (equal to a certain @), then make sure
that one vertex of the matching trajectory touches the desired constant-Q arc and
that all (th(frl trajectory points are well inside lower () regions.

_ C_.apacu{ve tap impedance matching is illustrated in Figure 2.79. A high L/C
rano yields wider bandwidth but inroduces greater center frequency error.

Gy
) (2.48)

R, = R.';(—E—
]
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Figure 2.79 Capacitive divider, s < Ry

There are two constraints in applying (2.48); the upper limit on L is fnrhc
C, is not required, while at low L/C ratios the circuit becomes sensitive to minu
component value changes. As a general rule of thumb, L must be smaller than L

but not very much smaller.

The tapped coil in Figure 2.18 is also frequently used to achieve impedan

transformation; see (2.14).

A single-section quarter-wave transformer can match two resistive impedance
The bandwidth of such a transformer is inversely proportional to the resis

ratio between source and load.

7= \EE,

Z, = characteristic impedance of A/4 line used as impedance transtormer

R = source resistance ({})
R, = load resistance ({1)

Multiple A/4 sections, shown in Figure 2.80, can be used to widen the

width of the basic, single section A/4 transformer.

Zy="\(RJ°R,
Zy = *\[(R.)*Rs

W
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Figure 2.80 Two—section quarter-wave transformer.

The series to parallel transformation in Figure 2.81 is exact at only one
lrequency and only approximate for wider bandwidths. This approximate nar-
rowband transformation is useful for modeling and matching power amplifier,
crystal, and varactor circuits.

Ry= —% (2.49)
=
14+ ( Xr)
R§
et < (2.50)

X
R, = Rj[l ; (ﬁ-i)] (2.51)

Xpum yy———— (2.52)

Fljgure 2,81 Series to parallel transformation.
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The bandwidth of impedance-matching circuits is governed by the Bode-Fang
relationship [25-27], which places an upper limit on such bandwidth. If we want:
to match a resistive source R to a reactive load R, + j X;, then the bandwidth of
the impedance-matching network will be finite, even if an infinite number of matching
components is used! The bandwidth can be traded off for the desired return loss.

ﬁln[ﬂ_lw-}"] d w =

Equation (2.53) can be simplified once we realize that the integrated quanti :
is proportional to the remun loss. '

273 6
Remrn Loss = 0, BW

Wy

2.53)
0, (2.53)

(2.54).

BW = bandwidth over which return loss (dB} is assumed constant (MHz)
Q.= load Q; IX/ Ryl
I'= input reflection coefficient of passive, lossless matching
network terminated in the load
@, = load resonant frequency; simply a reference frequency at which load
{1 is evaluated and which serves as a reference frequency for
relative bandwidth expressions.
= @/ (2 ) (MHz)

There are so many assumptions underlying (2.54) that it is rarely used in
practice, but it provides a rough first estimate of achievable bandwidth. The most
basic assumption is that the magnitude of the reflection coefficient |I7] is constant
over the bandwidth of interest. Another assumption is that the load Q is also
constant with frequency.

The limitations imposed by the Bode-Fano relationship can be circumvented
by using diplexer or multiplexer networks to break the frequency band into separate
bandwidths, over which the Bode-Fano relationship can be individually satisfied.

2.13 MIXERS

Mixers are the primary frequency-translation devices in a communication system
In contrast to frequency multipliers and frequency dividers, which also change
signal frequency, mixers faithfully preserve the amplitude and phase properties of
signals at the RF port. Signals can therefore be wtranslated in frequency withoul
affecting their modulation properties. AM, FM, and PM modulation indices a
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preserved in the frequency translation. Important mixer properties are conversion
loss, intercept point, LO to RF isolation, and LO noise rejection. Other mixer
properties of lesser importance are RF to IF isolation, high-order spurious response
rejection, and image noise suppression.

2.13.1 Passive Mixers

The complexity of a mixer depends on its desired performance level. The circuits
range from the simplest single-diode mixer to complex image-reject or SSB mixers.
Single-diode mixers are often used at high microwave frequencies simply because
other alternatives are not available or are too costly.

Port-to-port isolation of single-device mixers depends on external filters; there
It no LO AM noise rejection and no inherent suppression of spurious responses.
Singly balanced mixers have high LO-RF isolation, RF-IF isolation depends on
lilters, and even-order LO harmonics are suppressed. Double-balanced mixers have
high port-to-port isolation and excellent LO wideband AM naoise rejection and
sippress even harmonics of both RF and LO signals, Image-rejection mixers provide
|-||11.~uut 20 dB of image rejection. Figure 2.82 shows the two most widely used passive
WIXETS,

The double-balanced version may or may not contain the RC networks. They
wre used to improve IP3 in high-performance mixers. Resistor R and local oscillator
power are related: higher Rrequires higher LO power. Capacitor Cis an RF bypass,
ind Ty and T are 4:1 balun transformers, often implemented as shown in Figure
.22 at high frequencies. The mixer shown in Figure 2.82(a) is more broadband,
hecause the bandwidth of the single-balanced version of Figure 2.82(b) is limited

Filter Filter

RF >—|

> IF

Lo

10041, 4/2

(b)

(&)

Vjgure 2.82 Schouky diode mixers: (a) double-balanced, (b) single-balanced.
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by the A/2 length line. For best operation in both versions, all diodes should be
martched. b
Double-balanced passive mixers have gained popularity because of their high
performance and steadily declining cost. The major disadvantage is the high
power required for linear performance. The input IP3 and the LO power are relate
by a simple formula (quantities are in decibels): IP3 = (LO power + conversion loss).
A given mixer will reach an intercept point plateau at high LO powers, and better
IP3 can no longer be obtained by increasing the LO power. In that case, resis
I has to be increased, or higher barrier diodes should be used. The rejection of
wideband AM noise on the local oscillator is of particular concern in high-sensitivity
receivers and is an important benefit offered by all double-balanced mixers. Section
3.8 deals with this topic in more detail.

This practice is discouraged, however, for broadband mixers, because the required
image termination cannot be maintained over a wide enough frequency range, a
it strongly affects the IF port output impedance. Mismatched reactive termination
at mixer ports are undesirable because they affect IM and spurious rejection in
unpredictable ways. A diplexer network on the IF port is mandatory for best perfor
mance to avoid reflecting signals back intwo the mixer for remixing.

The circuit in Figure 2.83 can be used to suppress the image response |
about 20 dB, with 10° phase and 1-dB amplitude balance in the circuits,

2.13.2 Active Mixers

Active mixers have the advantage of lower conversion loss (possibly conversiof
gain) and lower local oscillator power requirement. JFETs are used at lower freq e
cies, and GaAs FETs are popular at VHF and higher frequencies. While actiy
mixers can have conversion gain, their noise figure is not all that much better tha

aF(;('\IF
Nt
LO
RF »— 90 o 80" —
power LO}_ power power
{ splitter splitter combiner —
= Lo
RF IF
(%)

N

Figure 2.83 Image-reject mixer topology.
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fllll::;l:i:ﬁrmxt:rs ant_:: l;?vers around 6 dB. Commercial ICs with integrated low-noise
i er are available to minimize the impact of i i \
i : 1 : Poor mixer noise figure,
uuf:gT;tcd amp{lﬁcr-ﬂllel' combinations suffer from poor IM perfognl:]an?: S
y ingle-device mixers have the distinet disadvantage of not am:nuating;; local
0sC i
FI\(.'II_‘ :.mrz:lM noise and mefeﬁ}m always require an injection filter. Representative
; Slir-:ulxts are 5hc@ n Figure 2.84; bipolar circuits are very similar
- n;magni:e;qce rfnucers need to follow some general design guidelines for best
- I reterence to Figure 2.84(a), the source (LO)
— . ; node should
;f;;n;{g;?m;t th;e1 RF and IF frequencies for maximum conversion gain whileb:h:
i node should be a short circuit at the LO in
Iransconductance variation due to th i Vi ey s
e LO signal and to prevent LO | i
' . cakage into
.I-I.I:liFmP‘;;: scntducu-?n of If*D energy backward into the receiver’s am:?lgna Is a
0st recevers. To prevent oscillations, the draj
short circuit at both LO and RF freq i : ks dhealh et
uencies, and the gate node shoul
lmpedance at the IF fr i o e 1f o 1
equency. This also ensy i i
e res that noise at the IF frequency is
:;I-::i;c;.::rh;}ﬁlj .b-c sevcraj tens of ki} for best conversion gain; its value will also
fect istortion performance. The drain circuit
Itjecton of the LO frequency i IF e it
" quency in order not to overload any IF amplifiers further

These impedance constraints i i i i
R nts inherenty require that single-device mixers be
The circuit in Figure 2 834(b) avoids s i
~ Thec ; some of th : icti
.[,Tlnﬂtdmg ];nlﬂ'l-'erem isolation between the RF and Lf}];?gs::n;; rﬂ.:iml:;:zn;at:;
ructure. Both circuits are very sensitive to the drain im
cture pedance at the IF f;
A high impedance, as may result at the edges of a crystal filter, will ;:;I;f:;ﬁ;

A+
IF
circuit IF
RF
circuit
(a) (b)

re 2.84 Single-device active mixers: () JFET, (b) dualgate GaAs.
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degrade IM performance. Diplexer or impedance inverter circuit (LC A/4 line
similar to Figure 2.126) should be used to avoid this difficulty. Double-balanced
active mixers have very good performance at low LO levels, but their circuit complexs
ity is higher than passive mixers because three baluns with impedance transforma
tion are required. Another requirement is dc bias. Typical circuits are shown in
Figure 2,85 and Figure 2.86.

Transformer baluns T} and T, are 4:1, while T, can be as much as 25:1 for
50-{) operation due to the very high drain impedance. All capacitors perform RE
bypass and dc blocking functions. The four matched FETs can often be obtained
in one package, but the disadvantage is the relatively low overall power dissipation,
which limits the LO power and therefore the intercept point. With 4V drain supply,
10-mA bias current, and +7-dBm LO power, the conversion loss is about 1 dB, noise
figure is 5.5 dB, and IP3 is near +22 dBm over a broad frequency range.

Component values and design constraints for the circuit in Figure 2.86 are
similar to the circuit in Figure 2.85. Resistors R, and R, provide bias for the Lo
gate (which is the LO input), and resistors R, and R, provide bias for the othey
gate. Reference [28] contains a thorough analysis of active and passive mixers af
many different topologies. Integrated circuit mixers suitable at frequencies below
VHF use an emittercoupled stage whose current is controlled by the LO signal, ay
shown in Figure 2.87. This mixer does not reject AM noise on the LO signal because
it is only a singly balanced topology.

Figure .86 Dual-gate FET double-balanced mixer,

Figure 2.85 Double-balanced active mixer using four marched FETs.
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Four-quadrant multipliers based on the Gilbert gain cell are gaining popularity
as mixers at lower frequencies [29,30]. Such mixers rely on close matching of their
transistors’ properties and are therefore only realizable as integrated circuits. Four-
quadrant multipliers are linear with respect to both RF and LO ports and therefo!

do not offer wideband AM noise rejection. Three baluns are required to allow 10ka
unbalanced operation because the basic multiplier is balanced with respect ta 0
ground at all three ports. Emittercoupled stages used as internal, active baluns 1
typically restrict the operating bandwidth of such devices. —_— l
; 100
MHz == | (BF
2.14 OSCILLATORS 10k I | 16.7 MHz
-2 dBm

Oscillators generate the RF signals that are ultimately transmitted by antennas ._. 470 0

by a cable system and generate local oscillator signals used in processing receiver
signals. The requirements for oscillators used in receivers are more stringent than
requirements for transmit oscillators. In addition to frequency stability, receives
local oscillators must have low 55B phase noise required for adjacent channe
selectivity and low wideband noise required for good receiver sensitivity and m

¢,
56
pF

Figure 2.88 Colpitts fundamental mode oscillator.

be free of spurious modulation, Transmitter oscillators do have one unique require: 5V
ment, called load pull, which is a measure of how much the oscillator frequency
shifts as a result of changing load conditions such as might be present during _—

transmitter turn-on (see Subsection 1.2.2). In some applications the oscillator's
output harmonic content, current consumption, operation over extended tempe
ture range, fast urn-on and mrn-off times, and easy modulation capability may

|
i i | p—
additional requirements. o 100 16.7 MHz
47 pF pF 0 dBm

2.14.1 Crystal Oscillators —l [l 4

. _ 16.7 MHz A
Crystal oscillators have two distinguishing characteristics: frequency stability ane -1
excellent SSB phase noise. Their drawbacks are low frequency of operation an 180 pF :E’?g pF
low-output power level. = =

Crystal oscillators are basically of two types: fundamental and overtone.
overtone circuits either resonate the crystal parasitic parallel capacitance or pro
frequency-selective feedback in order to force the circuit to oscillate at the overton
frequencies. A large variety of crystal oscillator circuits have been investigated [$1]
this section presents the most commonly used circuits, '

Figure 2.88 and Figure 2.89 show fundamental mode topology, while Fig
2.90 shows a third overtone circuir; all use 16.7-MHz fundamental mode crystal,

Capacitor € can be used to trim the oscillation frequency up in both Colpit
and Pierce designs; an inductor in place of ¢ pulls the frequency lower. In th
overtone circuit in Figure 2,90, the resonance formed by L; and € must be e
the desired operating frequency. The frequency cannot be pulled as easily as

Vigure 2.89 Better-performance Pierce fundamental design.

ihe fundamental mode circuit. A capacitor in series with the crystal will pull the
fiequency higher, as in the fundamental mode circuit.

Since the overtone frequencies are not exact odd multiples of the fundamen-
lul, a significant frequency error may result when a crystal specified at its fundamen-
il mode is used in an overtone circuit. When a crystal is used in the overtone
Wode, it is best to specify its seriesresonant frequency at the desired overtone for
51 frequency accuracy. Careful measurement of crystal insertion loss in a swept-

equency measurement shown in Figure 2.91(a) will detect the overtone frequen-
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5V

10ka L,£290

16.7 MHz 27  50.1 MHz
U pF -2 dBm

T S § :

(a) (b} {c)

Figure 291 Measurements of fundamental and overtone crystal parameters: () measuring series res

nance, (b} measuring series resistance, and (c) equivalent circuil
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kept low, in order not to affect long-term aging and frequency drifit. A few mW of
ilissipated power will damage the crystal. Therefore, the de bias of the oscillator
transistor should be near 10 mW or less; bipolar devices have significandy higher
pain than FETs at such low bias levels and are therefore the preferred active
clements, Nevertheless, for very low noise designs, JFETs are still preferred due to
their lower flicker noise.

2.14.2 LC Oscillators

Fiures 2.92 through 2.94 show basic, representative oscillator circuits; both induc-
lor and capacitor values are inversely proportional to frequency, so that frequency
saling to other frequencies is fairly straightforward, as long as the device has enough
piin to ensure oscillation. At high frequencies, the device internal reactances also
liecome important; use of surface-mount chip components is highly recommended.
I is also important to ensure that RF chokes and bypass capacitors are suitable for
the intended frequency of operation. For example, a 0.01-uF capacitor is not an
fippropriate bypass at 400 MHz because of its inevitable series inductance. Figures
202 and 2.93 show simple Colpitts and Clapp oscillators built with commaonly
ivailable parts. The virtue of the circuit in Figure 2,93 is that it uses only two
vapracitance values and a length of standard 50-{) coaxial cable as a high-( resonator.
Nite that the 290-nH inductor is part of the resonant circuit in the 35-MHz oscillator
lit is just an RF choke in the 700-MHz circuit. The ratios of component values are
It very critical, since the circuits will oscillate over a wide range of component
Vilues; any of the lowwalue capacitors or inductors can be adjusted to tune the
icillator frequency.

cies from measurement of series resonances and indeed will indicate if a certal
overtone can be used at all. If the series resonance is not pronounced {!css -
a 5-dB notch in a sweptfrequency measurement), then an ow;rmne uscﬂlator_
that frequency will be difficult to design. Direct measurement of crystal_ pararnet
requires a stable, low-noise source, because very narrowband features need to i
resolved. i
The measurement of insertion loss at series resonance, shown in Fig
2,91 (h). can be used to calculate R, which is irnp-c:rlant in z:s-;rt.ir_nalzi}-lg r:rysu;ﬂ PO
dissipation. Quartz crystals are fragile, and maximum power dISFilp'ld.tlﬂf'l spemﬁca :
of less than 100 gW is not uncommon. The crystal power dissipation should |

e .92 Colpins 35-MHz oscillator,
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4.3

5001, 2cm F
HO0 MHz <_P_| > 900 MHz
c #15 dBm +15 dBm
= W 180° at 0°
;EI.? pF
700 MHz,
+15 dBm
Mjure 2,94 Balanced 900-MHz oscillator.

The circuit in Figure 2.94 is very suitable for high-power oscillators: 1-W
umbined output at frequencies well into the GHz range is feasible with MRF580
ilevices. The midpoint of the 50-(1 line is a virtual ground and can be used to bring
il varactor bias, if required. Since the circuit is balanced, it has inherent suppression
il odd harmonics, as long as care is taken to keep the two parts of the circuit
ylectrically symmetrical. A series LC circuit can be used instead of the transmission
liine at lower frequencies, but the simple base to emitter capacitor will fail to produce
jepative resistance required for oscillation at low frequencies,

Designing an oscillator for particular output power level is not an easy task.
Ihere is general disagreement in the literature on how much RF power can be
jhtained from the supplied dc bias; top estimates vary from 10% to 55% of dc input
- power, with the highest efficiency available only for low-power circuits {author’s own
jesearch into solar-powered transmitters). Excess loop gain can result in higher RF
power but at the expense of harmonic content and S5B phase noise. Active bias
jun also help reduce de power dissipation in bias resistors. Without any special
[irecautions taken, 10% efficiency can be expected. If stable output power level
Jwer temperature extremes is desired, then some form of AGC should be used to
Ansure oscillator startup at temperature extremes,

Figure 2.93 Clapp T00-MHz oscillator.

A field effect transistor (FET) oscillator circuit is shown in the subsectiol
9.14.3: the varactors can be replaced by a capacitor for fixed-frequency opera it
In both crystal and LC circuits, high Cto Lratios are desirable, so that the extern
capacitors are much larger than the active device parasitic capacitances, ensurii
that the sensitivity of circuit performance to active device variations is minimizel
The Inversion and Franklin topologies [32] are also suitable for highly stable [
oscillator circuits.

A particularly interesting high-frequency oscillator design is the baland
oscillator shown in Figure 2.94. The base-to-emitter capacitors cause each devi
to exhibit negative resistance, as well as some reactance. The oscillation frequeil
is the frequency at which the device input reactances and the transmission il
provide a 180° phase shift. The two balanced and ourofphase outputs can dif
a balanced mixer directly, without requiring a balun. When the two outputs |
combined using a 180° power combiner, a theoretical 3-dB improvement in 3
phase noise (over that available from a single device) results. The RF voltages il
correlated and therefore combine to produce a 6-dB-higher output signal, whers
the SSB phase noise from the two devices is not correlated and produces only
dB-higher noise when combined. The result is a theoretical 3-dB improvementi
/N ratio compared to a single-device oscillator. If the two outputs are combill
using a 0° power combiner, the fundamental frequency signal cancels, while |
second harmonic output is enhanced, allowing the generation of higher frequent
using the same basic topology.

1.114.3 Voltage-Controlled Oscillators

uliage-controlled oscillators (VCOs) are most often used as important compaonents
il frequency synthesizers and phase-locked loops, less often as sweptfrequency
jynal sources for radar, and for communication systems where the transmitted
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signal needs to be swept in frequency because the receiver's frequency is unknao
or is unstable. 1

A VCO design is usually a compromise among a host of conﬂicdng requirt
ments. The primary conflict is between tuning range and 55B phase noise. Som
important VCO parameters are operating frequency, tuning range, SSB !:nhase noiy
mode hopping (tendency to oscillate atan undesired frequency, sometimes rela L
to L,}, modulation sensitivity, modulation linearity, temperature performance, suj
ply sensitvity, post-tuning drift, spurious ourput, output power flatness and perfol
mance when subjected to mechanical vibraton.

Any of the circuits from the previous section can be used as VCOs by replacin
a frequency-determining capacitor with a varactor. From the large number of VE{
designs, the modified Clapp oscillator shown in Figure 2.95 was selected as a vel
successful low SSB phase noise design. JFET transistors have the lowest 1/fno
but are limited to less than about 600 MHz. Bipolar transistors must be used
higher frequencies.

|,/ ratio is required for wide tuning range. Inductor L, across tuning varactors
provides compensation if constant steering line sensitivity is required; it also expands
e frequency tuning range. Capacitor Cy can improve S5B-phase noise under the
yonditions described in Section 4,14, Ly, L., and L; are RF chokes; C;, Cs, and C;
wire RF bypass capacitors. Resistor f; is selected to be no lower than required to
vnsure oscillator startup at high temperature. €, is Nchannel depletion type JFET,
giich as the J310. Schottky diodes D, and I}, together with a small value of C; provide
AGC. The output can be taken from the source node through a small capacitor or
il resonator [, tap point. Tapping from the resonator has the added advantages
ul filtering wideband noise and isolating the active device from possible reflection
il harmonics from the external environment. Harmonic remixing can degrade
Hhili-phase noise.

The debate whether to include AGC amplitude control in a VOO has many
wilherents on both sides. Bipolar oscillators typically have less need for AGC than
T oseillators. You should consider AGC if any of the following operating condi-
Hlns are encountered:

Cy = 1/(500 f) (F)
C; = 1/(500 ) (F)

= oscillator frequency (Hz)

I. There are fast frequency changes. If the VOO is required 1o switch over a

wide frequency range, AGC may be advantageous. Without AGC, the oscillator
] may stop oscillating momentarily during the switching interval, and the synthe-
Components C;, L, G, and C; are selected to produce resonance at il sizer will lose synchronism, with a potentially long recovery interval.

desired frequency; L, (possibly including some of G) is a high-Q resonator. A hi 2. Low SSB phase noise designs that operate over a wide temperature range will

henefit from AGC, because the gain required to start oscillations at tempera-
ture extremes may be too high o ensure low 55B phase noise at room
lﬂmperaturt.

4. Constant oscillation amplitude is required. This is especially important in low-
noise or wide ning range designs where it is important to avoid varactor
rectification of RF energy. If RF energy is rectified, it changes the de hias on
the varactor, shifts frequency, and increases losses,

4. Oscillator device exhibits large parameter variations from lot to lot

The AGC widely used with FET oscillators is gate leak bias, where a portion
il the RF energy is rectified and the resultant voltage is applied to the gate as a
pgative voltage to limit device current in inverse proportion to RF amplitude. A

6 Minple rectifier for use with a common-gate oscillator is shown in Figure 2.96.

e L2 D The voltage at the FET gate actually goes below ground as diode I), rectifies

T C3 2 Il signal present at the source of the device. Resistor R, must be large in order
Rz T

jii 10 draw too much current from the rectified RF. Capacitor C; is an RF bypass.
yoltage muldplier with two diodes and capacitors is sometimes used to increase
e AGC range, as shown in Figure 2.95.

If a VCO is designed with internal device capacitances for the feedback or
pwonator components, then the frequency can be tuned over a wide range simply

Figure 295 Low-noise VIO,
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F(s)=

>—'w1—) TG
R
_ [ KKy

1310 _T_

Vgure 2.97 Passive RC low-pass loop filter.

Figure 2.96 AGC scheme used with N—channel depletion—type FET.
l+s R,C

PO e, vxp)

by changing the bias current or voltage of the device, without using varactors, |
most cases, modulation by power supply variations is generally undesirable, in whig

Circuil Examples |

case the VCO must have its own separate, wellfiltered voltage regulator.

. =\/ Kk
& N (R, +R,)C

] N
= LR C+
: ( ? K¢K+-)

2.15 PLL FILTERS

The loop filter design is governed by three related considerations: lock time, Hum
Noise, and referencefrequency suppression. High loop filter corner frequen
typically gives faster lock time, but limits the frequency modulation capabilities
the VCO and yields poor Hum & Noise performance. The loop corner frequen:
also determines the frequency at which either the VCO phase noise or the referen
phase noise becomes important, as mentioned in Section 3.5. In synthesizers wil
very fine frequency resolution, the reference frequency can be quite low, and il
loop filter needs substantial attenuation at this frequency in order not to modul
the VCO with the reference frequency and its harmonics. ]

Vigure 2,98 Lead-lag loop filter.

Common loop filter topologies are shown in Figure 2.97 through 2.5 F(s) __.._.._1 TeRgC
together with damping ratio and natural frequency, which are applicable only sR,C
second-order transfer function approximations.

The closed-loop bandwidth of the PLL is not the same as the corner frequel KoK,
of the low-pass filter. The closedloop bandwidth is made up of all the loop comj w,= ¥R
nent’s contributions. The loop transfer function, H{s), determines the closed-l¢ 1€
bandwidth, @, and damping factor, £ e ®, R,C

H':S} = -?E = ___K@K,,.ﬂ_s} 2
KK
L ] e 2.99 Active lead-lag loop filter,

N
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H(s) = closed-loop transter function Output #1
F(s) = loop filter transfer function
i, = phase at VCO output (rad)
dy, = phase at phase detector reference input (rad) Input i3 R
K, = phase-detector conversion factor (V/rad) =
K, = VCO conversion factor, steering-line sensitivity (rad/s/V) R/3
N = frequency divider division ratio; may be noninteger R s
w, = closed-loop natural frequency (rad/s)
¢ = damping ratio of closedloop frequency response = Output #2

2.16 POWER SPLITTERS AND COMBINERS

Power splitters are used whenever power needs to be divided or combined whi
maintaining a good impedance match at all ports. Important power splitter prope
ties are insertion loss, amplitude, and phase balance among the outputs, isolatit
among the output ports, impedance match at all ports and operating bandwidl
Whether a device operates as a power splitter or a power combiner is determing
only by how it is connected; it is the same device.

Wijgure 2.100 A 6-dB resistive power splitter.

TRL 1
S S0 Qout#1
i 70.70 R
n
TRL 2 100 0
= %

70.7 0O . S00out#2

2,16.1 Resistive Power Splitters and Combiners
The simplest two-way resistive matched power splitter is shown in Figure 2100 Hjgure 2.101 Classical Wilkinson power splitier.

The resistor values are 16.67 {1 for a 50 splitter, while a 75-(} splitter requis
25-0) resistors. The advantage of this circuit is its broad operating bandwid
disadvantages are the low value (6 dB) of isolation between the ourput ports a
higher insertion loss than can be obtained from reactive power splitters,

A much wider bandwidth can be obtained without increasing the overall
njth by using the configuration in Figure 2.102 [33]. This fairly elaborate splitter
nul_:lus the Wilkinson bandwidth without any physical size penalty. Lengths are in
‘htimeters, resistances in ohms, and capacitances in picofarads. It operates from
A0 MHz to 1030 MHz when implemented on a G-10 circuit board. Splitters of this
e use multisection nonsynchronous impedance transformers [34] and are best
Migned by computer optimization techniques.
~ The 70.74) Z wansmission lines in the classical Wilkinson splitter can be
iproximated by C-L-C pi-circuit equivalent networks to arrive at the discrete equiva-
Pl circuit shown in Figure 2.103. The bandwidth of this discrete circuit is consider-
ihly narrower (by about half) than its transmission line parent:

2.16.2 Reactive Power Splitters and Combiners

Reactive power splitters have two advantages over their resistive counterparts; |
insertion loss and greater isolation between the ports. The disadvantage is mi

splitter topology. _
The 70.7-(} lines are A/4 long in a classical Wilkinson 50-(} splitter. If we
isolation as a measure of bandwidth, the Wilkinson power splitter can achiew
dB or greater isolation bandwidth over a 40% relative bandwidth. Assuming s
impedance Z,, the TRL characteristic impedance is \E Zy, and isolation resi
value is 2 Z,.

R
i
N
1
e S
242 -:rfR[F]
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#3 #1 o
A
50 O m A 9
L 2R
L _L 13 2
Z2m n
I >
- o #2
Figure 2.102 Author’s broadband splitter, total length A/+4. gure S.188 Teanaformer-ype power spliter.
j Red
c
e . '
L 7 R Oout#1
2R
R Qin >
t ' L“ ' l R Qout#2
—_— 2cC C
I I Vigure 2.105 L, construction.
36.25 0
Figure 2.103 Generalized [LGequivalent Wilkinson power splitter.
25 0}
R = system impedance at all three ports ({})
[ = center frequency of operation (Hz)
A common type of reactive power splitter is shown in Figure 2.104.
L, performs the power split, but unfortunately the impedance at point A
R/2, s0 that I, is required 1o perform the impedance ransformation from R/2 00

to the system terminating impedance R Both L, and L, should be implem
as transmission-ine-type transformers by winding mulifilar wire on ferrite torol
The typical frequency range that can be achieved by splitters of this type is fi
afew MHz to 1.5 GHz. Figure 2.105 and Figure 2.106 illustrate the winding techmig
for L, and L.
For L., shown in Figure 2.105, two or three turns of twisted bifilar

wound through a suitable toroid, connecting the red and green wires in a sef
aiding configuration. The junction of red and green wires is the center tap.

Fljgure 2,106 L, construction.

_ For Ly, shown in Figure 2.106, two turns of trifilar wire are wound on a suitable

noid, connecting all wires in a series-aiding configuration. This winding scheme
iunsforms 25 (] to 56.25 () rather than 50 0, which represents a theoretical VSWR
il 1.125 or a return loss of 24.5 dB, which is adequate for most applications.
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The value of capacitor Cis best determined by experiment; it is usually arount |

10 pF for a broadband power splitter. The ferrite loss at high frequencies effectivel
adds shunt resistance to the isolation resistor, so in practice better performance.
obtained with 2 10% to 20% larger value resistor (120 Q for a 50} splitter,
depending on ferrite characteristics. Better than 20-dB isolation and less
4-dB insertion loss are easily achieved from 5 MHz to above 500 MHz with this
of construction.

Figure 2.107 and Figure 2.108 show modifications of the basic VSWR bridg
topology for use as 6-dB power combiners with high isolation. :

For both combiners, B, = R, = Ry = system impedance. The isolation betweel
input ports depends only on the quality of the transformer and control of st
capacitances. The isolation between ports 1 and 2 is usually better than in
3-dB transformer type splitter-combiner in Figure 2.104.

AN
Ry
FE
Input #1 >
Ry g oL Sum out
2
Input #2 >—
Figure 2.107 A 6B power splitter/ combiner.
Sum out
Input #2

Input #1

Figure 2.108 VSWR bridge used as a 6B power combiner, similar to Figure 2.107.
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2.16.3 n'Way Power Splitiers and Combiners

All n transmission line sections in Figure 2.109 are A/4 long and can be realized
using any of the lumped-component approximations shown in Section 2.19. The
Wilkinson power splitter in Figure 2.101 is a special case with n = 2.

The n isolation resistors are equal to the terminating impedances. Their

junction is floating but will invariably have some capacitance to ground. The effect

of this capacitance is not negligible, because it shifts the isolation and return loss
[requency responses in opposite directions.

2.16.4 Unequal Power Splitters and Combiners

The power split between ports 2 and 3 in Figure 2.110 is not arbitrary but is governed
by (2.56) and (2.57).

R
IL2 = =20 Iog( — R) (2.56)
O L 9
5(31 TR (2.57)
R=~R,R.
TRL,
1 > S0Qout#1
504/n n
500in
TRL »
——————————— SO0 out#2
5041 0
I = .
TRL 1
S (M, ?  50Qaut#n

504/ 0
50 50 50
%n {n 0

ure 2,109 Narrowband n-way power splitter.
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-\E = 107 k>

Input > =
R, Qutput Z = ZnJk( + &%)
3
1+ &
Zo= 2, [( - )
Coupled R
Zy= Znk
R Z'Fzﬁr
2
1+ &
= R= Z"T

k = voltage ratio between ports (linear)
#% = relative power at port 2 (W)
4 = relative power at port 3 (W)
I', = insertion loss to port 2 (dB)

Figure 2.110 Resistive unequal power splitter with isolation,

IL2 = insertion loss from port 1 to port 2 (dB), IL2 = 0

IL3 = insertion loss from port 1 to port 3 (dB), IL3 > 0

R = terminating impedance to ground at all ports (£2) i = Ea Joa i powt 5. (5]

/y = system characteristic impedance ({})
) o { All line lengths are A/4.
See Section 2.9 for derivation of this circuit from a directional coupler,

Narrowband, in-phase, unequal power splitters of the type shown in Fi
2.111 have been investigated [17] and can be realized as transmission
circuits or their lumped-component equivalents, using the ransformations of
tion 2.19.

The bandwidth and VSWR performance of this unequal power splitter depends
| the desired power ratio but is typically near 15%, limited by return loss at port
Iin some cases, the circuit can be simplified by letting one of Z; or Z; equal Z;
| reoptimizing the circuit for the desired performance. This has been done in
circuit in Figure 2.112, which shows a lumped-element realization.

- This power splitter operates at 165 MHz with 20% relative bandwidth; output
I8 ~(.6 dB and output 3 is at —11 dB with 40 dB of isolation between ports 3 and
Capacitor C should theoretically be a small value, but it can often be left out
nuse the required capacitance may be supplied by the parasitic capacitance of
ronnector or circuit board pad at port 2,

Any of the directional coupler circuits discussed in Section 2.9 can also be
as unequal power splitters.

Z (high loss)

.5 180° Power Splitters and Combiners

Z g (low loss) in-phase power splitter covered in Subsection 2.16.2 and the 1807 splitter are

il cases of the same device, a simple center-tapped transformer sometimes

Pigare $.111 Narrowbwnd nnegul I | magic-T, illustrated in Figure 2,113,
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500 300
. 0%, -3 dB output
- 0%, -3 EE output - outp
pF i e
e #3 5 50Qout oo [VZ_#s (500 oo : £ b
50 nH -0.6 dB (internal) * input (internal) * 500
S WH T 2m input
50 Qin )T- 560 0 T 1
22 o #2 5 500 out 18 =
:I: pF 500 nH 150 -11 dB #3 !
“H Sl
= 500 s 00
6.8 pF c 180°, -3dB output 180¢, -3dB output

(a) (b)
Figure 2.112 Lumped-element unequal power spliner with isolation.

2.114 Two 180° power splitters using a center-tapped ransformer: (a) one-transformer circuit,
(b} wo-ransformer circuit,

The Wilkinson power splitter in Figure 2.101 can be analyzed in exactly the
ine way: The 100-{} isolation resistor can be replaced by a balun and will become
it 4, the input for a 180° power splitter. If the balun is implemented by the
feuit in Figure 2,24(b), the Wilkinson power splitter becomes a circuit known as
i rai—race hybrid, shown in Figure 2,115, This power splitter can potentially achieve
etter isolation than the conventional Wilkinson splitter, because the two output

2511

Figure 2.113 Universal power splitter.

|

In the 0° power splitter, port 1 is the input, and its 25-{} input impedang
transformed up to 50 () by a separate transformer, while port 4 is not used an

the transformer secondary winding. Ports 2 and 3 are the in-phase outputs,
convert this circuit into an 180° power splitter, use port 4 as input, then port 2
be 0° output and port 3 will be 180° output, both at =3 dB; port 1 will be isola
The only remaining challenge is to implement the 2:1 impedance transformal
in 7, required at port 4. Or we can leave T, as a 1:1 balun and implement
impedance step up by a separate autotransformer at port 4. Transformer [
Figure 2.114(a) can be implemented as 6:4 turns rato bifilar ransformer,
configuration in Figure 2.114(b) may be easier to implement because the {
former construction is much simpler.

(a) (b)

L.115 Development of rat-race hybrid from Wilkinson power splitter, (a) Wilkinson with transmis-
sion line balun, (b) conventional form,
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ports are not in close physical proximity, as they are in the Wilkinson splitter, dut
to the presence of the isolation resistor between them.

All ports of the rat-race hybrid must be terminated in the system characteristh
impedance; the termination impedance R at all ports of the ratrace hybrid is !
same, and all ransmission line characteristic impedances are \"E - R, oor 70.7 (LN
a 5041 system. The relative bandwidth of this power splitter is about 20% when
used as an in-phase or 180° power splitter. Table 2.1 shows the two modes of
operation.

Input R Qutput#1 at 0°

Table 2.1
Rat-Race Hybrid Port Propertics

)

Muode O Port
nde fﬂﬁtilﬂjﬂ Lt ﬂufj}ti-!.ﬁﬂ‘l' Dutput#2 at Eﬂo
In-phase splitter ] 1at 0% -3 dB 2 at 7, =5 dB ‘J_r_
1807 splitter 4 1 ar —90¢, 2 at =270°, -3 dB |

-3 dR !

flgure 2.117 Lumped-clement quadrature coupler,

2.16.6 90° Power Splitters and Combiners ' Fia ok

, 22 7f
The 90° power splitter cannot be derived from the magic-T and has unique propsi 1
ties. A transmission line implementation is shown in Figure 2.116. C= m

The bandwidth of this transmission line splitter is limited by isolation betwe
the two output ports. A 3-dB insertion loss, return loss, and 90° phase differen -'
cover a wider bandwidth than isolation. All line lengths are A/4. A lumped-elemei
version can be constructed by using pi-circuit C-I-C sections for the A,/4 transmis
lines (see Section 2.19). |

A transformer version of the 90° power splitter, similar to a directional coup '
is shown in Figure 2.117.

It = system, terminating impedances ({})

(= frequency of 3 dB coupling (Hz)

The transformer should be constructed with twisted bifilar wire wound on a
Witite core to achieve close to unity coupling. The bandwidth is limited by the
Alinired accuracy on the 3-dB power split. It is approximately 20% for 1 dB ampli-

Aile balance. If the coupling is less than unity, the operating frequency increases,

35.4 0 Al handwidth widens, but the 90° phase balance deteriorates.

Input 0° out
Any 3-dB coupled-line directional coupler, such as the one shown in Figure
Ui, can also be used as a 90° power splitter. Special multisection coupled-line
uplers, called Lange couplers, have been developed specifically for use as broad-
90° out el 90° power splitters,

_ An interesting property of 90° splitters not shared by the other types is that
liry can be used to approximate a circulator, as shown in Figure 2.118.

The input impedance of this configuration is 50 £}, regardless of the imped-
live of circuits A and B, as long as both circuits A and B are exactly the same and
i nplitters are ideal. This property also applies to the output, so that this technique
I be used to work with reflective devices, without introducing any mismatch at
s the input or the output.

Figure 2.116 Narrowband {10%) 50-02 907 power spliuer,
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: Gating or
Circuit 50 0
Input  >—— A A quench
aQ° gun Elgﬂal
splitter splitter
Circuit —
_L_N_ B ——<  Outpu Oscillation
= 500 ] buildup from
thermal noise
Figure 2.118 Marching of reflective devices,
2.17 SUPERREGENERATIVE RECEIVER Oscillation
buildup with
A superregenerative receiver is simply a gated oscillator, an oscillator that is switched external signal
present

on and off at a regular rate. A simplified block diagram is shown in Figure ‘i"’,ll_
The principle of operation relies on the fact that an oscillator normally starl
oscillating when thermal noise is amplified in a positive feedback so that the oscill
tion amplitude builds up from thermal noise and increases until some form
limiting occurs.

When an external signal at the oscillation frequency is applied to an oscillaig
that has just been switched on, the oscillation amplitude builds up faster, becaus
the oscillator is not starting from thermal noise, but amplifies a signal
already supplied by the external source. Therefore, the duty cycle of the oscillatia
amplitude changes in proportion to the amplitude of an externally applied sig
as shown in Figure 2,120,

Many types of superregenerative receivers have been developed over the yean

VFigure 2.120 Superregenerative receiver waveforms.

|1].rt1:1mic range; when the gatdng signal is app]ied externally, the receiver is said to
b externally quenched. When the biasing is arranged such that the oscillation dies
by itself when it reaches a certain amplitude, it is selfquenched.

It should be fairly obvious thar this type of receiver is suitable only for demodu-
liting amplitude-modulated signals; more specifically, it is very suitable for demodu-
liting OOK data signals. The quench frequency must be much higher than the
tlata rate.

The AM demodulation process can be done externally by an envelope detector
und a low-pass filter, but in the absolute lowest cost and simplest designs, monitoring
the de bias of the active device provides the envelope detection shown in Figure
#.121. The bias current changes as the oscillation amplitude builds up. Therefore,
il quench method that does not directly affect the bias current needs be devised.

Lsand C, (both large values) provide the self-quenching action. As the oscilla-
Hon amplitude builds up, the collector current drops, resulting in lower voltage
lrop across Ry, pulling one end of € toward ground. C, is large and it also pulls
ilie base of Q, low, decreasing the current even more, which lowers the gain
iilliciently to stop oscillation. Ly is also large and prevents a sudden change of
pimitter current, so that the current remains low long enough to make sure all
hergy storage at the oscillation frequency is dissipated before the oscillation can
linild up from thermal noise again. In this type of detector, the self-quench fre-
fjuency also changes in response to the input amplitude.

The main purpose of the RF amplifier ahead of the detector is to prevent
lie oscillatdon energy from leaking into the antenna. Nevertheless, two receivers

A+ Gating or
quench
;'/ control

Output duty cycle
depends on amplitude
of external signal

Positive
feedback

Oscillator

Figure 2.119 Block diagram of a superregenerative receiver.
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« What is the power level of the switched signal or signals? Are harmonics or
IM distortion generated by the switch a concern? RF relays have the best power
handling and IM performance.

+ Do the off ports need to be resistively terminated? This determines the switch
topology. Pay atention to the power-handling requirement of the resistive
termination,

« Is the switch likely going to operate with highly reactive loads? This may
degrade switch isolation.

+ What is the required switching speed? Is switch bounce acceptabler Are there
constraints on rise, fall, and seuling umes? RF relays are much slower than
other types of switches.

» What is the desired bandwidth and frequency of operation? This may affect
the choice of capacitors and chokes used. PIN diode and GaAs transistor switch
IM distortion increases at low frequencies. What is the desired reliability? RF
switching relays may not be desirable in high-reliability applications.

+ What are the electrical requirements for insertion loss and isolation? Is power
CONSUMPLon a concerns

N/

RF amp
Lz

I |
'
I
R 3 R4 Super-regenerative
detector

Figure 2.121 Self-quenched superregenerative receiver,

As a general rule, RF relays are suitable for high-power, low-distortion, low-
witching-speed, and wide-bandwidth applications. RF relays usually have very
respectable performance. They are rather costly and bulky.

PIN diode switches are generally used for low-power, high-speed, and high-
yeliability applications. The equivalent circuit of a PIN diode is a small resistor
when forward de biased and a small capacitor when reverse biased.

Gallium arsenide microwave monolithic integrated circuits (MMIC) switches
olfer a wide range of performance but at a cost premium. Compared to PIN diode
switches, GaAs switches can be used at higher frequencies and offer faster switching
ipeed and lower power consumption.

Frequently a simple, properly biased series PIN diode switch performs ade-
ijuately, but if it is required to switch a highly reactive load, such as a filter, there
will be a frequency at which the load inductance will resonate with the diode OFF
rupacitance, destroying switch OFF isolation. The seriesshunt switch shown in
Vigure 2.122 is suitable for such reactive load applications and should be preferred
i a simple series switch whenever switching between filters.

The switching is arranged such that when ) is on, [, and Iy are off, and Ik
is on. The RF signal thus passes from the input to output 1, and RF output 2 is
vonnected to ground via Dy, This prevents an inductive impedance at output 2
lrivm resonating with the OFF capacitance of Dy,

A 500} resistor can be placed in series with G, if it is required to terminate
ihe OFF port in 50 £).

The hasic transmit-receive switch in Figure 2.123 shows that [} and [, are either
listh ON (transmit) or both OFF (receive). Receiver isolation when transmitting 1%
¢t hicved by using Ik as a shortcircuit termination for the A /4 section, which then

operating in close proximity will interfere with each other because the RF amplifie
cannot provide sufficient reverse isolation.

Despite their lowly reputation as remote control garage door openers, supe
generative receivers are actually very clever devices, offering a rich set of desij
radeoffs involving current consumption, communication data rate, receiver selectiy
ity, and sensitivity. It is not difficult to construct a receiver with less than 1 mA ol
current consumption. The receiver bandwidth and selectivity can be controlled |
designing the oscillator for a specific loaded (2.

Externally quenched receivers usually have better performance than sell
quenched designs,

The main drawbacks of superregenerative receivers are insufficient RF selecll
ity, susceptibility to overload from strong on- or off-frequency carriers, radiatio
of oscillator energy, frequency drift with temperature, and interference betwer)
receivers in close proximity. Therefore, these receivers are limited to shortrang
low data rate applications where the receivers are far apart and frequency d i
not II'I'I.F-O]'EH.I'.I.E.

2.18 SWITCHES

The requirements for the switching of RF signals are so diverse that no one circy
can be advocated as a universal RF switch. The following questions can serve i
guide to clarify the switch requirements:
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€z
II S
1
RF out put
#1
€3
= |
1
RF outpu
#2
Switching
command Ly
Figure 2.122 PIN diode series—shunt switch,
High = Tx
Low = RX
i .
1|_ Lowpass From §
filter transmitter
Ly 2
3
: oTo
receiver

L3
P LI

'\-_._v__—-/

A4 section

Figure 2.123 Transmitreceive switch for a simplex transceiver.
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dAppears as an open circuit when one looks toward G from the antenna. The design
ol A/4 section by an LC pi-circuit is illustrated in Section 2.19.

G, €y, and Cj are dc blocking capacitors, while €y and €, have values that
tlepend on the operating frequency. Similarly, I, and L, are RF chokes, while the
vilue of Ly also depends on the operating frequency. The purpose of L, is 1o
provide a de path to ground for the antenna, to prevent static voltage buildup from
ilestroyving G and damaging the PIN diodes.

Another A/4 section terminated by a PIN diode can be used on the receive
Side to improve the transmit-to-receive isolation in high-power transmitters, as shown
In Figure 2.124. Resistors Ry and R, ensure that both D, and I have the same
turrent; C; and €, are RF bypass capacitors. Capacitors C, and €, can be combined
Into one capacitor, equal to their sum,

It may appear that C; and C; are shunted by the PIN diodes to ground and
ire thus not required. Consider the case when the diodes are off in receive mode:
without €, and C;, the A/4 sections would not really be A/4 sections, and the LC
network would introduce a large mismartch, instead of being just an equivalent
length of matched transmission line.

Resistor Ry sets the de bias current through the PIN diodes, which in trn
iletermines the level of harmonics that the switch will generate in transmit operation.
‘Most applications require a low-pass filter between the switch and the antenna in
urder to suppress diode-generated harmonics. The amount of harmonics and IM
(listortion are related to a PIN diode property called wransit time. In general, a
longer transit ime diode is required for low-frequency or low-distortion applications
[45].

High = TX
Low = RX
Ry
04 Lz Cs From

O fransmitter

IT]
F

fintenna

To receiver

L3 _T_
F
‘\-__v_.__..-’

D>

A/4 section R '_'ECB A 74 section

ire 2124 Switch with improved transmit-to-receive isolation,
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All of these switches require a dc level change to actvate the swirch, Wh; le
the RF circuits are isolated from the de circuirs, a step change in voltage across |
dc blacking capacitor will introduce a current spike into the RF circuits. Thic i
especially undesirable for fast-acting switches ar lower frequencics, where the o,
pling capacitors need 10 be large. The circuit in Figure 2.195 does not change un,
de levels across RF blocking capacitors and is therefore suitable torvery fast switchin,
ar lower frequencies. :

Single FET and bipolar transistors can also be used to perform switchin
functions, with an addirional design constraint: The circuit must be stable whey
Lransistors are between their owo switching states, An oscillating switch Stage may
latch and remain oscillating despite a change in its bias voltage brought abour by
the switching command, '

The bias current requirements for a PIN diode switch are dictated by the
desired ON resistance, and the generated IM distortion and harmonic levels. In
small-signal applicarions (RF levels below =10 dBm), the low ON resistance reqguire.
ment dominates, and a switch with 10-mA bias will have adequarte TM performance,
In high-power switching applications, the ON resistance is sull important, but Th
and harmonics will need carcful attention. In general, the carrier lifctime of the
particular diode will have as much of an effect as the bias current and is responsible
for a G-dB-per-actave improvement in IM distortion as the operaling frequency &
increased. There is a 10408 improvement in TM products for every doubling of de
bias current between approximately 1 mA and 10 mA. Above 10 ma, the relationship
between IM and bias current tends 1o be linear.

Typically, bias current of 50 mA is requived to switch 25W of RF power in @
well-designed PIN diode switch, A high-power switch should be ollowed by a low-
pass filter to atlenuare any harmonics generated in the PIN diodes, Componcut
value tolerances, temperature variations, power dissipation, and high VSWR io
particular have to be taken into account in the design of high-power, low-distortur
PIN diode switches,

GaAs switches are monolithic integrated circuits incorporating two or more
FET transisiors to realize a series-shunt swilch. Since the negative swirching signul

Switching
command

2 I
RF [ o - . RE
input I lll% output

i

.

Figure 2.125 Noise—froe RF switch using marched diodes.
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‘gontrols a high-impedance FET gate, and no dc bias eurrent is r:’.riutred, TThE u.".urrf_!_n.lr
) sumplion is very low. Typical performance of an integrated Gads :'rWlLLI'h I[I'-lr{_:b—
=0008) is operating bandwidth dc to 3 GHz, 1<B inseuion_lo.s.st, IdB isolation,
_:'é_.ax_'lmulu BF power of +15 dBm, +45 dBm IP3, and 3-n5 switching speed.

4,19 TRANSMISSION LINE SECTION

Eﬂfxi length of mansmission line can be approximated by any of the circuits in
'Eﬁgure 2.126 or Figure 2,127, Which one of the Tour circuits 1o use depends on
i'_'_ﬂg actual application:

= &l L (2.58)
2 af
1 i
s (2.59)
Sz,
- Zy = characteristic impedance of transmission line (£1)
[f= Irequency at which line is A/4 long (Hz)
L= mductance (H)
€ = capacitance {F)
i L L
5 YN, faaas) LY
Py 7

L e
IR

Figure 2,126 Low-pass pi-cirenit and T—cirenir approximations to a A/4 length transeission lne,

e

C C

‘Pﬁ.‘ﬂm 2,127 High-pass pi—cirenit and T-circuit approximations 1ooa 4/4 length ransmisson line.

e
b
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2.20 VSWR BRIDGE

A VEWR (voltage standing wave ratio) bridge is a device that measures inciden;
and reflected voltage for any load conmected to the tese port, Tt is basically
Whealstone bridge circuit, shown in Figure 2,125,

All the resistors are equal to the system impedance, 50 [l in our case. The
voltage across A is proportional to the incdent voltage across the device unde
test (DUT), while the voltage across &, is proportional w the reflected voltage
from the DUT. Despite its apparent simplicity, the VEWR bridge is ﬁ'qu]El‘l[h: 4
complicated device in practice, becanse both these voltages are balanced and need
o be wansformed by good baluns to unbalanced voltages for external measuremen,
If phase information is not important, then the baluns can he dispensed with, and
detector diodes can be mounted in the appropriate locations o convey do voltages
proportional to RF levels to the measurement environment. Figure 2.129 illustrates
the use of 1:1 baluns to bring both incident and reflecred signals into an unbalanced
measurement environment.

The theoretical insertion loss is 6 dB from input to incdent and 9 dB from
input to reflected. The refllected port measures return loss directly, when firsr
properly calibrated with an open and a short at the DUT terminals.

The main challenge in constructing this type of bridge is the broadband 1:1
balun performance. The universal power splitter in Figure 2,113 can also be used
as an impedance bridge; if port 4 of that figure s used as input and both ports 2
and 3 are properly terminated, then port 1 15 isolated. Any impedance imbalance
herween ports 2 and 3 shows up as measurable signal at port 1. That signal 1
theoretically equal to the return loss. Therefore, a 1807 power splitter can also be

Ry 0
source

Figure 2,128 VSWR bridge.
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50 2 input 500

incident R .

DuUT
50 0

reflected

Ekure 2,120 VEWR bridge suitble for unbalanced measurement environment

used for measurement of return loss, by using port 2 as reference and port 3 as
EIE unknown impedance pore !
In-phase power splitter in Figure 2.104 will measure return loss if port 1 is

mpur port 2 is output, and port 3 is connected 10 the unknown impedance,

~ Directional couplers and power splitters can be used to measure return ]DR‘.'LH
E:?:ided they are properly calibrated with open and short terminadons, and their
i ctivity and isolation respectively are high enough for an accurate measuremenl.
?;gﬁfer to Section 3.8 for determining the effect of measurement serup directivity
BN return 1oss measurement.
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CITAPTER 3

Measurement Te::thniqugs

Antenna gain is the ratio between maximum radiation intensity and radiation inten-
sity from an isotropic (omnidirectional) antenna supplied with the same power.
frectivily is defined as the ratio berween maximum radiation intensity and average

= (3.1)

- G= antenna gain over isotropic (linear)

d = distance between mwo antennas, = 104 (m)

P, = received power (W)

Fr=rransmitted power, power fed into antenna (W)

A = [reespace wavelength (m)

1. is measurement gives gain, not directivity, because 1t includes the effect of
dntenna radiation efficiency.

169
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3.2 COMPONENT VALUE MEASUREMENTS
3.2.1 Capacitors and Inductors

There are many specialized insoruments that, when properly calibrated, can Measry
specific component values, The simple procedures described in this section dai ng
require specialized equipment and yield component values by measuring frequen .,
response. Most component measurement instruments are Ti mited to less than 30
MHz in their capability and are not specifically designed to measure compone,
parasitics. Direct impedance measurements using the Network Analyzer also e
to be converted to the corresponding combination of component and parasiie
vialues. The method presented here is fast and convenient, because it direethy
measures the most important Pparasitic components and is suitable (or a f'requem:_{.-
range of 100 MHz to about 2 GHz, At higher frequencies, this measurement wech.
nique would be limited by surays in the measurement setup and by the simple
component models used,

The two basic assumptions of the measurement technique presented here are
that capacitors of 2% tolerance value are available and that we can measure fre-
quency accurately. Before we can use a 2% capacitor as an impedunce standard,
however, it is iimportant to determine its series inductance by the method in Figure
3.1(a). Capacitor series inductance will create a resonance, whose frequency can
be measured. The terms tracking generator and spectrum analyzer are used for illusra.
tion only; a network analyzer, or signal generator with a power sensor, can he
used as well, The measurements are performed in a coaxial environment with all
connections kept as short as possible,

In both measurements, the notch depth can be roughly correlated to the compo-
nent ). Once we have obtained an accurate capacitor model from Figure 3.1(u),
then that capacitor can be used to resonate with an unknown coil to determine it
apparent inductance (which will include the effect of its stray parallel capacitance)-

Mutual inductance berween two coils can be obtained from Figure 3.2 by
resouating the primary with a capacitor near the frequency of interest. Measure
the frequency shift when the secondary is shori-circuited,

M=AlL1, [1 ﬂ" (Jifjﬂ

M = munsal inductunce benween coils {I1)
k= coefficient of coupling, &< |
Ly = primary inductance (H)

la= secondary inductance (T1)

Nh=f

- Tracking Spectrum
generator H | h E analyzer
I
i 1
I

T - Spectrum
generator >HIJPL—AK analyzer
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' H
c J $
Capacitor | 3 | [ = 1 -
L_f-- C (2= fi) il
a I
(a) T
ber
Tracking ' ' Spectrum _ : e
' : A 31 L
“generatar H e o g | o analyzer ; N7 ;
Inductor
gl o1
E {2.71‘_}'—5;.].

(b)

e 3.1 Mensurement of capacitor and inducror parasitics: (a) Capacitor serics induciance, (h)
inductor paralicl capacitance.

Tracking

|

-

it
-~

[

T et |

&2 Meansuring mutual inductance,

The winding pelarity can be determined by connecting the prirnaf-yr and
condary in series. If the total inductance is greater than the sum of the individual

inductances, then the polarity is series aiding. If the to1al inductance is less, then

the polarity “‘dots” are at the junction of the windings.
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A tapped coil is a special case of coupled inductors. The component ya)
for a FF'I«PPEd coil can be measured with the help of Figure 3.3, Tap is t_f-{_‘f' e
the ratio berween the number of twrns from the reference e | :
connection and the total number of turns in the coil.

i_n general, L2 Ly + Fo, but L =L + Lo+ 2M and k= [ME/ (1] T
following three measurements are required (adapted by permission Ei-n?n [lj ¥ o

: ned g,
rminal o the L

1. Ffrst, measure inductance between nodes 2 and 3 with node 1 o e T
Eives L. S

2. Next, measure inductance hetween nodes 2and 5 with node 1 shoreed 1

: : M
This measurement yields A = [, — —

&

3. Ff!'lall}’. measure mnductance between nodes 2 and 1 with node 3 open. This
gives [y, .

The coefficient of coupling can then be computed as k=4J1 - = anrl
100-/L., -
dafy = ————
AL

3.2.2 Quality Factor

The ¢} of a resonant circuir can be measured by very lightly coupling the input w
the magnetic field and the ontput to the clectric ficld, with an insertion EIE:G ﬂ.f
greater than 20 dB at resonance. As shown in Figure 3.4, this can be dc;n- o inductvely
:.-ﬂth a small grounded loop and capacitively with an open-ended coax Id::'!ﬂ*.v ﬂ.-é
input and output connections should not couple w each other hy a;n' n'lman:-. E':{.,L'f'}-'-ll
through the resonator, Direct capacitive coupling between the il'l-.liilll'r}lﬂd-dll;‘ u“urpl'-f
of the measurement setup will produce an asymmetrical resonance curve whose
peak may not be very prominent, I the mputand the output are not loasely coupled
to the resonator, their resistive impedance will distort the 'm+.=:z=L:~;ur1t*rr|+.e~:_u1lr HE

-
-
g

Figure 3.3 Tapped-coil equivalence,
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) = —
¢ B 3dl

3.4 Mreasunng unloaded {L

The measurement relics on accurate knowledge of the resonance amplitude
thape and frequency, as given by (4.65).

The measurcment of Figure 3.4 applies to transmission line resonators, as
el as parallel connection of discrete capacitor and inductor. The overall {Jof a
fiscrete parallel LC cirenit will be a combinadon of inductor and capacitor @,

| P 1 s ; —
Gecording Lo the usual formula — = — + —which is applicable in this case because

Q Q¢ O
the inductor and capacitor reactance slopes are cqual at resonance.
When measuring inductor @, we often cun assume the capacitor 1o be ideal.
ind the measurcment of Figure 3.4 then yields inductor () directly.
The measurement of capacitor () requires a low-loss A/4 coaxial cavity of
known properties, which is then loaded with the capacitor under test at its open
fiid. The resulting measurement of (Jund resonant frequency shift can be used o
ve the actual capacitor () and capacitance value. The marhematical derivation
capacitor {using this procedure is surprisingly complicated, mainly because the
Esonator’s () varies with frequency, and also because the familiar formula
I e
o2l Qﬂa;lu:iu:\u' ) Q,lcwr._uu:
Bf the resonaror and the capacitor are not equal at the frequency of interest. The
#encral definition of Q from (4.55) must be nsed to calculate both the resonator
J at the lower frequency and the Q of the capacitor-resonator combination. The
procedure and the theoretical background for caleulation of the equivalent series
'iﬁmlcc ({ESR) are onflined next,
. First, measure resonant frequency, f, and unloaded (4 of the coaxial resonator
by itsclf, without any capacitor. The line artenuation, @, can be calculated from
4.64). Also note from (4.67) that for an air-filled coaxial resonator o varies as
Alf, so that o at any frequency can be determined once it is known at Jis

cannof he used in this case, because the reactance slopes
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Next, connect the capacitor under test hemween the open end of the resanage,

and ground and measure a new Q and resonant frequency, Oy and f,, respectivel,
Now, using (4.55) with N =M =2, the {} ol the capacitor-resonator cun[i!:qu-{i:

fon 15
o daxX i dx
Xe—) +on— +— !
0= 2 ( w-uf-‘) o o€ 1wt ot
L ESR 4 R "9 FESR4+ R

[rom which the ESE can be detennined, Here the torm X — Lchemme zero dup
fehyy ;

to resonance. Substituting expressions for transmission line Xand R, available [rom

(4.23), (4.25), (4.58), (4.59), and (4.60) and simplifying, we finally obtain:

ﬂl'u\lﬁ.r

mCLofii + i ms”(?ﬁr) Z;sinh(—)

pyel " BRI 2l
T

(55 o) om0

h 2\
where
i AL
Eﬂfufﬂtan(—ggf)
Alsa,
EsR 1 £ (5.2)

2ahGQ, 2ok
() = capacitor quality factor
(}y = measured quality factor with capacitor loading a coaxial resonaror at

resonant frequency, fir

J

Ju = resonant frequency of coaxial cavity with capacitor connected

resonant frequency of coaxial cavity without capacitor

between open end and ground
twy = 297
ay = line atlenuation at f (Nepers/m), calculated [rom )y by (3.5)
£=speed of light, 2.0979 = 10° (m/s)
X = equivalent scries reactance of transmission line
It = equivalent series resistance of trunsmission line

(y = unloaded @ of coaxial resonator without capacitor at
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| ESR = capacitor ESR (£
(C = capacitor value (F)
D = dissipation factor, loss tangent of capacitor dieleceric material

. Tor Q measurements of transmission lines, please consult Subsection 3.2.3;
seasurements of crystal () are included in Subsection 2.14.1.

3.2.3 Single and Coupled Lines
le transmission lines are described by their characteristic impedance, Z; physi-
I length, £ velocity factor, #; and artenuation, @ Coupled mansmission lines
suble the required number of values because even and odd modes of propagation
e to be considered. The basic determination of characteristic impedance relies
measuring the input impedunce when the line is open-circuited and when it
short-circuited, Since these impedances are reactive, the measurement can be
serformed in a similar manner to that described in Section 3.2, where we were
measuring capacitors and inductors. While frequency is not an explicit parameter
in these equations, it is assumed that all measurements are performed at the same
.:ff equency, unless stated otherwise.

Zy = Y ocll Zscl

#, = unknown transmission line characteristic impedance (1)

(3.3)

7, = input impedance of line when open-circuited at the other end ({1)

Zg- = input impedance of line when shorecircuited at the other end ({1)

The line length must not be appreciably changed by the shorting operafion,
“and we must avoid measuring the impedances at frequencies where the line is
fesonant (where line length is a multiple of A/4). The measurement is approximate,
linless stray capacitance of the open connection and stray inductance of the shorting
connecton are taken into account

 Velocity factor can be obtained by measuring the A/4 resonant frequency of
@ length of ransmission line, for example, a shunt open-circuited section,

I
N

v, = velocity factor, dimensionless, v, = 1

(5.4)

e,y = cfective dielectric constant

fi = resonant frequency of 4/4 line (Hz)
[ = physical length of line (m)
¢ = speed of light, 29979 % 10 (m/5)
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Whil atte i -
introd :13 It-_}m attenuation of a line could be measured directly, there ar

LI r i . o A % R ] & BT
: y mismatch; see (4.22). The best way to estimate line atten SEEO
o measure the unloaded ( of a A/4 resonant se A ey

G chion and invery (4
@ [rom Qa{ the iTl'-T]HEIIC}' L S nd invery {164} o nbm].n

Xy —i
10 (5.5
B 2.1?]7?
o (5.6

ity = line attenudtion {(Nepers/my)
egn = line attenuadon (dB/m)
()= measured unloaded Q of A/4 resonant secton

{= physical length of A/4 wansmission line (m)

When consideri :
e bem?:E:U;E{::rmg C;'”:iplfd'lmf-‘ parameters, there exists an important distine
M coupled lines such as suriplhi s i
lines such as microsti phne, and non-TEM or quasi-TEM
TEM cuuPIiT:I I}Iillﬂ mulq'il -;h& even- and pid made velogity factrs a:‘eqtqual for
- dl lines, while for microstrip the 2 : e

: ey generally are not. Any measure
of coupled line pro ies s ¥ L ANY MCASUremen:

v porties must take this distinetion i -

g mon nto account. F 55 e
the measureme . Lk igure 5.5 shows
i f"ﬂlLEt sefup for obtaining even and odd TEM characteristic impedances

Alng cac i . ey, Gl ancey
. £ CACh tonneclon as g single lrunsmission line (adapted from [1] by
|

permission),
Fy= 2
e f*" (3.7)
a": -
Lo
=
ik Opend
= shart
= Open/
short
—_=

{a) -

FIE'LEI'C' 3.5 TEM r ode o lp]t‘d line measu CIILent fﬂ:l =] I'I'Il.l'lif‘1 tf_l:l odd e
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= even-mode characteristic impedance
= oddnode characteristic impedance

characteristic impedance measured in Figure 3.5(a)

The even- and odd-mode velocity factors are equal for TEM structures and
1 be derived using (3.4) by treating the connection of Figure 5.5(a) as a single
fnsmission line.
% For nonTEM coupled lines the parameters Zu ¥ and e, can he derived
ing Figure 3.5(a) and (4.7). Figure 3.6{a) can he used tn derive both #, and #,
one measurement.
The frequency response plot of the cirenit in Figure 3.6(a) will show two closely
aced notch frequencies; (3.4) can be used to calculate cach mode velocity factor,

fake use of the fact that #, is normally less than 2, Lo separale the two modes,
®e drawback of this rechnique is that a good shorl circuit may be difficult to
grovide. Reference |4] shows other approgimate connectons that can he used to
woid short circuits.

The vdd-mode characteristic impedance cannot be obtained by the method
fi Figure 3.5(b) becausc the mode velocity factors are ditferent. Use Figure 3.6(h)
‘a frequency well below that where the coupled sections are gquarter-wave long.

z‘flu = Ezr T zﬂr

7y, = unknown odd-mode characteristic impedance
7, = characleristic impedance measured in Figure 3.6(b)

Zy, = previously determined even-mode characleristic impedance

‘:ﬂ/
W i

Dpen/
short

||t—

{b)

e 4.6 Mon=TEM mode coupled line measurenents i &) velociy factor, (h) odd mode charactoristc

impedance.
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e Ai:l the rransmission line properdes mentioned in this section can alse
) 2 : 2 i i ! .

: ua:;; bi.r L_UITIPL]LLI’ mer_huds using approximate numerical solution of Maswe] -
quations 1or a crosssection of the physical structure [2,3] or from closedfur,,
equations if available [4]. v

3.3 DIRECTIVITY AND RETURN LOSS

Rﬂurf: loss is a measure of how good an impedance match is present at a copp
stage interface, A 20-dB return loss is considered very good, because it res L;-L-L!n
bess than 0.1 dB mismatch loss. Precision devices Ay require n;cusuremem n; : :L 4
I:_Tss brft'fer I.I]u_n 20 dB. Accurate return loss measurements require surprisingl -F.L]J'H—II
directivity from the measurement setup, Figure 3.7 shows the Imgergf TE'tE} 1|1.§_'3'|
measurement errors when 20-dB and 30-dB directivity test setups are u.:e;l]'(;&.
shaded regions represent measurement unceriainty where the phase of ﬁe- -iﬁ
5un:-d return loss signal interacts with the phase of an internal signal preser n?-a_
to limited directivity in the measurement SETUp. I A
; In measurement of 15-dB return loss using a directional coupler or VEWR
b'r_]dgi: with 20-dB directivity, the uncertainty in the measurement is Ert::m ~4dBy
+7 dB. In other words, a true 15-dB return loss can produce a measured T‘ELL11::

40

35 4+
304
o
5,
25
&7 Jer2ds_ _
=
Iﬁ EO‘ o
@
@ [ e o
i 11.1 dB
wE |
. I [J20 d8 directivity
: 30 dB directivity T
: } . : : 1 i}
5 10 15 20 25 30 35 40

Measured retumn loss [dB]

Figure 3.7 Relationship between retrn loss and direciivie.
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%5 in the range between 11.1 dB and 22.2 dB, depending on the phase of the
Sflecied signal relative to the incident signal, when using a 20-dB directivity coupler,
This error is sarprisingly large and reaches a maximum when we try to measure
eurn loss that is approximately equal to the directivity. Measurements made using
irectivity couplers can be deceiving. A measurement of 40-dB return loss using
1-dB coupler really indicates that you are measuring a 20dB return loss device.
g to optimize rerurn loss in such a measurement setup may be counterproduc-
- because an improved measured return loss does not necessarily mean improved

2 ge refmrn loss,

(3.8)
(3.9)

RLJl:.:u'. == _ED lﬂg{]'ﬂ'm-""*"“ + 10 -I}_."En']
RL' L = —20 log|l0** — 1072

RL' .. = upper limit of true return Toss (dB)

RL" ., = lower limit of woe return loss (dB)
RL = measured return loss (dB)
D = directivity of measurement setup (dB)

§4 FREQUENCY DEVIATION

Frequency deviation is a closely controlled parameter in FM communicarion systerns,
ccause cxcessive frequency deviation will result in adjacent channel interference.
requency deviation, expressed in +kilz, describes the maximum insantancous
fiequency ditference between the mransmitted signal and its nominal center fre-
quency. [is measurement method relies on the fact that the Bessel functions that
Mlescribe the modulation sidebands when a pure sine wave modulating signal is
cause the carrier component to disappear from the frequency spectrum for
Specific combinations of frequency deviation and modularing frequency, The most
uently used frequency component is the carrier, which disappears when the
hetween the frequency deviation and the modulating frequency is 2,405, which
s the first zero crossing of Bessel function J

The first sideband puir disappears when the modulation index (ratio between
requency deviation and modulating frequency) is 3.8, this is the first zero crossing
it Bessel funciion J.

_ More accurately, the carrier disappears for moduladon indices aof 240483,
5.52008, 8.65373, 11.795. First sidebands disappear for modulation indices of 3.8317,

1.0156.

For example, to calibrate an FM source for 5.0-kHz peak deviation, use a sine
Wave audio modulating signal of 2.079 kHz and watch for the carrier spectral
Eomponent o disappear rom a speclrum analyzer display as the frequency deviation

B adjusted.
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The spectrum analyvzer screen in Figure 3.8 corresponds to 2.405-k deviatio,

of 1-kHz modulating frequency, or 5-kHz deviation of 2.07
guency. Both represent a modulation index of 2,405,

3.5 FREQUENCY SYNTHESIZERS AND PHASE-LOCKED LOOPS

A typical phase-locked loop block diagram is shown in Figure 5.9
When the loop is locked, f., = Nf. The divider N is usually programmah)e
There may also be a frequency divider for the reference fre ! >

may | quency input. The Jng
filter #1s) is typically a low-pass filter having corner frequency f. The extra lrm--p-c;f}:

ﬁ]tt_?f‘ formed by Ry and €5, and whose corner frequency is much higher than rhe
main lcnlap i::lter corner frequency, is required o atenuate high—t'rt:q'neuc}-' signals
originaring in the phase detector. Typically, the phase detector puts out very narrow

Figure 3.8 Spectrum anabyzer display for frst Bessel pull.

Steering
, Phase Loop line
r g detector filtar Faut
Reference in| K¢ |_F(s) N
frequency
I;ﬁtiut
N

Frequency
divider
=N

Figure 3.9 Block disgram of a trpical phase locked loap,

S-kHz modulating £ n::
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|
fast pulscs that are rich in harmonics; these harmonics are not sufficiently attenuated

w lead-lag oype of filters, and extra Gltering 15 required for opimum loop perfor-
mance. Cy is also required to attenuate thermal noise originating in the varactor
Sipde series resistor, as shown in Section 4,04 and (4.53).

~ The S8B phase noise of the output signal at f, is determined by the VOO
jor frequency offsets from the carmier much greater than fi. For frequency offset
inuch less than fi, the contibutors to 558 phase notse are the 558 phase noise of
iére{err:ncq: signal, phase detector noise, divider noise, and thermal noise if loop
frer gain is large,

The closed-loop mansfer funcidon derermines the lock rime, or how long it
'.._; for the frequency w stubiliee, following a change in the divider matio N A

s Static conditions, loof is not locked. The str:::rlng line is at its low or high voltage
extreme, and the relationship between [requencies and phases is indetermi-
nate,

= Static conditions, loog is locked. [, = NJ, and there is a constant phase difference
at the phase detector inputs,

o Dymamic conditions, where typically the W has fust changed, and the loap is in the lock
acguisition mode. This mode then approximares the step response of the system
deseribed by (2.55), To obtain the step response, integrate the inverse Fourier
transform af (2.55); recall that the inverse Fourier transform vields the impulse
response, whose fime integral 15 the step response. This is only an uppmx_[ma—
Hon because the loop may enter a nonlinear mode of operation due to limited
steering line voltage range, the phase detector gain may deviate from linear
slope for large phase differences, and the phase detector may not have enough
current drive capability to quickly charge or discharge loop filter capacitors,

Secondary effects in frequency synthesizer designs include the following:

* In wide-tuning VCOs, the steering line sensitivity, Ke changes with RF fre-
quency, Thus, all the synthesizer properties, including lock time, will also be
affected.

* Delay in frequency divider [5] and phase detector introduces additional phase
error, which needs to be taken into account in [ast-nining synthesizers with
wide loop bandwidths.

* The reference frequency will modulate the VOO 1o some extent by leaking
through the loop filter, entering the VO by ground Ic}ups, or via the power
supply leads, A high-performance frequency synthesizer will need careful lay-
out, shielding, and bypassing, complete with scparate u'{}lt:igc rt:gulalur& and
ground returns for the analog and digital portions of the circuir,

* Fastlocking synthesizers place challenging requirements on leakage from the
steering line, loop capacitor dielectric absorption, phase detector-charge
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pump imbalances, VOO post-tuning drift and thermal rransients, VOO A
Eerfurmancr:, and load pulling. Steering line leakage always .rnﬂ,ucm‘-: a o
sient fr?qnency error in one direction following a fr:.'quenri chan {:‘f wl
diclectric absorption produces wansient frequency error in Lmh dE— o
depending on the previous steering line voltage. a e
* Phase detector second-order phenomena, such as a dead zone for small plyg,

errors, may effectively open the loop ne i i
; tively ar phase lock, introducing unpredd;
able transients. et

Both K, and K, can be obrained by direct measurement on the VOO 4ns
1:_:11:15& detector, respectively, Introduce a small voltage change on the V['-J(} sl{;e r‘{ﬂlm
In}e and observe the resulring frequency change. Usually the frequency res ; T'f-}g
of VCOs and phase detectors are much faster than the response gf IJ:‘IE'.UH'H':[iD]Il:;J

P‘ " 5 p ! A e ¥ i
COIMponen 5 erelore an I N 1.__|r hE d5511 COnsStant an I.u.df' [ld.f'
pf_‘ IIT )

1 §
Kis) =K = .:_".'T‘ﬁ

K, = VOO conversion factor, steer ng line sensitiviey (rad/s,/V)
A= measured change in VCO frequency (Hz)

AV= small imposed change on steering line voltage (V)

The gain of a li :
e {: of % ].lIIE:El] Phﬂse detector cun be measured by using two slighth
; equencies at its inputs, which produce a bear note at its ourpr, whese

[J -ak— L -pf‘.: I (Sl H ¥ g 111 P‘ =
e L dj\ L I:i 111 U] fage 5w j,..:' 15 r.llL] EFU] Lo U[i 1
II N p 1 Ct_d E]l,. b habL Lh- 111}1

;
Kﬁaél ”
k0

K= guin of linear phuse detecior (¥/rad)
AV, = peak-o-peak voltage at phase detector oulpur

. when input frequencies
are slightly different. (V)
Measurement oflock time

: requires a fast frequency co r, fre rdomain
o | ¥ counter, frequency domais

ey - or any of the cirenits of Subsection 2.7.2. One possible method

;[i Fip_, e % lltilmTul.iuml analyzer with de coupled demodulated TM ouiput is shown

in ﬁl; e .I-;m.g um%u_l the mn:;rlulmmn analyzer to expect the destination frequent?

: ram the synthesizer to swirch fr ination

! ; 11 rom the source to the destination
frequency. The 107 i S5

q y. The modulation analyzer output will be a time lunction of the trequency

T,

1e |
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de coupled
Synthesizer Modulation FM output Lowpass | | Oscilloscope
under Test analyzer filter
A
Trigger
: Change
frequency
command

ﬁ!m-g 510 Measuring synthesizer lock time,

_aﬂ_fﬁn:nce between the expected destination frequency and the actual synthesizer
putput frequency. Care must be aken to disable autoranging and AGC funcdons
of the modulation analyzer, which could cause the de FM output to satrate,
producing its own recovery transient, possibly masking the tuue performance of
the device under test.

Addidonal information on frequency synthesis technigues can be found in

[E] and [7].

3.6 INTERCEPT POINT

The background theory of intercepr points as measures of cireuit and system linearity
was explained in Subsection 116, This section deals with the reliable measurement
of inLurct'[JL ]Joinu; of individual cirenic stages. These measuremoents can then be
combined into a system calculation, as mentoned in Subsecdon 116,

l Highly lincar devices with high intercept points have to be measured carefully
to ensure that the IM distortion is not produced in the measurement Instruments.
:[:'Ihe test scoup must always be checked to make sure that the TM signals do not
ariginate in the spectrum analyeer used for the measurement. Another possibility
_'f__hr generating TM in the test setup is when the various signal generators are not
Sufficiently 1solated from each other and produce IM in their ourput sections.
Ferrite power combiners can also produce IM at sufficiently high input levels. Use
tirculators or attenuators at the signal generators’ outputs and make sure that the
power combiner is not mismatched at its output by the device under test. Use an

Ettenuator at the power combiner’s ourput to ensure best isolaton for its inpurs.

During measurement of third-order IM with two equal amplitude input signals
dnd when the two distortion products are not equal in amplitude (similar to Figure
A.20), there are two or more conmibutors to IM, While it is possible that the device
Hnder Lest produces IM by more than one mechanism, the more likely sitnarion is
that the measurement setip is contributing its own IM and distorting the medsure-
ent resulis.
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5.6.1 Second-Order Intercept Point (TP2)

Measurement of mixer IP2 is shown in igure 3.11 and Figure 5.12.
may be placed at the mixer ports during broadband measurements,

IP2 = A

+ 4

IP2 = input second-order intercept point (dBm)

A = level of RF input signal at mixer RF port {dBm)
A = difference between desired IF signal and its second harmonic (dB)

Atr&nuat.}m

R

: Normally, frequency f in Figure 3.12 would be the IF frequency, and 2fwoulq
be its second harmaonic. In many cases, the IF port of the mixer is accessible on}y

£ — |  Bandpass Spectrum
RF filter analyzer
Bandpass
filter
f
Lo
Figure 3.11 Mixer IP? measurement.
— A [dBm]
A [dB]
B [dBm]
J J =
F 2f f f
Lok RF

Figure 3.12 Frequency and amplimde relationships

r mixer [PE measurement.
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through a bandpass filter, and the two sigmals for measuring A cannot be displaved
the same fime. The preferred measurement method, then, would be a two-step
pcess, with measurements performed at the IF frequency only (assume low-side
] ection):

~ Step 1: fir = fip + fi, measure conversion lass of mixer

- Step 2: Shift the RF frequency to the 1/2 IF spur: fur = fiy + (L5f; measure B,
fevel of 2f signal, which is now at the IF frequency.

A=A-B-CL

A = parameter for use in IT2 equadon (3.10) (dB)
A — input B¥ level (dBim)

B = outpurt level of spurious response (dBm)

- (L = conversion loss of mixer (dB)

| Bandpass filters in the measurement setup are reguired 1o remove the second
harmonics of fir and fio, which would adversely interfere with the measurement.
Measurement of IP2 for a owo-port device such as an RF amplifier is shown

'4|| 5.15 and Figure 3.14.

F2=A+A (3.11)

IP2 = input second-order intercept point (dBm)
A = level of BF input signals at amplifier input (dBm)
A = difference between output signal level and second-order distortion
products (dB)
G = device gain (dB)
Lt is always advisable to verify the capability of the measurement sctup by
necting the spectrum analyzer directly to the output of the bandpass filter and

aking sure that the level of distortion products generated by the semp is much
wer than during measurement of the acmal device under test.

Power Bandpass DUT Spectrum
cambiner filter analyzer

313 Amplifier IP2 measurement.
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G+ A [dBm]
1 |

A [dB] A [dB]

J L
fp-Fy f f2 2f,  fi+fy  2f

Figure .14 Spectrum analveer display for amplifier P2 measurement,

3.6.2 Third-Order Intereept Point (1P3)

Measurement of mixer IP3 is illustrated in Figure 3.15 and Figure 3.16. High
performance mixer measurements may require the addition of attenuators st all
mixer ports to avoid reflection of harmonics from the test setup back inw the
mixer. Oun the other hand, it may be desirable o duplicate the same impedance
Terminations at mixer ports as would be present in the intended application, bevause
a device's IPS may depend very strongly on its terminating impedances,

IP3=A+4A/2 {5.12)
1P3 = input third-order intercept point (dBm)
A = level of RF input signals 4l mixer RF port (dBm)
A = difference between desired IF signal and TM products (dB)

IP3 measuremnent for a two-port device is shown in Figure 3.17 and Figure

3.18.
f] I
Power Bandpass Spectrum
combiner filter analyzer
fg — ‘ |
f
Lo

Figure 515 Measurement of mixer 103,
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/2 ! \ A [dBm]

g Power Bandpass SDEﬁmm
combinar filter ARy Eer

517 Amplifier TP3 measurement.

G+ A [dBm]

A [dB]

L

AN

25 ¥ 2fe: =k

ure 3.18 Spectrum analyrer display tor amplifier IP3 measurement.
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IPA=A+ A/

IP3 = input third-order intercept point (dBm)
A = level of RF input signals at amplifier input (dBm)
A = difference between desired output signal and IM products (dB)
G = device gain (dB)

Connect the spectrum analyzer directly ro the output of the bandpass £,
and make sure that the level of distortion products generated by the selup is mnch
lower than during the acual measurement. -

3.6.3 nth-Order Intercept Point

The usefulness and measurement of higher-order intercept point is best illusiranq
by an example similar 1o the ene in Subsection 1.1.6,3. A certain receiver with au
IF of 73.35 MHz is designed to receive a signal at 442 MHz. This receiver will he
susceprible to an undesired (4,5) spurious response (refer to Subsection 1,1.4 fo
notation} at 442,475 MHz, because ffio — 4fer = B{368.65) — 4(442.475) = 7343
MHz, This is a fourth-order process and can be analyzed by measuring the level of
73.35-MHe signal at the mixer's output when a certain level of 4142, 475-MH» sigal
is fed into the mixer’s RF port, while keeping the 1O frequency the same as that
required for reception of a signal at 442 MILz { fio = 368.65 MHz).

Assume that the output level of the 73.35-MH;z signal is —65 dBm when the
input 442.475-MIlz signal is at =10 dBm, Then by use of {1.19) the fourth-arde
intercepl point is +6.53 dBm, assuming a 6-dB conversion loss in the mixer. Figure
3.19 shows the amplitude and frequency relationships.

Recognizing that the levels used in this measurement will not be encountered
by the receiver in actual use, we can calculate the spurious response amplimde a1
any other input level by recaleulating A in (1.19) using the new input level and an
IP4 of +6.33. Thus, an input level of —23.75 dBm will cause an output leve] of =120
dBm, giving less than a 100<R Spurious response
Sensitivity is near —120 dBm.

The reason why this (4.5) spurious response is considered to be a fourth
ovder product, rather than a ninth order product, is that the LO amplitude i
constant and therefore its multiplier does not enter into the calculation, as explained
in Subsection 1.1.6.8.

rejection assuming the receiver

3.7 INTERMODULATION DISTORTION

The tollowing fast troubleshooting technique can be used 1o determine which stage
in a cascade of devices is primarily responsible for the observed intermodulation.
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- 10 dBm - 16 dBm
Gain = - 6dB A= 49 dB
i3 /><\ ¥ - 65 d8m
442.475 MH K\]ig 73.35 73.825
- ‘ MHz MHz
368.65 MHz

3.19 Example of fouwrth-order intercept poind,

) Introduce a small, controlled amount of alLenuatimn_{such aal .;hiiaggi 511}&1;5
pesistor) between two stages, while T‘Eimfing 1L11=: 51;1[;1:; :;ng:a:l:.t'ljtr . in]?;—d =
r a spectrum analyzer. If the signal and 12  Lewel 1y
3 ﬂd;z:r: Zlitgrthe offending stage is before the node ‘l.'-'hf!l'E?‘ L‘mi- I":MSEEGJ._}T::
‘touched. If the TM products decrease in level more than thl.: churTel:cl ::g; D;E e
“the offending stage is after the node with the external 1'1:?15:131'. - LE. e
“resistor up or down the chain, observing these effects, unal the siage-g
1 dt:ijggziloi i‘;s{!;l?:f considered TM intcrfcnr:nce re-._mlting ﬁufn LWk |tnrpm. Eﬁlndai:
[ equal amplitude. The situation where two input signals of dlj__[fe::‘n“ ‘.lmiﬁcause
re cncountered cannot be reduced o an equw:#cnt cgual amp itude n;_a,u-:n:_.la i
the two IM sidebands will be of different amplitudes, as shown in Figure 3.20.

A=9IP3— A — A,

A = difference between IM product and adjacent linecar signal (dB)
G = stage gain (dB)
IP3 = input intercept point (dBEm)
A, = lower-frequency input signal level (dBm)
A; = higherfrequency input signal level (dBm)
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G+A'|
|
G+ 4z

Fa 4
) A

¥

/ Fe \

2fy - f, 2fy =if

Figure 5.20 Chutpur M spectrum with input signals of different ampliludes.

3.8 MIXER NOISE BALANCE

Mixer noise balance refers to the tendency of mixers to transfer some amount of

local vscillator AM noise to the IF port. This reduces the output §/N rato by a
larger amount than would he expected just from the mixer conversion Toss, This
becomes important in receiver sensitivity caleulations (see Subsection 1.1.2). Dou-
ble-balanced mixers typically have 30 dB of noise balance, while single-ended mixers
do not have any LO AM noise rejection at the image [requency, requiring a separaty
mjection filter to suppress this noisc.

The transfer of local ascillator noise to the mixer output happens at the LO
fundamental as well as the LO harmonics, Noise contribution from the harmonics
is often more imporant than contribution from (he fundumental. Figure 3.2
illustrates the frequency refationships,

The key concept is that any signal, including noise, contained in the 1O
spectrum at frequencies nf, £ fr will be mansterred to the mixer's IF port.

Usually the noise level is far ahove thermal due 1o LO buffer amplifiers; the
mixer takes the noise at £, from the fundamental and harmonics and transfers it
to the IF port with some amount of attenuation.,

The measurement of mixer noise balance uses a lowlevel, discrete sigmal Al
the appropriate nf, + [ frequency (one at a time), instead of noise, as shown in
Figure 3.22; the LO signal remains fixed at its operaling frequency, but the Tow
level sideband signal changes frequency depending on which nfpn = fi sideband we
want to measure. The level of the sideband signal should be much lower than the
L0 signal level.

M= Ag— A.;F
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flo
2f Lo
€L
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=
E
<
TB B P I ; I . FrEQUEF‘tC}’
I L]
Pt | 9, Ho-Fi
fo + fir 2ot fie Mo+ T
321 Local oscillaror output spectrum inchoding noise,
RF port b3 RF /)_(\‘ IF Spectrum
terminated 2 analyzer
LO
Power
combiner

Clean and

filtterad f .
Lo nFLG o frF

e 5.22 Measurement of mixer noise balance,

M; = mixer noise balance at nth LO harmonic (dB)

Ay = level measured on spectum analyzer al fm (dBm)

As = input level of (nfi, £ fi) sigmal at mixer LO port (after combiner)
(dBm)

Fach 1O harmonic has two noise sidebands, we need 2n mixer nms_e hu.laul_u:
Neasurcments o characterize a mixer up w the nth LO harmonic. Mixer noise
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balance numbers are unportant contribulors to receiver sensitivipe degradiatios
} sradatioy,

which can be quantified by (1.8). T. = effective noise temperature of device under test (K|

T, =200 K

3.9 NOISE TEMPERATURE AND NOISE FIGURE T, = effective noise temperatre of test sep (K)

; ; o = ' e i T i
Noise temperature and noise figure are measures of undesirable nojse POWET ity e
clluc‘ed into a signal path. These measures are important because noise ultim: 74
Im]l.m the 5/Nratio. To obtain a desired §/Nratio, the signal power has o he a;ﬂﬂ-?
noise pawer by the required amount. The S/N ratio can he improved by illf.']'f'.‘i‘;fﬂl?
the signal power, up to a level at which IM products are prnduct-r:{ at a | ]-r-JH
f:urnpamhlfl: to the ambient noise level, Analysis of noise levels is pa:ticul?-]:l-
1r1npn‘nam 1nlcajcuila:imm of receiver sensitivity. Additonal noise mntrodnced En:
circuit s E : i 5 e o6 1s 1 i .
— tages is almost always undesirable; the only exception is in design ofa nnise

Effective noise temperature of a circuit stage 1s most conveniently measured
by means of the Factor method, where Yrefers to the rtio of two noise power ;
A Ealrbrat&d noise source is required for this measurement: it can he 2 Ilui’iEEUllr.t:.
or it can be a 50-0) termination at a known elevated or depressed .Lr_‘l'l'lpt'l":il:LH'L' Furl
.Lhe Pu.rp:::sc of this example, we assume thar one of the two required noise ﬁm;rrﬁ
15 1 50H] load at room temperamre, while the other one i a calibrated n:::tis:: 5011 S
with known excess noise ratio (ENR), which is the decibel noise uwer.abt:';
thermal. The noise figure can then be derived from the elfective nuise}:em ——
by a simple equation, - e

_ Noise power N, is first measured with the noise source connected: naise power
f% 15 measured with a 50-0 input termination, as shown in Figure 3.23 rTl.w Y-i;n-rmr
is then the ratio of these POWETS, e |

| ENR = excess noise ratio of noise source (dB)
G = gain of device under test (lincar)
N, = measured noise power with noise source connected (W)

N, = measured noise power with 50-{) input termination (W)

This measurement requires that the device gain, as well as the measuremcnt
seup noise figure be known. While DUT gain is easily obtained, the test setup
e figure may not be known. In such a case, the DUT and meas wrement amplifier
= pxchanged and another similar YHactor, ¥, is obtained. Using 1% as well as ¥,
can derive the DUT effective noise lemperature using the two known amplifiers’

FMR/G _ 35 T ENELSTT e
- G [{m WG 10 Y_] G

T(GG,- 1) F-1 Y- 1

T, = effective noise temperature of device under test (K)

T, =200 K
¥, = ¥lactor, N /N: when DUT is the first device (linear)

L et ; WiN : litier is the first device
.= _'T'l—" = _C? (8.141 ¥, = ¥dactor, N, /N when measurement amplifier is the firs :
] B G " -
{i.e., DUT and measurement amplifier are exchanged) (linear)
SAibeared Measurement setup ENE = excess noise ratio of noise source (dB)
noise i T = T =S L ) . _ .
source | Maasurement G = gain of device under test (linear)
' i - v
l By G, = gain of measurement amplificr (linear)
: Fower metar N, = measured noisc power with noise source connected (W)
1 Or 3 : :
! spectrum N; = measured noise power with 30-{) input termination (W)
I
1
. ot i Device noise figure can be obtained from the effective noise temperature b
At room i 5.
temperature e B et L0 L AN B 1smg (3.16).

a
F=10 Ing(l + T) (5.16)
]

Figure 3.23 Measurement of effective noise lempemmnre,
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F = noise figure (dB)
1, = effective noise temperature (K)
Ty =290 K

A practical measurement setup will
because the power meter ar spectrum ai
detect low-level amplified thermal noise w
fiInll'.l]iﬁt:r 15 not important, as long as it is high enough 1o
indication on the power meter. As long as the .
about 15 dB, the uncertainty in the ENR and

always require the measurement amplifie;
}aj}'zer will not haye enough sensitivine i,
ithout error, The gain of the nlt:asur&tr:e;m
: produce meaningf;)|
nose source ENR is grearer 1hag,
the uncertainty in measurement uf

Y each resulr in ¢ i i i i
result in approximately decibel-for-decibel uncertainty in measuremeny of

device noise figure.

ILis theorefically possible to obtain the ENR of an unknown noise source by

performing the three measurements shown in Figure 3.24:

1. Measure output noise pow

£ as - 1
2. Measure eutput noise power when noise source is attenuar
amount of attenuation, AN,

3. Measure output noise power when input is terminated in 50 £ at

er wi ise s = i
th noise source connected at mpul, A

ed by some known

200 K AL
ENR = 10 log S 3171
. =Rl T G
S 7Y
Measuremant seiup

ENR A e B

! -

n:;::m : Mezsurement
2 \ amplifier
source Attenuator |

Power metar
or
spectrum
analyzer

T room
iemperature

Figure ! ‘ -
gure 5,24 Approximate derermination of unknown noise source ENR
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Y; = N /N (linear)
- ¥, = N/ N (linear)
- N, = output noise power with noise source connected (W)

M. = output noise power with noise source and attenuator (W)

Ny
A

output noise power when input is terminated in 50 £ aL 200 K (W)

attenuator loss {dB)

The reason this method is approximate 5 that the denominator of (3.17)
tains the difference bewween two nearly equal numbers, neither one of which
be obmained with great accuracy. Contrary 1o inmiton, the best results are
ained with high T, in the measurement setup, low ENR, and atienuator loss
yroximately equal to or greater than half of ENR.
~ For best accuracy, the amount of impedance mismarch introduced into any
Lipise measurement test setup must be kept to a minimum; this is especially

A spectrum analyzer can be conveniently used for making noise ratio measure-
‘ments, bur in measurement of afselute noisc power there are three sources of error
it 2 conventonal spectrum analyzer. First, spectrum analyzers use a peak derector
for amplitude measurements, and their display is calibrated to read correctly for
fms sine wave signals. Noise power requires Lrue rins measurement. The correction
or is about 2.5 dB; true nose power is 2.5 dB higher than displayed on a

ectrum analyzer with a peak detector. Second, the IF ar resolutdon bandwidsh is
ically less than the equivalent noise bandwidih. This correction is usually less
n 1 dB. Third, the display is logarithmic, which tends to overemphasize low
dings.
.~ Asaresult, the displayed noise (even with video averaging turned on} is 2 to
'fi dB lower than the true rms noise level, depending on the spectrum analyzer.
enever you need to measure absolute noise power, such as oscillator wideband
ise, the measurement needs o be carefully calibrated. Do this with a noise source
of known ENR, using Figure 3.25 and (3.18).
Set up the spectrum analyzer using the settings appropriate for your measure-
ent and then measure the noise source. The displayed reading will be N, in
m, Then connect the unknown device, whose noise power output you wanl o
letermine, and measure Nygr, in dBm. Both these noise measurements will be
ubject to the three crrors mentoned, but we can nevertheless extract the uue
ise power of the DUT from the following equation:

Tove = 200 X [10Mr~ Ma19] 5 (105 £ 1) 4 [100m Ml = ”(T" s jrﬂ)
£
{3.18)
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| i
Calibrated ! T !
g - |
noise . el G4 Tez :
source " I l\ P
s : pectrum i
ENR P b L// analyzer :
|
| Low-noise |
ouT ; amplifier j

Figure 3.25 Calibrating absolute noise PUWET [TIeasnre fent,

Ly = true equivalent noise lemperanire of measured device (K)
N = power reading with calibrared noise source connected {dBm)

Nyt = power reading with DUT connecied (dBm)

ENR = excess noise ratio of calibrated noise source (dB)

T, = equivalent input noise temperature of low-noise amplificr (K)
T = equivalent input noise lemperanire of spectum analyzer (K)
(h = gain of low-noise amplitier (linear)

k= Bolizmann's constant, 1 .498 = [ J/K

) Téu:‘rm-: nn‘u.se power df!nsit}' of LI'{E DUT is then ATp, in watts per hertz, We
ave obtained this munber without having to know the properties of the spectrim
ana]}?f:r detector or its equivalent noise bandwidrh. If ENR is large .I.{F:r n- ise
amplifier gain G is large, and its noise temperature Ty low, then (r-f';gi 'E} rx_d C“'S
to (3.19), which says that the true DUT noise power is r11]:'n-_7n.r1:=e i‘_h{; naliiJratfedt tiLf[:i::

S00ree ENI: ¥ ﬂlf- SHIME Ao L as 2 er = [ ) HELITE tl'
b 1111 Lh. d]E SICe 111 dﬂl:lhf_iﬁ bt[w el R S
NHL dn(! I\n &

Ng = Npur — New + ENR - 174 (5.19)

N, is the rue noise power output of 1 ;
L se 1 device under west: it iz als : il
10 log(kT51), in units of dBm per hertz, i

This method can be used 1o obiain the ENR of an unknown source, ifanother

calibrate i is availd i
] T‘au_d NOIse source is available, in contrast o the methad in Figure 8.24 where
OnY an accurale attenuator is required. ' o

3.10 OSCILLATOR OUTPUT IMPEDANCE, LOADED o

The knowle : "
A limc;':ll;dgﬂ BFan:osclllano’s output impedance can be used o estimate the
P ¢ Halness vver frequency when connecred to & certain load. Tt can also be

Measurement Technigues | 197

to control the noise introduced by the buffer stages. Loaded (will contribute
'55B phase noise, and its knowledge is an important design tool for designing

noise oscillators.
Oscillator output impedance can be measured by the load pull method in

e 3.26, provided that the oscillator was designed (o supply power into a resistive
. The load pull method will fail if the oscillator output impedance is reactive.

The measured power will vary as the length of adjustable line is changed
3.0]. Assuming that Z = 50 {} and there is enough travel in the variable-length
to go around the Smith Chart, then |73 = 0.3333 (i.e,, 254} load giving VSWR =
and the measurement procedure is as follows:

1. Obtain the difference in level AM, in decibels, between maximum and mini-
. mum cutput power as the line length is changed.
9 Culculate || from the following equation:

: ID-_":?-E.-'EIJ = |

Ml = A0 5 1) (3.20

|{7] = magnimde of oscillator reflection coctficient (linear)
AM = difference between maximum and minimum power reading (dB)

I3} = reflection coefficient magnitude of test setup, theoretically (L5353

3. Measure the phase angle, o, of 153 when line adjusted lor maximum power
meter reading:
4. Oscillator reflection coefficient is then || at —a®, and

50 1 load

hy I

Pt
-

NN—___1—o
Re  iXs
: Variahle
Oscillator O—J\Ar—_L
@ under length =
Senit line 00
power
= meter

3,26 Measurement of oscillaror outpul impedance.
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8
RS‘R“[A"l = (3.2
1+ 1
A=1 A :
.= Im .Jl_rl] H._‘qg}_

#y = wscillalor source resistance, in series with X, (£1)

X = oscillator source reactance, in series with &, (see Figure 3.26)

The impedance relationships are illustrated graphically on the Smith Charg
in Figure 3.27.

Inmitively, if there is no power variation as the line length is changed, then
the oscillator’s outpur impedance is 50 0 real,

It we use a spectrum analyzer instead of a power meter as the detector in this
test setup, the oscillator’s frequency will be observed o change as the line lengih
is changed. This undesirable effect is called load pull and can be minimized ti
adding butfer amplifiers with low 5, to the oscillator’s ourput.

The load pull measurement, when performed on an oscillator withont any
bufter amplifier connected, can supply an estimate of the oscillator's loaded L Ta
pursue this idea further, let us develop a simple oscillator eguivalent circuit, To
emphasize again, the buffer amplifier must not be connected 1o the oscillator, and
the oscillator’s output impedance must not be very reactive.

In Figure 3.28, the main resonator is the parallel combinaton of known I,
and (, amplifier with gain G and coupling & to £ provides the outpur signal. which
is coupled to the external world through some unknown impedance 7 and idesl
transformer with unknown mrns mbo =

T we include the active device loading in B, and take Zto the other side of
the output coupling ransformer, we end up with the circuit in Figure 3,29,

The output impedance Z; of this circuil is known from the measuremenl
illustrated in Figure 3.26 and relies on the fact that at resonance, the iInPr_‘d'.tl'IL'l"'
on the left side of ransformer is real and equal to R, Then R, = R, /o

The quantities L and Care known in a typical oscillator design, while R, X
and n are unknown, In our case, we wanaged o measure or derive X, and can use
that fact to determine o, the mms rato of ideal output coupling lwanstormet.
Consider what happens to the resonant frequency when the output node A is left
open and then is shorted to ground, When node A is open, the resonant frequency
is cssentially determined by L and € When node A is shorted o ground, we
introduce a reactance of jr*X; across the resonator. I the frequency goes up, X, i
positive (inductive); if the frequency goes down, X;is negalive (capacitive). Make
sure that the sigmal pickup is very loosely coupled 1o the oscillator, so that the
frequency measurement technique itsell does not affect the frequency,

Measurement Techniques | 199

Oscillator
source
impedance

T Vi e

Tr-.. trajectory -
“~._  as line length L%
"~ adjusted

Maximum
power
transfer

3.27 Graphical representation o escillator impedance relationships.

To summarize, our ohjective is to obtain the values of Ry and # in the
uivalent circuitin Figure 529 and from there oliain the loaded Qofthe operating
scillator.

1. Measure oscillator ourpir impedance using the load pull method in Figure
3.26. and (3.20), (5.21), and (3.22). This vields A; and X,

2. The oscillator frequency shift with ontput epen und shorted to ground supplies
an estimate for », the output coupling transformer nuns ratio.

N -
2ol fE— f2) CX,

(3.23)
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|G/ = - — Ideal
ol
i £
2,.--9' R " "
% L c p
= ) . =
Figure 3.28 One possible oscillavor equivalent crouit
ideal
o |
A
1 il
¥ I i
L ¢ B JXs

Figure .29 Simplificd oswcillater equivalent circuir,

n = Lurns ratio of mansformer in equivalent circuit
[z = vscillator frequency when output shorted (Hz)
v = oscillator lrequency when output open (Hz)
0= resonant circuil capacitance (F)

X = oscillator equivalent ourput reactance (£1)

Mote thar (3,23} ensures that the quantity under the square root is alwavs
positive: When X, is negative (capacitive), frequency shifis down, f; < f. and
ViCe Versa.

3. Rw =nRyand @, = R,/ (wl) (3.24)

This procedure yields all component values in the equivalent circuit.

For example, let €= 10 pF, f = 505 MHz when A Is open, and f = 500 M2
when A is shorted to ground. A previous load pull measurement gave By + A=
30 - j20 .

Now, to pull the frequency from 505 MHz down Lo 500 MHz, we need alt
additional capacitance of €7 = 10 pF[(505/500)* — 1] = 0.201 pF in parallel with
our 10-pF capacitor, which represents a reactance of —j1584 {1 at 500 MHz. Ths
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gquantity is cqual o Jie Xy as determined above, and van be used o determine n=
Ha84/200% = 8.0, Also, R - w8 = 2576 £ As a result of this procedure, we
rain the equivalent circuit in Figure 3.30 Tor our oscillator, Its loaded (is approxi-
ately R/ (wl) = 75.

This equivalent circuit is useful in caleulating the oscillator's 558 phase noise
;I;‘Leesun's equation [10]. Once the buffer amplifier is connected to node A, the
cillator’s new loaded {} {including loading of bufter stage] can e VEry edslly
hrained by computer simulation using the schemade in Figure 3.31. The loaded
is a parameter in Leeson’s equation and is notoriously difficult to obtain by direce
urement on an operating oscillator.

The frequency response of this circuit is a classical resonance curve (see Figure
415) and can be used o obtain the loaded .

R

£}, = (resonant frequency) /(3B handwidth)

If the buffer is so dghtly coupled to the oscillator that the oscillaror fails w
pscillate when node A is shorted to ground, then introduce a small known imped-

nce in series with A and track all the calculadons as if it were in series with X

|
o]
l |
" [ s
o 16 pF

' Rint =
Tu}pr 2376 01 Zs=30-,200
- . At 500 MHz

ki) i

3,30 Exampls of complete equivalent circoit of S00-MHz oscillator,

_lH{}ut

Small

L Tc %m g

iz

Butfer Z vatch

small

2 5.31 OQacillator loaded (3 obiained by computer simulaton,
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Oscillator loaded () can also be estimated iDwe can ascertain the active devie..,
operating rransconductance gain, either by simulation (harmonic-balance, or tim.
domain Spice) or measurement (de bias current, AGC state), This CONCCRT relip;
on the fact that as Iosses are intoduced inw the circuirt, the active device's ranscon.
ductance must increase Lo keep loop gain at 1 in order for the circuit o kewp
oscillating. Simply keep adding resistive loss at 1 convenient cireuit node un il the
gain increases by 3 dB. This means that the circuit's internal Tosses are NOW ey
to the added losses. Since the latter is known, the former can be modeled by 4
equivalent resistance equal 1o the one just added. This is simply a consequence of
the conservalion of energy and is applicable to power increases of less than 3 R
if that seems oo extreme a change in operaling point, .

A completely different method of oscillator analysis relies on the facl thar §f
the feedback loop can be broken ar a convenient location, then the oper-laup
ransfer function can be anahzed for vollage gain and phase relationships, whicl,
then yield the ascillation frequency and loaded (L There are two basic difficuliies
with this technique: operation of the device is assumed linear, and once the laop
is broken, the correct source and load impedances are unknown, and are therelore
arbirrarily assumed resistive [11]. This second difficulty can be overcome when we
realize that just belore the loop is broken, the load impedance for the circuit is i
own input impedance, as shown in Figure 3,32

Using (4.78) and (4.79) we can derive the impedance conditions, which mus
be present when the loop is closed. The sign of the square root quantity is chosen
such that 7} = s; when s =0, and 7 = sz when g. = (),

L= snsi + saamyy ‘\Ir—’l-'i:gsu + [ fadis — sas — 1)

.IF}_ == -Ir|-\; = EJE {5.25'
1 - Fap Sy + Saal + —4.__.'!1- T ) Fe — S0 5 — R
I Lo = 15 ] ’\.'[ ;: 1 (e — Smm 1) (3.261
il
g . ry
- Dscillator —_—
circuit
Iy our

((
//““--..__ Feedback open at

a convenient location

Figure 3.32 Oscillator analysiy by hreaking the feedback loop.
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[}, = required load reflection coefficient for open-loop analysis
T = required source reflection coefficient for open-loop analysis
Iy = input reflection coefficient of opendloop network, which is also
terminated in Ny ar its output
Lt = output reflection coefficient of open-loop network, which is also

terminated in {7 at its inpat
$ = sparamcters of open-loop network obtained by measurement or

simulaton

Thus, we can analyze the opendoop circuit by ensuring that the source imped-
ance 1 is made equal o {5y, and load impedance [} is set to G, The apen-loop
petwork is first analyzed o obtain its sparameters. Then (2.25) and (3.26) are used
o calculate the proper source and load impedances to duplicate the condidons
sent when the loop is closed. The analysis is then repeated with the correct
ing impedances to obtain the voltage gain, noise figure, phase, and group delay
tequired for complete oscillator analysis. The circuit will oscillate at a frequency
where the phase of the open-loop transfer lunclon crosses zero degrees, as long
the open-loop gain is greater than 1. The phase zero crossing frequency does
not necessarily coincide with a gain maximum.

The difficulty associated with assumed linear operation can be overcome by
T cpeating the analysis with high-level sparameters, if available. The loaded Qs
telated 1o the phase slope {group delay) af the phase zero erossing frequency.

(3.27)

(2, = oscillator loaded quality fctor
w = radian frequency, = 27 (rad/s)

7= group delay (s)

. fi = frequency (1z)
¢ = phase of voltage gain ransfer funcuon (degrees)

The adyantages of using computer simulation for analyzing oscillators are
SMumerous, The cffect of different buffer configurations on loaded @ and thereby
‘60 55B phase noise can be established, statistical properties of 3, can he obmained
given the component value tolerances, and peak RF voltage across compuonents
Especially important for varctors) can be easily estimated. The power generated
By oscillator can also be determined, and linear operation of buffer can be ensured.
butfer operation is nonlinear, SSB phase noisc will be degraded due to AM o
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PM conversion. AM noise contributed by the amplifier and power supplies can b,
much higher than PM noise. Conversion from one to the other by & nonline

Ay
buffer should be avoided,

3.11 OSCILLATOR PHASE NOISE

Measurement of 88B phase noise is usually performed by the phase detector methe,
which is suitable for measurements at frequency offset greater than 100 Hz T
carrier [12]. Figure 3.33 shows that the signal from the device under test is mixeg
with a low phase noise signal in phase guadrature., The lower sideband of the
mixing process is at audio. The down-converted phase noise spectrum is amplifieg
and examined on an audio spectrum analyzer, Quadrature between the two sigmals
is maintained by feeding the baschand signal into the de FM input of the low ]}-}m;n
naoise signal generator.

The signals must be kept in phase quadrature producing zero de at the phase
detector output. This can be monitored using an oscilloscope, Since a dynamic
range greater than 100 dB is required for many measurements, a low-noise audia
amplifier must be used, followed by a switchable attenuator to increase the dynanmic
ramge at the high-signal level present during calibrution. The raw measurement of
noise on the audio specorum analyzer must be converted to a single-sideband dBRes
Hz number. Corrections for the analyzer's noise power measurement and noise
bandwidth must be included, as described in [12]. For example, when noise is
measured with the HP3580A spectrum analyzer with 50-Hz resolution handwidil,
the correction is ~19.1 dB [13]. The SSB phase noise of the signal generarar
reference must be much better than the device under test.

In additon to theoretical concerns, the practical implementation must take
the following into sccount:

Phase
detector
Tyl e '/;(\‘ s Dass o
filter PREEl
analyzer
+13 dBm Audio
amplifiers
Low phase
noise signal
generatar Oscilloscops

DC FM quadrature

moritor
__

Figure 3.33 Measurement of 558 phize noise by the phase detecor method.
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* The device under test must be adequarely isolated from the semp; otherwise,
it will injection-lock to the reference signal leaking back through the mixer-
phase detector. The symptoms of this are that the beat note when the test
setup is not phase-locked is not sinusoidal, and zero de cannot be ohigined
at phase lock. Buffer amplificrs, attenuators, and doubleshielded coaxial
cables all help isolate the test oscillator from the measurement setup,

= The power supplies [eeding the device under test, as well as those supplying
the low-noise amplifiers, must be especially free of noise. Power line 60-Hz
sidebands, if present, can saturate low-noise amplifiers and spectrum analyzer.

* Thede FM deviation setting of the signal generator affects the loop bandwidth.
Measurcments of S8B phase noise at offsets less than the deviation setting
cannot be performed. Alse, inversion of the signal feeding the dc FM signal
generator input may required, depending on the sign of the phase detector
O'I.I.I.'F'llr.

* A proper calibration method must be devised. Offset the signal generator
frequency past the lack range of the dec FM loop (or open the loop), so that
a beat note appears on the spectrum analyzer ar the offset frequency that the
S5B phase noise is to be measured. This becomes the 0-dB reference to which
any correction factors having to do with attenuator settings and noise measure-
ment must be applied.

* Measurements down to —160 dBc/Hz with an uncertainty of less than 3 dR
are possible with this method.
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CHAPTER 4

Useful Formulas

Directivity (directive gain) is based only on the antenna radiation pattern and does
ot take into account the antenna efficiency;

Lo

D=?m.

;i]ipulu 1.5 or 1.76 dB3
Monopole over ground plane 1.5 or 1.76 dB
Paraholic dish {ad)?
D= 3
Horn antenna 104
CAR

E_.'_'}I = directive gain (linear)
d = diameter of parabola (m)
A= wavelength (m}

- A = area of horn antenna flange {m?)

er gain includes the effect of antenna efficiency:

207
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{:r = =
e kD
(7, = power gain, linear tatio
F, = maximum power radiated per unit solid angle

P = power fed into a matched antenna
k= antenna efficiency (see below)

D = antenna directivity

Eftecrive area of antenna:

et
IS-:
[

(4.0

A = antenna effective area (m®)
(7 = gain over isotropic (linear)
A = wavelength of radiared signal (m)

Antenna efficiency k

= RT
= H, + H:,-m

Radiated power
=
Input power

R.= radiation resistance ({1)

Iy, = ohmic loss resistunce (1)

Typical efficiency for a parabolic dish is near 0.5, so that its gain would be about
one-half its directivivy.

Friis trransmission formula:

(4.2

F, = received power [W)
F = mansmitted power (W)
{7 = power gain of receiving antenna (linear)
= power gain of transmitting antenna (linear)
A = wavelength (m)

r= distance between receiver and transmirter (m)

:
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Equaton (4.2) assumes frec-space plane wave transmission and rio polarization
fﬁlmalch between receiving and transmilling antennas.
. If we know the antenna effective area and received power, we can obtain the
i’-'_ém:ived power density and field swrength.

fi I

Po=7 = 120w (4.3)
E.=+Fil%on (4.4)

P, = received power density (W/m®)

P, = received power (W)

A, = receiving antenna effective area {m?)
. E =received electrie field strengrth, tms (V/m)
 The assumptions are still that energy is propagated through a plane wave in
E.‘ﬂe space and that there is no polarization mismatch between the plane wave and
the receiving antenna.

The received electric field strengrh figures prominently in many specifications;

‘-'FE." can combine (4.1), (4.3), and (4.4) to come up with the ficld strengrth value
fmm a measurement of received power knowing the frequency and the antenna

_[p. [sors,
E,=E.294x]ﬂ‘f‘\,;= S

.
L = received electric field strength, rms (V. m)

i

(4.5)

f= frequency (Hz)

F, = received power (W)

G = recelver antenna gain over isotropic (linear)

F, = trunsmitted power (W)

J G, = trunsmitter antenna gain over iIsomrapic (linear)

r = distance (m)

.9 DOPPLER SHIFT

e Doppler effect is a shift in observed frequency when transmitter and receiver
ire moving relative to cach other [1]. Two different types of Doppler shift are of
Mportance: communication Dofipler shift and raday Doppler shift, The observed fre-
juency of an RF source in the presence of relative motion is given by (4.6).
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v cosd
9
h=f— (4.6)
o
beia

fi = observed frequency (Hz)

fi = frequency if RF source were stationary relative to observer (He)j

w = relative velocity of BF source (m/s)

& = angle berween relarive velocity and line of sight berween source and

observer

A more convenient parameter is the Doppler shift, the amount of Irequendcy
shift that can be attributed to relative motion:

Af= ﬁi:msw:‘.l (4.7

Af= frequency shift due o relative motion
.= frequency if ohject were stationary (Hz)
» = relative velocity of object (m/'s)
¢ = speead of light, 2.9979 = 10° m/s
¢ = angle between relative velocity and line of sight between source and

observer (bearing angle)

The frequency increases for approaching objects and decreases for receding
abjects.

If two mobile radios operating at 900 MHz are receding [rom each other &7
100 kan /i, their relative velocity is 200 km/hr, or 55.6 m/'s, resulting in a frequenc®
shift of 167 Hz in the carrier frequency of one relative 1o the other, This is the
communication Doppler shift.

The radar Doppler shift [2,5] will exhibit double the frequency shift of the
communication shift, because the incdent frequency is already shifted by e
amount of the communication Doppler shift as it hits the target and 1s then shifted
again upon reflection from the targel,

Afs = E‘E cosi d) (.8

s
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Afuee = frequency shift of reflected radar signal due 10 motion of arget

Ji = frequency if object were stationary (Hz)

v = relative velocity of object (m/s)

= speed of light, 29979 = 10° m/s

& = ungle herween relative velority and line of sight between source and

ohserver (hearing angle)

13 ERROR FUNCTION

prror function is used to determine the probability of Gaussian random events. If
have a Gaussian process with a mean vahie of g and standard deviation @, then
the probability of an observed value y being greater than (g + xe) s Qix):

| =

Y M=
f}| y > [..U- +x7 | = Q{_-,,-‘} = EJ‘ FIY = crft(?%)

For x> 2, this function can he approximated by:

| 1\
p[jl}t#+w}]=—x\j§;(l_?)ﬂ e x>

Definition of the error funcrion has not been entirely consistent in the litera-
fire: the definitions differ in scaling and multplication constants. While most
authors dismiss this simply as a difference in approach, numerical calr.:ular.i:?ns
Tequire rigorous and consistent defimitons. Throughout this book, the following
definition of the crror function has been used:

o T
erfix) =? el
T‘_ -

erfci{x) = 1 = arf(x) =

$

4.4 FREQUENCY AND IMPEDANCE SCALING

If we have a passive circuit operating at frequency fi and impedance level Ry and
Want to transform it to a new, different frequency of operation /i and impedance

el R, the following ranstormations are applicable:
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0

[

I
= 3|

|
trod e N

A

1

ey
e

o
I
N
l

Wi

length’ = leng . RREY

L = inductance in original circuit operating ar ff and &,

L = inductance in new, rransformed circuit operating ar f and R.
(2= capacitance in original circuit operating at ff and R,

€' = capucitance in new, transformed circuit operating at f and R,
Ry = impedance level, terminating impedance in original circuit
R; = impedance level, terminating impedance in new, mansformed

circuit

{2 = resistance in original circuit operating at f; and R,
i

resistance in new, transformed circuit operating ar f; and K,
Ji = corner, resonant, or reference frequency of original circuit
o= corner, resonant, or reference [requency of new circuir

zl'r
4

characteristic impedance in original circuit operating at f and R

characteristic impedance in new, ransformed circoit opurating
at 5 and R,
length = wansmission line length in original cireuit operating at f
and A,
1 L —_ . . T : ry " 2 : =
length” = transmission line length in new, ransformed circuit oporanng at f
and R

Invariant quantitics in frequency and impedance scaling are ransformmer 1
ratio, tap location in tapped coils, and TEM transmission ]me velocity facror,

Figure 4.1 illustrates low-pass to high-pass, band-pass, and band-reject transtor
mations, starting (rom a low-pass filter normalized to w=1, B= |,
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I Aw RL
RL BL Ao w2
L Wy Aw wiRL 0
1
do R AwlR
- wic
c wy C ’
) L
H- — o= | el
c AwC  wofR
Am R
Lowpass m
prototype Highpass Bandpass Bandreject

4.1 Iligh-pass, handpass, and bandreject ransformations,

Aw = 3-dB radian bandwidih = 27BW,, (rad/s)
wy = radiun center frequency for bundpass and bandreject, 3-dB corner
frequency for highpass (rad/s)

R = terminating resistance required in transformed filer (£})

45 GAIN

in has manv meanings, depending on the context. The most generally useful
cept of gain is transducer fower gain, defined as the ratio between power delivered
b the Joad and power available from the source. The next most useful variation is
wertion gain, defined as the ratio between power delivered to the load when directly
nuected o the source and power delivered to the load through the device under
L. These mwo gains are equal 1o each other if the load and the source impedances
e equal and the device under test is conjugately matched at both ports. The same
Tiscussion applies 1o loss,

(4.14)
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Gy = ransducer power gain (linear)
&, = insertion power gain (linear)
R, = source resistance (1)
;= load resistance ({1)

Vi = voltage across load (V)

Vi = source open-circuit voltage (V)

Transducer gain can be obtained from the sparamerers, if the source ang
load reflecton cocthicients are known.

a1 — 1P (1 = 1)

Gr= 3 (415
Pl —sy = s+ AT o
A = gy8m — S
G = wansducer gain, (linear)
!y = source reflection cocthicient (complex)
{1 = load reflection cocthicient (complex)

The following example iThisrrates the usage of ransducer gain in an attenuaror
application, where the concept of gain or loss between source and load of different
impedances can ger confusing. Consider the attenuator shown in Figure 12
operaling from a 500} source into a 75-0) load,

This attenuator is matched o 50 2 at its input and 75 €3 at its output; oulpit
voltage is halt of input voltage, Therefore, it would appear that this 1s a fdB
attenuator. However, if we look at power, the power available from the inpul i
(L5%/50 = 5 mW, while the power absorbed by the load is 0.25%/75 = (L4383 mW.
The ratio of power absorbed by load o power available from source is (L1660,
which is 7.8 dR and is the correct answer for ransducer gain.

REF and microwave circuits are much more concerned with power than voluge,
because ultimarelv it is power that gets radiated out of the antenna or conducted

025V

LN
% 27
3750

NMN—
500 62.5 0

%33(’!

Figire 4.2 A 500} wo 75-0} attenuainr.

LN
7511
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a,p“rn the cable, and it is ultimately noise power that limits receiver sensitivity.
:j_'_herefmt transducer gain 15 the most commonly used gain concept.

4,6 GROUP DELAY
|1”
up delay is the slope of phase versus frequency. Group delay variatons across
muduhhcn handwidth can introduce distortion into an otherwise perfectly
_|1mcar system. When modulation sidebands are delayed with respect to each other,
gy_-, demodulated wavelorm is distorted.

____dep[rad] 1 déldeg] 1 Adldeg] i
"= Tdwlrad/s] | 360 4f[Hz] 360 Af{ll]

7= group delay (s)

@ = angle, phase of measured quaniity (rad)

¢ = angle, phase of measurced quantity (degrees)
w = radian frequency, (Tad/s)

[= frequency (Hz)

Tt can he shown that group delay and insertion loss shapes are related. In a
bandpass filter, the most power is absorbed in the filter at the peaks of group delay.
"‘T]:u:-. is frequently important in crystal filters, which are very sensitive to power levels,
Tﬂ measure the worsi-case power absorbed in a crystal filter, find the frequency of
highest group delay, which will be in the filter pass hand, and measure the incident,
eflected, and transmitted powers at that frequency. By the law of conservation of
‘Energy, the power absorbed by the filier (its loss) will be the difference bemween
e incident power and the sum of reflected and rransmitted powers.
. Group delay through an oscillator resonator network can be related to 18
I-Elade () by (3.27) and thus to the oscillator S5B phase noisc.

1
47 IMPEDANCE, REFLECTION COEFFICIENT, VSWR

E_mped:m::t: and reflection coefficient are related quantities provided the reference
Impedance Z; is known.

! & 417
r F_Z+Z[| l:: }
1+
' Z= 1.18)
s 1o ':
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= reflection coefficient {complex, dimensionless)
Z = any impedance (complex) (1)

Z; = reference (characterisric) impedance (real) ({1)

The reflection coefficient can also he defined for complex reference impe
ance, Suc]_] a definition is useful in evaluating interstage mismatch, where the SO
and load impedances are complex. In general, - -

B~ 2%
i Lo+ 4 {410

I'= reflection coefficient {complex, dimensionless)
7, = load impedance (complex) (1)
s = refercnce (source) impedance (complex) (£

* = complex conjugate

Equation (4.17) is, then, a special cuse Ly = 2
_ : L8 : se of {419}, where Z, = 7. i ; i
therefore its own complex conjugate. M

Return loss = 20 log (| (.20

"= reflection coefficient

I7'| = magnitude of reflection coefficient

1L+ Y Vi

VEWR = = —
BTy o (4.21)
VEWER = voltage standing wave ratio {always > 1) (linear)
I = voltage refleerion coelficient (linear)
'] = magnitude of reflection coefficient
Viuw = Tms voltage at a point of maximum voltage (V)
Vain = Tms voltage at a point of minimum voltage (V)
VSWR canses transmission loss to increase.
(VSWRYE £ 1
o= ———— 4.2
[ 2(VSWR) } i)
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»

's &, = corrected atlenuation (Nepers/m)
@ = attenuation in @ matched line (Mepers/m)

Ql. PSWR = measure of mismatch on a tansmission line

e generil equation for the input impedance of a rterminated transmission line:

4

Ly o+ Lptanb ) (1.93)

Z= Z”Z.:, + Zitanh {3}

|
O, if line is lossless:

7+ jZuan () (424)

L= 7, + jZtan{ Bl

7 = input impedance of ransmission line {complex) (£1)
Zy = characteristic impedance of transmission line, real ({})
Z; = terminating impedance (complex) ({1)

eI:mnh = hyperbolic tangent

¥ = propagation constant, a + j&8

o = attenuation constant (Nepers/m)

£ = phase constanl = w/v = w/ (el = 2774 = 27 (e

{ = length of wansmission line, (m)

The hyperbolic tangent of a complex quantity can be rather laboriously simpli-
by use of the following identity:

sinh{2x) ) sin(2y) -
cosh(2x) + cos(2y) i"rcnshlzﬂx'} + con(2) (4.25)

tanh{x x jy) =

This torm is usetul, because it allows the expansion of (4.23) into real and
Hnaginary components, which can then be used in a @ calenlation, for example,

4.8 INDUCTORS
+8.1 Air-Wound Coils
Iductors are fundamental components in RF circuits, Their use at very low frequen-

Cies is undesirable due to their large sice and high losses; these properties are
Samewhar less restrictive at frequencies between 10 Mz and 1 Gllz, where inductors




218 | RF DEsICN GUIDE

!'n the form of air-wound coils ure widely used as practical components in fliep,
Jmpedam:'u—mut..chiug circuits, and RF-blocking compaonents, Despite their simut]"
construction, airwound coils present challenges in high-volume manufacturip i
They are difficult to handle with automated vacuum pickup equipment, the JE'I.I']_-
are nol always free of insulation, and they have too much dimensional va:iabi[};- .5
Some of these problems are avoided by winding the wire on a stable coil forig rll
b?r encasing it in low-loss plastic materiul. Desirable airwound coil properties .3;
high €, high selfresonant [requency (low parasitic parallel capacitance), and l.w_-[]L
controlled inductance value. The usual tolerance on inductance value is 1% L-
20%, with 3% tolerance becoming increasingly available al higher cosu, o
_ LThe approximate inductance formula [4,5], which neglects the wire gage ap
is valid for 4 = 0.48 {long coils; see Figure 4.3.) is ' .
Al =

0.458 + A

L= coil inductance {nll)
8 = average coil diameter (mm)
7 = number of mrns

A = coil length (mm)

. All cmlf have stray parallel capacitance, which limits the frequency up
whu-.h‘ the coil behaves as an inductor, and losses that determine the cnil . The
capacitance between murns can be approximated by the capacitance between Lwo

paralle] wircs:
e —

Figure 4.5 Airwound coil,
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BEiI'

1145 cnsh"(i)

= distributed capacitance per mrn (pF).

i

g, = cifective dielectric constant berween turns
5= spacing between turns at wire centers (mm)

d = wire diamerer (mm), d< s

lower limit on stray capacitance,
Past its selfresonant frequency, the coil behaves as a capacitor (sce Scedon
for measurement of coil parallel capacitance). A comprehensive, frequency-

t practical purposes, the assumption of constant () with frequency represents
sood compromise between accuracy and complexity.

i (4.27)

(} = coil quakity fuctor

o = radian frequency of measurement (= 27/ (rad/s)
[= frequency of measurcment (Hz)

L = coil inductance (H}

R, = series cquivalent resistance (£1)

| The highest coil  is obtained when the ratio berween wire diameter and
distance between wirns is besween 0.5 and 0,75, when the length-to-diameter ratio
is near 0.96, and when metal surfaces (shields and grounds) are as far away as
practical. Typical Qs for air-wound coils are in the range 80 to 200, ) lor surface-
‘mount coils wound on ceramic coil forms is from 20 to 60,

4,8.2 Spiral Inductors

Practical airwound coils can be designed for a (J of up to 150, Such coils need w0
be space-wound with gaps between tarns; this constmction results in wide varation
up 10 £20%) on their inductance value, Spiral inductors, erched on the circuit

‘board itsell, represent another possible compromise, where the Qs sacriticed for
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excellent inductance value repeatability. Inductors of less than 1% twlerance o
their inductance value and ) of 5} are easily achievable.
Both circular and square spiral inductors are feasible. The square inducioy
in Figurc 4.4 has higher inductance for a given circuit hoard area, .
The dc inductance without a ground plane is approximately:

L= B 3 1O pi5s (495

Loc = low-frequency inductance (I1)
Lr=length of square side (cm)
7= munber of tirns

W= 5, strip width and spacing are the same

The inductance with a ground plane on a standard 1.5-mum-thick G-10 circui:
board is about 10% w0wl5% lower than the formula in (4.28), The high-frequc:mn.-
equivalent circuit of a printed spiral inductor is shown in Figare 4.5. .

Series resistor [ and coupling capacitor ¢ are [requency dependent. Refir-
ences [7,8] deal with high-frequency properties of spiral inductors in more detail,
T'h:-:- main drawback of spiral inductors is their low @ when compared o airwound
coils occupying comparable circuit board area. Their main advantages are nea
zero cost, low tolerance value, excellent repeatability, good temperamre pertor-
mance, and low susceptbility w mechanical vibradon.

4.9 INTERCEPT POINT

Input intercept point is a mathematical tool for evaluating how much distartion
will be produced at any input amplitude level, once the distortion ar one particulir

Figure 4.4 Squae spiral inductor,
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e

R{f,
Cil'l o CI’_‘qu_

L
-
=

¥
11
Cy(1)
N L ——%—>

1
!

;]'igm'e 4.5 Ilghdfrequency equivalent circuit of spirl inducior.

™

-
-

nput level 15 known. Similarly, output intercept point is a mathematdcal ol for
valuating how much distortion will be produced at any output amplitude level,

ce the distortion ar one partcular ourput level 15 known. The input and output
\intercept points differ from cach other by the system or device gain. The use of
one or the other is governed by the acteal application: input intercept point is
normally used for receiver work, while outpur intercept point 1s more uscul in
cable communication. The input intercept point is used throughout this book for

!:r_bnsistency,

IP2 is important in predicting the level of second harmonic generated or for
‘causing a particular receiver spurious response called the Aalf IFF spurions response,
IP3 can be used 1o predict the level of third harmonic, the amount of IM distortion,
and the composite triple beal level, Higher-order intercept points are important

for predicting high-order receiver spurions responses.

{4.29)

P, =A+

il

n—1
IPn = wih-order input intercept point (dBm)
A = input signal level (dBm)
A = difference between desired signal and undesired ath-order
distordon (dB)

n = order of distortion

. Equation (4.29) is evaluared trom measured data, The undesired distortion
A ar some input level A is measured (see Section 3.6). From thar information, we
ean obtain & for any other level, provided the order of the distortion product is
known. The order n, if not known, can also be obtained by measurement. Simply
“drop the input level A by 1 dB and observe what happens to the relative dilfference,
AL T A increases by 2 dB, then n = 3 and we are measuring the IP3. The change
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in A following a 1-dB change in input level A is always equal to (n - 1) dB. Th;,
means that the distortion products decrease in absohite level by = dB, following 4
1-dB decrease in input level,

1/2 IF rejection = %{]Pi". —5—-CR)

L4300
IP2 = inpul second order intercepl point (dBm)
5 = receiver sensitivity (dBm)
CR = capture ratio, or co-channel rejection (dB)
1
IM = 3(21P3 - 28 - CR) (4.51)

IM = intermodulation rejection (dB)
IP3 = input third order intercept point {(dBm)
8 = receiver sensitvity (dBm)

CR = capmre ratio, or cochannel rejection (dB)

4.10 LINE-OF-SIGHT COMMUNICATION

Line-ofsight communicaton assumes free-space ransmission, no polarization mis
match berween receiving and transmitting antennas, and no additional loss in the
intervening free space.

At
P = R TR )
r=F (4r)*

{4.32)
P, = received power (W)

F, = ransmitted power (W)

%, = power gain of receiving antenna (linear)

(% = power gain of transmitting antenna (linear)

A = wavelength (m)

r = distance between receiver and transmitter (m)

Line-ofsight communication in free space is quite efficient. A 50-W wansmitret
and a receiver of (L25-uV sensitvity can communicate over 15,000 km at 300 M2
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with unity gain antennas! The reason that terrestrial communications have less
range is because propagation along the Farth's surface is limited by curvature and
ghstacles.

411 MISMATCH ERRORS

“The majority of formulas mentioned in this book assume that circuit stages are
conjugately matched to each other for maximum power rransfer. %en this condi-
‘don is not true, as may be the case when examining system performance at the
“image [requency, for example, the mismatch loss can be taken into account by
Cincreasing stage loss (or decreasing stage gain) by the amount of mismatch loss.
" Weneed to define a new reflection cocfficient, where the reference impedance
is not 50 £ but the complex source impedance. Figure 4.6 shows the interface
jétwc-:n two arbitrary stages. The cquations for mismatch Joss in decibels:

Mistmatch loss = =10 log(1 — [T (4.33)
Mismatch loss = —10 lﬂg[l o (%L:—i)u] (£.54)
vhere

I, = reflection coctficient (complex, dimensionless)

#; = load impedance (complex) (£

#, = reference (source) impedance (complex) ({1)
VSR = voltage standing wave ratio

= = pomplex conjugate
P

By inspection, if Zyand 7 are complex conjugates, then the refllection coelli-
v < -
‘tient [ is zero, and mismatch loss is also zero.

e Stage C o Stage |
n fn+1
- —-
Zs 4L

Figu_r: 4.6 Two mismatched stages.
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Mismatch loss is the loss between two stages thut are not impedance-matche|
to cach other. It is equal to the transmission loss only it all the loss is due g,
reflection from an impedance mismatch. Device gain must be lowered by e
amount of mismarch loss in svslem calculations, such as receiver sensitvity ang
intercept point calculations,

4,12 NETWOREK TRANSFORMATIONS
4.12.1 Norton Transformation

Norton wansformaton can be used o decrease the number of components in 5

filter or a marching network by taking advantage of mutual inductance implemenced

as a tapped coil. It can also be used to implement or absorb negative componen:

values in special cases. For example, through use of Norton transtformation the

left-hand circuit in Figure 4.7 can be transformed into the right-hand one [4].
The necessary equations are

GG GG

=" — n
G =L
K
f;g_%
100
K

To illustrare Norton tanstormation, we will consider the classical elliptic Tow-
pass topology shown in Figure 1.8,

The filter consists of two coils and five capacitors; usually the capacitor values
are widely different in vahze. Norton wransformation can be used 1o uansform the
classical topology inlo one with two coils and only three capacitors, whase valucs
are much closer to each other than the orginal unransformed values, The rans
tormed filter is shown in Figure 4.9,

A A ||
7y ey
Ca E CF z

as
L C

Figure £.7 Norion Uunsformartion.
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I

4.8 Elliptic low—pass prototyps [ler.

Z
[
r r
T« 79

Agure 4.9 Eyuivalent mansformed fleer with fewer compunents,

K G + 05
g = Fil
Gy o+ O3
K= -
PR
G =%
C; _E
oo Gy Gy
Cq_ ] f43 + 5 +:R_-.1
100}
S
100
bafy = ?4

4,12.2 Kuroda Transform

The Kurnda transform (see Figure 4.10) can be used rta change a series shorred
transmission line stub into a parallel open transmission line stub and viee versa.
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1 1 211
£
] [+
Zg = Zg
- - -
- i =18 g l o

Figure 4.10 Euroda trunsformation.

This mansformaton is commaonly used in the design of mansmission line filrers,

where series connections are generally not realizable and shunt connections are,

&
z;-—“'zn
1+?I
o Zi
& -21+Zu
Zy=2Li+ 4
zl J{u.{.é[:.z:'zﬂ

Zy, £y = ransmission line of length [
£ = shunt open smib of length [
£} = series shorted stub of length [

I=lengrths of all transmission lines (all the same length)

4.12.3 Pi to T Transformation

The T-cirenit to picircuit runsformation in Figure 4.11 changes the ordering of
series and shunt components in a network, similar to the two previous wansformz-
tions. Mote that the T-network has more cirenit nodes than the vquivalent pi-
network, and thus the transformation forms the basis for many node-reduction
algorithms useful in circuit analysis computer programs.

()

4,13 NOISE FORMULAS

4,11 Twao eguivalent networks: {a} T, (b1 pi.

Zﬁzlzuzizﬁazf
z&=7m1{5+2;1,+2al
HE RS VR
% Z
2.2,
s
za,A
L ey
P,
S s e

P, =hkil
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ZEE

c zﬂh

(b)

(4.35)
(4.36)
(4.37)
(4.38)
(4.39)

(4.40)

e treatment of noise in a device or system can take many forms, and four different
methods are used to quantify the amount of neise present: noise figure, noise
factor, noise temperature, and ENR (excess noise ratio). Noise figure (in decibels)
dnd noise factor (linear) must not be confused with cach other,

 Noise power is calculated [rom noise temperature:

(4.41)

P, = maximum available noise power ar conjugate maich (W)
L= Bolzmann's constant, 1.38 x 10F* {J/K)

T = absolute lemperature (K)

B = equivalent noise bandwidth (Hz)
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The power density at room temperature is approximately =174 dBm/Hz.
Maoise factor

) w T,
= S +1 {4.43,
%)
Qe
MNotse fipurce:
F = 10 log(F) (4.43)

The noisc figure (in decibels) of a passive, lossy device is equal to its loss iy
decibels. Correction for physical temperature different from reference temperarnire
15 given by (1.4},

Molse temperamire;

TL=(F-1T (4.44)
F=1+T/T; (445
{8/ W = inpul signal-to-noise ratio (lincar)
{8/ Naur = output signal-to-noise ratio (linear)
1. = equivalent noise temperamre (K)
Ti = reference temperature, 290K
¥ = noise Ngure (dB)
"= noise factor {lincar)
Cascade noise teimperature:
T, 3 T,
T =T + -.* T - S 461
T T T T T S L
T, = vquivalent input noise temperature (K)
T; = stage noise temperarure (K)
Gy = stage gain (linear)
Cascade noise Taclor:
. -1 KE-1 -1
=K +—— J - e M e 47
FTRT w7 GG e ey Bt

- [, = equivalent input noise factor (linear)
;= stage noise factor {linear)

(3 = stage gain (linear)
1t signal level for desired (8/N)o.

8y = kIEIBFq{S."#}"r}WL
Siu = k{ IT:] T IIE'I:I -B{ S-'"IIJ-?\T}UJL

5 = input signal power (W)
k = Boltzmann’s constant, 1.38 = 107 {J/K)
T,, = cquivalent input nolse lemperalure
Ty = reference temperamire, SO0k
B = noise cquivalent bandwidth (Hz)
F,; = equivalent input noise factor (linear)

{5/ W) e = desired ourput signal-to-noise ratio (linear)

119.3):

- Rn | IF:. = -'ri."uprjz
= _.I'.":"" S o
4 Zall+ Lol (1 — 11)

F = device noise factor (linear)

F;. = minimum noise factor (device property) (linear)

normalized to (ie., divided by} 2.

é\:
|

= system Impedance (real) (1)

I = source reflection coefficient

MS noise vollage across a resistor

Voor = *J4RkTB
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Noise figure of active two-port device (noise circles are given in Subsection

(4.48)

R, = noise resistance (device property) (£1). Sometimes R, is already

I, = source reflection coefficient for minimum noise factor (device property)

(4.49)
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Vior = open-circuit RMS thermal voltage (V)
It = resistor value (1)
= Boltzmann’s constant, 1.38 x 10 ([/K)
T = resistor temperature (K)
i = bandwidith {Hz)

The maximum noise volige aailable o a load resistor of the same value o
in a matched system is Van /2.
Calibrated noise source formulas:

Tie — 290
ENR = 10 103(%) (4.50)
Ting = 290“01\:&'[!} + J.:I {4.51)

ENR = excess noise ratio of noise source (dB)

Tern = equivalent noise tempersture of noise source (K)

4.14 OSCILLATOR PHASE NOISE

55B phase noise places a limit on receiver adjacent channel selectivity, affects the
ultimate receiver 5/N (usually called Hum & Noise), and influences a Doppler
radar’s velocity resolution, Single-sideband phase noise at an offset [ from the
carrier is governed by Leeson's cquation [10]:

e .2
Fpyg = 10 lug[FkI e (‘—'-F'l):l

2 80\ {452}
£y = singlesideband phase noise density (dBe/Hz)
"= device noise factor at operating power level A (linear)
k= Boltzmann's constant, 1.38 x 107% (([/K))
T = temperature (K)
A = oscillator ourpur power (W)
;= loaded  (dimensionless)
o = oscillator carrier frequency (Hz)
o = frequency offset from carrier (Hz)

Equation (1.52) applies provided f, is greater than the active device's 1)/
Hicker corner [requency; the active device’s noise factor at operating power level

Usefued Formulay | 231

e known: active device operation is close to linear; the loaded € includes the effects
, component losses, device lvading, and ourpur buffer loading; and only a single
eonator is used in the oscillator.

§ In theory, the noise power density is split equally between AM and PM compo-
nts [10]; the toml noise power density is then owice that given by (452). In
ctice, the amount of AM noise is usually far greater than I'M noise at frequency
siots far from carrier, while PM noise dominates close to the carricr.

Leeson's equation provides several basic insights into the characteristics of
pscillator SSB phase noise: doubling the loaded () improves 55B phase noisc by
§ dB; doubling the operating frequency results in 6 dB SSB phase noise degradation,
all other things being equal. This is basically the same degradation as for frequency
“multiplication, There is a 6-dB/octave slope with respect to the frequency offsel
1, and operation at high signal level is desirable.
© The most troublesome variable in Leeson's equation is the device noise factor,
Sehich is difficult 1o estimate because of nonlingar operation, What is nsually done
“in practice is that the Inaded @ is obrained using techniques introduced in Section
5,10, S3B phase noise is measured, and then noise factor is caleulated using Leeson’s

ice data sheet.

TLeeson's cquation only applics between the 1/ flicker noise transition fre-
gquency (i) and a frequency past which amplitied white noise dominates (f) in
Fiure 4,12, Typically, f is less than 1 kHz and should be as low as possible; £ is

o 9 dB/octave

6 dB/octave
Leeson's equation
applies

/ flat

Fa /:zf:,)_L l

SBN [dBe/ sz

1 fz
|

Offset frequency £, [Hz]
1/F  flicker

noise transition

Figrre 4,12 Typical oscillator phase noise densiny as a funcion of offser frequency,
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in the region of a few MHz. High-performance oscillators require devices sppm]h.

selected for low 1/f mansiton frequency. JFETs have the lowest 1/f Micker Mg
ransition frequency, next come bipolar transistors; GaAs FETs are the worst, There
15 an inverse correlation between de G and 1/f noise of bipalar transistors [11]
(higher de 8 = lower 1/ fnoise).

The relationship between the unloaded resonator o and loaded ascillas,,
(2, is important in determining S5B phase noise. In theory, they can he made equial,
it lossless components are used, loading due to active device can be neglected, uyyq
oulpul power 1s negligible compared 1o ﬂperar_ing power. In pracice, none of thesp
restrictions can be satisfied; ¢ = 3/4 (; is vsually the upper Lt for a fairly
sophisticated oscillator design, In wide-tuning VOOs, where varactor @ conrribuge,
to overall (J degradarion, the ratio between unloaded and loaded () can be as high
as 4. Loaded ) can also be obtained from computer simulation as the phase slope
(L. group delay) of the opendoop oscillator equivalent circuit [12], as mentioned
in Secton 3.10.

Wide-tuning VOOs also suffer from spurious FM moduladon of the VOO due
o thermul noise in the varactor diode(s). The varactor diode series Tesistanice can
be transformed 1o its parallel equivalent by use of (2.51), which serves as a source
of thermal voltage modulating the VOO, This noise voltage is usually filtered by a
separale capacitor in the steering line circuit, mounted as close to the VOO as
possible.

g i
%, =10 Iugi: gkt }

JL+ (2afiCuR,)

k
1]

single-sideband noise due to varactor resistance (dBc/Hz)
K, = steering line sensitivity (Hz,/V)

&= Bolzmann's constant, 1.38 < 1072 (J/K)
1= ahanlute temperature (K)
£, = varactor diode cquivalent parallel resistance, or total equivalent parallel

resistance in the steering line circuit (£1)

fu
Lo,

frequency offsct from carrier (1z)

steering line capacitance to ground (F)

(riven a certain varactor parallel resistance A, and VCO steering line sensitivity
K., (4.53) places a lower limit on G, for a certuin 558 phase noise goal, O, must
be u low impedance capacitor to ground, with no resistance in series with ir. Gy 15
nor the varactor t’dpﬂl:"ﬂﬂrlf_‘f: but the value of an addigonal ;If_f-rmg lizze ,r_dp;u:]m]
required to minimize SSB phase noise degradation due 10 steering line resistanee:
S5SB noise of (4.53) is additive to (4.52) on a power basis.
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Sideband noise of an operating oscillator can be theoretically improved by
the arrangement [13] shown in Figure 4.15.

The long delay 7 serves to uncorrelate the noise sidebands in the two signal
Jaths o the mixer, so that upon mixing, the SSB phase noise increases only by 3
3 rather than the 6 dB incurred by direct frequency multiplication. As division
.E improves the 558 phase noise I_v, 6§ dB, there is a net theoretical improvement
in 5B phase noise of 3 dB for frequency offsets greater than 1/

4.15 QUALITY FACTOR

The most hasic definition of quality factor relates encrgy siored to the average
power loss:

energy stored
=Gy
=~ "Maverage power loss

{4.54)

0 = guality factor

@y, = resonant frequency (rad/s)

If the network or structure can be represented as a series connection ot
resistances R, and reactances X, then the ) of such a networ k can be ohtained
from (4.55). This expression makes no assumption abour the variation of X; with
frequency and is therefore suitable lor mransmission line resonators, LC circuits,

nd nonresonant circis.

EIY,
E A+ WZ e 55
i § I 1422}
21
=
Power
splitter
p 2 2%fy ["Band-pass ‘_ e F
3 _< filter ] 0
ko — Delay 2xf g
T

Figure 4.13 lmprovement of 555 phase noise by uncorrelated mixing and Trequency division,
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(2 = quality factor of network
i = index of summation for the N scries reactances
N =number of reactances
X = seriesconnecled reactances
@ = radian fequency (rad,/s)
J = index of summation for the M series resistances
M = numbher of resstances
R = seriesconnected resistances
X,
dear

= reactance slope parameter

. It can be casily verified that the relationship of (4.55) reduces w (4.56) far
inductors and capacitors.

In series L0 resonant circuits: ) = i (4.56)

Ry

In parallel LC resonant circuits: (2 = x

(157
{4 = quality factor
X = reactance of cither coil or capacitor at resonance (1)

Ry = series equivalent resistance in series resonant circuit i

Ry = parallel equivalent resistance in parallel resonant cirenit (£1)

. We can demounstrate the applicaton of (4.55) by caleulating the @ of un
arbitrary length of shorted transmission line seetion, which is not resonant at 1he

E'r::r.luency of interest, The input impedance of a shorted (ransmission line section
is given by

£ =Zyanh{yl) = B+ jX

where, by use of (4.25),

9 Lysinh(2ad) I
cosh(2al) + cos(281) (2,38
A= Lotan( B {(4.59]
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sk
ax A

2 = ST (4.60)

~ Itmust be emphasized that () of a ransmission line section is not simply equal
o X/R as it would be for inductors and capacitors, but (4.55) must he used 1o
five the (in this case. While it may appear that (0 is independent of Z;, this is
‘ot really so, hecause the line attenuadon & is a strong funcoon of Z,.

i LM
 Ftbag v B (461
Q=3—Fx =3 Snh(2al) A

cosh (2ad) + cos(280)

- (= quality factor of a shorted nonresonant transmission line secton
@ = radian frequency, = 247 (rad/s)
e = line attenuation (Nepers/m)
B =w/v
[=line length, I= A/4 {m)
© = propagation velocity = we (m/s}

Zy = ransmission line characteristic impedance ({1)

Another equaton for @, often used in oscillator work, uses group delay
through a resonant circuit to define oscillator loaded (:

h df

T
Q=25 =" 350 af %)

{2, = oscillator loaded quality factor
w = radian frequency, = 2 (rad/s)
7= group delay (s)
i = frequency at which phase equals zero {Hz)
& = phase of opendoop voltage gain tanslfer unction (degrees)

The term unlsaded () 1s used in cases where a resonant eircuit is not loaded
by any external terminating impedances, In that case, the () 1s determined only by
esonator losses,

Loaded (3 isused in filter and oscillator work to mean the width of the resonance
turve, or phase slope, including the effects of cxternal components, In that case,
e () 1z determined mostly by the external components. The rativ between

ki

Unloaded and loaded s in a filter can be used Lo estimate insertion loss. The
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loaded ) of oscillator circuits determines their SSE
tion (4.52).

Caleulations of (} are important for A/4 resonators, Figure 4,14 shows by,
v b h Wy

lossy A/4 resonator can be modeled by a lossless line with parllel resisior

; Qg
_ Zusinh(2ail) Z"‘*mh(-taa;f;)
cosh{2ay) — 1~ ' eyl (4.63)
cos) :(m) =
R = equivalent parallel resistance in lossless line cquivalent eircuit (£2)
Zy = characteristic lmpedance of A/4 line (£1)
by =

attenuaton of line (Nepers/m: to convert from dB/m o Nepers/m
divide by 8.686)
@yp = atfenuation of line (dB/m)

! =length of A/4 line (m)

We can also derive the unloaded ) of'a A/4 resunaror from the line loss,

0= T o 21717 _
= ['Inlf.'fr‘\' _-'1!1'5,-!? L a'dﬂf {!-541

(= unloaded @ of A/4 resonator

Ji = resonant frequency (Hz)

v, = velocity factor of line

o= speed of light in ree space, 2,9979 « 10 (mny's)
&y = attenuation of line (Nepers/m; to convert from dB/m o Nepers,/m.
divide by 8.686)
fp = dttenuation of line (dB/m)

= length of A/4 line (m)

Figure 4.14 Equivalence Letween tossy line and lossiess line with rosiswar,

phase noise via Leeson’s By
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The reladonship of (4.64}) can be inverted to conveniently obiain the line
tgss from a measurement of A/4 resonator (L

~ Quality factor of single-pole networks can alsa be defined and conveniently
measured by the width of the resonance curve shown in Figure 415

gt

=~ BWis wom

4]

i = resonant frequency

- BW,uy = 3-dB bandwidth of resonance (same units as f;)

116 RESONATORS

While un inductor and a capacitor can be connected to form a resonant circuir,
.5_';.- term resonator in this section is used to refer to a length of transmission line,
The main advantage in using transmission line rather than LC resonators is the
much higher @ achievable with transmission line resonators. The high @ can be

to good use in highly sclective, low-loss filters, low-noise oscillator circaits, low-
s hahms, and matching networks. Transmission line resonators can usually he
& tunable over a wide frequency range with less () vanation than would be
present in a mnable inductor.

\ quarter-wave coaxial resonator, shown in Figure 4,16, is formed by shorting the
enter conductor of a4 couaxiul line o its shield at one end, leaving the other end
| bpen-circuited,

EW 34p

e 4,15 Measurement of ! from frequency respronss,
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l=1/4

A
y

Figure 4.16 Clusrter—wave coaxial resonator.

The physical lengih of a coaxial resonator is equal 1o one-quarter the wave.
!Eugrh in the medium filling the resonator; the electrical length of a4 A/4 resonarn;
is always 90° The unloaded quality factor has two contributors: conductor loss, Q
and dielectric loss, . Equation (4.66) gives the gencral expression for -:m]durm.:
contribution to (7, which is independent of the dielectric, and (4.67) isa simplitied
expression for the case of copper conductors, with the optmum §/a rato of 3,50
This optimum ratio yields a 76.7-0) characteristic impedance in free air; the optimum
ratio is also independent of the dielectric constant filling the resonator,

M"ﬁﬂn(g)

0.=92
Lo l 1 .06
(a L .ﬁ)
Q. = B.308I[f (4.67]
1

= tar (&)
Lz SR AL
Qe Gt
; Gl ] <o
Zy= \_f—ﬂlﬂ(;ﬂ) (4.6
2:mr TE.?NI'E I:"].'.'-'_"-]ll

y 40

T
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b = inside radius of outer shield (m)
@ = outer radius of inner conductor (m)
[ = resonant frequency (Hz)
w = permeability of conductor (H/m)
o = conductivity of conductor (mho,/m)
£ = diclectric constant of inside dielectric
. = conductor contribution to unloaded ()
.. = conductor contribution to unloaded () in a copper A/4 resonator
with the optimum &/ ratio of 359112
(), = diclectric contribution to unloaded
(2 = unloaded quality factor of A/4 resonator, including conductor
and dielecmic losses
an(d) = loss tangent of dielectric material filling resonator
Z, = characteristic impedance of coaxial stcrure (£1)
7, = characteristic impedance that yields highest O (#/a = 3.539112)
V. = volage step-up ratio o top of resonator

7 = resonator mode, number of guarter-wavelengths at resonance

Ohbserving that () == «‘f':;, we can obtain the (J for any other conductor material,

4.16.2 Helical Resonators

Helicul resonators find use in the frequency gap between discrete L resonators
and reasonablesize coaxial resonators. The resonator itself is a length of helical
._'I:- nsmission line, short-circuited at one end. The unloaded @ is strongly correlated
JI wire gage. Figure 4.17 shows the proportions of helical resonators with shields

‘Operating frequency and available physical space. Therefore, the known quantities
Usually are shield size and resonant frequency. From the shield size, we can derive
‘the helix mean diameter, d, which can then be used in the following equations 1o
ive at ather design parameters,
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= Tuning
f SCrew

- —

1.5¢

L]

>

M=242 o

o (FFrcuIarJ
5 {squarae)

Figure 4.17 Helicul resannor dimensions.
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d = mean helix diameler (cm)

I} =inside diameter of circular shield (cm}

8 =length of square shield side (cmn)

H = height of shield {cm)

[= resonant frequency (MHz)

Ji = resonant frequency in the presence of dielectric (MHz)
() = unloaded  of air-filled resonator

2, = unloaded ( in the presence of diclectric material

N = number of turns on helix

fr=helix pitch (turns/cm)
Zy = churacteristic impedance of air-filled helical wransmission line (1)

£; = characteristic impedance with dielecuric (£1)

r=wire diameter; also space between turns (om)

:tan{ d) = loss tangent of dielectric material

=45 Gl ;
L] 3.1.9&\&' The mput and ouiput coupling method (usually a ap) wends wo decrease the
9674 fesonant frequency of the first and last cavities; shields for those can be made
= df izhtly oversize so that the tuning screws come out at an cven height for all the
e resonators in a filter. References [14,15] contain more detailed information on
= ;L (4711 gmperature compensation, leld analysis, and construction methods, Observing
df i iat () o ,\lr{—r we can obtain the () for any other conductor marterial, once the
7 1361490 r copper resonaror is determined,
i '
aF
| .16.3 Other Resonators
H= ﬂ lhe resonant frequencies of a metal box, as shown in Figure 4,18, are:

When the resonator is filled entrel
change:

¥ with dielectric, the [ollowing parameters

Fe N - ()

= resonant frequency (Hz)

Z e = permeability (I1/m)
-\n'_-; € = permirtiviry (F/m)
f - m = integer mode number

= integer mode number
# = integer mode number
x = a-dimension of hox (m)
(472! ¥ = ydimension of hox {m)

z = zdimension of box (m)
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Y<Xx<z

Figure 4,18 Metal how as a waveguide resonutor.

Il'he ]_r:mrcz-;t such frequency is for the TE,, mode, where m=1, n=1 fr=|
K,Eep.m mind that any conductive structure placed inside the box, such as printed
circuit board or internal cable, will lower the resonant frequency, analogous m

ndged waveguide having lower culoff frequency than a rectangular waveguide of

sirnilar outside dimensions

4.17 SKIN DEPTH

Skin di.:pth is a mathematical simplification that assumes uniform current Mow in
a certain thickness of conductor 8 rather than exponentially decayving current fluw
which is the true picture, Nevertheless, this simplification is convenientin F:timmjuu;
the effect of plating thickness on transmission line loss and resonator () “

(4.73)

& = skin depth, approximate depth of penerration of RF current into
conductor (m)

& = conductivity {(5/m); see Section 4.24 for common valies

# = permeability (H/m)

= frequency (Hz)

. Several references place an extra factor of /2 in the denominator [16.17]:
& correctness of our formula can be derived from Maxwell's equations for 1

LUsefil Formulny | 243

e wave parallel to the surface of a conductor and assuming harmonic variaton

8¢ £ with time [18]:

here

Vo= jupo — wipE = jous

hecuuse for conductors o == we,

The classical soluton to the above differential equaton is

E, =L

vhere

5 v _
= '\l_,frt'd#l?' =-\IIJ ||27,:|‘JEL£I=% EWfMLT =] __,ﬂ "fﬂf}-ﬂﬂ'

| that
I xS e
P w. .ﬂﬂf.wfum
and the attenuaton faclor is
s

Attenuation reaches a valie of ¢'(1/¢) al

1

which is the definition of skin depth, The discrepancy is due 1o the evaluation of

4,18 SMITH CHART GRAPHICS

ith high-end drawing CAD soltware, such as MiniCAD [19], you can draw your
Own version of the Smith Chart, or a porton of it, using the equations in this
Secrion. The notation has been adopted from [20]. The chart consists of normalized
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Partions of these circles that are inside the Smith Chart are arcs thar stare at
-~ 270°, continue counterclockwise for a length of @, when x is positive:

o ==[ 180" (1) |

~ When x is negative, the arcs start al o = a0, continue counterclockwise for
length of . (s is thus relative to i, not to the center of the Smith Chart):

constant r, x, g and bcircles, where r=1, x = 0 {as well as g=1,0=10) is the cene,
of the Smith Chart. The coordinate syslem s reclangular, with i as the x-coord; n--“
(to avold confusion with x = constant reactance) and o as the ycoordinage q:-L*t
that (1, v) = ({), (1) is the center of the Smith Chart whose radius is 1. Thus, u- a]—nl
vare the equivalent rectangular coordinares of the polar reflection coefficien }f‘
Variables used in the following equations are defined at the end of this section,

Constant r circles:

ik, [ A
T=¢ " T

This equation defines a family of circles with centers on the waxis at

>
(o) = [m, 'Di|

o = THO® — L:m"(-?'!i)
i i '|

fonstant g circles:

g ¥ 1
(u+1 1g) +Ir-:{_i-+_g?=

and |
[hese are circles with centers on the negative w as at

1
e BEE L
(1) = [ T+a ﬂj‘

1+

radius =

Note that r=0is the unit circle, o + 92 = 1, which is the conventional boundary
bem:een inside and outside the Smith Charr, Megative values of » result in circles
ouside the Smith Chart; = —1 is a circle with infinite radits and 15 a vertcal line
at w=1.

and radius =1,/(1 + g

Constant b circles:

2

g n_1
[+ ”"+(1-'—‘Er) =

Constant x circles:

(-1 + (U—E)-:l!
x

This equation represents circles whose centers are at:

{w) = [1, il]
&

This cqu;lL'mn TERTESEILS circles whose centers are at

1
() = [—], :t—bil
With radius = 1./]8|

Fortons of these circles that are inside the Smith Chart are arcs that start at

r ] i Tewvtaes Eor : his positive:
0 = 970°, continue counterclockwise for a length of e when B

180° — tan-!| 2
S B

radius = —
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When #1s negative, the arcs start at a; = 907, continue counterclockwise for o ltng h

of o
I oy
o= -{13{}* o mn-'(-":’iﬂ

-1

Comstant () circles

1y 1

wHrr=|=1+—
(2g)-1+ g

have centers at

() = ['L'J. +
radius =

The defining arcs start at @ and are of length a..

a = 590° — tan™' ((}) for centers on negative v axis
ay = 270° — tan™' (@) lor centers on positive v axis

In both cases, the extent of the arc is .,

=2 tan ()

r=normalized resistance
x=nommalized reactance
g=normalized conduciance
&= normalized susceptance
w = Cartesian {rectangular) scoordinate
v = Cartesiun (rectangular) ycoordinate
& = starting angle of are, 0% < @ < 360°
g = counterclockwise extent or length of arc, 0° < @ < 180°
( = x/r guality factor of a given impedance point
Many other properties, in addition o impedances, can be ploted on (1

-E'_ﬁIIllﬂ'LIEhHI"L _Cunstunt gain, noise figure, and stability circles are defined in the
following secdons. )
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4,19 sPARAMETER FORMULAS

The popularity of sparameters stems [rom the fact than open and short circnirs
are not required in their definition or measurement, as is the case [or the corre-
sponding y, z, or A parameters. Well-bchaved open and short circuits are difficull
{0 obtain at high frequencies, and measured device stability may be compromised
open- or short- circuit terminations at its terminals. sparameters are strictly
\small-signal parameters and are not suitable for describing nonlinear operaton. s
i the reflection coefficient at port ¢ when all other ports are terminated in the
characteristic impedance. s, is the transducer gain from port j o port i under the
samme conditions.

From the many definitions of gain, the most important one is transducer gain,
defined as the ratio between power delivered to the load and power available from
1 SOUrce:

i IsP(L=I0H (1 - 16
= 1 - 5111-:5_ J?s:n. EH ﬁ-!r'sﬂj:

A = 55w — Sindy

(4.74)

Gy = transducer gain {linear)
[y = source reflection coefficient (complex)

1} = load reflection cocfficient (complex)

The maximum of transducer gain, when hath source and load are conjugately
matched is the maximum available gain:

Ei‘i{k——\fﬁ}
12

(s

(... = maximum available gain (linear)

& = Bollert’s stability factor (see Subsection 4.19.5), k2 1

For given values of 55 and s, the highest gain can be obtained for k=1, al the
‘edge of instability. A high & value will limit the maximum available guin, Maximum
availuble gain is difficult to measure directly and is usually compured from the
‘device's sparameters.

' The operating power gain, defined as the ratio berween power delivered 1o
the load and power absorbed from the source, is useful for plotting constant gain
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circles in the output reflection coefficient plane or far analyzing gain availah|e

Constant operating power gain circles are plotted in the output reflection
from an unstahle device.

eoefficient plane and must not be confused with gain f:i.rclc_s_. whi:_:h dre snmt'.tjmes
slotted in the input reflection coefficient plane together with noise ﬁ.gure. circles,
uch gain circles are called assosiated gain civeles and refer 10 gain obtainable when
e input is mismatched to obtain specific noise figure.

Isalf () = [T31) -
T = sulF — s — ALE (4.75)

A = 55— S8

G, =

19.2 sParameter Formulas: Impedance

(i» = operating power gain (linear) [nput reflection coefficient for any load impedance:

[ = load reflection coefficient (complex)

Sya8n Hadn 4.7R
ﬂh‘=5:|*'l—=3ﬂ+ 7o + %o i (4.78)
Note that the operating power gain is independent of the source reflection : ik & — o .

coefficient. We can analyze the effect of oulput termination on operating power

gain by plotting constant gain circles on the Smith Charr, I = reflection coelficient looking into input of device, when output is

terminated in £ or &

_Cn'z{d"zz - Agh)#

& I = load reflection coefficient (complex)
Center = (4.76) i -
1+ ilfl:: of — A% 7; = load impedance (complex) (L})
: = (| $a® = .
e 7, = system, relerence impedance (realy (40
G I 1 i k) - 3 * “m s
‘\/([sr.:;“) Isrzsal ~ Qk&["lﬂs‘éﬂ ¥ Output reflection coetficient for any source impedance:
Kaddinp == {4.77) N
—ﬂ- c 2 e Sypfag (4.79)
1 = Isﬂrl.':{fswlz —= ||':‘l.|_j ﬂ)l:'l' -_ SYE + } = _|;,_N_ - (7ﬁ % zn) )
A= S — Sl T__'g B 2= 2 &

Cr = power gain represented by circle (linear) Fyor = reflection cocfficient looking into output of device, when input is
k = Rollert's stability factor (see Subscction 4.19.5)

* = complex conjugate

terminated in I or Z.
I = source reflecion coefficient {complex)
Zy = source impedance (complex) £
I'o maximize wransducer gain ar the selected operating point, the souree

reflection coeflicicnt must be the conjugate of the device input reflection coefficient
with the selected load connected.

Z, = system, reference impedance {real) (L)

Section 4.19.4 supplies formulas for simultaneous conjugate impedance match at
‘both ports of a device.

Tie (m - iizf_)

Y = Bl '4.19.3 sParameter Formulas: Noise Circles
I = source reflection coefficient for maximum ransducer gain Center = 1 : Jﬁ_. =
1 = selected load reflection coefficient for desired Operding power gain _ 1 T T (4.81)
Wis complex conjugate Radius = —-—! g _MI_\,'I;'\-'T + N1 = |l i
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where B =1 + [sulf = lsef* = |AP
. Bi=1—|sf + |sul® - |AF
N = (F— Fm}l;_!l-l + f,'.J..F G g -"leJte
47: Oy = aa = Ash
A = 5y 5 — oy
I

e = source reflection coefficient for minimum noise figure (device

property) (linear) [ = snurce refllection coeflicient for maximum gain

F = desired noise factor circle (linear) I = load reflection coefficient for maximum gain

Frzm = minimum naoise factor (device property) (linear) sgm )

sign function. For stable designs, B is positive, and the sign of the

=
|

= noise resistance (device property) square root is therefore negative

__:\:
|

= reference, system impedance, real (1) * = complex conjugate

=
1

intermediate parameter in caleulation

19.5 sParameter Formulas: Stability
The notation in (4.80) and (4,81} is that of reference [21]. A puint on a given
noise circle represents the source reflection coelficient that the device needs
see At ils input for that noise figure. The device outpur is conjugately matched for
maximum fransducer gain:

ability factor (Rollett’s):

i L+ |sinsm — nasal — sl — | ol
: szl

(4.84)

$u50d ¢
o=+ ——
i (3__ T s rs)

k=1 for unconditivnal stability,
£} = selected source reflection coefficient for required noise figure ¢ Linyill stability factor, € is the reciprocal of & _
Additional requirements for absolute stability, ut which no passive source or

1 = load reflection coefficient [or maximum ransducer irain _ T
ad can cause instability:

* = complexs conjugate

seel = 1
4.19.4 sParameter Formulas: Simultaneous Conjugate Match s = 1
: . s i ) sl = [(5; — Ase) 7]
When s = 0, the input and output terminations affect the ouipul and inpu: 2 T >1
impedances, respectively, and the conditions for simultaneous conjugate match ar Isuf* — 1Al
in'pu_'r and. m:tEut are not simply 5%, and % but are governed by the following |5z — (50 — AT |
relationships. Simultancous conjugate match at input and outpul is required for | sanl? — AP
maximum gain.
A= 55— Sl
CILB — sgn (B (BT — 41GF)] _
I= SICE (4,821 put stability circle:
G5B — sgn{Ba)( BE — 4GP | (51 — As) ™ s8] 5
- E 2 ki ; ; _ L = adling = —mtl {4.85)
L= e (4.83) Center = 5 = IAF Badius Tof — IAF
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Ourput stability circle: {» = process capability index

Agty® Cup = upper capability index

(322 — Asyy)
[sel* — JAF

|51l

Badius = Tl — |AF (486

Center =

(. = lower capability index
Cpy = process capability index adjusted for shift in mean value

A = 55 — Sy (/8L = upper specification limit

. [SL = lower specificarion linit
5 = sparameters of two-port analyveed for stability 3 P

i pt = average value of process
# = romplex conjugate

o = standard deviation of process

The siability circles separate stable from potentally unstable terminasn; . .
impedance regions on the Smith Chart. Another way of looking at stability is 1o Mast specifications in RF work are single-ended, and we can use e:tl_mr Cppr
realize that terminating impedances in the unstable region cause the device w i G, so that Gy simply becomes a measure of how far the average value is from
exhibil negative resistance at its terminals. Basic network theory says that it a o e specification limit, expressed as a fraction of 3o. The following example, shown
port device exhibits negalive resistance ar one port, it must do so at the other por

 Figure 4.19, illustrates the concepts. I AL )
also. If the input stability circle intersects the Smith Chart, there must also be an If the average measured sensitivity of a production run of receivers is 0.23 (W
output stability circle that cuts the Smith Chart in the outpul plane at the same

4 standard deviation of 0.07 £V, then we can calculate Crg with respect the
frequency. The number of input and output stahility circles intersecting the Smuth fhecification limit of (L85 @V as
Chart must be equal.

The corollary to this is that either input or output resistive loading can cure
instability, and once an input stability circle moves outside the Smith Chart, there
is no need to check the output: it will be stable alse (and vice versa).

Operation in the unstable region is sometimes desirable for oscillators,

USL—p 0.35-0.23
3¢ 3(0.07)

=0.571

g =

I
4.20 STATISTICAL ANALYSIS I
: I |
It has hecome customary o specify performance parameters in terms of thed | |
statistical propertdes, to track or ensure high production yields. The most common
way is to specify how many standard deviations the average is lrom the specification | 1.713 o |
limit. For example, a G-sigma design spl;:cﬂ'lt:s that the average value is six standard L‘ =0.571 (3a) -J
deviations away [rom the specification Timir, Other process capability indices ar® |
also used [22] to describe statistical properties of a process whose specificannt |
limits have been prescribed: -1 I |
[
= I
¢, USL— LSL (8 -G
R s
; |
.= USL — {488 !
I =023 pV USL = 0.35 pV
] M ST a0
== 4.88)
e e [

= 4.19 Difference bemween avernge performance u, and specification limit USE cxpressed as a
Fraction of 3.

CP‘l'-.' = E\-‘Iilﬂ C-Ipf',w,cpii (,{[.'II'_L
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Such alow value of Gy is typically not acceptable for large-volume productin, IF selectivity min dB | 93
because it would result in a failure rate of 4.3%. Far Crw = 0.5, the failure rare ¢
be estimated from an approximation to the standard error fancion [23]: e Fokragrmady| T
Failure rate = I,i_exp[—é.ﬁif.‘m}g] [ﬁ.::_ - _1__1 + —l-S—J (4.5 sslpctvity
2w SCe (3Gw)"  (3Cw)° S Spurs min dEc | 9@
Restriction: G > (0.5
Spurs max dBe | 1 3@
This type of statistical analysis demands much measured data, or a sophis
cated computer prediction model must be available. Let us consider an emmr-.!a
of the latter. Equation (1.12) in Subsection 1.1.5 on receiver-adjacent Ch.‘i]'ll*.:'-ll 588 phase noise avg dBc/Hz | 131 o
selectivity shows how selectivity is determined by five Stage prupf:rr-jes N o 3
g -l e v ! o 55R phase noise sigma dB | @.5
praopertes (LO S5B phase noise, synithesizer spurs, IF selectiviny
IF hnnc_iwidrh_. and co-channel rejection) has a statistical distribution of values, TI"JIZ.Z
ascertain the impact of these statistical variations on overall selectivity, we. can IF bandwidth minkHz | 11
program the selectivity equation into a svstem simulator, such as Extend™ [24] Awvg sel 4
We can develup the required model, shown in Figure 4.20, assuming the IF bandwidth max kHz | 13 ’ 34-318522? =
following stage propertics and their statistical distributions: ] Std dev| B.969695259
1
* 1F selectivity uniformly distributed between 95 and 100 dB: | b
* IF bandwidth uniformly distributed benween 11 and 13 kHz: Capiratio sigma dB | @.6
; ;

Synthgs_iz::r spurious emissions uniformnly distributed between 90 and 130 4l
"n._- (0O 55B phase noise Gaussian with mean —13] dBec/Hz and sigma 0.5 dB; |
Co~channel rejection Gaussian with mean 4.8 dB, sigma 0.6 dB. |

[ 3

The Eqn block contains the selectivity equation (1.12), the five random
number generators teed in the appropriate statistical disrributions of the input
parameters, and the whole simulation is run for thousands of trials, resulting in
the displayed average and stundard deviation parameters of overall selectiviry, as
well as a histogram of the expected selectivity values, shown in Figure 4.21. .

The resulting sclectivity has a mean of 84.3 dB with a standard deviation of
0.97 dB. We can achieve the specification limit of 80 dB with a Crg oof ahout 1.5
whi:::h_rr:al]}r medus that the specification limit is 1.5 times 3¢, or 4.5 standard
deviations away from the average selectivity value, In this example, the failure rate
for selectivity would be near 5 parts per million! .

statistical modeling is 4 powerful design and analysis ool and is not con-
strained to modeling just selectivity. Any performance r;ammeter. which can be
described by a mathematical combination of several inputs can be analyzed in this
way. First, define the mathematical relationship, then feed in the randomly cenel™
ated parameter values using the appropriate statistical distributions, and monier
the Iﬁmtisﬂca] properties of the calculated resulis. Ideally, the source of the paramete!
statistical distributions is Monte Carlo circuir analysis. Tn the example here, the IF

-I L] El
Figure 4.20 Statisticul modeling of selectivity in Extend ™.

section would first be analvzed using the sppropriate component value distributions
i in a circuit simulator to come up with a statistical distriburion for the IF bandwidth,
This IF bandwidth distribution would then be used as an input o the system
iéi_mulaljm}. As you can see, this is just Monte Carlo analysis applied to systems, nol

I—J___IIJST. Circuits,

Tt is important o keep in mind that Cy calculation applies only to normal
:_{:Gaussi:m} distributions; it must be verified that the process under study is indeed
Gaussian, While the central limit theorem states that the averall sum of independent
?ﬁndum variables of any distribution has Gaussian distribution, we find in pracrice
at many outpur parameters are strongly determined by one or fwo input parame-
ters. A good example is noise figure of the first stage influencing receiver sensitiviry.
e statistical distribution of sensidvity will strongly correlate 1o firsestage noise
Hgure, which may not be Gaussian.

The histogram in our example shows that selectivity is also not wuly Gaussian
but shows a longer il toward lower values, The caleulated Cae number 1s, there-
. re, only an a;;pmximate measure of process capability in this case.
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Figure 4.21 Histogram of simulated selectivity distriburion,

Quantites expressed in decibels are rarely Gaussian. Always plot a histogram
or perform skewness and kurtosis rests [25,26] o ensure that YOUT parameter 15
Gaussian, If not, try its linear equivalent or transform the parameter inw a form
that is more Gaussian,

Computer tools can be used o perform statistical analysis on circuits or
systems, using Monte Curlo algorithms. As of this writing (1994), the following
computer prograins can be used for statistical analysis and yield prediction. This
list is nor comprehensive by any means, and 1 dpologize for ANy omissions,

MDS™ from Hewlet-Packard [27] (HP workstations). Yield an alysis, nonlinear
capability, linked to printed arcuit layout.

Supercompact™ from Compact Software [28] (Workstations and PCs), Non-
linear and optoelectronic capability.

MMICAD™ from Oprotek [29] (PCs). User-defined models,

RFDesigner™ from ingSOFT [30] (Macintosh). Statistical distributions can
be assigned to device sparameters.

: Extend™ from Imagine That! [24] {Macintash, PC). Ceneralspurpose sysient
simulator with wide range of statistical distributions built in, .

Gaussian From Uniform

A formula for generating numbers with a Gaussian distribution from a uniform
distribution random-number generator is
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x = i + acos(27RND) A/=2In ( RND) (4.92)
x = random real Gaussian variable of mean poand standard deviation o
p = desired average of

' o = desired standard deviation of x

RND = random real variable with uniform distribution between () and 1
(2 succession of numbers from a uniform distibution

random-number generator),

Most computer programs and languages have a function that can EEnCTate
RND.

|
4.21 TEMPERATURE

Three unirs of TEMperature are i common use today:

E="0+ 27315
"O=K-27315

B
= (O
(_.—{_}Ii.f 32)

of = %(”r_’:} + 32

4,22 TOLERANCE

The tolerances for most discrete components are part of the component’s specifica-
tion. For example, one can buy £2% capacitors, There are muany more types of
components for which the tolerances are not usually known bur must be estimated
for statistical analysis and yield prediction. Table 4.1 provides an estimate ol the plus
and minus tolerances that you can expect from using some COMINON COIMPONents,

In addition to the value tolerance, you should also be concerned with tolerance
intraduced by the manufacturing process. Air-wound coils of low inductance value
are particularly affected by the soldering process, as illustrated in Figure 4.22,

The cnil on the Ieft has larger inductance than the coil on the right, due to
the soldering process and possibly to variation in strip length if the coil wire is
insulated.
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Table 4.1

Plus and Minns Tolerances of Commaon Tars

Ripolar uunsistor sparamelers
Iseal, |5l
2%y L5
{51
2y
151l
by
Capacitor
ENR
Cnaxizl cable
%
T
o
Inductor inductance
Wire-wound coils
Wilh ferrte core
Wound on ceramic core
Inductor £
Printed spiral inductor
Inductance uncertainoy
Repearahility
Inductor 2
srandard 1.5-mm-thick printed
circuit board (G100, FR4) traces
-
"":l
o
Capacitance
Inductance
L oz copper trzce thickness

Printed directional coupler coupling

10 o 20%
107 1w 157
0%

15"

2%

207

20%

A%
2%
10%

L5 o 205
20% o 0%
3% m 105
20%

1% 10 5%
Beler than 1%
0%

A%

3%

k4 e

L2 to 0.05 pF/mm?

0.1 10 0.4 ol /mm depending on width
(AXSG e 255 unplated

471 mm £10% tin-plared

1dB

Solder

Figure 4.22 Inductance uncertainty introduced by soldering process,
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E‘:EE TRANSMITTER FOWER
= power output of a cluss-C amplifier is approximated by

_ Ve = Va)?

w (4.93)

F; = load resistance required at device ourpur (£1)
Ve = de supply voltage (V)
V., = device saturarion voltage (V)

By = desired RF power outpur (W)

Equation (493} illustrates the difficulty of designing broadband high-power
amplificrs using a low de voltage: High RF power requires alow value of B; presented
o the device: This means that the impedance transformartion from this low resistance
up to the system impedance becomes more extreme for higher powers, and the more
‘extreme the impedance transformation, the narrower the operating bandwidth
: scormes (see Section 2.12).

UNITS AND CONSTANTS

dBm = unit of power, dB above 1 mW, independent of system impedance
1 dBm =1 mW

ABRmV = dB above 1 mV rms

V = rms voltage

Power and Voltage in a 50-0) system:

3
-3

dBm = 20 log(+/20 V) (4.94)
¥= -\llll}.L'lfr  (ietimy 20 (4.95)

Power and Voltage in a 75-00 system:

dBm = 20 log(+/15.33 11} (4.96)

V= ~J0.075 1 (yidtm 20 (4.97)

| dBmV = dBm + 48.75 dB {4.98)
dBm = dBmV — 43.75 dB {4.99)
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Transmission line attenuation:

1 dB/m = {1115 Nepers/m = 30,48 dB/100 fi
1 Neper/m = 8,686 dB/m = 264.7 dB/100
e [dB/m] = & [Nepers/m] = 8635

Noise:

) Kelvin = —273.15 “C
Noise power at 300 K = -173.83 dBm/Hz (50 {2 system)

= —124.43 dBmV/Hz (75 [} system)

= =549 dBmV in a TV channel bandwidih
Boltzmann's constant, » = 138062 x 107 (J/K)
Conductivity of copper = 5.76 % 107 siemens (mho}/m
Conductivity of silver = 6.17 % 10 siemens/m
Conductivity of solder = (L7 = 107 siemens/m
Dielectric constant/loss tangent of Alumina = 9.7,/0.0003
Diclecric constant/loss tangent of G100, FR4 = 4.5/0.002
Dielectric constant/Toss tangent of PITE board = 2.2/0.0009
Dielectric constant/Toss rangem of nylon = 3.9/0.04
Electron charge, £=-1,6021 x 107" C
Plane wave impedance of vacuum, 5= 376.73 01
Permeability of vacuum, gy =47 % 107 H/m
Permittivity of vacuum, & = 8.854185 = 10" F/m
Planck’s constant, h = G.6262 x 'l[]'""-_] 5
Speed of light in vacuum, c= 2997925 » 10" m/s

4.25 VELOCITY FACTOR

Velocity factor is the ratio berween acnial velocity of propagation and the speed of
light in a vacuum, Tt determines the wavelength in the propagation medium.

il s (41001
¢ Er
v, = velocity factor, dimensionless, v, < 1
v = group velocioy of propagation in medium (my/s)
¢ =speed of ight in free space, 2.9979 = 10° {m/s)
Effective dielectric constant g5= (4101

-
Uy
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pproximate velocity factors for specific ransmission line media are given in Table
4.2:

Table 4.2
Velocity Factors of Comunon Transmission Lincs

Mudinem EALH Width fmm] e
G-10 (FR4) 50 9.7 0.528
microstrip 75 1.2 0.551
1IH) 0.54 0.553
Teflon/fiberglass 5k 4.2 0688
microstrip 75 2.1 0,702
1(HI i1 713

TV twin lead JiMl (2

{.26 VOLTAGE FROM FIELD STRENGTH
It the plane-wave electric field strength at a given antenna location is known, we
obtain the RF voltage at the antenna terminals from (4.5), provided that the

plane wave and the antenna polarizadons match.
:

EAJGR
f

V, = voltage at receiver antenna terminals, rims (V)

V, = 4.359 % 10° (4.102)

electric field strength of plane wave at antenna location (V/m)

I
(G = gain of receiving antenna (linear)

R = receiver input impedance (£1), matched to antenna
f= frequency (Hz)

.27 WAVEGUIDE BEYOND CUTOFF

The formula for attenuation of waveguide beyond cutoff can be used to evaluate
the effectiveness of shields, for coupling of energy inside nonresonant boxes, across
1

gaps, and through small holes,

{4.103)
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@ = atlenuation of wavegnide below cutoff (Nepers/m)
(1 Neper/m = 8,686 dB/m = 2.647 dB/fi)

A. = cutedf wavelength (m)

= Irequency (Hz)

Je = cutoff frequency (Hz) = /A,

o = propagation velocity = r;'\l';, (m.s)

¢ = speed of light in free space, 2.9979 % 10° (m/s)

g = dielectric constant of material filling the waveguide

Equation (£.103) holds tor any shape of waveguide, with the following ASSUIIp-
Lions:

L. Cutoff frequency and curoff wavelength are known for the waveguide shupe.

The cutoff wavelength for a long slot can be approsimated by the following
formula:

jh,..i TR D

A = cutoff wavelength for dominant 7F, mode (m)
a = lungest ransverse dimension of structure (m)
The cutofl wavelength for a circular waveguide (i.e., hole) is given by

Apligyy = 3.42r

A, = cutoff wavelength for circular waveguide dominant TE,; mode (m)
r=radius of hole (m)

2. The operating frequency is less than culoff frequency, f< L
3. Attenuation refers to the mode for which the £ is appropriate, and the input
of the waveguide is being excited in this mode, so that (4.103) gives the lowest

possible attenuation, If the appropriate mode is not being excited, then the
attenuation will be higher,

4. The receiving end of the wavegnide is lerminated in a nonresonant, perfectly
absorbing load, If two circuits that are resonant at the same frequency are
connected by a waveguide, the resulling attenuation cannot be predicied by
(4.103) and in fact will be very low for high @ circuits.

To illustrate usage of (4.103), consider two cirenits built on the same double-
sided circuit board, each covered by its own surface shicld, as shown in Figure 4.23.
There is a row of through holes in the ground planes separating the two circuits.
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Row of through holes,1 cm apart,
connecting top and bottom
ground planes halfway between shields

o /)

o c::-fc::
|

Shielded
circuit
72

Shislded
circuit
#1

J pure .23 Conpling between two shielded cirooits through cirewant board,

e would like to find the theoredceal isoladon bewween the two shielded compari-
‘ments at 500 MHz, assuming that all the coupling happens across gaps herween
the thraugh holes inside the circuit board and subject to the four assumptions
Nlisted above.

K The approximate waveguide connection berween the two compartnents
through the circuit hoard consists of three waveguides in series:

7

= First waveguide: S-cmewide waveguide from the edge of shield 1 to the row of
holes. Cutoff wavelength = 2 x 0,05 = 0.1 m. Length of waveguide = 1.4/2 =
0.7 cm. Cutoff requency assuming (310 material (g = 4.8) = 1.36 GHe,

& Second waveguide: 1-cm-wide waveguide representing the distance between the
through holes. Cutoff wavelength = 2 % 0.01 = 0.02 m. Length of waveguide =
0.1 em {diameter of through hole). Cutoff frequency = 6,82 GHz,

o Third waveguide: S-cmewide waveguide from row of holes to edge of shicld 2,
Cutofl wav;:]eng[h =2 % (105 = 0.1 m. Length of waveguide = 0.7 cm, Cutoff
frequency = 1,36 GHe,

1 Figure 4.24 shows the equivalent circuic. The minimum theoredcal atte nuation
“at 500 MHz in the three waveguides is the sum of three terms derived from (4.103);
Each attenuation in Nepers per meter is multiplied by the length of the respective
Waveguide to arrive at the total attenuation:
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O,
t
o,

& i

Printed circuit board
from shield #1 to row
of through holes.

= 58.43 MNepers/m
length = 0.7 em

Gaps between
through holes,

Printed circuit board
from row of through
haoles to shield #2.
a=58.43 Nepers/m
length = 0.7 cm

a = 313.3 Nepers/m
length = 0.1 cm

Figure 4,24 Eguivalent waveguide cirmuic beowveen two shielded compartiments,

er = 58,45 = 0007 + 3153 = 0,001 + 58.43 = 0.007 = 1.12 Nepers = 10 dB.

This is surprisingly low isolation between two apparently well-shielded cireuits!
We need more through holes between the two circuits for greater isolation. Keep
in mind that the likelihood of exciting the correct TEy mode between the two
ground planes of the circuit board in one compartment and fully absorbing it in
the other compartment is rather low, so the observed isolation will probably be
higher than this theoreocal minimum. However, if we have resomant circuits ar
hoth ends of the waveguide, then the attenuation through the waveguide will He
very low and will he primarily determined by the @s of the resonant circuits. Also
note that to a first approximation, the circuit board thickness does not enter into
the caleulations, shielding effectivencss is not greatly improved by use of thinner
gaps, and as long as 4 gap or a seam exists, no matter how thin it is, energy will
tend to leak through ic

In this example we assumed that the correct wavepuide mode was being
excited and also fully absorbed at the various crcuit-waveguide interfaces. The
morce general analysis of a plane wave incident on a conducting shield with openings
shows that reflection of the incident energy by the metal shicld sccounts for most of
the shielding effectiveness [311, with waveguide attenuation contributing addirion:!
attenuation only if the shield is relatively thick compared to the size of the openings
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APPENDIX

Workbook Software Installation and
User’s Guide

‘The workbook soltware included with this book contains equations of the preceding
chapters encoded in spreadsheet format, organized as Microsoft® Excel™ work-
‘books, The workhooks are arranged in the same sequence as the book's chaprers
‘and sections, making a particular caleulation easy to find.

The workbook software can work with both IBM compatible and Apple®
Macintosh® computers, and uses the familiar Excel user interface for data entry,
caleulation, and printing.

‘A.]l INSTALLATION AND USAGE ON IBM AND COMPATIBLE
COMPUTERS

Required items:

Computer capable of running Windows 3.1 or later.
Microsoft Excel version 4.0 or later,

4 MB or more memory.

3-1/2" high density floppy disk drive.

. VGA Color monitor recommended.

= i

Run Excel, and open the desired workbook. You may want (o copy the workbooks
to your hard disk for faster opening and closing of documents.

267
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A2 INSTALIATION AND USAGE ON MACINTOSH COMPUTERS USING
SYSTEM 7.5 OR LATER

Required items:

Computer with 4 MB or more memory and hard disk drive.
Microsofi Fxcel version 4.0 or later. Set its preferred size to at least 2 MB,
3-1/2" high density superdrive.

2B L e

e

Color monitor recommended.

%

Make sure the PO Exchange”™ control panel is (OON.

Insert diskette into drive: it should be recognized as a ""PCY diskette. Launch Exeel
and open the required workbooks from within Excel. Save workbooks on vour hard
disk for faster opening and saving of documents.

A3 INSTALLATION AND USAGE ON MACINTOSH COMPUTERS USING
SYSTEM SOFTWARE PRIOR TO SYSTEM 7.5

Required items:

- Computer with 4 MB or more memory and hard disk drive,

. Microsoft Excel version 4.0 or later, Set its preferred size to at least 2 ME.
31/2" high density superdrive.

Apple File Exchange software (Included with vour original system software).
. Color monitor recommended.

o Lo ho

el |

Procedure:

a. Launch Apple File Exchange and insert floppy disk into drive.

b. Transfer all the [iles from diskette to your hard disk using the Default Transla-
L1,

¢. Quit Apple File Exchange and launch Microsoft Excel; allocate 2 MB or mone
memaory o Excel. Tewill open the Workbooks much faster with more memaony,

d. Open each workbook from within Excel and re-save o give it the proper icor.

A4 USING THE WORKBOOES

When you first open 4 Workbook, it displays a table of contents listing. Simply
double-click on the section of interest 1o access the relevant calculaton, Ty is very
important to keep in mind that information in most worksheets takes up more
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than one screen; always scroll down o check for additional information further
down on the screen. Each Workbook also contains a Help section as the first entry
the table of contents for quick reference.

All worksheets follow the same conventions: Cells formated in hold character

5‘_{‘,}-‘1? are avalable for user input; the active cell can he advanced by pressing the
TAB key. Cells formatted in red are the calculated outputs, italics are intermediare
calculations, and blue cells are used for annotating diagrams with linked values.
' The worksheeis have been protected against inadvertent changes. 11 you wish
make changes, select **Unprotect Document . . . under the Options menw. The
individual documents can also be unbound from the Workbook file; consult the
E.xcLl manual for more information on manipulating individual documents in
Workbooks.

The ReadMe fle, which is also included on the disk, contains additdonal
details on software installation, usage, and history.

This software is provided for your convenience; when you become familiar
with its organization, feel free to group your favorite calculations into your own
Workbooks: Create a new Workbook and drag items from one of the existing
Workhooks' table of contents into your new Workbook's table of contents.

A.5 DISCLAIMER OF WARRANTY ON SOFTWARE

This software is provided “as is"" without warranty of any Kind. Neither Artech
House nor the author warrant, guarantee or make any representation regarding
the use or the results of use of the software in terms of correciness, acouracy,
Tﬂllﬂb]]lr}" currentness, or otherwise. The entire risk as to the results and perfor-
mance of the software is assumed by the user. In no event shall Artech House or
the author be liable for any direct, indirect, consequential or incidental damages
arising out of the use or inability to use the software.



Glossary

Half-IF spurious response frequency, This receiver SpuUrious is
0.5 x [ below the receive requency for lowsside injection and
0.5 x fi- above the receive frequency for high-side injection.

Adjacent channel protection ratio.

Automatic gain control,

Amplitude modulation, measured in percent.

Amplitude shift keying.

Balanced to unbalanced wransformer,

Bit error rate.

Cable TV.

3/N at detector input required for desired demodulated signal
performance (usually audio S/N or BER).

Usually 1-dB compression point, the level at which device gain
decreases by 1 dB due to limiting, or generation of harmonics.

Process capability index; a statistical measure of how far the
process average is away from the specification limit(s).

Process capability index with respect to the lower specification
limir.

Process capability index with respect to the upper specification
limir,

Continuous wave; refers to an unmodulared sine—wave sigral.

Power level relative to 1 mW.

Volage Tevel relative to 1 mV rms.

Differential phase shift keying.

Differential quadrature phuse shifi keying.

Direct—sequence technique for spread—specrmim communieca-
Lo,
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Duplex

DuT
ENR
erfe
ESR
FET
FH

FM

F5K

High-side
injection

Hybrid

I
¥
IM
Image

Injection

Intercepr
point

P2

IP3

IPn

JFET

1.0

Low-side
injection

MMIC

Mode of operation when both transmitrer and receiver are g OOK
at the same tme.

Device under test, PN

Excess noise ratio of a noise source.

Complementary error function.

Equivalent series resistance of a capacitor,

Field effect mransistor.

Frequency-hopping technique for spread-spectrum commuun. [
cation, gain

Frequency modulation, measured in Hz peak frequency devia-
tion,

Frequency shift keying.

First LOY frequency is higher than RF signal.

Commonly used for 90° power splitter or any signal splitting ar
combining nenwork,

Integrated circuit.

Intermediate requency, mixer output,

Intermodulation distordon, usually third order,

Muost common receiver spurious response frequency, Itis 2 = o
below the receive frequency lor lowside injectdon and 2 = :
ahove the receive frequency for high-side injection. _ SAW

Refers to the high-level signal [ed into a mixer, local oscillator,
High-side injection means that LO frequency is above RF fre- SBN
quency and vice versa.

Fictitious power level at which desired signal and distordon
products are equal in amplinde,

Second-order inpur intercept point.

Third-order input intercept point,

nth-order input intercept point

Juncrion field effect wransistor.

Stability factor, coupling coctlicient

Absolute temperature in Kelvins.

VOO tuning sensitivity in Hz/V:

S5B phase noise:

lnl:luctur,.-“cupﬂcimr; refers to circuits that use Iumptd induwcror
and capacitor components (as opposed to transmission Hines
OT HCOUSHOC COTMPONEents).

SINAD

:QSJ'N or SNR
SSB
S5B phase

Local oscillator, high-level input into mixer, iy
TIO1RE

First LO frequency is lower than RF signal, R
Steering line

Microwave monolithic integrated circuit TE
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On—off keying, ASK with 100% modulation.

Power amplifier.

Refers to a special diode opumized with respect to transil tme
for low RF resistance (p-type doping. intrinsic. n-tpe doping
three-layer juncion structure).

TPhaselocked loop,

Phase modulation.

Refers to the sum of gains in decibels or the product of linear
gains up to but excluding the stage itself.

Phase shift keving.

Quaality factor; a measure of stored energy/dissipated energy,
also o measure of bandwidih.,

Quadratre phase shift keyving.

Radio frequency; also low-level input to mixer,

Software function for generating random numbers hetween ()
and § with uniform distribution.

Received signal strength indicator,

Receiver.

je, complex frequency.

Receiver sensitivity in dBm.

Surface acoustic wave device (high @ but poor frequency sta-
hility).

S5B phase noise.

Metal-semiconductor majority carrier diode.

Spurious response frequency in dual conversion receivers, sepa-
rated from the desired frequency by twice the second IF fre-
fuency.

Befers to a communication mode where the trunsmitter and the
receiver are never on at the same dme; ransmic and receive
operation is sequential,

Ratio of signal to noise and distorton; 12-dB SINAD is the usual
measure of receiver sensitivity in North America for nar-
rowband communicaton volce systemns,

Signal-to-noise ratio.

Single—sideband AM modulated signal.

Eefersio ﬁingl{:—éjidebﬂnd PM noise relagvely close to the carrier,
usually at an offset cqual o the system channel spacing,

Control voltage responsible for VOO frequency tuning,

Transverse electric made in a waveguide.
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TEM Transverse clectromagnetic mode in a wansmission miedingg
This made supports de transmission. Coaxial cable is an EXATn-
ple of TEM transmission medium.

T/N Ratio of tone to noise; 20-dB T/N is the usual measure of receiver
sensitivity in Europe for narrowband communication VOLCE gy
Les.
Transducer Ratio of power absorbed by load to power avail .
ain i e R About the Author
TEL Transmission line {as identfied in Figure 2.101).
T Transmitter,
VOO Voltage-controlled oscillator, . . . R ; e
VSWR Voltage standing wave ratio. : Fter hzmuller.js an 18:—}*&3.1’ VELCTAT urt d-u_: RF mmmumr:at?nns industry, delmgnmg
Widebarnd Refers to single_sideband AM or PM noise FelRly i 15h performance radio [1'eque11-:}: circuits md. b‘}:surms tor me?m]?t, His latest
neise from the carrier, usually ar an offset greater than 10 times (he ] Elgnf“rm Ve A PEnECt ar.cthe::t e i HFW cummunlc&t?un priduct
system channel spacing. involving over 100 5ta.EF-}rcI:1r.~; of ctfort hF. engineers in four countries, Ie holds
" AR GE iR Tee patents, and has pul?llshed s.f:veral articles aslwcll as 1 book on helical resonator
r Rifliition dobtbiicen. ters,_He 15 @ bwo-time winner of the annual design contest sponsored by REDesigm
- el 'lTIHgHI'ITIE.
:: ;i’r’;l‘lzi;ﬂ; Mr. Vizmuller graduated from the University of Toronto in 1977, with a
& Effective diclectrie subseqient Mﬂ.’-?t,er 5 degree_ln engineering in 11‘351. He E(Jnﬂ:lhllltE{:l his expertise
i = e:_uu__ ielectic EDHF{{E‘lnL in system and creuit modeling, statistical technigques and oplimization algorithms
£, EDmlcr.mc constant, relative permittivity. the development of several leading CAEE software products,
i I'hF.'rrI_lal resistance, He was horn in Slovakia in 1954, raised and cdocated in Canada, and nosy
¢ Damping ratia. ives in Bichmond Hill, Ontaria, Canada with his wile and tiree children.,
A Wavelength.
I Permeability, or average value,
iy Conductivity, or standard deviation.
T Group delay, tme duration.
£ Badian frequency.

i
=]
%



Active filtors, 5354

Active mixers, 159-348

Adjacent channel power, 57
Air-wound coils, 217-19

AM detectors and modulators, 8587
mplificr(z)

dismibuted, 57-5%
low-current cascode, 3550
muldstage, 56-57

power, B0-64

\ singlestage, 5456
'_p!iE:rEain, EF. 10,11
Antenna

directivity of, 207

effectve area of, 208
effidency of, 208

feld strength of, 209

Friis ransmissicn formula for, 208-5
puwer gain of, 207-8

received power density of, 209
| in receiver architeciure, 7
Antenna pain, 169

Architecture

of receiver, 6=12

of uansmirter, 57-59

:;f'-' sociated gain circles, 249
Attenuation

cahle, 41

forrmmutias for, 260
measurement of, 176

of waveguide beyond cutoff, 261-64
enuators, 0468

balanced pi-cirouit, 8, 69
balanced T-circuit, 69
bridged-T, 6560
high-power, lowvalue, 68

Index

Almixer ports, 19
picircuit, 64-65, 66-68
PIN dinde, 65-66, 68
T-circuir, 64, 65
variable, 6

Balaneed modulators, 85
RBalanced oscillator, 14041
Balanced picircuit attenuators, 68, 69
Balanced slope deteciors, B389
Baluns, (9-75
Hiased negative peak detector, 86
Bias networks, T6-78
Bit error rate {BER), 48-50

i, ransmissien bandwidid, 47
Bode-Fanoe relatonship, 130
Boltzmann's constant, 260
Butterworth fler, 10810

Cable

bidirectional communication with, 4647, 48

croggmaodulation of, 41
distribution and communication sysem
for, $0-47
leakage with, 41
repeaters with, 41—44
&N ratio of, 41
triple heats with, 4445
velocioy of propagaton in, 41
volpe standing wave rado of, 41
Cable attenuation, 41
Uapacitive tap impedance matching, 127-28
Capacitors, 170-72
simmick, 79
Capture ratio, 12
Cascaded monolithic filters, 78-79

297
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Cascade noise Metor, 228-20

Cascade noise temperamare, 228

Cascode amplifiers, low-current. 59-60

Ceramic filiers, TH-84

Characteristic impedance, 175

Chehyshev filers, 109, 110=11

Clapp oscillator, 140

Coaxial resonators, 247-34

Cochannel rejection, 12, 88

Colpites londamental mode vscillator, 157

Caolpits LO ascillator, 158

Commutadon, 4637

Component value measurements, 170-78

Computer tools, for statistical analvsis, 256

Conductivity, 260

Constant(s), 23060

Constant b circles, 24546

Constant gain circles, 24549

Constant goircles, 245

Constant ) circles, 246

Constant reircles, 244

Constant x circles, 24445

Cionpled-line parameters, measurement
al, 176-77

Coupled resonator flters, 11429

Crossmodulation, of qible, 41

Crystal discriminator, 83

Crvstal fleers, T8-54

Crvstal oscillators, 156-39

Data comnunicasdion, 47=52
De-empliasis, 91-89%
Deliay line FM discriminator, 89
Demaodulator

delay-line FM, 29

PLL, i
Dhetectors, 5445

AM, B5-2Y

balanced slope, 3559

Fi, 8703

prak, B5-87

PM, 95495

quadramre, 90, 91

ratia, 90, 81

zero-lias, 86
iagnostic signals, in high-power power

amplifier. §9

Dielectric constant,/loss tangent, S
Diode peak detectors, B6-87
Diplexers, 8, 8504
Directional couplers, 3850, 08108
Directivity, 169, 178-74

formulas for, 207

Dhscriminator
crysial, 89
delav-line FM, 85
Foster-Seeley, 89, 80
Distributed amplifiers, 57-59
Doppler shift, 20811
DPSE demodulation, 94-95

Electron r.h:trgc. 260

Error function, 211

Excess noise ratio (ENR), 250
External quenching, 159

Failure rate, 254
Field strength
of antenna, 208
voltage from, 261
Filteris), 108
active, b53=54
Butterworth, 109-10
Chebyshev, 109, 110-14
conpled resonator, 114-22
cryvstal and cerumic, 7854
ladder, 79=51
lattice, 5254
LC, 10514
monodithic, TA=79
narrow-notch, 122-23
PLL, 14446
in received architecture, 7-8,9
requirements for, 11, 12, 13
Filter inserbon loss, 10
FM detectors and modulators, 87-93
Foster-3eeley discriminator, 88, 90
Frequency deviativen, 179-80
Frequency multipliers, 123-25
Frequency sealing, 211-13
Frequency stability, 37
Freguency synthesizers, 180-85
Friis transmission formula, 2085

Gain, 21315

antenna, 16%

inserticn, 213

maximum available, 247

power, 207-8

RF amplifier, 10, 11

wparameter formuias for, 24749

takeover, 32-33

transducer power, 21315
Caussian distribution, from uniform

distribution, 25G-57

Cimmick capacilor, 79
Gold codes, 51

{Group delay, 215
Group delay compensation, Y

alfIF, 27, 3133, 221
ical resonators, 25941
H !j.m & Nipize, 37

[F amplifier, in reciever architecture, B
filter, in recelver architecmre, 9
frequency, 10
Jotage filter, &
Jmage noise, 16-19

frage-reject mixer, 132
M distortion, 35, 37

meastirement of, 13890
mpedance, 215-17
chamacteristie, 175
output, of oscillator, 196-204
plane wave, 260
sparameter formuolas for, 245
Ampedanceanuiching networks, 123-30
Impedance sealing, 211-13
gjection, B, 35
ductance, mutaal, 170, 171
Inductors, 170-72, 21720
njection filter, &
Input reflection coefMicient, 249
Input stability circle, 251
Insertion gain, 213
Insertion lnss, filter, 10
Intercept point, 30-36
formulas for, 220-22
measurcment al, 18385
Inermaodulaton (IM) distorton, 35, 37
© measurement of, THE-00
Iy tenmodulation (IM) rejection, G, 45
P2, 31-33

fxrmulas for, 221
 measurement of, 18486

L der Aleers, T9-51

Inge couplers, 157

ice filters, 82-584

LE filters, 108-14

L0 oscillators, 138—4

il stabilite Brctor, 251
wded @), 196-204, 245-36
pull, 37, 40, 136, 198

Index |

Local oscillator (103
first injecton side af, 10
gpectral purity of, 25
technology for, 11
Loop [ilters, 14446
Lossy device, noise factor for, 15
Low-cwrrent cascode amplifiers, 59-60

Magic-T, 155
Marchand balun, 75, 76
Maximum available gain, 247
Minimurm loss pads, 64-G9
Mismatch erroms, 223-24
Mixer(s}, 130-31

active, 152-36

image-reject, 132

passive, 131-32

perlformance of, 10-11

in receiver architecture, 8
Miwer nojze balance, 10009
Modulators, B4=-85

AM, 8587

balanced, 85

FM, 87-03

PM, 9305
Monalithic filters, 78=78
Mulsistage amplificrs, 56-57
Munual inductance, measuring, 170, 171

Marrow-noteh filvers, 122-23
MNegative peak detector, B3, B6
biased, BG
Metwork wansformations, 224-27
MNodse Balance, mixer, 190-02
Molse circles, 249=50
Moise factor
cascace, 225-29
formula for, 2248
for lossy device, 15
Moise figure(s)
al active two-port device, 280
formula for, 228
measuremeant of, 192-05
in receiver sensidvity, 15-106
Moise formulas, 227-30, 260
Molse power, 237, 260
MNoise temperanre
cascade, 228
cquivalent, 230
formula for, 228
measurement of, 192-05
Moise voltage, BMS, across g resistor, #20-50
Morton mansformation, 224-25

274
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mwiy power splitters and combiners, 161

Op-channel contributdon, relative, of each
stage, 22

Oprerating power gain, 24748
Oscillators, 136

balanced, 1401

crystal, 136-30

LC, 13541

output impedance of, 196-204

phase noise of, 204-5, 25053

in receiver architectare, 9

voltage-conmolled, 141-44
Output impedance, of oseillator, 196-204
Output reflection coeliclent, 249
Output stahility circle, 2562

Pargive mixers, 151-52
Peak detector, 85-87
Permeability, of vacuum, 260
Permitrivity, of vacuurm, 260
Phase-locked loops, 180-53
Phase noise, of oscillator, 204-5, 230-25
Pi-circuit attenuators, G4=65, 6662
balanced, 68, 69
Pierce lundament! mode oscillator, 137
Pierce third-overtone oscillator, 138
PIM diode attenuators, BR-66, 68
Pito T transformaton, 226-27
Planck's constant, 260
Plane wave impedance, of vacuum, 260
PLL demodulator, 80
PLL filters, 14445
M detectors and modulators, 9395
Polarization, 169
Positive peak detector, 85, 86
Power, 259
Power amplifiers, G064
Power density, roceived, 2040
Power grain, 2075
operating, 24748
Fparameter formulas for, 24749
transducer, 213-15
Power outpul, 356, 38, 254
Power splitters and combiners, 146
90", 156-54
mewaty, 151
1807, 155-56
reactive, 146-50
resistive, 146, 147
unequal, 151-53
Pre-emphasis, 91, 92
Preselector, 7

Propagaton, velocity of, 41
Psevdo-random sequence generanor, i, 51
PSK demodulation, 95-04

PSK modulaton, 93, 94

Pulse train, spectrum of, 50

Chisdrature detector, 90, 91
Duality factor, 172-75, 23337
Cuenching, [5%

Rartio detector, 30, 51
Ratrace hybeid, 155-56
Received power density, of antenna, 209
Receiver
architecture of, 612
design of, 5-36
iniercept point of, 30-46
intermodulation rejection of, 6, 35
purpose of, 5
selectivity of, 5-6, 2426
selbguisting of, 6, 25-30
sensitivity of, 5, 12-24
SpuTions rezponses with, &, 26-29
Reflection coefficient, 21517, 240
Repeaters, cable, 41-44
Besonatars, 247
coaxial, 237-99
helical, 93041
other, 24142
Relurn loss, 178-70
REF amplifier gain, 10, 11
EF Blier
in receiver architecture, 7-8
requirements for, 11, 12, 13
Rise number, 12
BM3S noise voltage across a resistor, 220-50
Rolletr's stability factor, 251

Second-image spurious response, 27
Second-order intercept point (IP2), 31-35

farmulas for, 221

measurement of, 18456
Selectvity, of receiver, 56, 8426
Self-quenching, 159
Self-quieting, of receiver, 9, 20-50
Sensitivity, of receiver, 5, 12-24
Signal-to-noise (SN ratio

of cahle, 41

input vs. output, 5

and receiver sensitvity, 14-15

of transmitter, 37
Simultaneaus conjugate match, 250-51
Single-line parameters, measurement of, 1757
Singlestage amplificrs, 54-56

Skin deprh, 24243

Slope detector, halanced, 8580
Smith Chart graphics, 245-46
parameter formulas, 247-632
gpecification limits, 25254

ectral purty, L0, 25

esd of light, in vacunm, 260
Spiral inductors, 219-20

x_prea.diug codes, 31
pread-spectrum systems, 51
Spurious outpits, 37

Spurious responscs, B, 26-29
tahility, 251-52

Stability circles, $51-53

Stahility factor, 251

Stage gains, in receiver sensitivity, 15-16
Stage propertcs

at image freqguency, 23

of gypical dualconversion receiver, 29
Stztstical analysis, 269-57
Superregeneratve roceiver, 158=60
Switches, 16065

Takeover gain, 32-33
Tapped coil, TR-72
conponent values for, 172
T-circuit attenuators, 64, 65
balanced, 69
hridged-, G566
Temperamire, 257
Third-order intercept poing (TP3), 85-56
measursment of, 15658
Talerance, 257-38
Transducer power gain, 21515
sparameter formulas for, 24749
Transformers, §9-76
Transmission bandwidth, BER vs,, 47
Transtnizsion line attenuation, 260
Transmission line secdon, 163
TAnsEniler
architectire of, 37-30
desipn of, 364
fanction of, 56
load pull of, 37, 40
turn-zn Lime of;, 57
Transmitter power, 269
Triple beats, 4445
Turn-cn time, of transmitter, 37

Liieits, 259-60
Universal power spliner, 154
Unloaded £, 335, 2356

Velocity fuctor, 175, 26061
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Velocity of propagation, in cable, 41
Voltage, 259

from field strength, 261
Voluygecontrolled oscillaters (WCOs), 14124
Voltage muldplier, 86
Voltage standing wave ratio (VEWR), 41, 216-17
Vaolrage standing wave ratdo (VEWER)

hridge, 166-67

Wavegnide beyond cutoff, 26164

Widehand L0 noise, in receiver
sensitiviey, 18, 19-20

Wilkinson power splitter, 146, 147

Winding polarity, 171

Workbook software, instaflation and
usage of, 26769

Ffactor method, 192-85



